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ABSTRACT

In order to obtain realistic impulse responses for applications in acoustics of enclosed spaces, a compact
explicit Finite-Differences Time-Domain (FDTD) scheme is obtained for the propagation of sound with the
use of the viscous wave equation in air. Using Taylor expansions, finite-difference operators and algebraic
manipulations, the mathematical derivation of such scheme is demonstrated. The stability for the scheme is
also deduced, and comparison with schemes developed by other authors are made. The cut-off frequencies
for axial,  side-diagonal and diagonal directions are numerically obtained with the use of the analytical
version of the relative phase velocity in function of normalized frequency. Then, because this method is
computationally expensive, the update equation for sound pressure in an arbitrary point inside the domain
is written in form of a kernel function, to be used in parallel calculations with author's point-cloud based
software on a GPU, considering totally rigid boundaries. Finally, after simulating two impulse responses -
one with total air absorption, one with partial air absorption - for the same points of source and receiver in
the domain with a source excitation for the grid, it is graphically shown that the amplitude decay of the
scheme with total absorption occurs faster than the scheme with partial absorption, as would be expected.
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1 INTRODUCTION
Auralization is a mechanism known among acousticians for use in virtual-reality, including video

games, metaverses and other types of possible simulations related to sound propagation, being the
ultimate  tool  of  experiencing  how  different  spaces  can  sound.  One  necessary  information  for
carrying out an auralization of a enclosed space without displacement of air mass is the RIR (Room
Impulse  Response),  and  it  can be  obtained  using  straight  physical  models,  also  kwown as wave-
based models, such as Boundary Elements Method (BEM), Finite Volume Method (FVM) or Finite-
Differences Time-Domain method (FDTD) [1], instead of geometrical abstractions like Ray-Tracing
[2] or Image-Sources [3].

Of these wave-based models, the FDTD was well studied by Kowalczyk [4] without considering
the absorption of air due to viscothermal effects. Several geometric arrangements (stencils) without
absorption  of  air  were  studied  in  [5].  Investigations  of  viscothermal  effects  treated  in  the  wave
equation were made in [6] for varied stencils.

In  this  work,  the  mathematical  derivation  and  analysis  of  the  compact  27- point stencil  on  a
uniform  rectilinear  mesh for  the  viscous  wave-equation  is  shown  in  a  expository  way,  with  a
procedure similar of that presented in [9], starting from the basic assumptions to be considered to
get to the scheme.

2 FINITE-DIFFERENCES SCHEME

2.1 Viscous Wave Equation

The acoustic wave equation with effects of viscosity, called the lossy wave equation [7], viscous
wave equation or viscothermal wave equation, is given by

1 vitorotri@protonmail.ch

ABS-0078



(1)

where   is the local pressure deviation from the  ambient pressure - i.e. the sound
pressure -  in  Pascals  with position array   in  meters  with cartesian coordinates
and time  in seconds. The symbol   denotes the partial derivative with respect to time and

 denotes  the  second  partial  derivative  with  respect  to  the  direction  .  The  other  partial
derivatives are defined similarly. Here  is the speed of sound in the medium and  is the relaxation
time in seconds defined as

(2)

where  is the density of the medium in kilograms per cubical meters and  and  are the dynamic
viscosity and bulk viscosity, respectively, in Pascal seconds.

2.2 Taylor Expansion of the Sound Pressure Function

Consider  the  discrete  coordinates  for  the  position  array,  ,  ,  ,  with
, and  being a value of mesh distance (grid). Similarly,  with  being a discrete

value of time and . The discrete sound pressure function is then denoted by .
Now, the Taylor expansion of a real differentiable function  around a point  is given by

(3)

Because , so

(4)

In a similar way,  due to the  absolute value operation, it is also valid that  ,  if  ,
then

(5)

By  summing  (4)  and  (5),  rearranging  some  terms,  and  using  the  notation  for  the  central  second
difference operator [8], the following high-order expression is valid:

(6)

where it was made that  and . So, by applying the same procedure to
, after a rearrangement of terms, it is valid for each direction that

(7)

2.3 Final Update Equation

Using equations (7), equation (1) can be rewritten in terms of difference notation [8] as

(8)

with the local truncation error operator given by



(9)

By differentiating (1) twice in each cartesian direction, after isolating the terms with fourth power
and using difference notation, it comes that

(10)

By doing the same again in equations (10), it implies that

(11)

Inserting equations (10) and (11) in (8) and using (9), it entails that

(12)

Isolation of the directional derivatives in (1) with difference notation yields

(13)

By applying twice the second-order difference operators within each permuted direction in (13), one
have that

(14)

Using equations (14) on the third term of equation (12), brings forth

(15)



On isolating  in (15), it follows that

(16)

It is now convenient to do a truncation on the left side of equation (16) so that the scheme is not
implicit, i.e., so that  has only dependence on terms from previous time steps, neglecting errors

of order , obtaining in difference notation that

(17)

Equation (17) can be written regarding the Courant number [4], a real number given by , 

(18)

with  ,    (analogous for other operators), and
. It is possible to notice that

(19)

and also that 

(20)

where ,  and  are the summations on the axial, side-diagonal and diagonal [4] terms
of the 27-point stencil, consecutively, with the symmetry maintained on equation (19) for permuted
directions. By using (19) and (20) on (18), the final update equation for the sound pressure on node
at on instant  is given by the following two-step [8] scheme:

(21)

with  given by 

(22)



where  is the logical operator for truth and ,  and  are the operators of sum for the axial, side-
diagonal and diagonal directions, e.g., 

. (23)

3 SCHEME ANALYSIS

3.1 Von Neumann Stability Analysis

The  stability  analysis  [8]  of  the  scheme  can  be  made  by  inserting  the  following  ansatz in
equation (18),

(24)

where  is the imaginary unit,  is the amplification factor [4, 8], ,  and  are values associated
with each direction,   is a superscript of power rather than a index of time and it is valid the time-
shift operation for any , i.e.,

(25)

By doing so, it results that

(26)

where  vanished and it was used the property that

(27)

also valid for the other two directions. By using equality (27) and similar equalities for the other two
directions,  i.e.,  the  usage  of  ,   and  ,   and  multiplying  equation  (26)  by  ,  the  result  is  a
quadratic equation

(28)

with 

(29)

Because  ,  ,  and  it  assumes  3  values  on  the  extrema
(excluding the case where ). Then, the roots for the amplification factor on equation (28) are
calculated in such a way that

(30)

resulting in , which is false, otherwise  would be complex, and also in

(31)

The value of  needs to be the minimum that satisfies equation (31) [4], then

(32)

so the studied scheme is stable when



(33)

It is more convenient to define   in relation to   if the input on the simulation is a mesh distance
instead  of  a  sampling  frequency,  so  that,  after  squaring  both  sides  of  (33)  and  a  few  algebraic
manipulations,

(34)

where it was defined that .
In the case of 3D the standard leapfrog [4] scheme with viscothermal losses, only the first term of
(29)  remains,  while  the  other  two  vanishes,  with  ,  then  on  the
maximum,  and from (31),

(35)

Using the definition of the Courant number given in section 2.3, and squaring both sides of (35),
after some algebraic manipulations, it results that

(36)

Solving (36) for  yields

(37)

as shown in [10].
One should notice that if there is no absorption,  , and the stability of (35) resumes to the

stability of the 3D standard leapfrog scheme presented in [4].

3.2 Cutoff Frequency

To study the cutoff frequencies for the scheme, the formula for the relative phase velocity can be
used [4, 8] with the wavenumber on axial, side-diagonal and diagonal directions. The relative phase
velocity is given in function of the angular frequency 

(38)

with   as the total  wavenumber,   the frequency, and the  following relations

are valid:  ,  ,  ,   and  , because  ansatz (24) is a
plane-wave solution of equation (1) [4, 6]. To find the relation for each direction, equation (26) can
be  used.  Then, it  is  sufficient  to  plot   against  the  normalized  frequency  ,  and
observe for discontinuities. Here,  is the sampling frequency.
For the axial direction,  and , hence 

(39)

and

(40)

Therefore, 
Likewise,  for  the  side-diagonal  direction,  ,  and  proceeding  the
same way, the following quadratic equation results

(41)

where . After solving (41) for , and substituting the result on equation (26),

(42)

and . The root of equation (41) was chosen in order to satisfy that



(43)

Lastly, for the diagonal direction,  , and using equation (26), the resulting
equation for the associated wavenumber is

(44)

with . Thus, with the same requirement of equation (43),

(45)

and

(46)

The solution above to equation (44) was calculated with the aid of a computer algebra system.
Using that , a plot of the three directions was made for a configuration in air

with  m/s, a mesh size of  m and  Pa s (  Pa s [11]), as
shown in Figure 1.

Figure 1 – Relative phase velocity for the studied scheme in three distinct directions

It can be seen from Figure 1 that the minimum frequency for the derived scheme is given in the axial
direction, around  of the total spectrum of frequencies, implying that the cutoff frequency  for
the scheme is given by

(47)

The  numerical  simulation  is  only  valid  for  frequencies  below  the  cutoff  frequency  [4].  A value
around  of the spectrum corresponds to the Nyquist frequency.



4 STUDIES ON A GPU

4.1 CUDA Kernel Function

It was taken the advantage of the CUDA (Compute Unified Device Architecture) API developed
by NVIDIA® for general purpose computing in graphics processing units (GPUs), running a routine
in  the  author’s  already  existent  software  based  in  point-clouds  (more  details  in
https://paranoise.app  ). A mapping from 3D to 1D indexes was significant, so the implementation in
CUDA occurred in a straightforward way, using the function flat presented in Figure 2. The inputs X
and Y represent the maximum numbers for the indexes generated in directions  and , respectively.

Figure 2 – Function flat written in CUDA C/C++

Thereupon, equation (21) was written in form of a CUDA kernel function, as presented in Figure
3, with indexes generated only inside the domain of propagation – the pressure was initialized as 
Pa inside all the domain, and because there was no iteration over the boundary indexes, this value
was  kept  for  the  boundaries.  The  functions  ,   and  
were  simply  functions  that  sum the  values  of  pressure  for  the  axial,  side-diagonal  and  diagonal
directions, respectively, while the arrays pnn, pn and p represent ,  and , subsequently.

Figure 3 –  CUDA C/C++ kernel function written for the iterations in the main program

The kernel  function  propagate presented in  Figure 2 was then called by the main program for
each time step, following the CUDA standards, for a empty box-shaped room.

With this scheme, each node  depends only on its 26 immediate neighbors, and the sound
pressure can be calculated with the same function for each node. So, for a iteration (time step), each
node is handled in parallel by the GPU.

4.2 Impulse Responses for a Box-Shaped Room

It was made two numerical experiments with a box-shaped room of m3 (  m x  m
x  m) with a source positioned at a corner distanced  m from each boundary surface and a

https://paranoise.app/


receiver at the center of the room. The value of the mesh distance was  m, generating a total of
 nodes inside the domain, with the room at a temperature of  ºC, a relative humidity

of air of   and  Pa s. A point-source with a sine-modulated gaussian pulse of  Pa of
pressure in the   Hz band with   s of duration was considered, with a sampling rate of   Hz,
satisfying  condition  (47).  Any frequency band could  have been chosen to  run the simulation and
show the numerical effects of viscosity, but higher bands would require smaller grid spacing, thus
requiring the use of more memory, which was avoided by the author so as not to hinder performance
and delay the experiments. In the first experiment, total air absorption was considered, while in the
second one, only 10% of air absorption was considered, multiplying  by a factor of . The GPU
used for the calculations was a NVIDIA® GEFORCE GTX 1050. It was used 512 threads per block,
with 8 threads in each direction. The RIRs obtained for this configuration can be seen in Figure 4.

Figure 4 – Room impulse responses for a box-shaped room with totally reflective boundaries

As it was expected, Figure 4 shows that the amplitude decay for the impulse response with total
absorption of air occurs faster than for the impulse response with partial absorption, and for both
cases the simulation is numerically stable, not prone to unsteady resonances, even with no absorbing
boundary conditions.

5 CONCLUSIONS
A FDTD scheme  with  the  27-point  stencil  in  a  rectilinear  uniform  mesh  was  derived  for  the

viscous wave equation of sound pressure using Taylor expansions and other algebraic manipulations.
The scheme proved to be conditionally stable via von Neumann stability analysis, and proved to be
accurate  by  mathematical  comparisons  made  with  formerly  derived  schemes.  Two  numerical
experiments were made for a domain filled with air and totally rigid boundary conditions, in order to
obtain impulse responses with total and partial air absorption, respectively, proving that the effects
of viscosity are relevant and yields an impulse response with faster amplitude decay in the case of
total absorption.

Future studies include the derivation of the scheme with absorbing boundary conditions already
presented in  [4]  and [13],  and the possible  search for  free optimizing parameters  multiplying the
side-diagonal and diagonal sums in (21) in order to bring the cutoff frequency closer to the Nyquist
frequency.  Likewise,  the  derivation  of  the  scheme  can  be  made  to  a  more  complete  equation  as
presented in [12], considering relaxation effects for  -type molecules such as oxygen and nitrogen.
Further, studies of frequency response and reverberation should be conducted for diverse sizes and
shapes  of  rooms.  A model  considering  also  the  transmission  of  sound  is  interesting  to  consider,
mainly  in  the  case  of  transmission  through glass  sheets,  and  the  sound speed  gradient  should  be



relevant in the case of open spaces. Lastly, regarding big spaces, the simulation with multiple GPUs
is necessarily exploitable.

REFERENCES
1. Hamilton  B.  Finite  Difference  and  Finite  Volume  Methods  for  Wave-based  Modelling  of  Room

Acoustics [dissertation]. Edinburgh, UK: The University of Edinburgh; 2016.
2. Olesen  SK.  A cubical  approach  to  the  ray-tracing  algorithm.  Wessex  Institute  of  Technology,  UK:

Transactions on the Built Environment vol 25, WIT Press; 1997.
3. Allen JB, Berkley DA. Image method for efficiently simulating small-room acoustics. J Acoust Soc Am.

1979; 65(4):943-950. 
4. Kowalczyk K. Boundary and medium modelling using compact finite difference schemes in simulations

of  room  acoustics  for  audio  and  architectural  design  applications  [dissertation].  Belfast,  UK:  The
Queen’s University of Belfast; 2008.

5. Hamilton  B,  Webb  C,  Gray  A,  Bilbao  S.  Large  Stencil  Operations  for  GPU-based  3-D  Acoustics
Simulations.  International Conference on Digital Audio Effects; December 2015; Trondheim, Norway.

6. Hamilton  B,  Bilbao  S,  Webb C.  Improved finite  difference  schemes  for  a  3-D viscothermal  wave
equation on a GPU.  Proceedings of Forum Acusticum; 7-12 September 2014; Kraków, Poland.

7. Kinsler LE, Frey AR, Coppens AB, Sanders JV. Fundamentals of Acoustics. 4th Edition. USA: John
Wiley & Sons; 2000.

8. Strikwerda JC. Finite Difference Schemes and Partial Differential Equations. 2th Edition. USA: Society
for Industrial and Applied Mathematics; 2004.

9. Spotz  W,  Carey  G.  A High-Order  Compact  Formulation  for  the  3D Poisson  Equation.  Numerical
Methods for Partial Differential Equations, 12, 235-243. March 1996.

10.Hamilton B, Webb C, Fletcher N, Bilbao S. Finite difference room acoustics simulation with general
impedance  boundaries  and  viscothermal  losses  in  air:  Parallel  implementation  on  multiple  GPUs.
International Symposium on Musical and Room Acoustics; September 2016; Buenos Aires, Argentina.

11.Lin J,  Scalo  C,  Hesselink  L.  Bulk  viscosity  model  for  near-equilibrium acoustic  wave attenuation.
ArXiv; July 2017.

12.Hamilton  B,  Bilbao  S.  FDTD Modelling  of  Sound Propagation  in  Air  Including  Viscothermal  and
Relaxation Effects. Forum Acusticum, Dec 2020, Lyon, France. pp.541-543.

13.Oxnard S. Efficient Hybrid Virtual Room Acoustic Modelling [dissertation.] York, UK: University of
York; 2016.



 

PROCEEDINGS of the  
24th International Congress on Acoustics  
 
October 24 to 28, 2022, in Gyeongju, Korea 

 

 

Extended abstract 

A time-domain FEM for wave-based room acoustic simulations: 
Acoustic modeling of a meeting room with various sound absorber 

configurations 
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ABSTRACT 
Recently, the applicability of wave-based acoustics simulation methods in the time domain has increased 
markedly in performing room acoustics simulation that appropriately incorporates sound absorber's effect. 
However, their capability in 3D room acoustics simulation remains poorly understood. This paper first 
presents the higher efficiency of a recently developed time-domain FEM against a frequency-domain FEM 
via acoustics simulation in a meeting room, including porous type and Helmholtz type sound absorbers, with 
the consideration of local-reaction frequency-dependent impedance boundary conditions and an extended-
reaction model. Then, the practicality of time-domain FEM in creating a virtual indoor sound environment is 
further demonstrated by simulating the room impulse response of the meeting room under various sound 
absorber configurations, including the frequency component up to 6 kHz. Room acoustics auralization 
presented how room acoustics change with sound absorbers configuration, and their auditory impression 
showed expected one from the room acoustic parameter values. 
 
Keywords: Wave-based modeling, Room acoustics simulation, Sound absorber 

1. INTRODUCTION 
Wave-based room-acoustics simulation methods are attractive tools to accurately simulate indoor 

sound environments inside architectural spaces such as concert halls and classrooms. They have 
substantial benefits in predicting accurate room impulse responses (RIRs) with the physically reliable 
acoustic material modeling of sound absorbers and acoustic diffusers. For example, wave-based 
methods can account for frequency and angle incidence dependence of acoustic materials by using the 
complex-valued acoustic impedance and physical models of sound absorbers. Although wave-based 
predictions require high computational burdens, their applicable range is expanding drastically with 
advances in computational technologies. 

Wave-based room-acoustics simulations have been performed in the frequency and time domains. 
Frequency-domain predictions solve the Helmholtz equation to compute room transfer function with 
spatial discretization with numerical methods under appropriate boundary conditions. The finite 
element method (FEM) [1-4] and the boundary element method [5,6] are standard selections. As an 
inherent strength for accurate room-acoustics modeling, frequency-domain methods are naturally 
available in complex-valued frequency-dependent quantities such as specific acoustic impedance, 
complex effective density, and complex bulk modulus. However, multi-frequency analyses that solve 
linear systems at each frequency must be performed to compute RIRs with the inverse Fourier 
transform. The solution is still quite time-consuming for acoustics simulation of a practical-sized room 
at high frequencies. 

On the other hand, time-domain predictions solve the wave equation to compute RIRs with spatial 
and temporal discretization with numerical methods under appropriate boundary conditions. Various 
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numerical methods have been used for time-domain predictions: the finite-difference time-domain 
method [7-9], the finite-volume time-domain method [10,11], time-domain FEM [12-15], time-
domain discontinuous Galerkin FEM [16-18] and the adaptive rectangular decomposition method [19], 
and so on. Time-domain methods are inherently beneficial to compute RIRs that include a broad 
frequency component with a single computational run. Furthermore, time-domain methods can be 
designed as an explicit solver, although more robust implicit solvers are available. A shortcoming of 
the methods is the difficulty in addressing accurate sound absorber modeling in the time domain. 
However, some recent time-domain methods have been overcoming this inefficiency gradually with 
the development of local-reaction frequency-dependent impedance boundary conditions and an 
extended reaction model according to partial differential equations of materials [7,11-14,17-21].  

Nevertheless, the efficiency, accuracy, and practicality of current time-domain methods to 3D 
room-acoustics simulation with realistic sound absorbers modeling remain less studied. The paper 
focuses on a recently-developed time-domain FEM [12,13] with frequency-dependent local-reaction 
boundary conditions and an extended-reaction model and examines its applicability to small-room 
acoustics modeling. Three sound absorbers are considered: the glass wool (GW) absorbers and the 
acoustic fabric (AF) curtains as porous-type sound absorbers and the GW-backed microperforated 
panel (MPPGW) absorbers as the Helmholtz-type sound absorbers. The GW and MPP absorbers are 
modeled with the frequency-dependent impedance boundary condition, and the AF curtain is modeled 
with the extended-reaction model. This paper shows that time-domain FEM [12,13] has markedly 
higher efficiency than a frequency-domain FEM [3] for RIR predictions in a small meeting room. 
Then, its practicality in small-room acoustics modeling is demonstrated by comparing room-acoustics 
of the same meeting room among five sound absorber configurations up to 6 kHz.  

2. ROOM ACOUSTICS SIMULATION USING FEM 
The present paper uses the dispersion-reduced FEMs in both time and frequency domains. The 

detailed formulation is available in [3,12,13]. This section only gives the governing equations and 
boundary conditions briefly. The conjugate gradient (CG) method with diagonal scaling is used as a 
linear system solver for time-domain FEM. In contrast, a sparse direct solver, PARDISO (included in 
Intel MKL), and an iterative solver, the CSQMOR method [22] with a diagonal scaling, are used for 
frequency-domain FEM. The convergence tolerance of iterative solvers is set to 10-4. 

2.1 Time-domain FEM 
Time-domain FEM computes RIRs by solving the following acoustic wave equation in terms of 

sound pressure 𝑝 as 

∇!𝑝 − "
#!
�̈� = −𝜌�̇�,        (1) 

where 𝑐 is the speed of sound, 𝜌	is the air density and 𝑞 is the volume velocity per unit volume, 
respectively. The GW and MPPGW absorbers are modeled using the frequency-dependent impedance 
boundary condition 

$%
$&
= − "

# ∫ 𝑦-(𝑡 − 𝜏)'
() �̇�(𝜏)𝑑𝜏 ,     (2) 

with the specific acoustic admittance ratio 𝑦-  in time-domain, which is the inverse Fourier 
transformed value of 𝑦3	in frequency-domain. We use the transfer matrix method to compute the 𝑦3	of 
both sound absorbers. The Miki model [23] is used to describe the fluid properties of GW. The MPP 
is modeled as a lumped element with the transfer impedance described by Maa model [24]. Meanwhile, 
AF curtain is modeled as an extended-reaction model by using an interior impedance boundary 
condition 

$%
$&
= 4

−𝜌�̇�* , on	Γ+,,"	
𝜌�̇�* , on	Γ+,,!

,       (3) 

where Γ+,," and Γ+,,! represent boundaries in both sides of curtain, 𝑣* is the particle velocity on and 
inside the AF, which is defined as 
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∆𝑝,      (4) 

where 𝜎, 𝑡+, and 𝑀+, denote the flow resistivity, the thickness and the area density of curtains. The 
symbol ∆𝑝 represents the sound pressure difference between both side of AF curtain. 

2.2 Frequency-domain FEM 
Frequency-domain FEM computes room transfer function by solving the following the Helmholtz 

equation in terms of complex-valued sound pressure �̂� as 

(∇! + 𝑘!)�̂� = −𝑗𝜔𝜌𝑞3,       (5) 

where 𝑘 is the wave number in air, 𝜔	is the angular frequency. For the GW and MPPGW absorbers, 
the local-reaction impedance boundary condition is given as 

$%
$&
= −𝑗𝑘𝑦3�̂�,        (6) 

with the specific acoustic admittance ratio 𝑦3 computed by the transfer matrix method. An extended-
reaction model is also used to model AF curtain as 

$%
$&
= 4
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with the transfer admittance 𝑦3+, of AF curtain as [3,25,26]  

𝑦3+, =
"
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+ "

01/"#
.       (8) 

 

 
Figure 1. Small meeting room model and random incidence sound absorption coefficient of each absorber. 

ER and LR represent the sound absorption coefficient using extended-reaction model and local reaction 

model. LR models were selected for GW, MPPGW panel and MPPGW door since LR results showed an 

excellent agreement with ER results.  A source was located at (2.5,5.8,1.5) and eight receivers were placed 

inside the room. 



 

 

3. HIGHER EFFICIENCY OF TIME-DOMAIN FEM   

3.1 Outline  
We simulated a sound field in a rectangular meeting room of 68 m3 (Figure 1) up to 1.6 kHz by 

using time-domain FEM and frequency-domain FEM. This room includes four sound absorbers: a GW 
ceiling absorber, an AF curtain in front of the window, two MPPGW wall panels, and two MPPGW 
doors. The GW ceiling absorber has a flow resistivity of 55,000 Pa s/m2 with 25 mm thickness. The 
MPPGW panels use the same GW behind an MPP leaf with a 1.13 kg/m2 area density, 1 mm hole 
diameter, 1 mm panel thickness, and 9 mm plate pitch. The MPPGW doors comprise a rigid MPP leaf 
with a 1 mm hole diameter, 2 mm plate thickness, 15 mm pitch, and 50 mm thick GW absorber with 
the flow resistivity of 55,000 Pa s/m2. The AF curtain has an area density of 0.5 kg/m2 and flow 
resistance of 416 Pa s/m. Figure 1 also presents the random incidence sound absorption coefficient 
for each absorber computed by the transfer matrix method. Other surfaces are reflective.  

The accuracy and efficiency of time-domain FEM are examined by comparing the results with 
those of frequency-domain FEM. The accuracy examination is based on comparisons of frequency 
responses and four room-acoustic parameters computed using both methods with the same spatial 
resolution meshes. One can expect time-domain FEM to have similar accuracy as in frequency-domain 
FEM when time-domain frequency-dependent impedance boundary conditions model sound absorbers 
successfully since both methods have comparable discretization error characteristics. As the four 
room-acoustic parameters, we computed reverberation time (T20), early decay time (EDT), clarity of 
speech (C50), and sound strength (G). The computational cost comparison evaluates their efficiency. 

Spatial discretization was performed using a cubic linear element of 0.05 m edge length. The 
resulting FEM mesh has about 570,000 DOFs. Time-domain FEM computes RIRs up to 1 s with the 
time interval of ∆𝑡=1/13,000 s, whereas frequency-domain FEM computes room transfer function 
with a 1 Hz interval. 

3.2 Results 
Figure 2 compares frequency responses regarding sound pressure level (SPL) between time-domain 

FEM and frequency-domain FEM using PARDISO. Results showed an excellent agreement between 
them, presenting time-domain FEM can accurately model the sound absorption characteristics of GW, 
MPPGW, and AF curtains at the wide band. As practical aspects, we can show that the four room-
acoustic parameters computed by time-domain FEM agree very well with those by frequency-domain 
FEM, within the difference less than respective JND values. For T20 and EDT at 125 Hz, 250 Hz, 500 
Hz, and 1 kHz, relative errors from frequency-domain results are less than 3.6% and 0.14%, 
respectively. For C50 and G, the absolute errors from frequency-domain results are less than 0.04 dB 
and 0.06 dB at 125 Hz-1 kHz. As expected, time-domain FEM shows a similar level of accuracy as 
frequency-domain FEM under the same mesh. However, time-domain FEM enables us to compute the 
same accurate RIRs as in frequency-domain FEM with a rapid computational time. The computational 
time of time-domain FEM is only 248 s with 0.52 GByte memory requirement when using 12 threads 
on OpenMP parallel computations. This computational time was 317 times and 157 times faster than 
frequency-domain FEM using PARDISO and CSQMOR for using the same thread number. This 
notable performance gain in time-domain FEM is attributable to the excellent convergence properties 
of the CG method with less than six iteration numbers per time step. Note that our formulation 
presented in [12] can be applied to any finite element for spatial discretization. In this context, a 
similar level of performance gain will be expected for higher-order time-domain FEMs.   

 

Figure 2. Frequency response comparison at a receiver (0.7,4.15,1.2) between time-domain and frequency-

domain FEMs.  



 

 

4. SMALL-ROOM ACOUSTICS MODELING  

4.1 Outline 
This section presents the practicality of time-domain FEM as a room-acoustic design tool for small 

rooms. We compute RIRs in the same meeting rooms as in the previous section up to 6 kHz under five 
sound absorber configurations. How room-acoustics change is presented with a comparison of four 
room-acoustic parameters. In this demonstration, two GW absorbers having different characteristics 
and an AF curtain are used to control acoustics inside the room.  

Figure 3(a) shows the five sound absorber configurations: C1: the case with the reflective interior 
finish, C2: the case with a GW32K ceiling absorber, C3: the case with a GW32K ceiling absorber and 
five GW96K absorbing panels on two walls, C4: the case with a GW96K ceiling absorber and GW96 
wall absorbers on two walls and C5: the case with a GW32K ceiling absorber and AF curtain in front 
of the window. A comparison of the average absorption coefficient 𝛼C is given in Figure 3(b). 

The five FE meshes were created with cubic elements of 0.0125 m edge length, having about 35 
million DOFs. The computed RIR length differs among the cases: 2.5 s for C1, 2.0 s for C2, C3, and 
C5, and 1.2 s for C4. The air absorption was considered using an IIR filter having time-varying filter 
coefficients proposed in [27]. We assumed an air temperature of 20℃ and 50% relative humidity at 
standard atmospheric pressure.  

 
Figure 3. Five sound absorber configurations and their average absorption coefficient.  

 

 

Figure 4. Four room-acoustic parameters among five sound absorber configurations C1-C5.  

4.2 Results 
Figure 4 shows comparisons of the four room-acoustic parameters for cases C1-C5. Results clearly 

showed that T20 of C2 does not reduce above 500 Hz despite 𝛼C increases with increasing frequency. 
This is because rectangular rooms with a ceiling absorber and reflective surfaces on the remaining 
parts are typical non-diffuse sound fields [28]. T20 of C5 is longer than C3, although both cases have 
comparable 𝛼C since C5 has a larger number of untreated opposite surfaces with sound absorbers. In 
the C5, the sound corresponding to the axial modes in y direction shows slower attenuation. Also, AF 
can not absorb the grazing incidence wave effectively due to the effect of the backing air cavity [29]. 



 

 

The comparison of EDT among C1, C2, and C5 presents that C2 and C5 can reduce the reverberance 
by installing sound absorbers. Specifically, C5 reduces EDT to a similar level as in C3, thanks to the 
AF curtain. Furthermore, we see that magnitude relations in decreasing G and increasing C50 are 
proportional to the magnitude relation in 𝛼C: The sound absorber configurations of larger 𝛼C show 
lower G, and higher speech clarity is obtained for larger 𝛼C. C4 has the highest speech clarity among 
the presented cases but shows the smallest loudness. C3 can be the most attractive sound absorber 
configuration, satisfying high loudness and speech clarity. C5 has similar speech clarity and loudness 
to C3 but can perceive longer reverberance. Room acoustics auralization with a Japanese woman’s 
voice presented consistent auditory impressions as expected from the relative comparison of the room-
acoustic parameters. Since the optimum configurations of sound absorbers and acoustic diffusers to 
improve room-acoustic quality in meeting rooms are still an active research area [30-32], the present 
time-domain FEM will become an attractive room acoustic design tool for small rooms. Note that 
although the present paper showed that the time-domain FEM has favorable properties for room-
acoustic simulations at this stage, it is worth mentioning that the development of more efficient 
frequency-domain FEMs is also an active research area. The authors also study this subject with the 
partition of unity FEM [33,34].   
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ABSTRACT 

An efficient method for calculating incidence directivity is developed based on the fast multipole boundary 
element method (FMBEM). In the previous paper, the fundamentals on the plane wave expansion were 
validated for ensuring the estimation accuracy of incidence directivity. In this paper, a post-processing 

procedure for directivity analysis is implemented in the sound field calculation using FMBEM. As a trial, it 
is applied to two typical cases with a point source: a free field with a finite flat plate, and a sound filed in a 
rectangular room. In the former case, two incident directions from the real and imaginary sources are 

distinctly detected in the specular reflection region, whereas edge diffraction along the plate is observed in 
the shielding region. In the latter case, the behavior of incidence directivity is examined with changing the 

arrangement of absorbing walls, where observing the correspondence with the series of imaginary sources. 
 
Keywords: Incidence directivity, Boundary element method, Fast multipole method 

1. INTRODUCTION 

For evaluating the sound diffuseness of a space or the effect on it of a sound absorber/diffuser, 
incidence directivity analysis is very useful. For determining incidence directivity, the plane wave 
expansion is one of the promising approaches, and hence it is applied in several researches, e.g., 

examinations of the sound field isotropy index in a reverberation room (1) and the oblique incidence 
sound absorption coefficient (2). Additionally, for reproducing a three-dimensional sound field for 

auralization, incidence directivity can be used in a binaural approach or high-order ambisonics (3).  
As a numerical method for determining incidence directivity by wave-based approach, the 

boundary element method (BEM) excels in many aspects because the BEM needs only the boundary 

of the domain to be discretized. However, in the high frequency range, its large computational load, 
i.e., operation count and required memory, is a drawback. To address this, the fast multipole boundary 
element method (FMBEM), in which the fast multipole method (FMM) is applied to the BEM, is 

introduced and consequently the computational load is substantially reduced (4).  
Incidence directivity may be calculated with low computational load, if the FMBEM is employed 

for sound field calculation. The reason for this is that the spherical harmonic functions are the basis 

functions of the multipole and local expansion, which are employed in the FMBEM. Particularly, in 
the high-frequency FMBEM (HF-FMBEM), because the algorithm employs outgoing and incoming 

coefficients, which are direction-dependent, an efficient calculation of incidence directivity is 
expected. However, the accuracy may be affected by errors due to the plane wave expansions. 
Furthermore, the relationship between the incidence directivity and the corresponding sound-

receiving region need to be clarified for practical application. To clarify these problems, the preceding 
paper (5) presented basic studies. In the present paper, we propose a method for calculating incidence 
directivity from expansion coefficients obtained in the HF-FMBEM computational procedure and 
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calculate incidence directivities to validate its practicality.  
Section 2 outlines the method for calculating incidence directivity from expansion coefficients 

obtained in the HF-FMBEM. In Section 3, the proposed method is applied to practical models. First, 

incidence directivities of a scattered and diffracted sound field due to a finite flat plate are calculated, 
and those characteristics and corresponding receiving region are verified. Next, effects of unevenly 
distributed absorbing materials on incidence directivities are investigated for a room where multiple 

reflections occur. Here we verify correspondences between the incidence directivities calculated by 
the proposed method and by the method where incidence directivities from mirror image sources are 
superimposed. Section 4 summarizes the paper.  

2. INCIDENCE DIRECTIVITY CALCULATION METHOD 

Generally, the BEM calculation procedure is divided into two processes: calculation of the sound 
pressure at the boundary element nodes (main process) and calculation of the sound pressure at the 

sound-receiving points (post-process). In the proposed method, incidence directivity is calculated 
from expansion coefficients obtained in the post-process based on the HF-FMBEM.  

In the following, we outline the proposed method. 

2.1 Calculation of Sound Pressure at Boundary Element Nodes (main process (4)) 

In the main process, the sound pressure at the boundary element nodes is calculated. In this process, 
a hierarchical cell structure for boundary elements is employed. It is generated as follows. First, a 
cubic cell encompassing all the boundary elements is generated; it is denoted by the root cell for 

boundary elements, and its hierarchical level l is zero. Next, the root cell is divided into eight lower-

level (l = 1) cells (child cells). This process is sequentially repeated (l = 2, 3, ⋯) and it is terminated 
when l reaches the lowest level L, which is generally determined based on the computational efficiency.  

Using this hierarchical cell structure, the sound pressure on boundary element nodes is calculated 
from the six-step procedure of the HF-FMBEM; contributions from boundary elements are 

accumulated as outgoing coefficients and they are transferred to incoming coefficients to obtain sound 
pressure at boundary element nodes.  

2.2 Incoming Coefficients Calculation for Receiving Points (post-process) 

In the post-process, incoming coefficients 𝜁  (4), which is required for calculating incidence 
directivity, is calculated. This process employs an expanded hierarchical cell structure for receiving 
points, based on the cell structure for boundary elements . It is generated as follows. First, as the root 

cell for receiving points, a cell encompassing all receiving points is generated. If all receiving points 
are encompassed by the root cell for boundary elements, it is also used as the root cell for receiving 

points. Otherwise, the root cell for boundary elements is sequentially expanded (𝑙 = −1, −2, ⋯) until 
all receiving points are encompassed. Next, the lower-level cells are generated. The procedure for this 

is the same as the procedure described in 2.1 and the lowest level equals to that for boundary elements 

(𝑙 = 𝐿). By being generated like this, the hierarchical cell structure for receiving points shares many 
cells with that for boundary elements. This enables the coefficients computed in the main process to 

be reused in the post-process; the computational efficiency is further improved. 

Using this hierarchical cell structure, 𝜁 for the cells in this structure are calculated from Step 1 to 

Step 4 among the six-step procedure of the HF-FMBEM (4). In this calculation, let 𝑁p  be the 

truncation number for the plane wave expansion for computing 𝜁. 

2.3 Calculation of Incidence Directivity for Sound-Receiving Cell 

Incidence directivity is calculated from incoming coefficients 𝜁 for a sound-receiving cell, which 

is a specific cell belonging to the hierarchical cell structure for receiving points . Based on 𝜁, the 

sound pressure at point p is computed as follows:  

𝑝(𝒓p) =
1

4𝜋
∑ 𝐸(�̂�𝑛, 𝒓pL) (

𝑗𝑘

4𝜋
𝜁(�̂�𝑛)) 𝜔𝑛

𝑁

𝑛=1

 , (1) 

=
1

4𝜋
∑ 𝐸(�̂�𝑛 , 𝒓pL)𝑠(�̂�𝑛)𝜔𝑛

𝑁

𝑛=1

 , (2) 

𝐸(�̂�, 𝒓pL) = exp(𝑗𝑘�̂� ∙ 𝒓pL) , (3) 



 

 

where 𝒓pL is the vector from the local expansion point L to the receiving point p (L and p are 

encompassed by the same receiving cell), 𝒌 is the wavenumber vector, 𝑘 = |𝒌|, �̂� = 𝒌 𝑘⁄ , 𝜔𝑛 is 

the weight for the unit spherical integration and 𝑁 is the number of integration points. Since Equation 
(2) has the same form as Equation (1) in the preceding paper (5) although its spherical integration is 

discretized, 𝑠(�̂�𝑛) represents the incidence directivity for a region centered at the point L. However, 

as we have mentioned in the preceding paper, errors are included in 𝑠(�̂�𝑛). To remove them, we 

transform 𝑠(�̂�𝑛) to 𝐿𝑛
𝑚, then incidence directivity is reconstructed from 𝐿𝑛

𝑚 of the order up to �̃�L, 

which is determined with reference to the results in the preceding paper (5) and is shown as follows:  

�̃�L = ⌊0.5𝑘𝐷⌋ , (4) 

where 𝐷 is the diagonal length of the receiving cell and ⌊∙⌋ represents the integer part of ∙. Hereafter, 

the reconstructed incidence directivity is denoted by 𝑠′(�̂�).  

3. VALIDATION THROUGH NUMERICAL EXPERIMENT  

3.1 Application to Scattered Sound Field with Finite Flat Plate  

We compute incidence directivities in the scattered field caused by a point source and a finite flat 
plate. Then incidence directions of sound waves and receiving regions corresponding to incidence 

directivities are verified.  

3.1.1 Analysis Model 
Figure 1 shows the analysis model. The plate is discretized with constant rectangular elements of 

10 mm (number of elements: 90,000), and the sound field is analyzed at 1000, 2000, and 4000 Hz. 
The formulation is the indirect method (6), in which sound pressure differences between the positive 

and negative sides of the boundary element are unknowns. Receiving points are located at about 5 cm 
intervals on the sound-receiving surface (number of receiving points: 14,762).  

Figure 2 shows the hierarchical cell structure for boundary elements and receiving points. Based 

on the root cell for boundary elements (hierarchical level l = 0, shown in red in the figure) child cells 
are generated up to the lowest level L = 7 in this example. By expanding the root cell for boundary 

elements, the root cell for receiving points is generated (𝑙 = −2 in this example). From this root cell 
the child cells are generated by being divided sequentially up to the lowest level L = 7.  

3.1.2 Results 
Figure 3 illustrates the distribution of sound pressure amplitude at 4000 Hz, and the hierarchical 

cell structure up to l = 2. We can observe the following phenomena: the sound wave emitted from the 

source is specularly reflected by the plate; the reflected wave interferes with the direct sound; and the 
emitted wave is also shielded by the plate.  

 

 

Figure 1 – Analysis model 



 

 

 

Figure 2 – Hierarchical cell structure for boundary elements and receiving points.  

(Cells from  to 0 are plotted) 

 

 

Figure 3 – Sound pressure distribution and hierarchical cell structure for receiving points.  

 

We calculate incidence directivities 𝑠′(�̂�)  for the receiving cell A, in which the direct and 

reflected waves exist, and cell B, in which the diffracted wave exists. Furthermore, for verifying the 
region where the sound field is accurately calculated from the incidence directivity, the error in the 

sound pressure 𝜀p is calculated for both cells and those neighboring cells as follows:  

𝜀p =
|𝑝′(𝒓r) − 𝑝(𝒓r)|

|𝑝(𝒓r)|
 , (5) 

where 𝑝(𝒓r) and 𝑝′(𝒓r) are the sound pressure calculated from Equation (2) using 𝑠(�̂�) and 𝑠′(�̂�), 

respectively, i.e., the former is the sound pressure calculated by the HF-FMBEM and the latter 

calculated from the incidence directivity.  

Figure 4 illustrates 𝑠′(�̂�) and 𝜀p, and Table 1 shows 𝑁P, �̃�L and 𝑘𝐷 (D is the diagonal length 

of the receiving cell).  

In Cell A, strong directivity peaks |𝑠′(�̂�)| are observed in the direction of the real and mirror 

image sources. The value in the direction of the real source is larger than that of the mirror image 

source. The reason for this may be the fact that the receiving cell is closer to the real source than to 

the mirror image source. In Cell B, strong directivity peaks |𝑠′(�̂�)| are observed in the direction of 

two edges of the plate seen from the cell center. These are considered to be diffracted components. 

The value in the edge direction closer to the source is larger than that far from the source. The reason 
for this is also considered that the difference in the length of the propagation path. Since these 

observations are consistent with geometrical considerations, it can be interpreted that the proposed 
method calculates correct incidence directivities. In common with Cell A and Cell B, sharp and loud 
directivities are obtained with increasing frequency. It is suggested that the incidence directivity may 

become sharper and louder at higher frequencies when the receiving region is the same.  



 

 

The errors in the calculated sound pressure 𝜀p almost satisfy 𝜀p ≤ 0.1 in the inner region of a 

sphere with a diameter of 0.5𝐷. That is to say, the calculated incidence directivity can reproduce the 

sound field enclosed by a sphere with a diameter of 0.5𝐷 at a specific wavenumber 𝑘.  
 

 

Figure 4 – Incidence directivities 𝑠′(�̂�) and distributions of relative error 𝜀p. 

 

Table 1 – 𝑘𝐷 and truncation numbers 𝑁P and �̃�L. 

Frequency [Hz] 1000 2000 4000 

𝑘𝐷 24.0 48.0 96.0 

𝑁P 41 68 120 

�̃�L 12 24 48 

 

3.2 Application to Sound Field in Room 

We calculate incidence directivities in a room where multiple reflections occur, and verify the 
correspondence with that calculated by superimposing the incidence directivities from mirror image 
sources. Furthermore, the effect of unevenly distribution of absorbers on directivity is verified.  

3.2.1 Analysis Model 
Figure 5 shows a room with a point source and a receiving cell. The boundary is discretized with 

a constant rectangular element of 25 mm (number of elements: 150,402), and the interior field is 

analyzed at 2,000 Hz. The element normal directions point to the interior field, and the basic 
formulation (6), in which sound pressure at the boundary element nodes are unknowns, is employed. 

Surfaces at 𝑥 = 0, 𝑦 = 0, and 𝑧 = 0 are denoted by XB, YB, and ZB, respectively, and their opposite 
surfaces are denoted by XT, YT, and ZT, respectively. Five cases are considered: three cases with 
uniform distribution and different absorption coefficient, two cases with uneven distribution of a 

perfect absorbing walls, as shown in Table 2. With respect to the receiving cell, the side length (𝐷 √3⁄ ) 

is 0.34 m, 𝑘𝐷 is about 21.8, and the hierarchical cell level is 4. 
 



 

 

 

Figure 5 – Analysis model. 

 

Table 2 – Sound absorption coefficients in each case. 

 XB XT YB YT ZB ZT 

Case 1 0 0 0 0 0 0 

Case 2 0.1 0.1 0.1 0.1 0.1 0.1 

Case 3 0.5 0.5 0.5 0.5 0.5 0.5 

Case 4 1 1 1 1 0 0 

Case 5 0 0 0 0 1 1 

 

3.2.2 Incidence Directivity Calculation based on Mirror Image Sources 
For comparison, we calculate the incidence directivity by superimposing incidence directivities 

from mirror image sources. The incidence directivity from a mirror image source, q𝑛,𝑖, which belongs 

to the group of mirror image sources corresponding to n-th reflection, at point L is expressed as 
follows:  

𝑠q𝑛,𝑖
(�̂�) = ∏(1 − 𝛼𝑚)0.5

𝑛

𝑚=1

∑ 𝑗𝑙(2𝑙 + 1)ℎ𝑙
(1)

(𝑘𝑟Lq𝑛,𝑖
)𝑃𝑙(�̂�, �̂�Lq𝑛,𝑖

)

𝑁p
′ −1

𝑙=0

(6) 

where 𝛼𝑚 is the absorption coefficient of the surface, 𝒓Lq𝑛,𝑖
 is the vector from q𝑛,𝑖 to L, 𝑟Lq𝑛,𝑖

=

|𝒓Lq𝑛,𝑖
| , �̂�Lq𝑛,𝑖

= 𝒓Lq𝑛,𝑖
𝑟Lq𝑛,𝑖

⁄  , ℎ𝑙
(1)

  are the spherical Hankel functions of the first kind, 𝑃𝑙  are the 

Legendre polynomials and 𝑁p
′  is the truncation number for infinite summation (in this example 𝑁p

′ = �̃�L). 

By superimposing 𝑠q𝑛,𝑖
(�̂�), we calculate the incidence directivity 𝑠′′(�̂�) as follows:  

𝑠′′(�̂�) = ∑ ∑ 𝑠q𝑛,𝑖
(�̂�)

𝑖∈Q𝑛

𝑁R

𝑛=1

(7) 

where 𝑁R is the maximum number of reflection included in the directivity and Q𝑛 is the group of mirror 

image sources corresponding to n-th reflection. In the present analysis, 𝑁R = 20 and 𝑁p
′  is set to 10 

from 𝑘𝐷 ≒ 21.8 (see Equation (4)). 

3.2.3 Analysis Results 
Incidence directivities in the y-z and x-y planes in each case are illustrated in Figure 6. Incidence 

directivities by the proposed method 𝑠′(�̂�) are shown in the upper line, and those by the method 

based on mirror image sources 𝑠′′(�̂�) are shown in the lower lines. 

 

Uniform distribution case (Case 1 to Case 3) 

Amplitudes of 𝑠′(�̂�) and 𝑠′′(�̂�) decrease in all directions as the sound absorption coefficient 



 

 

increases. The reason is thought to be the fact that all reflected waves arrive after being attenuated by 

the absorbing walls. Additionally, amplitudes of 𝑠′(�̂�) and 𝑠′′(�̂�) are almost the same in Case 3. 

This indicates that the absorbed amount of energy is also properly modeled. Whereas the difference 

in amplitudes between them is large in Case 1. Since there is no sound absorption in Case 1, it is 
presumed that a large amount of power remains even after the 20th reflection, which is not included 
in the directivities calculated by the method based on the mirror image source.  

 

Uneven distribution case (Case 4 and Case 5) 

Amplitudes of 𝑠′(�̂�) and 𝑠′′(�̂�) are small in the x-y plane in Case 4, and the z component in Case 

5. This is because incident waves from these directions, i.e., the directions where the absorbing walls 
exist, are reduced.  

In the y-z plane of Case 4, the directivity peak appears in the upper left direction in 𝑠′(�̂�), which 

does not appear in 𝑠′′(�̂�). Since this peak is not represented by the method based on the mirror image 

sources, the reason for the presence is considered to be due to the characteristics of wave, i.e., it is 
considered as a diffracted component from the edge of the ceiling. 

 

 

Figure 6 – Incidence directivities in each case. 

4. SUMMARY 

We have proposed a method for calculating incidence directivity at a certain region using 
coefficients obtained in the computational process of the HF-FMBEM.  

For validating the practicality, the proposed method is applied to two practical sound fields and we 

have confirmed the following points: 1) In the scattered sound field, calculated incidence directions 
of direct, reflected and diffracted sound waves correspond to the directions based on geometrical 
predictions. 2) In the interior sound field, incidence directivities calculated by the proposed method 

agree well with those calculated by superimposing incidence directivities from mirror image sources. 
3) The properties of absorbing walls, i.e., their location and sound absorption coefficient, are correctly 

represented in the incidence directivity. 4) From the incidence directivity calculated by the proposed 



 

 

method it is possible to calculate the accurate sound field whose size corresponds to the truncation 

number for the incidence directivity reconstruction. In this paper, the proposed truncation number is 
⌊0.5𝑘𝐷⌋; the region is inside of the sphere with diameter of 0.5𝐷 centered at the cell center at a 

specific wavenumber 𝑘. 
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ABSTRACT 
The incidence directivity for a certain region of a sound field is important for evaluating the diffuseness of 
the sound field and the in-situ performance of sound diffusers and sound absorbers. The plane wave 
expansion (angular spectrum) is used to describe the incidence directivity, but it is important to know the 
region where the directivity is evaluated, and the errors caused by various numerical treatments, when dealing 
with the incidence directivity. The plane wave expansion also appears as a variant of the multipole expansion 
and local expansion in the fast multipole boundary element method (FMBEM), which is known as a highly 
efficient wave-based numerical method. Therefore, the incidence directivity of an arbitrary region in the 
sound field can be calculated efficiently by combining the sound field analysis by FMBEM and plane wave 
expansion that represents the incidence directivity. In this paper, as fundamentals for efficient calculation of 
incidence directivity based on FMBEM, a basic study assuming a sound field with a point source is presented. 
Errors arising from the numerical treatment of multipole and local expansions and the relationship between 
incidence directivity and the corresponding sound receiving region are discussed. 
 
Keywords: Incidence directivity, Plane wave expansion, Multipole expansion, Local expansion 

1. INTRODUCTION 
The incidence directivity of sound to a certain region is important for evaluating the diffuseness 

of a sound field, as well as for studying the effects of acoustic diffusers and absorbers. The plane wave 
expansion (angular spectrum (1)) is well known for evaluating incidence directivity and has recently 
been applied to the evaluation of isotropy in reverberation rooms (2) and oblique incidence sound 
absorption coefficients (3), for example. On the other hand, in order to obtain a reliable incidence 
directivity based on the plane wave expansion, it is necessary to clarify the effects of various types of 
numerical error and the relationship between the incidence directivity and the corresponding sound-
receiving region. 

On the other hand, plane wave expansions also appear in the fast multipole boundary element 
method (FMBEM), which is a highly efficient boundary element method (BEM). We have studied on 
an efficient calculation method of the incidence directivity for an arbitrary region using FMBEM. In 
this paper, as a basis for this method, we report on our basic study (4) of the effects of numerical 
errors caused by various expansions appearing in FMBEM and the relationship between the sound-
receiving region and the corresponding incidence directivity through analysis assuming a point source 
in a free field, adding further calculation results that lead to an understanding of the numerical 
phenomena. 
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2. CALCULATION OF INCIDENCE DIRECTIVITY USING MULTIPOLE AND 
LOCAL EXPANSIONS 

We assume a steady-state sound field with a point source, which is represented by the fundamental 
solution of the Helmholtz equation, and describe the relationship among the plane wave expansion, 
multipole and local expansions, incidence directivity, and receiving region. 

2.1 Plane Wave Expansion of Fundamental Solution 
Consider an arrangement of point source q, receiving point p, multipole expansion point M, and 

local expansion point L, satisfying rpL + rMq < rLM. The contribution from the point source q at the 
receiving point p is expressed as follows using the plane wave expansion of the fundamental solution 
of the three-dimensional steady-state sound field (expressed here as a spherical Hankel function): 

ℎ0
(1)�𝑘𝑘𝑟𝑟pq� = 𝑒𝑒𝑗𝑗𝑗𝑗𝑟𝑟pq

𝑗𝑗𝑘𝑘𝑟𝑟pq
= 1

4𝜋𝜋 �𝐸𝐸 ��̂�𝒌, 𝒓𝒓pL�𝑠𝑠��̂�𝒌�𝑑𝑑�̂�𝒌, (1) 

where 
𝐸𝐸��̂�𝒌, 𝒓𝒓pL� = exp�𝑗𝑗𝑘𝑘�̂�𝒌 ⋅ 𝒓𝒓pL�, (2) 

𝑠𝑠��̂�𝒌� = 𝑇𝑇��̂�𝒌, 𝒓𝒓LM�𝐸𝐸��̂�𝒌, 𝒓𝒓Mq�, (3) 

𝑇𝑇��̂�𝒌, 𝒓𝒓LM� = � 𝑗𝑗𝑙𝑙(2𝑙𝑙 + 1)ℎ𝑙𝑙
(1)(𝑘𝑘𝑟𝑟LM)𝑃𝑃𝑙𝑙��̂�𝒌 ⋅ 𝒓𝒓L̂M�

𝑁𝑁P−1

𝑙𝑙=0
, (4) 

𝒓𝒓pq = 𝒓𝒓p − 𝒓𝒓q , 𝒌𝒌  is the wavenumber vector, 𝑘𝑘 = |𝒌𝒌| , �̂�𝒌  = 𝒌𝒌/𝑘𝑘 , ℎ𝑙𝑙
(1)  are the spherical Hankel 

functions of the first kind, Pl are the Legendre polynomials, NP is the truncation number for the infinite 
sum, and ∮𝑑𝑑 �̂�𝒌 represents the integral over the unit sphere. This form, including a series expansion 
T represented by Equation (4), is derived from the multipole expansion of the fundamental solution 
(5). 

2.2 Incidence Directivity and Receiving Region 
Equation (1) represents a plane wave expansion at the local expansion point L, and 𝐸𝐸��̂�𝒌, 𝒓𝒓pL� 

represents a plane wave with a unit amplitude coming from the direction of �̂�𝒌 . Therefore, the 
amplitude of the plane wave coming from the direction of �̂�𝒌  to the point p is written as 
�𝐸𝐸��̂�𝒌, 𝒓𝒓pL�𝑠𝑠��̂�𝒌�� = �𝑠𝑠��̂�𝒌��. This is the incidence directivity at the point p. If one can set the point p 
freely within the region where 𝑟𝑟pL < 𝑟𝑟LM − 𝑟𝑟Mq is satisfied, �𝑠𝑠��̂�𝒌�� can be regarded as the incidence 
directivity of the receiving region in a sphere of radius 𝑟𝑟LM − 𝑟𝑟Mq centered at the point L. However, 
the receiving region is numerically more limited because of the truncation of the infinite sum in 
Equation (4). 

2.3 Plane Wave Expansion and Local Expansion 
2.3.1 Local Expansion of Fundamental Solution 

The fundamental solution is represented by a local expansion at expansion point L as follows: 

ℎ0
(1)�𝑘𝑘𝑟𝑟pq� = � � 𝐿𝐿𝑛𝑛

𝑚𝑚𝑅𝑅𝑛𝑛
𝑚𝑚�𝒓𝒓pL�

𝑛𝑛

𝑚𝑚=−𝑛𝑛

𝑁𝑁L−1

𝑛𝑛=0
, (5) 

where  
𝐿𝐿𝑛𝑛

𝑚𝑚 = 4πℎ𝑛𝑛
(1)�𝑘𝑘𝑟𝑟qL�𝑌𝑌𝑛𝑛

−𝑚𝑚�𝒓𝒓q̂L� = 4π𝑆𝑆𝑛𝑛
−𝑚𝑚�𝒓𝒓qL�, (6) 

𝑆𝑆𝑛𝑛
𝑚𝑚(𝒓𝒓) = ℎ𝑛𝑛

(1)(𝑘𝑘𝑟𝑟)𝑌𝑌𝑛𝑛
𝑚𝑚(𝒓𝒓)̂, 𝑅𝑅𝑛𝑛

𝑚𝑚(𝒓𝒓) = 𝑗𝑗𝑛𝑛(𝑘𝑘𝑟𝑟)𝑌𝑌𝑛𝑛
𝑚𝑚(𝒓𝒓)̂, (7) 

𝒓𝒓 = (𝑟𝑟, 𝜃𝜃, 𝜑𝜑)，𝒓𝒓̂ = 𝒓𝒓/𝑟𝑟 = (𝜃𝜃, 𝜑𝜑), 𝐿𝐿𝑛𝑛
𝑚𝑚 are the local expansion coefficients, 𝑗𝑗𝑛𝑛 are the spherical Bessel 

functions, 𝑌𝑌𝑛𝑛
𝑚𝑚 are the spherical harmonics, and 𝑁𝑁L is the truncation number for the local expansion. 

2.3.2 Conversion of Expansion Coefficients 
The plane wave expansion coefficients (angular spectrum) 𝑠𝑠 and the local expansion coefficients 

𝐿𝐿𝑛𝑛
𝑚𝑚 can be converted to each other by the spherical harmonic transform and its inverse:  

𝑠𝑠��̂�𝒌� = � � 𝑗𝑗−𝑛𝑛𝐿𝐿𝑛𝑛
𝑚𝑚𝑌𝑌𝑛𝑛

𝑚𝑚��̂�𝒌�
𝑛𝑛

𝑚𝑚=−𝑛𝑛

𝑁𝑁L−1

𝑛𝑛=0
, (8) 



 

 

𝐿𝐿𝑛𝑛
𝑚𝑚 = 𝑗𝑗𝑛𝑛 �𝑠𝑠��̂�𝒌�𝑌𝑌𝑛𝑛

−𝑚𝑚��̂�𝒌�𝑑𝑑 �̂�𝒌. (9) 

3. NUMERICAL EXPERIMENTS 

3.1 Setup 
3.1.1 Outline 

Two analysis cases are shown in Figure 1. In both cases, the positions of the source point q and the 
expansion point L and the distance between the expansion points L and M are the same, but in Case 
A, the expansion point M coincides with the source point q, and in Case B, it does not. The incidence 
directivity |𝑠𝑠|  of the receiving region including the point L was calculated based on several 
calculation procedures shown below. The receiving point p was set on the plane 𝑧𝑧 =  0, which is the 
same plane as points q, L, and M, and ℎ0

(1) was also calculated and compared with the theoretical 
value ℎ0,th

(1) = 𝑒𝑒𝑗𝑗𝑗𝑗𝑟𝑟pq/�𝑗𝑗𝑘𝑘𝑟𝑟pq� . In each case, the effect was investigated by changing the truncation 
number for the infinite sum, 𝑁𝑁P or 𝑁𝑁L. 
 

 
 

Figure 1 – Analysis cases: Case A, where points M and q coincide, and Case B, where M and q do not coincide. 
 

3.1.2 Calculation Procedures of 𝒔𝒔 and 𝒉𝒉𝟎𝟎
(𝟏𝟏) 

Based on the expansion 𝑇𝑇  (up to 𝑙𝑙 = 𝑁𝑁P − 1), we directly calculated 𝑠𝑠 by Equation (3) and used 
𝑠𝑠 to calculate ℎ0

(1) by Equation (1). For comparison, based on the local expansion, 𝐿𝐿𝑛𝑛
𝑚𝑚 (up to 𝑛𝑛 =

𝑁𝑁L − 1) was calculated by Equation (6), converted to 𝑠𝑠 by Equation (8), and ℎ0
(1) was calculated 

using 𝐿𝐿𝑛𝑛
𝑚𝑚 by Equation (5). For the local expansions, only the source point q and the expansion point 

L are assumed, and the expansion point M is not assumed.  
For the calculation procedure for the integral over the unit sphere included in Equations (1) and 

(9), refer to Reference (4). 

3.2 Results and Discussion 
3.2.1 Incidence Directivity 

Figure 2 shows the incidence directivities |𝑠𝑠| (𝑘𝑘𝑟𝑟qL = 30) for all calculation procedures described 
above.  

First, as a reference, we discuss the results based on the local expansion. The directivity |𝑠𝑠| 
changes significantly with an increase in the truncation number 𝑁𝑁L. As mentioned above, |𝑠𝑠| can be 
regarded as the incidence directivity to a certain receiving region centered at the point L. Since the 
region where ℎ0

(1) is calculated with high accuracy (see Figure 4) changes depending on 𝑁𝑁L, |𝑠𝑠| can 
be interpreted as the directivity for this highly accurate region (hereinafter referred to as the high-
accuracy region). When 𝑁𝑁L is large (𝑁𝑁L ≥ 2𝑘𝑘𝑟𝑟qL in this case), strong directivity is observed on the 
opposite side of the sound source, which deviates from incidence directivity in a general sense. This 
was also the case for other dimensionless wavenumbers, such as 𝑘𝑘𝑟𝑟qL = 60, 120. This is because a 
wide region of the sound field including the vicinity of the source is expanded by plane waves. 
Mathematically, this corresponds to the divergence of ℎ𝑛𝑛

(1)  in 𝐿𝐿𝑛𝑛
𝑚𝑚 . Figure 3 shows the maximum 

M
q (krqL, 0, 0)

M
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p
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value of |𝑠𝑠|  for direction �̂�𝒌 , max𝑖𝑖��𝑠𝑠��̂�𝒌𝑖𝑖��� , in relation to the truncation number 𝑁𝑁L . The value 
increases rapidly in the range 𝑁𝑁L ≥ 𝑘𝑘𝑟𝑟qL due to the divergence of ℎ𝑛𝑛

(1).  
 
 

 
 

Figure 2 – Incidence directivities |𝑠𝑠| (𝑘𝑘𝑟𝑟qL = 30). 
 

 
Figure 3 – Relationship between 𝑁𝑁L and max𝑖𝑖��𝑠𝑠��̂�𝒌𝑖𝑖��� (𝑘𝑘𝑟𝑟qL = 30). 

 
Next, we discuss the results based on the expansion 𝑇𝑇 . In Case A, where the expansion point M 

coincides with the source point q, only the result with 𝑁𝑁P = 3𝑘𝑘𝑟𝑟qL is slightly different from that 
based on the local expansion. This is also due to the divergence of ℎ𝑛𝑛

(1), but it appears differently from 
that in the case of the local expansion. This is caused by the difference in the high-order components 
near the truncation number for the expansions between 𝑠𝑠 calculated directly by Equation (3) and 𝑠𝑠 
converted from 𝐿𝐿𝑛𝑛

𝑚𝑚 using Equation (8). In other words, 𝑠𝑠 based on the local expansion does not 
correspond one-to-one with 𝑠𝑠 based on the expansion 𝑇𝑇 , even with the same truncation number for 
the expansions.  

On the other hand, in Case B, where the expansion point M does not coincide with the source point 
q, all directivities |𝑠𝑠| points toward M and not toward q, regardless of the truncation number 𝑁𝑁P. 
This is reasonable given that |𝑠𝑠| = |𝑇𝑇 |, as is clear from Equation (3), and that 𝑇𝑇  depends only on �̂�𝒌 
and 𝒓𝒓LM but not on the position of the point q, as is clear from Equation (4). That is, when calculated 
directly using Equation (3), the directivity |𝑠𝑠| does not point toward the real sound source, but toward 
the converted multipole sound source.  
3.2.2 High-Accuracy Region 

The spatial distributions of ℎ0
(1) (𝑘𝑘𝑟𝑟qL = 30) on the receiving plane 𝑧𝑧 =  0 are shown in Figures 

4 to 6 for each calculation procedure, along with the distributions of the relative error 𝜀𝜀ℎ calculated 
by the following formula:  

𝜀𝜀ℎ =
�ℎ0,approx

(1) − ℎ0,th
(1) �

�ℎ0,th
(1) �

, (10) 

where ℎ0,approx
(1)  denotes ℎ0

(1) calculated through the above-mentioned procedures.  
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Figure 4 – ℎ0,approx

(1)  calculated using Equation (5) and the relative error 𝜀𝜀ℎ (𝑘𝑘𝑟𝑟qL = 30). 
 

 
Figure 5 – ℎ0,approx

(1)  calculated using Equation (1) and the relative error 𝜀𝜀ℎ for Case A (𝑘𝑘𝑟𝑟qL = 30). 
 

 
Figure 6 – ℎ0,approx

(1)  calculated using Equation (1) and the relative error 𝜀𝜀ℎ for Case B (𝑘𝑘𝑟𝑟qL = 30). 
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The results based on the local expansion (Figure 4) shows that the high-accuracy region expands 
spherically centered at the expansion point L (0, 0, 0) as the truncation number 𝑁𝑁L increases. Circles 
of diameter 𝑁𝑁L  centered at the point L are also shown in the figures, and these circles roughly 
correspond to the high-accuracy regions until the region reaches the source point q (𝑁𝑁L ≤ 2𝑘𝑘𝑟𝑟qL). In 
other words, when the local expansion is used, the calculation accuracy for the region is maintained 
even if the expansion includes the high-order components. Figure 7 shows the characteristics of |ℎ𝑛𝑛

(1)| 
and |𝑗𝑗𝑛𝑛ℎ𝑛𝑛

(1)|. The spherical Hankel function ℎ𝑛𝑛
(1) diverges as 𝑛𝑛 increases, while the spherical Bessel 

function 𝑗𝑗𝑛𝑛 converges to zero. As a result, the local expansion Equation (5) including the product of 
the two functions 𝑗𝑗𝑛𝑛ℎ𝑛𝑛

(1) converges well. 
 

 

Figure 7 – Characteristics of |ℎ𝑛𝑛
(1)(𝑘𝑘𝑟𝑟1)| (upper) and |𝑗𝑗𝑛𝑛(𝑘𝑘𝑟𝑟2)ℎ𝑛𝑛

(1)(𝑘𝑘𝑟𝑟1)| (lower) (𝑟𝑟1/𝑟𝑟2 = 4/
√

3). 
 
Next, we discuss the results based on the plane wave expansion. In Case A (Figure 5), where the 

expansion point M coincides with the source point q, being different from the results based on the 
local expansion (Figure 4), the values diverge for 𝑁𝑁P = 3𝑘𝑘𝑟𝑟qL  and there are no highly accurate 
regions. This is because the expansion 𝑇𝑇  (Equation (4)) does not include any convergence functions 
that cancel the divergence of ℎ𝑛𝑛

(1). As is well known (6), for Equation (1) to function effectively, there 
must be no high-order components of the infinite sum in Equation (4). Note that for larger 
dimensionless wavenumbers (𝑘𝑘𝑟𝑟qL = 60, 120), the values diverged even for 𝑁𝑁P = 2𝑘𝑘𝑟𝑟qL. This suggests 
that 𝑁𝑁P ≲ 𝑘𝑘𝑟𝑟qL should be satisfied in general. Moreover, if FMBEM is used, 𝑁𝑁P must be within the 
range generally recommended for FMBEM because the hierarchical cell structure generally adopted 
in FMBEM imposes restrictions on the placement of the sources, receivers, and expansion points. 

On the other hand, in Case B (Figure 6), where the expansion point M does not coincide with the 
source point q, the high-accuracy regions are slightly shifted downward in accordance with the 
position of the point M. This results in inaccuracy even within a small region centered at the expansion 
point L when 𝑁𝑁P is small (𝑁𝑁P ≤ 𝑘𝑘𝑟𝑟qL/3). 

3.2.3 Calculation Accuracy of 𝑳𝑳𝒏𝒏
𝒎𝒎 Converted from 𝒔𝒔 

In Case B, we converted the values of 𝑠𝑠 with the truncation number 𝑁𝑁P to the values of 𝐿𝐿𝑛𝑛
𝑚𝑚 up 

to 𝑁𝑁L = 𝑁𝑁P by Equation (9), and calculated the relative error of these values to the theoretical values 
of 𝐿𝐿𝑛𝑛

𝑚𝑚 for each 𝑛𝑛-th order components, using the following formula:  

𝜀𝜀𝐿𝐿𝑛𝑛
= 

∑ 𝐿𝐿𝑛𝑛,approx
𝑚𝑚𝑛𝑛

𝑚𝑚=−𝑛𝑛
− ∑ 𝐿𝐿𝑛𝑛,th

𝑚𝑚𝑛𝑛
𝑚𝑚=−𝑛𝑛

∑ 𝐿𝐿𝑛𝑛,th
𝑚𝑚𝑛𝑛

𝑚𝑚=−𝑛𝑛

,  (11) 

where 𝐿𝐿𝑛𝑛,approx
𝑚𝑚   are 𝐿𝐿𝑛𝑛

𝑚𝑚  converted from 𝑠𝑠  and 𝐿𝐿𝑛𝑛,th
𝑚𝑚   are 𝐿𝐿𝑛𝑛

𝑚𝑚  directly calculated using Equation 
(6).  

Figure 8 shows the relationship between 𝑁𝑁P and 𝜀𝜀𝐿𝐿𝑛𝑛
. In the area of large 𝑁𝑁P, the error is large 
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regardless of the order 𝑛𝑛 due to the divergence of ℎ𝑛𝑛
(1) in Equation (4). On the other hand, in the 

area of small 𝑁𝑁P, although the error is large near 𝑛𝑛 ≈ 𝑁𝑁P, but high accuracy is obtained for low 
order 𝑛𝑛 (e.g., 𝑛𝑛 ≤ 𝑁𝑁P/2). If 𝑠𝑠 is reconstructed using only these low-order components of 𝐿𝐿𝑛𝑛

𝑚𝑚, a 
highly accurate incidence directivity can be calculated that points toward the real sound source as in 
calculations based on the local expansion. 
 

 
 

Figure 8 – Relationship between NP and 𝜀𝜀𝐿𝐿𝑛𝑛
 for Case B. 

 
3.2.4 Incidence Directivity Obtained from 𝒔𝒔 Converted from Low-Order 𝑳𝑳𝒏𝒏

𝒎𝒎  
The graph of 𝑁𝑁L = 𝑁𝑁P = 𝑘𝑘𝑟𝑟qL in Figure 2 is shown again in Figure 9, where the result for Case 

B is reconstructed from the low order components of 𝐿𝐿𝑛𝑛
𝑚𝑚 up to 𝑁𝑁L = 𝑁𝑁P/2 = 𝑘𝑘𝑟𝑟qL converted from 

the values of 𝑠𝑠 with the truncation number 𝑁𝑁P = 2𝑘𝑘𝑟𝑟qL. All results are in good agreement. 
 

 
 

Figure 9 – Incidence directivities |𝑠𝑠| with the result for Case B reconstructed from low-order components 
of 𝐿𝐿𝑛𝑛

𝑚𝑚 (𝑘𝑘𝑟𝑟qL = 30). 
 

4. SUMMARY 
As fundamentals for efficient calculation of incidence directivity based on FMBEM, a basic study 

assuming a free field with a point source was presented.  
The expansion coefficients for the plane wave expansion of a sound field can be interpreted as the 

incidence directivity for a certain finite region (high-accuracy region) that centered at the expansion 
point. The high-accuracy region and the corresponding incidence directivity change depending on the 
truncation number for the expansion. In other words, the incidence directivity for a region of a desired 
size can be calculated by controlling the truncation number for the expansion. The high-accuracy 
region roughly corresponds to the interior region of a sphere centered at the expansion point and 
having a diameter approximately of the truncation number for the expansion.  

However, when calculating the plane wave expansion coefficients using the series expansion 𝑇𝑇 , it 
cannot be used directly as the incidence directivity. It is necessary to convert the coefficients to the 
local expansion coefficients and then newly reconstruct the plane wave expansion coefficients by 
inverse conversion using only the low-order components of the local expansion coefficients.  
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ABSTRACT
The authors have been proposed the wave-based room acoustic solver with dispersion-optimized parallel ex-
plicit time-domain FEM (TD-FEM), which can deal with locally reactive frequency-dependent sound-absorbing
boundaries. Earlier work showed that it could rapidly simulate a sizeable sound field in an auditorium model
of 150 million DOF up to 3 kHz, with 512 CPU core parallelization. Here, the solver’s applicable range is
extendable further with the massively parallel computing environment. The present study conducts the scalabil-
ity test of the solver in massively parallel computing for two real-scale architectural spaces. First, the speedup
using up to 6144 CPU cores parallelization in computing impulse response with the upper-limit frequency of
6 kHz in a meeting room model of 35 million DOF is examined. Then, the massively parallel performance to
the auditorium model having 750 million DOFs is demonstrated. Results showed excellent performance of the
present solver to room acoustics simulation.

Keywords: Room acoustics, Wave-based room acoustics simulation, FEM, Parallel computing

1 INTRODUCTION
Wave-based room acoustics solvers are powerful prediction tools for room acoustics design thanks to their ca-
pability to describe all wave phenomena. They can deal with the effects of room shape and acoustical materials
such as sound absorbers and diffusers more precisely than the conventional geometrical acoustics simulations
ignoring the wave property of sounds. Thus, wave-based room acoustic auralization has been drawing interest
intensely. However, it is difficult for the wave-based method, in general, to perform auralization of speech or
music with wideband spectra due to the wave-based modeling of real-sized rooms up to several kHz requiring
huge computational costs.

On the other hand, recent advancements in the development of computationally efficient solvers with parallel
computing techniques have been extending the applicable range of wave-based room acoustics solvers in archi-
tectural spaces, and their application in auralization is becoming feasible. The authors have proposed a novel
wave-based room acoustics solver using the dispersion-optimized explicit time-domain FEM (TD-FEM) [1] as
a highly efficient parallel acoustic solver. Our method achieves high efficiency by optimizing dispersion er-
ror [2] that minimizes both spatial and temporal discretization errors and can simulate a large-scale auditorium
model with frequency-dependent local reactive absorbing boundary up to 3 kHz rapidly with 512 CPU cores
parallelization based on domain decomposition method (DDM). However, we still require to reveal the applica-
bility of parallel explicit TD-FEM to massively parallel computation exceeding thousand CPU cores for drastic
enlargement of its applicable range to large-scale room acoustic problems.

The present study shows the scalability of explicit TD-FEM in massively parallel computing up to 6144
CPU cores parallelization via room acoustics modeling of two real-scale architectural spaces.

ABS-0482



2 PARALLEL ROOM ACOUSTICS SIMULATOR WITH DISPERSION-OPTIMIZED
EXPLICIT FEM

2.1 Time-marching scheme
The explicit TD-FEM deals with the second-order scalar wave equation as

p̈(r, t)− c2
0∇

2 p(r, t) = ρ0c2
0q̇(r, t)δ (r−rs), (1)

under the three boundary conditions (BCs) of the rigid BC Γ0, the vibration BC ΓV, and the impedance BC
ΓZ. Here, p and q are respectively the sound pressure and the volume velocity per unit volume. c0 and ρ0
are respectively the sound speed and the density of air. In addition, r and rs respectively denotes the arbitrary
coordinate vector in analyzed domain and the coordinate vector of a point source. ∇2 stands for the Laplacian
operator. t is the time. δ represents the Dirac delta function. Symbols · and ·· are respectively the first-order and
second-order time derivatives. The impedance BC accompanies the convolution due to the frequency dependency
of the specific acoustic admittance ratio yn. Based on the Galerkin finite element approximation, simultaneous
semi-discretized finite element equation for the explicit TD-FEM with the approximation of convolution by
auxiliary differential equations (ADE) method [3] is derived as [1]

Dṗ=Mv, (2)

Dv̇ = f − c2
0Kp− c0C(y∞ṗ+

nrp

∑
i=1

Aiϕi +2
ncp

∑
i=1

(Biψ
(1)
i +Ciψ

(2)
i ))

)
, (3)

ϕ̇i +λiϕi = ṗ, (4)

ψ̇
(1)
i +αiψ

(1)
i +βiψ

(2)
i = ṗ, (5)

ψ̇
(2)
i +αiψ

(2)
i −βiψ

(1)
i = 0. (6)

Here, M , K, and C respectively represent the global consistent mass matrix, the global stiffness matrix, and
the global dissipation matrix composed with each element matrix Me, Ke and Ce. Also, D represents the
lumped mass matrix constructed from M using the row-sum method. p and f respectively represents the
sound pressure vector and the external force vector. Additionally, v is the auxiliary vector equivalent to the
first-order derivative of p with respect to time. The ADE method approximates convolution using rational fitted
frequency-dependent admittance with the real poles λi, the pairs of complex conjugate poles αi ± jβi, and real-
valued parameters y∞, Ai, Bi and Ci as follow.

yn(ω)≈ y∞ +
nrp

∑
i=1

Ai

λi + jω
+

ncp

∑
i=1

(
Bi − jCi

αi − jβi + jω
+

Bi + jCi

αi + jβi + jω
), (7)

where nrp and ncp are the numbers of real poles and complex conjugate pole pairs. The rational fitted admittance
must be causal and passive to guarantee numerical stability. The explicit TD-FEM minimizes the dispersion
error at a specific frequency with specially designed integration points in Me and Ke for wave propagations
in axial and diagonal directions under the Cartesian system. The time-marching scheme is formulated with
dissipattion-free three-step time integration method [2] to Eq. (2), the first-order backward difference to v̇ and



the first-order central difference to ṗ in Eq. (3), and Crank-Nicolson method to Eqs. (4)–(6) as follow.

pn = (2pn−1 −2pn−2 +pn−3)+∆tD−1 (woptMvn−1 +(1−2wopt)Mvn−2 +woptMvn−3) , (8)(
I+

wopt

2
c0∆t(y∞ +

nrp

∑
i=1

Ai∆t
2+∆tλi

+2
ncp

∑
i=1

Bi(2∆t +αi∆t2)+Ciβi∆t2

4+4αi∆t +(α2
i +β 2

i )∆t2 )D
−1CD−1M

)
vn

= vn−1 +∆tD−1(fn − c2
0Kp

n − c0C(y∞V
n +

nrp

∑
i=1

AiX1,i +2
ncp

∑
i=1

(BiX2,i +CiX3,i))
)
,

(9)

ϕn
i =

∆t
2+λi∆t

+X1,i, (10)

ψ
(1),n
i =

2∆t +αi∆t2

4+4αi∆t +(α2
i +β 2

i )∆t2 +X2,i, (11)

ψ
(2),n
i =

βi∆t2

4+4αi∆t +(α2
i +β 2

i )∆t2 +X3,i, (12)

with

V n =
1
2
D−1((1−2wopt)Mvn−1 +woptMvn−2)+

1
2∆t

(2pn −3pn−1 +pn−2), (13)

X1,i =
(2−λi∆t)ϕn−1

i +∆tṗn−1

2+λi∆t
, (14)

X2,i =

(
4− (α2

i +β 2
i )∆t2

)
ψ

(1),n−1
i +(2∆t +αi∆t2)ṗn−1 −4βi∆t2ψ

(2),n−1
i

4+4αi∆t +(α2
i +β 2

i )∆t2 , (15)

X3,i =

(
4− (α2

i +β 2
i )∆t2

)
ψ

(2),n−1
i +βi∆t2ṗn−1 +4βi∆t2ψ

(1),n−1
i

4+4αi∆t +(α2
i +β 2

i )∆t2 . (16)

Here, ∆t and n are the time interval and the time step, respectively. wopt is the optimization parameter for
minimizing temporal dispersion error at a specific frequency. In later numerical experiments, the dispersion error
optimization is carried out according to the following earlier reports [1, 2]. All equations are explicit except
for Eq. (9), which uses an implicit time discretization to maintain computations’ stability on boundary surfaces.
The solution of linear system requires a high computational cost. However, the fast solution is possible by
only constructing the linear system on boundary-related surface nodes [4]. The remaining part can be computed
explicitly as

vn = vn−1 +∆tD−1(fn − c2
0Kp

n). (17)

As a result, the linear system size of Eq. (9) becomes much smaller than that of the global matrix. Eq. (9) can
be solved accurately with a small computational load using an iterative solver, namely the conjugate residua1
method. The convergence tolerance is set to 10−4.

2.1.1 DDM-based parallel computation
The present explicit TD-FEM uses DDM-based parallel computing technique based on non-overlapping subdo-
mains. The DDM-based parallel computation conducts matrix assembling and time-marching computation on
each subdomain simultaneously by distributing subdomains into different computational nodes or processors. A
message passing interface (MPI) is used to communicate with other computation processes.

In our implementation, the whole FE volume mesh firstly partitions into non-overlapped subdomain FE
meshes, with the Metis Library [5]. Each computational process reads its subdomain FE volume mesh files,
then the matrices M , K, and D are constructed rapidly. However, all computational processes read the same
global surface mesh file for constructing boundary condition matrix C because of ease of implementation.
Each process conducts time-marching calculation in Eqs. (8)–(17) in parallel. The detailed procedure of sparse
matrix-vector products and inner products, which are the main operations, are written in [1].



Figure 1. Office model for scalability test. Cyan and red spheres are respectively the source point and the
receiving point.
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(b) GW96K

Figure 2. Statistical absorption coefficient for (a) GW32K and (b) GW96K.

3 SCALABILITY TEST OF PARALLEL EXPLICIT TD-FEM IN CLOUD HPC ENVI-
RONMENT

The parallel performance of the proposed room acoustic solver under a cloud HPC environment with massively
CPU cores was examined. We evaluated speedups up to 6144 CPU cores parallelization via acoustic simulation
in an office up to 6kHz. The used computational environment was Amazon Web Services HPC6a.48xlarge
instance (AMD EPYC 7003, 96 CPU and 384 GBytes per node) and Intel Fortran compiler ver. 2021.

3.1 Analyzed model and computation setting
Figure 1 presents the analyzed office model, which is a small meeting room of 66.6 m3, for the scalability
test. The source point and the receiver were respectively placed on (x, y, z) = (2.5, 5.8, 1.5) and (0.7, 1.45,
1.2). The ceiling and absorbing panels (yellow surfaces in Fig. 1) are respectively frequency-dependent ab-
sorbing boundary modeled with surface impedance of sound absorbers GW32K and GW96K, which are glass
wool absorbers with rigidly-backed wall. Their densities are respectively 32 kg/m3 and 96 kg/m3. The glass
wool absorbers were modeled using the transfer matrix method [6] with its fluid property estimated by the Miki
model [7] where the flow resistivity and thickness of materials were 55,000 Pas/m2 and 50 mm for GW32K,
and 13,900 Pas/m2 and 25 mm for GW96K, respectively. Figure. 2 presents the statistical absorption coef-
ficients of the GW32K and GW96K. To model those absorbers in the time-domain, their specific admittance
ratios were approximated into the multipole models with five real poles and five complex pole pairs, and eight
real poles and three complex pole pairs, respectively. The surfaces on the windows and doors were given to
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Figure 3. The result of scalability test (a) computational time and (b) speedup S.

the acoustic impedance whose statistical absorption coefficient corresponds to 0.05. The other boundaries have
the acoustic impedance equivalent to the statistical absorption coefficient of 0.08. The office model was spa-
tially discretized with cubic-shaped eight-node element with 0.0125 m edge length. The resulting DOF was
respectively 35,179,305. Room impulse responses up to 1 s was calculated with ∆t = 1/57,000. For the exci-
tation signal, the impulse response of FIR filter with upper-limit frequency of 6 kHz, which was crated using
Parks-McCellan algorithm, was employed. The scalability was measured with the speedup S as

S =
T1

TX
, (18)

where TX is the computational time for the case using X computational nodes. The measure S represents
speedup on the case with X nodes parallelization against the computational time with one node parallelization.
We evaluated S in both the time-marching computation time, which is main operation of TD-FEM, and the total
computation time up to X = 64 nodes in doubling increments from one. Also, 96 CPU cores were available per
computational node. 6144 CPU cores paralelization was performed for the case with 64 nodes.

3.2 Results and discussion
The convergence of the time-marching computation time and the total computation time against the number of
computational nodes is presented in Fig. 3(a). The total computation time for 64 nodes case is only 217 s,
presenting excellent computational speed of proposed parallel simulator with massively CPU parallelization in
the cloud environment. It can be observed that both time-marching computation times and total computation
times are becoming shorter linearly with the increase of parallelized CPU cores. The difference between time-
marching computation time and total computation time increase with larger number of computational nodes.
This is because all computation process loads surface element mesh files simultaneously in our coding at this
stage, causing conflict among process and delay in file loadings. Figure 3(b) compares the resulting and ideal
S in time-marching computation times and total computation times. The excellent speedup was seen in time-
marching computation time: numerical results agree with ideal values well. Numerical result for the case with
64 node shows S =59.7 against the ideal value of 64. On the other hand, S for total computation time was
lower than that for time-marching computation time due to conflict in surface element mesh loading explained
above. However, we still obtained high parallel performance as S =47.8 when using 64 nodes.

4 APPLICATION OF PARALLEL EXPLICIT TD-FEM TO LARGE-SCALE AUDITO-
RIUM MODEL

We further demonstrate the parallel performance via an enormous auditorium model with 745,335,325 DOFs.
We predict sound fields in two absorption conditions with 6144 CPU cores parallelization. The computational
environment is the same as Sec. 3.



Figure 4. Large-scale auditorium model. Cyan and red spheres are respectively the source point and the receiv-
ing points.

Table 1. Locations of receivers

Receiver (x, y, z)

R1 (8.07, 0, 0.9)

R2 (8.07, 4.6, 0.9)

R3 (13.3, 0, 2.7)

R4 (13.3, 4.6, 2.7)

R5 (18.5, 0, 4.5)

R6 (18.5, 4.6, 4.5)

4.1 Analyzed model and computation setting
Figure 4 presents the auditorium model of 2271 m3 including the source point and six receivers. The source was
located on (x, y, z) = (2.1, 0, 1.2), and the specific locations of the receivers are listed in Table 1. We calculated
impulse responses in the auditorium with upper frequency of 5 kHz on the two absorption conditions (Cond. 1
and Cond. 2). For both conditions, three sound absorbers of GW24K, NF and MPP-GW were respectively as-
signed as frequency-dependent impedance boundaries on the ceiling, the gray colored step area and the gray col-
ored back wall area. Additionally, Cond. 2 assumed the side walls as frequency-dependent impedance boundary
of GW24K. Other surfaces except frequency-dependent impedance boundaries are frequency-independent bound-
aries with statistical absorption coefficient of 0.175. Therein, GW24K is rigidly-backed glass wool of 24 kg/m3

with 50 mm thickness, NF is rigidly-backed needle felt of 15 mm thickness and MPP-GW is microperforated
panel (MPP) absorber with rigid MPP and GW24K behind it. The detailed descriptions for each absorber are
reported in the relevant literature of [1]. The statistical absorption coefficients for three absorbers are illustrated
in Fig 5. As a source signal, the impulse response of optimized FIR filter designed with Parks-McCellan algo-
rithm whose waveform and spectrum are presented in Fig. 6. The room was spatially discretized with 8-node
hexahedral elements whose maximum edge lengths were lower than 0.015 m. The spatial resolution of the
resulting mesh keeps 4.6 elements per wavelength with a maximum dispersion error lower than 1% in theory.
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Figure 5. Statistical absorption coefficient: (a) GW24K, (b) NF and (c) MPP-GW.
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Figure 6. Source signal: (a) waveform and (b) spectrum.

We divided the computational model into 6144 subdomains with Metis [5]. Then, the massively parallel com-
putings with 6144 CPU cores were performed. We present the computational times and examples for acoustics
parameters (reverberation time T30 and rapid speech transmission index (RASTI)) as demonstration. For evalu-
ating acoustics parameters, the effect of air absorption is considered by the time-varying lowpass IIR filter [8]
whose dissipation property is fitted to pure-tone sound attenuation coefficient described in ISO 9613-1 [9]. The
included air absorption characteristic is the air condition of 25 ◦C and relative humidity 50%.

4.2 Results and discussion
First, we presents the notable faster computation times for each condition: 12,777 s and 12,028 s for Cond. 1
and Cond. 2, respectively, indicating the high applicability of the explicit TD-FEM to large-scale room acoustics
problems. Then, we present the resulting acoustics parameters at each receiver in Fig. 7. Here, reverberation
times are averaged values over 500 Hz and 1 kHz. Ones can see the effect of side wall absorbers on both
reverberation and speech clarity. As for reverberation time, Cond. 2 indicates shorter values than those of
Cond. 1 with relative differences of 35% - 45%. Cond. 2 also presents better speech clarity than Cond. 1
where the absolute differences are larger than JND in speech transmission index of 0.03 [10] for all receivers.
From the relevant literature, those drastic changes of sound fields are derived by side wall absorbers eliminating
harmful reflecting sounds between side walls, which cause longer reverberation and worse speech clarity. Those
results clearly demonstrate the practicality of the parallel explicit TD-FEM as evaluating tool for large-scale
room acoustics.

5 CONCLUSIONS
The present study showed the scalability of the parallel explicit TD-FEM on a massively parallel cloud HPC
environment and its practicality in large-scale room acoustics simulation via two real-sized architectural acoustics
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Figure 7. Acoustic parameters: (a) reverberation time and (b) RASTI.

problems. The result showed the excellent scalability and practicality of present explicit TD-FEM. We will
applied the present method to auralization application of architectural spaces.
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ABSTRACT 

In wave-based room acoustic simulations, numerical discretization techniques are used to directly solve the 

governing physics equations of wave motion in enclosures. These methods can be highly precise, as no 

approximation on the wave propagation simulation is made and wave phenomena such as diffraction and 

interference are inherently accounted for. In this talk we present a parallel and scalable discontinuous 

Galerkin Finite Element Method (DGFEM) room acoustics simulator. The DGFEM method is attractive for 

room acoustic simulations because of its geometric flexibility and suitability for parallel computing. The 

simulator is designed for use with modern massively parallel computing architectures in the cloud, such as 

multi-GPU high-performance computing systems. Several benchmark studies are presented that demonstrate 

the scalability of the simulator and its ability to simulate large and complex rooms, over a broad frequency 

range, with realistic boundary conditions, both in terms of compute time and memory requirements. Overall, 

this shows the applicability of the simulator to solve problems of industrial relevance that have historically 

been perceived as being computationally too demanding. 

 

Keywords: Virtual acoustics, wave-based room acoustic simulations, discontinuous Galerkin finite element 

method 

1. INTRODUCTION 

 

Room acoustic simulations are used to predict how three-dimensional virtual spaces will sound. 

This can be used, e.g., in building design for optimizing acoustic conditions, and in virtual reality for 

generating a perceptually authentic virtual listening experience. Different methods for simulating 

wave propagation in enclosed spaces have been proposed in the literature. These methods are typically 

classified either as geometrical acoustics methods (1), where the acoustic wave is approximated as a 

ray, i.e., a high frequency approximation, or wave-based methods, where the wave equation is solved 

directly using numerical discretization techniques such as finite difference methods (2), boundary 

element methods (3), finite volume methods (4) or finite element methods (5). Geometrical acoustics 

methods tend to be computationally very efficient, but their accuracy can be low, particularly in the 

low-mid frequency range and in complex geometries (6). Wave-based methods, on the other hand, are 

more accurate, since they inherently account for wave phenomena such as diffraction and interference, 

but they tend to be computationally heavy. This has up until now rendered their use in practical 

industrial applications of room acoustic simulations relatively rare . However, thanks to continuous 

advances in both numerical methodology and computational hardware, wave-based methods are 

becoming more feasible for larger scale problems of industrial relevance.  

In this paper, a wave-based room acoustic simulation framework, which is based on the 

discontinuous Galerkin finite element method (DGFEM), is analyzed. The analysis both concerns 

comparing simulation results versus measurements in selected benchmark cases, and investigating 

computational performance (simulation run-time and parallelization efficiency). Last, an example of 
an industrial application of the framework is given.     
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2. SIMULATION FRAMEWORK 

The simulation framework has been presented in previous publications (7) and is therefore only 

briefly summarized here. The system solves the lossless time-domain acoustic wave equation, 

expressed as follows 
𝜕𝒗

𝜕𝑡
=  − 

1

𝜌
∇𝑝,  

𝜕𝑝

𝜕𝑡
=  −𝜌𝑐2∇ ∙ 𝒗,  

where 𝒗(𝒙, 𝑡) is the particle velocity, 𝑝(𝒙, 𝑡) is the sound pressure, 𝒙 is the position, 𝑡 is time, 𝑐 is 

the speed of sound in air, and 𝜌 is the density of air. The air volume of the virtual space is discretized 

into a set of non-overlapping tetrahedral elements, and the wave equation in each element is expressed 

as follows in its discretized form  
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where 𝑢, 𝑣, 𝑤  are the 𝑥, 𝑦, 𝑧  components of the particle velocity, the star-labeled terms denote 

numerical flux terms, 𝒏 is the element face normal, ℳ𝑘 is a local mass matrix of element 𝑘, 𝒮𝑘 is 

a local stiffness matrix, and ℰ𝑘is a matrix operator for carrying out surface integration. The semi-

discrete system is then integrated in time using a low-storage 4th order explicit Runge-Kutta time 

stepping method (8). 

The valid frequency range of the simulation is set by the volumetric mesh resolution. In all 

simulations carried out in this study, we use 𝑁 = 4 basis functions, and 2.5 elements per wavelength 

at the highest frequency of interest. Frequency dependent impedance boundary conditions are 

incorporated into the simulation using the method of auxiliary differential equations (9). The 

simulation model is excited using a Gaussian pulse initial condition at the desired source location, 

which yields a broadband omnidirectional point-source-like excitation.  

3. BENCHMARKS 

3.1 Simple rectangular room 

A small box shaped room, located at the Technical University of Denmark, with dimensions 4.3 x 

3.3 x 3.0 m, is chosen for this benchmark study. The measurement data comes from a previous study 

(10). The room only has rigid concrete walls and a single heavy steel door, but for this study, one of 

the walls is covered with an absorbing material (either a 40 mm or a 100 mm porous absorber). The 

absorbing material is modelled using Miki´s model for porous materials, with the material thickness 

and flow resistivity data sheet value as input parameters. The concrete walls are modelled as a constant 

high impedance surface. The room is simulated up to around 5kHz. Simulated and measured transfer 

functions are compared for an arbitrarily chosen source and receiver combination in Fig. 1. The results 

are only shown up to 500 Hz for the sake of visual clarity of the plots.  An excellent match between 

simulations and measurements is observed.    



 

 

   

Figure 1 – Frequency responses for the small rectangular room. Left: 40 mm absorber. Right: 100 

mm absorber. 

3.2 BRAS Diffuser single reflection 

The Benchmark for Room Acoustic Simulations (BRAS) (11) is an open-source data base of various 

room acoustic measurements that can be used for benchmarking simulation accuracy. We consider 

here case RS1 – a single reflection case of a medium density fiberboard (MDF) diffuser placed on a 

hard floor of a hemi anechoic chamber (see Fig. 2, left). The simulated and measured transfer functions 

are compared in Fig. 2, right. Again, an excellent match between measurements and simulations is 

observed, proving the framework’s capability to model the acoustical behavior of complex 

geometrical shapes. We note that in (6), numerous geometrical acoustics-based simulation tools were 

used to simulate this case, and none came close to capturing the true transfer function.  

 
Figure 2 – Single reflection off a diffuser case. Left: Measurement setup. Right: Simulated and 

measured frequency response. 

3.3 BRAS diffraction around finite plate 

We now consider case RS2 from the BRAS database: diffraction around a finite plate. Fig. 3 shows 

a photograph from the measurement setup – a source is placed in front of a finite plate in an anechoic 

chamber, and a microphone is placed behind the plate. We consider two source positions, one where 

there is a direct line of sight between the source and the receiver, and one where there is not.  

 
Figure 3 – Measurement setup for the finite plate diffraction benchmark case.  



 

 

The mesh resolution of the wave-based simulation is set such that the simulation should be accurate 

up to at least 1000 Hz. The plate is modeled as an infinitely thin surface – the DGFEM method lends 

itself naturally to such a formulation. Using an infinitely thin plate circumvents the need to discretize 

the thin edges of the plate, which yields very small elements and, in turn, a small time step size in the 

simulation, which will increase the runtime of the simulation. The plate is assumed to be perfectly 

reflecting and no sound transmission through the plate is allowed. The simulated pressure time series 

are recorded up to 25 ms after source emission to avoid spurious reflections from the outer boundaries 

of the computational domain. 

Figure 4 shows the resulting frequency responses for the two source conditions. For the without-

line-of-sight case, there is a good match between the simulation and the measurement. For the with-

line-of-sight case, the general trend and oscillatory nature of the response is similar between the 

measurement and simulation. The oscillations are due to the interference between the direct wave and 

the waves diffracted on the edges of the plate. There is, however, a shift in frequency of about 50 Hz, 

which is possibly due to the positioning uncertainty of the source and the microphone for  the 

measurements. 

 

        

Figure 4 – Simulated and measured frequency responses for the finite pate case. Left: without 

line of sight between source and receiver. Right: with line of sight between source and receiver. 

 

3.4 BRAS seminar room 

The seminar room is taken from the BRAS database. The room has dimensions roughly at 6.0 x 

8.5 x 3.0 m. Most surfaces are hard, including windows, linoleum floor and plaster walls. Fig. 5 shows 

a photograph from the room.  

 

Figure 5 – The BRAS seminar room. 

The materials are modelled using input data from the BRAS database, which are given as random 
incidence absorption coefficients. The BRAS database documentation notes that substantial 

uncertainty is associated with the material input data: “This method [of measuring in-situ surface 
absorption properties] can deliver valid results for normal incidence if applied for porous absorbers 



 

 

in controlled scenarios, but faces several challenges otherwise. These include high uncertainties for 

reflective surfaces and repeated measurements as well as small and complex objects such as chairs. ” 

and “The method provides results between 200 Hz and 10 kHz”. 

The random incidence absorption coefficients are converted into surface impedance using a method 

described in (12). The wave-based simulation is run up to around 3.5 kHz. We note that in the 

measurements, a Genelec 8020c loudspeaker (a highly directive sound source) was used, whereas the 

simulation utilizes an omnidirectional source.  

Fig. 6, left, shows low-frequency frequency responses for an arbitrarily selected source-receiver 

pair. A fair match between simulations and measurements is observed, especially when considering 

the input data uncertainty in this frequency range. Figure 6, right, shows 1/6th octave band averaged 

broadband frequency responses for an arbitrarily selected source-receiver pair. A fair match is 

observed, however a noticeable mismatch is seen in the higher frequency range. This is believed to be 

due to the simulation using an omnidirectional source, whereas the measurement uses a directional 

source.  

  

Figure 6 – Simulated and measured frequency responses for the BRAS seminar room. Left: 

narrow band low frequency response. Right: 1/6 th averaged broadband response. 

Fig. 7, left, shows simulation and measurement results in the time domain, in the early part of the 

impulse response. As can be seen, a fair match between measurements and simulations is observed. 

Note that the arrival times in the measurements do not exactly match with the expected arrival times 

(based on expected travel path length and speed of sound). This might be explained by the fact that 

the true acoustic center of the source does not match exactly with the given source position in the 

database documentation. Furthermore, some inconsistencies in how well the geometric model captures 

the room are to be expected, which can cause slight shifts arrival times. Finally, a comparison of T20 

reverberation time is shown in Fig. 7, right, averaged across all receivers. A good match between 

measurements and simulations is observed.  

 

Figure 7 – Time domain results for the BRAS seminar room. Left: Early impulse response. Right: 

T20 reverberation time, averaged across all receivers. 



 

 

4. COMPUTATIONAL PERFORMANCE 

4.1 Measured runtime 

The runtime of the simulation engine is dictated by  

• the frequency range of the simulation (grows roughly with constant*frequency^4), 

• the size of the domain (grows roughly linearly with the size of the domain),  

• the simulated IR length (grows linearly with the simulated time length),  

• in some cases, the geometrical features of the room can have an impact. When there are fine 

geometrical details much smaller than the wavelength of the highest frequency of interest, the 

time step will have to be reduced. 

 

The simulation runtime of an empty 50 m3 cubic domain is reported in Table 1, when using a single 

Nvidia A100 GPU. These numbers can then linearly be extrapolated to estimate the runtime for 

smaller/larger domains, and longer/shorter impulse response lengths.  

 Room impulse response length 

Upper frequency 0.2 sec 0.5 sec 1.0 sec 

800 Hz 10 sec 25 sec 50 sec 

1600 Hz 3 min 7 min 13 min 

3200 Hz 48 min 2 hours 4 hours 

Table 1. Measured runtime of the simulation engine when using a single Nvidia A100 GPU to 

simulate a 50 m3 cubic domain.  

 

4.2 Multi-GPU performance 

The multi-GPU scalability is analyzed in terms of weak scaling computational efficiency. Weak 

scaling is characterized by how the runtime changes when fixing the problem size for each processing 

unit. Thus, the problem size is increased when increasing the number of processing units, to keep the 

overall workload constant on each processing unit. The weak scaling computational efficiency is given 

by η𝑤 =  𝑇𝑅
𝑏 𝑇𝑅⁄ , where 𝑇𝑅

𝑏 denotes the runtime of a baseline case and 𝑇𝑅 denotes the runtime for the 

comparison case. 

We consider a weak scaling test where 1M mesh elements are used per GPU. The resulting weak 

scaling efficiency is shown in Fig. 8. Excellent weak scaling efficiency is observed. This indicates 

that the simulation engine can be used to efficiently solve nearly-arbitrarily large problems, as long 

as an appropriate amount of computational resources is chosen.  

 

Figure 8 – Weak scaling computational efficiency of the DGFEM framework. 

5. INDUSTRIAL APPLICATION EXAMPLE – OPEN PLAN OFFICE 

In this part, we consider a typical open plan office, and compare the DGFEM-based wave-based 

simulations against measurements and against geometrical acoustics simulations done using a 

commercially available geometrical acoustics based simulation, at low frequencies. Figure 9 shows a 

photograph from the space in question and a rendering of the wave-based simulation. The space has 

14 workstations, and is furnished with desks, chairs and absorbing dividers. Walls are reflecting, either 



 

 

glass, concrete or gypsum, the floor is a linoleum covered concrete slab and the ceiling is a suspended 

class-A acoustic ceiling. 

 

   

Figure 9 – The open plan office considered. 

The T20 reverberation time is measured in the space according to ISO3382-2 and averaged across 

the source and receiver positions. For the simulation, the same material input data is used for the 

geometrical acoustics-based simulation and the wave-based simulation: absorption coefficients from 

relevant data sheets and standard material databases. For the wave-based simulation, the absorption 

coefficients are converted to impedance using (12). Figure 10 shows the resulting reverberation time 

comparison, where it is evident how the wave-based simulation better captures the true reverberation 

time of the space.   

 
Figure 10 – Measured T20 in the open plan office compared against simulated T20, using the 

DGFEM framework and an industry standard geometrical acoustics software. 

6. CONCLUSIONS 

An analysis of a DGFEM-based wave-based room acoustic simulation framework has been 

presented. In the benchmark cases considered, the simulation framework generally matches well with 

measurement results, even in cases that are often considered challenging to simulate, e.g., cases with 

prominent diffraction. The discrepancies that are witnessed between measurements and simulations 

can likely be explained by the lack of imprecise input data: material properties, source properties and 

3D geometry models.  

The analysis of the computational performance shows that a 50m3 room can be simulated up to 

800 Hz in less than a minute, and up to 1.6 kHz in 13 minutes, when using a single GPU.  When 

considering larger rooms, more GPUs can be employed to ensure short runtimes, as demonstrated by 



 

 

the weak scaling parallelization analysis.  

In summary, this indicates that the framework is a viable option for practical room acoustic 

simulations at low-mid frequencies.  
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Impedance boundaries and transmission in wave-based acoustics using the
immersed boundary method
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ABSTRACT
In time-domain volumetric wave-based room and architectural acoustics, accurate modelling of boundary con-
ditions and panel absorbers is difficult, particularly when simulations are performed over a regular grid, and
for geometries that do not conform well to the grid. Operation over a regular grid is ideal for parallelisation
of what are normally very large computational problems. Immersed boundary methods allow the insertion of
irregular structures into a regular grid arrangement through the addition of forcing terms into the underlying dy-
namical system. In this paper, immersed boundary methods are placed within the framework of the modelling
of impedance boundaries, as well as the modelling of surfaces allowing energy transmission. Such methods are
introduced and analysed first in the 1D setting, illustrating required conditions on the forcing terms that allow
the specification of a known impedance boundary condition, and also conditions under which transmission is
permitted. The extension to 3D is briefly presented, alongside simulation examples.

Keywords: Wave-based Simulation, Finite difference time domain method, immersed boundary method,
impedance boundary

1 INTRODUCTION
In volumetric wave-based acoustics, the wave equation is solved over a three-dimensional region or enclosure
using a recursive time-stepping procedure. Many varieties of simulation method are available; for operation
at audio rates, problem sizes can become very large, and thus efficient implementation in parallel hardware
is a necessity. Most amenable to parallelisation are those methods defined over regular Cartesian grids, such
as the finite difference time domain method, which has a long history of use in acoustics and room acoustics
applications [1, 2, 3], as well as Fourier-based methods such as the pseudospectral time domain method [4] and
others, such as the k-space method, used heavily in ultrasound applications [5].

In order to cope with irregular geometries, or boundary conditions, as well as acoustic barriers, capable of
transmitting acoustic energy, the simplest approach is to employ crude “staircase" approximations [6], allowing
the maintenance of a regular grid ordering. Major practical difficulties that occur under staircasing are, across
various different application areas: distortions in reflections due to the jagged boundary termination; grossly
incorrect T60 times in enclosures due to misapproximation of the boundary surface area [7]; and unclear condi-
tions for numerical stability for any but the most basic time-stepping scheme. One remedy is to move towards
unstructured meshing, via finite element [8] or finite volume [9, 10, 7] methods, at the cost of, in general, the
loss of structured indexing of field points. A middle ground is occupied by Cartesian cut-cell methods [11, 12],
where a regular grid arrangement is maintained, and boundary cells are truncated; ensuring numerical stability
under the use of such techniques is still a major issue [12].

Another approach, avoiding 3D meshing entirely, is to make use of immersed boundary methods, where
the boundary, possibly of highly irregular shape, is replaced by forcing terms within the underlying system
to be solved (here, linear acoustics). Immersed boundary methods have a long history in computational fluid
dynamics—see [13, 14, 15, 16], and [17] for an overview. The purpose of this short paper is to show how
such methods can be adapted to handle typical boundary and barrier conditions in wave-based acoustics, includ-
ing impedance conditions, which are not normally treated in the immersed boundary literature, and extending
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previous work [18]. It is shown here that by introducing a pair of discrete forcing terms, characterised by dis-
tinct immittances, it is possible to arrive at a unified model of either an impedance boundary condition, or an
acoustic barrier capable of transmitting energy.

In Section 2, a basic immersed boundary configuration is presented in the simplified case of one-dimensional
acoustic wave propagation. A brief sketch of the resulting time domain simulation method is presented, along-
side conditions under which the barrier is impermeable and behaves as an impedance boundary. The extension
to three spatial dimensions is carried out in Section 3, and numerical results are presented in the case of a
square barrier immersed within a three dimensional space at different orientations relative to the Cartesian grid.
Some concluding remarks appear in Section 4.

2 The One-dimensional Case: Impedance Boundaries and Transmission through Barriers
Consider the case of one-dimensional acoustics, written simply as

ρ∂tv+∂x p = 0
1

ρc2 ∂t p+∂xv = 0 (1)

Here, p(x, t) and v(x, t) are the pressure and particle velocity, respectively, both functions of time t ≥ 0, and
x ∈R. ρ is the density of air, in kg·m−3, and c is the wave speed, in m· s−1. The system is assumed initialised
with two distributions p(x,0) = p0(x) and v(x,0) = v0(x). The system of equations (1) describes acoustic wave
propagation in a tube of constant cross-sectional area, or, alternatively, three dimensional wave propagation
restricted to wave motion in a single direction. It is also useful to define the characteristic impedance and
admittance of air as

Z0 = ρc Y0 =
1

ρc
(2)

Now, add forcing terms to the system, at, without loss of generality, x = 0, giving

ρ∂tv+∂x p+ p∆δ
(1)(x) = 0

1
ρc2 ∂t p+∂xv+ v∆δ

(1)(x) = 0 (3)

Here, δ (1)(x) is a Dirac delta function selecting the location x = 0. The functions p∆(t) and v∆(t) are driving
functions, to be set shortly in terms of field values at x = 0.

Employing Laplace transformation, one may arrive at intermediate forms of p̂(x,s) and v̂(x,s) in terms of
the initial conditions and driving functions:

p̂(x,s) = −1
2

e−s|x|/c (p̂∆sgn(x)+Z0v̂∆)+
1
2c

∫
∞

−∞

e−s|x−ξ |/c (p0(ξ )+Z0sgn(x−ξ )v0(ξ ))dξ (4a)

v̂(x,s) = −1
2

e−s|x|/c (v̂∆sgn(x)+Y0 p̂∆)+
1
2c

∫
∞

−∞

e−s|x−ξ |/c (v0(ξ )+Y0sgn(x−ξ )p0(ξ ))dξ (4b)

where here, s is the complex frequency variable, and sgn(·) is the signum function.
Now, define the driving functions, in the Laplace domain, by the following admittance and impedance rela-

tionships:
p̂∆(s) = 2Z0zd(s) ˆ̄v(s) v̂∆(s) = 2Y0ym(s) ˆ̄p(s) (5)

where here, zd(s) is a dimensionless impedance, and ym(s) is a dimensionless admittance. Both are assumed to
be positive real [19, 20, 21] functions of s, and thus represent passive mechanisms. The functions v̄(t) and p̄(t)
are drawn from the acoustic field at x = 0, and thus

p̄(t) = p(0, t) =
∫

∞

−∞

p(x, t)δ (1)(x)dx v̄(t) = v(0, t) =
∫

∞

−∞

v(x, t)δ (1)(x)dx (6)



The definitions of the forcing functions in terms of the acoustic field, from (5) and (6) above lead, ultimately,
to complete solutions for p̂(x,s) and v̂(x,s), as

p̂(x,s) = − 1
2c

e−s|x|/c
∫

∞

−∞

e−s|ξ |/c (p0(ξ )−Z0sgn(ξ )v0(ξ ))

(
ym

1+ ym
− sgn(x)sgn(ξ )zd

1+ zd

)
dξ (7a)

+
1
2c

∫
∞

−∞

e−s|x−ξ |/c (p0(ξ )+Z0sgn(x−ξ )v0(ξ ))dξ

v̂(x,s) = − 1
2c

e−s|x|/c
∫

∞

−∞

e−s|ξ |/c (v0(ξ )−Y0sgn(ξ )p0(ξ ))

(
zd

1+ zd
− sgn(x)sgn(ξ )ym

1+ ym

)
dξ (7b)

+
1
2c

∫
∞

−∞

e−s|x−ξ |/c (v0(ξ )+Y0sgn(x−ξ )p0(ξ ))dξ

2.1 Transmission and Impedance Boundary Condition
In the case of general immittances ym and zd , the forcing terms permit transmission of energy across x = 0.
To investigate this, assume first that the acoustic field is initialised with distributions p0(ξ ) and v0(ξ ) that are
non-zero only for ξ ≥ 0 (to the right of the forcing location). Now examine the pressure solutions above for
x ≤ 0, denoted p− and p+ respectively:

p̂−(x,s) =
T (s)

2c
esx/c

∫
∞

0
e−sξ/c (p0(ξ )−Z0v0(ξ ))dξ (8a)

p̂+(x,s) =
R(s)

2c
e−sx/c

∫
∞

0
e−sξ/c (p0(ξ )−Z0v0(ξ ))dξ +

1
2c

∫
∞

0
e−s|x−ξ |/c (p0(ξ )+Z0sgn(x−ξ )v0(ξ ))dξ

where

T (s) =
1
2

(
1− ym(s)
1+ ym(s)

+
1− zd(s)
1+ zd(s)

)
R(s) =

1
2

(
1− ym(s)
1+ ym(s)

− 1− zd(s)
1+ zd(s)

)
(9)

are transmission and reflection coefficients, respectively. Under the condition

zd(s) =
1

ym(s)
(10)

then T (s) = 0, and thus p− is zero, and thus the forcing terms emulate an impermeable boundary. It is not,
however, perfectly reflecting, but corresponds to an acoustic boundary with reflectance R(s) = (1− ym(s))/(1+
ym(s)) and thus admittance ym(s). Thus the immersed boundary model handles both transmission through a
barrier, as well as impedance boundary conditions as a special case.

2.2 FDTD Methods
A basic finite difference time domain method has been presented previously [22], in the case of a very similar
model employed in the context of source modeling—the only difference here is the absence of external forcing
terms, as the immersed boundary is here intended to emulate a boundary or barrier, rather than a source. For
brevity, the scheme will not be repeated here.

The key feature, though, is that, when a basic explicit time- and space-interleaved scheme is used, and the
immittance relationships (5) are approximated, in the time domain, using a passivity-preserving rule such as the
bilinear transformation or trapezoid rule, then numerical stability conditions remain unchanged from the case of
the scheme without forcing terms. Thus the immersed boundary introduces no risk of numerical instability. The
situation is similar to the case of the modeling of impedance boundary conditions in the FDTD/FVTD setting
[23]. Another important feature is that, in terms of computational requirements, the immersed boundary does
introduce an implicit character onto the update as a whole. While generally undesirable, leading to the need
for a linear system solution to be carried out in the time loop, the linear system is of the form of the identity
plus a rank 1 perturbation, and thus can be resolved extremely efficiently using the Sherman Morrison matrix
inversion method [24]. The method thus remains effectively explicit, at least in the one-dimensional case.



Not discussed here is the important question of the approximation of the Dirac delta functions used in both
the forcing terms in (3), as well as in the interpolation operation in (6). There are many choices of regularized
approximations to the Dirac delta (or, equivalently an interpolant) [25, 26]. Common choices are piecewise
linear approximations, Lagrange polynomials, as well as specialised distributions that are standard in immersed
boundary methods [27].

3 The Three-dimensional Case
The extension of to the three dimensional case follows immediately. In free space, linear acoustics are described
by

ρ∂tv+∇p = 0
1

ρc2 ∂t p+∇ ·v = δ
(3)(x−xs)u (11)

where now, p(x, t) and v(x, t) are the pressure and vector particle velocity, defined for t ≥ 0, and x ∈ R3. ∇

and ∇· are the three dimensional gradient and divergence operations, respectively. In anticipation of simulation
results later in this section, a point-like omnidirectional source term located at x = xs has been introduced, with
source strength u = u(t), in m3· s.

Consider now an orientable two-dimensional surface Ω ⊂ R3, with normal vector n(ξ), for ξ ∈ Ω. This
surface could either define an impermeable boundary, or a barrier capable of transmitting energy. The immersed
boundary may now be written as

ρ∂tv+∇p+
∫∫

Ω

p∆(ξ, t)n(ξ)δ (3)(x−ξ)dξ = 0
1

ρc2 ∂t p+∇ ·v+
∫∫

Ω

v∆(ξ, t)δ (3)(x−ξ)dξ = δ
(3)(x−xs)u

(12a)
where here, δ (3) represents a three dimensional Dirac delta function, and dξ is a surface element over Ω. Here,
the scalar forcing functions p∆(ξ, t) and v∆(ξ, t) are defined for ξ ∈ Ω. These will be related to the interpolated
field variables p̄(ξ, t) and v̄(ξ, t), defined as

p̄(ξ, t) =
∫∫∫

R3
p(x, t)δ (3)(x−ξ)dx v̄(ξ, t) = n(ξ) ·

∫∫∫
R3

v(x, t)δ (3)(x−ξ)dx (12b)

The relationship can again be expressed in terms of immittances in the Laplace domain, or as

p̂∆(ξ,s) = 2Z0zd(ξ,s) ˆ̄v(ξ,s) v̂∆(ξ,s) = 2Y0ym(ξ,s) ˆ̄p(ξ,s) (12c)

where here, the nondimensional impedance zd and admittance ym may vary over the surface Ω, but are restricted
to be positive real at every point in Ω. Under the condition

zd = 1/ym (13)

then, as before, the surface is impermeable, and behaves as a wall under an impedance boundary condition
(with impedance zd). Otherwise, the surface behaves as an acoustic barrier, capable of transmitting energy from
one side to the other.

This particular form of immersed boundary is targeted at problems in room acoustics, and differs from the
conventional immersed boundary method in two important ways. First, there are forcing terms in both the mo-
mentum and mass equations, rather than only in the momentum equation [27]—these two terms must necessarily
be employed together in order to give rise to an impermeable boundary. This is a major distinction with re-
spect to recent work on the immersed boundary method in wave-based acoustics [18]. Furthermore, rather than
characterising the relationship between the forcing terms and the field variables via simple combinations of pro-
portional. derivative and integral terms, the relationship takes the form of general impedances and immittances,
as in (12c).

As a prelude to discretisation, the distributed forcing terms can be approximated as finite sums of point-like
forces covering the domain Ω. Suppose that Ω is decomposed into a non-overlapping set of N subregions Ω( j),



centered at coordinates ξ( j); associated with each Ω( j) is a surface area S( j), and, assuming that the subregiods
are essentially planar, a normal vector n( j), j = 1, . . . ,N. The approximate forms of (12a)-(12c) are then:

ρ∂tv+∇p+
N

∑
j=1

p( j)
∆
(t)n( j)

δ
(3)(x−ξ( j))S( j) = 0

1
ρc2 ∂t p+∇ ·v+

N

∑
j=1

v( j)
∆
(t)δ (3)(x−ξ( j))S( j) = δ

(3)(x−xs)u

(14a)

p̄( j)(t) =
∫∫∫

R3
p(x, t)δ (3)(x−ξ( j))dx v̄( j)(t) = n( j) ·

∫∫∫
R3

v(x, t)δ (3)(x−ξ( j))dx (14b)

p̂( j)
∆
(s) = 2Z0z( j)

d (s) ˆ̄v( j)(s) v̂( j)
∆
(s) = 2Y0y( j)

m (s) ˆ̄p( j)(s) (14c)

When discretised using, e.g., FDTD methods, the terms that follow from the basic unforced system (11)
may be discretized using any method. In this work, the most basic explicit interleaved time stepping method
is employed [3], with time step T and grid spacing X . The usual Courant-Friedrichs-Lewy stability condition
[28] follows as cT/X ≤ 1/

√
3. The impedance and admittance relationships (14c) are again discretized using

the trapezoid rule. New design choices that emerge in three dimensions are the number N of surface elements
to be used, as well as the particular type of approximations to the three-dimensional Dirac delta functions and
interpolation operations over the grid. Both have an effect on accuracy—such issues will not be explored further
in this short work.

3.1 Case Study: Square Barrier
As an example, consider the case of a square barrier, of side length L m, with the square center located
at coordinates x = 0, and with face normal n, and with associated admittance ym and zd that are in general
frequency-dependent, but not variable over the surface of the square. Simulation is carried out using system
(14a)-(14c) as a starting point, with square side length L = 1 m, and over a computational domain of side
length 2m, with basic first order Engquist-Majda absorbing boundary conditions employed [29]. The basic
interleaved FDTD scheme is used, with a time step of k = 1/48000 s. All interpolants (Dirac delta functions)
are approximated with a triquintic polynomials [30].

In Figure 1, snapshots of the time evolution of the acoustic field are shown, under different orientations of
the square relative to the underlying Cartesian grid and using an driving function u(t) of the form of a sharp
Gaussian pulse. In this case, the admittance ym(s) and impedance zd(s) are chosen to be of the form

ym(s) =
1

β s+ γ/s
zd(s) = 1/ym(s) (15)

corresponding to an impermeable acoustic barrier. Here, β = 10−3 and γ = 3× 105, and thus the barrier is
lossless, with a resonant frequency of

√
γ/β/2π = Hz.

Several features are notable, from a qualitative point of view. First, the results are largely identical, regard-
less of the barrier orientation. Second, visible are field oscillations at the resonant frequency of the barrier,
which has been excited by a wideband pulse. Third, the input pulse has been chosen to be wideband in order
to illustrate spurious leakage of energy through the barrier, visible as a faint wavefront emanating from the
opposite side of the plate. Such leakage effects are well-known [31] in immersed boundary methods, and are
dependent on a number of factors, including the density of Dirac delta functions in the immersed boundary and
the particular type of regularized approximation used. In all cases, such spurious leakage decreases as the time
step is decreased.

For contrast, consider now the case where momentum forcing only is employed, so that ym(s) = 0, and
zd = β s+ γ

s , now with a lighter material, with β = 10−5 and γ = 3× 103. This barrier allows transmission, as
illustrated in Figure 2.

4 CONCLUDING REMARKS
The defining feature of the immersed boundary method is that it is framed in a manner that is context-free—
independent of any particular choice of numerical method. Here, the form suitable for emulating impedance



Figure 1. Time evolution of the acoustic field, at times as indicated, for a square impermeable barrier, of side
length 1m, immersed in the acoustic field. A source is located at 30 cm above the barrier center. The square
barrier is rotated about the y axis by 0◦ (top row), 30◦ (middle row) and 45◦ (bottom row).

boundary conditions and acoustic barriers is as given in (12a)-(12c). Here, FDTD methods have been used, in
the interest of maintaining an easily parallelisable Cartesian grid arrangement, but such a formulation is equally
suitable for any simulation approach, including those defined over unstructured grids. As discussed earlier,
numerical stability conditions are unaffected by the inclusion of the immersed boundary, which may be viewed
as structurally passive. The major additional computational cost is a linear system to be solved of size N, the
number of forcing terms employed in the immersed boundary. For most large-scale virtual acoustics problems,
this is a relatively small additional cost.

The model presented in this paper is that of a passive wall of barrier. It could be easily extended to include
source terms, along the lines of work presented earlier [22]. For example, the immersed boundary forcing terms
given, in the 3D case, in (12c), could be extended as

p̂∆(ξ,s) = 2Z0zd(ξ,s) ˆ̄v(ξ,s)+ p̂e(ξ,s) v̂∆(ξ,s) = 2Y0ym(ξ,s) ˆ̄p(ξ,s)+ v̂e(ξ,s) (16)

For externally supplied source terms pe(ξ, t) and ve(ξ, t) defined over the surface Ω. Such terms allow a means
of simulating distributed sources—currently, in most applications, including ultrasound, these are modeled as
transparent, and incapable of reflecting incoming energy [32, 33, 34].
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ABSTRACT
Porous sound absorbers are commonly applied as room acoustic treatments to improve acoustic comfort. To
simulate their extended-reacting acoustic behaviour, we present a numerical approach based on the equiva-
lent fluid model (EFM) in the framework of the time-domain discontinuous Galerkin (TD-DG) method. By
approximating the effective density and compressibility of materials in the frequency-domain using multipole
rational functions, the time-domain governing equations of porous materials can be expressed in the same uni-
fied hyperbolic form as linear acoustic equations, which is compatible with the high-order DG method. A
well-posed boundary and interface coupling condition between various propagation media is formulated based
on the characteristics of the system. To verify the formulation, a 3D single reflection scenario is considered.
It is demonstrated that both the amplitude and the phase of the simulated pressure solutions converge to the
analytical ones.

Keywords: Extended reacting boundary, Porous material, Time-domain discontinuous Galerkin

1 INTRODUCTION
Due to its critical significance in room acoustics, accurate and efficient modeling of general extended-reacting
(ER) porous materials has been a topic of ongoing research. Biot poroelastic theory [1] provides a systematic
and comprehensive description of both the airborne wave and the waves associated with elastic frame motion.
However, explicit calculations of all types of waves are computationally intensive [2]. When the wavelength
is much larger than microscopic sizes of representative pores, porous absorbers with rigid or limp frames can
be viewed as an equivalent fluid on a macroscopic scale with an effective density and a bulk modulus [3].
Consequently, the calculation loads are remarkably alleviated by considering only the fluid phase and thus
the associated acoustic compression wave. In literature, most equivalent fluid models (EFM), either empiri-
cal or phenomenological, are formulated in the frequency-domain, e.g., the Miki model [4] and the Johnson-
Champoux-Allard-Lafarge (JCAL) model [5]. Based on them, alternative time-domain formulations of EFM are
derived, for example, in Refs. [6, 7, 8]. However, some analytical time-domain formulations lack an accurate
broadband characterization of material properties [8], while other representations involve complicated convolu-
tion integrals that contain fraction terms [6, 7], and are thus intractable to be implemented into room acoustic
modeling methods in a high-order accurate and low-storage manner [9].
In the context of wave-based room acoustic simulations, several numerical models based on the domain decom-
position methodology have been proposed to simulate ER porous materials. Aretz and Vorländer [10] analyzed
the sound field in a rectangular room with three walls covered by porous materials using the frequency-domain
finite element method. Yasuda et al. [11] introduced the multi-domain boundary element method to simulate the
ER boundary, where the Miki model was used for rigidly-backed porous materials. In terms of reverberation
decay curves and sound pressure level distributions, differences between the locally reacting and ER model were
noticed. Compared to frequency-domain models, time-domain models are more appropriate and efficient for the
analysis of broadband transient acoustic fields. However, irrational terms involved in EFM would result in frac-
tional derivatives and convolution terms in time-domain equations. Zhao et al. [12] applied the Z-transform
method to the JCAL model in a finite-different time-domain (FDTD) algorithm. Dragna et al. [9] employed
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the auxiliary differential equation (ADE) method [13] to solve the Wilson’s relaxation EFM model for outdoor
sound propagation. Recently, Pind et al. [14] applied the same approach together with the Miki model. Alomar
et al. [15] presented a numerical framework to simulate the ER liner in flow duct using the JCAL model.
In this work, we propose a general extended-reacting boundary condition formulation applicable to any EFM
of porous absorbers for wave-based room acoustic modeling purposes. For both air and materials domain, the
time-domain discontinuous Galerkin (TD-DG) method [16] is used, which has attractive properties such as high-
order accuracy [17], geometric flexibility and potential for parallel computing. The main contributions that are
built upon the literature study to the best of our knowledge, can be summarized as follows. First, a unified
first-order hyperbolic form of governing equations is constructed for both the air and porous materials, allowing
a consistent and efficient numerical discretization. Second, an upwind numerical flux formulation, is developed
for rigorously coupling the acoustic wave propagation across the interface. As is known, numerical flux is a
paramount factor on the stability and accuracy of the DG method. Compared to the central flux and Lax-
Friedrich flux, which are vulnerable to a long-time instability issue due to the lack of proper dissipation [18],
the upwind flux is the most accurate and stable scheme with underlying physics considered and spurious modes
eliminated properly.
This paper is organized as follows. Section 2 presents the governing equations of sound propagation in air and
porous materials in the unified hyperbolic form. Section 3 describes the numerical schemes. Section 4 shows
3D numerical verifications against analytical solutions. Concluding remarks are given in section 5.

2 Time-domain governing equations and unified hyperbolic formulation
2.1 Air domain
Acoustic wave propagation in motionless air domain can be described by linear acoustic equations

∂v

∂ t
+

1
ρa

∇p = 0, in Ωa × [0, t],
∂ p
∂ t

+ρac2
a∇ ·v = 0, (1)

where v(x, t) = [u,v,w]T is the particle velocity vector, p(x, t) is the sound pressure, x is the position in the
air domain of interest Ωa, ρa = 1.2 kg/m3 is the density of air and ca = 343 m/s is the speed of sound.

2.2 Porous material domain
EFM of porous materials are expressed in the frequency-domain as (assuming time convention eiωt )

iωρe f (ω)v̂+∇p̂ = 0, in Ωm,
iωCe f (ω)p̂+∇ · v̂ = 0, (2)

where hat notation (·̂) labels frequency-domain variables, ρe f (ω) is the effective density, Ce f (ω) is the effective
compressibility (i.e.,the inverse of effective bulk modulus) of porous medium. Latest numerical analysis [19]
on wave propagation based on EFM have demonstrated that approximations with real poles are sufficient to
capture the dissipative nature of conventional porous materials. Therefore, we first approximate ρe f (ω) and
Ce f (ω) using rational functions with real poles as

ρe f (ω) ≈ ρm +
Nρ

∑
k=1

Bρk

ζρk + iω
, (3a)

Ce f (ω) ≈ Cm +
NC

∑
k=1

BCk

ζCk + iω
, (3b)

where [Bρk,BCk] ∈ R and [ζρk,ζCk] ∈ R+ are numerical fitting parameters satisfying stability condition. In this
work, vector fitting [20] is used for determining the approximating poles due to its high accuracy and efficiency.



ρm is the analytical limiting value of effective density as the frequency approaches infinity, whereas Cm denotes
the limiting value of the effective compressibility. Therefore, the high-frequency limiting value of sound speed
in the material is cm = 1/

√
ρmCm. Substituting Eqs. (3) into Eqs. (2) after the partial fraction decomposition

[15] and applying the inverse Fourier transform, we obtain:

ρm
∂v

∂ t
+∇p+

Nρ

∑
k=1

Bρkv−
Nρ

∑
k=1

Bρkζρkϕρk = 0, in Ωm × [0, t], (4a)

1
ρmc2

m

∂ p
∂ t

+∇ ·v+
NC

∑
k=1

BCk p−
NC

∑
k=1

BCkζCkφCk = 0, (4b)

where ϕρk = [φ u
ρk,φ

v
ρk,φ

w
ρk]

T and φCk are the so-called accumulators or auxiliary variables from the ADE method
[13, 9] and correspond to the convolution integral associated with the v and p, respectively, e.g.,

φ
u
ρk(t) =

∫ t

0
u(τ)e−ζρk(t−τ)dτ.

They are governed by differential equations

∂ϕρk

∂ t
+ζρkϕρk(t) = v(t), ∀k ∈ [1,Nρ ], (5a)

∂φCk

∂ t
+ζCkφCk(t) = p(t), ∀k ∈ [1,NC ], (5b)

with zero initial conditions. Eqs. (4), coupled with Eqs. (5), form the augmented system of time-domain
governing equations for wave propagation in porous materials.

2.3 A unified first-order hyperbolic form
The governing equations for acoustic wave propagation in air and porous material media as described by Eqs.
(1) and Eqs. (4) can be written uniformly in the form of a first-order conservative hyperbolic system

∂q

∂ t
+Ax

∂q

∂x
+Ay

∂q

∂y
+Az

∂q

∂ z
+Dq = g, (6)

where q(x, t) = [u,v,w, p]T denotes the acoustic state variable vector in both air and material domain, and g(x, t)
represents the space-time dependent source vector. D is the relaxation matrix. Specifically, for the air domain,
both Da and ga are zero while for the porous material domain, we have a diagonal matrix Dm with diagonal
entries 1

ρm
·
[
∑

Nρ

k=1Bρk,∑
Nρ

k=1Bρk,∑
Nρ

k=1Bρk,ρ
2
mc2

m∑
NC
k=1BCk

]
and source vector made of auxiliary variables as gm =

1
ρm

·
[

∑
Nρ

k=1 Bρkζρkφ u
ρk,∑

Nρ

k=1 Bρkζρkφ v
ρk,∑

Nρ

k=1 Bρkζρkφ w
ρk,ρ

2
mc2

m ·∑NC
k=1 BCkζCk

]T
. A j with spatial coordinate index j ∈

[x,y,z] is the flux Jacobian matrix with constant coefficient entries corresponding to the respective acoustic
properties of the air and material domain, i.e., density ρ and speed of sound c, in the following form:

A j =


0 0 0 δx j

ρ

0 0 0 δy j
ρ

0 0 0 δz j
ρ

ρc2δx j ρc2δy j ρc2δz j 0

 , (7)

where δi j denotes the Kronecker delta function.
With the hyperbolic governing equations, a unified numerical treatment can be applied to both the air domain
and the material domain. Furthermore, the numerical flux formulation becomes independent of the auxiliary
variables. The main computational cost originating from the spatial derivative discretization does not increase
with the number of auxiliary variables.



3 Numerical schemes
3.1 Spatial discretization with the DG method
Here, the nodal DG formulation as presented in [17] is followed. Detailed formulations for solving the linear
acoustic equations 1 can be found in previous works [16]. For completeness, the DG formulation for discretizing
the porous material domain in the form of Eq. (6) will be presented in the following. First, the physical domain
Ω is partitioned into a set of K non-overlapping elements Dk. The unknown solution vector is approximated
by a direct sum of locally piecewise polynomial solutions as q(x, t) ≈ qh(x, t) =

⊕K
k=1 qk

h(x, t). Each local
approximation qk

h(x, t) in element Dk is expressed by:

qk
h(x, t) =

Np

∑
i=1

qk
h(x

k
i , t)l

k
i (x), (8)

where qk
h(x

k
i , t) = [uk

h,v
k
h,w

k
h, pk

h]
T are the solved nodal values, lk

i (x
k
i ) is the multi-dimensional Lagrange polyno-

mial basis of order N with Np =
(N+d)!

N!d! and d being the dimensionality of the physical space. The variational
formulation is obtained by multiplying Eq. (6) with a local test function lk

i (x) and integration by parts twice as∫
Dk

lk
i

(
∂qk

h
∂ t

+∇ ·F k
h (q

k
h)+Dmqk

h −gm

)
dx =

∮
∂Dk

n ·
(

F k
h (q

k
h)−F ∗(q−

h ,q
+
h )

)
lk
i dx, (9)

where F k
h (q

k
h) = [Axq

k
h,Ayq

k
h,Azq

k
h], n is the outward normal vector of the element surface ∂Dk. F ∗(q−

h ,q
+
h ),

the so-called numerical flux across element intersection ∂Dk, is a function of the solution values from both the
interior value q−

h and the neighbouring exterior value q+
h . The upwind numerical flux is used in this work due

to its supreme dissipation and dispersion properties [21]. Apart from linking neighbouring interior elements,
numerical flux also serves to impose boundary conditions weakly and to guarantee stability of the formulation.

3.2 Upwind flux formulation
The upwind numerical flux are constructed based on characteristic variables, which are derived by considering
the eigendecomposition of flux Jacobian matrix projected along n

A := nxAx +nyAy +nzAz = RΛR−1, (10)

where the eigenmatrix reads

R =
1
2


−nx −2ny −2nz nx

−ny 2nx 0 ny

−nz 0 2nx nz

ρc 0 0 ρc

 , (11)

and Λ is the diagonal matrix with diagonal eigenvalue entries [−c,0,0,c] comprising the characteristic wave
speed. The outgoing characteristics are defined as components of R−1q that correspond to positive velocities
(eigenvalues) in the normal direction of the corresponding boundary element surfaces, while incoming charac-
teristics are defined as components of R−1q that are related to negative velocities, that is

ϖ
o =

p
ρc

+v ·n (12)

ϖ
i =

p
ρc

−v ·n. (13)

Then, upwind flux formulation reads:
n ·F∗ = RΛ[ϖ i

∗,0,0,ϖ
o]T (14)

where ϖo is evaluated with local interior value q−
h and ϖ i

∗ are calculated case dependently. For interior ele-
ments, ϖ i

∗ are calculated based on Eq. (13) using neighbouring elements values q+
h . For boundary elements



along the air-material interface, previous theoretical analysis on hyperbolic system [22] has highlighted that nu-
merical formulations for boundary conditions should be imposed in such a way that the outgoing characteristics
are not modified and the incoming characteristics should be expressed in terms of the outgoing characteristics
while respecting the enforced physical boundary conditions, in order to yield a well-posed problem. Suppose
subscripts a and m denote the property values {ρa,ca} of air and {ρm,cm} of porous material, respectively.
Under the continuity condition across the interface, i.e., pa = pm and va ·na =−vm ·nm = vn, it can be derived
that associated incoming characteristics ϖ i

∗ are expressed in terms of the outgoing characteristics ϖo as

ϖ
i
a =

ρmcm −ρaca

ρmcm +ρaca
ϖ

o
a +

2ρmcm

ρmcm +ρaca
ϖ

o
m, (15a)

ϖ
i
m =

ρaca −ρmcm

ρmcm +ρaca
ϖ

o
m +

2ρaca

ρmcm +ρaca
ϖ

o
a , (15b)

where ϖo
a and ϖo

m are evaluated using nodal values in the corresponding domain.

4 Numerical results
4.1 Poles identification of porous materials
In this work, two kinds of rigid-frame porous material characterized by JCAL model are considered: melamine
foam and glass wool. Table 1 shows their model parameters: flow resistivity σ , porosity ϕ , tortuosity α∞,
viscous length Λ, thermal length Λ′, and thermal permeability k′0. Their effective density ρe f and effective
compressibility Ce f as a function of angular frequency ω are described as

ρe f (ω) =
ρaα∞

ϕ

[
1+

σϕ

iωα∞ρa

(
1+

4iα2
∞ηρa

σ2Λ2ϕ2

)1/2
]
, (16a)

Ce f (ω) =
ϕ

ρac2
a

(
γ − γ −1[

1+ ϕη

iωk′0ρaPr
(1+ 4iωk′20 ρaPr

ηΛ
′2ϕ2 )1/2

]), (16b)

with Pr = 0.71 and dynamic viscosity η = 1.82×10−5 [N·m−2]. Numerical tests found that the root squared rela-
tive error diminishes fast with increasing number of poles {Nρ , NC}, and drops below 10−5 when {Nρ ,NC}> 5,
where minor differences are observed between various materials for ρe f and Ce f .

Table 1. Properties of porous materials

Materials σ [N·s·m−4] ϕ α∞ Λ [m] Λ′ [m] k′0 [m2]

Glass wool 70821 0.967 1.049 6×10−5 1.4×10−4 6.345×10−9

Melamine foam 4500 0.99 1.0 1.3×10−4 1.6×10−4 4.0×10−9

4.2 3D single reflection test
Now consider a 3D single reflection test case, where a monopole source is placed above a rigidly backed layer
of porous absorber. A free interface between the porous material and the air spans the horizontal x− y plane
at z = 0. A source source is placed at xs = [0,0,0.35] m. Two receivers are placed at xr1 = [0,0,0.02] m
and xr2 = [1.5,1.5,0.02] m, which corresponds to cases of a normal incidence and an oblique incidence with a
specular reflection angle of 80◦ respectively. A Gaussian pressure pulse is used to initiate the simulations

p(x, t = 0) = e
−ln2
b2 (x−xs)

2
, (17a)

v(x, t = 0) = 0, (17b)



with a half-bandwidth value of b = 0.1 m, indicating a source spectrum up to 2k Hz. The overall computational
domain has a dimension of [−3,4]× [−3,4]× [−d,3.5] m, where d is the thickness of the porous material. Un-
structured geometry conforming tetrahedra meshes are utilized for both the air and the porous material. N = 7
basis functions are used, resulting in spatial resolutions of roughly 9 points per wavelength at 2k Hz. The tem-
poral order of accuracy is set at Nt = 5 for the Taylor Series time integrator (TSI), which is an explicit scheme
support local time-stepping [23]. Further discussion on numerical stability and details of implementations can
be found in the reference. The time step ∆t = tn+1 − tn, which is subject to the Courant-Friedrichs-Lewy (CFL)
stability condition, follows

∆t = min(rin) ·
1
ca

· 1
(2N +1)

, (18)

where the minimum radius of the inscribed sphere min(rin) is used as a measure of the element size. For
the porous material domain, apart from the DG spatial operator, the time step size is additionally bounded
by the stiffness of auxiliary differential equations, i.e., the fitting parameters {ζρ ,ζC}. Among the performed
numerical tests, the element sizes are dominant limitations on time step sizes. Hard wall boundary conditions
are imposed on exterior boundaries of the whole computational domain, and the recorded pressure signals at
receivers’ locations are cut before spurious reflections from exterior boundaries arrive. The exact reference
solution to be compared against is derived by Allard et al. [24].
Fig. 1 shows the comparison of the simulated pressure and analytical solutions above melamine foam with two
different thicknesses in terms of amplitude |p̂| and phase angle ϑ(p̂). The analytical solutions are calculated
using the exact values of ρe f and Ce f whereas the numerical solutions are built on approximations of ρe f and
Ce f with 5 real poles. The magnitude of simulated results have been normalized such that the free-field solution
is of the form e−ikr/(4πr). Compared to the melamine foam, the glass wool has a much higher flow resistivity
value and consequently behaves more locally reacting (LR). Apart from the comparison results of ER models,
Fig. 2 also displays the comparison results of LR models, where the numerical solutions of LR models are
obtained using the LR time-domain impedance boundary conditions [25]. It can be seen from these results that
good matches between simulated and reference solutions are achieved, demonstrating the applicability of the
proposed boundary scheme in 3D space and its high precision in a wide frequency range.

20 500 1000 1500 2000

0.2

0.3

0.4

20 500 1000 1500 2000

-200

0

200

(a) θ ◦ = 0◦,d = 5 cm

20 500 1000 1500 2000

0

0.05

0.1

20 500 1000 1500 2000

-200

0

200

(b) θ ◦ = 80◦,d = 5 cm

20 500 1000 1500 2000

0.2

0.3

0.4

20 500 1000 1500 2000

-200

0

200

(c) θ ◦ = 0◦,d = 10 cm

20 500 1000 1500 2000

0

0.05

0.1

20 500 1000 1500 2000

-200

0

200

(d) θ ◦ = 80◦,d = 10 cm

Figure 1. Simulated and analytical pressures field above melamine foam of different thickness

5 Conclusions
This paper presents a numerical framework for modelling general extended-reacting boundaries of porous ma-
terials for the purpose of time-domain room acoustic simulations. The equivalent fluid models are used to
describe the acoustic wave propagation inside arbitrary porous materials, the effective density and compress-
ibility of which are well approximated using multi-pole rational functions. By applying the ADE method to
calculate the convolution integral, the resulting time-domain governing equations of porous materials can be
written in a unified hyperbolic form like the linear acoustic equations. A consistent upwind numerical flux
formulation that ensures appropriate physical coupling between propagation media is developed. 3D numerical
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Figure 2. Simulated and analytical pressures field above glass wool of different thickness

tests validate the capacity of the proposed methodology to model extended-reacting impedance boundaries in
the multi-dimensional case.
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ABSTRACT 
New technologies allow the rational use of room acoustic simulations in many innovative 

applications, e.g., Metaverse and virtual reality, which open new horizons for holistic and immersive 
user experiences in various fields, e.g., building design, video games and multimodal perception. 
Numerical methods can be used to simulate acoustic wave propagation in rooms for this purpose. 
These methods can be highly accurate but computationally expensive. Moreover, it is common for 
engineering applications to perform multiple simulations to identify desired acoustic conditions using 
different materials, which increases the total computational cost. Computational reduction is achieved 
by using reduced basis methods (RBM) for parametrized boundary conditions, where the computational 
burden is reduced by solving the problem in a low-dimensional subspace. Moreover, we combine the 
simulations with a geometrical acoustics method for the high frequencies above 1 kHz. We present a 
new concept model of a virtual reality 3D meeting room with interactive acoustic conditions, where 
the low frequency part of the spectrum is computed using RBM, achieving speedups by a factor of 
400 without introducing audible differences. It is constructed for different material parameters on the 
room surfaces, such as the flow resistivity of the porous material. This concept prototype proves the 
potential of RBM in building design and interactive virtual auditory displays.  
 
Keywords: Virtual reality, room acoustics simulations, numerical methods. 

1. INTRODUCTION 
Virtual reality (VR) and Metaverse continue to evolve with higher fidelity in visual rendering, 

improved realism, and physical accuracy by tapping into accelerated computing. Many new sounds-
related applications continue to emerge. Nowadays, architects and building designers are gaining 
interest on this technology for building design applications and building digital twins, where it is 
possible to test and optimize the indoor climate quality during the design phase, making more pleasant 
environment yet more sustainable use of building materials including absorbers. The future acoustic 
simulation will also require such demands and applications. There are two different conventional 
methods to perform room acoustic simulations. The geometrical acoustics (GA) methods [1] are 
approximate mainly to achieve manageable computational cost, but fail to simulate the right wave 
nature of sound causing a certain level of degradation in the accuracy of the simulations. Numerical 
discretization methods, on the other hand, solve partial differential equations (PDEs), which include 
all the wave phenomena, such as diffraction and interference at low frequencies. Some examples of 
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those methods are the finite element method (FEM) [2], spectral element method (SEM) [3] and the 
finite difference method (FDTD) [4]. These methods can be substantially more accurate than GA, 
especially at low frequencies, but the computational cost increases dramatically when increasing the 
size of the domain and the frequency. Thus, acceleration is needed for practical applications, which 
can be achieved by reducing the number of degrees of freedom of the system to be solved. A previous 
study presented a reduced basis method (RBM) [5] for room acoustic simulations where the presented 
reduced order models (ROM) achieve an acceleration of two to three orders of magnitude for single 
runs in a 1 m cube domain [6]. 

The present work is to create a 3D virtual reality mockup of an actual meeting room located at 
Rambøll’s Head Office in Copenhagen. Both, visuals and acoustic stimuli are merged together in a 
virtual reality environment to provide a fully immersive virtual experience. A pre-computation 
approach is used, where all the acoustic simulations are computed in advance. We perform room 
acoustic simulations using a hybrid method that combines SEM at low frequencies, and a ray-based 
geometrical acoustics method for high frequencies. SEM in the Laplace domain is exploited for low 
frequencies, which allows high-order accuracy, geometrical flexibility, stable reduced order modelling, 
and transient response reconstruction, which are essential for simulating large rooms and high 
frequencies [6]. The goal is to create a VR mockup that uses reduced order SEM (RB-SEM) for low 
frequencies that parameterize a porous boundary condition in the room at two fixed receiver positions 
in the room. A real-time binaural synthesis for enabling head movement, similar to the approach 
presented in previous study [7] is included, providing a full immersive experience. 

2. METHODS 

2.1 Room acoustic simulations 
The acoustic wave propagation can be described by the second order wave equation. In this study, 

the expression is written in the Laplace transform evaluated at a fixed complex frequency 𝑠 = 𝜎 + 𝑖𝛾 

𝑠!𝑝 − 𝑐!Δ𝑝	 = 𝑠𝑝" + 𝑝#,", (1) 

where 𝑝(𝒙, 𝑠) is the sound pressure, 𝒙 ∈ Ω is the position in the domain Ω, 𝑡  is the time in 
seconds,  𝑐 = 343 m/s is the speed of the sound and 𝑝"(𝒙, 𝑡), 𝑝#,"(𝒙, 𝑡) corresponds to the initial 
condition and the derivative at 𝑡 = 0 s. A Gaussian pulse is utilized as initial condition for the sound 
pressure. The SEM formulation [8, 9] is used to discretize (1), 

6𝑠!𝑴+ 𝑐!𝑺 + 𝑠𝑐! %
&!
𝑴'9 𝒑 = 𝑠𝑴𝑝", (2) 

where 𝑴 ∈ ℝ(×( is the mass matrix, 𝑺 ∈ ℝ(×( is the stiffness matrix, 𝑁 denotes the degree of 
freedom (DOF) and 𝑍* =

+
,"

 , is the surface impedance, being 𝑣- = 𝑣 ∙ 𝒏 the normal velocity at the 
boundary Γ  and 𝒏 the outward pointing normal vector of the boundary. For simplicity, (2) can be 
written as 

𝑲𝒑 = 𝒒, (3) 

where 𝑲 = 𝑠!𝑴+ 𝑐!𝑺 + 𝑠𝑐! %
&!
𝑴' and 𝒒 = 𝑠𝑴𝑝".  

Frequency-independent boundary conditions are given by assigning a surface impedance value to 
a wall, Zs, while frequency-dependent boundary conditions are implemented via the method of 
auxiliary differential equations (ADE) [10, 11]. The admittance at the boundary is given by 𝑌(𝜔) =
,"($)
+(/)

, where 𝜔 is the angular frequency and can be approximated as a rational function, used to 
recover the particle velocity expression at the boundary.  Finally, the time domain signal is obtained 
by use of the the Weeks method [12, 13]. 



 

 

 

2.2 The reduced basis method 
 

The key challenge of the method is to construct a reduced basis that preserves the physical 
dynamics of the original problem for a required accuracy level. The high-fidelity solutions 
𝑝123(𝒙, 𝑠, 𝜇) of the parametrized problem under variation of the parameter 𝜇 in the parameter space 
ℙ, approximates the solution manifold. The goal is to approximate the solution manifold with a small 
number of basis functions{𝜙4}456

(&' ,	where 𝑁78 is the number of basis functions. The FOM solution can 
be approximated as an expansion of the reduced basis and coefficients 

		𝑝123(𝒙, 𝑠, 𝜇) ≈ 𝑝923(𝒙, 𝑠, 𝜇) = ∑ 𝜙4(𝑥)𝑎4(𝑠, 𝜇)
(&'
456 .  (4)  

The FOM solutions are collected into a matrix  

𝑆( = P𝑝123(𝒙, 𝑠6, 𝜇6);	 . . .		 ;𝑝1236𝒙, 𝑠(! , 𝜇((9S, (5) 

where 𝑁*  is the number of complex frequencies and 𝑁:  the number of parameter values. The 
generation of the basis performed by applying singular value decomposition (SVD) to 𝑆( . The 
reduced basis is obtained by truncating the basis while keeping the essential information that ensures 
the desired accuracy of the results. The matrix expression of the reduced system is (add ref) 

𝑲𝑹𝑶𝑴𝒂 = 𝒒𝑹𝑶𝑴, (6) 

Finally, the sound pressure is obtained by 

																																								𝒑𝑹𝑶𝑴 = 	𝝓𝒂.	 (7) 

 

2.3 Hybrid method, binaural rendering and head-rotating feature 
Binarual auralization for enabling head movement inside the virtual model is crucial for an 

immersive/realistic VR experience. It is achieved by calculating multiple impulse responses at the 
surface of an open virtual sphere around the receiver position [14], to obtain the second order 
ambisonic channels in a post-processing stage. The impulse responses of both, SEM and GA solutions 
should be combined into a broadband impulse response. The use of second order ambisonic channels, 
allows the user to freely move the head in the virtual reality model, using a real-time binaural 
rendering system presented in previous study [7]. 
 

2.4 Simulation setup 
The dimensions of the chosen meeting room are 5.58 m × 2.96 m × 2.59 m. The virtual model 

consists of three different scenarios, where the user is capable to change between three different 
acoustic conditions. First, the original room is presented, which is made of two gypsum walls, two 
glass walls, a thin carpet on the floor and an acoustic ceiling. A second case is implemented by adding 
a set of curtains at the two glass walls. A third case is implemented by adding an extra curtain in one 
of the gypsum walls. Two standing receiver positions are selected at (rx,ry,rz,)1= (1,1.48,1.2)m and 
(rx,ry,rz,)2= (3.6,0.5,1.2)m.  The sound source at (sx,sy,sz,)= (5.5, 1.48,1.2)m, is placed at one of the 
gypsum walls, in front of a TV, simulating an online meeting on the room. The estimated range of the 
reverberation time using Sabine’s formula is 0.2s to 0.6s. Table 1 presets the materials assigned to the 



 

 

different surfaces. 
SEM simulations are performed using a polynomial order P=4, and using 5 points per wavelength 

(PPW) with an upper frequency of 1.123kHz, corresponding to the 1kHz 1/3 octave band. The degree 
of freedom (DOF) of the model is 221.805. 

The ROM is constructed by parameterizing the flow resistivity of the curtains. FOMs simulations 
with 𝜎>?# = 10.000, 25.000, 𝑎𝑛𝑑	45.000 Nsm.4 were used to create the ROM. As an example, a curtain 
with a new flow resistivity value𝜎>?# = 40.000 Nsm.4 was computed with an acceleration of 400 
compared to the FOM. The ROM becomes more valuable when a large number of ROM calculations 
are required, e.g., during the design stage of a room where many different acoustic materials are tested 
to find the optimal acoustic condition. 

 
Table 1 – Boundary acoustic parameters 

Material Surface [m2] 
Freq. indep. Freq. dep. 

Zs [kgs-1m2] 𝑑>?# [m] 𝜎>?# [Nsm.4] 𝑑" [m] 

Glass 2x 15.2 20.000 - -      - 

Gypsum 2x 7.67 30.000 - -      - 

Floor 17.4 70.000 - -      - 

Ceiling  17.4 - 0.04 10.000      0.7 

Carpet 17.4 - 0.015 20.000 0 

Curtain 2x 15.2 (+7.67) - 0.02 40.000  0.2 
 

 
 

2.5 Virtual 3D model  
A visual twin model of the room is recreated by capturing visuals of the real environment. Figure 

1 shows the rendering of the room, while Figure 2 shows the source and receivers positions. The 
model is implemented in Unity, where the visual scene is synchronized with a real-time audio 
processor that reproduces, and process the audio files to provide real-time interaction with the user 
and head orientation.  

The visuals also include the corresponding materials of the three different acoustic scenarios to 
provide a visual change when switching between the different acoustic conditions. 

 

 
Figure 1 – Visual recreation of the meeting room. 

 



 

 

 
Figure 2 – Source and receiver positions in the meeting room. S denotes the source, while 1 and 

2 denote receiver locations. 
 

3. CONCLUSIONS 
This work presents an actual meeting room located at Rambøll, Denmark in a virtual reality 

mockup of which three acoustic (and corresponding visual) conditions are changed on the fly. The 
main novelty of this work is the use of RB-SEM for a real 3D room case to compute a new acoustic 
condition at low frequencies, enabling a speedup of 400. Admittedly, not all the frequencies are 
simulated using SEM to make the simulation time manageable. We have hybridized with a geometrical 
acoustics at high frequencies. Head rotation inside the virtual model is allowed and implemented via 
the 2nd order ambisonics. This is an on-going attempt towards an immersive VR-based building design 
and renovation process using ROM. 
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ABSTRACT 

Noise pollution from the machinery and appliances of daily activities is the most widespread environmental 

problem that causes sleep disturbance, hearing damage, and even cardiovascular disease. The typical solution 

to reduce noise is using sound-absorbing materials, such as acoustic foams or rubbery materials, through 

dissipation by thermal and viscous losses. Despite the advantages of the lightweight, cost-effective, and easy 

fabrication, its effectiveness is limited due to airborne noise above 500 Hz, low frame resistivity, and 

environmental sensitivity. These limitations can be overcome using acoustic metasurfaces tailored for 

artificially engineered sound reflectors. Here, we propose lightweight acoustic metasurfaces of 

subwavelength thickness for total reflection of broadband noise reduction, extending to low frequencies noise 

below 500 Hz. In this study, a set of experiments show that metasurfaces can reduce the noise by 2 - 5 dB, 

over a broadband of acoustic frequencies under 2 kHz with less sensitivity to the environment. Furthermore, 

acoustic metasurfaces can be easily combined with conventional sound-absorbing materials to maximize 

noise reduction. Through the practical application, reducing noise from the vacuum pump and tire-pavement 

friction, we demonstrate noise reduction performance that makes the used metasurfaces a promising material 

for the needs of construction and transportation. 

 

Keywords: Tire-pavement interaction noise, Noise reduction, Metasurfaces  

1. INTRODUCTION 

 The complexity of transportation networks and travels, noise pollution from various modes of 

transportation is a major environmental concern, impacting greatly human health and the environment, 

e.g., sleep disturbance, hearing damage, even cardiovascular disease[1]. With the increasing 

worldwide adoption of the electric vehicle technology, the exterior noise of vehicles can be 

significantly reduced, even automakers are trying to deploy the artificial noise for pedestrian safety 

at low speeds[2]. However, drivers and passengers still suffer from the interior noise induced by the 

tire-pavement interaction[2,3]. 

To address this problem, various approaches have been proposed by researchers in academies and 

tire and automobile manufacturers. The commercially available existing approaches can be 

categorized as passive and active mechanisms[3]. The passive mechanism includes an acoustic 

absorber, foam-like structure, resonator, and optimized tire tread design. The active mechanism is 

using active noise canceling technique. The former can provide enough noise reduction of 10-15dB, 

but cover relatively narrow band or tire cavity resonance. On the other hand, the latter can cover 

broadband, but show less reduction, 3-5dB, and much expensive to equip with the proper electric 

system. Thus, it is still hugely challenging to mitigate broadband low-frequency noise using 

conventional materials or technologies.  

Here we propose acoustic metasurfaces (AMSes), artificially designed layer structures, to realize 
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lightweight thin layer structures reflecting or modulating acoustic wave transmission passing through 

AMSes instead of the regular absorption. AMSes having the subwavelength thickness can provide a 

non-trivial local phase shift and alter the direction of propagation of the incident wave [4]. In this 

study, we demonstrated AMSes’ exceptional noise reduction performance through the practical 

application, reducing noise not only from tire-pavement interaction but also from noise generated by 

the vacuum pump. The merit of AMS is the compact design, i.e., subwavelength scale, and high sound 

isolation performance that cannot be achieved by the conventional materials and technologies based 

on the mass law. The proposed robust and lightweight design can pave the wave for soundproofing 

and vibration isolation to reduce undesirable noise.  

2. BROADBAND NOISE REDUCTION THROUGH ACOUSTIC METASURFACES 

The interior vehicle noise can be categorized as the structure-borne (below 500 Hz) or the air-

borne noise (500-2000 Hz). At frequencies below 500 Hz, the noise is mainly induced by tire-

pavement interaction having the maximum peak close to 230 Hz for general passenger vehicles. Due 

to specific design constraints, the general noise reduction methods, e.g., thick and heavy metal plates, 

are not applicable. So far, tire manufacturers add polyurethane absorber glued around the tire’s inner 

liner to reduce noise, attach resonator to the rim to reduce and shift the resonance of the tire cavity, 

and optimize the pitch arrangement of the tire tread patterns to minimize the noise[3]. But those 

methods usually lead only to small reduction of noise level within a narrow range of frequencies. The 

method that can cover a broadband frequency range and better noise reduction capability is needed. 

AMSes, artificially designed 2D materials of subwavelength thickness, can be the alternative 

solution. Through a non-trivial local phase shift and the altered direction of propagation of the incident 

wave, AMSes can provide extraordinary noise reduction[4]. Among the proposed designs, the 

membrane type having a negative effective dynamic mass density (ρeff < 0) showed almost total 

reflection at the low broadband frequency ranges, especially under 500 Hz, which is applicable for 

reducing the tire-pavement interaction noise.   

In this study, the highly reflective AMS is proposed to isolate TPIN as shown in Fig. 1. The AMS 

is made up of commercial honeycomb core panel and thin silicone rubber plate. To predict the 

characteristics of the AMS, the effective property of the unit cell is investigated through the parametric 

study with the variation of the radius and the thickness of the thin plate. The AMS shows substantial 

noise reduction by 23-62 dB at the low frequency. A smaller unit cell and a thicker plate have even 

higher sound losses. One layer of such panel, 6 mm thick, is a metamaterial with strong reflection in 

deeply subwavelength region (h = 6 mm << λ ~ 0.7 m @ 500 Hz). In Fig 1. the plate thickness is 

marked as h.  

 

Fig. 1. (a) Acoustic metasurface, a composition of honeycomb unit cells containing internal thin plate, (b) 

the unit cell used for the parametric study, and (c) the decay versus geometrical characteristics.[5] 

 



 

 

To demonstrate noise reduction effect, first, we performed the field test with Toyota Prius Hybrid 

2008. This car was chosen to minimize the noise induced by engine and exhaust and focus on tire-

pavement interaction. The tire size is 185/65R15 and the air pressure in the tire is 44 psi. To investigate 

the effectiveness of AMS, three cases were considered, such as without any tire filling as reference 

sample, with foam filling, and with AMS filling (Fig. 2). The test was performed on the local driveway, 

about 7.2 miles long, with relatively new asphalt replaced in 2020. The noise inside the cabin was 

measured twice at speeds from 20 mph to 60 mph with 10 mph interval. For 19s, the temporal sound 

pressure was measured in the cabin with the Rode NT-USB mini microphone and the recorded data 

was processed with FFT to provide frequency spectrum.  

The field test results are shown in Fig. 2, where the left panel shows acoustic spectrum at 60 mph 

ranging 200-400 Hz. Here yellow, blue, and red lines are the cases without any filling of the tires, 

foam and AMS, respectively. The black line represents background noise, in a statinary vehicle and it 

serves as level zero. Specially, we focused on the frequency range from 200 to 300 Hz, because the 

tire air cavity mode appears near 230 Hz. Fig. 2c depicts the mean sound pressure levels with errors 

depending on the speed of the vehicle. For the AMS the reduction is stronger than the foam, and it 

remains effective over a wider range of frequencies.  

 

 

Fig. 2. The results of noise measurements in the vehicle cabin, Toyota Prius Hybrid 2008. (a) The sound 

pressure level at 60 mph within 200-400 Hz, where black, yellow, blue, and red lines are for stationary 

vehicle, for vehicle without tire filling, for form filling, and for AMS filling, respectively. (b) The rim of 

the tire (Pirelli Tire), 185/65R15, of Toyota Prius hybrid 2008. The foam and the AMS were bonded on 

the circumference of the rim, 3.5” width. (c) The mean sound pressure level versus the speed of the vehicle 

ranging from 200 to 300 Hz. [5] 

In addition, the vacuum pump, Ulvac diaphragm type dry vacuum pump DAP-6D, was considered 

to demonstrate the effectiveness of AMSes for other applications, e.g., appliances . As shown in Fig 

3a, the pump was placed on the rubbery mat, Dynamat Xtreme, to get rid of additional noise from the 

vibration between the pump and the table. The rubbery mat, 1.7 mm thick, is lightweight, elastomeric, 

butyl, and aluminum constrained-layer vibrational damper. Then, the pump was covered with a 

cardboard box and filled with AMS. In addition, a commercial acoustic foam, Tokyo Bouon ESW-300 

- sound absorbing and soundproofing material, was added to absorb the reflected sound from AMS.  

In the experiment, five cases were considered; #1 pump only, #2 pump on a mat, #3 pump on a mat 

covered with a cardboard box, #4 pump on a mat covered with a cardboard box attached to AMS, and 

#5 pump on a mat covered with a cardboard box attached to AMS and acoustic foam. The A-weighted 

sound intensity level, LInA, was measured using the sound pressure meter, RION NL-42, which was 

located on the other table, 1 m from the noise source.  

Fig 3b depicts the measured LInA under 2 kHz for each case. The results showed that the rubbery 

mat reduced noise, about 5 dB, by mitigating the mechanical vibration between the table and the pump. 

The noise level was increased when the box covered the pump because the air cavity in the box 

amplified the noise. When AMS was attached to the paper box, it provided noise reduction about 3dB. 

The noise reduction performance was maximized when the sound absorbing material was added to the 
inside of the box, more than 8 dB.  

 



 

 

 

Fig. 3. The results of the vacuum pump noise measurement. (a) The schematic of the experimental setup. 

(b) The A-weighted continuous sound intensity level, LInA (dBA) under 2 kHz, for each case, #1 a pump 

only, #2 a pump with a mat, #3 a pump with a mat and box, #4 a pump with a mat, box, and AMS, and #5 

a pump with a mat, box, AMS, and foam. 

1. CONCLUSIONS 

In this study, we demonstrated broadband noise reduction attained by thin and lightweight 

metasurface. The local oscillation of the clamped flexible thin plate provides anti -resonance resulting 

in almost total reflection at the low-frequency broadband, under 2 kHz. Based on the parametric study, 

the in-house prototype was manufactured for its validation in real-world applications, reducing noise 

from tire-pavement friction and a vacuum pump. The experiment results show better noise reduction 

performance of AMS as compared to the conventional acoustic absorber. To reduce noise efficiently, 

a combination of sound insulating (reflector) and absorbing materials is necessary. 
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ABSTRACT 

In the search for novel noise mitigation measures, acoustic phase gradient surfaces have recently come to the 

fore as a promising approach to create a compact solution providing high transmission loss and high sound 

absorption at low frequencies. These material systems are based on generalized Snell’s law, which states that 

acoustic transmission and reflection are highly suppressed when the phase of the material’s transmission 

and/or reflection coefficients varies linearly along the surface. In practice, such constant phase gradient can 

be created in a discrete way by combining channels with different acoustic properties. Recent studies on  

such a metamaterial, consisting of foam layers of varying length, have shown that such configuration can 

indeed outperform conventional acoustic solutions at specific targeted frequencies. However, accurate and 

computationally efficient models are needed in order to understand the influence of deviations with respect 

to the ideal phase gradient material concept and optimize the metamaterial design. In this paper, a mode 

matching model is presented that allows studying the influence of the partitioning and the different material 

properties in the partitions on the acoustic properties under normal and oblique incidence in a computationally 

efficient way. The model is validated against available numerical and experimental reference results. 

 

Keywords: phase gradient metamaterial, sound transmission, sound absorption 

1. INTRODUCTION 

The awareness on the detrimental effects of noise exposure on human health and wellbeing over 

the past decades has led to increasing customer expectations and strict regulations on the noise 

emissions of products and systems. As a result, manufacturers nowadays have no other choice but to 

impose acoustic design criteria and to foresee appropriate noise mitigation measures in order to meet 

these targets. A common approach is the use of acoustic enclosures and partition walls, which reduce 

the sound transmission from source to receiver. To realize a high insertion loss and obtain an effective 

noise mitigation solution, these measures need to be combined with acoustic absorption on the source 

side. However, it is difficult to combine the requirements of high transmission loss and high acoustic 

absorption in a compact and lightweight solution (1). High sound transmission loss can be created 

with a high surface impedance, but this also leads to a high reflection coefficient and hence low sound 

absorption. On the other hand, the flexibility of the structure on which absorbing wall treatment such 

as porous material layers are applied, will unavoidably allow sound transmission via structural 

vibrations. Especially for thin absorbing layers and light backing structures, it is therefore difficult to 

obtain a high acoustic insulation. 

A promising class of material systems that have the potential to combine compact and low weight 

criteria with low sound transmission and high sound absorption are so-called phase gradient 

metamaterials (PGM). These periodic metamaterial concepts originate from the field of optics and are 

designed such that the phase of the transmission and/or reflection coefficient of the structure varies 

linearly along the surface. The diffraction theory then states that, for a sufficiently small period width, 

no energy radiates to far field as the scattered field consists only of evanescent waves, propagating 

along the metamaterial surface (2,3). So far, acoustic PGM have mostly been studied to control 

reflections from a surface (4-6). However, the phase gradient effect could be exploited to suppress not 

only reflections from the surface, but also sound transmission without the need for a rigid backing (1). 
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Such PGM structure targeting both low sound transmission and high absorption was proposed in 

references (7,8). This design consists of a periodic arrangement of channels, separated by metal plates 

and each containing a different layer of absorbing material. The thickness of these layers was adjusted 

to obtain the targeted phase gradients on the transmission and reflection coefficients based on a simple 

analytical model for each individual channel. The acoustic performance of this design under oblique 

incidence was predicted via a finite element model and verified experimentally under normal  and 

oblique incidence. It was shown that, under normal incidence, such material configuration results in 

a higher absorption coefficient than a uniform layer of foam with the same thickness. Additionally, 

the absorption of the metamaterial remains higher than that of the uniform foam layer for a  broad 

range of angles centered around normal incidence. These results highlight the potential of partitioned 

PGM compared to conventional noise mitigation measures targeting simultaneously low sound 

transmission and high sound absorption.  

Designing partitioned PGM requires an accurate and computationally efficient model. Although 

the main requirements are dictated by the Generalized Snell’s law (2) and a simple analytical model 

was sufficient to come to a promising metamaterial design in (7,8), the assumptions of this simple 

model do not allow an accurate prediction of the material performance and detailed finite element 

simulations were used instead. In (9), a more efficient model was presented to predict and optimize 

the performance of a partitioned metamaterial. The material is assumed locally reacting and a 

computationally efficient model formulation is derived from a Fourier decomposition of the transfer 

admittance relation. However, it was shown that this model performs poorly for partitioned structures 

where the width of the channels is not sufficiently small compared to the wavelength  of the waves 

exciting the material. This poses an issue in PGM, which scatter energy into surface waves with a 

small tangential wavelength propagating along and interacting with the metamaterial surface. 

Although the error induced by assuming a locally reacting material is limited if the channels of the 

partitioned PGM contain sufficient damping material (9), it is impossible to estimate upfront what the 

impact of this model limitation will be for designs with relatively wide channels such as the partitioned 

PGM of (7,8). This paper therefore presents an alternative model, based on a mode matching 

formulation, where the small wavelength interactions at a PGM surface can be taken into account.  

The remainder of this paper is structured as follows. Section 2 derives a mode matching model for 

two-dimensional periodic partitioned PGM structures. In section 3, the derived mode matching model 

is validated against reference finite element results for an idealized partitioned PGM. Section 4 studies 

the PGM concept from reference (8) and compares the results of the derived model to published 

experimental data. Finally, section 5 summarizes the main conclusions of this paper.  

2. MODE MATCHING MODEL FOR A PERIODIC PARTITIONED METAMATERIAL 

This paper considers a two-dimensional periodic partitioned metamaterial structure, as shown 

schematically in Figure 1. The metamaterial has a constant thickness 𝐿 and is located between 𝑥 = 0 

and 𝑥 = 𝐿 . The unit cell is divided into 𝑁  channels, separated by infinitesimally thin and rigid 

separations. The 𝑛 -th channel of the unit cell has a width 𝑑𝑛 = 𝑦𝑛+1– 𝑦𝑛  and is located between 

𝑦 = 𝑦𝑛  and 𝑦 = 𝑦𝑛+1 , where 𝑦1 = 0  and 𝑦𝑁+1 = 𝑑 . Each channel contains a stack of 𝑄𝑛  material 

layers. The 𝑙-th layer in the 𝑛-th channel has a thickness 𝐿𝑛,𝑙 and is located between 𝑥 = 𝑥𝑛,𝑙 and 

𝑥 =  𝑥𝑛,𝑙+1  where 𝑥1 = 0  and 𝑥𝑄𝑛+1 = 𝐿 . The material inside this layer is represented by an 

equivalent fluid model with characteristic impedance 𝑍eq,𝑛,𝑙 and wavenumber 𝑘eq,𝑛,𝑙. 

A frequency domain model for the transmission and reflection properties of a partitioned 

metamaterial is derived based on the mode matching formulation for a periodic absorber presented 

in (10). For the derivation of this model, the domain is divided in three parts: i) the semi-infinite 

domain left of the metamaterial where an incident plane wave is assumed, ii) the metamaterial itself, 

which is divided in a sequence of channels separated by rigid plates, and iii) the semi-infinite domain 

right of the metamaterial where no sources are present and free-field radiation conditions are assumed, 

such that no transmitted sound is reflected back to the metamaterial surface. In each of these domains, 

an appropriate form for the solution of the Helmholtz equation is proposed and matched to the 

solutions in the neighboring domains at the interfaces.  

 



 

 

 

Figure 1 – Schematic of a partitioned metamaterial with all relevant dimensions of the unit cell. 

 

Assuming an oblique incident wave and because of the periodic nature of the metamaterial, the 

acoustic pressure field left of the metamaterial can be written as the sum of the incident plane wave 

with amplitude 𝑃𝑖 and an infinite sum of reflected spatial harmonics with complex amplitude 𝑃𝑟,𝑚:  

𝑝𝑖(𝑥, 𝑦) = 𝑃𝑖 𝑒
−𝑗𝑘𝑥𝑖𝑥𝑒−𝑗𝑘𝑦𝑖𝑦 + ∑ 𝑃𝑟,𝑚 𝑒𝑗𝑘𝑥,𝑚𝑥 𝑒−𝑗𝑘𝑦,𝑚𝑦

∞

𝑚=−∞

 (1) 

In this expression, the wavenumbers of the incident wave are given by the free-field wavenumber 𝑘0 

and the angle of incidence 𝜃𝑖, as defined in Figure 1:  

𝑘𝑥𝑖 = 𝑘0 cos 𝜃𝑖                             𝑘𝑦𝑖 = 𝑘0 sin 𝜃𝑖 (2) 

The tangential and normal wavenumbers of the spatial harmonics of the reflected pressure field 

are imposed by, respectively, the Bloch-Floquet relationship and the compatibility relations:  

𝑘𝑦,𝑚 = 𝑘𝑦𝑖 + 2𝜋𝑚 𝑑⁄                     𝑘𝑥,𝑚
2 + 𝑘𝑦𝑚

2 = 𝑘0
2 (3) 

Care should be taken to select the solution of the compatibility relation which satisfies the radiation 

condition. If 𝑘𝑦,𝑚  <  𝑘0, then 𝑘𝑥,𝑚 is real and the 𝑚-th spatial harmonic is a plane wave propagating 

away from the metamaterial surface. In this case, the solution for which the wavenumber 𝑘𝑥,𝑚 is 

positive should be retained. If 𝑘𝑦,𝑚  >  𝑘0, then 𝑘𝑥,𝑚 is imaginary and the spatial harmonic represents 

a surface wave decaying away from the metamaterial surface. The correct solution for the wavenumber 

𝑘𝑥,𝑚 then has a negative imaginary part.  

A similar reasoning can be followed on the right side of the metamaterial. There, the acoustic 

pressure field consists of an infinite sum of transmitted spatial harmonics with complex amplitude 𝑃𝑡,𝑚 

because of the periodic nature of the metamaterial:  

𝑝𝑡(𝑥, 𝑦) = ∑ 𝑃𝑡,𝑚 𝑒−𝑗𝑘𝑥,𝑚(𝑥−𝐿) 𝑒−𝑗𝑘𝑦,𝑚𝑦

∞

𝑚=−∞

  (4) 

The particle velocity in the x-direction can be obtained directly from equations (1) and (4) using 

the linearized momentum equation: 

𝑣𝑥,𝑖(𝑥, 𝑦) =
1

𝜌0𝑐0
(

𝑘𝑥𝑖

𝑘0
𝑃𝑖  𝑒−𝑗𝑘𝑥𝑖𝑥𝑒−𝑗𝑘𝑦𝑖𝑦 − ∑

𝑘𝑥,𝑚

𝑘0
𝑃𝑟,𝑚 𝑒𝑗𝑘𝑥,𝑚𝑥 𝑒−𝑗𝑘𝑦,𝑚𝑦

∞

𝑚=−∞

) (5) 



 

 

𝑣𝑥,𝑡(𝑥, 𝑦) =
1

𝜌0𝑐0
∑

𝑘𝑥,𝑚

𝑘0
𝑃𝑡,𝑚 𝑒−𝑗𝑘𝑥,𝑚(𝑥−𝐿) 𝑒−𝑗𝑘𝑦,𝑚𝑦

∞

𝑚=−∞

  (6) 

It is assumed that each channel of the unit cell contains a stack of material layers with different 

properties. Within the 𝑙-th layer in the 𝑛-th channel of the unit cell, the acoustic pressure can be 

written as an infinite sum of channel modes satisfying the rigid wall boundary conditions at the 

partition plates located at 𝑦 = 𝑦𝑛 and 𝑦 = 𝑦𝑛+1 = 𝑦𝑛 + 𝑑𝑛:  

𝑝𝑛,𝑙 = ∑ cos (
𝑚𝜋

𝑑𝑛

(𝑦 − 𝑦𝑛)) (𝑎𝑛,𝑚,𝑙 𝑒−𝑗𝑘𝑛,𝑚,𝑙(𝑥−𝑥𝑛,𝑙) + 𝑏𝑛,𝑚,𝑙 𝑒𝑗𝑘𝑛,𝑚,𝑙(𝑥−𝑥𝑛,𝑙+1))

∞

𝑚=0

 (7) 

The axial wavenumbers 𝑘𝑛,𝑙,𝑚 in this expression can be obtained from the compatibility relations. 

𝑘𝑛,𝑚,𝑙
2 + (𝑚𝜋 𝑑𝑛⁄ )2 = 𝑘eq,𝑛,𝑙

2  (8) 

Also here the solution with a negative imaginary part should be selected in order to satisfy the 

radiation condition. The corresponding particle velocity in the x-direction can be obtained directly 

from equation (7) using the linearized momentum equation: 

𝑣𝑥,𝑛,𝑙 =
1

𝑍eq,𝑛,𝑙
∑

𝑘𝑛,𝑚,𝑙

𝑘0
cos (

𝑚𝜋

𝑑𝑛

(𝑦 − 𝑦𝑛)) (𝑎𝑛,𝑚,𝑙 𝑒−𝑗𝑘𝑛,𝑚,𝑙(𝑥−𝑥𝑛,𝑙) − 𝑏𝑛,𝑚,𝑙 𝑒𝑗𝑘𝑛,𝑚,𝑙(𝑥−𝑥𝑛,𝑙+1))

∞

𝑚=0

 (9) 

In order to derive a model for the partitioned metamaterial, f irst a scattering matrix relation 

between the amplitudes of the modes entering and leaving the metamaterial is derived for each 

individual channel. At each interface between two material layers, the continuity of pressure and 

normal particle velocity is imposed. This is done in a weak sense by multiplying with the modes of 

the channel as weighting functions and integrating over the width of the channel. Because of the 

orthogonality of the duct modes, this immediately leads to:  

𝑎𝑛,𝑚,𝑙 𝑒−𝑗𝑘𝑛,𝑚,𝑙𝐿𝑛,𝑙 + 𝑏𝑛,𝑚,𝑙  = 𝑎𝑛,𝑚,𝑙+1  + 𝑏𝑛,𝑚,𝑙+1 𝑒−𝑗𝑘𝑛,𝑚,𝑙𝐿𝑛,𝑙+1  (10) 

𝑘𝑛,𝑚,𝑙

𝑘𝑛,𝑚,𝑙+1
(𝑎𝑛,𝑚,𝑙 𝑒−𝑗𝑘𝑛,𝑚,𝑙𝐿𝑛,𝑙 − 𝑏𝑛,𝑚,𝑙)  =

𝑍eq,𝑛,𝑙

𝑍eq,𝑛,𝑙+1
(𝑎𝑛,𝑚,𝑙+1 − 𝑏𝑛,𝑚,𝑙+1 𝑒−𝑗𝑘𝑛,𝑚,𝑙𝐿𝑛,𝑙+1) (11) 

By grouping these relations for all interfaces in the stack and eliminating the amplitudes of the 

modes propagating in the internal material layers from the resulting system of equations, the sought 

scattering matrix relation between the amplitudes of the modes entering and leaving the channel at 

the surfaces is obtained. The result can be expressed in the following form: 

[
𝑎𝑛,𝑚,𝑄𝑛

𝑒−𝑗𝑘𝑛,𝑚,𝑄𝐿𝑛,𝑄

𝑏𝑛,𝑚,1𝑒−𝑗𝑘𝑛,𝑚,1𝐿𝑛,1
] = [

𝑡𝑛,𝑚
+ 𝑟𝑛,𝑚

−

𝑟𝑛,𝑚
+ 𝑡𝑛,𝑚

− ] [
𝑎𝑛,𝑚,1

𝑏𝑛,𝑚,𝑄𝑛

] (12) 

In these matrix relations, the coefficients 𝑡𝑛,0
±   and 𝑟𝑛,0

±   are the transmission and reflection 

coefficients for a plane wave under normal incidence, which would be used in a locally reacting 

representation of the metamaterial (9). The remaining coefficients are transmission, reflection and 

scattering coefficients of the other channel modes.  

In a second step, a model for the metamaterial and its interaction with the surroundings  is derived 

by imposing the continuity of the acoustic pressure and the normal particle velocity at the left and 

right surface of the metamaterial. Because of the periodicity, it is sufficient to do this for one unit cell 

of the metamaterial. The continuity of normal particle velocity is therefore imposed in a weak sense 

by multiplying the expressions valid inside and outside the metamaterial with an appropriate 

weighting function and integrating over the width of the unit cell. A convenient choice for the 

weighting functions is the complex conjugate of the spatial harmonics of the exterior field (10). After 

some simple algebra, this yields:  

𝑘𝑥𝑖

𝑘0
𝑃𝑖  𝛿𝜇0 −

𝑘𝑥,𝜇

𝑘0
𝑃𝑟,𝜇 = ∑

𝜌0𝑐0

𝑍eq,𝑛,1
∑

𝑘𝑛,𝑚,1

𝑘eq,𝑛,1

𝑑𝑛

𝑑
𝐶𝑛,𝜇,𝑚 (𝑎𝑛,𝑚,1  − 𝑏𝑛,𝑚,1 𝑒−𝑗𝑘𝑛,𝑚,𝑙𝐿𝑛,1)

∞

𝑚=0

𝑁

𝑛=1

 (13) 

𝑘𝑥,𝜇

𝑘0
𝑃𝑡,𝜇 = ∑

𝜌0𝑐0

𝑍eq,𝑛,𝑄𝑛

𝑑𝑛

𝑑
 ∑

𝑘𝑛,𝑚,𝑄𝑛

𝑘eq,𝑛,𝑄𝑛

𝐶𝑛,𝜇,𝑚 (𝑎𝑛,𝑚,𝑄𝑛
 𝑒−𝑗𝑘𝑛,𝑚,𝑄𝐿𝑛,𝑄𝑛 − 𝑏𝑛,𝑚,𝑄𝑛

 )

∞

𝑚=0

𝑁

𝑛=1

 (14) 



 

 

In these expressions, 𝛿𝑖𝑗 is the Kronecker delta and 𝐶𝑛,𝑚 has been introduced as compact notation 

for the coupling integrals between the spatial harmonics outside of the metamaterial and the modes of 

the channels inside the unit cell: 

𝐶𝑛,𝜇,𝑚 =
1

𝑑𝑛
∫ 𝑒𝑗𝑘𝑦,𝜇𝑦  cos (

𝑚𝜋

𝑑𝑛

(𝑦 − 𝑦𝑛))  d𝑦

𝑦𝑛+1

𝑦𝑛

 (15) 

The continuity of pressure is expressed in a weak sense for each channel individually and a 

convenient choice for the weighting functions are the modes of that channel. This yields after some 

algebra: 

𝑃𝑖  𝐶𝑛,0,𝜇
∗ + ∑ 𝑃𝑟,𝑚 𝐶𝑛,𝑚,𝜇

∗

∞

𝑚=−∞

= (
1 + 𝛿𝜇0

2
) (𝑎𝑛,𝜇,1  + 𝑏𝑛,𝜇,1 𝑒−𝑗𝑘𝑛,𝜇,1𝐿𝑛,1) (16) 

∑ 𝑃𝑡,𝑚 

∞

𝑚=−∞

𝐶𝑛,𝑚,𝜇
∗ = (

1 + 𝛿𝜇0

2
) (𝑎𝑛,𝜇,𝑄𝑛

 𝑒−𝑗𝑘𝑛,𝜇,𝑄𝑛𝐿𝑛,𝑄𝑛 + 𝑏𝑛,𝜇,𝑄𝑛
) (17) 

After a suitable truncation of the infinite sums, equations (13) – (17) combined with the scattering 

matrix relations (equation (12)) for the different channels of the metamaterial unit cell form a 

determined system of equations, from which the amplitudes of the transmitted and reflected spatial 

harmonics can be computed. This result allows a direct computation of the energetic transmission 

coefficient 𝑇  and reflection coefficient 𝑅 . These are defined as the ratio of, respectively, the 

transmitted and reflected acoustic intensity in the direction normal to the metamaterial surface to the 

incident acoustic intensity in that direction: 

𝑇 = ∑
Re(𝑘𝑥,𝑚)

𝑘𝑥𝑖
|
𝑃𝑡,𝑚

𝑃𝑖
|

2

𝑚

                      𝑅 = ∑
Re(𝑘𝑥,𝑚)

𝑘𝑥𝑖
|
𝑃𝑟,𝑚

𝑃𝑖
|

2

𝑚

 (18) 

Given that the evanescent surface waves have a purely imaginary wavenumber, only the 

propagating spatial harmonics contribute to these sums.  For PGM, which are designed such that all 

higher spatial harmonics are evanescent, this means that only the 𝑚 = 0 component contributes to 

these expressions. The absorption coefficient of the metamaterial can be obtained directly from the 

energetic transmission and reflection coefficients:  

𝛼 = 1 − 𝑇 − 𝑅 (19) 

3. MODEL VALIDATION FOR AN IDEALIZED PARTITIONED METAMATERIAL 

As a first validation, the mode matching model is applied to an idealized PGM. The unit cell of the 

metamaterial consists of 4 channels of equal width, each filled with a uniform material and separated 

by an infinitesimally thin and rigid panel. The thickness of the metamaterial is set to 𝐿 = 20 mm. 

Standard air properties are applied in the first channel of the unit cell and a rtificial equivalent fluid 

properties are applied in the other channels as listed in Table 1. The equivalent speed of sound in each 

channel is chosen such that at 2000 Hz a 90° phase jump is created between the transmission 

coefficient 𝑡𝑛,0
+  under normal incidence of adjacent cells. The equivalent density is adjusted such that 

the characteristic impedance is equal to the characteristic impedance of air. This impedance matching 

condition leads to a reflection coefficient 𝑟𝑛,0
+  under normal incidence equal to zero for all channels. 

The resulting configuration is an ideal, undamped partitioned PGM, which leads to perfect reflection 

and zero transmission under normal incidence at 2000 Hz if locally reacting behavior can be assumed. 

However, this assumption is only valid for partitioned metamaterials consisting of sufficiently narrow 

channels. When the channel width is increased, deviations from this ideal locally reacting behavior 

can occur, especially when the channels are filled with a low damping material (9). However, by 

taking sufficient channel modes and spatial harmonics into account, the mode matching formulation 

is capable of capturing the small wavelength phenomena interacting with the partitioned PGM and 

causing this behavior. To illustrate this, the transmission and reflection coefficients of the 

metamaterial are computed for different period widths between 𝑑 = 10 mm and 𝑑 = 150 mm.  

 

 



 

 

Table 1 – Equivalent fluid properties applied in the 4 channels of the unit cell of the artificial metamaterial, 

and the resulting transmission and reflection coefficients of the channel under normal incidence. 

channel 
speed of sound, 

m/s 

density,  

kg/m³ 

transmission 

coefficient 𝑡𝑛,0
+  

reflection 

coefficient 𝑟𝑛,0
+  

1 343 1,204 𝑒𝑗𝑘0𝐿 0 

2 109,1054 3,7851 𝑒𝑗(𝑘0𝐿+𝜋/2) 0 

3 64,8700 6,3662 𝑒𝑗(𝑘0𝐿+𝜋) 0 

4 46,1564 8,9472 𝑒𝑗(𝑘0𝐿+3𝜋/2) 0 

 

Figure 2 shows the reflection coefficient of the metamaterial predicted with the mode matching 

model as a function of the channel width. As expected, the reflection coefficient is close to 1 and the 

material can be assumed locally reacting for narrow channels. For a period width of d = 95 mm, a 

sudden dip of the reflection coefficient and the corresponding peak in the transmission coefficient can 

be observed. This is caused by a Fano-like interference involving the 𝑚 = 1  mode of the 3rd 

channel of the metamaterial period. This asymmetric channel mode cannot be excited by the incident 

plane wave under normal incidence, but is excited by small wavelength evanescent waves at the PGM 

surface. It is obvious that this behavior cannot be captured by a locally reacting model formulation, 

and requires that at least the channel modes up to 𝑚 = 1 are taken into account in the mode matching 

model. For a period width higher than d = 100 mm, the reflection and transmission coefficient are 

again close to their ideal values but small discrepancies, gradually increasing with the period width, 

can be observed. Also this behavior would not be captured by a simple locally reacting formulation.  

    

Figure 2 – Reflection and transmission coefficient of the artificial phase gradient metamaterial obtained 

from the mode matching model and a reference finite element model. 

Figure 2 also shows a comparison between the mode matching results and a reference solution, 

obtained from a finite element model in Comsol Multiphysics. An excellent agreement between both 

solutions is obtained, demonstrating that all relevant phenomena are properly accounted for by the 

mode matching formulation. However, the computational cost of the mode matching model is orders 

of magnitude lower than a finite element analysis, where the small wavelength phenomena call for a 

very fine grid and hence a large model size with several thousands of degrees of freedom. In the mode 

matching model, only spatial harmonics up to order 𝑚 = ±20 and channel modes up to 𝑚 = 10 are 

taken into account. This results in a fairly small model size with only 106 degrees of freedom, which 

can be solved in a fraction of a second without compromising on accuracy.  

4. FOAM-BASED PARTITIONED METAMATERIAL STRUCTURE 

In this section, the mode matching model is applied to the partitioned PGM structure analyzed 

in (8). This periodic structure has a unit cell consisting of 4 channels with equal width, again divided 

by rigid separations. As shown schematically in Figure 3, the (dark-colored) right part of each channel 

is filled with a porous material and the left part contains only air. The same foam material is used in 

all channels. The equivalent fluid properties of this material are obtained from impedance tube 

measurements and shown in Figure 4. The thickness of the foam layers was chosen based on a simple, 

approximate analytical model such that the phase of the transmission and reflection coefficients 



 

 

changes by 90° between adjacent cells. This results in a phase profile which follows a staircase 

function along the left surface of the metamaterial, representing a discretized linearly varying phase.  

 

  

Figure 3 – Schematic of the unit cell of the studied phase gradient metamaterial. 

  

Figure 4 – Equivalent wavenumber and characteristic impedance of the porous material used for the 

manufacturing of the partitioned phase gradient material. 

   

Figure 5 – Absorption coefficient of the partitioned phase gradient metamaterial under normal incidence as 

a function of frequency and under oblique incidence at 2000 Hz, obtained from the mode matching model 

and from measurements (8). 

Figure 5 shows the absorption coefficient of the partitioned PGM under normal and oblique 

incidence, obtained from the mode matching model. A large number of spatial harmonics (up to order 

𝑚 ± 20) and channel modes (up to 𝑚 = 10) is taken into account in the mode matching formulation. 

A convergence study using higher numbers of spatial harmonics and channel modes has been carried 

out and has shown only a negligible change of the results. It is even possible to use less modes with 

only a minor impact on the accuracy. The mode matching predictions are compared with experimental 

results, obtained with a measurement technique based on the identification of propagating modes in a 

waveguide (11). Each of these modes is associated to a well-defined angle of incidence, enabling 

measurements of the absorption coefficient under oblique incidence. However, no distinction can be 

made between positive and negative angles. The experimental results in Figure 5 are therefore 

mirrored around the 𝜃𝑖 = 0 axis to enable a comparison between measurements and simulations.  This 

explains why the expected asymmetry due to the asymmetric nature of the metamaterial design, which 



 

 

can be observed in the mode matching predictions as a function of the angle of incidence, is not 

present in the experimental results. 

Overall, a good agreement between the mode matching predictions and the experimental results 

can be observed. The small discrepancies, which are most prominent at lower frequencies under 

normal incidence, are comparable to the differences between the measurements and detailed FEM 

results reported in (8). Hence, it can be concluded that the mode matching formulation is capable of 

predicting the acoustic properties of a partitioned phase gradient material , with a realistic channel 

width, at a significantly lower computational cost than conventional FEM simulations.  

5. CONCLUSIONS 

This paper presented a mode matching model to predict the sound transmission, reflection and 

absorption properties of partitioned metamaterials. The solution is projected on the modes of the 

channels inside the metamaterial and on the spatial harmonics of the incident wave outside of the 

material, and these expanded solutions are coupled by imposing continuity conditions at the interfaces. 

Because of the underlying physics captured by the modal expansion, the complete acoustic field inside 

and outside the partitioned metamaterial can be described with only few degrees of freedom. As a 

result, the mode matching formulation can provide accurate predictions for partitioned metamaterials 

at a much lower computational cost than commonly used finite element simulations.  

The proposed mode matching model has first been validated against a reference solution obtained 

from finite element simulations for an idealized phase gradient metamaterial (PGM). It is shown that 

even with only a few modes in the expansions, the important small wavelength phenomena occurring 

at a partitioned PGM surface are correctly captured. As such, the mode matching model does not suffer 

from the known limitations of locally reacting formulations for partitioned metamaterials with wide 

channels and low damping. Finally, the validated model has been applied to predict the performance 

of a real partitioned PGM prototype and a good agreement with experimental results under normal 

and oblique incidence is obtained. Based on these results, it can be concluded that the mode matching 

formulation is a powerful tool that can be exploited to predict and optimize the acoustic performance 

of a wide range of partitioned PGM designs. 
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ABSTRACT
The transfer function method in an impedance tube is widely used to characterize the acoustical properties of
materials. A number of environmental parameters, including sound speed and dissipation caused by boundary
effects of the tube walls, critically influence the accuracy of the measurement. This work proposes a model-
based iterative method to these parameters the tube measurement. Acoustic equivalent centers of the micro-
phones and the sound speed are estimated through Bayesian inference based on the measured data from the
transfer function method. With the tube terminated by a rigid backing, the acoustic reflectance of the air layer in
front of the rigid backing can be predicted. Given the model and the measurement of the air layer, the acoustic
centers of the microphone positions are estimated using Bayesian inference. The knowledge of the exact mi-
crophone positions enables the estimation of the sound speed and losses within the same estimation framework.
Results show that Bayesian parameter estimation is well suited for the impedance tube measurement calibration
to ensure highly accurate tube measurements.

Keywords: Bayesian, transfer function method, dissipation

1 INTRODUCTION
Chung and Blaser [1] first proposed a two-microphone transfer function for the tube measurements in 1980.
Transfer function methods for impedance tube measurements are now widely used to measure material acoustics
[2, 3]. The accuracy of the two-microphone transfer function method in the impedance tube is affected by phase
mismatches and microphone positional errors.

However, the impedance tube measurement results are influenced by some environmental parameters which
are usually predefined, such as the tube wall dissipation [4], the sound speed [5], and the microphone po-
sitions [6]. Mo and Bolton [5] recently proposed an iterative method to estimate sound speed and the air
attenuation based on the complex wavenumber model and four-microphone measurements. Different from the
microphone positions, which only need to be calibrated once, the sound speed in the medium air varies depend-
ing on the surrounding environment. The dissipation coefficient is primarily determined by the boundary effect
of the tube interior walls as well as the thermal effect of the medium air. This work parameterizes dissipation,
sound speed, and microphone positions and estimates these parameters using Bayesian inference.

2 MODEL AND DATA
This section presents the theoretical model of the transfer function for the impedance tube measurement with
a hypothetical air layer. The tube end is not attached to any materials that are being tested, only a rigid
termination.The modeled reflectance RM of the air layer with thickness d can be written as [4]

RM = e−2γd , (1)

where ρ c is the characteristic impedance of the media in the tube, and γ = αζ + jβ is the complex propagation
coefficient. β is the wavenumber, and αζ is the damping coefficient. According to the ’wide tube’ dissipation
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Figure 1. Sketch of the two-microphone transfer function method for the impedance tube measurement.

model, αζ is a function of frequency and can be expressed as

αζ = 6.7×10−6 · (U/A)ζ
√

ω, (2)

where ζ is a factor, U is the circumference of the tube, and A is the cross-sectional area of the tube. The po-
tential fluctuations caused by the tube materials or the shifting surroundings are represented by the unidentified
component ζ . This work obtains the experimental data from the two-microphone impedance tube measurement
in Figure 1. Through the standing wave method, the complex reflectance of the material under test is the ratio
of the reflected sound pressure and the incident sound pressure,

RD =
HD − e−γs

eγs −HD
e2γL, (3)

where s is the separation between the microphone position ’1’ and ’2’, L is the distance form the testing
material surface to the position ’1’. HD = P2/P1 is the measured transfer function. Replacing the measured
transfer function HD in Equation (3) with the modeled transfer function HM and rearranging the both sides of
the equation leads to the solution of the modeled transfer function HM,

HM =
e−γs +RMe−2γLeγs

1+RMe−2γL . (4)

Equation (4) shows the prediction model of the transfer function. The measured transfer function HD and the
modeled transfer function HM allow the approximation using the Bayesian inference.

3 BAYESIAN INFERENCE
In order to estimate the values of the parameters, this study uses a Bayesian approach based on the theoretical
transfer function model of the air layer in Equation (4) and the experimental transfer function from the mea-
surement. The models include a particular set of parameters, generally referred to as θ , such as the distance
L between microphone position ’1’ and the surface of the material being tested, the separation between micro-
phones s, the sound speed c, and the dissipation coefficient factor ζ . Given the experimental data HD and the
hypothetical transfer function HM, the estimation using the Bayesian theorem produces,

posterior︷ ︸︸ ︷
p(θ |HD,HM, I) =

likelihood︷ ︸︸ ︷
p(HD|θ ,HM, I)×

prior︷ ︸︸ ︷
p(θ |HM, I)

p(HD|HM, I)
, (5)

where I is the underlying knowledge that existed before the estimation. The fact that ’the prediction model is
able to describe the data well’ is one essential piece of information in I.

The prior distributions of the parameters contain all the initial information about the parameters prior to the
estimation. Applying the maximum entropy principle results in the assignment of uniform distributions over all



Figure 2. Estimation results of the transfer function for a hypothetical air layer with thickness 1.5 cm. (a) Mag-
nitude comparison of the measured transfer function and the modeled transfer function. (b) Residual absorption
error

parameter ranges [7]. The residual errors are the difference between the model and the experimental data. The
residual error εk at the data point k is defined as

ε
2
k = Re2(HD,k −HM,k)+ Im2(HD,k −HM,k), (6)

The likelihood function p(HD|HM, I) describes the probabilities of the residual errors εk. According to the
principle of maximum entropy, the overall likelihood function is assigned to be a Student-t’s distribution [8],

p(HD|θ ,HM, I) =
Γ(K/2)

2

(
π

K

∑
k=1

ε
2
k

)−K/2

, (7)

where K is the total number of the data points, and Γ( . . .) is the standard Gamma function.

4 EXPERIMENTAL RESULTS
The test is performed in a long tube with an inner diameter of 3.81 cm (1.5 in) and a wall thickness of 0.64
cm (0.25 in). The rigid termination is 11.4 cm (4.5 in) away from position ’1’ and 10.2 cm (4 in) away from
position ’2.’ The air layer thickness is assumed to be 1.5 cm.

Figure 2 presents the approximation results of Bayesian parameter estimation. As shown in Figure 2(a), the
match between the measured transfer function HD and the modeled transfer function HM is accurate. Figure 2(b)
shows the residual absorption error with and without the dissipation. The residual absorption error is equal
to the measured residual absorption αD minus the modeled residual absorption αD. After incorporating the
dissipation coefficient, the residual absorption error is decreased a lot. The general decrease of the residual
absorption error is around 0.07.

5 CONCLUSION
The current work presents a Bayesian parameter estimation method for the impedance tube based on an air layer
model and the two-microphone transfer function method. As the material under test, a hypothetical air layer
in front of the rigid termination is assumed, and its theoretical transfer function is calculated as the prediction
model. The results show that model-based Bayesian parameter estimation does a good job of estimating the
dissipation coefficient, sound speed, and microphone positions. Within the 2.5 - 4.2 kHz frequency range, the
prediction model accurately matches the experimental data when the accurate estimated parameters are used.



This precise estimation can be used to calibrate the impedance tube. The future effort will concentrate on
higher frequency ranges and the various environmental factors that influence sound speed.
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ABSTRACT
In the stress-energy tensor formalism, the symmetry between absorption and scattering coefficients, as proven
by measurements combined with simulations, is counter-intuitive. By introducing the wall admittance, we
show that the scattering coefficient is partly created by the real part of the wall admittance combined with the
active intensity, that is, is partly due to absorption. However, it also depends on the imaginary part of the wall
admittance in combination with the reactive intensity, which confers it genuine scattering properties. In the case
of plane waves impinging on planar boundary, the admittance formalism shows that reactive intensity vanishes
in directions parallel to the wall; when the source is at finite distance from the wall, a residual reactive intensity
subsists. However, for curved boundaries, the velocity in directions parallel to the wall is no longer proportional
to the pressure, and scattering occurs.

Keywords: Energy density, Sound intensity, Absorption coefficient, Scattering coefficient, Wall admittance

1 INTRODUCTION
The stress-energy tensor formalism, introduced into Acoustics by Morse and Ingard [1], was further developed
by Dujourdy et al. [2, 3] to generalize the diffusion equation formalism of Ollendorf and Picaut [4, 5]: instead
of a gradient type relationship between sound intensity and total energy, it introduces a conservation equation
for intensity. After integration on the cross-section, it yields both absorption and scattering on the boundaries.
Dujourdy et al. pointed out the symmetrical role played by absorption and scattering coefficients, which was
confirmed by Meacham et al. [6]. The present paper aims to prove this symmetry and the absorbing nature of
the scattering coefficient.

2 THE BASIC EQUATIONS
Dujourdy et al. [2, 3], following [1], have shown that the wave equation can be extended by a set of conserva-
tion equations that reduces to the conservation of the stress-energy tensor T :

~∇ ·T = 0 (1)

with

T =


Ett Etx Ety Etz

Etx Exx Exy Exz

Ety Exy Eyy Eyz

Etz Exz Eyz Ezz

 (2)
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Figure 1. Relevant combinations of absorption and scattering coefficients leading to measured reverberation
times and spatial decays in a hallway (from [6]).

In terms of the velocity potential ψ , the elements of the stress-energy tensor are given by:

Ett = ρ

2 (
1
c2 |∂tψ|2 + |∂xψ|2 + |∂yψ|2 + |∂zψ|2)

Exx = ρ

2 (
1
c2 |∂tψ|2 + |∂xψ|2−|∂yψ|2−|∂zψ|2)

Eyy = ρ

2 (
1
c2 |∂tψ|2−|∂xψ|2 + |∂yψ|2−|∂zψ|2)

Ezz = ρ

2 (
1
c2 |∂tψ|2−|∂xψ|2−|∂yψ|2 + |∂zψ|2)

Etx = −ρ

c ℜ(∂tψ∂xψ∗) Exy = ρ ℜ(∂xψ∂yψ∗)

Ety = −ρ

c ℜ(∂tψ∂yψ∗) Exz = ρ ℜ(∂xψ∂zψ
∗)

Etz = −ρ

c ℜ(∂tψ∂zψ
∗) Eyz = ρ ℜ(∂yψ∂zψ

∗)

(3)

where ρ is the density of air and c the speed of sound.
For long enclosures, Dujourdy et al. [2] reduced the conservation of the stress-energy tensor (equation 1) to

the telegraphers equation:
1
c2 ∂ttE−∂xxE +

A+D
λc

∂tE +
AD
λ 2 E = 0 (4)

where E is the total energy, λ is the mean free path of the enclosure, and A and D are respectively modified
absorption and scattering coefficients at the boundaries. A similar equation exists for flat spaces [3].

Equation (4) is symmetrical with respect to the absorption and scattering coefficients, as was confirmed by
Meacham et al. [6] in Figure 1, where the measured reverberation times and spatial decays correspond to narrow
stripes of values for A and D, which do not always overlap. Note the symmetry of the figure with respect to
absorption and diffraction coefficients.

3 WALL ADMITTANCE
For monochromatic waves, wall admittance introduces a relation between the normal derivative and the time
derivative of the velocity potential on the wall:

−∂nψ =
β

c
∂tψ =

1
cζ

∂tψ (5)



Figure 2. Plane wave reflecting on flat boundary.

with ~n the exterior normal to the wall, ζ the reduced impedance of the wall, and β = 1/ζ the reduced admit-
tance. Let us then consider a flat enclosure with vertical coordinate z. We can express the elements E·z of the
stress-energy tensor, where · takes the values t, x, or y. We thus obtain on the "ceiling":

Etz = ρ

c2 ℜ(∂tψβ ∗∂tψ
∗) = ρ

c2 ℜ(β )|∂tψ|2

Exz = −ρ

c ℜ(∂xψβ ∗∂tψ
∗) = ℜ(β )Etx +ℑ(β )ℑ(ρ

c ∂xψ∂tψ
∗)

Eyz = −ρ

c ℜ(∂yψβ ∗∂tψ
∗) = ℜ(β )Ety +ℑ(β )ℑ(ρ

c ∂yψ∂tψ
∗)

(6)

and the same equations with opposite sign on the "floor".
Now, Etx and Ety are the components of the sound intensity in the x and y directions. The boundary con-

ditions for Exz and Eyz therefore involve not only the active intensity, but also the reactive intensity, which
corresponds to local recirculation of energy. Since the wave is monochromatic, we can further consider the
phase angles φx and φy between the space derivatives of the velocity potential with respect to x and y respec-
tively, and its time derivative. The last two equations (6) then reduce to:

Exz = [ℜ(β )+ℑ(β ) tanφx]Etx

Eyz = [ℜ(β )+ℑ(β ) tanφy]Ety

(7)

and Ett to:

Ett = ρ

2 (
1
c2 [1+ |β |2] |∂tψ|2 + |∂xψ|2 + |∂yψ|2)

= [ ρ

2c2 (1+ sin2
θ + |β |2) |∂tψ|2

(8)

after introducing the angle of incidence θ of the wave
The absorption coefficient then takes the following expression:

α(θ) =
Etz

Ett
=

2ℜ(β )

1+ sin2
θ + |β |2

(9)

and the scattering coefficients Dx and Dy:

Dx = Exz
Etx

= [ℜ(β )+ℑ(β ) tanφx]

Dy =
Eyz
Ety

= [ℜ(β )+ℑ(β ) tanφy]
(10)

4 BOUNDARY CONDITIONS
4.1 Plane wave on flat boundary
For a plane wave impinging on a flat boundary z = 0 (Figure 2), the velocity potential takes the following form:

ψ(t,r) = exp−i(ωt− kxx− kyy− kzz)+Rexp−i(ωt− kxx− kyy+ kzz) (11)



Figure 3. Source at finite distance from flat boundary; S is real source, and S’ virtual image source.

where R is the complex reflection coefficient on the boundary. Its derivatives in the neighbourhood of the
boundary are given by:

∂tψ =−iωψ =−iω exp−i(ωt− kxx− kyy) [exp ikzz+Rexp−ikzz]

∂xψ = ikxψ = ikx exp−i(ωt− kxx− kyy) [exp ikzz+Rexp−ikzz] =− kx
ω

∂tψ

∂yψ = ikyψ = iky exp−i(ωt− kxx− kyy) [exp ikzz+Rexp−ikzz] =−
ky
ω

∂tψ

∂zψ = ikz exp−i(ωt− kxx− kyy) [exp ikzz−Rexp−ikzz] =−β

c ∂tψ

(12)

As a consequence, on the boundary z = 0, the phase angles φx and φy are both equal to 0, and equations (10)
reduce to:

Dx = Dy = ℜ(β ) (13)

that is, the diffraction coefficient is purely created by absorption.

4.2 Source at finite distance from flat boundary
For a spherical wave impinging on a flat boundary (Figure 3), the velocity potential takes a different form:

ψ(t,r) =
exp−i(ωt− kr)

4πr
+R

exp−i(ωt− kr′)
4πr′

(14)

where R still is the complex reflection coefficient on the boundary, r the distance to the real source S, and r′

the distance to the virtual image source S′ (see Figure 3). The derivatives in the neighbourhood of the boundary
are now given by:

∂tψ =−iωψ =−iω exp−iωt
4π

[
exp ikr

r +R exp ikr′
r′

]
∂xψ = i exp−iωt

4π

[
kx

exp ikr
r

(
1+ i

kr

)
+Rk′x

exp ikr′
r′

(
1+ i

kr′
)]

∂yψ = i exp−iωt
4π

[
ky

exp ikr
r

(
1+ i

kr

)
+Rk′y

exp ikr′
r′

(
1+ i

kr′
)]

∂zψ = i exp−iωt
4π

[
kz

exp ikr
r

(
1+ i

kr

)
+Rk′z

exp ikr′
r′

(
1+ i

kr′
)]

(15)

where kx, ky and kz are the components of the incident wave number k along the three coordinates, and k′x, k′y,
and k′z those of the reflected wave number k′. At the boundary, r = r′, kx = k′x, ky = k′y, but k′z = −kz; and the



Figure 4. Reflection on curved boundary. Left: plane wave impinging; right: source at finite distance. S is real
source, and S’ virtual image source.

derivatives further reduce to:

∂tψ =−iω exp−i(ωt−kr)
4πr (1+R)

∂xψ = ikx
exp−i(ωt−kr)

4πr (1+R)
(
1+ i

kr

)
=− kx

ω

(
1+ i

kr

)
∂tψ

∂yψ = iky
exp−i(ωt−kr)

4πr (1+R)
(
1+ i

kr

)
=− ky

ω

(
1+ i

kr

)
∂tψ

∂zψ = ikz
exp−i(ωt−kr)

4πr (1−R)
(
1+ i

kr

)
=−β

c ∂tψ

(16)

As a consequence, on the boundary, the phase angles φx and φy are both equal to arctan(1/kr), and equations
(10) reduce to:

Dx = Dy = ℜ(β )+
ℑ(β )

kr
(17)

The imaginary part of the admittance contributes to the diffraction coefficient.

4.3 Curved boundary
In the case of a curved boundary, the real and virtual sources are not located at the same distance from the
boundary (Figure 4). As a consequence, equations (15) are still valid in the vicinity of the boundary, provided
that x, y and z are now considered as local coordinates on the boundary, the two first ones being parallel to the
boundary and the last one perpendicular to it. However, they do not simplify into equation (16) at the boundary,
even though kx = k′x, ky = k′y, and k′z =−kz, because r′ 6= r.

On the boundary, we now obtain from equations (15):

∂xψ =− kx
ω

(
1+ i

exp ikr
kr2 +R exp ikr′

kr′2
exp ikr

r +R exp ikr′
r′

)
∂tψ

∂yψ =− ky
ω

(
1+ i

exp ikr
kr2 +R exp ikr′

kr′2
exp ikr

r +R exp ikr′
r′

)
∂tψ

∂zψ =− kz
ω

( [
exp ikr

r −R exp ikr′
r′

]
+i
[

exp ikr
kr2 −R exp ikr′

kr′2

]
exp ikr

r +R exp ikr′
r′

)
∂tψ =−β

c ∂tψ

(18)

where [
exp ikr

kr2 +R exp ikr′

kr′2

]
[

exp ikr
r +R exp ikr′

r′

] =
[

1
kr2 +

R′
kr′2

]
[

1
r +

R′
r′

] (19)



with R′ = Rexp ik(r′− r). We then obtain:

tanφx = tanφy =
1
k

1
r3 +

( 1
r +

1
r′
)

ℜ(R′)
rr′ + |R

′|2
r′3

1
r2 +

2ℜ(R′)
rr′ + |R

′|2
r′2 +

( 1
r −

1
r′
)

ℑ(R′)
krr′

(20)

As a consequence, the phase angles φx and φy are position dependent through the modified reflection coefficient
R′. No simple equation subsists for equations (10) to reduce to.

Note that, in the case of a plane wave incident on a curved boundary (left pane of Figure 4), equation (20)
becomes:

tanφx = tanφy =
1

kr′2
ℜ(R′)+ |R

′|2
r′

1+ 2ℜ(R′)
r′ + |R

′|2
r′2 −

ℑ(R′)
kr′2

(21)

5 DISCUSSION
5.1 Absorption coefficient
The form for the absorption coefficient given by equation (9) does not reduce to the form given by Morse and
Ingard [1] and introduced in acoustics by Paris [7]. But it is similar to an expression given by Bosquet [8], who
further explains that absorption coefficient strongly depends on the weighting function, that is, the statistics one
chooses for computing the mean absorption coefficient. In the present case, the obvious choice is the so-called
star-type statistics introduced by London [9], that is, taking the mean value of the equation Etz = αEtt :∫ π

2

0
Etz sinθdθ = α

∗
∫ π

2

0
Ett sinθdθ (22)

One simply obtains:

α
∗ =

2ℜ(β )

1+ 2
3 + |β |2

(23)

which is the value of α(θ) taken for θ = 55o, an angle that has repeatedly appeared since 1953 as the incidence
angle that represents the mean absorption [8, 10, 11]. Indeed, sin2 55o = 0.67≈ 2/3.

Simple calculation shows that the absorption coefficients given by equation (9) and (23) take values between
0 and a maximum which always is smaller than 1, except at normal incidence (θ = 0) for equation (9).

5.2 Scattering coefficients
The scattering coefficients given by equation (10) are independent of the incidence angle θ , except through the
reflection coefficient in the expression of tanφx and tanφy for curved boundaries. However, the real part of
the wall admittance contributes to the scattering coefficients. In other words, absorption on the wall induces
scattering. This is a novel result.

Also novel is the observation that scattering coefficients are not bounded: they can take any value between
−∞ and +∞, as is easily seen from equation (10).

Traditionally, scattering is considered as the result of two mechanisms [12]: finite dimensions of reflecting
surfaces; and roughness of the reflecting surfaces. There is no doubt from Sect. 4.3 that the second term
of equation (10) corresponds to scattering by surface roughness, since it is driven by the finite distance from
the surface to the image source. However, this term subsists for sources located at finite distances from a
flat reflecting surface (see Sect. 4.2), as long as its admittance admits an imaginary part. But roughness is
usually associated with locally varying imaginary parts of the admittance, which is not necessary here to induce
scattering.

We therefore suspect that the mechanism described in Sects. 4 does not correspond to traditional scattering,
but to a different effect, because there is no redirection of the acoustical intensity at the boundaries, just a
reduction of it by friction on the walls. In other words, total energy and acoustical intensity can be considered
as two coupled systems that each follows its own conservation equation with some exchange between the two



systems. As is well known from such coupled systems, the less damped system drives the reverberation, as
shown in Figure 1.

As a consequence, the scattering coefficient D is ill-named. A better designation would be friction coeffi-
cient. But we stick to usage and keep the designation "scattering coefficient".

6 CONCLUSIONS
Starting with the precedent papers of Dujourdy et al. [2, 3] that have shown that integrating the stress-energy
tensor in disproportionate enclosures and taking into account the boundary conditions lead to "loss terms" that
correspond to absorption and scattering, we expressed the elements of the stress-energy tensor with the help of
the wall admittance.

As expected, the absorption coefficients are proportional to the real part of the wall admittance. However,
they also depend on the angle of incidence of the wave, leading to an expression of the absorption coefficient
equation (23) which has been signaled in the literature, for example by Bosquet [8], yet is not very usual; and
to scattering coefficients additively involving the real and imaginary parts of the wall admittance, as seen in
equation (10), proving the absorptive nature of the scattering coefficient in the stress-energy tensor formalism.
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ABSTRACT

Diffusive surfaces can be optimally designed for both acoustic and aesthetic purposes. Adapting to the
parametric demands of interface design, fractals are widely applied as a fusion of mathematical calculation
and artistic design. The Sierpinski triangle is a self-similar structure with a more impressive appearance
than conventional acoustic diffusers. However, the acoustic performance of Sierpinski fractal patterns has
not been considered. This paper proposes a design of an acoustic diffuser based on the construction rules of
the Sierpinski triangle to broaden the effective frequency range. The diffuser is made of triangular blocks of
different sizes attached to a plane surface. A series of case studies are examined through numerical
simulations based on the boundary element method (BEM) to investigate the effects of the number of
iterations, the randomness of block arrangements, and the inclination of block tops. The diffusion
performance of a conventional quadratic residue diffuser (QRD) is compared to confirm the advantage of
the designed diffuser for broadening the effective frequency range. Furthermore, a workflow of the design
and evaluation processes is presented to fabricate samples that could be used to tune the design parameters
according to their in-field application demands.

Keywords: Acoustic Diffuser, Sierpinski Triangle, Fractal

1. INTRODUCTION
Diffusive surfaces are critical elements in controlling first-order sound reflections in acoustic

spaces (1). They can be used in diverse settings, such as classrooms, meeting rooms, or outdoors, to
improve speech clarity, avoid sound focusing (2) and reduce noise levels (3). Diffusers can be
designed in many forms, such as hemispheres and cubes (4, 5), one- and two-dimensional grooves
(6), curved surfaces (7), or any other topologies (8). The visual perception of a space where acoustic
diffusers are installed is strongly determined by the design of the diffuse surfaces, thus acoustic
diffusers should be designed by considering both acoustical and aesthetical aspects (9). The
combination of these two aspects has only been employed in a few studies (10-12).
Diffusive surfaces have been continuously enriched since the introduction of fractals. The design

focus remains mainly on optimizing acoustic performance while also considering the aesthetic needs
of users. Xu et al. (13) investigated Sierpinski triangular fractal structures via eye tracking and
semantic differences. Compared to traditional QRD diffusers, they found that the proposed diffusers
were more attractive. Additionally, the topological surface avoids periodic contours, satisfying both

1First author: l.tantan@outlook.com (L. TAN);

Corresponding author:xuhongpeng@hit.edu.cn (H. XU)



aesthetic and acoustic requirements.
The parameter design thinking (PDT) results are appropriate and necessary to deal with the

complexity of diffusive surfaces (14). Rather than generating many design variants, PDT focuses on
creating detailed, differentiated, rule-based designs. The development of personalized diffusion
surfaces based on PDT requires a flexible design method. Shtrepi et al. (8) integrated parametric
models with acoustic simulations to provide acoustic visualization feedback for architects during the
preliminary design phase. Reinhardt et al. (15) investigated computational design and robotic
fabrication methods to develop effective patterns for sound scattering. Peters and Olesen (10) built
scattering surfaces with hexagonal elements varying in depth and width with rapid prototyping.
Moreover, the use of robots for evaluating diffusive surface designs has been suggested in creative
explorations. It allows them to directly tune acoustic and architectural parameters based on the
measured results during fabrication.
To propose a diffusive surface that considers both acoustic and aesthetic values, this study

develops a methodology for designing modular diffusers based on the Sierpinski-triangle
construction rule shown in the authors’ previous study (16) and determines the optimized threshold
combining the PDT. Four aspects will be investigated:1) Propose a design of a modular diffuser
based on the construction rules of the Sierpinski fractals to broaden the effective frequency range; 2)
Compare the diffusion performance of a two-dimensional QRD to confirm the advantage in the wide
frequency range design; 3) Investigate the effect of the number of iterations, the randomness of
arrangement, and the inclination of the tops based on BEM simulations; 4) Develop a workflow for
designing rules and evaluating test samples according to the application demands.

2. DESIGN OF DIFFUSIVE SURFACE BASED ON SIERPINSKI TRIANGLE

2.1 Principle

The Sierpinski triangle can be subdivided into smaller triangles (17). We use isosceles right
triangles as the fractal pattern base to construct diffusion units that can be incorporated into
architectural surfaces (such as walls or facades). Figure 1(a) illustrates the construction of the
Sierpinski triangle. It starts from an isosceles right triangle (iteration 0). Then four smaller
right-angled triangles are created by connecting the triangle's midpoints, and the center triangle is
removed (iteration 1). As a result of repeating the last procedure with the remaining three triangles,
nine smaller triangles are created (iteration 2). Using this step, 27 triangles are formed (iteration 3).
The combination of two identical Sierpinski triangles forms a rectangle, as shown in Figure 1(b).

Figure 1 – (a)Construction steps of the Sierpinski triangle pattern; (b) top view and (c) isometric
view of the final Sierpinski-triangle diffuser.(d)Dimensions of multi-level modules used.

2.2 Design process

This work proposes Sierpinski-triangle diffusers composed of modules of various sizes attached
with a flat plane. Figures 1(b) and 2(c) show the top and isometric views of the final proposed design.
The top of pyramid modules is cut by a randomly inclined plane. The diffusers are 1.2 m in length
and width, the same size as the basic wall module in Chinese constructions (1.2 m), allowing for
easy assembly and rearranging according to audio requirements. Figure 1(d) shows the block
dimensions. The dimension of diffusive surface is 1.2 m ×1.2 m ×120 mm.
Diffuser performance is affected by several parameters. Simulations will be used to investigate

the influence of these parameters. The scattering surfaces for the case study are shown in Table 1.
First, the iteration number is examined in the first group. The authors’ previous study (16) showed
that diffusers with the fractal iteration patterns combined with different structural heights of
triangular blocks (60 mm, 90 mm, and 120 mm) have good diffusion capacity. Similarly, the module
pattern is iterated by 1, 2, 3, and 4, while module height varies from 30 mm to 120 mm with a 30 mm



interval for different sizes of the blocks. In the second group, a degree of randomness is introduced
to break the monotonous pattern. P-values (randomness) of 0.25, 0.50, and 0.75 further quantify the
concentration degree of the triangle modules, representing semi-disperse, semi-centralized, and
centralized arrangement of modules, respectively. The number of triangular blocks used in A3 and
A3(IV) is equivalent. In addition, the sides of the triangular blocks are titled to form triangular
pyramids A3(v). Since the facets are angled in pyramidal modules, incident sound waves will be
reflected in multiple directions and promote higher diffusion (18). A3(d) is optimized by increasing
the height of pyramid module L from 120 mm to 300 mm and enlarging M and S by 2.5 times. Type
A3(t) is generated by arbitrarily inclined planes truncating the tops of deep triangular pyramids for
improved acoustic performance. The Figure 2 shows the workflow followed in the design and
evaluation process. It also outlines the fabrication stage that can be implemented in the future.

Table 1 – Configurations of scattering surfaces considered for case studies.

Figure 2 – Workflow:fractal design,acoustic analysis and fabrication



3. METHOD OF EVALUATION OF THE DIFFUSIVE SURFACES
3-D numerical simulations are conducted by using COMSOL Multiphysics 5.4®, BEM in

Acoustic Module (19). Scattering surfaces are surrounded by air of which density and speed of sound
are given as ρ0= 1.21 kg/m3 and c0 = 343 m/s, respectively. All boundaries of scattering structures
are assumed to be rigid. We evaluate diffusion performance in a far-field condition following ISO
17497-2 (20). The sound source is located 10 m above the bottom surface of the diffuser, and the
receiver arc is placed 5 m above the scattering surface, as shown in Figure 3. There are 35 receiver
points on the receiver arc, spaced with 5° intervals. A maximum element size is set to be less than
1/10 of the minimum wavelength of the frequency range of interest. From 100 Hz to 5 kHz, four
frequencies per 1/3 octave bands are used for the numerical calculations.

Figure 3 – Numerical simulation setup (S = 10 m, R = 5 m, W = 1.2 m)

According to ISO17497-2, acoustic diffusion coefficients are calculated to determine the
performance of diffusers. When the source position is fixed, the diffusion coefficient dψ is calculated
as follows:
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where Li is the sound pressure level (SPL) at the i-th receiver position, while n is the number of
receivers,and ψ denotes incidence angle. To compare the difference in performance between the
samples, only normal incidences were considered, i.e., ψ = 0. After that, a normalized directional
diffusion coefficient is calculated for the sample by
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where the directional diffusion coefficients dψ and dψ,n represent the sample and reference plane
surfaces, respectively. Following the calculation of the normalized diffusion coefficients, the
coefficients are averaged in bands of 1/3 octave.

4. RESULTS
Figure4 shows the normalized diffusion coefficients d0,n of the diffusers affected by iterations

with various heights in the first group. From 315 Hz, all scattering surfaces in group 1 present
similar or worse diffusion properties than plane surfaces below 315 Hz, implying that their diffusion
performances are similar or worse than a plane surface. In the frequency range of 315 Hz to 5 kHz,
A1, A2, and A4 tend to perform worse in higher frequencies, especially above 2 kHz, while A3
performs better in these bands. In addition, the diffusion coefficients for A1, A2, and A3 increase as
the number of iterations increases. However, A4 has lower diffusion coefficients than A3, showing



an optimum number of iterations to design diffusers that perform well. Consequently, as the number
of iterations increases, the triangular blocks on the base panels are covered by 25%, 44%, 57%, and
68%, respectively. When the coverage area increases from 25% to 57%, the normalized diffusion
coefficients vary from 0.46 to 0.61 at 1 kHz, then decrease in higher frequencies due to the absence
of surface irregularities. Furthermore, in diffuser configurations, many wells are formed between
triangular blocks (colored white), whose size decreases as the number of iterations increases. When
the wavelengths are in the mid-to-high frequency range, the wells become comparable in size. As a
result, waves would be scattered specularly due to locally reacting wells.

Figure 4 –Normalized diffusion coefficients of the diffusers in group A

Figure 5 shows the normalized diffusion coefficients d0,n of the diffusers affected by arrangement
in the second group. By altering the scattering surface topology, group 2 intends to verify the
diffusion capacity of the diffuser designed using fractal sequences over other structures. A decline in
diffusion coefficients is observed when triangular modules become more random. Among the four
diffusion coefficients, A3 has the highest value (P = 0), followed by A3(II) (P = 0.25), A3(III) (P =
0.50), and A3(IV) (P = 0.75) sequentially. A3(II) decreases normalized diffusion coefficients over 800
Hz compared to A3. Comparisons of A3(II) and A3(III) show A3(II)have superior diffusion performance.
Furthermore, A3(IV) show almost similar diffusion performance to A3(III), although slightly worse
above 2 kHz than A3(III). The reason is that the dispersion for the triangular blocks varies in degree,
resulting in varying well sizes and widths. Then specular reflections form on some surfaces,
affecting scattering uniformity.

Figure 5 –Normalized diffusion coefficients of the diffusers in group B

The threshold for diffuser design is the third group compared and optimized type A3 as three
iterations of the modules. Figure 6 shows the normalized diffusion coefficients d0,n of diffusers
influenced by top inclination. From 250 Hz to 1 kHz, type A3(v) with pyramid modules shows better
diffusion capacity than type A3 with prism modules, while below 2.5 kHz, they are comparable, and
then A3(v) has higher diffusion coefficients than A3 in the range of 3.15 - 5 kHz. The diffusion
coefficients of A3(v) increase as frequencies increased in the frequency range of interest. When A3(d)
and A3(v) are compared, A3(d) presents comparable or better diffusion performance from 250 Hz to
1 kHz. At the same time, a notable peak is observed around 1kHz for A3(d), suggesting that the use of
higher prismatic modules can enhance the diffusion capability of the diffuser at mid-low frequencies.



Diffusion coefficients of A3(d), however, decrease in mid-high frequency range. A further effect of
the angle between the two sets of modules is the generation of specular reflections (18). In addition,
type A3(t) with truncated pyramid modules presents broadband diffusion performance, which is
suitable for further optimization. Compared to A3(v), A3(t) shows better performance between 250 Hz
and 500 Hz, with a small peak around 500 Hz band. At frequencies above 500 Hz, A3(v) displays a
similar capacity as A3(v). Compared to A3, the coefficients of A3(t) are higher in the mid-low
frequency range of 250 to 800 Hz and the mid-high frequency range of 3.15 to 5 kHz. Figure 6 also
compares the diffusion coefficients of QRD with two-dimensional gratings (N=7). A3(t) presents
more advantages of broadband diffusion than QRD in the 250Hz - 5 kHz frequency band.

Figure 6 –Normalized diffusion coefficients of the diffusers in group C.Normalized diffusion coefficients of

QRD with 2-dimensional gratings (N = 7, black line) are also compared.

5. CONCLUSIONS
This study showed that fractal acoustic diffusers presented superior bandwidth and low-frequency

capacity than conventional QRDs. The proposed diffusers were designed based on the
Sierpinski-triangle fractal, composed of triangles of different sizes. Sierpinski-triangle diffusers
were constructed from triangular modules with varying cross sections and heights. Further, the
performance-optimizing design for the tilted tops of the triangular modules was discussed. Using 3D
numerical simulations based on a BEM, we investigated the effects of fractal iterations, randomness
degree of module arrangements, and inclination of module tops on normal-incidence diffusion
coefficients. The following conclusions can be made by the results:
(1) Fractal acoustic diffusers combined with triangular modules of varying heights demonstrated

high diffusion capability in the frequency range between 250 Hz and 5 kHz. A high-diffusion
performance was achieved by applying an optimum number of iterations (three in this study).
(2) Fractal diffusers performed better in the module arrangement with a lower randomness

degree when the scattering surface topology was changed.
(3) Diffusion performances of fractal diffusers are significantly enhanced when the module shape

was changed from prism to pyramid in the high-frequency range (2 - 5 kHz). Increasing the height of
the pyramid module and reducing the angle between the modules improved the diffusion capacity of
the diffuser at mid-low frequencies (＜ 1 kHz) but deteriorated it at high and mid frequencies (>1
kHz).
(4) Diffusers composed of truncated pyramid modules demonstrated enhanced diffusion

performance in a broad range of frequency. In comparison to conventional diffusers of the same size,
the fractal patterns with various sizes of truncated pyramid modules produced a better diffusion
performance, especially in the mid-low frequency range.
Furthermore, we present a workflow of the design and evaluation processes to fabricate samples

that can be used to refine design parameters according to the needs of the field application. In the
present study, Sierpinski-triangle diffusers were compared under normal-incidence conditions to
compare performance differences due to design parameters. The performance of diffusion under
oblique- and random-incidence conditions would be beneficial to study in future research. In
addition, Sierpinski-triangle diffusers can also be investigated in a real-sized room to enhance the
room's acoustics and determine the most effective combination pattern.
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ABSTRACT 

Acoustical research and activities shown in the paper are part of complex project THE MULTISENSORY 

UNESCO, that is being realized by Pelni Kultury afoundation and AGH University since 2017. Within the 

project, among others town of Lipnica Murowana, wooden churches and orthodox churches of southern 

Poland and (ongoing project) Kalwaria Zebrzydowska was fully digitalized. All of the objects were entered 

on the UNESCO World Heritage List. 

The article shows the activities of project that was aimed at digitalizing and sharing the cultural and national 

heritage of the selected monuments in the city of Krakow. It shows soundscape analysis and recording and 

the acoustics of the Barbakan and Brama Florianska. The paper focuses on acoustical layer digitalization and 

VR technology utilization in the results sharing and distribution. 

The uniqueness of the project goes with sociological, cultural, ethnographical and artistic layers digitalization 

together with traditional material heritage. Therefore, sound and acoustical layer was almost as significant as 

visual part of the project. 

 

Keywords: Soundscape, Ambisonics, SPL, UNESCO 

1. INTRODUCTION 

Virtual reality (VR) creates a sensory and psychological experience and sensation for users as an 

alternative to reality. VR is already more and more present not only in entertainment (especially in 

games), but also in corporate training, in marketing, medicine and architecture. The VR technology 

used in the project gives you the opportunity to learn about the history of unique places and people 

who live in them, their history, traditions and customs. Computer-generated space can be explored not 

only by sight, but thanks to the development of technology also with other senses e.g. glove 

technology allows you to experience VR also by touch (1). Auditory sensations are the second most 

important source of experiences in space and landscape, after the visual ones. Sound is also one of the  

keys to discovering the world for sighted people by permanently connecting remembered sounds with 

a given place - landscape. Sound also plays a special role in human art and aesthetics.  

As a part of “The Multisensory UNESCO project” (2), the employees of the Department of 

Mechanics and Vibroacoustics at AGH UST in Krakow have registered, recorded and analyzed 

soundscape of selected monuments of Krakow: St. Florian’s Gate and Krakow Barbican. 

2. KRAKOW UNESCO SITE AND THE MULTISENSORY UNESCO PROJECT 

The acoustic research and activities presented in this article are part of the complex project “The 

multisensory UNESCO (2), that is realized by the Fully Culture Foundation (3) in cooperation with 

AGH University of Science and technology since 2017.  

Within the project, among others wooden churches in the Polish region of the Carpathians, Lipnica 

Murowana from the UNESCO site were fully digitalized (4). The process of digitizing Krakow's 

monuments as the next stage of the project began in 2020. The Old Town in Krakow was entered on 

the UNESCO list in 1978 as one of the first 12 sites in the world. The inscribed area includes the Old 

Town (Figure 1) within the former walls (Figure 2), the Wawel Hill and the Kazimierz and Stradom 

                                                        
1 pawel.malecki@agh.edu.pl 
2 dorota.czopek@agh.edu.pl 
3 jerzy.wiciak@agh.ed.pl 

ABS-0223



 

 

districts. In the Old Town of Karkow, there are 331 historic tenement houses and 2 million moving 

works of art. The perfectly preserved fragments of the city walls from the 14th century are the St. 

Florian’s Gate (Brama Florianska, Figure 3) and the Kraków Barbican (Barbakan, Figure 4). 

                  

 Figure 1 – Plan of the old town of Krakow XIX c.   Figure 2 – City walls from the 14th c. (6) 

The St. Florian’s Gate is a medieval gate with a tower located to the north of old Krakow. It was 

the main entrance to the former Krakow and also was a military building. Its 34-meter silhouette rises 

picturesquely between the Barbican and the beginning of Floriańska Street. The first mention of it 

comes from 1307. The building was erected on a rectangular plan with dimensions of eight and a half 

meters and just over nine meters. Its walls are made of irregular, light -colored stones. Only the upper 

section is made of brick. A narrow strip of bricks also appears in the central part of the wall facing 

Floriańska Street. The building is covered with a brick hip tile roof. It is crowned with a steeple 

covered with a now green, copper sheet metal helmet and a gold-plated flag. The gate opening is about 

three and a half meters high, almost four meters wide, and is topped with a sharp arc. In the wall on 

the west side, there is a small chapel. 

 

Figure 3 – St. Florian’s Gate and 3D model of the St. Florian’s Gate (8) 

The Barbican was a fragment of the defensive fortifications of Krakow connected with the Florian 

Gate by a long bridge. The architectural form of the Barbican is an outstanding example of a late 

Gothic structure. The fortress was built on the plan of a circle in the proportion of 6:10 with an internal 

diameter of 24.4 m and an external diameter of over 30 m. The lower part of the wall is thicker and 

measures 365 cm, the upper parts are 2 – 2.5 m thick, and 1.5 m at places. The foundations of the 

building were made of crushed limestone joined using a large amount of mortar at a depth of about 7 -

8 meters, the lower part of the wall was built of processed sandstone up to the water level in the moats; 

the higher parts of the wall, which protrude above the water level in the moat, are brick laid.  Apart 

from brick, some elements of the higher stories of the building were made of processed and carved 

limestone and sandstone, including arrow slits, gateway portals or machicolation elements. 

 



 

 

 

Figure 4 – Krakow Barbican and 3D model of the Krakow Barbican (8) 

3. ACUSTICAL LAYER 

There were several activities according to the sounds and acoustics within the project:  

• acoustical measurements and analysis of interior of Krakow Barbican, spatial impulse response 

measurements using 1st order ambisonic microphone Sennheiser AMBEO, full-range active 

loudspeaker QSC K10 within several locations (Figure 5);  

• sound recording with the 1st order ambisonic Soundfield SPS200 to the portable Zoom F8n 

recorder to four-channel wave files (A-format), soundscape analysis of the surroundings of the 

Barbican and St. Florian Gate, identification and systematics of sound sources, SPL and 

psychoacoustic parameters analysis (loudness N5, sharpness, tonality, fluctuation strength), sound 

walk - method B and survey research (8-10). 

The distribution of measurement points inside the Barbican and in the vicinity of the Florian Gate 

is shown in Figure 5. 

 

Figure 5 – Scheme of measurement points location (R - microphone position, S - sound source position):  

Krakow Barbican and St. Florian’s Gate 

Selected results of SPL measurements, psychoacoustic parameters and reverberation time are 

presented in the figure 6-7 and in the table 1. 



 

 

 

Figure 6 – Waveform of the sound pressure level (parameters LAeq and LCeq) with the one-second 

integration interval and the average value at the point P2 

 

Figure 7 – The summary of the frequency characteristics of the early decay time EDT of the courtyard of 

the Barbican for positions S3 of the sound source (S1, S3)  

 

Table 1 – List of single-number values of psychoacoustic parameters: loudness, sharpness, roughness, 

tonality and fluctuation at both measurement points 

Measuring point Parameter  Algorithm  Value  Unit 

P2 

St. Florian’s gate from the side of 

Pijarska St. 

loudness N5 8,42 soneGF 

sharpness S 1,51 acum 

roughness R 0,0214 asper 

tonality TonalityHMS 0,199 tuHMS 

fluctuation strength  0,0127 vacil 

P1 

St. Florian’s gate from the side of the 

Barbican 

loudness N5 0,0127 soneGF 

sharpness S 9,92 acum 

roughness R 1,38 asper 

tonality TonalityHMS 0,0237 tuHMS 

fluctuation strength  0,166 vacil 

 

On the project website, there is also a set of all impulse responses in several formats and all other 

recorded sounds free to download. As all recordings were conducted using the ambisonic microphone, 

and there are following formats available: B-format, stereo, binaural, 5.1, 7.1. 



 

 

4. SUMMARY 

 

Together with soundscapes recordings, sound pressure level was measured so this data is available 

for future use within psychoacoustic test or accurate soundfield playback in laboratory conditions.  

Based on the surveys conducted among participants of the sound walk, it can be concluded that the 

sounds in the studied area are moderately adapted to the surroundings - the green area on the side of 

Planty and Barbican is dominated by road noise, while the historic street running along the defensive 

walls by the buzz of pedestrians. Despite this fact, the respondents would like to visit this place quite 

often. 

Despite the dominant sounds of vehicles and pedestrians in both places, the sounds characteristic 

of the area were clearly perceived: birds singing at the point on the Planty and Barbican side, and the 

unique sound of the bugle call at the point on the side of Pijarska Street.  

The uniqueness of the project goes with sociological, cultural, ethnographical and ar tistic layers 

digitalization together with traditional material heritage. Within the project, traditions, oral history, 

socio-cultural practices such as customs, rituals, annual ceremonies, knowledge and skills related to 

traditional crafts were digitalized. Therefore, sound and acoustical layer was almost as significant as 

visual part of the project.  

The project allows free distribution and sharing of its content in open access philosophy. It is 

possible to share, transform and use its results to create any new digital content. Among others, 

advanced 3D models by laser scanning of all UNESCO sites were executed by 3Deling company (7). 

Additionally, high resolution photos, orthophotos and visualizations of every entry were made.  

Measurements results together with the impulse response files are freely available on the project 

website (2). 
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ABSTRACT 

Church design and layout have changed throughout history based on the functional needs of its target 

congregation. In this study, traditional churches were selected for their chancels as the chancel has been 

omitted in modern church design. The chancel located at the front of the church has the potential to act as a 

sound source for the congregation seated in the aisles who are the sound receivers. The main aim of this 

research is to identify and investigate the relationship between the chancel’s space characteristics and 

acoustical performance in church acoustics. Four churches with varying chancel geometry were selected and 

were categorized into three distinct room shapes – circular, polygonal, and rectangular. These churches were 

then modeled for acoustical simulation (ODEON) and subsequently with their chancels modified based on 

two characteristics: (i) chancel availability and (ii) chancel geometry. The results indicated that chancel 

availability does have an impact on the acoustical performance of the church. While in terms of room 

geometry, circular-shaped chancels have better speech intelligibility while rectangular-shaped chancels have 

better reverberation time. 

 

Keywords: Church, Chancel, Room shape, Speech intelligibility, Reverberation 

1. INTRODUCTION 

In church architecture, the chancel, is the space around the altar, located at the east end (front part) 

of a traditional church building. In terms of the functionality, the chancel is an area where the altar is 

located; as well as where the pastors and choir are often seated while the congregation is usually 

seated in the nave [1]. Based on this description, it is evident that the nave acts the sound receiver 

(location of congregation) while the chancel acts the sound source (location of pastor and choir).  

Acoustics in churches play a significant role in the Christian worship service as most part of the 

service consists of both singing and preaching [2]. Eastern Orthodox churches is dominated by one 

main form of sound transmission, which is singing, as the liturgy of most churches consists of singing 

for majority of the service. The only spoken parts of the service is when the pastor is preaching to the 

congregation [3]. Therefore, churches are acoustically challenged in a way which they need to strike 

a balance between both clear speech intelligibility during sermons and musical singing during worship 

as the reverberation time required for both situations have a difference of one-half of the value. Ideally 

one should not be sacrificed for the other [4].  

In the early 1517, the Protestant Reformation begun, in which resulted in the dismantlement of the 

institutional unity of the Roman Catholic Church in Western Europe and pioneered a new branch in 

Christianity. Since this Era, speech intelligibility has become highly ranked in the importance of 

acoustical performance of church services, as compared to the previous medieval cathedr als [5]. 

As the congregation continues to grow, larger musical facilities are needed for the organs and a 

larger room size will be required to accommodate the increasing numbers. Thus, this led to several 

components of church design began to deviate. Simultaneously, new modern musical instruments and 

mechanical equipment, such as electrical keyboards, organs and synthesizers had to be installed while 

the traditional pipe organs were still in use.  All these factors made it possible for the proper 

investment in achieving acoustical quality of churches and the establishment of the need of acoustics 

experts to do proper installation of these systems [6]. 
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Modern worship spaces in churches consists of several functions based on the church’s liturgical 

style. For example, the cathedrals a suitable for the musical sounds of the organ and chants due to its 

high reverberation nature. At the same time, these cathedrals also need to fulfil the role of providing 

sermons and speeches from church leaders that require a higher need for speech intelligibility. On the 

other hand, evangelical liturgy style has a large volume, like cathedrals, but the worship service only 

plays contemporary music that is usually accompanied by electrical organs and keyboards [5]. 

Geometrical elements of a church have an impact towards its acoustical performance. Alvarez -

Morales & Martellotta [7] discussed on the geometrical acoustics of six (6) historical Catholic 

churches located throughout Italy and Spain. The study describes the geometrical properties that are 

present in these churches and how they affect the acoustical performance of each church. Geometrical 

elements included the layout plan (Rectangular plan, Basilican plan, Latin cross plan and Greek cross 

plan) and the arch style (Romanesque, Gothic, Renaissance and Baroque) of the roofs. A common 

church shape is the cross shape, where there is a main rectangular hall with additional s ide rectangles 

and another rectangular space in the front for the altar or sanctuary or chancel [8]. 

For optimum acoustical performance in a church, the fundamental room geometry must be taken 

into consideration in the primary design of the church. Some geometrical shapes carry more benefit 

than others in assisting the projection of early speech sound, which is crucial for optimum speech 

intelligibility. On the other hand, there are some room shapes that can cause serious acoustical 

hindrances, such as standing waves, flutter echo, wound focusing and intensive late reflections that 

are greater than 100ms. Concave shapes that concentrate reflected sound should be avoided, especially 

if not treated properly with sound diffusing materials [9].  

Besides that, long and flat parallel walls can result in undesirable flutter echo that lowers speech 

intelligibility drastically. Spatial separation as seen in older churches, such as alcoves, archways can 

lower the effectiveness of the projection of early speech sound, thus leading to weaker speech 

intelligibility [10]. Furthermore, wide fan shapes and semi-circular plans usually will not project 

strong early lateral reflections because the perimeter walls will be located to far apart. Unless overhead 

sound reflectors are installed to help solve the lack of lateral sound reflected from the walls. However, 

the ‘reverse’ fan shape (room that tappers towards the end) can provide the greatest lateral reflections 

and spatial impression for music [2].  

These aforementioned geometrical considerations should be taken into account not only in 

designing the floor plan but also the section of the room as well as a room’s geometry is three 

dimensional. Henceforth, the ratios of the room’s length to its width, as well as the ratio of the room’s 

height to its width are significant design considerations that need to be considered [11]. 

The main aim of this study is to identify and investigate the relationship between the chancel’s 

room characteristics and acoustical performance in church acoustics using computer modelling and 

simulation analysis, particularly on the spatial distribution patterns of speech intelligibility and 

reverberation time in the absence of sound reinforcement systems. The room characteristics used in 

this study were: (i) chancel availability and (ii) chancel geometry. 

2. METHODOLOGY 

2.1 Sample Selection 

The selection sample of a representation of traditional churches in Malaysia was based on their 

chancel shape. Four (4) churches in Kuala Lumpur and Selangor were selected from three (3) distinct 

chancel shapes: circular, polygonal and rectangular. Traditional churches from the 1890s – 1930s were 

selected as chancels were only found in traditional churches because chancels have become less 

defined in modern church designs [12]. The measured drawings of the four churches were obtained 

from student works available in the University of Malaya Built Environment Library. The churches 

selected also had a seating capacity of less than 1000 seats, as it is generally acceptable for  churches 

that utilizes only natural sound sources [13]. The capacity and physical measurements of the church 

are summarized in Table 1. 

2.2 Chancel Availability vs Acoustical Performance 

The first objective of this study is to identify and analyze the impact of acoustical performance in 

traditional churches based on the availability of a chancel. So, in Simulation 1, the four churches were 

modelled with- and without their chancel in Table 2, while the nave of the church remained constant 

in its volume, seating capacity and material assigned. 



 

 

Table 1 – Main physical characteristics of churches in this study  

No. Abb Chancel Type Year No of Seats 
Dimension of Hall (m) Vol (m3) 

L W H 

1 C1 Circular 1900 600 40.22 11.58 10.90 4679.33 

2 P1 Polygonal 1894 280 31.05 8.84 12.52 2713.51 

3 P2 Polygonal 1913 960 46.40 36.39 10.06 8377.47 

4 R1 Rectangular 1937 220 15.05 11.87 8.25 1473.81 

 

Table 2 – Churches and their modified chancels based on Simulation 1 & Simulation 2 

 

Church 

(Original) 

Simulation 1 Simulation 2 

Without Chancel Circular Polygonal Rectangular 

C1 Modified Original Modified Modified 

P1 Modified Modified Original Modified 

P2 Modified Modified Original Modified 

R1 Modified Modified Modified Original 

 

2.3 Chancel Geometry vs Acoustical Performance 

The second stage of the study’s objective is to identify the impact of chancel geometry on the 

acoustical performance of the church. In Simulation 2, the chancels of each church were remodeled 

into geometry categories of circular, polygonal and rectangular shapes. Even though the chancel 

geometry was changed but the volume and material remained the same. 

 

2.4 Simulation Procedure 

Plans and sections of various churches were collected. The naves and chancel of these churches 

were then modelled into 3-dimensional drawings using Google SketchUp 2016. This software was 



 

 

chosen because of its compatibility with the requirements ODEON Room Acoustic Software 13.02 

Industrial. Architectural details, such as ornaments, cornice, framing etc. were excluded during the 

3D modelling process [14-16] because such detail does not create any prominent early reflections to 

the receivers. Once the model has been imported into ODEON, the model was checked for “leakages”. 

This is done by conducting a water-tightness test. This is to ensure that the model is fully enclosed in 

order to produce a simulation with accurate readings. The sound sources of each church were placed 

at the centre of the chancels and raised 1.5m above the chancel floor to mimic the mouth height of a 

typical person. Then, the receiver was placed in locations that were spread throughout the nave of the 

churches uniformly in rows: front, middle, and rear. Materials were assigned using the material library 

in ODEON. The same set of materials were used through all experiments to ensure consistency in 

results. 

2.5 Acoustical Parameter 

The acoustical parameters used to determine the acoustical performance of churches in this study 

are (i) speech transmission index and (ii) reverberation time. The good STI rating ranges from 0.6 to 

0.75 with a reference scale was proposed by Barnett [17] the Common Intelligibility Scale (CIS), 

based on a mathematical relation with STI (CIS= 1 + log (STI). Since all the churches in this study 

are Roman Catholic churches, the recommended reverberation for C1, P1 and P2 is 2.0s-2.6s; while 

R1 is 1.9s. 

3. RESULTS & DISCUSSION 

3.1 Chancel Availability vs Acoustical Performance 

Figure 1 shows the effectiveness of speech intelligibility with- and without-chancel among the four 

churches C1, P1, P2 and R1. It is evident across all graphs that churches with -chancels had more 

uniform STI readings in all distance from the source. Without-chancels had stronger STI readings near 

the sound source, but the steep graph line indicate a quick diminish in STI as distance increased. With -

chancel has better STI ratings in longer distances from the sound source when compared to withou t-

chancels. All churches, regardless of chancel availability, had ‘good ratings’ in STI of 0.6 -0.75. This 

is because the presence of a chancel helps direct the early sound reflections from the source to the 

back of the room. This helps provide more uniform STI readings. Therefore, older churches tend to 

have chancels to help project sound from the speaker to the congregation to ensure the speech can be 

heard clearly.  

Figure 2, on the other hand, shows the effectiveness of reverberation time with- and without-

chancel among the churches C1, P1, P2 and R1. The results from this experiment showed that chancel 

availability impacted the RT values but were not consistent in all churches. C1 and P1 had better 

reverberation time without chancels. Meanwhile, P2 had worse RT without a chancel and R1 had no 

significant changes with- or without-chancel. None of the churches managed to reach the 

recommended reverberation of 2.0s-2.6s for large churches (C1, P1 & P2) and 1.9s for medium 

churches (R1) with- or without-chancel. 

3.2 Chancel Geometry vs Acoustical Performance 

Figure 3 shows the effectiveness of speech intelligibility of chancel geometry (circular, polygonal 

and rectangular in Table 2) among the four churches C1, P1, P2 and R1. Circular chancels performed 

the best in terms of speech intelligibility in C1, P2 and R1 while polygonal chancels performed the 

best in P1. Rectangular chancels performed consistently the worst across all graphs in speech 

intelligibility when compared to circular and polygonal shape. All churches, regardless of chancel 

geometry, had ‘good ratings’ in STI of 0.6-0.75. C1 and R1 managed to hit ‘excellent rating’ of 0.75-

1.0 in short distances away from the sound source. This is because the circular shaped chancel has 

concave walls and ceiling that help direct sound reflections towards the congregation, thus providing 

better STI readings in comparison to other geometries 

Figure 4, on the other hand, shows the effectiveness of reverberation time chancel geometry 

(circular, polygonal and rectangular in Table 1) among the four churches C1, P1, P2 and R1. 

Rectangular chancels have the best reverberation in all churches across all four  graphs. P1, P2 and R1 

have rectangular chancels with the best RT at four frequencies 250-2000 Hz. Meanwhile, circular 

chancels performed the worst in all four churches. Similarly, none of the churches managed to achieve 

the recommended reverberation of 2.0s-2.6s for large churches (C1, P1 & P2) and 1.9s for medium 



 

 

churches (R1) with circular, polygonal or rectangular shapes.  It may be resulted from the circular and 

polygonal chancels have concave shaped walls and ceilings that causes too many early sound 

reflections that loses energy as they reach the congregation, thus losing the decibels faster in 

comparison to rectangular shapes that have parallel walls and ceilings. Thus, leading to lower RT 

readings in circular and polygonal shapes than rectangular chancels. 
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Figure 1 – Comparison of averaged STI with and without chancel; C1 (b) P1 (c) P2 (d) R1.  
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Figure 2 – Comparison of averaged T30 with and without chancel; (a) C1 (b) P1 (c) P2 (d) R1.  
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Figure 3 – Comparison of averaged STI with between various chancel shape; (a) C1 (b) P1 (c) P2 

(d) R1. 
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Figure 4 – Comparison of averaged T30 with between various chancel shape; (a) C1 (b) P1 (c) P2 

(d) R1. 

 

 

 

 



 

 

4. CONCLUSIONS 

Based on the results of this study, it is found that the chancel design greatly affected the acoustical 

performance of a church based on their reverberation time and speech transmission index. With 

chancels, STI readings were more uniform across all distances and performed better in longer 

distances than without-chancels. Chancel availability effects reverberation but not significantly. 

Circular chancels performed the best in speech intelligibility while rectangular chancels had the best 

RT readings across all four churches. 

ACKNOWLEDGEMENTS 

The authors would like to thank the Department of Architecture of the University of Malaya for 

providing measured drawings of churches used for the research for this paper. 

REFERENCES 

1. Curl JS. A Dictionary of Architecture and Landscape. Oxford University Press; 2006. 

2. Din NB, Lew HY, Razak AS. Relationship between room characteristics and speech intelligibility in 

contemporary churches in Malaysia. International Journal of Automotive and Mechanical Engineering. 

2016;13(2):3451-61. 

3. Kosała K, Małecki P. Index assessment of the acoustics of Orthodox churches in Poland. Applied 

Acoustics. 2018 Jan 15; 130:140-8 

4. Berry R, Kinzey Jr B. Planning for sound in church worship. Architectural Forum1954. 1954:164-6. 

5. Lubman D, Wetherill EA, editors. Acoustics of worship spaces. American Institute of Physics for the 

Acoustical Society of America; 1985. 

6. Jarzabkowski, M., 2000. The role of acoustics in preliminary sanctuary design: Church Business. Build-

in Sound. Retrieved from http://home1.gte.net/mjarzo 

7. Alvarez-Morales L, Martellotta F. A geometrical acoustic simulation of the effect of occupancy and source 

position in historical churches. Applied Acoustics. 2015 Apr 15; 91:47-58. 

8. Petit JL. Remarks on Church Architecture. J. Burns; 1841 

9. Riedel SR. Acoustics in the worship space. Concordia Publishing House; 1986. 

10. Lee SJ. Comparative analysis of speech intelligibility in church acoustics using computer modeling 

(Doctoral dissertation, University of Florida), 2003. 

11. Ingram, D., Barnes, E., Hampton, C., Klepper, D., & Noehren, R. Acoustics in Worship Spaces: American 

Guild of Organists (pamphlet available from AGO, 815, 2nd Ave, New York, NY 10017 

12. Poole, T., 1908. Chancel. In the Catholic Encyclopedia. New York: Robert Appleton Company.  

Retrieved April 19, 2019, from New Advent: http://www.newadvent.org/cathen/03572b.htm 

13. Egan, M.D., 1988. Architectural acoustics. McGraw-Hill Custom Publishing. 

14. Christensen CL, Koutsouris G. ODEON room acoustics software version 12. Basic, Industrial, 

Auditorium and Combined Editions. 2013. 

15. Siltanen S, Lokki T, Savioja L, Lynge Christensen C. Geometry reduction in room acoustics modeling. 

Acta Acustica united with Acustica. 2008 May 1;94(3):410-8. 

16. Abd Jalil NA, Din NC, Keumala N, Razak AS. Effect of model simplification through manual reduction 

in number of surfaces on room acoustics simulation. Journal of Design and Built Environment. 2019 Dec 

31;19(3):31-41. 

17. Barnett PW, Acoustics AM. Overview of speech intelligibility. Proceedings-Institute of Acoustics. 

1999;21(5):1-6.  

http://home1.gte.net/mjarzo


 

PROCEEDINGS of the  
24th International Congress on Acoustics  
 
October 24 to 28, 2022 in Gyeongju, Korea 

 

 

In-situ measurements of the absorption properties of anisotropic 
fibrous materials: effects of porous shielding and fibers diameter2 

Teresa BRAVO1; Cedric MAURY2 
1 Instituto de Tecnologías Físicas y de la Información, Consejo Superior de Investigaciones Científicas, Spain 

2 Aix Marseille Univ, CNRS, Centrale Marseille, Laboratory of Mechanics and Acoustics, France 

ABSTRACT 
Including sustainable materials in the design of sound absorbing extended wall-treatments for room acoustics 
often calls for in-situ experimental characterization of their acoustical properties. This experimental study 
shows how the impedance and normal absorption properties of anisotropic bio-based materials can be 
characterized from free-field collocated pressure-velocity measurements over a wide frequency-range. These 
properties are examined for a number of anisotropic fibrous materials with increasing diameter of their fibers, 
such as standard low and high resistivity fiberglass, goose down and sisal. They are assessed against a model 
for absorption in anisotropic bulk-reacting liners with variable fibers diameter and orientation. Practically, 
these materials are shielded from the room volume by perforated panels, that make them resonating absorbers 
in the medium frequency range. The effect of such porous shielding on their absorption properties is 
experimentally characterized by the free-field pressure-velocity technique. Comparisons against the model, 
that assumes a rigid porous shielding, revealed the beneficial effect on absorption of the panel volumetric 
mode induced by finite-size effects of the partition. 
 
Keywords: In-situ measurement absorption, Anisotropic fibrous materials, Micro-Perforated Panels. 

1. INTRODUCTION 
One of the major challenges in future years is to decrease or at least maintain the amount of persons 

subjected to high levels of noise exposure. Considering the growing trends especially in urban 
environments, there exists a continuous demand of new attenuation measures. Homogeneous porous 
materials are widely encountered as acoustic treatments in many engineering systems. Their 
performance as broadband acoustic absorbers make them affordable solutions that have been 
extensively implemented. Although they can provide compact designs in the middle and high 
frequency range, the required size and weight at low frequencies prevents their use in most of real 
applications. New challenges in terms of noise targets demand new solutions to be developed with a 
wideband performance, especially towards low frequencies. For instance, aircraft engine and cabin 
acoustic liners are aviation applications that can benefit from further developments [1]. Similar needs 
appear in the automotive industry and in ventilating and air conditioning systems [2]. 

To achieve those requirements, fibrous anisotropic materials, with properties that are directionally 
dependent, have been considered. They are interesting alternatives to locally-reacting perforated 
panels backed by a honeycomb core as they are able to provide broader absorption performance [3]. 
The dependency direction of the physical properties of anisotropic materials provides more degrees of 
freedom for their optimization and a better fit to the problem requests.  

Nature has provided inspiration for many real problem solutions. For instance, the silent flight of 
certain species of night bird predators, such as large owls, has attracted attention in the field of 
acoustic materials design [4, 5]. It has been noted that they present a particular ability different from 
other types of birds to fly silently and minimize flow resistance through the wing [6]. It is due to 
changes to its feathers morphology close to the wing leading and trailing edges, over the wing upper 
surface and around its legs and thighs. Anisotropic fibrous materials seem to be well suited to mimic 
these bio-inspired highly efficient absorbing characteristics. Previous works [7-9] have focused on 
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studying the possibilities of thin and lightweight anisotropic fibrous materials, to be effective at 
frequencies below 1000 Hz, with requirements of providing high sound attenuation over a broad 
frequency band and be able of withstanding different control environments. To achieve these 
conditions, bio-sourced materials, such as sisal or reeds, with anisotropic properties, can be integrated 
into the partitions. For instance, samples of natural reeds have been tested with normal incidence to 
determine the absorption coefficient from 400 to 3000 Hz [10]. Furthermore, virtually-prototyped 
synthesis materials, with a micro-structure that controls their structural and functional properties and 
can provide a targeted anisotropy, can be additively manufactured to enhance acoustic properties 
without mass addition. To avoid the introduction of massive and bulky components, especially in the 
low frequency range, partitions composed of micro-slit or micro-perforations [11] combined with 
anisotropic fibrous materials can also be studied [8]. Micro-Perforated Panels (MPPs) have been 
considered as “next-generation” noise control solutions because they provide high sound absorption 
performances and they can be made of fiber-free and lightweight materials. They also constitute a 
non-polluting environmental option as they can be made of recyclable materials. 

Even though from the previous analysis it is clear that these samples have been extensively used, 
determination of their absorption properties is not always straightforward. Standardized measurement 
techniques have limitations and their outcomes could not reflect correctly the characteristics of the 
material after installation. Each method presents limitations because they are unsuitable for certain 
frequency ranges, for certain material package types or at the position at which they are used. The two 
methods most widely used are the Kundt tube method and the reverberation chamber, both 
laboratory-based using microphones to infer the absorption coefficient. In the first one, plane waves 
are allowed to propagate in the axis tube direction and the coefficient is determined only at normal 
incidence. This propagation imposes a limit to the maximum frequency of analysis that is related to the 
inner duct diameter [12]. Samples have to be cut and adjusted to the tube diameters and mounting may 
cause inconsistencies as they could appear small gaps on the contact surface or local compression 
when the sample is clamped in the tube. The reverberation method on the other hand works under 
general excitation but requires a sound field perfectly diffuse in a large and expensive facility room 
[13]. It also imposes a lower limit on the sample area. Its position in the room can also influence the 
measured results. 

Considering that some samples cannot be installed in a controlled environment, open Kundt tubes 
have been developed for in-situ acoustic characterization [14]. However, they experienced also many 
of the problems of the closed tubes and strong sound leakage may occur for porous samples, that can 
cause significant uncertainties. To properly consider the sample after installation, pressure-velocity 
sensors have been developed for in situ absorption measurements. A Microflown sensor [15] has been 
developed to determine the pressure and acoustic particle velocity in a localized position (p-v probe). 
It is based on the measurement of the temperature difference between closely spaced 200 nm thick 
platinum wires heated to about 300°C. An incoming pressure field causes a resistance difference 
measured between the wires. The differential sensor output voltage then constitutes a good 
approximation proportional to the acoustic particle velocity across the wires. 

This work aims at the characterization of the absorption coefficient of fibrous anisotropic samples 
in situ without influence of the surrounding environments and considering the mounting conditions. 
We have developed a theoretical model based on the work of Nayfeh and Sun [16] that we have 
generalized to include the effect of complex air flow resistivity and compressibility. The model 
outcomes have been verified by comparison first against a set of results presented in the literature, and 
then against measurements carried out in-situ with a pressure-velocity probe. A parametric study has 
been carried out to determine the influence of different factors on the partition performance. We will 
finish with the main conclusions and some ideas for future research. 

2. ANISOTROPIC MODEL UNDER GENERAL INCIDENCE 

2.1 General configuration 
The system to be analyzed is presented in Figure 1. It consists of an absorbing partition composed 

of an infinite layer of anisotropic fibrous material backed by a rigid wall. It is situated at a distance d  
from the x-axis, and extends over a thickness b . This layer can be eventually shielded by an infinite 
MPP (Figure 1).  

 
 



 

 

 

 
 

Figure 1 – Schema of the absorbing partition including a rigidly-backed layer of anisotropic fibrous material 
shielded by a MPP 

2.2 Theoretical analysis 
A formulation of the problem is presented for the prediction of the absorption coefficient induced by the 

liner. The propagation of acoustic waves with sign convention )e( i t  is assumed for the derivation.  The 

parallel fibers are inclined with respect to the material surface at an arbitrary angle   (Figure 1). The 
wave equation has to be formulated for both the fluid domain and the fibrous material. Considering the first 
one, the Helmholtz equation has to be solved considering the pressure and the axial and normal velocities, 
denoted respectively ,  and  in the fluid domain and ,  and  in the fibrous 

domain, with the generic wave form . The conservation of momentum along 

)(  or normal )(n  to the fibres direction is expressed as a function of the structure factor, S , and flow 

resistivity matrices Σ , that depend on the physical parameters of the material such as the porosity   

(fraction of air volume with respect to the total volume of the material), the structure factors of the material, 

)(ns , and the flow resistivity, )(n  for the viscous dissipation in the perpendicular directions.  

When formulating the mass conservation in the anisotropic fibrous material, we can assume an isotropic 

lossless bulk modulus given by 2
00 cp  . This is the so-called Weakly Anisotropic model, originally 

developed by Nayfeh and Sun [16]. We then need to obtain expressions for the specific input admittance of 

the absorbent, , first at  in terms of the fluid parameters and then at  in 

terms of the material parameters. Applying continuity of the pressures and normal particle displacement at 
the interface, we can define the input admittance of the fluid, 0kk y . 

We can also provide an expression for this quantity at the interface towards the fibrous material. An 
expression for the pressure in the material is assumed to have the generic form, 

     txkdk
p

dk
pp

xpypy batdxp  iii
eee;, 21 , where 

1pyk  and 
2pyk  are the transverse wavenumbers of the 

forward and backward waves travelling in the material that can be calculated. Imposing the rigid back wall 
condition, 0);,(~  tdbxvpy . We then obtain the corresponding equation for the input admittance of the 

fibrous material, 
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21 pypyp kk  . Equating both input admittances at the interface, we obtain an equation that has to be 

solved in the complex xk -space restrained to 0)Im( xk  in order to avoid exponential growth of the 

solution when 0x . Once the solution is identified, we can calculate the normal absorption 
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The previous assumption for the material bulk modulus, considered to be isotropic and real, has 
been generalised in the Fully-Anisotropic model to include anisotropy and frequency dependence in 
the complex densities and compressibilities [9]. The conservation of momentum is completed by 
substituting the density  ,0S  by the  22  matrix  ,M , whose entries are composed of complex 

effective mass densities. The generalization also includes the mass conservation, where the isotropic 
lossless bulk modulus p  becomes a matrix whose elements now depend on the frequency as well as 

the parallel and cross flow fibers resistivities. Following the same operational procedure, we obtain a 
generalized transcendental equation with new solutions satisfied by the axial wavenumber xk  that 

provide updated characteristic impedances of the material. 
Finally, we can consider a partition composed of a MPP skin panel in contact with a cavity filled 

with the fibrous material and backed by a rigid surface. An expression for the transfer impedance of a 

MPP has been derived by Maa [11] in terms of the panel thickness ht , the holes diameter hd  and the 

perforation ratio  , and takes the expression 
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with   the dynamic viscosity of the air, and    visc.2 rdk hh  , the perforate constant, e.g. the 

ratio of the hole radius to the viscous boundary layer thickness,    0visc. r . Eq. (2) is valid 

provided that 4hb , with hb  the holes pitch,   the acoustic wavelength and hh db   to 

neglect holes interaction effects.  
The MPP coating surface can be integrated in the previous formulation solving the transcendental 

equation that provides a solution for the input admittance   at the interface between the MPP and the 

material. In this case, a relation is established between the specific input impedances of the MPP at the 
inner and outer sides, such as 

 
0

MPP

0 Z
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vZ

pp
zz d

y
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dd 


  . (3) 

The specific input impedance for calculation of the absorption coefficient then takes the expression, 

    /1/ 0MPP   ZZzz d , where   can be calculated considering either the original anisotropic 

model or the fully anisotropic model presented. 

3. IN-SITU ABSORPTION CHARACTERIZATION OF ANISOTROPIC MATERIALS 

FROM P-V MEASUREMENTS 
The Microflown sensor described in the introduction has been applied for the development of an 

in-situ method for characterization of the absorption and reflection of acoustic materials. A handheld 
set-up has been commercialized that contains a source sound and the probe as indicated in Figure 2. 

 

 
 

Figure 2 – Pressure-velocity impedance gun for the in-situ estimation of the absorption coefficient. 



 

 

The source generating the sound field above the sample is a loudspeaker mounted in a rigid 
spherical housing. The radii of the spherical baffle and loudspeaker membranes are respectively rB = 
50.5 mm and rL =37.5 mm (see Figure 4). The impedance on the acoustic axis of sound source is 
similar to that of monopole but with higher broadband radiation efficiency. The system can perform 
measurements over the frequency range 200 Hz-15 kHz with a high Signal-to-Noise Ratio. 
Measurement errors would occur if the relative position and orientation of the probe or sound source 
was varying. But, with this fixed configuration, positioning errors between the probe and the sound 
source can be avoided. However, loudspeaker vibrations can pass through the frame of the set-up to the 
probe, which may induce errors in the tests. To dampen vibrations, a suspension of the probe in elastic 
bands, and a suspension of the sound source in springs have been mounted. 

The field impedance measured by the probe nearby the material surface is corrected by a free-field 
calibration factor evaluated prior to the tests by positioning the source-probe towards the absorbing 
wedges of the room. Corrections have to be made for near field effects and spherical wave fronts in 
order to obtain the plane wave impedance using different models describing the sound field on a 
sample due to a point source. The mirror source model corrects for the elevation of particle velocity 
relative to the sound pressure in the near field, but not for the spherical wave front. The second model, 
called the Q-term model, also considers the spherical wave front for an infinitely thin locally reacting 
sample. The surface impedance of the sample can then be obtained through an iterative approach [15]. 
The mirror source model and Q-term model are often in good agreement if a point source is positioned 
close to the sample at normal incidence and if the distance between the probe and the sample is kept 
small. In our case, this distance was set to 0.01 m and the mirror source model has been used. 

4. DESCRIPTION OF THE TESTED ANISOTROPIC MATERIALS 

4.1 Unshielded anisotropic materials 
The predictions have been compared with a set of fibrous anisotropic materials with increasing 

fiber diameters, e.g. fiberglass, goose down and sisal, as presented in Figure 3.  
 

 
 

Figure 3 – Photographs of three different anisotropic fibrous materials that have been characterized 
with the pressure-velocity probe: fiberglass (left), goose down (center) and sisal carpet (right) 
 

They have been tested in a semi-anechoic room using a collocated p-v probe. A schema of the 
physical configuration can be seen in Figure 4. Tests performed at several positions within a centered 
area of size 0.4 m × 0.4 m above the samples showed a good reproducibility of the absorption curves, 
provided that a moving average technique was applied in the frequency domain to remove the effect of 
side reflections from the rigid floor. The number of repeated measurements has been taken equal to 10 
in order to apply smoothing options and to minimize these reflections. 

The estimated absorption coefficient from the p-v measurements has been compared with the 
previous model predictions. The absorption coefficient has been calculated from the determination of 
the specific input impedance that requires knowledge of the unknown complex variable xk  for each 
particular frequency of interest. It satisfies Eq. (1), a transcendental equation that is not 
straightforward to be solved. We have found the solution using the simulated annealing algorithm [17]. 
The search space is constituted of the real and imaginary parts of the complex axial wavenumber and 
the optimal results have been selected for the least attenuated mode in the complex xk -space, e.g. 

corresponding to the smallest positive value of )Im( xk  related to the minimum of axial attenuation.  



 

 

 
Figure 4 – Schema of the experimental set-up used to determine the absorption coefficient of the 

fibrous materials 
 

The parameters defining the three samples are collected in Table 1, where the porosity  is 
defined as  with , the volume density of fibres. corresponds to the fibers 

diameter. The structure factors are set to  and .  

 
Table 1 – Physical parameters for tested anisotropic fibrous materials 

Material 
Size 
(cm) 

b  
(cm) 

f  

( ) 

 

( ) 
(%) ( ) 

 

( ) 

Fiberglass 60  50 2.1 2300 21 99.1 6.5 6842 

Goose 
down 60  50 4 1416 31 97.8 10 9162 

Sisal 60  50 1.93 1410 40 97.1 100 68 

 
Figure 5 presents the comparison for the fiberglass and goose down samples between the 
measurements (red diamonds), the Miki-Delany-Bazley [18] classical model (green) and the Fully 
Anisotropic model (blue). There a general agreement between the experimental values and the 
predictions over the frequency range defined by the p-u probe. Both figures present a set of alternating 
maximum and minimum values, with the first maximum corresponding to the first quarter-wavelength 

resonance at 20 /bk  . The goose down performs generally better than the fiberglass over the 

whole frequency range due to a greater specific normal resistivity nnr .  

        
Figure 5 –Comparison of the normal incidence absorption coefficient for the fiberglass sample 

(left) and goose down sample (right) for in situ p-v measurements (red) and predictions from the 
Fully-Anisotropic model (blue) and the Miki-Delany-Bazley model (green) 

 
Figure 6 shows the comparison between measurements (red diamonds) and predicted values for the 

sisal sample, that present a large fiber radius, around 100 µm and behaves as a non-locally reacting 
material. Previous material fibers did not exceed 10 µm. The choice of the model has to be made 
carefully due to limitations in the frequency range. For instance, the the Miki-Delany-Bazley (green) is 
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out of range in this figure as it is only valid up to 04.00 bk . The Fully Anisotropic seems to provide 

a good estimation up to 36.00 bk  (1 kHz) but then underpredicts the measured absorption values. In 
this figure it has been also added a supplementary curve obtained when the sisal has been cut with a 
circular shape of diameter 9.2 cm and inserted into a multimodal propagation tube (Figure 6). The 
results are presented in yellow and validates the p-v in-situ measurements. 

            
Figure 6 – Normal incidence absorption coefficient of sisal fiber samples for measurements in a 

impedance tube using a circular sample (yellow), in-situ p-v measurements with a rectangular carpet 
(red) and simulations considering the Fully-Anisotropic model (blue) and the Miki-Delany-Bazley 
model (green) models. Photograph of the sisal sample installed inside the impedance tube (right). 

4.2 MPP-shielded anisotropic materials 
The fibrous anisotropic samples presented before have been covered with a micro-perforated panel 

to constitute a shielded partition constituted of 1 mm thick aluminium MPP with 0.5 mm holes 
diameter and 0.87% perforation ratio over a layer of fiberglass material with bulk density 21 kg m-3and 
thickness 0.021 m, as shown in Figure 7. The measured absorption coefficient (red diamonds) appears 
centered at the Helmholtz resonance of the fiberglass cavity and the best agreement is obtained with 
the Fully anisotropic model (blue), able to predict both the frequency and the value of the absorption 
peak at 676 Hz. The Miki-Delany-Bazley model closely follows the measurement but overestimates 
the value at the center resonance. I can be noted the presence of several volumetric MPP modes that 
cannot appear when considering an infinite size partition. The result can be improved by considering 
the first volumetric MPP mode represented in cyan in Figure 7.  

                                   
Figure 7 – Comparison of the normal incidence absorption coefficient for the fiberglass sample 

when shielded by a MPP for in situ p-v measurements (red) and predictions from the 
Miki-Delany-Bazley model (green), the Fully-Anisotropic model considering a rigid MPP (blue) and 

the Fully-Anisotropic model considering an elastic MPP with the first volumetric mode (cyan). 
Photograph of the MPP-fiberglass partition (left). 

5. CONCLUSIONS  
In this work we have studied the use of fibrous anisotropic materials as a mean to obtain sustainable 

and ecological partitions that could perform broadband towards the low frequency range. The 
determination of their absorption coefficient could be difficult to characterize by classical methods 
due to their intrinsic limitations. Prediction of their acoustic performance is also complicated due to 



 

 

the lack of references and restrictions on the frequency range of application and material properties 
assumptions.  

We have proposed a Fully Anisotropic model that considers anisotropy and frequency dependence 
in the complex densities and compressibilities. The determination of the specific input impedance 
requires the solution of a transcendental equation that has been solved using the simulated annealing 
algorithm. The experimental verification has been carried out using an in-situ pressure-velocity probe 
able to determine the absorption and reflection of a sample under certain required conditions. We have 
performed a characterization of three different materials, a fiberglass and a goose down sample with 
fiber radius up to 10µm, and a sisal carpet with typical fibers dimensions around 100 µm. Finally, 
results have been presented considering a fibrous material shielded by a MPP, with a reasonable 
agreement between the measured and the predicted results. 
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ABSTRACT
This work proposes a method to estimate the angle-dependent sound absorption coefficient using a compact
microphone array. The method relies on the splitting of the wavefield into the incident and reflected waves
and stands as a generalization of the two-microphone method. The microphone array features irregular spacing
normal to the surface and additional microphones parallel to the sample. A validation of the method is performed
using analytical models including the transfer matrix method for locally and non-locally reactive surfaces. The
approach is illustrated experimentally for finite material samples of melamine and gravel. The results exhibit
improved robustness compared to the two-microphone method with a setup that remains portable.

Keywords: angle-dependent sound absorption, non-locally reactive surface

1 METHOD
The acoustic reflection and absorption characteristics of non-homogeneous or non-locally reactive materials can
vary depending on the sound source incidence angle and distance. As such, the study of angle-dependent sound
absorption coefficients is crucial for a wide range of applications such as realistic room acoustic simulations,
outdoor ground impedance measurements, and sound synthesis of moving sources.

This paper1 proposes a method for estimating the angle-dependent sound absorption coefficient using a com-
pact microphone array setup. The method relies on the modeling of the sound pressure field as a superposition
of in-going and out-going waves that can be represented by a set of incident and specular plane waves, i.e
wave-splitting (WS), as shown in Fig. 1 (a) or by a source and image source i.e. image source method (ISM),
as shown in Fig. 1 (b).

Consider a sound pressure field above an infinitely large surface being captured by a discrete set of micro-
phones. The sound pressure field can be described as

p = Ew, (1)

where w(rs,ω) = [win(rs,ω) wout(rs,ω)]T ∈ C2 is the vector of discrete complex amplitudes for the incident
and specular reflected components due to a source at rs = (xs,ys,zs); p(ω) = [p(r1) p(r2) . . . p(rQ)]

T ∈ CQ×1

is the vector of the acoustic pressure at the Q microphones, and E ∈ CQ×2 is the wave propagation matrix.
The wave propagation matrix for the WS technique, E = EWS and for the ISM, E = EISM, can be expressed,

1This extended abstract is based on the reference [1] (under cc-by): M. Alkmim et al., Angle-dependent sound absorption estimation using a
compact microphone array. J. Acoust. Soc. Am., page 14, 2021.

ABS-0342



(a) (b)

Figure 1. Sound pressure field above an infinite surface, captured by set of microphones and represented by (a)
a set of incident and specular plane waves and (b) by a source and image source.

respectively, as

EWS =


e− jkin·r1 e− jkout·r1

...
...

e− jkin·rQ e− jkout·rQ

 , EISM =


e− jk0|r1−rs|

|r1 − rs|
e− jk0|r1−ris|

|r1 − ris|
...

...
e− jk0|rQ−rs|

|rQ − rs|
e− jk0|rQ−ris|

|rQ − ris|

 , (2)

where ri, i = 1,2, . . . ,Q are the coordinates of the i-th sensor, kin = k(θ) and kout = k(−θ) are the in-going
and out-going wavenumbers, whose components k = (kx,ky,kz) satisfy the relation k0 = (k2

x + k2
y + k2

z )
1/2 and k0

is the wavenumber in air; rs and ris are the source and image source coordinates, respectively.
Eq. (1) can be solved in a least-squares sense, employing the Moore-Penrose pseudo-inverse, as w = E†p,

where E† = (ET E)−1ET is the left pseudo-inverse of E. The condition Q > 2 does not guarantee that the
system is well-posed. Therefore, regularization approaches are employed, commonly, in the form of Tikhonov
regularization w = (ET E+λ I)−1ET p, where I is the identity matrix and λ is the regularization parameter which
can be appropriately chosen using, for instance, the L-curve or generalized cross validation methods [5].

The sound absorption coefficient of the surface at oblique incidence is estimated as

αWS(θ ,ω) = 1−
∣∣∣∣wout(θ ,ω)

win(θ ,ω)

∣∣∣∣2 , αISM(rs,ω) = 1−
∣∣∣∣wout(rs,ω)

win(rs,ω)

∣∣∣∣2 . (3)

where the ratio of the complex wave amplitudes wout/win is the complex plane wave reflection coefficient at a
certain incident angle.

The proposed estimation procedure provides the pair of plane waves, or point sources, that best approximates
the sound field and is compared against the transfer matrix method (TMM) and the two microphone method
(2MM) [2], respectively given by

αTMM(θ ,ω) = 1−

∣∣∣∣∣− jZc
km

km,z
cos(θ)−ρ0c0

− jZc
km

km,z
cos(θ)+ρ0c0

∣∣∣∣∣
2

, α2MM(rs,ω) = 1−

∣∣∣∣∣∣∣∣∣
e− jk0|r1−rs|

|r1 − rs|
− p(r1)

p(r2)

e− jk0|r2−rs|

|r2 − rs|
e− jk0|r2−ris|

|r2 − ris|
p(r1)

p(r2)
− e− jk0|r1−ris|

|r1 − ris|

∣∣∣∣∣∣∣∣∣
2

, (4)

where ρ0 and c0 are the air density and speed of sound, respectively, km and km,z are the porous layer wavenum-
ber and its component along the z-axis, respectively; Zc is the characteristic impedance of the porous layer. The
latter is modeled as an equivalent fluid whose parameters (porosity φ , flow resistivity σ , tortuosity α∞, viscous
characteristic length Λ, thermal characteristic length Λ′ are derived from the Johnson-Champoux-Allard (JCA)
model [6, 4].



To validate the proposed method numerically, the Allard et al. model is employed [3]

p(r) =
e− jk0|r−rs|

|r− rs|
− e− jk0|r−ris|

|r− ris|
+

∫
∞

0

2ρme−υ0|zs+z|

υ0ρm +υmρ0 tanh(υmd)
sJ0(sr)ds, (5)

where |r − rs| =
√
(x− xs)2 +(y− ys)2 +(zs − z)2 and |r − ris| =

√
(x− xs)2 +(y− ys)2 +(zs + z)2 are the Eu-

clidean distances from the receiver r to the source rs and image source ris, respectively; r =
√

(x− xs)2 +(y− ys)2

is the source-receiver distance in the (x,y) plane, ρm is the equivalent effective density of the porous layer, d
is the thickness of the porous layer and J0 is the zero-order Bessel function of the first kind; υ0 = (s2 − k2

0)
1/2

and υm = (s2 − k2
m)

1/2.

2 RESULTS
For the numerical validation, a two-microphone configuration is used whose coordinates are r1 = (0,0,0.018) m
and r2 = (0,0,0.038) m. Table 1 gives the equivalent fluid properties for the melamine and the gravel sample
material.

Table 1. Equivalent fluid parameters of the tested materials

φ σ [Pa·s·m−2] α∞ Λ [µm] Λ′ [µm] thickness [m]

Melamine foam 0.99 14000 1.01 80 250 0.03

Gravel 0.2 7798 1.32 224 449 0.045

Figure 2 shows the sound absorption coefficient at two heights and at 32◦ angle of incidence (arbitrarily
chosen). The source is located at (0,0.7sinθ ,0.7cosθ) m and (0,3sinθ ,3cosθ) m. The estimation is performed
using Eq. (3) with a generated sound pressure field using Eq. (5) above a melamine foam. Results are compared
with the sound absorption estimated using the TMM.
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Figure 2. Sound absorption coefficient for two source heights (a) (0,0.7sinθ ,0.7cosθ) m and (b)
(0,3sinθ ,3cosθ) m at 32◦ angle of incidence; the sound pressure field above a melamine foam is model
using Eq. (5) without (dashed lines) and with additive Gaussian noise (solid lines).

It can be noticed in Fig. 2 (a) that, below 1000 Hz, the WS overestimates the sound absorption coefficient,
while the ISM underestimates it. The estimation using the ISM shows negative values for frequencies below
400 Hz due to the assumption of plane wave reflection coefficient in Eq. (3) which does not account for the
spherical energy spread. The two approaches act as lower and upper bounds in the sound absorption estimation.



Figure 2 (b) clearly shows the effect of the source height where both approaches rely on the plane wave ap-
proximation. However, a higher source position is not always possible due to the measurement setup constraint
and potential increase in the signal-to-noise ratio.

For the experimental validation, the estimation benefits from more sensors than Q = 2 to increase robust-
ness. Therefore, a 3×3 array with irregular vertical spacing is employed and compared against the 2MM. The
third layer normal to the surface is added to achieve a regular and irregular spacing between microphones and
minimize spatial aliasing, and the additional layers parallel to the surface are employed to reduce uncertainties.
Table 2 shows the coordinates of the microphone array in the x = 0 plane.

Table 2. Coordinates of the microphone array in the x = 0 plane with respect to the surface of the sample.

y (cm) -5.1 -2.7 5.0 -5.3 -2.6 4.9 -5.1 -2.6 5.0

z (cm) 1.7 1.6 1.8 3.6 3.6 3.7 8.7 8.8 9.0

Since the source is relatively close to the surface (refer to Fig. 3), the ISM is chosen for the sound absorp-
tion estimation. Two materials whose parameters are given in Table 1 are investigated.
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Figure 3. Sound absorption coefficient at 32◦ angle of incidence for a (a) melamine foam sample and (b) a
gravel sample using the ISM; the measured results are compared against a simulated pressure field, the 2MM
the the and to the TMM.

In both samples, the measurements are in close agreement with the simulated pressure field. Compared with
the 2MM, the proposed method shows a more robust estimate at low frequencies, with less negative absorption
artifacts. In the case of the gravel sample, a dip in the sound absorption coefficient is observed which is due to
the finiteness in the sample size, not accounted for in the formulation.



3 CONCLUSIONS
The method presented attempts to improve the broadband estimation of the sound absorption with respect to
the classical 2MM. The novelty of the work lies in the use of an irregularly-spaced microphone array with the
additional constraint of the latter being compact for portability, in particular for in situ applications. The method
is suitable for the in situ acoustic characterization of sufficiently large planar surfaces for which sample size
effects occur at frequencies below the range of interest.
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ABSTRACT
The reverberation chamber method to measure a material’s absorption coefficient has known limitations. In
particular, the measured value can exceed unity, due to the finite size of the studied sample, which creates edge
diffraction effects. These are not accounted for in classical theories of absorption. A revised theoretical approach
is proposed to evaluate the absorption of sound by a finite-sized absorber flush-mounted in an infinite rigid baffle.
The absorption, reflection and transmission of sound through the sample are governed by the material’s surface
impedance (dissipation of energy) and the sample’s radiation impedance, which depends on its geometry. The
maximum possible absorption is achieved in an “open-window” configuration, in which sound passes freely
through an aperture of the same dimensions as the sample. In that case, the absorbed sound comprises entirely
of the sound transmitted to the other side of the baffle. For an open window, the absorption coefficient drops at
low frequencies and at large incidence angles, due to edge diffraction. Therefore, we propose to compare sound
absorption by a given sample to the corresponding open-window configuration. Comparisons with experimental
data show that the revised theory makes it possible to better predict the absorption coefficient measured in a
reverberation chamber.
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1 INTRODUCTION
The absorption coefficient of materials is a central aspect of room acoustic predictions, as it constitutes essential
input data to acoustic models. A common way of measuring it is the reverberation chamber method (ISO 354)
[1], which characterizes absorber samples under diffuse field incidence. However, many uncertainties have been
identified in this method, including lack of diffuseness, finite size effects and poor reproducibility between
laboratories [2].

In particular, the finiteness of the sample under test can lead to absorption coefficient values above 1, due
to additional diffraction effects at the edges. ISO 354 recommends a test sample size between 10 and 12 m2

in order to mitigate the problem, but even with such sizes, edge diffraction is still present and the absorption
coefficient can still be above 1. In terms of theoretical calculation, this is explained with a statistical absorption
coefficient, in which the incident power on the surface is calculated under an infinite size assumption. However,
it is not clear whether such a calculated coefficient corresponds exactly to the measured data in a reverber-
ation chamber. In room acoustic applications, e.g. in simulations, it is common to truncate such absorption
coefficients to 1, which is a very coarse approach.

The absorption by finite-sized samples has been extensively studied. For instance, assuming that the absorber
is flush-mounted in a rigid baffle, Thomasson defined a corrected absorption coefficient, in which the incident
power is replaced by the available power [3]. As a result, Thomasson’s coefficient cannot exceed 1. However,
the case of maximum absorption proposed by Thomasson is unrealistic, because it requires a surface impedance
equal to the complex conjugate of the radiation impedance at all angles. It is common to rely on a variational
approach to characterize the sound field at the absorber surface, which results in an analogous electrical circuit
[4].

ABS-0583



Figure 1. Reflection of a plane wave at oblique incidence on a finite-sized absorber flushed in a rigid backing.
Left: sketch of the setup. Right: electrical analogue circuit.

In this paper, a revised theory for the absorption of finite samples is proposed, in which the absorber is
compared to an ideal absorption case, corresponding to an open window of the same size of the absorber. Using
such a reference for absorption was actually Sabine’s original idea, as presented in his paper on reverberation
([6], p. 23-24).

2 THEORY
2.1 Setup and known equations
Figure 1 shows the studied setup. We assume a rectangular absorber of finite surface area S flush-mounted in an
infinite rigid baffle. The sample is subject to an incident plane wave of amplitude pi, impinging at an incidence
angle θ . This results in a reflected wave of amplitude pr, which is not a plane wave, unless the surface is
infinite. The setup is commonly represented as an analogous electrical circuit, also shown in Figure 1. The
analogy is valid under the assumption that the pressure over the surface behaves the same as the projection of
the incident wave on the surface [4].

The quantities included in the model are the reflected pressure amplitude pr, the air impedance ρc, the
sample’s surface impedance Za and its radiation impedance Zr. In this paper, the impedances Za and Zr are
normalized to the air impedance ρc. In the analogy, the driving voltage is 2pi and it corresponds to the sound
pressure in front of the baffle only (without the absorber). The pressures are expressed at the surface of the
absorber. The surface impedance is related to the absorption of sound by the specimen, and can be expressed
from the sound field quantities as

Za =
pi + pr

ρcv
. (1)

The radiation impedance represents the effect of the absorber’s size. It is expressed as follows,

Zr =
pi − pr

ρcv
. (2)

The radiation impedance can be expressed as a quadruple integral equation depending on the absorber dimen-
sions, but we make use of an approximation for easier implementation [5]. Zr depends both on frequency and
incidence angle.

For larger samples,

Zr ≈
1

cos(θ)
. (3)

This asymptotic value, which is a real number, corresponds to the radiation impedance of an infinite plane. The
approximation is valid when the Helmholtz number ke is much larger than 1 (k being the wavenumber and e
being related to the absorber’s surface area by e = 1/2

√
S).



From this model, it is possible to study various relevant quantities. The complex reflection factor is ex-
pressed as

R(θ) =
pr

pi
=

Za −Z∗
r

Za +Zr
. (4)

The angle-dependent absorption coefficient is

α(θ) = 1−|R(θ)|2 = 4Re(Za)Re(Zr)

|Za +Zr|2
. (5)

The incident power on the surface can be expressed as a function of the radiation impedance,

Pinc =
1
2
|pi|2

ρc
S

1
Re(Zr)

=
P0

Re(Zr)
, (6)

where P0 is a reference sound power quantity. When ke >> 1, a common approximation is to estimate the
incident power as the projected power of the incident wave on the absorber’s surface. This approximation is
extensively used in the field of geometrical acoustics. In that case, the incident power becomes

Pinc,∞ =
1
2
|pi|2

ρc
Scos(θ) = P0 cos(θ). (7)

Pinc,∞ corresponds to the incident power expressed in Eq. (6), using the approximation of Eq. (3) for Zr. At
normal incidence (θ = 0°), we have Pinc,∞ = P0. Therefore, P0 corresponds to the incident sound power of a
plane wave at normal incidence when disregarding finite-size effects. With Eq. (7), the incident power becomes
zero at grazing incidence (θ = 90°), which is not the case in reality. The absorbed power is found in the
electrical circuit at the terminals of the Za impedance,

Pabs = 4P0
Re(Za)

|Za +Zr|2
. (8)

In a diffuse sound field, the incident power and the absorbed power must be integrated over the incidence angle.
A random incidence absorption coefficient is then obtained,

αrand =
Πabs

Πinc
=

∫ π
2

0
4Re(Za)
|Za+Zr |2

sin(θ)dθ∫ π
2

0
1

Re(Zr)
sin(θ)dθ

. (9)

Note that the problem is assumed to be independent of the azimuth angle for simplification. In general, Za is
also angle-dependent, except if local reaction is assumed. αrand is bounded between 0 and 1.

In geometrical acoustics, Pinc,∞ from Eq. (7) is used instead of Pinc from Eq. (6). With this definition of
incident power, a statistical absorption coefficient is obtained,

αstat =
∫ π

2

0

8Re(Za)

|Za +Zr|2
sin(θ)dθ . (10)

αstat corresponds to the coefficient measured in a reverberation chamber and can reach values higher than 1.
However, it does not always match with measured absorption data. αrand and αstat are related by a factor
depending on Zr, as pointed out by Thomasson [3],

αrand =
αstat

2
∫ π

2
0

1
Re(Zr)

sin(θ)dθ

. (11)



2.2 Case of maximum absorption
The maximum absorption scenario occurs when sound can travel freely through the absorber. In that regard,
this case corresponds to an “open window” situation, in which the absorber is replaced by an aperture of the
same dimensions and through which sound radiates behind the baffle. If we assume that the air properties are
the same behind the baffle, this scenario corresponds to replacing Za by Zr in the analogous circuit of Figure 1
in order to represent sound radiation behind the baffle.

Using Eq. (4), the reflection factor becomes

R(θ) = j
Im(Zr)

Zr
(12)

and the angle-dependent absorption coefficient from Eq. (5) is then

α(θ) =
Re(Zr)

2

|Zr|2
. (13)
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Figure 2. Angle-dependent absorption coefficient of an open window of dimensions 2 m by 2 m.

For illustration, Figure 2 shows the absorption coefficient of an open window of dimensions 2 m by 2 m as
a function of frequency, for different angles of incidence. For small angles (0°, 30°), the absorption coefficient
increases with frequency, until it reaches 1. This illustrates that at high frequency and close to normal incidence,
the open window is totally transparent, and there are no prominent edge effects. At larger angles, α does not
increase as much with frequency, which shows more important contribution from the edges. At 90° incidence,
α only reaches 0.5, so at high frequencies, half of the power is transmitted through the window, while the other
half keeps propagating in front. ISO 354 recommends much larger surface areas (10-12 m2) [1], but even with
such larger sizes, the absorption coefficient of the open window is below 1 for large angles of incidence, and
the 90° case still converges towards 0.5 at high frequencies. This will influence sound absorption measurements,
as they are obtained under a diffuse sound field, in which all angles are represented.

The aperture case was already proposed as a reference for absorption by Sabine [6]. This section illustrates
that this reference definitely does not correspond to full absorption. The residual absorption is due to wave
effects, which are prominent at low frequencies and at grazing incidence, as shown in Figure 2. Edge diffraction
corresponds to reflection at the edges. It leads to more power being reflected, which reduces the absorption
coefficient. In addition, a refraction effect occurs, leading to the bending of the incident wave towards the
aperture and an increase of the absorption coefficient. This is why at 90° incidence, the absorption coefficient
is not equal to 0.



2.3 Revised absorption coefficient
The proposed revised theory of absorption is based on the statement that sound absorption cannot exceed that of
an aperture of the same size. Following this statement, traditional absorption coefficients are scaled by a factor
M(θ), corresponding to the ratio of sound power through the window to the incident power, i.e. the absorption
coefficient derived in Eq. (13),

M(θ) =
Pwindow

Pinc
=

Re(Zr)
2

|Zr|2
. (14)

The scaling corresponds to including reflection from the surroundings of the sample, which are missing in the
analogous circuit approach.

We then define the following absorption coefficients using the scaling factor M(θ), in particular an angle-
dependent absorption coefficient, based on Eq. (5),

αrevised(θ) = M(θ) ·α(θ), (15)

and a statistical absorption coefficient, based on Eq. (10),

αstat,revised =
∫ π

2

0

8Re(Za)

|Za +Zr|2
M(θ)sin(θ)dθ . (16)

3 EXAMPLES
3.1 Numerical example
We consider an absorber composed of a membrane, a porous layer and a cavity on a rigid backing. We assume
the sample’s dimensions are 2 m by 2 m. The configuration is modeled with the transfer matrix method in order
to derive its surface impedance, using ODEON’s material calculator [7]. The material is characterized by an
absorption peak at about 200 Hz.
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Figure 3. Angle-dependent absorption coefficients at 0° and 85° incidence. Comparison of the open window
configuration Eq. (13) (blue), the infinite sample case Eq. (5) with Zr from Eq. (3) (red), the original absorption
coefficient for a finite sample Eq. (5) (gray) and the revised absorption coefficient Eq. (15) (yellow).

Figure 3 compares the original and the revised angle-dependent absorption coefficients, from Eq. (5) and
Eq. (15) respectively, at 0° and 85°, together with the open window absorption coefficient (Eq. (13)) and the
absorption coefficient for an infinite sample of the same material (using Zr from Eq. (3)). At 0°, the infinite case
and the traditional absorption coefficient are very similar on the whole frequency range. The open window curve
shows that the revised theory will lead to a small reduction in the absorption coefficient at lower frequencies,
below 500 Hz. This is visible in the revised curve, especially at the peak location. The maximum value is 0.93,
compared to 0.99 for the traditional α . More drastic differences are observed at 85°, where the traditional α is
much higher than the infinite case at the absorption peak. Indeed, a high α requires Za ≈ Z∗

r , but this is not
possible for an infinite sample, for which Zr is purely real while Za has a non-zero imaginary part. The open



window case approaches a value of about 0.5, as discussed in Section 2.3, which then reduces the absorption
coefficient in the revised theory. According to Eq. (15), both the open window case and the traditional α

constitute upper limits to the revised absorption coefficient, as both the original α(θ) and M(θ) are smaller
than 1.
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Figure 4 compares the traditional and the revised statistical absorption coefficients under diffuse incidence,
from Eq. (10) and Eq. (16) respectively, plotted together with the infinite sample case. The revised absorption
coefficient is found between α for the infinite sample and the traditional α . The revised theory tends to reduce
the absorption coefficient, especially at the peak location.

3.2 Experimental data
The revised theory is also tested with experimental data measured in a reverberation chamber, and taken from
Riionheimo et al. [8]. The studied configuration comprises of two 100 mm layers of porous material over a
rigid backing. The first layer on the backing is made of mineral wool (mass per unit area 30 kg/m2) and the
second layer on top is polyester fiber wool (mass per unit area 20 kg/m2). The dimensions of the sample are
3.9 m by 2.6 m.

The surface impedance and the radiation impedance of the configuration are derived with ODEON’s material
calculator, using a flow resistivity of 20 kN.s.m-4 for the mineral wool and 1750 N.s.m-4 for the polyester
wool. From these data, the statistical absorption coefficient, the random incidence absorption coefficient, and
the revised statistical absorption coefficient are derived, with Eqs. (10), (9) and (16), respectively.

Figure 5 shows these three calculated absorption coefficients together with the measured data from [8]. The
data is averaged in third-octave bands. The measured absorption coefficient is the closest to the revised co-
efficient. As observed in Sec. 3.1, the revised statistical absorption coefficient is again situated between the
traditional statistical coefficient and the random incidence absorption coefficient. In this example, the revised
absorption coefficient and the measured data reach values above 1, although not as high as the traditional statis-
tical coefficient. This case is a good example of the revised theory, because the absorption coefficient remains
high down to 100 Hz, so large differences are visible between the three calculated absorption coefficients.

4 DISCUSSION
The radiation impedance is an essential tool to include finiteness effect, and it has been used in several studies
already [3, 4]. In the present study, the radiation impedance is used not only to express the available power at
the absorber, like in [3], but it is also included in the incident power, through Eq. (6). The main novelty is to
compare the reflection process to that of an ideal open window case. The revised model thus includes reflection
from the edges, which was not present in the original model. One consequence is that the revised absorption
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Figure 5. Measured and calculation absorption coefficients in a reverberation chamber (diffuse field). Rigid
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coefficient is lower than the original one. The difference is mostly visible at low frequencies and at grazing
incidence, where edge effects are more prominent.

It is known that a statistical absorption coefficient is insufficient input data to ensure fully accurate room
acoustic predictions. Common issues are the lack of phase information (α being an energy quantity), the lack of
angle-dependent data (it is determined at diffuse incidence) and the general lack of precision of the reverberation
chamber method. The proposed revised theory does not address the phase problem as it is based on power
considerations. Nevertheless, it still contributes to a better understanding of the reflection process over a finite
surface. Therefore, it can still be used to predict better input absorption data for numerical acoustic models.

The comparison with experimental data showed that the revised theory can yield a better estimate of mea-
sured absorption coefficients than the traditional statistical absorption coefficient. However, the comparison can
be challenging, because the measurement uncertainty can be larger than the difference between the calculated
coefficients.

5 CONCLUSION
A revised theory was proposed in order to better represent reflection of sound on finite-sized absorbers. The
proposed theory is based on an analogous circuit representation and assumes that absorption cannot exceed that
of an aperture of the same size. The idea of a reference aperture can be traced back to Sabine’s work on
absorption. This reference is however not fully absorptive. Therefore, the revised absorption coefficient is lower
than the traditional one, especially at low frequencies and grazing incidence. This difference is attributed to
additional reflections from the surroundings of the absorber.

According to initial comparison with experimental data, the revised statistical absorption coefficient is a good
candidate for predicting the measured absorption coefficient in a reverberation chamber (ISO 354). However,
further investigation is recommended in order to generalize the validity of the proposed coefficient. If the
agreement with reverberation chamber measurements is confirmed, the revised coefficient can be used to obtain
reliable input material data for numerical prediction models, such as geometrical room acoustics.
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ABSTRACT
Edge absorbers, commonly known as bass traps, are known for their excellent properties in absorbing low-
frequency sound energy and thus in reducing low-frequency reverberation. In the simplest case, an edge ab-
sorber is a porous absorber that is placed in an edge of a room. A conventional approach is to determine the
equivalent absorption area of such an absorber arrangement by means of a measurement following ISO 354.
Since such a measurement usually determines equivalent absorber areas that are larger than the actual absorber
surface, the absorber must be scaled accordingly when used in a conventional room acoustic simulation. Unfor-
tunately, this approach only allows rough estimation of the reverberation reduction due to edge absorbers.
A more promising and physically correct approach is to investigate the influence of the edge absorber on inter-
ference patterns as well as the modal sound field in more detail. This work is therefore devoted to the detailed
investigation of sound pressure and particle velocity distributions in the edge of a reverberation chamber for a
stationary modal sound field and the influence of the edge absorber on these.

Keywords: Edge Absorber, Sound Field Analysis, Room Acoustics

1 INTRODUCTION
The excellent absorption properties of edge absorbers (EA) at low frequencies and their significant influence on
the reduction of low-frequency reverberation have already been proven by numerous empirical studies [1, 2].
Based on preliminary work [3], it is known that sound absorption of EA can predominantly be described by
wave-theoretical phenomena of sound propagation. Due to these phenomena, namely the interference effects
according to Waterhouse [4, 5] and the occurrence of modal sound fields for low-frequency excitation, its sound
absorption characteristics cannot be estimated by using acoustic simulation software based on geometric and
statistical acoustic concepts. Attempts to remedy this insufficiency in acoustic simulation by means of the scal-
ing of equivalent absorption areas have been carried out in preliminary work [6, 7], but only provide rough
estimates of the absorption of EA and, unfortunately, do not faithfully represent the underlying physical effects.
The work presented in this paper is based on the approaches discussed in [3] and complements the investiga-
tions from [8]. Here, the relationship between the sound field that occurs in an edge of a cuboid room and the
sound absorption of an EA in this very edge is investigated. In contrast to [8], the presented work tries to take
sound pressure and particle velocity distributions due to the modal sound field into account. The results of this
investigation should provide a better understanding of the function principle of the EA and serve as a basis for
modelling the EA.
Following assumptions are made for the presented investigations. The orthogonal edge is formed by two bound-
ary surfaces of a cuboid room and the EA is simply some porous absorber material in this very edge. According
to the absorption mechanism for porous absorbers high absorption is largely achieved via a high sound particle
velocity ~v and associated viscous energy losses. Sound pressure p and particle velocity ~v distributions at low
excitation frequencies in the room’s edges are caused by the modal sound field but also by interference.
The paper is structured in the following way. In the second section, the underlying theories and assumptions
about interference effects and the modal sound field are discussed. Section three describes the measurement
setup used to capture the sound pressure and particle velocity distributions in the room’s edge as well as to
investigate the influence of the EA on the stationary sound field. In the fourth section, the results of the mea-
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surement are discussed with respect to the sound pressure and particle velocity distributions and the influence
of the EA on it. The last section summarises key findings.

2 THEORY AND METHODS
2.1 Interference patterns
Eq. (1) and (2) describe the acoustic potential energy 〈p2〉 and kinetic energy 〈v2〉 distribution in front of
an acoustically rigid rectangular edge that terminates an infinite quarter space for the incidence of an infinite
number of uncorrelated plane sound waves with spatially uniform, continuous distribution over a quarter sphere
in this very quarter space (y and z are defined according to the coordinate system from fig. 2 left).

〈p2〉= 1+ j0(2ky)+ j0(2kz)+ j0(2kr) (1)

〈v2〉= 1+
1
3

j0(2ky)+
1
3

j0(2kz)− 1
3

j0(2kr)

+
4
3

j2(2ky)+
4
3

j2(2kz)+
2
3

j2(2kr) (2)

with r2 = y2 + z2 and the spherical bessel functions j0(·) and j2(·) [5].
According to Waterhouse, the energy distributions for 〈p2〉 and 〈v2〉 are called
interference patterns (IP) [4]. In addition, Waterhouse was able to derive that
the IP does not only form with sinusoidal but also with broadband incident
sound waves (cf. fig. 1). Since any real room can never fulfil the theoretical
assumptions made above, it was questionable whether the IPs exist in such a
room at all. It could be shown in [8] that the IP form stably in an edge of a
reverberation chamber for broadband excitation for frequencies f ' 100 Hz.
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Figure 1. IP for 〈p2〉 at a
distance x in front of a wall
for a single frequency (—)
and a broadband signal with
±10% bandwidth (- - -) [4].

2.2 Modal sound field
Now, a low-frequency sinusoidal excitation in a closed cuboid room is assumed, leading to a formation of a
modal sound field. The corresponding frequency of the excitation fnx−ny−nz is determined according to the well-
known eq. (3) and depends on the geometry (lx, ly, lz) and the temperature-dependent sound velocity c(ϑ).
The modal sound field and thus the distribution of p and ~v at fnx−ny−nz is, therefore, mainly determined by the
room’s geometry. This effect should particularly occur at the edges of a room, where two boundary surfaces
guide the standing waves that form parallel to the edge. Empirical investigations show that axial modes in
particular can lead to an amplification of up to 20 dB for p and ~v. The connection of both effects, interference
patterns and modal sound field, could be an explanation for the high absorption caused by porous absorber
material in room edges. However, it remains to be clarified to what extent the two effects interact with each
other.

fnx−ny−nz =

(
c(ϑ)

2

)√(
nx

lx

)2

+

(
ny

ly

)2

+

(
nz

lz

)2

with c(ϑ)≈ (331.5+
0.6ϑ

◦C
)

m
s

(3)



3 MEASUREMENT
The main objective of the measurement is to verify whether the IPs still occur in a room’s edge when a
stationary modal sound field is present. Furthermore, the obtained distributions for 〈p2〉 and 〈v2〉 in front of
the room’s edge, into which the EA is subsequently inserted, should help to analyse its frequency-dependent
absorption behaviour.
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Figure 2. Left: Schematic sketch of the RC with the measurement setup. Right: Schematic representation of a
trajectory with measuring points (dimensions in m).

The measurement is carried out along a section of the longitudinal edge (cf. fig. 2 left) on the floor of the
reverberation chamber (RC) of Graz University of Technology. The dimensions of the RC as well as its floor
area and volume can be found in fig. 2 on the left. Before the measurements, the plate resonators and diffusers
normally installed in the RC are removed. Further information regarding the RC can be found in [2]. Perpen-
dicular to the longitudinal floor edge of the RC, trajectory positions (TP) are defined which should sample an
expected minimum and maximum of sound pressure p and particle velocity ~v of the lowest considered room
mode (cf. f4−0−0 in tab. 1). The nine TP are equidistantly positioned (dTP = 0.15 m) starting from the centre
of the longitudinal edge (TP1 at x = 0 m) over a length of 1.2 m. A trajectory with an elevation angle of 45◦

is defined at each TP (cf. fig. 2 right). Along each trajectory, nine measurement positions (MP) are defined
equidistantly (dMP = 0.2 m) starting from the edge (MP1) over a length of 1.6 m. This results in a measure-
ment grid with 81 measurement points. For each measurement point, p(t) as well as vx(t), vy(t) and vz(t) are
recorded for T = 5.46 s ( fS = 48 kHz) with a 1-D pv-probe, where ~v(t) = [vx(t) vy(t) vz(t)]ᵀ.
Furthermore, a source position is defined in the corner next to the door of the RC. At the source position, the
RC is consecutively excited with a sine signal with the selected room mode frequencies from tab. 1 with a sub-
woofer. The frequency f of the sine signal is slightly adjusted according to eq. (3) by means of the temperature
ϑ prevailing in the RC.
In order to assess the influence of the EA on the 〈p2〉 and 〈v2〉 distributions, the measurements are carried out
for the empty RC as well as for three configurations EA , EA and EA (cf. fig. 3), each filling the entire lon-
gitudinal edge (cf. 2 left, red area). The porous absorber material is melamine resin foam with a length-specific
flow resistance Ξ = 13 kPa·s

m2 .
Equalization of the recorded signals p(t) and ~v(t) is performed with the inverse magnitude and phase frequency
responses of the pv-probe and the corresponding pre-amplifier. 〈p2〉 and 〈v2〉 are calculated by squaring and
time averaging p(t) and ~v(t) according to eq. (4).

〈p2〉= 1
T

∫ T

t=0 s
p2(t)dt , 〈v2〉= 1

T

∫ T

t=0 s

(
v2

x(t)+ v2
y(t)+ v2

z (t)
)

dt (4)



In addition, the equivalent absorption area per unit length Ae,l of the three EA configurations was determined
in accordance with the ISO 354 standard [10].

Table 1. Selected room mode frequencies.

mode freq. f4−0−0 f4−1−0 f4−0−1 f4−1−1 f5−0−0 f5−1−1 f6−0−0 f6−0−1

mode type ax. tan. tan. obl. ax. obl. ax. tan.

f in Hz 82.3 87.1 89.4 93.9 102.8 112.3 123.4 128.3

(a) EA (b) EA (c) EA

Figure 3. Configurations for the measurements with EA.



4 RESULTS
The results of the described measurements presented in this paper are an excerpt of the results presented in the
master thesis by R. Hofer, which has not yet been published [11].

4.1 Empty room
Figure 4 shows an example of the levels of 〈p2〉 and 〈v2〉 as well as its components 〈v2

x〉, 〈v2
y〉, 〈v2

z 〉 plotted
over the measurement grid for the mode frequency f4−1−0. In general, the modal characteristics of the sound
field can be observed well. The maximum of 〈p2〉 and minimum of 〈v2〉 occurs as expected at x = 0 m. The
local minimum of 〈p2〉, which should be at x = 1.04 m, appears shifted by a few centimetres.
The maximum of 〈v2〉, which should be at the same x-position, is also not clearly visible. The IP for 〈p2〉 and
〈v2〉 are not well pronounced for the excitation of the RC at f4−1−0. However, level fluctuations of 〈p2〉 and
an increase of 〈v2〉 can be observed in the respective mode minima.
When looking at the sound particle velocity components, it is noticeable that 〈v2

x〉 contributes the most to 〈v2〉
and lies on average about 10 dB and more above 〈v2

y〉 and 〈v2
z 〉. This can be observed especially directly in front

of the room’s edge (r ≤ 0.4 m), where 〈v2
y〉 and 〈v2

z 〉 are forced to a minimum due to the sound-hard boundary
condition.
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Figure 4. Levels of the potential 〈p2〉 and kinetic energy 〈v2〉 as well as its components 〈v2
x〉, 〈v2

y〉, 〈v2
z 〉 in front

of the empty edge for room mode frequency f4−1−0.



4.2 Sound particle velocity vectors
With the collected measurement data, it is also possible to look at the component-wise RMS values of the
different particle velocity components.

~vRMS =




vx,RMS

vy,RMS

vz,RMS


=

√√√√√√√√
1
T

∫ T

t=0




v2
x(t)

v2
y(t)

v2
z (t)


dt (5)

Any phase-related measures are omitted in this analysis, as the measurement method that is used to obtain the
data set is not designed to deliver reliable phase information. Using the RMS values of the particle velocity
vector neglects the phase related interaction of different velocity components and therefore is only meaningful
within constraints. Nevertheless, for positions where ~vRMS predominantly contains only a single directional com-
ponent, the phase relation between the different directional components does not affect the resulting direction
significantly.

In fig. 5, ~vRMS as well as the point symmetric -~vRMS are plotted over the measurement grid (except for MP1)
in order to represent the oscillating nature of the sound particle velocity. The orientation of the plotted lines
indicates the direction of the particle velocity vector under the assumption that all velocity components are in
phase. As fig. 4 already implied, especially close to the edge, the predominant component of ~vRMS can be
found along the x-direction. This characteristic decreases as the distance to the edge is increased, but is still
pronounced at MP2 to MP4, i.e. in the area where the EA is positioned.
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Figure 5. Top view (left) and side view (right) of the sound particle velocity vectors ~vRMS in front of the empty
edge for room mode frequency f4−1−0 for all TP and MP2 to MP9.



4.3 Influence of the EA
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Figure 6. Levels of the potential 〈p2〉 (top row) and kinetic energy 〈v2〉 (bottom row) in front of the edge with
EA , EA and EA (left to right) for room mode frequency f4−1−0. The color coding of the levels is the same
as in fig. 4.

Figure 6 shows examples for the levels of 〈p2〉 and 〈v2〉 with EA , EA and EA plotted over the part of the
measurement grid that is not covered with absorber material (MP4 to MP9) for the mode frequency f4−1−0. For
all EA, the modal distribution of 〈p2〉 and 〈v2〉 remains the same in its behaviour compared to the empty edge.

However, a reduction of the levels can be observed.
The mean level reduction ∆〈p2〉 = 10.4 dB and
∆〈v2〉 = 4.3 dB is the highest for the compared
absorber configurations. With EA , the installation
method recommended by the manufacturer, the mean
level reduction drops significantly to ∆〈p2〉 = 2.1 dB
and ∆〈v2〉 = 0.3 dB. EA gives better level reduc-
tions with ∆〈p2〉 = 3.7 dB and ∆〈v2〉 = 0.9 dB. How-
ever, the mean absolute level reductions of EA and
EA are very similar at the considered mode frequen-
cies for f < 100 Hz:

|∆〈p2〉| = 4.9dB and |∆〈p2〉| = 6.0dB,

|∆〈v2〉| = 1.3dB and |∆〈v2〉| = 1.3dB.
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This is also revealed in the equivalent absorption areas per unit length of the two EA configurations in fig. 7.
It seems that for modal sound fields, it is not so much the shape of the cross-sectional area of the EA that has
decisive influence on its absorption behaviour (cf. [3]), but rather the size of it.

5 CONCLUSION
In the work presented in this paper, it was investigated by measurement whether interference patterns according
to Waterhouse [4, 5] occur in an edge of a reverberation chamber when a stationary modal sound field is
present.
In contrast to [8], no distinct interference patterns could be found. However, sound pressure and particle velocity
distributions of the modal sound field in front of the room’s edge could be confirmed. It was found that high
potential and kinetic energy is observed in front of this very edge and that the kinetic energy distribution is
mainly caused by the sound particle velocity parallel to the edge.
Furthermore, it could be shown that for a stationary modal sound field, it is not the shape of the EA cross-
section that influences its absorption, but rather the cross-sectional area of the EA.
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ABSTRACT
Since recent years, unacceptably large variations resulting from round-robin tests of the standardized measure-
ments of random-incidence absorption coefficients have prompted research activities in architectural acoustics.
This work investigates an estimation approach using a diffusion equation model (DEM) that is able to simu-
late both reverberant sound energies and energy flows inside reverberation chambers particularly for random
incidence absorption coefficient measurements. The DEM also provides a high computational efficiency when
compared with wave-based methods. The DEM analysis on the sound energy flows in a reverberation room fur-
ther indicates violations of the diffuse field assumption around the boundary area of absorbing sample under test.
Given the computational efficiency and higher order of the energy decay simulation of the DEM modeling, an
approach to estimate absorption coefficient within the validity range of statistical room acoustics is investigated.
The proposed approach estimates the absorption coefficients by evaluating both the DEM simulation results
and the chamber-based measurement data. This paper examines sound energy flow fields of varied absorbing
degrees of absorber samples in standardized sizes, discusses computational efficiency of the diffusion equation
modeling for reverberant energy simulations in reverberation chambers, and considers potential significance
applied to random-incident absorption coefficient measurements.

Keywords: Absorption coefficient, Diffusion Equation Model, FDTD, Reverberation Chamber

1 INTRODUCTION
One of recent research activities in architectural acoustics is now focused on the constancy of random incidence
absorption coefficients obtained in reverberation chambers [1, 2]. However, controversy over the random inci-
dence absorption’s correctness began decades ago. The main problem with reverberation chamber measurements
of absorption coefficients is the lack of a diffuse sound field in the test chambers and, more specifically, the
fact that each chamber deviates from the diffuse sound field assumption in its own way, leading to the poor
inter-laboratory reproducibility. The concept of a diffused sound field, provided by Schroeder in 1959, is essen-
tial to the topic since it states that a room may be deemed entirely diffuse when the distribution of energy flow
is uniform at a particular position. Any distribution pattern that isn’t totally uniform is therefore considered
to be a "not completely diffuse" sound field. In this research work, consequently, the study concentration is
to simulate such behavior of the sound energy distribution and discuss and analyze some of the representative
distribution patterns.

2 THEORY
2.1 Diffusion Equation Model
The Brownian motion of particles in a fluid medium is described by the Diffusion Equation Model (DEM). The
sound wave density, which is modeled in this study as straight-moving particles traveling at sound speed c, and
the sound energy level, which causes a greater particle density, are analogous. The scenario might be viewed as
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air particles moving and collapsing in the air for the case of reverberation chamber measurement specified with
volume V and surface area S, therefore we could develop the model using the following equations

∂w(r, t)
∂ t

−D▽2w(r, t) = q(r, t) inV, (1)

where w(r, t) represents the sound energy density in the volume, D stands for the diffusion coefficient deter-
mined by wavelength λ and sound speed c

D =
λc
3
,

and ▽2 is the Laplace operator.

2.2 Boundary Condition
Equation 1 is for media inside the volume only, which dictates the particle movement. As for the room surface,
also called the boundary condition, the diffusion equation model uses this equation to explain how the particles
will behave when they approach the boundary

D
∂w(r, t)

∂n
+ cAX w(r, t) = 0 on S, (2)

The on-boundary condition factor AX in Equation 2 essentially describes how sound energy interacts with
enclosed room borders; as a result, boundary condition factors will behave differently depending on the variance
of the barriers’ absorption coefficients. We must make an assumption that the absorption coefficient is signif-
icantly larger than that in the Sabine equation since we are talking about the measuring method of acoustic
absorption materials. This work uses the mixed-boundary condition factor with this presumption [3].

2.3 Finite Difference Scheme
Given the boundary conditions, finite difference approaches are the methods that are utilized to solve the DEM.
The finite difference technique established in the three-dimensional sound field is used in this work [5, 6, 7].
The simplicity of such method is well recognized by not requiring or including any of Green’s functions,
matrices, asymptotic functions, or basis functions. Furthermore, one simulation round could yield answers over
a broad frequency range is also one of its great benefits.

The FD-DEM calculating procedure might be expressed as

wn+1
i, j,k(1+β0) = wn−1

i, j,k(1−β0)−2∆tcmwn
i, j,k

+β0x

(
wn

i+1, j,kwn
i−1, j,k

)
+β0y

(
wn

i, j+1,kwn
i, j−1,k

)
+β0z

(
wn

i, j,k+1wn
i, j,k−1

)
,

(3)

where the upper labels of w represents the time steps used by the model buffer before and after the current
state, and their lower labels, correspondingly, state the spatial differences, with i, j,k taking care of each axis
[5]. ∆t is the resolution of each time step which could also be used for controlling total run time, m is the air
absorption (m = 0.0022 for general cases, varies a tiny bit depending on humidity and temperature), and

β0x = β0y = β0z = (2D∆t)/(∆v)2. (4)

When an object changes from one state of motion to another or from one state of matter to another, the
boundary condition occurs in physics. However, the boundary condition in the context of acoustics, and specif-
ically in this study, refers to the sound energy colliding with a wall or an absorbent medium, then reflecting or
dissipating at contact or on the way back.



As for boundary conditions, the FD-DEM model used following equations to estimate them

wn+1
0, j,k =

4wn+1
1, j,k −wn+1

2, j,k

3+
2AX0, j,k ∆x

D

, (5)

and

wn+1
Lx, j,k =

4wn+1
Lx−1, j,k

−wn+1
Lx−2, j,k

3+
2AXLx , j,k

∆x

D

, (6)

where AX represents the mixed-boundary condition mentioned above [3].

2.4 Absorption Estimation
The simulation batch contains two main functions: rendering energy flow animations, capable of both impulsive
or steady-state, and deriving either an energy buildup function (ETF) or an energy decay function (EDC), de-
pending on the method chosen. The purpose of creating energy flow animation is to showcase the non uniform
distributed sound field, so called non diffuse. And after getting either the ETF or EDC from software simula-
tion, we could use the measurement data and also calculate the Schroeder’s integration to get the energy decay
curve. With the two decay curves, we could have them substracted and get the sum of squared error (SSE):

SSE = Σ
n
i=1(yi − f (xi))

2, (7)

where yi is the value to be predicted, or the real data; and f (xi) the predicted data, or the simulation data.
The likelihood is evaluated from the SSE by using a Student-t distribution [4]

L =
Γ(K/2)

2

(
π

K

∑
k=1

ε
2
k

)−K/2

. (8)

Figure 1 is one flow chart aiding readers to understand the entire workflow.

3 RESULTS AND DISCUSSION
Following figures showed simulation results in a rectangular chamber room with 498 cubic meters volume and
the absorption panel shown in the figure has the (total) area of 10 square meters.

In Figure 2, the energy flow is captured at time step = 9 seconds, way longer than the designed empty
chamber reverberation time. One can see that the energy flux arrows are pointing haphazardly in all direc-
tions, which means that the flows of energy do not have a definite and regular direction. Here according to the
definition of diffuse sound field, it is safe to say that the energy flux is distributed uniformly throughout the
entire chamber. When there is no absorption in the test chamber, the sound energy propagates completely ran-
domly, or it can be understood that at any point, the sound energy is erratically dispersed in its own direction,
we can confidently refer to the chamber sound field environment, particularly in Figure 2, as completely dif-
fused. In fact, sound energy is dispersing extremely slowly, primarily due to air absorption, while still traveling
everywhere.

However, when the sound absorber under test is present, the energy flow direction immediately demonstrates
concentrated flow direction. Whether the absorption panel is uniform or divided, it tends to track the direction
of the absorption source (Figure 3). When the absorption coefficient rises to an extraordinarily high number,
like 0.99, the trend becomes pronounced even more. While experimentally Nolan et al. also experimentally
demonstrated the violation of diffused sound field assumption and effectively displays such disparities, the DEM
is also able to realistically reveal the substantial violation of diffuse sound field [8].

The likelihood function / posterior probability is plotted over possible absorption coefficient range at Fig-
ure 4.

To check the accuracy of the concept, a decay curve match is first done after receiving the measurement
data. By first matching the empty chamber absorption, then testing the absorber’s absorption coefficient, we
could easily fit the simulation well enough into the data, as shown in Figure 5.
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Figure 1. Detailed work flow of absorption coefficient estimation process.

Figure 6 exhibits the sound energy distribution of the chamber, and it is easy to conclude that in the scatter
view, each individual point has its own strength shown in the color map, which means that compared with
conventional predictions using the statistical room-acoustics simulation, the DEM has a higher statistical order,
that allows the investigator to use any given point or any multiple points inside the chamber as the receiver
position in a single simulation cycle. In that way, the computational load could be much lower especially for
the chamber measurement simulation, considering that in current standards, multiple receiver positions are often
used to ensure the accuracy. If the DEM is involved as the simulation part of the absorption examination, only
one run is required for all of the actual receiver positions.

As for the meshing condition used in the simulation, considering the current standards’ minimum area re-
quirement, a meshing condition based on mean free path (MFP) is selected but with the recommended over-
sampling of 16 times according to Trevor and Antonio [9] is actually used.

Because the likelihood always shows clear single peak in past examinations (Figure 4 for example), a search-
ing algorithm could be applied to the estimation process, for further decreasing computational load. With the
proper meshing condition set up for the regular rectangular shaped absorber sample in a testing chamber with
standard volume, the average run time for each DEM simulation is a few seconds, and for all of the possible
absorption value from 0 to 1, the searching algorithm will take around 20 times of DEM simulation to yield the
final estimation, which means the entire estimation process will take only in the order of minutes, which is sig-
nificantly faster than some room-acoustic simulation methods, and the author believes that with more advanced
computing equipment and optimized coding, this process could be even faster.

4 SUMMARY
Using the energy flow animation from the DEM simulation, one can confidently draw the conclusion that once
the sound absorber under test is placed in the testing chamber, the chamber will inevitably display its non-
diffuseness as the energy flows are drawn to the absorbing panel, as was covered in the paper’s final section.
This result may point to a potential issue with the current random incidence absorption coefficient measure-
ment procedure: when attempting to apply the Sabine equation in the calculation steps, which assumed a fully
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Figure 2. The energy flows in an empty chamber, which have no wall absorption at all. Red dot at upper right
corner represents the sound source.

diffused sound field, one may not be able to obtain correct results from a sound field that is not completely
diffused.

This paper discussed underlying problems of the current using random incident absorption coefficient testing
standards and aimed to provide a solution with a DEM based simulation and Bayesian parameter estimation.
The DEM simulates sound energy distribution inside the reverberation chamber and is able to provide results
accurately and efficiently compared with other room-acoustic simulation methods. The energy flow discussed in
the paper shows obvious sign of non diffuseness, and also proved the ability of the DEM for simulating such
of an environment. The Bayes parameter estimation is then made possible, and could become a solution with
great potential to yield an accurate absorption coefficient measurement within minutes of computation. Further
discussion based on detailed meshing condition selection and Bayes parameter estimation process is expected,
the searching algorithm is also awaiting to be optimized for saving computation time.
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Figure 3. The energy flows in an standard testing chamber, the wall absorption is set to be 0.02, and the
material being tested (blue boxes) has the absorption coefficient of 0.99. Red dot at upper right side represents
the sound source.
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Figure 4. The likelihood / posterior probability across all possible absorption coefficient.



0 0.5 1 1.5 2
Time [s]

-40

-30

-20

-10

0

D
ec

ay
 [d

B
]

Simulation
Measurement

Figure 5. The Schroeder’s decay curves for simulated and measured data are plotted together. Blue dotted line
represents model data and orange line stands for real measurements.



Figure 6. Sound energy distribution plots of one example DEM simulation, with slice views from the X-Z axis.
A: Early stage of sound energy decay. B: Late stage of sound energy decay.
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ABSTRACT 

There is an increasing number of cases where the upper slab is exposed and finished without finishing the 

ceiling such as gypsum board or fiber. Because the ceiling height is high, many people feel a sense of 

openness, so it is often used in open-plan offices. Along with that, the shape of the sound absorbing material 

installed on the ceiling was also changed from the plate type to the sound absorbing unit type. In the case of 

a sound absorbing unit, the sound absorption coefficient is measured using a different mounting method. 

However, the ISO and ASTM standard suggest different mounting methods for the sound absorbing unit, so 

there are differences in the measurement results of the sound absorption coefficient. Therefore, in this study, 

the sound absorption coefficient was compared according to the specimen mounting method suggested by 

ISO and ASTM and a significant difference was found in the test results in the frequency band above 400Hz. 

 

Keywords: Sound absorption coefficient, Sound absorbing unit, J mounting, Edge effect 

1. INTRODUCTION 

Typical ceilings in the room are usually in the form of covering the entire area. However, recently, 

unlike the existing ceiling, the application of the method of exposing the structure of a building by 

constructing a ceiling material only on a part of the ceiling without covering the entir e ceiling has 

been expanded. In the case of sound-absorbing ceiling materials, sound is incident on all surfaces and 

is absorbed from the front and rear. In this case, it is necessary to calculate the sound absorption area 

per one object, not the sound absorption rate per unit area. Since the sound absorption area for each 

object is calculated, research is conducted to measure the sound absorption coefficient according to 

the arrangement (1) or to evaluate the acoustic performance of an indoor space through a scale model 

(2). In this study, the sound absorption area measurement results according to the measurement method 

for the same specimen in the reverberation room were compared and analyzed.  

2. Measurement Methods 

The measurement methods for sound absorption coefficient in a reverberation room are commonly 

according to the ASTM (3) or ISO (4) standard. To measure the sound absorption coefficient of 

specimen in the reverberation room, the reverberation time in an empty reverberation room is 

measured. After empty reverberation room measuring, the specimen is installed on the floor of the 

reverberation room to measure the reverberation time. The sound absorption coefficient is calculated 

using the difference in reverberation time with and without the test specimen. In order to measure the 

sound absorption coefficient of the sound-absorbing unit, the installation method of the specimen must 

be different. The ASTM provides mounting method for measuring the sound absorption coefficient of 

sound-absorbing units (5) and the ISO method provides mounting conditions Type J in the standard 

appendix. The specimen installation method for measuring the sound absorption coefficient of the 

sound-absorbing units is different depending on the measurement standard.  
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3. Test Results 

The sound-absorbing unit was a mineral wool suspended ceiling material with the dimensions of 

600×1200×15 mm. Therefore, 8 sound-absorbing units were used for sound absorption coefficient 

measurement and the test specimen area was 11.52 m2. The sound source position was set to 3 and the 

receiving position was set to 5 for the sound absorption coefficient measurement. The temperature 

was 15°C and the relative humidity was 60% during the measurement. As shown in Figure 1 (a), there 

was no difference in the sound absorption coefficient according to the measurement standards. The 

results of the sound absorption coefficient according to the mounting method of each standard is 

shown in Figure 1 (b) and the difference of about 0.1 to 0.4 occurred in the frequency range of 400Hz 

or higher according to the measurement standard.     

 

 

Figure 1 – Sound absorption coefficient test results 

4. CONCLUSIONS 

In this study, the sound absorption coefficient was measured according to the  installation method 

of the sound-absorbing unit suggested by ASTM and ISO for the same specimen. As a result of the 

measurement, a difference of up to 0.4 occurred in the frequency of 400Hz or higher and the reason 

for the difference is that the edge effect was different depending on the installation conditions of the 

specimen presented for each standard. Therefore, when predicting the reverberation time of a space, 

the sound absorption coefficient applied to the ceiling baffle should be different . It is necessary to 

study the correction term due to the edge effect in order to utilize the sound absorption performance 

measurement results for the prediction of room acoustics in the further study. 
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ABSTRACT 

Sound absorbing elements hung to the ceiling are more and more frequently used in indoor spaces. Such 

elements differ from conventional "baffles" because they usually do not touch the ceiling because they may 

have different types of arrangements, also including specific designs to provide a more pleasing appearance. 

In addition, such panels may sometimes be combined to rather constitute objects rather than surface 

treatments. This type of mounting is virtually not contemplated in the current version of ISO 354, as the so 

called "Type J" mounting which is specifically thought for baffles, implies that panels shall be in contact with 

the floor and surrounded by a reflecting edge to account for an extended application of the panels. A set of 

acoustic measurements were carried out in a reverberant chamber using suspended panels with both faces 

exposed (and far from vertical surfaces), while changing number and arrangement of panels to account for 

diffraction/border effects. Results were compared with predictions obtained from the theory assuming 

comparable boundary conditions, finally providing guidelines to achieve more reliable measurements. 

 

Keywords: Sound absorption, Baffles, ISO 354 

1. INTRODUCTION 

Today, large open spaces with high ceilings and hard floors are the most chosen design solution 

(i.e. for cafes, restaurants or public spaces) due to their visually stunning effect. Furthermore, the 

open plan layout has dominated workspaces in different professional sectors  thanks to the possibility 

of promoting an interactive and collaborative work environment (1). 

However, several research studies (2-4) have proved the limit of open spaces in guaranteeing 

comfortable acoustic conditions, highlighting the need for a proper acoustic design process of these 

layout solutions. In fact, the open spaces are usually characterized by a long reverberation time which 

influences the background noise, increasing its level. A high level of background noise could have 

detrimental effects on the subjective well-being by influencing the perceptions of noise. Cognitive 

performance of occupants could be reduced and the increase of their vocal efforts to make the voice 

more audible could affect the communication (4). 

Furthermore, the geometrical layout of the open spaces could influence the acoustic comfort of 

their occupants. For example, spaces with height lesser than the other plan dimensions could be 

characterized by an un-diffused sound field. Therefore, very different spatial decays could be caused 

in the various directions resulting in different reverberation time values (5). 

One first solution to improve the acoustic quality of the large open spaces consists in increasing 

the sound absorption inserting systems (i.e. baffle elements) that could reduce the effect of reflections 

and consequently the overall sound level. The baffles are elements characterized by a frequency 

dependent transmission loss and absorption which are usually suspended to the ceiling. This type of 

solution is often proposed by architects due to its versatility that allows to introduce acoustic materials, 

creating different ceiling configurations without destroying the openness of the space. This solution 

is very practical and makes it easy to incorporate building systems and hide them in the ceiling area. 

Furthermore, the baffle system could be considered a sustainable solution in terms of the material 

used for obtaining the same performance as a regular ceiling system (6). 

The ISO 354:2003 (7) is the reference standard to measure the random incidence sound absorption 

coefficient of building materials. It is based on an indirect method which considers the measurements 
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of the average reverberation time with and without test specimen mounted. A specific Annex B of ISO 

354 (7) explains the details of several different types of mounting materials that shall be used. In 

particular, the type J mounting is indicated for testing the material as baffles arranging them in a rigid 

and regular array. 

The sound absorption properties of a material strictly depend on the mounting technique of the test 

material during measurements (8). Therefore, the J mounting explained in the Annex B does not 

always coincide with the baffles set-up used in the practical applications (9). In most of cases, the 

panels could be intentionally placed according to random or semi-random parametrically controlled 

patterns, not following the rigid pattern suggested by the standard. In fact, size of the spaces, kind of 

activities, or simply the need to create visually stunning ceiling solutions, could led the designers to 

assemble the baffles in specific points of the ceiling, or to adjust their heights.  

In this paper, nonwoven building materials made from textile waste are tested in the reverberation 

chamber. The sound absorption properties of the tested materials were evaluated arranging them 

following different mounting configurations. In particular, the measurement results obtained 

considering the type J mounting illustrated in Annex B of ISO 354 (7) were compared with those 

obtained by arranging the panels randomly and at different heights. 

2. MATERIALS AND METHODS 

2.1 Materials characterization 

Nonwoven building materials made from textile wastes and produced following an industrial 

airlaying process were used for the measurement in the reverberation room. The tested materials were 

in the form of panels 60×120 cm2 obtained by using 15% of Copolyester/polyester (Co PET/PET) 

sheath-core bi-component fibers as binder. Table 1 outlines the thickness and the density value with 

some of the main non-acoustical properties which could be useful to characterize the tested materials. 

Table 1 – Values of size, density, porosity and air flow resistivity of the tested materials 

Specimen area, cm2 Thickness, cm Density, kg/m3 Porosity, - Air flow resistivity, kN·s/m4 

60×120 4 68 0.92 17.4 

 

2.2 Experimental measurement set-up 

The measurements of the random incidence sound absorption coefficients αsab were performed 

according to (7) in a reverberation room with a volume of 200 m3, having six non-parallel walls and 

a splayed ceiling to aid diffusion. An omni-directional sound source (Look Line DL 301) and three 

microphones (two random incidence microphones GRAS 40-AR, one Neumann TLM 127 MT) were 

used to measure the reverberation time before and after the placement of the textile samples in the 

room. Two source positions and twelve microphones positions per source were considered.  Sabine’s 

formula was used to calculate the equivalent sound absorption area of the reverberation room before 

and after the panels were arranged. Thus, the equivalent sound absorption area of the test specimen 

AT was calculated. Air temperature and relative humidity were continuously recorded in order to 

compensate for air absorption variations throughout the test. Corrections were made according to ISO 

9613-1 (10). 

The samples were tested with reference to three different possible baffle positions. As shown in 

Figure 1, in the first case (later on referred as “ISO mounting”), the baffles were arranged according 

to type J mounting illustrated in Annex B of ISO 354 (7). The baffles were mounted creating three 

parallel rows, with one edge touching the room floor; no airspace was created between the edge and 

the floor, and between the edges of the single baffles in a row. According to the standard prescriptions, 

the array of baffles was surrounded by a non-absorptive barriers having the same height as the height 

of the baffles. The baffle array was arranged observing the standard prescriptions about the distance 

between the parallel rows, enclosing an area of treated floor surface of 10.8 m2. 

The second and the third mounting types differed from the standard prescriptions. In fact, the 

baffles were randomly arranged, differing in the mounting height: in one configuration (later on 

referred as “floor mounting”), the baffles were mounted with one edge touching the floor of the 

reverberation room (Figure 2); in the other configuration (later on referred as “suspended mounting”), 

they were mounted at 1.50 m from the floor, having four free edges (Figure 3). In both the latest 



 

 

mounting types, measurements considering three, five and seven panels were carried out. This was 

made in order to show how the number of panels could affect the sound absorption, influencing the 

efficiency of the single panel. 

 

 

Figure 1 – ISO mounting: mounting type according to Annex B of ISO 354 (7) 

 

Figure 2 – Floor mounting: baffles randomly arranged with one edge touching the floor 

 

Figure 3 – Suspended mounting: baffles randomly suspended at a height of 1.5 m  

 

According to the procedure of the standard, when the baffles were arranged following the ISO 

mounting type, the sound absorption coefficients were calculated considering the equivalent sound 

absorption area of the test specimen AT and the treated area of the floor S enclosed by the non-

absorptive barriers: 

SATsab =  (1) 

In the other cases (floor and suspended mounting), being the two sides of the absorbers exposed, 



 

 

the term S was considered as the area of the two sides of the tested panels. As it will be better explained 

later, in order to compare all the measurement results, the sound absorption coefficients measured for 

ISO mounting were also referred to the area of the two sides of the tested panels. 

3. RESULTS 

Figure 4 shows the random incidence sound absorption curves measured according to the procedure 

of Annex B of ISO 354 (7) both in type of mounting and in calculation of sound absorption coefficients 

(i.e. considering the treated floor surface of 10.8 m2). The curve is plotted in one-third octave bands 

with center frequencies from 100 Hz to 5000 Hz. As it can be observed, the αsab coefficients increased 

in the low-medium frequency range from 0.30 at 100 Hz to 0.65 at 800 Hz. Starting from 1000 Hz, 

the curve showed a flat trend with αsab values around 0.70. 

 

 

Figure 4 – Sound absorption coefficients measured according to ISO mounting  

 

Figure 5 plots the sound absorption curves obtained considering floor mounting. The absorption 

coefficients calculated by arranging three, five or seven panels are shown. As it can be seen, the curves 

obtained from reverberation time measurements with five and seven panels were very similar to each  

other, resulting almost overlapped over the entire frequency range from 100 to 5000 Hz. On the 

contrary, starting from 630 Hz, the sound absorption coefficients obtained from the measurements 

carried out considering only three panels were almost 0.1 higher than those obtained considering five 

or seven panels. In the low frequency range, the difference among curves decreased, although the 

sound absorption coefficients obtained from measurements with three panels continue to be higher. 

This was because when more panels were arranged, the phenomena of mutual shading increased, in 

particular in the high frequency range. As a consequence, the sound absorption efficiency of the single 

panel was reduced. 

As it can be seen in Figure 6, similar consideration could be valid for the sound absorption curves 

obtained considering the suspended mounting. In fact, also in this case, the sound absorption 

coefficients resulting from reverberation time measurements with five and seven panels were almost 

overlapped over the entire frequency range from 100 to 5000 Hz. Although the difference among 

curves was less than the floor mounting, the sound absorption coefficients obtained considering only 

three panels were higher. 

 



 

 

 

Figure 5 – Sound absorption coefficients measured according to floor mounting for three, five and seven 

panels 

 

Figure 6 – Sound absorption coefficients measured according to suspended mounting for three, five and 

seven panels 

 

In Figure 7, a correlation between sound absorption coefficients and number of panels can be noted 

for floor and suspended mounting. Sound absorption coefficients measured for three, five and seven 

panels at 250 and 1000 Hz are plotted confirming the observed asymptotic trend in the entire frequency 

range, suggesting that an increasing number of panels causes a sort of mutual shading that reduces the 

effectiveness of any additional panel.  
 



 

 

 

Figure 7 – Sound absorption coefficients at selected frequencies vs. number of panels 

 

The comparison between the sound absorption curves obtained from measurements carried out 

considering the floor and suspended mounting (Figure 8) shows that the αsab coefficients resulting 

from measurements with suspended panels were lower than those calculated from measurements with 

random panels laying on the floor. This difference is likely due to the pressure doubling at the 

boundaries according to the Waterhouse effect (11). The sound energy density in an area λ/8 wide 

close the floor increased by reflecting floor action, increasing the effective absorbing area  of the baffle. 

Thus, the sound absorption capacity of the baffles increased depending on the wavelength of the sound.  

According to Secchi et al. (12), values of αsab referred to the ISO mounting are usually much lower 

than those referred to other two ones because they were obtained by dividing the equivalent sound 

absorption area of the test specimen for the floor area covered by the surrounding barriers and not for 

the specimen area. However, in order to compare all the solutions, also the sound absorption 

coefficients obtained from measurements carried out with the ISO mounting were referred to the area 

of the two sides of the test specimen. As it can be seen in Figure 8, the sound absorption curve obtained 

with ISO mounting referred to the floor area (red dot line) and that referred to the test specimen area 

(red line with red circular markers) were characterized by a similar trend but the latest exhibited lower 

coefficients due to the higher value of the area of the two sides of the panels. However, the sound 

absorption coefficients obtained from measurements with ISO mounting referring to the test specimen 

area (red line with red circular markers) resulted to be lower than those obtained from measurements 

with floor and suspended mounting type (black line with black square markers and blue line, 

respectively). The difference was higher in the medium-high frequency range where the mutual 

shading phenomena due to the regular arrangement of the baffles and the rigid frame along the borders, 

caused a reduction and a flattening of the absorption curve trend. The differences in the low frequency 

range were less dramatic, suggesting that the smaller dimension of the panels compared to the 

wavelengths in play might contribute to limit the dependence on mounting conditions. However, the 

role of the increased pressure on the boundaries remained evident in all the cases.  

In fact, Figure 8 also plots the sound absorption curves for ISO and floor mounting obtained taking 

into account the correction of sound absorbing area due to the Waterhouse effect (red line with white 

circle markers and black line with white square markers, respectively). As it can be seen, the sound 

absorption coefficients referred to the actual absorption area of the panels were higher than those 

referred to the “effective” sound absorption area increased as a consequence of the Waterhouse effect. 

In the low frequency range, where the extra absorbing area is larger, the “corrected” values were now 

more similar to those measured with suspended mounting. The difference between the sound 

absorption curves with and without the Waterhouse effect was greater in the low-medium frequency 

range than in the high frequency range due to the dependency of the wavelength of sound. It is also 

0.00

0.20

0.40

0.60

0.80

1.00

1.20

1 2 3 4 5 6 7 8 9

D
if
fu

s
e

 s
o

u
n

d
 a

b
s
o

rp
ti
o

n
 c

o
e

ff
ic

ie
n

ts
 [
-]

Numbers of panels [-]

Floor_250 Hz Suspended_250 Hz
Floor_1000 Hz Suspended_1000 Hz
Floor_4kHz Suspended_4kHz



 

 

interesting to observe that at high frequencies the suspended mounting was that capable of providing 

the largest absorption coefficients, likely as a consequence of the increased number of reflections 

hitting the samples from the floor. 

 

 

Figure 8 – Comparison among the absorption curves measured according to the three mounting types. For 

ISO and floor mounting, the curves considering the Waterhouse effect are reported. For ISO mounting the 

curve referred to the floor area is shown. 

4. CONCLUSIONS 

The present paper investigated different ways to measure the diffuse sound absorption coefficients 

of nonwoven materials made from textile wastes and used as baffles. The procedure suggested by the 

ISO 354:2003 which is based on the measurements of the reverberation time in the reverberation room 

with and without the test specimen mounted was considered as the reference method, but three 

different mounting configurations of the tested material were compared. In the first case, the baffles 

were arranged according to type J mounting illustrated in Annex B of the standard, following a regular 

array enclosed by non-absorptive barriers having the same height as the height of the baffles. In the 

second and in the third cases, the baffles were randomly arranged, respectively mounted with one  

edge touching the floor, and suspended at 1.50 m from the floor. In both the latest mounting types, 

measurements considering three, five and seven panels were carried out.  Another difference was about 

the area considered to calculate the sound absorption coefficients. In the second and in the third cases, 

the absorption coefficients were referred to the overall area of the two sides of the tested panels, while 

in the first case, the sound absorption coefficients were referred to the area of the floor enclosed by 

the absorptive barriers, as specified in Annex B for J mounting, as well as to the overall area of the 

panels. The main findings resulting from the comparison were: 

• in the type J mounting configuration, the sound absorption curve referred to the floor area 

and that referred to the test specimen area were obviously characterized by the same trend 

(as they only used different areas to be calculated), with high frequency values 

comparatively cut-off compared to other mounting schemes; 

• the sound absorption coefficients obtained from measurements with type J mounting 

referred to the actual sample area were considerably lower than those obtained from 

measurements with the other mounting scheme. This was especially true in the medium-

high frequency range where the mutual shading phenomena due to the regular arrangement 

of the baffles and the rigid frame along the borders likely caused a reduction and a 

flattening of the absorption curve trend. 



 

 

• in both the random distribution mounting, the sound absorption coefficients obtained from 

measurements with three panels resulted to be higher than those obtained considering five 

and seven panels. An asymptotic trend in the entire frequency range of the sound 

absorption coefficients with varying the number of panels, suggested that as the number 

of panels grow, a sort of mutual shading makes the incremental contribution of any 

additional panel to be smaller than the previous one; 

• in low frequency range the sound absorption coefficients resulting from measurements with 

suspended panels were lower than those calculated considering random panels touching 

the floor, due to the Waterhouse effect; 

• conversely, in the high frequency range, suspended mounting provided the highest 

absorption coefficients, likely because of their surface being more exposed to reflections 

also coming from the floor; 

• the low frequency increase of absorption coefficients appearing for all mounting conditions 

in which the sample is in direct contact with the floor may be explained by Waterhouse 

effect, even though the suspended mounting yields the lowest coefficients, thus suggesting 

that a λ/8 strip may not be enough for the specific characteristics of the room. 

Finally, it can be concluded that the type J mount may only be recommended if baffles are to be 

mounted exactly in the same way with same spacing between them. Sound absorption may 

significantly increase if panels are arranged according to pseudo-random patterns that reduce mutual 

masking. A significant low frequency boost in the absorption can be obtained when panels are close 

to a rigid surface rather than suspended far from it. Further investigations are under way to better 

understand and mathematically predict the influence of the mounting conditions on absorption.   
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ABSTRACT 
A novel measurement method for sound absorption characteristics, surface normal impedance and absorption 
coefficient, using the ensemble averaging technique is proposed and its reproducibility as well as robustness 
are examined in our former papers. In the study, theoretical background of the method is summarized, first. 
Then, measurement setups are explained for practical applications especially for in-situ measurements. Here, 
we use two types of sensors: PU-sensor and two-microphone. Standing-wave-tube calibration and 
interchanging-positions calibration are respectively applied for the sensors. A series of in-situ measurements 
are conducted at two gymnasiums and reverberation rooms. A glass-wool panel is moved from place to place 
for make cross-measurement-place comparison. Measured ensemble averaged values of absorption 
coefficient and of surface impedance show consistent tendencies with small deviations between different 
rooms. 
 
Keywords: Sound, Absorption, Measurement 

1. INTRODUCTION 
Sound absorption characteristics of materials are essential parameters to control the acoustics 

in/around buildings. To date, huge amount of methods have been developed to measure the sound 
absorption and some of them have become International Standards1,2,3). Although further refinements 
on such methods have been conducted4,5), it seems that there still remains more to do before 
overcoming existing difficulties. 

Meanwhile, the authors proposed an alternative method utilizing the ensemble averaging 
technique6-12), namely EA method for short. In the earliest paper6), we proposed an in-situ 
measurement method using two-microphone and utilizing environmental noise as the sound source 
which let us call EApp method. After PU-sensor was developed and widely commercialized13,14), we 
started using the sensor as EApu method. In this manuscript, the theoretical background of EA method 
is summarized, first. Then, the applicability as well as the robustness of EA method are exhibited 
through practical in-situ measurements referring to the data measured in reverberation rooms given in 
our former papers11,12); and an overview of the method is presented hereafter. 

2. THEORETICAL DESCRIPTIONS 

2.1 EA method formulation 
In our former paper7), the following equations were proposed for ensemble averaged surface 

normal impedance ⟨Zn⟩ and corresponding absorption coefficient ⟨α⟩. 
 

〈𝑍!〉 =
〈𝑃"#$%〉
〈𝑈!,"#$%〉

, (1) 
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Here, ⟨•⟩ denotes the ensemble averaging; Psurf and Un,surf denote the sound pressure and particle 
velocity normal to the specimen's surface at a point close to the surface in the frequency domain, 
respectively. 
 

2.2 Ensemble average 
When f(t) is a function of time t, the time average 𝑓	5 is defined as  
 

𝑓̅ 	= 	 lim
(→*

1
𝑇;

𝑓(𝑡)𝑑𝑡
(

+
. (3) 

 
One can define the ensemble average ⟨ f ⟩	at an arbitrary time μ for all members of an ensemble of F. 
Here, F ={fk(t): k =1,2,...,N}, then, 

 

〈𝑓〉 = lim
(→*

1
𝑁@𝑓,A𝑡-B

.

,/0

. (4) 

 
According to the Ergodic theory, 𝑓	5= ⟨ f ⟩ stands at almost everywhere if F is random enough. Based 
on the theory, we reduce ⟨Zn⟩	in	equation	(1)	as	follows7):	
	

〈𝑍!〉 	= 	 〈	
𝑃"#$%
𝑈!,"#$%

	〉 ≈ 	
〈𝑃"#$%〉
〈𝑈!,"#$%〉

. (5)	

 

2.3 EA method measurement settings 
Figure 1 illustrates the standard settings for EA method measurement with a two channel digital 

frequency analyzer using Fast-Fourier-Transformation (FFT). The measurement process is simple for 
EApu method: when a PU-sensor is set to measure Psurf and Un,surf under random incidence condition 
of incoherent random noises, the ensemble averaging are performed automatically by using the 
analyzer's time averaging function8). On the other hand, when a two-microphone is set for EApp 
method, rather more complicated procedure is adopted 6). Note that similar values are resulted by both 
EApu and EApp methods even if the sensor types nor data processing procedures are different: several 
examples are given in the following section. 

Measurement mechanism of EA method seems far from those of other conventional methods like 
tube-method and reverberation-room-method. Our former studies revealed, however, that ⟨Zn⟩	
measured	 by	 EA	 method	 gives	 an	 incident-angle-averaged	 value	 of	 normal	 impedance	 Zn	 at	
(pseud)	 random	 incidence.	 Therefore,	 for	 a	 general	 material	 whose	 Zn	 has	 incident-angle-
dependency,	 ⟨Zn⟩	 gives	 an	 expected	 value	 of	 Zn.	 If	 Zn	 has	 no	 incident-angle-dependency,	 ⟨Zn⟩	
equals	Z0. Besides, ⟨α⟩	gives	a	good	expected	value	of	normal	incidence	absorption	coefficient	α0. 

 

 
 
Figure 1 –Settings for EA method measurement. EApp method uses two-microphone; and EApu 

method uses PU-sensor. 



 

 

3. EXAMPLE APPLICATIONS 

3.1 In-situ measurements in two gymnasiums 
To examine the reproducibility and robustness of EA method, a series of in-situ measurements 

were conducted in two gymnasiums: a public gymnasium "Gym-X" and Oita University Second- 
Gymnasium "Gym-Univ." Both gymnasiums are located in Oita city, Japan. Gym-X has 4,000 
audience seats, while Gym-Univ has no extra area for audience (see Figure 2). To avoid COVID-19 
infection, all doors are kept open throughout the measurements. Furthermore, powerful machinery 
ventilators were kept turned on during all the measurements at Gym-X. 

 

 
 

Figure 2 –Snapshot at EA method measurement in Oita University Second Gymnasium (Gym-
Univ). To avoid infection, all doors are kept open during measurements. 

 
A glass-wool panel with the dimensions of 600 mm x 600 mm x 50 mm and the density of 32 kg/m3 

was brought around and put on the wooden floors with careful attention not to make air gap between 
the panel and floors. Sound absorption characteristics of the panel were measured by both EApu and 
EA pp methods at three measurement points with three repetitions. Therefore, repetition number is 
nine for a single measurement and raw values are averaged over the nine repetitions. 

On the 2ch FFT (B&K Co.; Pulse), transfer function HU,P between the particle velocity and sound 
pressure sensors is calculated in the frequency domain. Linear averaging in the time domain is 
performed 150 times using a Hanning window with 0.33 s time length. Then, the net measurement 
time for an EA method becomes 49.5 s and one set of nine repetition requires about 10 minutes except 
sensor-location move-and-set. 

Both PU-sensor (Microflown Technology; PU regular) and two-microphone (B&K; 4190) were 
calibrated on-site: an standing-wave-tube10) was used for PU-sensor calibration; and interchanging-
positions for two-microphone. Six portable loudspeakers (JBL Co.; Micro Wireless) were moved 
around by three persons' hands over the virtual half-sphere with about 1.5 m radius from panel's center 
point. Incoherent pink noises were radiated from the loudspeakers. 

Note that similar experiments by EApu method were conducted in our former studies and excellent 
agreements of absorption coefficients between three reverberation rooms at different laboratories were 
presented. Moreover, measured results at four ordinary rooms and environments showed excellent 
agreements with those of reverberation rooms11, 12). 

3.2 Results and discussion 
3.2.1 Measurement place difference effect on EApp method 

Measured absorption coefficient ⟨α⟩	values	at the two gymnasiums by EApp method are shown in 
Figure 3 to compare. Here, one-third octave band mean values of ⟨α⟩ in the frequency range from 100 
Hz to 2500 Hz are plotted. 	

Excellent agreements of ⟨α⟩ values between measurement places (at Gym-X: dark red; at Gym-
Univ: red) can be observed throughout	 the	 frequency	 range.	 In	 the	 earliest	 paper	 of	 EApp	
method6),	 almost	 similar	 agreements	were	presented	 for	both	glass-wool	panel	 and	 rockwool	
board	measured	in	four	rooms	and	environments	in	the	frequency	range	from	200	Hz	to	1500	
Hz.	We	expect	 that	 recent	our	 refinements	 in	EA	method	expanded	 the	measurable	 frequency	
range	from	100	Hz	to	2500	Hz	in	one-third	octave	band	center	frequencies.	

 



 

 

 
 

Figure 3 –Comparison of absorption coefficient ⟨α⟩	values	measured	by	EApp	method	at	two	
gymnasiums:	at	Gym-X	(dark	red)	vs	at	Gym-Univ	(red).	

 
 

3.2.2 Sensor difference effect: EApp vs EApu 
One-third octave band averaged values of absorption coefficient ⟨α⟩	measured	at	Gym-X	using 

two different sensor types, PU-sensor (blue) and two-microphone (dark red), are shown in Figure 4. 
Here, ⟨α⟩ values of EApp are copied from Figure 3 for comparison.  

Considering the difference of sensor types as well as measurement procedures, considerably good 
agreements are observed between the results of EApp and EApu methods. In the frequency range from 
100 Hz to 2000 Hz, slope of frequency characteristics of EApu method is steeper than that of EApp 
method. 

As above mentioned, former studies revealed that ⟨α⟩	values	measured	by	EApu	method	at	Gym-
X	agrees	well	to	those	of	reverberation	rooms. Since the values of EApu method in Figure 4 follows 
the assertion, we expect EApp method to become another alternative measurement method for sound 
absorption characteristics. 

 

 
Figure 4 –Comparison of absorption coefficient ⟨α⟩	values	measured	by	EApp	method	(dark	

red)	and	EApu	method	(blue)	at	Gym-X.	⟨α⟩	values	of	EApp	method	are	copied	from	Figure	4	for	
comparison.	

 

4. CONCLUSIONS 
Several example applications of both EApp and EApu method confirmed the method's applicability 

as well as the robustness. Excellent agreements between measurement places and sensor types were 
confirmed. Since, in the manuscript, only a single material is examined and no impedance data are 
presented, further investigations are indispensable and now additional experiments are undergoing. 
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ABSTRACT
In spaces where absorption is concentrated on a single surface, multi-exponential decay curves can occur. This
is the case in reverberation rooms, when the test sample is mounted on the floor. In the last years, various re-
search groups proposed methods for analysing multi-exponential decay curves with Bayesian frameworks. The
advantage of the Bayesian framework is the possibility to infer multiple decay times from a respective decay
curve despite its curvature and without prior knowledge on the bending point. As a result, the Bayesian frame-
work yields a promising tool to derive physically meaningful reverberation parameters for the measurement of
absorption without the need of diffusing elements. In this work, we use the initial decay time to calculate the
absorption coefficient. The use of the initial decay time is motivated by former work of H. Kuttruff, F. Hunt,
L. Beranek, and D. Maa. We calculated the absorption coefficient using the proposed method based on impulse
response measurements in three reverberation rooms without diffusing elements. Results and challenges of the
method are discussed.

Keywords: Reverberation room, absorption coefficient, reproducibility

1 INTRODUCTION
The Sabine absorption coefficient α can be calculated from measurement in a reverberation room according to
ISO 354 [1]:

α =
A
S
=

55.3 ·V
c
· ( 1

Ta
− 1

Te
)−4 ·V · (ma−me), (1)

where A denotes the equivalent absorption area of a porous sample, S the surface are of the sample, V is
the total volume of the room, c is the speed of sound, m is the air attenuation coefficient, Te is the reverberation
time in the empty room and Ta is the reverberation time in the room with the sample. Sabine’s theory assumes a
diffuse sound field and uniform distribution of absorption resulting in a single exponential energy decay. Former
studies point out, that in case of uneven distribution of absorption, the sound decay is of multi-exponential
nature [2, 3]. Hunt et al. showed in Ref. [4] that in rectangular rooms with non-uniform distribution of
absorption, the large number of excited modes within a given frequency band is separated into groups having
common decaying properties. The respective model for the energy decay function EDF is a sum of exponential
functions with an additional noise term [5]:

EDF(A,T, tk) = A0(tK− tk)+
N

∑
i=1

Ai · e
−13.8·tk

Ti , (2)

where the linear term A0(tK − tk) denotes the measurement noise in the room impulse response, tk is the
time parameter, K is the total length of the impulse response, and k = 1,2, ...,K. Ai denotes the linear amplitude
of the ith exponential decay function, Ti is the decay time of the ith decay function, and N corresponds to the
total number of exponential terms. In order to estimate multiple decay parameters from a given EDF, Xiang
et al. [5] introduced a Bayesian framework. In case of a 2nd order model for double sloped EDFs, the decay
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function is composed of an initial and late decay term. Kuttruff showed in Ref. [6] that the initial slope of the
EDF is the weighted mean of all decay constants present in the reverberation process and therefore should be
used for calculating the absorption coefficient. Based on the aforementioned theories, the authors of Ref. [7]
calculated the absorption coefficient with initial decay times derived by a Bayesian framework. Measurements
were carried out in a rectangular reverberation room without diffusing elements to ensure a well separated sound
field. They showed that the absorption coefficient calculated with the initial decay time is in good agreement
with a theoretically derived value for a finite sized porous absorber. In this work, we extend the investigations
and carry out two additional measurement series in reverberation rooms and compare them with existing results
to evaluate the method of using the initial decay time for measuring the absorption coefficient.

2 MEASUREMENTS
The absorption coefficient of a porous sample is investigated in three reverberation rooms: RR 1 (V = 245 m3),
RR 2 (V = 244.8 m3), and RR 3 (V = 122.7 m3). Two rooms, RR 1 and RR 2, have similar volumes and both
are rectangular, whereas RR 3 has a significantly smaller height and one tilted wall (see Fig.1). The porous
sample (glass wool) placed on the floor has a flow resistivity of 12.9 kPa s/m2 with a total area of 10.8 m2

and covered sides. All panel diffusers are removed from the rooms in order to ensure a sound field that can be
separated into two mode groups (fast decaying in the vertical plane and slow decaying in the horizontal plane).

Figure 1. Pictures of all three reverberation rooms RR 1, RR 2, RR 3.

3 RESULTS AND DISCUSSION
The absorption coefficient in all three rooms calculated with the initial decay time is shown in Fig. 2. Good
agreement is reached between two reverberation rooms RR 1 and RR 2, which are similar. The absorption
coefficient exceeds unity at the 250 Hz and 500 Hz octave bands, due to the so-called edge effect.
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Figure 2. Absorption coefficient calculated with the initial decay time in three RRs, and αtheory.

Overall, the values from RR 1 and RR 2 are in good agreement with the theoretical absorption coefficient
αtheory based on a transfer matrix model [8] for the case of a single layer of porous material and rigid backing,



including Thomasson’s size correction for a finite sample [9]. At 125 Hz, the low modal density and the
non uniform distribution of sound incidence onto the absorber cause lower absorption coefficient values in the
laboratory compared to the theoretical values assuming isotropic sound incidence on the sample.

The results from the smaller laboratory RR 3 are significantly lower compared to the other rooms, indicating
that the sound field in RR 3 cannot be separated as well as in the bigger rooms due to the low room height.
One reason could be attributed to the uneven damping of the modes within one frequency band and the modal
distribution in the room due to its size. Nevertheless, the question remains why the absorption coefficient is
significantly lower in RR 3. Although the decay parameter obtained with the Bayesian framework result in a
good fit, it does not mean necessarily that the decaying mode groups correspond to the respective vertical and
horizontal sound fields. When the decay times are closely spaced within one frequency band, the width of the
decay distribution increases and inferring multiple decay parameter becomes difficult.

More investigations in additional rooms and configurations have to be carried out, when applying the Bayesian
framework to obtain decay parameter for absorption coefficient measurements. Furthermore, information on the
directional properties of the decay process in rooms could provide insights that shed more light on this topic.
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ABSTRACT
Measurement of the sound absorption coefficients of walls in an entire room is not easy because it requires many
measurement points along the wall. Recently, methods for estimating sound absorption coefficients using measure-
ment and simulation have been proposed. However, to estimate sound absorption coefficients with sufficient accuracy,
many measurement points are required. In this study, we propose an estimation method of sound absorption coeffi-
cients using machine-learning from multichannel microphone signals that virtually increased using a physical sound
model. The virtual microphone signals are obtained from a small number of measured microphone signals by the
spatial interpolation method of room impulse responses using sound field modeling with sparse equivalent sources
based on room and microphone array geometry. In particular, in this paper, the transfer functions of direct sound and
primarily-reflected sounds at the virtual microphones are used as training data. In simulation experiments, we clarify
the relationship between the estimation accuracy of sound absorption coefficients and the number of real and virtual
microphones.

Keywords: Acoustic impedance, CNN, MLP, Equivalent source, Room impulse response

1 INTRODUCTION
Sound field simulation is useful for room acoustics and sound visualization to understand acoustic phenomena in
the room. With the development of computer technology, large-scale simulations of actual rooms have become
possible. For example, Sakamoto et al. conducted a sound field simulation for an actual concert hall [1].
Raghuvanshi et al. conducted the sound field simulations using the geometry of virtual 3D objects for acoustic
rendering in virtual reality games [2].

To perform the sound field simulations based on an actual sound field, it is required to obtain the room
geometry and the sound absorption coefficients (acoustic impedances) of the boundaries. Recently, the mea-
surement of room geometry has become easier because of the development of simultaneous localization and
mapping (SLAM) and laser range finder.

On the other hand, the measurement of absorption coefficients is still difficult because it is measured at
many measurement points near the boundaries such as all surfaces of walls. In recent years, the estimation
methods of absorption coefficients by using numerical simulations and actual measurements have been proposed
[3]. Antonello et al. proposed the estimation method of acoustic impedances using finite-deference time-domain
(FDTD) simulations from a small number of sound pressures [4, 5]. Nava et al. have estimated the acoustic
impedances using the inverse boundary element method from a large number of signals measured at random
locations in a room [6, 7]. With this method, when the room geometry and positions of sound sources are
known in advance, the acoustic impedance of each boundary element can be estimated. Foy et al. proposed
the machine-learning-based method to estimate the mean absorption coefficients by the convolutional neural

ABS-0851



network (CNN) and multilayer perceptron (MLP) using the room impulse responses as training data. In this
method, for simple room geometries, it only requires the room impulse response (RIR). In the experiments with
actual measurements, the estimation accuracy was comparable to that of conventional methods.

To estimate many coefficients more accurately, it is more desirable to use many microphones. In this study,
to reduce the number of measurement points, we propose the estimation method of absorption coefficients using
machine-learning with virtual microphones. The signal of virtual microphone is estimated based on the equiva-
lent sources. The virtual microphones are arranged in grid points. As with image data, the sound data array at
grid points is learned using MLP and CNN.

2 PROPOSED METHOD
2.1 Overview of proposed method

Actual Absorp. Coef.Virtual mic.

Amplitude & Phase

Machine LearningActual mic.

Step.1 Measurement 

Room

Loudspeaker

Step.2 Estimation

R I Rs

Step.3 Training 

・
・
・

・
・
・

Step.4 Estimation

・
・
・

Estimated 

Absorp. Coef.

Figure 1. The overview of our proposed method. Step.1 : Measurement of the microphone signals. Step2 :
Estimation of the virtual microphone signals. Step3 : Training the neural network using the array of phases and
amplitudes. Step4 : Estimation of the absorption coefficients using regression learning.

The overview of the proposed method is shown in Fig.1. In this study, it is assumed that the room geometry
and sound source position are approximately known. First, a small number of RIR signals are measured. Next,
we estimate the RIR signals at the virtual microphones at grid points by modeling the sound field using the
physical model of sound propagation. Then, the arrays of phases and amplitudes at the virtual microphones are
used as the training data for the machine-learning to estimate the absorption coefficients.

2.2 Estimation method of virtual microphones
The virtual microphone signals are estimated from the measured RIR signals using the equivalent source method
and the image source method [8, 9, 10]. With the equivalent source method, the sound field can be represented
by a superposition of point sources (equivalent sources). Especially, the direct sound is represented by the
equivalent sources around the position of the actual sound source. Similarly, the early reflections are represented
by the equivalent sources around the image sources obtained from the geometrical acoustics.

Thus, based on the equivalent source method, the transfer function measured by the m-th microphone at
position x′m can be expressed as follows.

ym =
N

∑
n=1

D(x′m,xn)wn, (1)

where D is the transfer function of the n-th equivalent source at position xn, wn is its weight coefficient. The
transfer function D of an equivalent source can be obtained using the following Green’s function in three-
dimentional free field:

D(x′m,xn) =
1

4π

e−ik|x′m−xn|

|x′m −xn|
, (2)



where i is the imaginary unit, and k is the wavenumber. Since Eq. (1) holds for all microphones, the transfer
function of all microphones is represented by

y = Dw, (3)

where

y =
[
y1, · · · ,yM

]T
, (4)

D =


D(x′1,x1) · · · D(x′1,xN)

...
. . .

...

D(x′M,x1) · · · D(x′M,xN)

 , (5)

w =
[
w1, · · · ,wN

]T
. (6)

However, the vector of weight coefficients w is unknown. The number of equivalent sources is significantly
larger compared to the actual and image sources. Thus, w is obtained by solving an optimization problem using
the spatial sparsity of sources.

minimize
w

||w||1

subject to ||y−Dw||2 ≤ ε,
(7)

where ε is the error tolerance. It is possible to estimate the transfer functions of virtual microphones using
equivalent sources.

Thus, the m′-th virtual microphone signal is derived by,

ym′ =
N

∑
n=1

D(x′m′ ,xn)wn. (8)

In this study, we only consider a direct sound and primary reflections in the transfer functions at the virtual
microphones.

2.3 Network design
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Figure 2. Network architecture based on MLP and CNN. The both network perform regression learning with a
sigmoid layer and estimate the absorption coefficients. M is the number of microphone and Mgrid is the number
of microphone per one side of 2D microphone array.

Figure 2 shows the regression learning with MLP and CNN in the proposed method. By using the super-
vised training, we estimate the absorption coefficients.



In MLP, in the input layer, the vector of the phases and amplitudes at the virtual microphones are used.
The hidden layer is a simple structure with fully connected layers. And its activation function is ReLU. In the
output layer, the absorption coefficients are obtained with sigmoid layer.

In CNN, the input is an array of phase and amplitude of virtual microphones on grid points. The array size
is Mgrid × Mgrid × 2. The hidden layer is 2 × 2 convolutional layer with the pooling layer. In the output
layer, the absorption coefficients are obtained with sigmoid layer as well as MLP. In both MLP and CNN, the
batchsize was 16 and optimization method was ADAM.

In the following simulation experiments, the transfer functions were obtained through numerical simulation
using the boundary element method (BEM). Next, we describe the simulation experiments using the proposed
method.

3 SIMULATION EXPERIMENTS
3.1 Experimental conditions

Table 1. Learning condition.

Condition ML9 ML4H MD4H CN4H CD4H

Learning model MLP MLP MLP CNN CNN

No. of mic. 9 441 9 441 9

Use of virtual Mic. × × o × o

Absorp.coef. 0.4–0.6(every 0.05)

No. of data 102400

3 m

3 m

Equivalent source

Actual mic.

Loudspeaker Image source

1.5 m

Virtual mic.0.05 m

1 m

0
.0

5
 m

0.05 m

1
 m

1.5 m

Target wall

①

②

③

④

⑤

Arrangement of mic.

Figure 3. Arrangement of simulation experiment. In 3×3 m room, 9 actual microphones and 441 virtual
microphones were placed at 0.05 m intervals. Target wall was one side, and the others were fully absorbing.
The target wall was divided into five elements. The each element has each absorption coefficient.

We evaluate the accuracy of estimating absorption coefficients by MLP and CNN. Figure 3 shows the sim-
ulation arrangement. Table 1 shows the experimental conditions. The experimental frequency was 500 Hz. The



sound speed was 340 m/s. The tolerance of noises in the virtual microphones was set to 1/100 times the am-
plitude of noise signal. In the preparation of the training data, the microphone signals were obtained from the
2D sound field simulation based on BEM.

The absorption coefficients of five elements on the wall was estimated. The wall surfaces except for the
target wall were assumed to be fully absorbing. The virtual microphone signals at 441 points were estimated
from the measurement at 9 points. Gaussian noise (SNR 30 dB) was added to each microphone signal, and the
number of data is 100 for each coefficient pattern. The training data is 70% of data. The validation data is the
other data (30% of data).

3.2 Result

Table 2. Comparison of RMSEs in all conditions.

Condition ML9 ML4H MD4H CN4H CD4H

RMSE 0.036 0.021 0.036 0.014 0.034
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Figure 4. Mean of estimation errors. The conditions are shown in Table. 1. The arrangement of elements
corresponding to the indexes of Absorption coefficients are shown in Fig. 3.

Table 2 shows the RMSE in each condition. In the case with actual microphones only, the RMSE of CN4H
is 0.007 more accurate compared to ML4H. Thus, it was confirmed that CNN has higher accuracy compared to
MLP. In the case with virtual microphones, The accuracies of ML9 and MD4H are not significantly different.
Thus, CD4H improved the RMSE by 0.002 compared to ML9 and MD4H. The estimation accuracy was slightly
improved by using CNN and virtual microphone signals.

Next, the errors of each wall element were confirmed. Figure 4 shows the mean of estimation errors for
each wall element. Regardless of the training model, there was a significant improvement in the estimation error
as the number of actual microphones increased. Especially when there are 441 microphones. Especially, CNN
had the highest estimation accuracy. The mean of estimation errors in CNN are about 0.03 improved compared
to MLP.

Finally, we compare the case with virtual microphones. In the case of MLP (MD4H), the mean of estimation
errors were degraded compared to no virtual microphone (ML9). On the other hand, the CNN (CD4H) slightly



improved the mean of errors. The improvement was about 0.02 smaller in the mean of errors compared to 441
actual microphones.

4 CONCLUSION
Estimation method of absorption coefficients based on machine-learning using the grid-type virtual microphone
array was proposed. The CNN network had higher estimation accuracy compared to the MLP network. On
the other hand, virtual microphone signals had slight improvement compared to no virtual microphone. In the
future, we will study the errors of microphone positions and network design.
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ABSTRACT 

Until recently in Korea, studies have been conducted to derive the appropriate reverberation time of middle 

and high school and elementary school lower grade classrooms. As a result of the speech intelligibility test 

for the lower graders of elementary school, the appropriate reverberation time for the students was 0.6s. 

Therefore, the appropriate location of sound absorption materials in the classroom was investigated to satisfy 

the appropriate reverberation time of the lower grade elementary school classroom. For this purpose, the 

acoustic measurement experiment was conducted using the 1/10 scaled model. To produce a 1/10 scaled 

model, materials with sound absorption coefficient similar to actual classroom finishing materials were 

selected at frequencies 10 times higher than actual classroom finishing materials according to the law of 

similarity. The walls were MDF panels, the windows were acrylic, and other parishes were used for the 

extruded PVC foam sheet. An acoustic measurement experiment was conducted by attaching sound 

absorption materials to the ceiling front, ceiling center, ceiling rear and rear walls in the manufactured 1/10 

scaled model. The sound source was 1/10 omnidirectional speaker, and the sound receiving point was 1/8 

microphone. The impulse response and analysis were performed through the DIRAC 5.0 software. In addition, 

an air compressor and moisture removal filter were used to maintain the temperature and relative humidity 

in the 1/10 scaled model. As a result of the experiment, when the sound absorption material was installed in 

the same area (0.12㎡) in the 1/10 scaled model, the location where the sound performance was most suitable 

was the rear wall. In addition, to meet the appropriate reverberation time, it is efficient to install the sound 

absorption material on the rear wall first and to apply the additional sound absorption material location in the 

order of the ceiling center, ceiling front, and ceiling rear. 

 

Keywords: Classroom, Room acoustic parameters, Sound absorptive materials, Scaled model experiments 

1. INTRODUCTION 

The lower grades of elementary school are the age at which voice information is most needed as 

the first step in education, and education learned at this time has a great influence on learning effects 

and future academic achievement. However, a person's speech perception ability varies greatly 

depending on age, and the lower age, the lower ability to speech perception. The speech perception 

ability is significantly lower in the age group of lower grade students of elementary school, and the 

speech perception ability becomes the same as an adult from 14 years old or older (1). In addition, the 

smaller articulation index (AI) causes the lower speech intelligibility. which is the same in all ages, 

but the smaller age has greater impact (2).  

To provide appropriate educational environment for the lower graders of elementary school, the 

standards for classroom acoustic performance were presented in the United  States and the United 

Kingdom, considering the student’s speech perception ability (3,4). As a result of recent research in 

Korea, the standard of classroom acoustic performance was suggested that appropriate background 

noise level of the lower grade classroom of elementary school is less than 30 dB(A) and the 

reverberation time is less than 0.6 seconds (5). However, since the sound performance of each lower 
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grade class in elementary school is different according to the year of completion and classroom 

environment, guidelines for designing interior finishing materials are needed to meet the standards of 

each classroom's sound performance (6).  

Therefore, the 1/10 scaled model experiment was selected as a research method for the appropriate 

location of sound absorption materials in the lower grade classroom of elementary school.  

2. RESEARCH METHOD 

The 1/10 scaled model experiment is a scaled-down model with a ratio of actual classrooms. 

Therefore, the acoustic characteristics of space and material can be evaluated through the 1/10 scale d 

model experiment. However, the 1/10 scaled model experiment has difficulty in realizing the sound 

absorption characteristics of the material according to the law of similarity.  

 The 1/10 scaled model experiment was conducted using the specifications of the standard 

classroom for the lower grades of elementary school surveyed through pre-research (7). The 

comparison of the average specifications of elementary schools in Cheongju and the specifications of 

the 1/10 scaled model is the same as shown in Table 1. 

 

Therefore, the sound absorption coefficient of the 1/10 scaled model should be the same as the 

actual sound absorption coefficient in the classroom at a frequency 10 times higher according to the 

law of similarity. The material and sound absorption coefficient used in the 1/10 scaled model are the 

same as in Table 2. For the same level of sound absorption as the actual classroom wall, a 15mm thick 

MDF panel was used as a 1/10 scaled model wall. The furniture in the classroom, such as desks  and 

lockers, was made of extruded PVC foam sheets and glass was made of acrylic.  

Table 1 - Comparison of the average specifications of elementary schools and the 1/10 scaled model 

Classification 
Average in elementary schools 

in Cheongju 
1/10 scaled model 

Width (W) 7.3 m 0.73 m  

Length (L) 8.5 m 0.85 m 

Height (H) 2.6 m 0.26 m 

Volume (V) 161.3 m3 0.16 m3 

Floor space (F) 62.1 m2 0.62 m2 

Number of seat (N) 25 

Ratio (W: L) 1 : 1.14 

Table 2 - Sound absorption coefficient of 1/10 scaled model materials 

Material 

Sound absorption coefficient 

Frequency (Hz) 

1250 2500 5000 10000 

15mm MDF 0.05 0.05 0.01 0.04 

Extruded PVC Foam Sheet 0.09 0.14 0.04 0.01 

Acrylic 0.12 0.11 0.03 0.03 



 

 

 

Figure 1 - Specification of 1/10 scaled model 

 

The specification of the 1/10 scaled model is the same as shown in Figure 1. The equipment used 

for the 1/10 scaled model experiment is shown in Table 3. 

   

Table 3 - Equipment list for 1/10 scaled model experiment 

 

The sound source used in the 1/10 scaled model experiment was a self-produced 12-sided, 

omnidirectional speaker. Sound source was installed in the front of the classroom at a height of 0.15m 

from the bottom of the classroom. The sound receiving point was set to 0.1m height by dividing three 

places into the front, center, and rear inside the 1/10 scaled model. The sound measurement and 

impulse response analysis of the 1/10 scaled model were performed using Dirac 5.0 software, and the 

sound source used for the measurement was played by a 1.27s long sweep sine signal through an 

omnidirectional speaker. The measurement of the 1/10 scaled model was measured 15 times per sound 

receiving point and the arithmetic mean value was used. It was maintained at a temperature of 20 °C 

and a humidity of 15%. The configuration of the equipment for measuring the 1/10 scaled model is 

the same as shown in Figure 2. The acoustic measurement of the 1/10 scaled model should be 

performed in the frequency range of 1250 ~ 40000 Hz according to ISO 3382 (8). However, the 

maximum range of analysis of Dirac 5.0 software used for analysis is limited to 12500 Hz, so this 

study conducted an only analysis of 1250 ~ 10000 Hz.  

 

Measuring equipment Model name Manufacturer 

Omni-directional speaker 1:10 Self-production 

Power module TYPE 12AA G.R.A.S 

1/8“ microphone TYPE 40DP G.R.A.S 

Power amplifier TYPE 2706 B&K 

Software DIRAC 5.0 B&K 

Audio card ZE-0948 B&K 

Reverberation chamber 1:10 Self-production 

Dry air pump IDG30V SMC 

Thermo-hydrometer 605-H1 TESTO 



 

 

 

Figure 2 - 1/10 Scaled model experimental equipment configuration 

 

3. RESULTS OR 1/10 SCALED MODEL EXPERIMENTS 

In the case of classrooms, it is impossible to install sound absorption materials on the front wall 

where the blackboard is arranged and the floor. In addition, the side walls were excluded from the 

experiment because they were not uniform depending on the location of the opening and the shape of 

the classroom. Therefore, the sound absorption material was installed on the ceiling and rear wall of 

the 1/10 scaled model to experiment. The sound absorption material location is the same as shown in 

Figure 3. 

Figure 3 - Sound absorption material location (0.12 m2) 

   

   

Figure 4 - Same area (0.12 m2) sound absorption material installation result 

   

The ceiling front, ceiling center, ceiling rear and rear wall were compared using the sound 

absorption area of 0.12m2. The same area (0.12 m2) sound absorption material installation result is 

the same as shown in Figure 4. The ceiling center is shortest when based on the reverberation time. 

However, the difference is insignificant compared to other locations. The rear wall is the highest when 

it is based on the D50 and RASTI. Therefore, the result of calculating the standard deviation per sound 

receiving point is the same as in Table 4. 

    



 

 

* closer to 0 less deviation. 

 

As a result of calculating the standard deviation of the rear wall and the ceiling center per sound 

receiving point, the distribution was confirmed evenly compared to the ceiling center installation 

when installing sound absorption material on the rear wall.  Therefore, the sound absorption material 

was installed on the rear wall first, and the sound absorption material was additionally installed at the 

other location for the target reverberation time. 

After installing sound absorption materials on the rear wall, the ceiling front, ceiling center, and 

ceiling rear were installed with additional sound absorption materials. The same area (0.24 m2) sound 

absorption material installation result is the same as shown in Figure 5. 

Figure 5 - Sound absorption material location (0.24 m2) 

 

   

Figure 6 - Same area (0.24 m2) sound absorption material installation result 

   

The results of the experiment by dividing the ceiling into the front, center, and rear after installing 

sound absorption material on the rear wall are shown in Figure 6.  rear wall + ceiling front and rear 

wall + ceiling center are short when based on the reverberation time. Based on D50 and RASTI, rear 

wall + ceiling front is high in D50 and rear wall + ceiling center is high in RASTI. Therefore, the 

result of calculating the standard deviation per sound receiving point is the same as in Table 5.  

  

Table 5 - Same area sound absorption material installation (0.24 m2) standard deviation 

Parameter Rear wall +ceiling front Rear wall +ceiling center 

Reverberation time 0.036 0.021 

D50 0.074 0.097 

Table 4 - Same area sound absorption material installation (0.12 m2) standard deviation 

Parameter Ceiling center Rear wall 

Reverberation time 0.050 0.041 

D50 0.119 0.069 

RASTI 0.116 0.038 



 

 

RASTI 0.123 0.080 

  * closer to 0 less deviation. 

 

As a result of calculating the standard deviation of the rear wall + ceiling front and the rear wall + 

ceiling center per sound receiving point, the distribution was confirmed evenly compared to the rear 

wall + ceiling front installation when installing sound absorption material on the rear wall + ceiling 

center. Therefore, it is advantageous to install sound absorption materials at different locations to 

satisfy the target reverberation time after installing sound absorption materials at the rear wall + 

ceiling center. RASTI is high when reverberation time and noise level are low, and D50 is high when 

there are many direct sound components (9). Therefore, in the classroom where students should 

understand the contents based on the teacher's voice, RASTI, which is calculated through 

reverberation time and noise level, needs to be considered first.  

4. CONCLUSIONS 

In order to investigate the appropriate location of sound absorption materials in the lower grade 

classroom of elementary school, a 1/10 scaled model was produced and the sound experiment was 

conducted. The conclusion of the experiment is as follows. 

 

1) The location where the sound performance was most appropriate when the same sound 

absorption material and area were applied to the ceiling front, the ceiling center, the ceiling rear and 

the rear wall in the lower grade classroom of elementary school is the rear wall.  

 

2) It is more effective to install the sound absorption material in the ceiling of the lower grade 

classroom in the center of the ceiling first. 

 

3) In the case of installing sound absorption materials to satisfy appropriate sound performance, it 

is advantageous to install in the ceiling center, ceiling front and ceiling rear order after installation on 

the rear wall. 

 

This study investigated the appropriate location of sound absorption materials that can satisfy 0.6s, 

which were suggested as appropriate reverberation time for elementary school classrooms by 

conducting acoustic experiments by producing a 1/10 scaled model. By using the 1/10 scaled model, 

the appropriate location of the sound absorption material in the classroom was investigated, so that 

actual acoustic experiments were possible in comparison with computer simulations.  In addition, it 

was possible to conduct an efficient experiment compared to the experiment of installing sound 

absorption materials directly in the actual classroom.  

The 1/10 scaled model experiment should measure the frequency 10 times higher according to the 

law of similarity. However, due to the limitation of the analysis frequency of the DIRAC 5.0 program, 

only the measurement up to 10000 Hz was carried out.  Therefore, if the disadvantages of each 

experiment method are supplemented through computer simulation and actual classroom experiments, 

it is considered possible to present guidelines that match the reverberation time suitable for the lower 

grade classroom of elementary school. 
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ABSTRACT 

This study aims to present guidelines for the appropriate location of sound absorption materials in the 

classroom for elementary school students who have not yet fully developed voice recognition performance. 

Voice information is very important for children at this time in future education, and so is the educational 

environment at this time. However, it can be seen that the volume and shape of most elementary school 

classrooms are different, and the interior finishes and furniture arrangement are different, so the acoustic 

performance is different. This study was conducted in a way of comparing by installing a sound absorption 

material in an experimental classroom at K Elementary School in Cheongju. It is possible to satisfy the sound 

performance of the classroom through the installation of the sound absorption material. The walls that can 

be re-installed with sound absorption in the classroom were classified, and the back walls and ceilings were 

considered suitable. The sound absorption area of the back wall was excluded from 1m from the bottom. The 

sound absorption area of the ceiling was divided into the front, center, and rear to conduct the experiment. 

As a result of the experiment, the center was the most advantageous in the front, center, and rear of the ceiling 

when applying the same area. In addition, in the case of installing a sound absorption material to satisfy 

proper sound performance, it was preferentially installed on the back wall. After that, sound absorption 

materials of the same area were installed in the order of the center, front, and rear of the ceiling, and the 

center of the ceiling was considered to be the most advantageous position. 

 

Keywords: Classroom, Room acoustic measurement, Sound absorptive materials 

1. INTRODUCTION 

Since the elementary school classroom is the first learning space encountered by low-grade 

students, an appropriate environment is important for students. In particular, it is important that the 

teacher's voice is well delivered to the students. Because the quality of education learned during this 

period directly affects students' academic achievement in the future. In addition, since the acquisition 

of voice information is very important for growing children, each nation presents a minimum standard 

for classroom acoustic performance (1, 2, 3, 4) 

 

Table 1 – Comparison of Indoor Acoustic Performance in Classrooms by Nation(1, 2, 3, 4) 

Nation Target grade 
Indoor Acoustic Performance Factors 

Background noise Reverberation Time 

Korea 
Elementary school 30dB(A) 0.6s 

Middle and high school 35dB(A) 0.6s 

USA Elementary school 35dB(A) 0.6s 

UK Elementary school 35dB(A) 0.6s 
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However, all elementary school classrooms have different volumes, shapes, and finishing materials . 

Therefore, since sound performance is different from classroom to classroom, the minimum standard 

of sound performance can be met through the installation of sound absorption materials In this study, 

objective acoustic performance was analyzed by installing a sound absorption material in the 

experimental classroom. After that, it is intended to present guidelines for installing appropriate sound 

absorption materials to satisfy the sound performance of the classroom with the obtained data.  

2. METHOD OF EXPERIMENTS  

The experiment was conducted by selecting K elementary school located in Cheongju-si, 

Chungcheongbuk-do, Korea, and the experiment was conducted by installing sound-absorption 

materials in the experimental classroom. Table 2 is the value comparing the average elementary school 

information and the experimental classroom information. 

     

As shown in Figure 1, the plan and cross-sectional view of the classroom where the experiment 

was conducted, and the locations of the sound source and sound source are shown. When an adult 

stood, the sound source was placed in front of the mouth at a height of 1.5m, and the child's sitting 

height was set to a height of 1m so that the four sound receiving points (R1, R2, R3, R4) were placed 

in the most uniform position on 25 seats in the classroom.  

    

        
Figure 1 – Location of a sound source and sound receiving points on a floor plan and sectional plan 

of experimental classroom 

    

All experiments were conducted in compliance with the measurement method specified in ISO 

3382-2:2008, the International Standard.(5) The signal generator output an MLS signal and recorded 

an impulse response through a microphone. The configuration diagram of the equipment used in the 

experiment is shown in Figure 2. Thereafter, objective acoustic indicators such as Reverberation Time, 

D50, and RASTI were calculated using the acoustic analysis program.  

Table 2 – A Comparison of the Mean information and Experimental Classroom of Elementary 

Schools 

Classification 
Average elementary school 

specifications 

experimental classroom 

specification 

Width (W) 7.3 m 7 m  

Length (L) 8.5 m 8.8 m 

Height (H) 2.6 m 2.5 m 

Volume (V) 161.3 ㎥ 154 ㎥ 

Floor space (F) 62.1 ㎡ 61.6 ㎡ 

Number of seat (N) 25 25 



 

Figure 2 – The configuration diagram of the equipment used to measure the acoustic performance of 

the experimental classroom 

    

The background noise in the classroom was measured at 29.6 dB(A) and the output level of the 

speaker was set to 72 dB(A) to reproduce the teacher's voice. As shown in Table 3, the index that 

investigated the magnitude of the voice level according to human vocalization was referenced, and (6) 

the teacher uttered a large voice for the concentration of students, so the experiment was conducted 

according to 72 dB(A).(7) 

 

Table 3 – Voice level according to the speaker’s vocal effort.  

  

 

 

 

 

 

 

 

    

 

 

 

   

As for the location of the sound absorption material installation, most of the front walls and side 

walls are composed of blackboards and windows, so it was excluded because it was not suitable for 

installing the sound absorption material. Therefore, the walls that can be installed with sound 

absorption materials were set as ceiling and back walls.  The sound absorption material performance 

used in the experiment is shown in Table 4. To install the sound absorption material, the minimum 

area is based on the rear wall. A sound absorption material was installed in an area excluding 1m from 

the bottom, and the sound absorption area was 10.5m2. Therefore, the same area was applied to the 

front center rear of the ceiling and then compared together with the back wall . First, the sound 

absorption materials were installed on the front, center, back, and back walls of the ceiling in order 

and compare. In the second experiment, after fixing the sound absorption material to the rear wall, the 

same area was installed sequentially on the front, center, and rear of the ceiling to compare.  

   

Table 4 – Sound absorption rate of the finishing materials installed in the experimental classroom 

Category 
Frequency [Hz] 

1250 2500 5k 10k 

Empty reverberation chamber reverberation time average [s] 4.36 4.18 4.33 2.85 

Vocal effort dB(A) 

maximum shout 90 

shout 84 

very loud 78 

loud 72 

raised 66 

normal 60 

relaxed 54 



Finishing material reverberation time average [s] 2.59 1.86 1.43 1.46 

equivalent sound absorption area of Empty reverberation 

chamber (A1)[ m2] 
0.135 0.129 0.106 0.088 

Equivalent sound absorption area of reverberation chamber 

including test piece (A2)[ m2] 
0.08 0.058 0.044 0.045 

A1/A2 0.055 0.072 0.062 0.043 

calculation of sound absorption rate 0.45 0.6 0.52 0.36 

Sound absorption rate 0.48 0.48 0.48 0.48 

 

3. RESULTS OF EXPERIMENTS 

3.1 Differences in Acoustic Performance by Rear Wall and Ceiling Position 

The ceiling was divided into the front, center, and rear, and an experiment was conducted by 

installing a sound absorption area of 10.5㎡ of the rear wall at each location. 

 

    

Figure 3 – When installing ceiling sound absorption materials for the same area by location 

 

   

(a) Reverbration Time (b) D50 (c) RASTI 

Figure 4 – Experimental results according to the location of the back wall and ceiling 

   

As a result of the experiment, it was found to be most suitable when the sound absorption material 

was installed in the center of the ceiling. When the sound absorption material was installed in the 

center of the ceiling, the reverberation time was 0.81 seconds, which showed the best result. also, D50 

and RASTI were 0.68 and 0.67, respectively, showing the best results along with the back wall. 

Therefore, when the sound absorption material was installed in the same area for each area, the center 

of the ceiling was analyzed as the most suitable location.  

3.2 Differences in acoustic performance by ceiling position after fixing sound absorption 

material to the back wall 

After fixing the 10.5 ㎡ sound absorption material on the back wall, the ceiling was divided into 



the front, center, and rear, and the sound absorption material was installed for each part, and the results 

were analyzed. 

 

Figure 5 – After fixing the sound absorption material to the back wall, installation in each area 

 

   

(a) Reverbration Time (b) D50 (c) RASTI 

Figure 6 – experiment results for each zone after fixing the sound absorption material to the back wall 

 

As a result of the experiment, the best result was that the sound absorption material was fixed to 

the rear wall and then the sound absorption material was installed in the center of the ceiling. However, 

in the Reverberation Time and the RASTI, the low values were 0.74 seconds/0.7 in the center and 

front of the ceiling, respectively, and the D50 was the lowest at 0.72 in the center. However, since the 

deviation is small, it is okay to see it within the error range. Next, the standard deviation was obtained 

for accurate comparison, as shown in Table 5. 

 

Table 5 – Standard deviation between front and center of ceiling after fixing back wall of sound absorbing 

material 

Acoustic factor 
Standard Deviation 

Back Wall + Front of the Ceiling Back Wall + Middle of the Ceiling 

RT 0.017 0.009 

D50 0.039 0.041 

RASTI 0.024 0.019 

As a result of comparing the standard deviation, it was analyzed that the center installation was 

smaller in reverberation time and voice transmission index than in the front of the ceiling. It is 

important that the teacher's voice is delivered well to the  student. Therefore, it was analyzed that the 

best sound absorption material location was installed in the center of the ceiling, which is an area with 

a small standard deviation, because the difference between the voice clarity and RASTI was not large.  

4. CONCLUSIONS 

This study attempted to present a guideline for the appropriate location of sound absorption 

materials in the classroom for elementary school students who do not fully develop voice recognition 

performance. The experiment was conducted by installing a sound absorption material in the 

classroom at ‘K’ Elementary School located in Cheongju-si, Chungcheongbuk-do, Korea. The results 

   



obtained from this experiment are as follows. 

1) It is most effective to install sound absorption materials in the center of the ceiling in the lower 

grade classroom of elementary school. 

2) In order to satisfy proper acoustic performance, it is appropriate to install the sound absorption 

material on the rear wall and then install it in the order of the center of the ceiling, the front, 

and the rear. 

3) The Reverberation Time obtained from each ceiling where the sound absorption material was 

installed did not satisfy all of the minimum reference of 0.6 seconds.  

In future research projects, it is important to increase the sound absorption in the classroom and 

reproduce a similar classroom environment in order to satisfy the minimum reverberation time in the 

lower grades of elementary school. Accordingly, it is desirable to use a sample with a better sound 

absorption rate than the sound absorption material used in this experiment, and the limitation of the 

results of this experiment is that the sound absorption area is limited to a maximum of 21  m2. In 

addition, if students are recruited, placed in the classroom, and then experiments are conducted, better 

experimental results can be expected due to sound absorption by humans. If these problems are 

supplemented and carried out in future research projects, it is believed that more satisfactory results 

will be produced. 
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ABSTRACT 

The present study aims to investigate the acoustic performance of the creative convergence classrooms in 

Korea which have been introduced for young elementary school pupils under 9 years old. The final goal of 

the present study is to give acoustic standards of classrooms for these young pupils who have not normal 

auditory ability. In order to do this, acoustic performances of the creative convergence classrooms were 

measured. The measured acoustic parameters were background noise levels, RT, D50, STI, and IACC. Also, 

acoustic parameters including transmission loss, standardized sound level difference, and signal-to-noise 

ratio have been measured for the analysis of sound insulation performance of walls. In addition, flanking 

noises were measured with various window and door opening conditions. As a result, it was found that 

background noise levels are satisfactory with the standard of 35dB(A). Generally, there are not many 

differences in acoustic parameters among the various desk layouts but, better acoustic performances are 

acquired at the center line and the seats near the sound source. Also, Higher IACC was measured at the seats 

on the center line facing the source squarely. Regarding flanking noises, the standards were exceeded when 

all windows, or windows and doors front onto the corridor were opened. 

 

Keywords: Elementary school, Creative convergence classrooms, Acoustic measurements, Sound insulation 

performance, Background noise level, SNR, RT, Flanking noise 

1. INTRODUCTION 

Recently, the lower grade classrooms in Korean elementary schools have changed from general 

classrooms to creative convergence classrooms considering the curriculum changes and the student’s 

development stage. The creative convergence classroom is a space for autonomous activities such as 

creativity, play, and learning from the existing standardized educational space where only general 

learning occurs. These creative convergence classrooms have various plane shapes by dividing spaces. 

In the classroom, education is conducted through the teacher’s voice, so a clear environment is 

required to communicate well. In addition, the classroom is suitable for listening and understanding 

the voice when it is a quiet environment with low noise. To this end, the United States and the United 

Kingdom have set acoustic standards such as background noise, reverberation time, and sound 

insulation performance of walls by the use and size of the classroom [1, 2], but in Korea, the standards 

for classroom acoustic performance are not set. 

Accordingly, research was conducted to establish the standard of classroom acoustic performance 

in Korea. A study was conducted on the appropriate background noise and reverberation time in 

Korean middle and high school classrooms [3]. In addition, recently, a study was conducted on the 

appropriate reverberation time of general classrooms in lower-grade elementary schools in Korea was 

conducted [4]. However, the studies so far are on the general classroom in Korea, and there is no 

research on creative convergence classrooms that are increasing these days.  Therefore, studying the 

acoustic performance standards of the creative convergence classroom is necessary. 

This study conducted an initial study on the establishment of acoustic standards for creative 

convergence classrooms in the lower-grade elementary school by measuring the physical acoustic 
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performance of the classroom, the sound insulation performance of walls, and the flanking noise.  

2. RESEARCH METHOD 

2.1 Experimental Subjects 

Three schools with creative convergence classrooms were selected as the subjects of measurement 

among elementary schools located in Chungcheongbuk-do, Korea. The construction year of schools 

and the architectural dimension of the classroom are shown in Table 1. 

 

Table 1 – Construction year of schools and architectural dimensions of classrooms 

 

S and J elementary schools were constructed by standard designs document in 1942 and 1987, and 

were remodeled as a creative convergence classroom in 2018 through “Chungcheongbuk-do 

Happiness Sensibility NEW SPACE Project.” In addition, G elementary school was constructed in 

2004, and was remodeled as a creative convergence classroom in 2019 through “Chungcheongnam-

do School Space Innovation Project.” All three lower-grade creative convergence classrooms are 

located on the first floor of each school building, and the classrooms consist of play spaces, rest spaces, 

and learning spaces. The pictures of the creative convergence classroom are shown in Figure 1.  

   

   
(a) S school (b) G school (c) J school 

Figure 1 – Pictures of the creative convergence classroom 

2.2 Measurement and Evaluation Method 

2.2.1 Room Acoustic Performance in Classrooms 
Background noise level, reverberation time(RT), signal-to-noise(SNR), Definition(D50), and 

speech transmission index(RASTI) were measured to determine the acoustic performance of the 

classrooms. In addition, the interaural cross-correlation(IACC) was measured according to various 

desk layouts in the classroom. The desk layouts were set as a line type where all desks face the teacher, 

a group type where students face each other with the teacher on the side, and a mixed type with a 

combination of line and group types. 

To avoid the influence of external noises during measurement, all doors and windows were closed 

and the measurement was performed based on KS F 2864[5].  To minimize the influence of variables 

such as clothes and indoor noise, the classrooms were unoccupied during measurement. A directional 

speaker was used as a sound source, matching the directivity pattern of the teacher who speaks to 

students during class. The sound source was positioned in the center of the podium in front of the 

blackboard considering the teacher's location and at a height of 1.5m from the floor considering the 

average mouth height of the adult. The sound source output level was set at 72dB(A) which is similar 

to the “loud” voice of teachers in lower-grade elementary school classrooms considering the hearing 

Classifi

cation 

Constr

uction 

Year 

Remod

eling 

year 

Architectural Dimension of the classroom 
Grade of 

Classroom 
Length 

(L) 

Width 

(W)  

Height 

(H) 

Floor 

Area(F) 

Volume 

(V) 

Ratio 

(L:W) 

S 1942 2018 7.5 m 7.0 m 2.6 m 67.5 m2 182.3 m3 1:0.93 Grade 2 

G 2004 2019 12.1 m 8.1 m 2.6 m 98.0 m2 253.8 m3 1:0.67 Grade 1 

J 1987 2018 9.0 m 7.2 m 3.1 m 64.8 m2 233.3 m3 1:0.8 Grade 1 



 

 

and concentration abilities of children under the age of 9[6]. Sound receivers(microphones) were 

located at a height of 1m from the floor to correspond with the ears position of lower-grade elementary 

school students sitting on chairs. In addition, a total of 8 to 11 receiving points were set to be evenly 

distributed in the classroom. The location of the sound source and sound-receiving points are 

presented in Figure 2, and the measurement equipment composition is shown in Figure 3. 

 

   
(a) S school (b) G school (c) J school 

Figure 2 – Sound source and receiving points positions 

 

 
Figure 3 – Setup of acoustic parameter measurement devices 

2.2.2 Sound Insulation Performance of Walls and Flanking Noise 
The sound insulation performance of walls between classrooms was measured based on KS F 

2809[7]. The sound source was output at 90dB using an Omni-directional speaker and was located at 

the center of the sound source room 1.5m high from the floor.  One sound receiving point was located 

in the source room and seven sound receiving points were located in receiving room, and the 

SPL(sound pressure level) was measured using a microphone at each point.  TL(Transmission loss) 

and DnT(Standardized sound level difference) were calculated based on the sound pressure level 

difference between the sound source room and the sound receiving room. Then, each single number 

value, STC(Sound Transmission Class) and DnT,w(weighted standardized sound level difference) were 

calculated[8]. The calculated results were compared with the standards for the wall sound insulation 

performance between classrooms set in the US and the UK. 

In addition, the Flanking noise was measured to investigate the influence of noise indirectly 

transmitted through the side of the classroom. The sound source was ins talled height of 1.5m at the 

podium position of the source room and outputted to 72dB through the directional speaker. Seven 

sound receiving points were located in receiving room and one sound receiving point was located in 

the corridor, and the SPL was measured using a microphone at each point.  Measurement was 

performed by dividing the path of flanking noise into four cases. 

(a) All doors and windows closed (ALL closed) 

(b) Only corridor side doors and windows opened (Corridor side opened) 

(c) Only outdoor side windows opened (Outdoor side opened) 

(d) All doors and windows opened (All opened) 

Figure 4 shows the sound source and sound receiving points set when measuring sound insulation 

performance and flanking noise. 



 

 

   

 

  
(a) C school (b) J school 

 Figure 4 – Measurement positions of sound source and receivers 

3. RESEARCH RESULT 

3.1 Room Acoustic Performance in Classrooms 

3.1.1 Background Noise and Reverberation Time 
The background noise level of the creative convergence classrooms is 28.0dB(A) to 32.8 dB(A) on 

average. All three elementary school classrooms did not exceed the US and UK standards of 35 dB(A). 

However, it has a relatively high background noise level of 36.8 dB(A) near the window area of the 

G school. It is considered that this was influenced by traffic noise on the road near the window of G 

school. 

As a result of measuring the reverberation time, the RTmid(average of 500Hz, 1kHz) was 0.32 to 

0.45 seconds. All three elementary school classrooms did not exceed the US, UK, and Korean 

elementary school reverberation time standards of 0.6s.  The ceiling of the creative convergence 

classroom was finished with sound-absorbing boards efficient for high-frequency sound, and the play 

space in the classroom is composed of finishing materials with high sound absorption performance. 

Accordingly, it is considered that the reverberation time was relatively shortened due to the increase 

in indoor sound absorption performance. In addition, the area of learning space is relatively small due 

to the space division in the creative convergence classroom, so a short reverberation time may appear.  

Among the three classrooms measured, the S school classroom with the smallest volume has the 

shortest reverberation time. Figure 5 shows the background noise level and reverberation time by the 

school. 

Figure 5 – Background noise level and reverberation time in the classrooms by school 

3.1.2 D50(Definition) and RASTI(Speech Transmission Index) 

D50 refers to the ratio of direct sound energy to total sound energy up to 50 ms after direct sound 

reaches a point. The space where speech transmission is mainly performed requires a D 50 value of 

50~60%[9]. As a result of measuring D50, all three school classrooms showed high values of more 

than 75%. These results were influenced by reverberation time. Usually, D50 increases when the 

  

(a) Background noise (b) Reverberation time 



 

 

reverberation time is shortened, and D50 decreases when the reverberation time is lengthened. Among 

the three classrooms measured, the S school classroom, which had the shortest reverberation time, 

showed the highest D50 value of 90% or more. 

STI is used as an indicator of understanding of speech transmission such as lectures. The values of 

the STI range from 0 to 1, indicating the degree of speech transmission in the room is “Fair” at 

0.45~0.60, “Good” at 0.60~0.75, and “Excellent” at 0.75 or higher[10].  As a result of measurement, 

the STI values in all three classrooms were 0.75 or more. In particular, the S school classroom was a 

space with the highest intelligibility with an STI value of 0.85.  Figure 6 shows the D50 and RASTI 

values by the school. 

Figure 6 – D50 and RASTI in the classrooms by school 

3.1.3 IACC (Interaural Cross-Correlation) 
The IACC represents the similarity of the sound reaching the listener’s two ears.  The IACC value 

is closer to 1 as the sound reaching the two ears is the same, and closer to 0 as the sound is different. 

Since intelligibility is more important than diffusion in the classroom, so the smaller the IACC value, 

the less intelligibility it is considered. Figure 7 shows the IACC measurement values by desk layout 

in the drawing, and Figure 8 shows the average IACC values by desk layout.  

When the sound source and the sound receiving point were in a straight line, the difference between 

the two ears was small. On the other hand, the more the sound receiving points are away from the 

straight line, the more the difference between the two ears occurred.  It is because the sound level 

difference occurred between the two ears due to the sound absorption performance of sidewalls and 

furniture in the corridor and window area. Also, the direct sound is transmitted to two ears at the sound 

receiving point facing the sound source squarely. On the other hand, at the sound receiving point that 

does not face squarely the sound source, the direct sound is transmitted only to the ear of the sound 

source direction. Therefore, the sound receiving point that does not face squarely the sound source 

generates an inter-aural level difference. In other words, the IACC of students in the classroom is 

affected by the direction and location of the desk.  

   

   

(a) G school - Line type (b) G school - Group type (c) G school - Mixed type 

  
(a) D50 (b) RASTI 



 

 

   

(d) J school - Line type (e) J school - Group type (f) J school - Mixed type 

Figure 7 – IACC measurement values by desk layout 

   

 

Figure 8 – Average of IACC in each desk layout 

3.2 Sound Insulation Performance of Walls and Flanking Noise 

3.2.1 Sound Insulation Performance of Walls between Classrooms 
Figure 9 shows the results of measuring the wall sound insulation performance between classrooms 

of each school. In the graph, gray shading represents the range that meets the wall sound insulation 

performance standards of the US and UK. The STC values of the S and J-1 classrooms exceeded the 

US standards of STC 50. However, the STC value of the J-2 classroom was 44.1, which did not exceed 

the US standard. J-1 and J-2 classrooms are in the same school, but the STC values were different. 

The sound insulation performance of the J-2 classroom was relatively low because the sound source 

room and the J-2 classroom were divided into thin walls and there were doors connected to each other.  

As a result of calculating the DnT,w, all three classrooms met the UK standard of 45 dB.  

 
 : Exceed area of the airborne sound insulation criteria for the wall between classrooms in USA (STC 50)  

 : Exceed area of the airborne sound insulation criteria for the wall between classrooms in UK (DnT,w 45) 

  

(a) TL and STC (b) DnT and DnT,w 

Figure 9 – Sound insulation performances of the wall between classrooms. 



 

 

3.2.2 Flanking Noise 
Figure 10 shows the sound pressure levels measured at the eight sound receiving points installed 

in the classroom and corridor of each school. All results, except when all doors and windows in the 

classroom are closed, exceed the US and UK background noise standards of 35dB.  In particular, a 

higher sound pressure level was measured when the corridor side window and door were opened than 

when the outdoor side window was opened. Also, the difference was small between the measurement 

value when all doors and windows were opened and the measurement value when only the corridor 

side window was opened. In other words, it means that the noise of the adjacent classroom during 

class generally enters the classroom through the corridor area windows. 

 

Figure 10 – Comparison of the flanking noise which is measured at receiving points 

4. CONCLUSIONS 

In this study, an investigation was conducted on the physical acoustic performance, the sound 

insulation performance of the walls, and the Flanking noise in the Korean creative convergence 

classroom using field measurements. The conclusions can be summarized as follows: 

1) The Background noise level of the creative convergence classrooms satisfies the US and UK 

standards of 35dB. However, classrooms close to roads have relatively high background noise, 

so it should be considered when setting background noise guidelines for the classroom. 

2) The reverberation time of the creative convergence classrooms did not exceed 0.6s, which is 

the standard for elementary school classrooms in the US, UK, and Korea.  The measured values 

of D50 and RASTI were within the range suitable for speech transmission.  

3) It has a higher IACC when looking squarely at the sound source in the center line of the 

classroom. The direction and location of desks in the classroom affect the level difference 

between the two ears of students. 

4) As a result of measuring the sound insulation performance of the walls between classrooms, 

all three school classrooms satisfied the UK standard(DnT,w 45dB), but one classroom did not 

meet the US standard(STC 50). 

5) As a result of measuring the Flanking noise, a higher noise level was measured when the 

corridor side window and door were opened than when the outdoor side window was opened.  

The opening of the corridor side window and door during class can be more affected by noise.    

This study is an initial study for setting the acoustic performance standards for creative 

convergence classrooms. However, since this study was conducted in only three schools, it is difficult 

to say that the experimental results represent the state of acoustic performance in Korean elementary 

school creative convergence classrooms. Therefore, additional research should be conducted on a 

large number of creative convergence classrooms, and it can be used as basic data for setting acoustic 

performance standards for Korean creative convergence classrooms in the future.  
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ABSTRACT 

An air-conditioning ventilation system is an essential component of buildings to maintain a good indoor 

environmental quality. A design of a ventilation system should minimize the negative noise impacts on 

occupants. However, researchers found that multi-dimensional psychological impacts could be created by 

but only the sound level but also the spectral and temporal content of the environmental noise. Therefore, a 

multi-dimensional approach will be applied in this study. The objective characteristics of the noise will be 

assessed by a list of acoustic and psychoacoustic metrics. The subjective psychological impact of the noise 

will be assessed by a psychometric tool, called psychoacoustics perception scale (PPS). Moreover, a letter 

cancellation task (LCT) will also be applied to test the noise effects on the degree of the occupants’ attention. 

The statistical analysis result showed that the psychological impacts of the noise on human sensitivity to the 

magnitude was affected by the distance from the outlet of the ventilation system. The psychological impacts 

of the noise on human sensation of the temporal and spectral compositions were affected by the change of 

ventilation mode. Moreover, the psychological impact of the noise on occupants was also found to be 

significantly correlated to occupants’ score of attention. 

 

Keywords: Air-conditioning building environment, Psychoacoustics Perception Scale, Attention 

1. INTRODUCTION 

It is well accepted that a good air-conditioning ventilation system design is a key to achieve good 

indoor air quality and thermal comfort. However, the flow-generated noise (1-3) is usually 

accompanied by the operation of air-conditioning ventilation systems. Therefore, how to balance the 

pros and cons created by the air-conditioning ventilation systems is always the focus of the sustainable 

noise control designs (4, 5). In the traditional acoustic approaches, acoustic metrics such as A-

weighted equivalent continuous sound pressure level (LAeq), Noise Criteria (NC), and Noise Rating 

(NR) (6, 7) are applied to measure the objective characteristics of the indoor environment. However, 

researchers (8, 9) found that those traditional acoustic metrics mainly evaluated the effects of the 

magnitude of sounds, but they are not sufficient to evaluate the negative psychological effects of the 

temporal and spectral content of sounds on occupants. Psychoacoustics is a branch of psychophysics 

to investigate the associations between the objective characteristics of the environment and the 

subjective psychological impacts on occupants (10, 11). Hence, a series of the psychoacoustic metrics 

such as Total Loudness N and Sharpness S are designed to estimate the actual human sensations of 

sounds. Those matrices are proposed by Eberhard Zwicker in 1961 (12) based on the Psychoacoustic 

scale (Bark scale). Researchers also found that the acoustic comfort of occupants can be more 

accurately evaluated by the psychometric metric N rather than that of the acoustic metrics NC and NR 

(13). Moreover, the health impacts due to the spectral content of sounds (8, 9) on occupants were also 

found to be possibly evaluated by the measurement of the psychoacoustic metric S (11). 
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The awareness of how to quantify the multi-dimensional psychological impacts of the environment 

on occupants has increased in the past few decades (14). Although different researchers had created 

their own measurement tools, the difference between the tools make the results of different studies 

not comparable (15, 16). Recently, the systematic review of the human perceptual dimensions of 

sounds (17) provided a solution to this problem. The results of the systematic review showed that the 

three fundamental human perceptions of sounds are found to be human general judgment of sounds 

(Evaluation, E), sensitivity to the magnitude of sounds (Potency, P), and sensation of the temporal 

and spectral compositions of sounds (Activity, A). Later, a psychometric tool, called Psychoacoustics 

Perception Scale (PPS), was designed to quantify the three fundamental human perceptions of sounds. 

The PPS was tested to be a valid, reliable, and applicable psychometric tool in assessing the indoor 

acoustic environment (18). Furthermore, other negative psychological impacts (19, 20) such as the 

drop of occupants’ attention and working productivity were found to be associated with the 

environmental noise  

Therefore, this study aimed to investigate the multi-dimensional psychological impacts of the noise 

in an air-conditioning building environment on occupants. The objective characteristics of the noise 

in air-conditioning building environment were evaluated by the measurement of the acoustic and 

psychoacoustic metrics. The PPS together with the letter cancellation task (LCT) were applied to 

assess the multi-dimensional psychological impacts of the noise on occupants. The results of the study 

will provide the knowledge of a good air-conditioning ventilation system design in the future.  

2. METHODS 

2.1 Jury listening tests 

Jury listening test is a method for subjective assessments of the subjects’ responses to the recorded 

soundtracks. The recorded soundtracks in this study included the air-conditioning noise at different 

distance (0.5m, 1.0m, and 1.5m) from the outlet of the ventilation system and at different operation 

mode (cooling mode and ventilation mode). The jury listening tests of the study was performed by the 

playback of the soundtracks of air-conditioned noise in the acoustics laboratory of The Hong Kong 

Polytechnic University, the largest anechoic chamber in South-East Asia. The omni-directional source 

LS02, an amplified dodecahedron loudspeaker was placed 1m away from participants to play the 

recorded soundtracks.  

2.1.1 Measurement of objective characteristics  
The objective characteristics of the air-conditioned noise were measured by an advanced handheld 

analyser (Type 2270; Bruel & Kjaer, Naerum, Denmark). The LAeq, NC, and NR of the air-conditioned 

noise were measured by the sound level meter software in the analyser. The frequency analysis 

software and data logging function allow the analyser to record the required sound spectrum for 

computing the psychoacoustic metric N, according to the standard ISO 532B (21). Another 

psychoacoustic metric, Sharpness S, can also be computed from the logged sound spectrum (10) during 

the calculation of N. The sharpness of a 1-kHz pure tone sound at 60 dB is defined to be 1 acum. 

Moreover, the loudness of 1-kHz pure tone sound at 40 dB is defined to be 1 sone. 

2.1.2 Psychoacoustics perception scale (PPS) 
The multi-dimensional psychological impacts were measured by the PPS. The 1-minute 

soundtracks were played during the jury listening test. The participants were asked to rate their 

response on the 9 psychological impacts proposed in the PPS (E dimension: E1: Quiet-Noisy, E2: 

Relaxed-Tense, and E3: Pleasant-Unpleasant, P dimension: P1: Quiet-Loud, P2: Light-Heavy, and 

P3: Weak-Strong; A dimension: A1: Deep-Metallic, A2: Low-High, and A3: Dull-Sharp). Semantic 

differential scale (22) that is formed by a bipolar semantic pair in opposite meaning were applied in 

the PPS. For example, there were 7 levels between the semantic pair “Quiet-Noisy”. The perceptual 

response from “Extremely Quiet”, “Quite Quiet”, “Slightly Quiet”, “Equally”, “Slightly Noisy”, 

“Quite Noisy”, and “Extremely Noisy” was rated from -3 to +3. Higher score in the PPS means worse 

perception to the noise.  

2.1.3 Letter cancellation task (LCT) 
Letter cancellation task (LCT) is a paper and pencil test widely used to have a quick measure of 

participants’ attention. A table of letters formed by 23 random letters per row and 10 columns was 
provided to the participants in each jury listening test of a 1-minute soundtrack. The participants were 

required to cancel out all (a total of 40) “A” letters in the table of letter. The score of attention was 



 

 

the percentage of the correct cancellation of all “A” letters.  

2.2 Statistical analysis 

All the data in the statistical analysis was coded and analysed by the commercial package SPSS, 

version 23.0 (IBM Corp., Armonk, NY, USA). All the significant level in the tests was set to be 0.05. 

The Kruskal–Wallis tests and Mann-Whitney U tests were used to compare the differences between 

the values of acoustic and psychoacoustic metrics of the air-conditioned noise at the different distance 

from the outlet of the ventilation system. Moreover, the Spearman’s rank correlation tests were applied 

to test the correlations between the objective metrics and multi-dimensional psychological impacts or 

the score of attention. The Mann-Whitney U tests were also applied to compare the differences 

between multi-dimensional psychological impacts at different operations mode and the range of the 

score of attention.  

3. Results 

A total of 60 jury listening tests were conducted. A half of the air-conditioned noise was recorded 

from the cooling mode and another half was recorded from the ventilation mode. One-third of the 

soundtracks were recorded 0.5m, 1.0m, and 1.5m from the outlet of the ventilation system, 

respectively.  

3.1 Physical characteristics of the noise 

In general, the medians all acoustic and psychoacoustic metrics were found to be significantly 

lower when the distance from the outlet of the ventilation system was increased (see Figure 1). For 

the results of LAeq and NR, significant drops of the noise level were found between all the groups 

(0.5m vs 1.0m, 1.0m vs 1.5m, and 0.5m vs 1.5m) of the data. For the results of NC, N, and S, significant 

drop of the level was only found between the 0.5m and 1.5m groups.  

 

 

Figure 1 – The multiple boxplots of the objective characteristics of the air-conditioned noise (a) A-weighted 

equivalent sound pressure level; (b) Noise Criteria; (c) Noise Rating; (d) Total loudness in sone unit; (f) 

Sharpness at different distance from the outlet of the ventilation system (0.5m, 1.0m, and 1.5m). *** p < 

0.001 in the Kruskal–Wallis tests of the variables at the different distance 

3.2 Multi-dimensional psychological impacts 

60% of the participants were male while 40 % were female. In general, the means of the rating to 
the negative psychological impacts in P dimension and the impact on E1: Quiet-Noisy perception were 

found to be lower for the air-conditioned noise at a farer distance from the outlet of the ventilation 



 

 

system (see Table 1). The most significant change of the perception was found for the impact on P1: 

Quiet-Loud perception during the change of the distance from the outlet of the ventilation system.  

Table 1 – Psychological impacts of noise in air-conditioning building environment at different distance 

from the outlet of the ventilation system (Mean ± standard derivation) 

Questions in the PPS 0.5m 1.0m 1.5m Remark 

E1: Quiet-Noisy 
2.15 ± 0.99 1.55 ± 1.15 1.05 ± 0.94 

** 

0.5m=1.0m>1.5m   

E2: Relaxed-Tense 1.70 ± 1.03 1.30 ± 1.42 0.95 ± 1.36 - 

E3: Pleasant-Unpleasant  2.30 ± 1.34 1.90 ± 1.41 1.55 ± 1.15 - 

P1: Quiet-Loud 2.20 ± 1.06 0.85 ± 1.39 0.70 ± 1.26 
*** 

0.5m>1.0m>1.5m   

P2: Light-Heavy  1.95 ± 1.00 1.25 ± 1.16 0.65 ± 0.93 
** 

0.5m=1.0m>1.5m   

P3: Weak-Strong  1.90 ± 1.37 1.05 ± 1.28 0.45 ± 0.89 
** 

0.5m=1.0m>1.5m  

A1: Deep-Metallic 0.40 ± 1.54 0.05 ± 1.10 0.30 ± 0.98 - 

A2: Low-High  0.10 ± 1.21 -0.05 ± 0.69 0.10 ± 0.79 - 

A3: Dull-Sharp 0.35 ± 1.73 0.15 ± 1.04 0.30 ± 1.08 - 

Score of attention 71.2 ± 11.4 76.6 ± 14.7 76.5 ± 14.7 - 

Note. PPS = Psychoacoustics perception scale. ** p < 0.01 or *** p < 0.001 in the Kruskal–Wallis tests of the 

variables at the different distance. 

 

3.3 Association between variables 

In the analysis of the psychological impacts in E dimension, the negative impact on E1: Quiet-
Noisy perception was found to be significantly correlated with all the physical and psychoacoustic 

metrics (ps < 0.05, see Table 2). Moreover, the result of the impact on E2: Relaxed-Tense was found 

to significantly correlated with the psychoacoustic metric S which related to the spectral content of 

the air-conditioned noise. In the analysis of the psychological impacts in P dimension, most of the 

related negative impacts were found to be significantly correlated to the physical and psychoacoustic 

metrics about noise magnitude (ps < 0.05). However, there was no found significant association 

between psychological impacts in A dimension and the objective metrics.  

Table 2 – Spearman’s rank correlation coefficients between the physical metrics and the psychological 

impacts assessed by the Psychoacoustic perception scale (PPS) 

Questions in the PPS LAeq [dBA] NC  NR N [sone] S [acum] 

E1: Quiet-Noisy 0.37** 0.29* 0.40*** 0.39** 0.40*** 

E2: Relaxed-Tense 0.21 0.12 0.25 0.25 0.34** 

E3: Pleasant-Unpleasant  0.11 0.04 0.13 0.14 0.16 

P1: Quiet-Loud 0.40** 0.33* 0.38** 0.40** 0.17 

P2: Light-Heavy  0.26* 0.19 0.25 0.26* 0.10 

P3: Weak-Strong  0.38** 0.33** 0.37** 0.36** 0.14 

A1: Deep-Metallic -0.04 -0.06 0.01 0.003 0.19 



 

 

A2: Low-High  -0.03 -0.02 0.01 0.002 0.05 

A3: Dull-Sharp -0.19 -0.21 -0.17 -0.17 -0.01 

Score of attention .011 -0.02 -0.04 -0.03 -0.15 

Note. *p < 0.05, **p < 0.01 or, *** p < 0.001 in Spearman's rank correlation test. LAeq = A-weighted equivalent 

sound pressure level; NC = noise criteria; NR = noise rating; N = total loudness; S = sharpness. 

 

In the comparison of the psychological impacts on occupants at different operation modes, the 

significant worse impacts on E1: Quiet-Noisy, E2: Relaxed-Tense, and A1: Deep-Metallic feeling were 

found for the ventilation mode compared to that of cooling mode (ps < 0.05, see Table 3). However, 

there was no significant change for the psychological impacts in P dimension if there was a change 

of operation mode. For the participant having a score of attention less than 75, they are significantly 

lower sensation to the sharpness of the noise (ps < 0.05, see Table 3). 

Table 3 – The p value of Mann-Whitney U tests results of the psychological impacts at different operation 

mode (cooling mode and ventilation mode) and the range of the score of attention (≥75 and <75) 

Questions in PPS 
Operation Mode  

(Cooling vs Ventilation) 

Score of attention 

(≥75 vs <75) 

Remark 

E1: Quiet-Noisy 0.025* 0.618 Ventilation > Cooling  

E2: Relaxed-Tense 0.024* 0.501 Ventilation > Cooling  

E3: Pleasant-Unpleasant  0.501 0.759 - 

P1: Quiet-Loud 0.816 0.158 - 

P2: Light-Heavy  0.712 0.507 - 

P3: Weak-Strong  0.754 0.052 - 

A1: Deep-Metallic 0.037* 0.070 Ventilation > Cooling  

A2: Low-High  0.210 1.102 - 

A3: Dull-Sharp 0.657 0.027* Sharp ↑ Score of attention↑ 

Note. *p < 0.05 in the Mann-Whitney U tests.  

4. Discussions 

The air-conditioned noise generated from two types of the operation modes (cooling and fan 

modes) at the different distance from the outlet of the ventilation system (0.5m, 1.0m, and 1.5m) was 

recorded and investigated in this study. The objective characteristics of the noise were assessed by a 

list of acoustic metrics (LAeq, NC, and NR) and psychoacoustic metrics (N and S). The results of 

Kruskal–Wallis tests of the objective characteristics at the different distance from the outlet of the 

ventilation system showed that both energy and spectral content of the air-conditioned noise could be 

affected by the change of the positions of the occupants at the indoor environment. In general, 

significantly higher noise level (LAeq, NC, NR, N, ps <0.05) and the sound energy skewness towards 

high frequency components (S, ps <0.001) were found for the air-conditioned noise if the occupant is 

at a short distance e.g., 0.5m from the outlet of the ventilation system. The psychological impacts of 

the change of acoustic properties were further assessed by using the PPS. As the higher the scores of 

the questions in the E, P, A dimensions means worse general judgement, higher sensitivity to the noise 

magnitude, and the greater sensation to high frequencies of sounds, respectively. The measurement 

results of the PPS further quantified the perceptual impacts (E1, and P1-P3) on the occupants due to 

the change of the distance from the outlet of the ventilation system  

The ability of the PPS in capturing the hypothetical perceptual dimensions (E, P, and A) was further 

verified by the spearman’s rank correlation test results. It was evident that the questions about P 

dimension (P1-P3) can quantify the increments of the noise magnitude in terms of LAeq, NC, NR, and 



 

 

N (ps < 0.05). The questions about E (E1) can quantify the general sound quality of the air-

conditioning building environment with the change in both energy and spectral contents (LAeq, NC, 

NR, N, and S, ps < 0.05). Since only air-conditioned noise was included in this study, the participants 

may not be able to differentiate the change of temporal and spectral content among the recorded 

sounds.  

Although the occupants had no significant change of the perceptions to the noise magnitude in P 
dimension, they still had the significant change of the perceptions to the E1: Quiet-Noisy, E2: Relaxed-

Tense, and A1: Deep-Metallic between the noise from the two different operation modes. It was meant 

that the PPS successfully help to record the negative psychological impacts the dimensions other than 

noise magnitude. It will be a more advance approach compared to the traditional approach that only 

focused on occupants’ loudness perception to noise. Also, the change of occupants’ attention was 

found to associated with their sensation to spectral contents of noise instead of the magnitude of noise. 

A good sound quality is more than mere quietness. A successful sustainable noise control requires 

more knowledge on the multi-dimensional psychological impacts from the noise on occupants. The 

different applications of the PPS can provide reliable points of comparison between different acoustic 

or psychoacoustic studies in sustainable noise control designs. 

5. CONCLUSIONS 

The change of the distance between the occupants and the outlet of the ventilation system will 

significantly change the objective characteristics of the air-conditioned noise in terms of acoustic and 

psychometric metrics. Louder and sharper air-conditioned noise was found when the occupants 

shorten their distance between the outlet of the ventilation system (ps < 0.05 in the Kruskal–Wallis 

tests). The PPS successfully captured the muti-dimension psychological impacts of the air-conditioned 

noise in the three fundamental perceptual dimesons of sounds. The participants’ sensitivity to the 

magnitude of sounds (P1-P3) was significantly correlated to the increments of the noise magnitude in 

terms of LAeq, NC, NR, and N (ps < 0.05). The participants’ general judgment of sounds (E1) was 

significantly correlated to not only the noise magnitude but also the spectral content of sounds in 

terms of the psychoacoustic metric S (ps < 0.01). In addition, the change of the distance from the 

outlet of the ventilation system will mainly affect the psychological impacts of the noise on human 

sensitivity to the magnitude (P1-P3), while the change of operation mode will affect the psychological 

impacts of the noise on human general judgement and their sensation of the temporal and spectral 

compositions (E1, E2, and A1). Moreover, the psychological impact of the noise on A3: Dull-Sharp 

perception was also found to be significantly correlated to occupants’ score of attention.  These 

findings provided the knowledge on creating a healthy and pleasant air-conditioning building 

environment by mitigating the multi-dimensional negative psychological impacts on occupants in a 

proper manner. 
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ABSTRACT 

Many people spend many hours performing complex tasks in the type of room that we call ordinary public 

rooms. These are rooms such as classrooms and offices. The performance of complex tasks demands a proper 

acoustic environment. It is known that acoustics affect concentration as well as the performance of tasks. The 

speaking and listening conditions are of course also important aspects when considering these rooms. The 

choice of acoustic treatment is important for the creation of a good acoustic environment, giving people the 

possibility to perform tasks and hear properly, without extra effort. The material choices must be based on 

requirements relating to relevant acoustic parameters. Relevant parameters are those that represent well 

people’s experience of sound. It has been seen how some room acoustic parameters respond better than others 

to the subjective experience and performance of tasks and, further, how different treatments create more 

uniform sound experiences. The fact that many people are affected daily by room acoustics stresses the 

importance of proper room acoustic design. In this paper we discuss different needs and aspects of the 

acoustic design of ordinary public rooms, involving both subjective and objective perspectives, in order to 

create satisfactory room acoustics for people. 

 

Keywords: Perception, Speech clarity, Reverberation time 

 

1. Ordinary Public Rooms 

 In acoustics we often separate between the room types: performance spaces, open plan and ordinary rooms. 

This is also the grouping of rooms in the standard ISO 3382-1/2/3 [1-3] in which room acoustic measurements 

are described.  

 In performance spaces, such as concert halls and theatres, the typical situation is that the sound in terms 

of speech, song or music is emitted from a specific area without demanding any dialogue with the listener. 

The emitted sound should be supported and be of good quality for everyone in the audience.  

 The open plan environment should inspire to interaction between people and, at the same time, allow 

people to concentrate.  

 In ordinary rooms, such as classrooms or conference rooms, different activities may take place. A teacher, 

student or colleague addresses the audience and, as with performance spaces, it is crucial that everyone in 

the room can hear well. The person speaking should have the required voice support. People should also be 

able to perform cognitive tasks, when what they hear has to be interpreted. Besides these aspects, an ordinary 

room such as a classroom should provide an environment for focus and concertation to allow people to 

accomplish complex tasks.  

 In this work, the word “public” has been added to the description of ordinary rooms, i.e. ordinary public 

rooms, to avoid confusion with residential rooms, such as living rooms. Taking the acoustic environment in 

that type of room into consideration is also of importance but is not in the scope of the work and discussion 

presented in this paper. 

 



 

 

 

Figure 1 To the left, visualization of a performance space where one person communicates to an audience. 

In the middle, an open plan space where people have to both interact and focus on cognitive tasks. To the 

right, a classroom where students are listening to a teacher, as well as performing cognitive tasks. 

 

2. Acoustic challenges in ordinary public rooms 

 In ordinary public rooms, people work and/or learn. This means they have to perform cognitive, complex 

tasks that require a chain of thought. This could be achieved through individual, focused work or by listening 

to a teacher or colleague presenting findings or giving instructions for interpretation. For all these tasks, the 

acoustic environment is crucial and the acoustic treatment used must support these different activities. 

 One aspect of the acoustics in these room is noise, i.e., unwanted sound. What is regarded as unwanted 

could differ depending on the situation and activity but could also depend on the people involved. However, 

what is common for noise is that it will disturb the concentration and have negative effects on learning [4, 5]. 

In addition to disturbing the concentration, noise also affects people’s behaviour [6], and it has been seen that 

intermittent noise is more disturbing than constant noise [7]. 

 Regarding the performance of cognitive tasks in a non-satisfactory sound environment, the results 

themselves may be affected. It has also been seen how scores can be correct in a non-satisfactory sound 

environment but with the drawback of a longer response time [8-10], which would mean that a task could be 

accomplished correctly in an unsatisfactory sound environment, but with more energy perhaps being needed. 

 Another aspect of the acoustic environment is listening conditions. If additional effort is needed for 

physical hearing, less energy remains for interpretation of the message [11]. Good listening conditions are 

thus a critical room acoustic aspect, allowing the correct focus of energy on the task that has to be performed. 

 Closely related to listening conditions are speaking conditions. The acoustic conditions should support 

the speaker so that the sound is of good quality for everyone. The sound environment affects how people use 

their voice. For teachers, for whom voice is a vital tool, a study in Sweden shows how this group are more 

often exposed to voice problems compared to the rest of the population [12]. In summary, the acoustics of a 

room should provide an environment that supports the performance of cognitive, complex task, supports 

speaking and provides good listening conditions, for everyone. 

 

 

 

Figure 2 Three important aspects challenging the acoustics in ordinary public rooms. 
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3. Acoustic design in ordinary public rooms 

 The different aspects of the challenges previously mentioned in relation to the acoustics in ordinary public 

rooms mean that we should create environments that reduce noise, support concentration and at the same 

time support the sounds that we want to communicate and that should be of good quality, for everyone.  

 Even though these different acoustic aspects should be considered, and research has shown that different 

characteristics of the acoustic will affect performance, only one room acoustic parameter is used in the 

international standard for ordinary rooms ISO 3382-2 [2]. The parameter used in this standard is reverberation 

time, T20.  

 Research investigating the relation between room acoustic parameters and cognitive or subjective aspects 

has shown better correlation to early reflections and the room acoustic parameter speech clarity, C50, than to 

reverberation time. In a study by Puglisi et al., reading speed could be related to C50 [13]. Furthermore, 

Bradley et al. showed how early reflections are important for listening conditions [14] 

 In a study where people were asked to judge their impression of sound quality when listening to 

information, a significantly higher correlation to C50 than to T20 was obtained [15], see Figure 3.  

  

 

 

 

 

Figure 3 Linear relation obtained from simple regression in red between perceived sound quality and the 

room acoustic parameter C50 giving R2 between 67-85% and T20, giving R2 between 30-35%, for the 

frequencies 1000 Hz, 2000 Hz and 4000 Hz [15, 16].  

 

 The early reflections seem thus to be important for cognitive tasks, for listening conditions and for 

people’s subjective impression of sound quality. 

  

 In order to design a room acoustically so that it is satisfactory for people, the parameters that best 

correspond to people’s experience must be used. Several aspects of the acoustics must be considered and, 

consequently, different acoustic parameters should be taken into account. Furthermore, these parameters 

should be controlled at several positions in the room in order to ensure satisfactory acoustic quality 

throughout the whole room. This means that the acoustic treatment must be chosen to achieve a balanced 

acoustic environment, for everyone in the room. 

 A good acoustic baseline in these types of rooms is an absorbent ceiling, which affects several room 

acoustic parameters in the room. However, additional treatment is needed to create a satisfactory sound 

environment. In the design phase for fine-tuning the acoustics the sound field for the specific room type must 

be considered. When an absorbent ceiling is used, a grazing field occurs during the decay, when the sound 

waves travel back and forth parallel to the ceiling. In this sound field, the grazing sound field, the decay will 

be longer compared to a diffuse sound field. It is thus important to use a model that accounts for the type of 

sound field occurring in the room; otherwise the results can be very misleading [17]. 
 

 



 

 

 
Figure 4 The left figure visualizes a steady state. In the right visualization, during decay, sound waves travel 

back and forth parallel to the ceiling, and this grazing field determines the decay. 

 

 Another aspect that must be considered for these rooms is furniture. The typical furniture used in these 

rooms may contribute to a degree of absorption but, due to scattering, may also significantly affect the room 

acoustics. Furniture can transfer energy from the grazing field to a non-grazing, making the sound field more 

diffuse.  

 In a study made in a classroom having an absorbent ceiling measuring approximately 52 m2, a decrease 

of 0.6 s in reverberation time was shown at the frequency 1000 Hz and an increase of 2.2 dB in speech clarity 

at the same frequency when furniture was added [17]. 

 With an absorbent ceiling, and furniture, either additional absorbing or reflecting material could be used 

to modify the acoustics. With absorbers, reverberation time and sound energy level in the room can decrease 

further, and speech clarity increase. However, a balance must be considered so that the sound energy reaches 

everyone in the audience.  

 The addition of diffusers can create more uniform acoustics in the room. Depending on placement, they 

can also be used for effective direction of sound and for voice support. For both types of treatment, the 

frequency range for which the treatment operates is also an aspect to be considered. 

 

4. Future actions to create satisfactory sound environments 

 Previous sections have stated a number of aspects to consider in the acoustic design of ordinary public 

rooms: the requirements, different room acoustic parameters, models to estimate the acoustics, and different 

types of acoustic treatment.  

 This means that in order to create a satisfactory sound environment, both subjective and objective aspects 

must be considered, and it is crucial that the relation between them is known. 

 A better understanding of which parameters should be used for these rooms is important, and the target 

values for such parameters must be defined. Such studies should include the different aspects of the acoustics 

that must be fulfilled in these type of rooms, i.e., noise, concentration for the performance of cognitive tasks, 

and speaking and listening conditions. That means that a package of room acoustic parameters that can 

provide a good overview of the acoustic characteristics of the room should be considered.  

 In the first section of this paper an overview of different room types was presented, one of them being 

performance spaces. In the standard ISO 3382-1, which concerns measurements in such environments, 

several room acoustic parameters are described. This should also be the case for ordinary public rooms.  

 With the needs known and described in room acoustic parameters, the acoustic design of the room can be 

created, with models adapted for the room type and its interiors. The type of treatment is important; the 

acoustics can be adjusted with treatment to reduce the sound energy or to conserve the sound energy. Not 

only type and amount of material are important; the placement is also important in order to direct the sound 

to preferred positions and create a uniform acoustic experience.  



 

 

 Many people spend many hours in ordinary public rooms and a satisfactory sound environment is crucial 

for their wellbeing and their performance of tasks. To create a satisfactory sound environment with 

sustainable solutions, a holistic approach must be considered where both objective and subjective aspects are 

used and related to each other. Aspects to be considered in the acoustic design of these rooms are summarized 

in the diagram below, Figure 5. 

 

 

Figure 5 Aspects to be considered in the acoustic design of ordinary public rooms. 
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ABSTRACT 

In this study, the acoustical measurements of three different masks, surgical, KF94, and N95 respirator were 
carried out and compared with the results obtained with no mask on a dummy head mouth simulator to 
understand the acoustical effects of the three masks on speech sounds. The speech intelligibility and perceived 
difficulty of understanding speech sounds tests were also measured using speech signals convolved with 
previously measured monaural impulse responses in 12 occupied university classrooms. This is the first 
subjective tests to investigate the acoustical effects of wearing masks on the speech intelligibility and the 
perceived difficulty of understanding speech sounds that reflect conditions in real classrooms in Korea. 
 
Keywords: Speech intelligibility tests, perceived difficulty, signal-to-noise ratios, masks, university 
classrooms  

1. INTRODUCTION 
Face masks are essential for preventing the spread of the viruses indoors as well as outdoors during 

the Covid-19 pandemic. However, it can be more difficult to understand speech sounds when the talker 
wears a mask, because the masks greatly reduce the high frequency sounds by 3-12 dB between 2 and 
8 kHz [1, 2] and also obstruct visual cues that are especially important for people with hearing loss. 
Visual cues can help a listener with normal hearing or hearing loss more accurately understand speech 
signals [3]. There are quite limited results reported on the effects of masks on the speech intelligibility 
and the perceived difficulty of understanding speech sounds or the listening effort required to perceive 
speech sounds [4-6]. The effects of masks on speech intelligibility in actual classroom situations are 
not fully understood and need further investigation on the ideal SNR conditions for achieving high 
speech intelligibility scores in a variety of classrooms. Therefore, the present work was intended to 
understand the effects of wearing masks on the speech intelligibility and the perceived difficulty of 
understanding speech sounds and to provide ideal SNR conditions for young adult listeners achieving 
high speech intelligibility scores in occupied university classrooms.  

The speech intelligibility and perceived difficulty of understanding speech sounds tests were 
performed using speech signals convolved with previously measured (before the pandemic) monaural 
impulse responses in 12 occupied university classrooms [7, 8]. The present findings did not include 
the effects of keeping a social distance of 1-2 m between students in classrooms. This will be further 
investigated and reported in future work. 

2. MEASUREMENTS 
The acoustical characteristics of a dummy head mouth simulator (Kemar 45BC, G.R.A.S) with the 

presence of three different types of masks, surgical, KF94, and N95 (3M 9210+), were measured. 
KF94 is the “Korea filter” standard similar to the N95 mask rating and it filters a nearly identical 
percentage of airborne particles up to 94%. Measurements were made at each position using 1/2" free-
field microphones (Type 46AF, G.R.A.S) and sound measurement software (Auditor, SINUS) at a 
height of 1.5 m in an approximately anechoic test room.  
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Speech and noise levels were measured using a sound level meter (Tango plus, Sinus) at one 
listener’s position in the test room. One sound level meter was placed at the listener’s position in the 
test room, at a height of 1.2 m above the floor. The sound level meter measured and stored sound 
levels in 1/3 octave bands for every 250 ms time interval over a 5-minute period for each speech test. 

The speech intelligibility and perceived difficulty of understanding speech sounds with and without 
an N95 mask on a talker (dummy head mouth simulator) were evaluated by young adult listeners aged 
between 21 and 36 years old using speech signals convolved with previously measured monaural 
impulse responses in 12 occupied university classrooms [7, 8]. The impulse responses measured at 
one receiver located in the second or third row of seats from front in each classroom were used for 
the subjective tests. The speech intelligibility scores were obtained using eight lists of 10 Korean 
standard-sentences for adults (KS-SL-A) included in the Korean Standard Speech Audiometric test 
methods (KS I ISO 8253-3:2009) [9]. After completing each speech intelligibility test, subjects also 
rated the perceived difficulty of understanding the speech sounds during the test on a scale from 0: 
Not difficult, to 100: Extremely difficult.  

3. EFFECTS OF MASKS ON SPEECH LEVELS 
The surgical mask, KF94 mask, and N95 respirator reduced the sound levels by approximately 6-

7 dB for frequencies between 100 Hz and 1.6 kHz, but the three masks dramatically decreased the 
sound levels by approximately 7-13 dB for frequencies between 2 kHz and 5 kHz. The surgical mask, 
and KF94 mask resulted in the reduction of high frequencies, with 6-12 dB of reduction for 
frequencies between 2 kHz and 5 kHz. The N95 respirator dramatically decreased sound levels by an 
additional 2-6 dB for high frequencies between 2 kHz and 5 kHz. The results indicate that all masks 
decrease the sound energy over the frequencies and the effects of different masks on speech sounds 
are different for frequencies greater than 2 kHz. 

4. SUBJECTIVE TEST RESULTS 
Nonlinear regression analyses were performed to each plot of the speech intelligibility (SI) scores 

versus measured A-weighted signal-to-noise ratios (SNR, 125-4k) values at the listener’s position in 
the test room for no mask and the N95 mask cases. The best-fit regression lines to the data clearly 
show that the young adult listeners could achieve, on average, SI scores of 90% or more at a SNR of 
8 dBA or higher for no mask conditions. However, for N95 mask conditions the young adult listeners 
could achieve a mean SI scores of 90% or higher at a SNR of 12 dBA or higher. The SI scores obtained 
for N95 mask conditions decreased the correct scores by a maximum of 10 % at an SNR of 5 dBA or 
lower compared to the results obtained for no mask cases.  

Linear regression analyses were performed to each plot of the perceived difficulty (PD) ratings 
versus measured A-weighted SNR (125-4k) values at the listener’s position in the test room for no 
mask or N95 mask cases. There are some considerably larger deviations about the mean trend of the 
PD ratings for both with and without N95 masks. The larger scatter is probably due to the effects of 
room clarity as well as random scatter in subjective responses on perceived difficulty ratings in 
understanding speech sounds. The larger scatter may be indicative of how listeners react to more 
difficult conditions in understanding speech sounds. Some listeners achieved higher SI scores of 95% 
or more, but rated the perceived difficulty on a scale between 0 and 20. That is, achieving higher SI 
scores of 95% or more doesn’t indicate that the listeners have no difficulty at all in understanding 
speech sounds during the speech intelligibility tests. The perceived difficulty ratings obtained with 
N95 mask conditions increased the ratings by a maximum of 10 % at lower SNR values relative to the 
results obtained with no mask conditions. The difference of perceived difficulty ratings between no 
masks and N95 masks decreased with increasing SNR values.  

5. CONCLUSIONS  
The acoustic attenuations with the three masks were greatest in front of the talker. The surgical, 

and KF94 masks resulted in 6-12 dB reductions of high frequency sounds between 2 kHz and 5 kHz, 
and the N95 respirator decreased sound levels by an additional 2-6 dB at these frequencies. Both 
surgical, and KF94 masks performed acoustically better at high frequencies between 2 kHz and 5 kHz 
than N95 mask did. The mean trends of the speech intelligibility test results indicate that young adult 
listeners at university achieve a mean score of 90% correct at a signal-to-noise ratio (SNR) value of 
+8 dBA or higher for no mask conditions, which is a 4 dBA lower SNR value than for N95 mask 



 

 

conditions. The intelligibility scores obtained with N95 mask conditions decreased the correct scores 
by a maximum of 10 % at a SNR of 5 dBA or lower compared to the results obtained with no mask 
conditions. The perceived difficulty ratings obtained in N95 mask conditions increased the ratings by 
a maximum of 10 % at lower SNR values compared to the results obtained in no mask conditions. 
Higher SNR values are beneficial for achieving better speech communication for both no mask and 
an N95 mask on a talker in classrooms.  
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ABSTRACT 

Face masks are widely used in daycare centers and preschools during the COVID-19 pandemic. However, a 
potential impact of mask wearing specifically on early childhood speech and language development in 
classrooms has not been investigated. In this study, combined effects of face mask (No mask, surgical and 
KF-94 masks) and room acoustics (reverberation time and signal-to-noise ratio) on speech recognition in 
children (N=67) aged 4, 5, and 6 years were investigated using auralization technique. Face mask negatively 
affected preschoolers’ speech recognition in an auralized classroom combined with reverberance and noise. 
Reducing reverberation time in the classroom improved preschoolers’ speech recognition. Children aged 4 
were affected by face mask and reverberation time more significantly than children aged 6. A proper room 
acoustics for classrooms and a clear speech of teachers are recommended for better speech recognition in 
preschool where preschoolers’ language and speech development usually occur. 
 
Keywords: Face mask, Reverberation time, Speech recognition, Kindergarten children 

1. INTRODUCTION 
This study’s purpose was to investigate the combined effect of face-mask usage and room acoustics 

on speech recognition in kindergarten children. We used the auralization technique in realistic 
classroom-acoustic settings. The effects of RT and signal-to-noise ratio (SNR) were investigated in a 
classroom environment with children aged between 4–6 years, using face masks. 

2. MATHODS 

2.1 Participants 

Sixty-seven children (4–6 years old) were recruited from two preschools in Gwangju, Korea, with 
parental consent. The children received toys and books to take home as compensation for their 
participation. The Institutional Review Board of Gwangju University approved the informed consent 
procedure. With no hearing tests performed at this stage, hearing-impaired students were excluded, as 
reported by their teachers and parents. 

2.2 Mask Wearing Speech Sources & Classroom Auralization 

The Korean-standard monosyllabic-word list for kindergarten children (KS-MWL-P)(1), 
developed based on the international standard for speech audiometry(2), was used for the speech-
recognition test. The lists were recorded by a professional voice-actress in a flat-walled fully anechoic 
chamber(3) with three face mask conditions (No mask, surgical and KF-94 masks). A typical preschool 
classroom (6.80 m × 8.00 m × 2.64 m) was chosen for this study. Two RTs (T30500Hz, 1kHz, 0.6 s and 
1.2 s) were fitted at the listener’s position using ODEON 15.16 to change the surface materials. 
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2.3 Speech Recognition Test Procedure 

12 experimental configurations (3 masks × 2 RTs × 2 noise : 50 dBA babbling noise and no-noise 
conditions) were designed for this study. Each auralized speech source was presented at 62 dBA 
through a headphone. A total of 12 sessions (120 words) were performed with each child. They 
performed a full test, divided into 2–4 sessions, based on their level of concentration. 

3. Results 
The children's speech-recognition scores were affected by RT. The younger the children, the more 

they were affected, as shown in Figure 1 Children aged 4–5 years were affected, but those aged 6 
years showed no difference in the mean scores for RTs of 0.6 s and 1.2 s. Compared to RT of 1.2 s, 
RT of 0.6 s caused higher speech recognition in children up to age 5. The mean score with the KF94 
mask were significantly lower than those without the mask, shown in Figure 2.  

 

 
Figure 1 – RT effects on speech recognition              Figure 2 – Mask effects on speech recognition 

4. SUMMARY 
Reducing the RT in the classroom improved the recognition. Children aged 4 years were affected by face 
masks and RT more significantly than those aged 6 years. A proper room acoustics for classrooms and a clear 
speech of teachers are recommended for better speech recognition in preschool where preschoolers’ language 
and speech development usually occur. 
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ABSTRACT 

Reverberation in indoor spaces distorts the auditory cues for spatial hearing. Previous literature suggests that 

adults with normal hearing (NH) demonstrate good tolerance for distorted auditory spatial cues when 

localizing sounds in reverberant environments, but experience reduced benefits for using such cues for spatial 

unmasking—a speech benefit arising from spatially separating the target and babble maskers. Recent work 

by the author suggests that NH children approach maturation in spatial unmasking more slowly under 

reverberation than previously known (Peng et al., 2021). In this work, we will present data from both NH 

children and children with hearing loss who use bilateral cochlear implants to examine the impact of 

reverberation on spatial unmasking. For each child, we measure the minimum angular separation necessary 

between the target and masker to achieve a fixed increase in target speech accuracy. We will discuss the 

recommended reverberation design in the current classroom acoustics standard in providing access to spatial 

hearing, specifically in how it impacts speech understanding in indoor learning environments for children 

with various hearing statuses. 

 

Keywords: Spatial hearing, children, cochlear implant 

1. INTRODUCTION 

Spatial hearing provides children with access to auditory cues that are helpful for listening in noisy 

environments, particularly those with competing background babbles (Brown et al., 2010; Buss et al., 

2017; Corbin et al., 2017; Griffin et al., 2019; Litovsky, 2005). When a spatial separation between the 

target talker and masker talkers, children and adults with normal hearing (NH) experience 

improvement in target intelligibility in comparison with listening to the co-located target and masker. 

This effect is known as spatial unmasking.  

The auditory cues for spatial unmasking include binaural cues, namely interaural time and level 

differences (ITD and ILD), and monaural cues specifically head shadow, as the result of naturally 

occurring ILD. Both adults and children with normal hearing demonstrate utility of binaural and 

monaural cues in anechoic environments (Dieudonné & Francart, 2019; Misurelli & Litovsky, 2012a; 

Peng & Litovsky, 2021a). However, we do not yet understand how children utilize auditory spatial 

cues in reverberant environments, such as classrooms, which is critical for designing indoor spaces 

that promote communications for children of various hearing statues. 

In indoor spaces, reverberation is the cascade of sound energy reflected from interior surfaces that 

arrives at the listener shortly after the direct sound from the sound source. For adults with NH, 

reverberation has been shown to reduce the effect of spatial unmasking (Kidd et al., 2005), with a 

smaller target intelligibility benefit when masker is spatially separated. Reflected sounds not only 

reduce ILD, but also distorts the signal envelope that leads to extraction of ongoing ITD more difficult 

(Rennies & Kidd, 2018).  

In a recent study, we showed immature spatial unmasking through ITD and ILD in reverberation 

by children with NH at 12 years of age (Peng et al., 2021), a period in life previously known as already 

reaching adult-like performance when assessed in free-field (Brown et al., 2010; Corbin et al., 2017; 

Griffin et al., 2019; Misurelli & Litovsky, 2012b, 2015). For children with hearing loss, even those 

with bilateral cochlear implants (BiCIs), they are in fact able to utilize a combination of ITD/ILD and 

head shadow for spatial unmasking in free-field (Peng & Litovsky, 2021b). In this work, we expanded 

 
1 Ellen.Peng@boystown.org 

ABS-0646



 

 

the investigation to understand the impact of low reverberation, within the ANSI/ASA S12.60 standard 

recommendation, on spatial unmasking by children with NH and those who use BiCIs. 

2. METHOD 

2.1 Participants 

In the NH group, twenty-two adults between 19-25 years of age and five children between 10-14 

years were tested. All NH participants passed a hearing screen of 25 dB HL or lower from 125-8000 

Hz before participating in the experiment. In the BiCI group, five children between 7-18 years were 

included. Three of the five children were 7 years old at the time of testing and had limited experience 

completing open-set sentence recognition tasks. Hence, the same experiment was conducted using a 

close-set word recognition task instead. All children with BiCIs used Advanced Bionics cochlear 

implants, four children used the Marvel M90 clinical speech processors and one child (ID ACI001) 

used the Naida Q90 speech processors. All experimental procedures were approved by Institutional 

Review Board at Boys Town National Research Hospital. 

2.2 Experimental Task and Procedure 

To measure spatial unmasking, we used a recently developed metric of minimum angular separation 

(MAS). The MAS is the smallest spatial separation needed between the target and masker for a 20% 

intelligibility increase. For each acoustic condition, we first measured the speech reception threshold 

(SRT) as the signal-to-noise ratio of 50% word-level accuracy using the one-down-one-up adaptive 

procedure (Levitt, 1971) when the target and masker were co-located. Next, we displaced the masker 

at a large angular separation with the target, and adaptively changed the separation using the two-

down-one-up procedure for 70.7% accuracy. Both steps terminated after six reversals. The final 

angular separation from the second step is the MAS.  

For NH listeners and older children with BiCIs, the target speech were sentences spoken by a 

female (Dawson et al., 2013). The masker was same-sex two-talker (i.e., second female) babble of 

continuous discourse (e.g., science stories) presented at the fixed level of 55 dB SPL. On each trial, 

the listener was presented with a short sentence with three keywords and asked to repeat back words 

heard. Scoring was based on the number of keywords responded correctly. For younger children with 

BiCIs, the target was close-set rhyming words spoken by a male talker led a prompt “Show me the…”, 

with four-talker babble (i.e., male and female) as masker at 55 dB SPL. On each trial, the child saw 

six pictures as alternative choices on the screen and responded by pointing to the picture that matched 

the spoken word.  

Spatialized sounds were reproduced using headphones for NH listeners and directly streamed into 

the speech processors for BiCI users. MAS was measured in two acoustic conditions: anechoic and 

reverberant. The reverberant condition was created by convolving the binaural room impulse 

responses simulated in ODEON for a virtual classroom with approximately 0.6 s reverberation time. 

The default set of head-related transfer functions from ODEON was used in creating the room impulse 

responses. For NH listeners, the target was located at 0° azimuth directly in front of the listener in the 

virtual environment. Maskers were either symmetrically displaced on both sides or asymmetrically 

displaced on the left. Further, MAS was measured in both binaural and monaural listening conditions. 

In the monaural condition, the left ear headphone output was set to 0 dB. This way, we directly 

measured the MAS from access to head shadow (i.e., monaural listening with asymmetrical masker) 

and to ITD/ILD (i.e., binaural listening with symmetrical masker).  

For BiCI listeners, the target was located on the side of their better ear, as determined by better 

SRT in quiet, at either -90° or +90° azimuth. The target location was set on the side based on previous 

work that showed some children with BiCIs need >90° for spatial unmasking (Peng & Litovsky, 

2021b).  

3. RESULTS 

Preliminary results are presented herein. For the NH group, MAS is shown in Figure 1 for adults 

and children under binaural versus monaural listening conditions. In the binaural listening condition 

(top row), the impact of reverberation seems minimal among the small number of children. However, 
children overall show larger MAS (poorer unmasking) using ITD/ILD than adults. In the monaural 

condition (bottom row), the effect of reverberation on head shadow seems more detrimental among 



 

 

children than adults with larger MAS increases from the anechoic to reverberant condition. When both 

head shadow and ITD/ILD cues are available, children as a group experience a larger MAS increase 

than adults from anechoic to reverberant conditions, which is likely driven by children’s poorer use 

of head shadow in the presence of reverberation.  

 

 

 

Figure 1. Minimum angular separation in anechoic and in low reverberation from adults and children with 

normal hearing.  

 

For the BiCI group with a target at either -90° or +90°, a MAS ≤90° suggests the listener’s ability 

to complete the task to gain 20% target intelligibility using only a combination of ITD and ILD cues 

for spatial unmasking. When MAS >90°, listeners need additional head shadow for spatial unmasking. 

MAS for children with BiCIs is shown in Figure 2. All children with BiCIs demonstrate larger MAS 

(poorer spatial unmasking) when tested in reverberation than in anechoic. For the two older children 

tested using the sentence task, one child (Subject ID ACI001) needed an additional head shadow cue 

when reverberation was introduced. The other child (Subject ID CCI002) experienced the reverberant 

distortion in ITD/ILD cues with larger MAS but was still able to complete the task using binaural cues 

only.  

 

Figure 2. Minimum angular separation in anechoic and in low reverberation from children with bilateral 

cochlear implants.  

 



 

 

4. DISCUSSION 

Our preliminary results suggested two main take-away messages: First, school-age children with 

NH do not have adult-like level spatial hearing under current classroom acoustics standards. The upper 

limit of recommended reverberation standard may not be best at facilitating children’s access to 

auditory spatial cues in classroom environments during communication. Second, children with 

profound hearing loss who use bilateral cochlear implants can access auditory spatial cues even in 

reverberant environments. However, the distortion in the acoustic inputs to their devices may require 

additional cues to retain spatial unmasking. Individual differences in these children’s performances 

call for additional considerations in personalized fitting of their devices for optimal listening 

outcomes. 
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ABSTRACT 

The effects of noise on children’s classroom performance have been investigated primarily in terms of 

listening effort. However, several learning activities in classrooms do not involve listening. Learning 

activities require attentional resources, the ability to control for interferences, and verbal working memory. 

The study explored how these cognitive abilities are influenced by background babble noise, and if individual 

factors, like having or not attentional problems associated to a learning disability (LD) or attention-

deficit/hyperactivity disorder (ADHD), can modulate the effects of noise on children’s cognitive performance. 

Fifty-eight typically developing children and 13, 8 to12 years-old, children with either attentional problems 

associated to LDs or ADHD (n=10) or performance 2 SD below the mean on standardized attention tests 

(n=3) completed two visual attention tasks, a cognitive inhibition, and a verbal digit span task in quiet and 

65dB babble noise. Significant differences between groups were found on both visual attention tasks and the 

digit span task in quiet, but not in noise. The visual attention performance of the LD/ADHD group improved 

significantly in noise, whereas the performance on the digit span task declined slightly. These results suggest 

a facilitative effect of babble noise for the children with attention problems, though limited to non-verbal 

tasks. 

 

Keywords: Attention problems, classroom noise, cognitive performance. 
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1. INTRODUCTION 

Schools and classrooms rarely meet the acoustic standards necessary to mitigate the effects of noise 

(1), and even when acoustic corrections are applied, they are often insufficient to compensate for the 

babble noise generated by classroom activities and the children themselves (2). Disturbance and 

annoyance caused by high classroom noise levels lead to lower perceived well-being and happiness 

(3) and decrease in concentration and attention (4, 5), with cascading effects on learning both in 

younger (6) and older students (7). 

Children with lower attentional skills and students with additional learning needs, who are more 

vulnerable to distractions, should be more strongly affected by noise, and are thus believed to be at 

higher risk for classroom noise disturbance (8, 9). However, recent evidence suggests a paradox effect 

of noise for this group (10, 11, 12): In contrast to the hypothesis of a stronger negative noise effect for 

these children, noise seems to actually facilitate their performance. Söderlund and Jobs (13), for 

instance, have shown that inattentive (ADHD) children suffer from sensory perceptual limitations that 

can be ameliorated through noise exposure. The authors compared the performance on speech 

recognition tasks of children with ADHD symptoms and normally attentive children, across two noise 

conditions: no noise and in 65 dB slightly modulated noise (resembling white noise). The results 

showed that in the no noise condition attentive children displayed a lower speech recognition threshold 

than the inattentive group. But in the noise condition, with the addition of a 65dB background noise, 

the performance of the two groups was similar. Other studies (10, 11, 12, 14) showed that loud acoustic 

random noise (80 dBA) can be beneficial for the performance of individuals with ADHD, poor 

attention ability, and for children with learning disabilities. Attentional problems are indeed common 

among children with learning disabilities (15, 16). 

Whereas such evidence seems to demonstrate a beneficial effect of noise for inattentive children’s 

performance, the specific cognitive mechanisms of this paradox effect are still unclear. In speech 

perception tasks the facilitative effect of noise is accounted for by the stochastic resonance (SR) 

phenomenon, according to which the detection of a (perceptually) sub-threshold signal is enhanced 

by the addition of a moderate amount of noise (17). Similar SR effects have been however found also 

in tasks that do not involve speech perception, like verbal recall (11) and non-verbal executive 

functioning tasks (14). Söderlund et al. (11) have found that exposure to white noise (78dB) improved 

the performance on a sentence recall task of inattentive children, whereas it worsened that of attentive 

children, closing the performance gap between the two groups. Helps et al. (14) found that a moderate 

level of white noise (75dB) significantly improved the performance of inattentive children in non -

verbal (executive function) tasks. The explanation was that stochastic resonance occurs in any system 

in which detection of a signal requires passing a threshold, including neural transmission in our brain.  

Continuous noise of high-energy levels, like white or pink noise, is optimal to induce the SR effect, 

as it enhances signal detection without diverting attentional resources. However, in real life situations, 

like in classroom activities, noise rarely presents these characteristics. Background babbling, which 

is one of the most common sources of noise in classrooms, is a psychologically salient signal for 

children, and it may thus attract children’s attentional resources. Even when babble noise is 

unintelligible, disregarding human speech is a very difficult task for our brain.  

Babble noise (i.e., irrelevant speech) may influence the learning performance of children in two 

ways: generating an interference in verbal learning tasks, like reading and writing, due to the 

automatic access of speech sounds (babbling) to short-term memory, and/or capturing children’s 

attention, thus subtracting attentional resources to the task (18, 19). The interference generated by 

babble noise seems however strong especially for verbal learning tasks involving verbal working 

memory processes and serial recall, such as spelling and reading (20), and occurs also with 

unintelligible speech, i.e., background babbling (21).  

Cognitive control, or children’s cognitive inhibition skills can help contrast these negative effects, 

helping children to ignore or actively suppress the irrelevant speech during task performance (22). 

The state regulation deficit model posits that children with attentional problems have difficulties  in 

regulating their arousal and effort on tasks (23) and thus could have greater difficulties focusing their 

attention in verbal and non-verbal cognitive tasks in presence of irrelevant speech. However, if 

unintelligible babbling has a similar effect to white noise, children with attentional problems could 

benefit from its presence, and should rely less on their cognitive inhibition abilities in p resence of 

background babbling. 

 



 

 

2. THE STUDY 

In this study we tested whether the SR effects observed in previous studies with inattentive children 

extend to situations in which babble noise is present, and whether they are similar across verbal and 

non-verbal cognitive tasks. Moreover, to examine the role played by inhibition control during task 

performance, we explored the contribution of children’s cognitive inhibition skills across the two 

acoustic conditions.  

 

3. METHODS 

3.1 Participants 

Fifty-eight typically developing (TD) children and 13 children with attentional problems 

participated in the study. The latter group involved 10 children with a diagnosis of ADHD or LD, and 

three children without a diagnosis, who performed below 2 SD below the mean on two standardized 

attention tests. The TD children were enrolled from an Italian public primary school located in central 

Italy (grades 3-5). The ADHD/LD children, matched on grade level, were recruited from a clinical 

centre for learning disabilities in northeast Italy, the three remaining children with attentional 

problems were recruited from the same schools of the TD group, but performed significantly below 

their age group on both attention tests administered in this study. The two groups were homogeneous 

for age (mean age = 9.16 years, SD = 0.95 for the TD group; mean age = 9.46 years, SD = 1.13 for 

the group with attentional problems). All parents provided written informed consent for their children 

to participate in the study. 

3.2 Materials and Procedure 

Children’s cognitive abilities were assessed in quiet and noise through an iOS application 

developed by a research team from the University of Padua and Venice, Italy. The app, “CoEN – 

Cognitive Effort in Noise” (https://apps.apple.com/no/app/coen/id1565953506), allows to test 

children’s verbal working memory, visual attention and cognitive inhibition through game-like 

activities. Three of the tasks implemented in CoEN are adapted from standardized neuropsychological 

tests: the Digit Span Test (Forward and Backward) (24), a visual attention test from the WISC-IV 

(cancellation subtest, 24), a visual attention test from the NEPSY (visual search, 25). The cognitive 

inhibition task is adapted from Diamond et al. (26). 

Digit Span Test This test measures verbal working memory. In the original test, series of digits of 

increasing length are pronounced by the examiner. The child is asked to recall the digits in the same 

(forward subtest) or in reverse (backward subtest) order. In CoEN, the digits are visually presented 

on the screen (one per second) and the child is asked to reproduce the series of digits by typing them 

on the keyboard in direct (forward span) or reverse (backward span) order. 

Visual Attention Test (adapted from NEPSY) This is a classic visual-search task. The child is 

instructed to select only target stimuli (target faces) on a page (the tablet screen in CoEN) containing 

both targets and distractors within 3 minutes (25). 

Cancellation Test (adapted from WISC-IV) This is similar to the visual attention test, but with 

shorter duration. The child has to find targets (i.e., animals) among different stimuli (e.g., cars, trees, 

instruments) in 45 seconds (24).  

Inhibition Task (26). The task was used to assess inhibitory control. A red heart or a flower appear 

on the right or left of the tablet screen. The child is instructed to touch/press the arrow that appears 

on the same side of the heart, when a heart appears (congruent condition), and the arrow on the 

opposite side (incongruent condition) when a flower appears on the screen.  

Each child played with CoEN twice, once in quiet and once in a multitalker babble noise condition, 

one week apart, in order to reduce learning effects. Condition order was counterbalanced between 

participants. Babble noise (27) was administered through headphones AKG K99 at 65dBA, which 

represent the average level of a conversation (28). We decided to use multitalker babbling as this kind 

of noise often characterizes classroom activities. In the multitalker babble noise used in this study 

speech was however unintelligible.  

In the quiet condition all games were performed by the child in a quiet room, away from 

distractions. Children were asked to wear headphones also in this condition, to further mitigate any 

possible source of environmental noise.  

https://apps.apple.com/no/app/coen/id1565953506


 

 

The CoEN App run on a mini iPad (screen size: 20 cm/7.9 inches; display resolution: 2048×1536 

pixel at 326 ppi). Before starting the experiment, children were asked to answer few questions about 

their familiarity with touchscreen technologies. The majority of the children reported to use 

touchscreen technologies on a regular basis (at least once a week).     

At the end of the noise testing session, children completed a self-report questionnaire based on the 

Fatigue Scale of Bess et al. (29), to evaluate their cognitive effort in noise. Ten TD children and one 

child with attention problems did not complete the self-report. A mean fatigue score was calculated 

by averaging responses across the six items of the questionnaire.  

 

4. RESULTS 

Preliminary t-test and chi-square analyses revealed that the typically developing group and the 

group with attentional problems did not differ on age,  t(69) = -1.01, p = .31, or gender distribution, χ² 

= .008, p = .93. Moreover, the two groups reported approximately the same fatigue in noise t(58) = 

-.33, p = .74.  

Table 1 reports means and standard deviations of the performance of the two groups (Typically 

developing/With attentional problems) on the attention, verbal working memory and cognitive 

inhibition tasks across the two acoustic conditions. Independent samples t-tests revealed significant 

differences between the groups in quiet in both visual attention tasks: Visual attention (Faces), 

accuracy: t(69) = 2.21, p = .03; and Cancellation (Animals), accuracy: t(69) = 2.48, p = .02. Between 

group differences were found in quiet also in the Digit span forward task, accuracy: t(69) = 2.16, p 

= .03. In contrast, in noise the two groups did not differ significantly on these measures. Paired 

samples t-tests revealed a significant difference between quiet and noise conditions on the visual 

attention (faces) task for the group with attentional problems solely, t(12) = -2.45, p = .03. Their 

performance improved significantly in noise. As shown by Table 1, the children with attention 

problems showed a similar pattern of performance in the cancellation task, but in this test the 

difference between quiet and noise conditions did not reach statistical significance (p =.13). 

 

 

Table 1 - Children’s performance on the CoEN tasks across acoustic conditions: Means and 

standard deviations (SD). 

Variable                 

  Typically developing With attentional problems 

 (n=58; 26 girls) (n=13; 6 girls) 

  Quiet Noise Quiet Noise 

  Mean SD Mean  SD Mean SD Mean SD 

Visual attention (accuracy) 17.26 11.74  16.43 11.71  8.92 14.64  19.62 12.08  

Cancellation (accuracy) 24.76 9.23  25.17 9.59  17.69 9.55  22.00 14.43  

Digit Span Forward (accuracy) 6.60 1.60  6.07 1.97  5.46 2.26  5.08 1.80  

Digit Span Backward (accuracy) 5.98 2.27 5.74 2.31 5.54 1.94 5.00 1.87 

Cognitive inhibition (accuracy) 53.34 9.81  53.19 11.64  52.92 10.90  54.38 8.91  

 

 

Multilevel analyses were performed to test the interaction between Group (typically developing, 

TD/with attentional problems), Condition (quiet/noise) and Inhibition skills (covariate). Multilevel 

models are recommended when multiple observations are nested within clusters (e.g., classrooms) or 

individuals, as with repeated measures (30). Three multilevel models were run, one for each of the 

following dependent measures: accuracy on the Visual attention (Faces), Cancellation (Animals), and 

Digit span forward tasks. As shown by Table 2, significant three-way interaction effects 

(Group*Condition*Inhibitions skills) were found for accuracy on the Visual attention (Faces) and 

Digit span forward tasks.  

 



 

 

 

 

Table 2 - Effects of group, acoustic condition, and cognitive inhibition: Parameter estimates for 

accuracy in Visual attention (Faces), Cancellation (Animals), and Digit Span Forward 

Dependent variable                   

 Visual attention Cancellation Digit Span Forward 

Effect B SE t B SE t B SE t 

          

Intercept  -17.29  20.87 - 0.83  -4.60 15.68 -0.29   7.42 3.18  2.33**  

Group  31.82 22.08  1.44   9.09 16.58 0.55   -3.27 3.37  -0.97  

Condition  30.52 25.17  1.21   3.56 18.07 0.20   -7.58 3.98  -1.90  

Inhibition skills  0.68 0.38  1.79   0.49 0.28 1.72   -0.04 0.06  -0.75  

Group*Condition  -45.09 27.44  -1.64   4.02 19.76 0.20   8.80 4.33  2.03*  

Group*Inhibition skills  -0.64 0.40  -1.60   -0.10 0.30  -0.33   0.08 0.06  1.29  

Condition*Inhibition skills  -0.76 0.46  -1.65   -0.13 0.33 -0.41   0.15 0.07  2.05*  

Group*Condition*Inhibition skills  1.05 0.50 2.08*   -0.02 0.36 -0.04   -0.16 0.08  -2.04*  

*p<.05, **p≤.005, ***p≤.001 

 

Visual attention (Faces). Only the three-way interaction Group x Condition x Inhibition skills was 

significant (B = 1.05, p < .05).  

 

Pairwise comparisons showed that the performance of the two groups was significantly different 

in quiet (p = .02) but not in noise. The group with attentional problems, in fact, performed better in 

noise than in quiet (p = .018) closing the gap with the TD group, whose performance slightly decreased 

in noise (see also Table 1). Post hoc within-group analyses of co-variance, examining the effects of 

children’s inhibition skills across the two acoustic conditions, revealed a significant interaction 

between inhibition and condition only for the TD group, F(1,56) = 4.40, p =. 04, ηp2= .07. For these 

participants, the association between inhibition skills and performance on the visual attention task 

approached statistical significance in quiet (F = 3.58, p = .06, ηp2= .06), but did not contribute 

significantly to children’s performance in noise (F < 1, p =.43). For the children with attentional 

problems the association between inhibition skills and performance on the visual attention task was 

non-significant in both conditions (F < 1, p =.73 in quiet; F < 1, p =.99 in noise). 

 

Digit span forward. The two-way interactions Group x Condition and Condition x Inhibition skills 

were significant (respectively, B=8.80, p < .05; B = 0.15, p < .05). Also, the three-way interaction 

Group x Condition x Inhibition skills was significant (B = -0.16, p < .05).  

 

Pairwise comparisons showed that the performance of the two groups was significantly different 

in quiet (p = .047) but not in noise. In quiet, the TD children outperformed the children with attentional 

problems. However, the difference between the two acoustic conditions was not significant in either 

group. Post hoc within-group analyses of co-variance, examining the effects of children’s inhibition 

skills across the two acoustic conditions, did not reveal a significant interaction between inhibition 

skills and condition for any of the two groups. However, whereas for the children with attentional 

problems the association between inhibition skills and performance on the digit span forward task was 

significant in quiet (F = 5.02, p < .05, ηp2= .31) and approached statistical significance in noise (F = 

4.82, p = .051, ηp2= .31), for the TD group it resulted significant only in noise (F = 7.52, p < .008, 

ηp2= .12).  

 



 

 

5. CONCLUSIONS 

The study explored whether the SR effects found in previous studies for inattentive children 

exposed to white noise extend to situations in which multitalker babbling is present, a common 

condition in classroom environments. Differently from white noise, multitalker babbling is a 

psychologically salient signal, and thus could represent a competing stimulus for children’s attention, 

especially in verbal tasks. If so, children should rely more on their cognitive control strategies and 

inhibition skills when background multitalker babbling is present, with a performance declin e 

especially for those children who have greater problems in self-regulating their cognitive processes, 

e.g., inhibiting the interference, such as children with ADHD or LDs. However, if unintelligible 

babbling has similar effects to white noise, children with attentional problems could benefit from its 

presence, and should rely less on their cognitive inhibition abilities in presence of background 

babbling. 

The results of this study seem to partially support this alternative hypothesis. We indeed found that  

multitalker babbling did not affect negatively the performance of the participants in this study. In 

contrast, the performance of the children with attention problems improved significantly in noise in 

the visual attention (faces) task. Remarkably, like other authors (14), we too found that noise affected 

in different way the children with and without attentional problems. Whereas babble noise was 

beneficial for the performance of the children with attention problems, it was not for the TD group. 

Moreover, its facilitative effects seemed limited to non-verbal tasks. The children with attentional 

problems not only improved significantly in the visual attention (faces) task, but also showed a 

positive trend toward improvement in noise in the cancellation (animals) task. By contrast, in the 

verbal forward digit span task, which involves verbal encoding and rehearsal, the performance in 

babble noise declined in both groups, though not significantly.  

The multilevel and post hoc analyses help clarify this finding. They show that for both groups of 

participants (TD and with attentional problems) inhibition skills contributed significantly to the digit 

span forward performance in noise, but not to the performance in noise on the visual attention task. It 

is possible that the irrelevant speech/babbling, although unintelligible, was perceived as an 

interference in the verbal digit span forward task, and thus led the children to rely on their cognitive 

inhibition skills to suppress the disturbance. Arfé et al. (31) have found that babble noise increases 

children’s cognitive effort in tasks that, like the digit span forward, involve verbal rehearsal. This 

could explain why the children with attentional problems did not show in this task the same SR effect 

observed in the visual attention task.  

The interference of babble noise was however insufficient to lead to a significant decline of the 

verbal digit span performance of the two groups. The characteristics of the noise used in this study 

can account for these results. Unintelligible multitalker babbling can generate limited interference in 

verbal tasks, as compared with intelligible speech, which seems to affect more severely verbal working 

memory (18). The performance on the digit span forward task was already demanding in quiet for the 

children with attentional problems, as demonstrated by the significant effect of children’s inhibition 

skills in this condition. Thus, it is notable that the contribution of children’s cognitive inhibition skills 

did not increase further in noise and their performance did not decrease further. As hypothesized by 

Helps et al. (14) it is possible that individuals with attentional problems are more protected than TD 

individuals by the disruptive effects of noise also in verbal tasks. Something that should be further 

explored in future studies.  

In synthesis, the results of the study provide new evidence in support of the SR hypothesis and 

suggest that the SR phenomenon may extend to situations in which multitalker babbling is present. 

Like white noise, unintelligible verbal (babble) noise can have a facilitative effect on children’s 

performance, especially in non-verbal (visual attention) tasks. A tentative explanation of this cross-

modal effect has been offered, again, by Helps et al. (14). Similar to white noise, unintelligible babble 

noise can enhance children’s arousal, without diverting attentional resources from the task at hand. 

This could help children with attentional problems in particular, as they have greater difficulties in 

regulating their arousal and effort during task performance (23). According to our results, in verbal 

tasks (i.e., serial recall) the influence of unintelligible babble noise could be less positive. Yet, also i n 

these tasks the interference generated by unintelligible babble noise seems limited.  

These findings suggest that while children with attentional problems may benefit from moderate 

multitalker babble noise, TD children are not necessarily impaired by its  presence. Should these 

results be confirmed by future studies they could have important practical applications for the design  

of clinical interventions and learning environments.   
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ABSTRACT 
In daycare rooms, there are situations wherein several groups conduct different activities within a room. 

In such situations, although children can perform their activities independently, there may be problems with 
the acoustic environment, such as noise disturbances created by other activities. The purpose of this study is 
to investigate the effect of sound absorption and partitions in such situations in daycare rooms. 

First, both the voice of a teacher reading aloud and those of the surrounding children were binaurally 
recorded under several acoustic conditions in a booth separated by a sound-absorbing partition, and the 
acoustic characteristics under each condition were measured. Second, a subjective experiment was conducted 
using the combination of two recorded sounds. The evaluation consisted of four items, namely suitability for 
picture book reading, feeling of reverberation, ease of hearing, and noisiness. 

The acoustic measurement results revealed that the sound absorption and partitions reduced the ambient 
noise level and improved the clarity of the teacher’ s voice when they read aloud. The results of the subjective 
evaluation experiment also showed similar improvements in the evaluation items, such as an improved 
feeling of reverberation and ease of hearing. 
Keywords: daycare room, screen, sound absorption 

1. INTRODUCTION 
A daycare room needs a good acoustic environment with little noise and reverberation because 

children in the early stages of language and hearing development spend long hours there (1). Recently, 
in Japan, there have been daycare systems wherein various activities are conducted or multiple groups 
of children are cared for in the same room. This can create problems in the acoustic environment, such 
as producing a noisy space wherein the various sounds associated with such activities are mixed. The 
acoustic environment can be improved by sound absorption and screen installation in the room. In this 
study, a subjective evaluation experiment was conducted to investigate this possibility; subjects were 
presented with both the binaural recordings of the voices of teachers who read books aloud and those 
of the surrounding children, assuming the books were read aloud to the children in a zone separated 
by a screen. 

2. EXPERIMENTAL CONDITIONS 

2.1 Overview 
In the subjective evaluation experiment, a test sound was synthesized by changing the signal-to-

noise ratio (SNR) of the recorded reading voice and the surrounding noise from the children's voices, 
and it was presented to the subjects using headphones; the test conditions are presented in Table 1. Of 
the three factors, the "ceiling sound absorption" and "screen/sound absorption" were factors set at the 
time of recording, and the "reference SNR" was a factor used to generate the presented sound from 
the recorded sound sources. 
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2.2 Acoustic conditions in recording 
Fig. 1 shows the floor plan of the room used for recording, which includes the positions of the 

screen, sound source, and sound-receiving point; and the dimensions and materials of the room are 
mentioned in Tables 2 and 3. No sound absorbing material was used in this study. In this room, a zone 
of about 1.2 x 2.0 m was set up (shaded area in the figure), assuming a nursery teacher was reading 
aloud from a picture book to some children. 

Table 4 lists the settings of the “screen/sound absorption” conditions. To equalize the amount of 
sound absorption, the screens were installed with (position A) and without (position B) sound 
absorption, and the sound absorption of the screens was set to absorb sound in the zone (PI) and the 
same amount on the opposite side of the zone (PO). These three conditions of “screen/sound 
absorption” were combined with two conditions, namely with and without ceiling sound absorption, 
for a total of six acoustic conditions for recording. 

For the sound source and sound-receiving point, the reading voice (position SV) and voices of the 
surrounding children (S1), which would disturb the reading, were heard by the children (RV) in the 
zone. The voice of a woman reading a passage (Rion, KR2000, 20 s) from "Botchan" by Soseki 
Natsume, the reading voice, was played from a loudspeaker (YAMAHA, MSP5) placed at a height of 
1.0 m above SV. The surrounding noise was a babble noise (20 s) created from the voice of a child 
playing; this was played from the sound source point S1 (0.7 m high) using an omni-directional 

Figure 1 – Floor plan and position of sound source-receiving point 

Table – 1 Experimental condition 

Factor Level n 

Ceiling sound absorption with：（C1） without：（C0） 2 

Screen/sound absorption Screen position A/with inside sound absorption: (PI)  

 Screen position A/without inside sound absorption: (PO) 3 

 Screen position B: (PX)  

Reference SNR (dB） +5 ±0 -5 -10  

・Reading voice (dB) 65 65 65 65 4 

・Surrounding noise (dB) 60 65 70 75  

 



 

 

loudspeaker (NTi Audio, DS3-1). These two sounds were recorded using a head-and-torso simulator 
(B&K, Type 4128) placed in the RV (0.7 m high), assuming the child was seated. The distance between 
the sound source and receiving point was 1.5 m for both SV–RV and S1–RV. 

From the measured impulse responses, the speech transmission index (STI) for SV-RV and the 
reverberation time of the room (using S1~3–R1~3) were calculated. 

2.3 Conditions of presented sound in subjective evaluation experiment 
In addition to the six conditions described above, four levels of reference SNR values, namely +5, 

±0, -5, and -10 dB, were set for the reading and surrounding voices. The subjective evaluation 
experiments were conducted under the 24 conditions produced by combining these six conditions. 
Here, the "reference SNR" was the SNR of the reading voice and surrounding noise under the C1_PI 
condition (sound absorption by the ceiling and inside the screen). For example, under the PX condition 
wherein the screen was moved outside the zone, the surrounding voice increased and the SNR became 
smaller (-4.0 dB in C1_PX). 

For the reading voice, according to the "School Environmental Health Management Manual” (2) 
of the Japanese MEXT (Ministry of Education, Culture, Sports, Science and Technology), the A-
weighted sound pressure level of the teacher's voice was 65 dB, which was also used for the reference 
condition (C1_PI) in this experiment.  

For the surrounding noise, an SNR of 60–75 dB was set in 5 dB steps for the reference condition 
(C1_PI), while for the other conditions, the presented sound was created by synthesizing the reading 
voice and surrounding voice, reflecting the relative level differences (from the reference condition) 
due to the sound absorption by the screens and ceiling.  

As a result, as shown in Table 5, the distribution of the sound levels ranges from -4.5 to 0.1 dB 
under the condition with a reference SNR of ±0 dB. 

2.4 Acoustic performance in recording conditions 
Reverberation time and STI 

The reverberation time (T30) and STI were calculated from the impulse responses measured under 
the six different acoustic conditions; the reverberation times are shown in Fig. 2. The average values 

Table 2 – Room dimensions  Table 3 – Interior surface materials 
Floor area (m2) 37.5  Ceiling Wood wool cement board 
Volume (m3) 98.0  Wall Wood wool cement board 
Surface area (m2) 139.5  Floor Vinyl flooring 
Height (m) 2.6    

 
Table 4 – Conditions of “screen/sound absorption” 

PI PO PX 

   
 Table 5 – Presentation level and SNR at reference conditions 

 C0_PI C0_PO C0_PX C1_PI C1_PO C1_PX 

Reading voice (dB) 66.0 67.8 68.8 65.0 67.5 66.7 

Surrounding noise (dB) 69.6 71.2 73.3 65.0 67.4 70.7 

SNR (dB) -3.6 -3.4 -4.5 0.0 0.1 -4.0 

 



 

 

of T30 in the 500 Hz–2 kHz bandwidth were 1.26/0.63 s without/with ceiling sound absorption, 
respectively, and the average sound absorption coefficients calculated by the Norris-Eyring 
reverberation equation were 0.09/0.16, respectively. 

Fig. 3 shows the STI of the presented sound based on the SNR of each octave band between the 
reading voice and surrounding noise—4-step reference SNR with C1_PI being the reference condition; 
the STI values without noise were also calculated. First, the STI value when noise was not considered 
showed that the difference was small under all the conditions except C0_PX (no sound absorption by 
the ceiling and no screen installation), indicating that the STI in the experimental condition was 
generally affected by the SNR, that is, the surrounding noise. As shown in Fig. 3, under the same 
reference SNR condition, the STI was improved by 0.05~0.15 when there was a screen or ceiling for 
sound absorption. However, there was almost no difference (PI-PO) due to sound absorption in the 
zone. 
Sound pressure level 

Fig. 4 shows the level differences for the six conditions at the recording position (RV) by sound 
source (reading voice: SV and surrounding noise: S1). The levels in the figure represent the 
differences with respect to the C1_PI condition. The level differences between the PI and PO were 
approximately 2 dB in the middle frequencies and 4 dB in the high frequencies, reflecting the 
characteristics of the porous sound-absorbing material installed on the screen. Under the PX condition, 
wherein the screen was moved, the difference between the PI and PO was small in the high-frequency 
range, and the level difference varied in the low-to mid-frequency range; the reason for this is still 
unclear. 

Regarding the sound of the surrounding noise, the effects of the ceiling, screen, and the sound 
absorption inside the zone were clearly observed. The effect of the sound absorption by the ceiling 
was only an attenuation of approximately 3 dB in the main frequency band of the children's voices 
(1–2 kHz). The effect of the screen was greater under the condition wherein there was sound 
absorption by the ceiling, approximately 7 dB with sound absorption inside the zone, 3–4 dB without 
any sound absorption and 2–4 dB without absorption by the ceiling; the effect was slightly more than 
1 dB. 
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The above results indicated that the attenuation of the surrounding noise tended to be greater than 
that of the sound of children being read aloud to because of the sound absorption by the ceiling,  
installation of the screen, and sound absorption inside the zone. In addition to the combined effect of 
sound absorption by the ceiling and screens, sound absorption inside the zone could attenuate the 
effect produced by the surrounding noise of the children's voices to a greater extent. 

3. IMPLEMENTATION OF EXPERIMENT 
The subjects were 20 students in their 20s (12 males and 8 females) whose hearing was determined 

to be normal by audiometry. The experiment was conducted in a quiet room, and a screen was installed 
around the seated subjects to avoid affecting their visual perception. 

In the experiment, sounds lasting approximately 20 s, under 24 conditions, were presented 
randomly to the subjects using headphones (Stax, SR-303); and the observations were subjectively 
evaluated. The volume of the headphones was adjusted by attaching them to a head-and-torso 
simulator. 

The evaluation items comprised four questions regarding: Q1) the suitability of this space for 
reading books aloud to children; Q2) the ease of hearing the voice of the teacher reading; Q3) the 
level of the surrounding noise; and Q4) the level of the reverberance of the space. The subjects 
evaluated each item on an 11-point scale from 0 to 10 for each presented sound; the two ends of the 
scale were labeled “not at all” or “very much.” 

4. RESULTS AND DISCUSSION 
Fig. 5 shows a plot of the mean values of the four subjective evaluations using the reference SNR 

for each of the six conditions of sound absorption and screen installation. First, evaluating the overall 
trend, the mean values almost did not exceed 5 on the 11-point scale for both sound absorption and 
screen installation under the noisy conditions with reference SNR values of -10 and -5 dB, while under 
the conditions of ±0 and +5 dB, the evaluation increased to the side of "easy to hear" under screen 
installation and sound absorption by the ceiling. The main effects of sound absorption by the ceiling 
and screen installation were significant in the analysis of variance (ANOVA).  

No significant effect was observed for sound absorption inside the zone, and under the condition 
with sound absorption by the ceiling without sound absorption inside the zone, the evaluation was on 
the better side. Under the condition without sound absorption by the ceiling, the evaluations were not 
significantly increased by the installation of a screen. On the other hand, under the condition with 
sound absorption by the ceiling, screen installation increased the evaluation by more than one point 
on the 11-point scale. The ANOVA results showed that the interaction effect between sound absorption 
by the ceiling and screen installation was significant. 

It was concluded that the combination of sound absorption by the ceiling and screen installation 
was effective in increasing the ease of hearing and degree of suitability for children that were read 
aloud to. Sound absorption inside the zone was ineffective for improving any of the evaluation 
conditions. Under the evaluation of the feel of reverberation, the "no reverberation" side was evaluated 
under the condition with both sound absorption by the ceiling and screen installation, especially in 
the condition with sound absorption in the zone (CI_PI); it was inferred that this reflected the amount 
of reverberation inside the zone. 

5. CONCLUSION 
In this study, the effects of sound absorption by ceilings and screen installation on the acoustic 

environment in a daycare room with many activities wherein books were read aloud to children were 
verified through acoustic measurements and subjective evaluation experiments. 

It was confirmed that the combined use of the sound absorption by the ceiling and sound-absorbing 
screen made it easier to hear the reader's voice and reduced the influence of the surrounding noise, 
thus creating a space suitable for reading aloud to children. 

Arai et al. conducted a practical study (3) on sound absorption in small spaces for children, and 
although no effect was observed on "reading aloud," sound absorption may be effective in terms of 
creating a calm space with less noise. In the future, we would like to focus on these points and clarify 
the acoustic environment suitable for daycare by considering the placement of sound absorption 
materials and screens according to the type of daycare activities; and through field experiments in 
actual daycare spaces. 
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Figure 5 – Mean values of subjective evaluation 
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Comparison of unsupervised learning techniques for predicting 
noise levels in occupied classrooms 
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ABSTRACT 
The current practice of quantifying acoustic quality in classrooms relies on measurements in unoccupied 
conditions, which can be apart from the actual quality when the space is occupied with varying occupancy 
rates and instructors' individual speech levels. Recently, there have been attempts to predict the actual noise 
levels in classrooms by using two unsupervised learning techniques, K-means clustering, and the Gaussian 
Mixture Model, but each technique's performance and accuracy are not fully revealed. Thus, this paper aims 
to compare the accuracy of the two clustering methods in predicting activities and noise levels in occupied 
classrooms. The acoustic measurement was carried out in the three recently renovated active learning 
classrooms and three traditional lecture-style classrooms at Concordia University for analysis. The predicted 
activities and their corresponding noise levels are then compared with the actual results during the 
measurements to evaluate the performance of each algorithm. The speech-to-noise ratios obtained by the 
different methods are also discussed. 
 
Keywords: Classroom acoustics, unsupervised learning 

1. INTRODUCTION 
Despite recent technological development in pedagogy, poor acoustic conditions in classrooms 

have been a major barrier to students for successful learning. The poor acoustical quality due to high 
background noise and long reverberation leads to less intelligible speech by an instructor, especially 
at distant locations from the instructor. The conditions can also adversely affect stress levels, the 
ability to concentrate on a subject, and students’ academic performance (1). The poor acoustical 
conditions also negatively affect teachers' vocal fatigue and stress, which decrease teachers' job 
satisfaction at schools (2). Traditionally, acoustic conditions of classrooms have been quantified by 
using acoustic equipment in an unoccupied condition to obtain consistent results. However, recent 
studies showed that acoustical quality in occupied conditions is more correlational to students' 
perception and occupants' performance (3). Thus, researchers have investigated how background noise 
varies when classrooms are occupied during a class activity.  

The most widely used method is by using differences between the 90th percentile level (L90) and 
equivalent continuous SPL (LAeq) (4) for predicting background noise levels and teachers' speech 
levels. Hodgson et al. (5) proposed a method by utilizing a Gaussian mixture model to identify speech 
and background noise levels in occupied university classrooms by assuming Gaussian distributions 
for the statistical occurrence of the activities in classrooms. The mean values of the three distributions 
were associated with the ambient background noise levels (with ventilation system on), students' 
activity noise level, and teacher's speech level. Wang and Brill (6) utilized K-means clustering to 
identify the speech levels and background SPLs with the obtained nine octave-band SPLs.   

However, the accuracy of the developed methods has not been fully evaluated yet. Thus, this study 
aims to develop an accurate method to identify class activities (ambient, speech, and active learning) 
and associated SPLs of occupied classrooms by comparing the accuracy of the existing clustering 
methods and improving the best one. Additionally, speech-to-noise ratios (SNR) obtained by the 
different methods are also discussed. 
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2. METHODS 
The acoustic measurement was carried out in the three recently renovated active learning 

classrooms and three traditional lecture-style classrooms at Concordia University. Table 1 presents 
general characteristics of the measured classrooms, such as dimensions and capacity. Classroom H654 
was recorded two times while taught by different instructors. The active learning classroom is 
characterized by flexible layout and technology tools like glassy 'smart' board. The traditional 
classrooms were carefully chosen to be comparable to the active learning classrooms regarding 
volume and capacity. The surface materials of the classrooms include acoustic ceiling tiles, gypsum 
board walls, and carpeted floors. The reflective glass of smart boards was installed on sidewalls in all 
active learning classrooms. Two clustering algorithms (K-means clustering and Gaussian Mixture 
Model), the noise level difference method, and the peak detection method were utilized to estimate 
the noise levels with the obtained data. 

  
Table 1 – General descriptions of the active learning and traditional classrooms under investigation 

 

3. RESULTS 
Table 2 provides the results of the performance evaluations over measured classrooms. The results 

obtained with the GMM method indicated better performance than the K-means clustering method. 
The overall accuracies were 76% for the GMM and 72% for the K-means clustering. The methods 
predicted more accurately for 'ambient' (82% and 72%) and 'active learning' (74%, 68%). The lowest 
accuracies were 67% and 63% respectively for predicting the 'lecture' activity. 

 
Table 2 – Accuracy (ACC), precision (PRC), and recall (REC) performance of K-means and GMM 

clustering for predicting class activity in occupied classrooms  

Algorithm Activity ACC PRC REC 

GMM 

Ambient 82% 40% 78% 

Lecture 67% 87% 63% 

 Active Learning 74% 54% 70% 

Overall 76% 69% 69% 

K-means 

Ambient 72% 30% 86% 

Lecture 63% 87% 58% 

Active Learning 68% 40% 49% 

Overall 72% 63% 63% 
 
Figure 1 compared speech-to-noise ratios (SNR) obtained from the direct measurements with the 

predicted values by using the noise level difference method, the peak detection method and the GMM 

ID Classroom type Volume (m3) L (m) × W (m) × H (m) # of students Capacity 

H603 Active learning 323 13.1 × 9 × 2.75 25 65 

H605 Active learning 351 14.3 × 9 × 2.75 59 65 

H654-1 Active learning 636 18.5 × 12.5 × 2.7 46 96 

H654-2 Active learning 636 18.5 × 12.5 × 2.7 30 96 

H509 Traditional 336 13.8 × 8.8 × 2.75 52 84 

MB.2.270 Traditional 546 15.6 × 11.3 × 3 67 80 

H561 Traditional 326 13.5 × 8.8 × 2.75 56 84 



 

 

method. The results showed better performance of the GMM method (r = 0.7633, p > 0.05) in 
predicting SNR values compared to the noise level difference method (r = 0.6175, p > 0.05) and the 
peak detection method (r = 0.4984, p > 0.05). The pattern of overestimating the SNRs was distinctly 
observed using the percentile method. The result suggests that when 'active learning' activity was 
dominant during class time, LAeq did not precisely represent the 'lecture' SPLs. Hodgson et al. (5) also 
found that the peak detection method did not precisely predict the 'lecture' and 'ambient' SPLs in 
discussion classes (similar to the 'active learning' activity) or when the peaks were not easily 
detectable by visual segmentation. The lower performance of the peak detection method in this study 
agrees with their finding.  

 

Figure 1 – Actual speech-to-noise ratios (SNR) against the predicted SNR by using the GMM method, 

noise level difference (L90-LAeq) method, and the distribution-fitting method 
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ABSTRACT 

Optimal acoustics is needed to ensure understanding, especially for hearing-impaired (HI) listeners. This is 
even more important when the HI listeners are young children equipped with cochlear implants who need 
the speech to be intelligible in order to learn. During the Covid-19 pandemic, wearing face masks became a 
norm to avoid the spreading of infections. Therefore, listening for HI children became an increasingly 
challenging task. This study involved an experimental group of 14 children with cochlear implants aged 7-
to-15 years and a control group of six normal hearing children, with the objective of investigating on the 
influence of different typologies of face masks on speech intelligibility (SI, as percentage of items correctly 
understood using the Simplified Italian Matrix Sentence Test) and listening difficulty (LD, rated on a 5-points 
scale) under competitive listening scenarios. Three types of face masks, with different intrinsic characteristics, 
and three signal-to-noise ratios were considered. Scenarios with a lower signal-to-noise ratio corresponded 
to lower SI, as expected, and SI without mask was similar to that obtained with the mask with the lowest 
acoustic attenuation, albeit with a low filtration efficiency. These preliminary outcomes help to improve 
speech communication strategies in classrooms to support optimal listening conditions. 
 
Keywords: Speech Intelligibility, Noise, Cochlear Implant  

1. INTRODUCTION 
With the diffusion of SARS-CoV-2 infection, better known as Covid-19, the population’s habits 

and the lifestyle changed dramatically. The virus appeared for the first time at the beginning of 2020 
and quickly turned to be pandemic. As consequences of this infection can be related to light diseases, 
but even to severe or lethal ones, prevention has been considered as mandatory to restrain the 
contagion and further diffusion.  

As the virus spreading mainly happens through airborne transmission or contact, preventive 
measures were identified in social distancing, limitation of travel and use of Individual Protection 
Devices (DPI). Considering the latter strategy, using face masks has become the main technique to 
reduce the virus spreading. However, depending on the typology of face masks in terms of material, 
breathing resistance and filtration efficiency, different consequences can turn to be tangible in 
everyday life settings. Indeed, face masks not only reduce the transmission of aerosol particles through 
a filtering operation, but they also affect the communication process as they act as obstacles between 
a source (the person talking) and a receiver (the person listening) (1-3). The attenuation degree, which 



 

 

is usually around 3-4 % (4), depends on the physical characteristics of the mask, such as breathing 
resistance and filtration efficiency, and its materials (5). Bottalico et al. (6) investigated on the effects 
of different types of face masks on speech intelligibility (SI). They showed that surgical and N95 
masks should be used in learning environments to minimize the reduction of SI and the increase in 
listening effort, rather than fabric masks.  

Further than being an obstacle to oral understanding, face masks also limit lip reading and thus 
constitute a problem for people affected by hearing loss who adopt it as a strategy. Homans and 
Vroegop (7) delivered an online questionnaire about the effects of face masks on the speech 
communication process to adults wearing cochlear implants (CIs). The main outcome of the study 
consisted in the evidence that up to 80% of the people who answered to the questionnaire reported 
considerable problems, which turned into psychological diseases like an increased feeling of 
loneliness. Lipps et al. (8) investigated on the impact of face masks on word recognition for children 
with different degrees of hearing loss. Overall, masks degraded word recognition significantly and 
this happened regardless of the acoustic scenario, i.e., even under quiet conditions. 

The aim of this study is to improve the perception and acoustic sensitivity of children with hearing 
impairments, particularly in environments where communication plays an essential role. Speech 
intelligibility and its related listening difficulty were thus assessed for hearing-impaired young 
listeners equipped with cochlear implants. Listening tests that account for the use of face masks with 
different filtration and acoustic characteristics have been considered, in order to establish preliminary 
reference data on the listening challenge in competitive acoustic scenarios. Indeed, several signal-to-
noise-ratios (SNRs) were considered. 

2. METHODOLOGY 

2.1 Participants 

Twenty children between 7 and 15 years of age (M = 10.05, SD = 2.46) were enrolled in this study. 
They were divided into two groups: an experimental group (EG) of children with hearing impairments 
and cochlear implants, and a control group (CG) of normal hearing children. The recruitment process 
of potential listeners was entrusted to the hospital staff of the Martini Hospital in Turin. Since the 
children involved in the study were minors, their parents were informed and asked for their consent. 
Fourteen EG participants were selected among the patients of the ENT Department of the hospital 
according to the profile required by the project; the remaining 6 forming the control group were 
involved from the patients normal-hearing siblings who voluntarily agreed with the proposal. The 
listeners were recruited without distinction of gender or age. The experimental group consisted of 8 
males and 6 females, the control group of 2 males and 4 females.  

Criteria for the selection of the EG participants can be listed hereafter. Inclusion criteria regarded: 
the ability to speak and understand the Italian language; having a binaural stimulation (either bilateral 
cochlear implants or bimodal stimulation with cochlear implant and contralateral hearing aid); being 
on an accelerated diagnosis and treatment pathway; having full phonetic and phonological levels; 
being subject to auditory perception test in binaural mode with words, phrases, and phonemic 
confusions (in order to verify optimal perceptual competence); having a vocal audiometric 
examination with achievement of the 50 dB HL threshold of cognition. Exclusion criteria regarded: 
having attention, concentration, and speech disorders; having a cognitive impairment; having poor 
functional gain. 

2.2 Listening tests preparation 

2.2.1 Face masks  
Three face masks were used for the preparation of the listening tests. To the aim of the present 

study, a no mask condition was also tested and was considered as baseline. Mask A and Mask B were 
selected based on their large availability on the market, being typical surgical masks and thus being 
commonly used for everyday activities. Mask C was a surgical mask that the non-profit organization 
“C.I.A.O. Ci Sentiamo”, who participated in the study and allowed for the establishment of first 
contacts with the patients, distributed among its members, who include teachers and families who deal 
with hearing-impaired children. Masks A and B have been characterized in terms of breathability and 
filtration efficiency. From an acoustic point of view, all the three selected masks have been 
characterized in terms of a sound absorption (α0) and sound transmission loss (STL). As far as α0 is 
concerned, measurements have been carried using the impedance tube two-microphone technique in 



 

 

agreement with ISO 10534-2 (9) and ASTM E1050-19 (10), allowing for accurate measurements in 
the whole frequency range of interest, i.e., 100-5000 Hz (9). With respect to STL, measurements were 
based on the application of the standard ASTM 2611-09 (four-microphone technique) (11).  

All the results related to the filtration and acoustic properties of the selected masks are shown in 
the Results paragraph.  

2.2.2 Speech material and speech intelligibility assessment 
To assess speech intelligibility in an accurate way, the structure of the simplified Italian Matrix 

Sentence Test (12) has been used. Based on a 7x3 matrix of words (i.e., a number, an object, an 
adjective), syntactically correct but semantically unpredictable sentences were randomly built and 
administrated to the listeners. The words of the sentences were simple, of common use and easy 
understandable even for young children, who are subjects not having a huge vocabulary knowledge 
yet. An example of a sentence is "Quattro matite rosse" meaning “Four red pencils”.  

Each three-words sentence was evaluated in terms of speech intelligibility, i.e., as percentage of 
correctly understood words overall.  

2.2.3 Acoustic conditions  
As hearing-impaired subjects wearing a cochlear implant are subject to a modification of the 

acoustic field in which speech communication takes place, e.g., minimization of reverberation and 
background noise reduction, the objective of this study was to understand the extent to which 
significant signal-to-noise-ratios (SNRs) could influence speech intelligibility while a talker is 
wearing different types of face masks. Therefore, three levels of SNRs were considered and consisted 
in 0 dB, +5 dB and +10 dB. To have a baseline to which results could be compared, a no noise 
condition corresponding to a quiet configuration was also tested. 

As far as the noisy conditions are concerned, i.e., the conditions in which SNRs were fixed, the 
noise convolved with the speech material was a multitalker babble noise that was measured in a typical 
primary school Italian classroom. The reason to select this type of noise is that it is realistic and 
includes not only energetic but also informational content, which turn into one of the most challenging 
sources of masking to be faced in everyday acoustic scenarios (13).  

2.2.4 Stimuli convolution   
Sentences based on the speech material by Puglisi et al. (12) aforementioned described were 

convolved with the noise condition (i.e., noise tracks at 0 dB, +5 dB and +10 dB od SNR). To do this, 
it was adopted an additive technique using the software Praat, so that the fixed SNRs could be easily 
fixed. The effect of the face mask provided to the speech produced was accounted for in the experiment 
as the sentences were recorded in the anechoic room of the Applied Acoustics Laboratory of 
Politecnico di Torino using a Head and Torso Simulator (HaTS, model 4128-C by Brüel & Kjær), 
which was used as artificial mouth that was equipped with the masks. A calibrated class-1 sound level 
meter was then placed 1 m far from the mouth in order to acquire the speech signal filtered by means 
of the masks. According to the test length given in Puglisi et al. (12), which corresponded to 14 
sentences produced under the same acoustic condition in order to obtain reliable results, a first set of 
14 sentences x 4 noise conditions (i.e., no noise, 0 dB SNR, +5 dB SNR, +10 dB SNR) x 4 mask 
conditions (i.e., no mask, Mask A, Mask B, Mask C) was prepared. As the length of the tests was 
challenging for the subjects involved, a subset of 10 sentences was extracted from the original dataset 
in order to shorten the trial and allow the children for a higher concentration rate to be maintained. A 
statistical analysis was conducted to compare the results, which highlighted a perfect match between 
the ones obtained with the long (14 sentences x 4 noise conditions x 4 mask conditions = 224 sentences 
overall) and with the short (10 sentences x 4 noise conditions x 4 mask conditions = 160 sentences 
overall) versions of the test. Therefore, all results were considered together.  

2.3 Listening tests administration 

Table 1 summarizes all the conditions tested. A free online survey model named Qualtrics was used 
to create and administer the lists of the listening tests. Subjects, indeed, were tested remotely due to 
Covid-19 and accessibility reasons. They accessed a Zoom call together with their parents who 
handled the first steps of the test. Then, they were instructed by the experimenter on the test procedure. 
As a general rule, lists were presented in a randomized mode to all the subjects, so that biases due to 
the test order could be avoided.  

The following steps were taken within each administered listening test: 
1. Test instruction > the experimenter instructs the subject in presence of her/his parents on the 

test procedure and makes sure that the environment in which the test takes place is as quiet as 



 

 

possible and free from sources of noise (e.g., television, radio, chatting, household appliances); 
2. Cochlear implant setting (valid only for the EG) > the experimenter informs the subject to set 

the cochlear implant in “Roger mode”, that is, with the microlink FM device set to the mode 
defined and suggested by the Martini Hospital Audiology Centre to perform the test comfortably. 
Such condition is essential to isolate acoustically the listener from the external environment; 

3. Training step > preliminary phase to make the subjects familiarize with the speech material and 
with the test procedure. It consisted in a trial with a similar structure to the rest of the test, made 
of an 8-sentences list presented in the no mask condition. Such sentences were further divided 
into subgroups of two sentences each, corresponding to the no noise, 0 dB SNR, + 5 dB SNR 
and +10 dB SNR conditions; 

4. Experimental step, part 1 > the subject listens to the sentence and repeats it aloud, exactly as 
s/he understands it. The experimenter then takes note of the correctly understood words and 
assigns a 0 or 1 value whether it was wrong or correct, respectively. Please note that reporting 
a word in singular when it was plural, or feminine when it was masculine, was considered as an 
error; 

5. Experimental step, part 2 > after repeating the sentence aloud, the subject has to assess the 
degree of difficulty that s/he experienced right before. It is considered as the self-evaluation of 
the difficulty in listening and understanding the sentence, and it is evaluated on a 5-points 
colored scale (green > no difficulty at all; red > very high difficulty). 
 

Table 1 – Tested conditions with number of subjects involved in brackets 

 No Noise 0 dB SNR +5 dB SNR +10 dB SNR 

Experimental Group (EG) 

No Mask 
14 sentences (5) 14 sentences (5) 14 sentences (5) 14 sentences (5) 

10 sentences (9) 10 sentences (9) 10 sentences (9) 10 sentences (9) 

Mask A 
14 sentences (5) 14 sentences (5) 14 sentences (5) 14 sentences (5) 

10 sentences (9) 10 sentences (9) 10 sentences (9) 10 sentences (9) 

Mask B 
14 sentences (5) 14 sentences (5) 14 sentences (5) 14 sentences (5) 

10 sentences (9) 10 sentences (9) 10 sentences (9) 10 sentences (9) 

Mask C 
14 sentences (5) 14 sentences (5) 14 sentences (5) 14 sentences (5) 

10 sentences (9) 10 sentences (9) 10 sentences (9) 10 sentences (9) 

Control Group (CG) 

No Mask 10 sentences (6) 10 sentences (6) 10 sentences (6) 10 sentences (6) 

Mask A 10 sentences (6) 10 sentences (6) 10 sentences (6) 10 sentences (6) 

Mask B 10 sentences (6) 10 sentences (6) 10 sentences (6) 10 sentences (6) 

Mask C 10 sentences (6) 10 sentences (6) 10 sentences (6) 10 sentences (6) 

3. RESULTS  
After acquiring the data and completing the tests for all participants, a statistical analysis was 

carried out. Both speech intelligibility values and subjective listening difficulty scores were 
investigated, taking into account the different noise conditions, type of mask and individual factors 
such as gender and age. Data were analyzed applying the Generalized Linear Mixed Models (GLMM) 
on the software R3.6.0 and the lme4 package. 

3.1 Face masks characterization 

Table 2 shows the outcomes of the physical characterization of the three face masks considered in 
the present study. Due to time and resources availability, Mask 3 could only be characterized as far as 
its acoustic properties are concerned. 

 



 

 

Table 2 – Face masks characteristics 

 Breathability (Pa/cm2) Filtration efficiency (%) Sound Transmission Loss (dB) 

Mask A 96 98.5 3.33 

Mask B 25 93 1.02 

Mask C Not available Not available 1.15 

 

3.2 Effect of face masks on speech intelligibility under different noise conditions 

Figure 1 reports the outcomes of the listening tests in terms of speech intelligibility mean values 
and standard errors across subjects. They are shown separately under each experimental condition 
related to the type of mask and noise.  

 

 
Figure 1 – Mean values of speech intelligibility and related standard errors reported as error bars. Colored 

circles (●) are for Experimental Group (EG) and empty circles (○) are for Control Group (CG) results 

 
Under the less challenging acoustic scenarios, i.e., under the no noise and the +10 dB SNR 

conditions, EG subjects performed similarly to the CG subjects and generally very good, as they 
exhibited an average speech intelligibility value above 0.8 (which means 80%). As expected, overall, 
CG performed better than EG. Indeed, outcomes of the GLMM analysis show the higher complexity 
in facing speech intelligibility challenges under realistic acoustic scenarios for subjects that wear a 
cochlear implant. The probability of correctly recognizing a word (PCR) among the participants of 



 

 

EG was 86% less than the one in CG (OR = 0.14, p < 0.001). Considering the effect of the mask type, 
SI was lower under Masks A and B with respect to the no mask condition, with PCRs of 40% (OR = 
0.60, p < 0.001) and 37% (OR = 0.63, p < 0.001) lower, respectively. The use of Mask 3, instead, 
although degraded the quality of speech and thus speech intelligibility, had a minor impact that 
brought to exhibit no statistically significant differences from the no mask condition. 

As far as the noise condition is concerned, the no noise condition allowed for higher speech 
intelligibility values, as expected. PCRs for SNR of +10 dB, +5 dB and 0 dB, were 70% (OR = 0.30, 
p < 0.001), 85% (OR = 0.15, p < 0.001) and 96% (OR = 0.04, p < 0.001) lower than in the quiet 
condition, respectively.  

 

3.3 Effect of face masks on listening difficulty under different noise conditions 

Similarly to the previous analysis, Figure 2 reports the outcomes of the listening tests in terms of 
listening difficulty mean values, which may vary between 1 and 5, and standard errors across subjects. 
They are shown separately under each experimental condition related to the type of mask and noise.  

 

 
Figure 2 – Mean values of listening difficulty and related standard errors reported as error bars. Colored 

circles (●) are for Experimental Group (EG) and empty circles (○) are for Control Group (CG) results. 

Values on the y-axis correspond to the degrees of perceived difficulty: 1 – no difficulty at all, 2 – very low 

difficulty, 3 – slight difficulty, 4 – high difficult, 5 – very high difficulty 

 
Using the same strategy, data on listening difficulty were analyzed. Listeners belonging to the EG 

experienced more LD compared to the one of the CG (p < 0.001). Furthermore, in relation to the type 



 

 

of masks, Mask A and Mask B resulted to be the most competitive with respect to the no mask 
condition, as they lead to higher LD values (p < 0.001), whereas Mask C did not differ significantly 
with respect to the no mask condition (p > 0.05).  

Considering the effect of noise, the no noise condition resulted to be les challenging compared to 
SNR of +10 dB (p < 0.001), SNR of +5 dB (p < 0.001) and SNR at 0 dB (p < 0.001). Furthermore, 
LD values in such no noise condition resulted to be not statistically different between EG and CG 
subjects. 

 
Possible solutions to account for all the premises at the same time, that are, the need of improving 

speech intelligibility towards children with hearing-impairment under realistic acoustic scenarios and 
the need of reducing the spreading of Covid-19 infections, are needed. So far, studies have proposed 
the use of face shields and see-through prototype masks, as they are effective in allowing for lip-
reading (14, 15). However, they are not easy to be found and used in everyday practice. This study is 
thus a step forward to acknowledge the importance of accounting for the combined effect of personal 
behaviors (e.g., wearing face masks to protect the society) together with environmental modifications 
to support the speech communication process. Indeed, increasing SNR in the environment is an 
effective strategy to increase speech intelligibility. Although this objective can be reached because of 
the setting of the cochlear implant, it is also a design challenge for researchers and professionals in 
acoustics who should guarantee an adequate acoustic environment where everyday activities take 
place, thus the control of reverberation and noise is essential. 

4. CONCLUSIONS 
The aim of this study was to assess speech intelligibility in hearing-impaired young subject, 

equipped with cochlear implants. Twenty subjects, divided into an experimental group of 14 children 
and a control group of 6 normal hearing children, were recruited. A specific listening test according 
to the requirements of this project was built. The participants were able to carry out the test remotely 
using a device and an internet network. This strategy allowed to overcome the limitations imposed by 
the pandemic rules and thus to collect data even without the possibility of performing the test in 
presence. In addition, the difficulty of listening was measured in order to have a subjective evaluation 
about speech comprehension in competitive acoustic scenarios. 

The results extracted from this experiment showed that speech intelligibility is influenced by many 
factors and varies depending on the acoustic conditions in which the auditory stimulus is presented to 
the listener. The specific effects of noise and masks on speech intelligibility are summarized below: 

 
1. Effect of face mask > considering the mask condition, data confirmed that masks play an 

essential role in communication. The no mask condition proved to be the one with higher SI 
values, as expected. A correlation between the type of masks and their intrinsic characteristics 
was found, considering STL and filtration efficiency. Using Mask A and Mask B, lower SI 
values are obtained and a correspondent higher listening difficulty is shown. Conversely, Mask 
C provides SI and LD values that are comparable to the no mask condition. In fact, it apparently 
had the least impact on speech comprehension and, therefore, this can be considered as the most 
suitable for the teacher to wear. Thus, it is advisable for teachers to use masks with the same or 
similar features of Mask C; 

2. Effect of noise (valid only for the EG) > in the no noise condition, i.e., the less competitive 
acoustic scenario, SI was always above 90% and results from EG and CG were significantly 
different. Under the different SNR conditions, the presence of noise at all the levels 
significantly degraded speech intelligibility, which also turned into higher (worse) listening 
difficulty. The +5 dB SNR condition was characterized by a mean SI of about 70%, a fairly 
satisfactory value and still acceptable within a classroom. Therefore, a possible strategy to 
support the design of classrooms in order to make them adequate for several listeners, e.g., 
young subject with cochlear implants or hearing impairment in general, can be to emphasize 
this aspect at a designing and everyday use stage. 
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ABSTRACT 

An open-plan office can be organised into zones, in which different activities can take place (focused 
individual work, collaborative work, phone communication...) The ISO 22955 (2021) standard recommends 
acoustic attenuation values between zones that varies according to the activity of the emitting zone (which 
influences the noise emitted by the occupants of this zone) and that of the receiving one (in which the 
necessary concentration may vary). 
The objective of this study was to evaluate the relevance of these target attenuation values. 32 participants 
who had to carry out a focused individual activity (writing a press review) were submitted to two types of 
noise environment (representing the noise emitted from a breakout area or that coming from a an area where 
people mainly have telephone conversations), at four signal-to-noise ratios (in relation to the own noise of 
the reception area). The exposure time was approximately 35 min, and participants completed questionnaires 
on their perception of the noise environment, cognitive fatigue (MFI) and mental workload (ICA). 
The presentation will show the results of this experiment and the practical consequences for the target values 
of the ISO 22955 standard, in the case of these two disturbing noises. 
 
 
Keywords: open-plan offices, noise annoyance 

1. INTRODUCTION 
Service economy, which is defined as the growth in the share of services in a country's overall 

production, is a phenomenon that has been very present in France for several decades and is tending 
to become widespread in Europe and throughout the world. This phenomenon is reflected in a 
significant increase in the number of large open-plan offices, which have the merit of encouraging 
exchanges between departments and communication between company employees. Nevertheless, this 
type of workspace layout has its drawbacks, notably the fact that it leads to noisy environments, in 
which conversations at workstations spread to the entire work area and which can ultimately prove to 
be deleterious to concentration, generate cognitive fatigue in the medium term and, in the long term, 
lead to problems of stress, sleep disorders etc. 

The evaluation of the quality of the sound environment in open-plan offices is therefore a major 
issue in terms of occupational health and is a priority issue from the point of view of prevention. The 
acoustic quality of a working environment is complex to determine because it needs to take into 
account the perception of employees, which depends on individual factors. Nevertheless, there are 
physical factors, linked in particular to the acoustic quality of the premises, and human factors which 
can be clearly identified. Their effects can be estimated using acoustic measurements or questionnaires. 
For this purpose, ISO 22955 was drafted and published in 2021.     

The quality of the open-plan office environment can be assessed using this standard. It proposes 
two approaches, depending on whether a single activity is carried out in the office or whether several 
activities coexist there. In the first case, the standard recommends the use of indicators to characterise 
the acoustic quality of the room - the measurement of these indicators being defined by ISO 3382-3 
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(2021) - and the average acoustic level during activity. It also provides values for these indicators 
according to the activity carried out. In the second case, it proposes a new indicator - the attenuation 
of the A-weighted level of speech, noted DA,S - to be used between the closest stations of two 
neighbouring activities that interfere in the same office. The standard also proposes target values for 
DA,S depending on the two activities (one being considered as disturbing the other one). The method 
for estimating the target values is based on the idea of liveliness within activities [1]. In this paper, 
we propose an alternative approach based on the laboratory assessment of annoyance, cognitive 
fatigue and workload during the performance of a press review task as a function of the signal-to-
noise ratio between the two activities in the disturbed area. 

 

2. EXPERIMENT 
This experiment took place in the semi-anechoic room of LVA (in Lyon). Participants were asked to carry 

out an office task while being submitted to a noise during 35 minutes.  

2.1 Participants 

Thirty-two people (18 women, 14 men), recruited by an external company, took part in the 
experiment. The average age was 41 years and ranged from 18 to 65 years. The participants had at 
least a bachelor's degree and declared that they had no hearing loss. 

2.2 Sound stimuli 

Sound stimuli were made of a mixture of two types of noise. One was constant in all conditions. It 
represented the noise from a quiet area, in which people do a personal focused work. This noise was 
made of a quiet ventilation hum, plus some sounds representing the use of computers keyboards and 
mouses. 

Two other noises were used. The first one represents sounds which can be heard from a breakout 
area, i.e. lively discussions. It was created from internet samples. The second one was recorded by 
INRS in a call center; it is made of “half-conversations” held in a more even tone.  

Each of these latter two noises was mixed with the “quiet area” noise, after being filtered in order 
to have a similar long-term average speech spectrum. Four different signal-to-noise ratios were used:    
-6, -2, +2 and +6 dB. The presentation level of the “quiet area” noise was fixed to 41 dB(A). As a 
consequence, the overall level of each mixture varied from 42 to 48 dB(A). 

2.3 Procedure 

The experiment was carried out in groups of 4 people, in the semi-anechoic chamber of the 
Acoustic Vibration Laboratory of INSA Lyon (figure 1). Each group came for two half-days (morning 
or afternoon to respect circadian rhythms). Four tables were set up around an omni-directional source 
on the floor. 

 

Figure 1: Experimental set-up. 

 

Over the course of half a day, participants were exposed to one of two sound mixtures for 35 minutes for 
each signal-to-noise ratio. 



 

 

 

For each condition, they were asked to write a press review based on newspaper extracts relating to a 
specific recent theme (a different theme for each condition). They were informed that they would be asked 
to fill a multiple choices questionnaire later, in order to keep them involved in the task. At the end of each 
exposure, they were also asked to answer several questionnaires: 

- A French version of the Multidimensional Fatigue Inventory questionnaire [2,3]. 
- A questionnaire adapted from the ICA (Individual – Charge – Activity) [4,5]. 
- An evaluation of three characteristics of the noise they experienced during the last exposure (loud, 

tiring, annoying), thanks to three Likert scales (8 points). 
 

2.4 Results 

 
Results will be presented during the conference. Preliminary ones show that, as an example, the 

increase of mental fatigue with signal-to-noise ratio is greater for the “breakout noise” than for the 
“callcenter noise” (figure 2). 

 

Figure 2: Relation between signal-to-noise ratio and perceived mental fatigue, for the two types of noise 

(mean values in their 95% conf. int.) 

 

3. CONCLUSION 
The difference between the two noises appeared after a short exposure time (35 mn). They can be expected 

to be much higher in the case of a full working day exposure. Thus, the approach proposed by ISO 22955 
standard seems meaningful. But this study could be used to adjust the signal-to-noise ratio targets mentioned 
in that standard. 
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ABSTRACT 

Offices should ensure speech privacy to maintain work concentration and efficiency. However, the open plan 

office can affect the worker by spatial characteristics noise, which can hinder speech privacy. On the other 

hand, office partition is used for privacy between workers. However, office partitions of less than 1.5m do 

not have speech privacy. Therefore, by changing the arrangement method of the 1.5m office partition, to find 

the arrangement method of office partition which helps to ensure speech privacy in an open plan office. A 

Survey was conducted on 115 employees of the actual open-plan office to investigate the office partition 

arrangement method. As a result of the survey, the representative office partition arrangement method was 

confirmed as face-to-face, cross, orthogonal, and parallel. The class of speech privacy was confirmed by the 

single numerical evaluation value presented in ISO 3382-3 for the four arrangement methods. The 

experimental results show that the arrangement method of office partition which is advantageous for ensuring 

speech privacy is the cross arrangement method, and the arrangement method of office partition which is 

disadvantageous is the face-to-face arrangement method. The direction of the workers was considered to have 

the greatest influence. Therefore, it is considered that if the direction between workers is changed by the 

arrangement method of office partition at the open plan office, it will help to ensure speech privacy. 

 

Keywords: speech privacy, open plan office, office partition, office partition arrangement method 

1. INTRODUCTION 

As the importance of communication and collaboration among members is emphasized in modern 

society, the working environment of the office is gradually changing into an open plan office.  However, 

the noise generated in the open plan office is pointed out as a problem (1). The office is increasing 

the number of noise sources such as computers, information, communication equipment, and various 

equipment, so solving the noise problem is considered an important issue.  Especially in the case of 

offices, the concentration and efficiency of work should be guaranteed (2). However, in the case of an 

open plan office, noise transmission can affect work by spatial characteristics. In this regard, there is 

an independent international standard (ISO 3382-3) related to the sound measurement of the open plan 

office (3). 

Workers are influenced by the height of office partitions, the sound absorption coefficient 

according to the material, and the arrangement method.  The height of office partitions used in the 

office is generally 1.2m, 1.5m, and 1.8m high office partitions.  The 1.2m high office partition is 

similar to eye level of the worker in the seat, so the view is blocked to some extent.  Therefore, it is 

commonly used in open plan offices to ensure visual privacy. On the other hand, the 1.5m high office 

partition is equivalent to eye level of an upright adult, so it can actively block gaze from the outside. 

The 1.8m high office partitions completely ensure visual privacy because to exceed the average eye 

level of upright adults (4,5). In recent years, office partitions of various materials using aluminum and 

wood have been released and used in offices for various purposes.  The arrangement method of office 

partition is changed according to the nature of the office and is used differently according to needs.  
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Therefore, the appropriate arrangement method of office partition which can increase speech 

privacy in the open plan office is derived through the experiment.  To find out the arrangement method 

capable of ensuring speech privacy in the open plan office by proceeding with the office partition 

arrangement method experiment through the space which is similar to the open plan office.  

2. RESEARCH METHOD 

To select the arrangement method of office partition, a survey was conducted on 115 actual open 

plan office workers. The representative four arrangement methods identified through the survey are 

shown in Figure 1. The four arrangement methods identified by the survey were cross, face-to-face, 

parallel, orthogonal, and the most common was the face-to-face arrangement. 

Figure 1 – Arrangement method of office partitions. 

 

The height of the office partition is also important for ensuring speech privacy at the open plan office. 

The survey found that the most frequent workers used 1.2m office partitions.  However, at least 1.5m 

should be guaranteed to ensure speech privacy (6). However, in the case of 1.8m high office partitions, 

visibility blocking between workers is severe, which tends to harm the advantages of the open plan 

office. Therefore, the experiment was conducted using a 1.5m high office partition. The specification 

of the office partition used in the experiment is shown in Table 1. 

  

  

a) Face-to-face b) Orthogonal 

  

c) Cross d) Parallel 

Table 1 – Information of the office partition. 

Size of single panel width 1.2 m / height 1.5 m 

Thickness 
45 mm 

(2.5mm fabric, 2.5mm sponge pad, 40mm wood pad ) 

Type PVC, sound absorption type 

Finishing material thin sponge pad covered with fabric 

Picture 

 



 

 

The equipment and measurement information for the experiment are shown in Table 2. For the 

experiment, the measurement location was used as a lecture room of C university similar to the 

specification of the mid-scale open plan office. The specification of the measurement location is 

shown in Figure 2. 

 

Figure 2 – Measurement location information 

 

The experiment was conducted based on ISO 3382-3 to measure speech privacy according to the 

partition arrangement method. Five sound receiving points were set according to ISO3382-3 and 

proceeded two times in the forward direction (Line1) and reverse direction (Line2).  In the case of the 

sound receiving point, it uses only the sound receiving point located within 2m~16m of the sound 

source. The sound pressure level and background noise level of pink noise were measured at a 1/1 

octave band (125 Hz ~ 8,000 Hz). The measurement time was 10s and the straight measurement path 

was measured only. The single numerical evaluation value by ISO3382-3 is as follows. 

 

1) Distraction distance – rD 

2) Spatial decay rate of A-weighted SPL of speech – D2,S 

3) A-weighted SPL of speech at 4m – Lp,A,S,4m 

4) Average A-weighted background noise level – Lp,A,B 

5) Privacy distance – rP, STI 

Table 2 - Measurement information. 

Finishing material  
side wall-fabric tile, ceiling-exposed concrete,  

floor-decoration tile 

Measurement equipment 

signal play : laptop 

signal amplification : Inkel, CPA-240 

sound source : omnidirectional speaker 

SPL measurement:  

precision sound level meter  

(XL2, B&K type 2270) 

Sound source 
output level : 57.3 dB(A) 

signal : pink noise 

Installation height 
sound source : 1.2 m 

receiver : 1.2 m 



 

 

3. EXPERIMENT PROGRESS AND RESULTS 

The spatial distribution curve of the office partition arrangement method line 1along ISO 3382-3 

is the same as shown in Figure 3. The single numerical evaluation value measured by ISO 3382-3 is 

the same that of Table 3. 

 

    

a) Face-to-face b) Orthogonal 

    

c) Cross d) Parallel 

Figure 3 - Spatial distribution curves by arrangement method (Line 1). 

 

Table 3 - Single numerical evaluation value by ISO3382-3 (Line 1). 

Arrangement method rP[m] rD[m] D2,S[dB(A)] Lp,A,S,4m[dB(A)] 

Face-to-face  51.7 15.6 1.6 49.6 

Orthogonal  44.8 13.6 2.3 49.2 

Cross 33.7 10.2 1.5 49.2 

Parallel  36.3 11.3 2.4 50.1 

 

The single numerical evaluation value calculates based on the acoustic measurement.  D2,S (spatial 

decay rate of A-weighted SPL of speech) and Lp,A,S,4m (A-weighted SPL of speech at4m) are calculated 

as sound pressure level received at the sound receiving point based on the output level of the sound 

source. rD (distraction distance) is a point where the STI (sound transmission index) is 0.5, and rP 

(privacy distance) is calculated by the distance of the point where STI is 0.2.  As a result of comparing 

the single numerical evaluation value, all single numerical evaluation values were measured as the 

lowest in the cross arrangement method. 

The spatial distribution curve of the office partition arrangement method line 2 along ISO 3382-3 

is the same as shown in Figure 4. The single numerical evaluation value measured by ISO 3382-3 is 

the same as that of Table 4. 

 



 

 

    

a) Face-to-face b) Orthogonal 

 

    

c) Cross d) Parallel 

Figure 4 - Spatial distribution curves by arrangement method (Line 2). 

 

Table 4 - Single numerical evaluation value by ISO3382-3 (Line 2). 

 

As a result of comparing the single numerical evaluation value, rD (distraction distance) and rP 

(privacy distance) were measured as the highest in the face-to-face arrangement method. In the cross 

arrangement method, the single numerical evaluation value showed that the lowest values were D 2,S  

(Spatial Decay rate of A-weighted SPL of speech), Lp, A, S,4m (A-weighted SPL of speech at 4m).  

 

Table 5 - Acoustic classification and target values of open-plan offices. 

 

 

 

 

 

 

 

The proposed class for a single numerical evaluation value of ISO 3382-3 was shown in Table5. 

To ensure speech privacy, the result of viewing the single numerical evaluation value by arrangement 

method of office partitions as the class proposed by Virjonen et al. is shown in Table 6 (7,8). 

 

Arrangement method rP [m] rD[m] D2,S[dB(A)] Lp,A,S,4m [dB(A)] 

Face-to-face 73.1 21.3 1.7 49.6 

Orthogonal  29.5 10 2.3 49.2 

Cross 35.2 11.8 1.5 49.2 

Parallel  27.1 10.1 2.2 50 

Class rD[m] D2,S[dB(A)] Lp,A,S,4m [dB(A)] 

A <5 >11 <48 

B 5 to 8 9 to 11 48 to 51 

C 8 to 11 7 to 9 51 to 54 

D >11 <7 >54 



 

 

Table 6 - Acoustic classification and target values of open-plan offices. 

 

 

In all arrangement methods, D2,S (Spatial Decay rate of A-weighted SPL of speech) and Lp, A, S, 4m 

(A-weighted SPL of speech at4m) showed the same class. Therefore, the class classification by the 

arrangement method was done through rD. In Line 1, only the cross arrangement method showed a 

high class, and all other arrangement methods showed a lower class than the cross arrangement method. 

In Line 2, only the face-to-face arrangement method showed a low class, and all other arrangement 

methods showed a higher class than the face-to-face arrangement method. As a result of the 

experiment by changing the arrangement method of office partition under the same conditions, the 

cross arrangement method was advantageous for ensuring speech privacy and the face-to-face 

arrangement method was disadvantageous for ensuring speech privacy. 

4. CONCLUSIONS 

To ensure speech privacy at the open plan office, the ISO3382-3 was observed by different 

arrangement methods of office partitions. The conclusion of the experiment is as follows.  

 

1) As a result of the experiment according to ISO 3382-3, the arrangement method of office 

partition which is advantageous for ensuring speech privacy is the cross arrangement method, and the 

arrangement method of office partition which is disadvantageous is the face-to-face arrangement 

method. 

 

2) By changing the arrangement method of office partition, it is possible to change the distance, 

direction, etc. among workers. Therefore, it is expected to ensure speech privacy by providing 

sufficient distance between workers and changing the direction by using office partitions at the open 

plan office. 

 

The difference in speech privacy was experimented with according to the arrangement method of 

office partition in the open plan office. The experiment was conducted by changing the arrangement 

method in an environment similar to the open plan office using the actual office partition.  Therefore, 

if the arrangement method used in the experiment is applied to the actual open plan office, it can help 

the workers to ensure speech privacy.  

However, since the results are compared by the arrangement method by the class proposed by 

Virjonen et al., there may be differences between the data measured by the actual office or the 

subjective results. Therefore, if the actual experiment is conducted by applying the same research 

method in the actual open plan office, it is considered that the arrangement method of office partition 

for ensuring speech privacy of office workers can be presented as a guideline.  

 

 

 

  Arrangement method rD[m] D2,S [dB(A)] Lp,A,S,4m [dB(A)] 

Face-to-face 
Line 1 D D B 

Line 2 D D B 

Orthogonal 
Line 1 D D B 

Line 2 C D B 

Cross 
Line 1 C D B 

Line 2 C D B 

Parallel 
Line 1 D D B 

Line 2 C D B 
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Sang Hee Park, Hye-Kyung Shin and Kyoung-Woo Kim 
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ABSTRACT 

A transactional model is a psychological framework developed by Lazarus and Folkman (1). As 

Figure 1 illustrates, the model describes how individuals' stress and coping interact. The model 

emphasizes the significance of interaction that the person, situation, and environment have with stress 

and coping. It also highlights the importance of primary and secondary appraisals. Adopting the 

transactional model, the present study aimed to assess the relationship between acoustic perception 

and work performance of employees in open-plan offices. The study carried out in-depth interviews 

with employees who work in open-plan offices in South Korea. 

 

 

Figure 1 – The transactional model suggested by Lazarus and Folkman 

 

The study utilized the method of grounded theory. The interviews were conducted until the authors 

were confident that no more new findings could be obtained (2). The authors collected the data and, 

at the same time, synthesized and conceptualized the data. The data were interacted with the emerging 

ideas and led to further interviews (3). The interview transcripts were manually coded. The codes were 

developed into conceptualized ideas. The authors grouped the conceptualized ideas with descriptive 

labels (i.e. concepts). The concepts were then developed into a model showing the paradigm (Figure 2). 

The paradigm includes causal conditions, phenomena, strategies, and consequences. It shows 

intervening and contextual conditions that have impacts on strategies. When developing the paradigm, 

the authors probed appraisals and coping, and the interactions with person, situation, and environment. 

 

 

Figure 2 – Coding paradigm of the grounded theory method 
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In the presentation, the findings of the study will be described as follow (Figure 3). First, regarding 

noise exposure as an environmental stressor in the transactional model, it introduces noise events that 

employees are likely to be exposed to in open-plan offices. Second, it describes appraisals when 

individuals are exposed to noise in their offices. Third, it presents coping strategies that employees 

take when they are exposed to the stress events (i.e. noise exposure) in the office. Also, the coping 

strategies are classified into groups. Fourth, it discusses how person, situation, and environment 

intervene with the stress responses. Lastly, work performance (4,5) was assessed as one of the effects 

that can be derived from the coping strategies. How the work performance again has impacts on the 

appraisals and coping is also discussed. 

 

 

Figure 3 – Grounded theory of noise exposure in open-plan office: explained by the transactional model 

 

The study adopted the theoretical framework of the transactional model (1). Besides, the data were 

collected and analysed using the grounded theory methods (2,3). It yielded various intervening and 

contextual conditions that have impacts on one’s stress response. Moreover, it also focused on how 

employees’ work performance was affected by the noise exposure and how individuals’ work 

performance again influenced one’s stress response. The presentation concludes with general 

discussions, limitations of the study, and future research possibilities. 

 

Keywords: Acoustic perception, Work performance, Transactional model, Grounded theory 
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ABSTRACT 
The irrelevant sound effect (ISE) is a well-established paradigm describing auditory distraction in relation to 
task-irrelevant background noise (speech and non-speech sounds), based on serial recall task performance. 
For characterising the ISE within open-plan office (OPO) acoustic simulations, a crucial aspect includes 
exploring the variation in the ISE interlinked with the plausibility of such simulations. This study compares 
the ISE between monaural (typical in previous studies) and binaural (reproducing interaural differences) 
headphone-based simulations, with each simulation including either irrelevant non-speech sounds only, or 
both irrelevant non-speech sounds and speech. The irrelevant non-speech sounds represented typical OPO 
activities, with the irrelevant multi-talker speech presented in either the participants’ native language or in a 
foreign language. Two experiments (n = 40 per experiment) were conducted across separate laboratories. The 
results show that, compared to Silence, auditory serial recall performance decreased significantly only in 
conditions with native irrelevant speech and OPO activity non-speech sounds; did not vary significantly 
between the simulation modes (i.e., monaural vs. binaural); and did not vary significantly in non-speech 
sound-only conditions. These findings, especially the latter which contravenes ISE reported in previous 
studies, is discussed vis-à-vis the role of representative sound environments in OPO simulations. 
 
Keywords: Open-plan office acoustics, Irrelevant sound effect, Noise.  

1. INTRODUCTION 
The irrelevant sound effect (ISE; for both non-speech sounds and speech) describes auditory 

distraction as performance impairment in a focal task due to background noise that is irrelevant to the 
task. Herein, the presence of to-be-ignored and task-irrelevant background noise, exhibiting certain 
degree of spectro-temporal changing state, and/or with attention grabbing potential including 
unexpected deviations, has been shown to impede verbal short-term memory (STM) performance in 
serial recall tasks in several studies (reviewed in (1)). Since theoretical formulation of basic auditory 
cognition mechanisms has driven most ISE research traditionally, the acoustic stimuli used have been 
largely quite basic (e.g., spoken lists of words, letters, repeated sentences, vocoded speech, etc.) and 
with predominantly headphone-based monaural sound reproduction. This has limited resemblance to 
complex acoustic conditions such as open-plan offices (OPOs), which has been one of the major areas 
that cites findings from, and has seen several studies exploring (e.g., (2,3)), the ISE without 
extensively engaging with the broader effect of perceptual plausibility in the acoustic representation. 
This study aims to investigate the extent to which the ISE findings for serial recall are valid when the 
composition of the acoustic stimuli, and the headphone-based presentation method, provide a closer 
representation of OPO speech and non-speech sound environment compared to previous studies. Two 
experiments (Exp.I and Exp.II) were conducted to test ISE in terms of three variables: type of 
background noise, spatial presentation of stimuli, and semanticity of speech, while maintaining similar 
changing states across the experimental conditions (except silence). The main difference between the 
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experiments was the speech used, which was in either native (German; Exp.I) or non-native (Hindi; 
Exp.II) language for the participants. 

2. METHODS 
Each experiment had five acoustic conditions that were presented over headphones (Table 1). These 

conditions included Silence (i.e., no sounds excepts steady-state heating, ventilation, and air-
conditioning (HVAC) noise); monaural presentation (i.e., same signal to each ear) of background non-
speech sounds only (i.e., no speech, hereby referred to as ‘sounds’) referred to as MonoS, and 
background sound and speech referred to as MonoSG or MonoSH depending on whether the speech was 
German (G) or Hindi (H); and binaural presentation (i.e., with interaural differences) of background 
sounds referred to as BinS, and background sounds and speech referred to as either BinSG or BinSH (i.e., 
with German or Hindi speech).  

The monaural conditions represent the ones that have been more common in previous research 
where the same audio signal is presented in both headphone channels (often incorrectly referred to as 
‘binaural’) with generally no interaural difference and/or spatial cues. Note that the actual acoustic 
content was more representative of OPO environments compared to previous studies. The binaural 
conditions in the current two experiments included spatialized sounds in anechoic conditions, i.e., no 
room reflections were simulated. 

Table 1 – Key acoustic and psychoacoustic metrics for the experimental conditions Exp.I and Exp.II. 

Levels reported are power-summed LA,eq,1 min values for left and right ears. FDCC (frequency domain 

correlation coefficient) and FS (fluctuation strength) are described in section 2. HVAC: heating, ventilation 

and air-conditioning. 

Experimental condition Overall SPL (dB) FDCC FS (vacil) 

1. Silence: HVAC noise only 41.5  0.94 0.32 

2. Monaural sounds 55  0.52 1.04 

3. Monaural sounds + speech 55  0.54 0.85 

4. Binaural sounds 55  0.47 1.31 

5. Binaural sounds + speech 55  0.51 1.02 
 

2.1 Audio for monaural and binaural conditions 
Pink noise shaped with a -5 dB/octave decay was used as air-conditioning noise (4,5), presented 

at LA,eq,1min of 41.5 dB (power sum of left and right ear values), which represents modern air-
conditioning systems in OPOs (6) well below the recommended masking noise level of approximately 
45 dB (7).  

Non-speech sounds included a diverse set of anechoic sounds representing typical activities during 
working hours in OPOs including those from use of furniture, keyboard and mouse and other 
stationery items at workstations, and printer operation; and relatively infrequent phone rings, footsteps, 
door opening and closing, and elevator bell. These sounds were arranged as a continuous sequence 
where utmost care was taken to avoid repetitive patterns. 

In the monaural conditions, the sounds were presented without any spatial separation between 
sources, wherein sounds seem to originate from straight ahead for the participants. In the binaural 
conditions, the sounds were spatially spread according to their source location in a simulated room 
(267.3 m3; W × L × H: 9 m × 11 m × 2.7 m) modelled in Sketchup and auralized within RAVEN (8). 
The overall presentation level of the conditions, except silence, was LA,eq,1min of 55 dB (Table 1).  

The multi-talker speech included rich content and where each talker represented one side of a 
telephone conversation (i.e., a halfalogue) at a workstation, which is a common scenario in OPOs 
(9,10). Four native German talkers (2 F) and two native Hindi talkers (1 F) volunteered for the speech 
recordings. Each session included a pair of talkers having unscripted conversations on a variety of 
everyday topics (e.g., vacations, work, movies, etc.) that was recorded using headset microphones per 
talker (32-bit, 44.1 kHz sampling rate) in a hemi-anechoic room. Per experimental condition, 
contiguous segments from four different voices (2 F) were arranged into 4-channel files where two 



 

 

talkers were simultaneously active at any time (based on (3)). The order of active talkers was 
algorithmically randomized. Besides preserving the natural pauses while speaking, a variable amount 
of silence (randomized between 0 – 4 s) was introduced between the segments.  

For the binaural conditions, the randomly changing order of two simultaneous talkers meant that 
the spatial location of active talkers changed in tandem (i.e., randomly). In comparison, the spatial 
location of active talkers remained the same in the monaural conditions, although the order of active 
talkers changed randomly. Exp.I used German, and Exp.II used Hindi, multi-talker speech. 

The auralized files were imported in Adobe Audition and mixed down to a 2-channel audio file per 
experimental condition (Table 1). The headphone (Sennheiser® HD650; Wedemark, Germany) output 
per channel per sound condition was calibrated based on IEC 60318-1 (11) using an artificial ear. 

2.2 Metrics to quantify the changing state 
Two metrics are explored here for characterizing the changing state in multi-talker scenario. These 

include Fluctuation Strength (FS; (12,13)) and the Frequency Domain Correlation Coefficient (FDCC; 
(14–16)). FDCC aims to predict the ISE (specifically for short-term memory tasks) based on 
measuring the spectro-temporal characteristics in the background noise. FDCC values, calculated here 
based on (15), range from 0 – 1, with values approaching 1 exhibiting lower frequency domain 
variations averaged over time, i.e., lower changing state, and vice-versa for values approaching 0. FS 
and FDCC values for the experimental conditions show a negative relationship with each other (Table 
1), which is expected given their formulations. While FDCC values are almost the same across all 
background sound and/or speech conditions, FS shows some variation across these conditions, 
although not by much. This is interpreted as the changing state across these conditions not varying 
substantially. The Silence condition expectedly has the highest FDCC value, in fact close to 1, which 
is corroborated by the appropriately low FS value. 

2.3 Experimental procedure 
Exp.I had 40 participants (22 Female; Mean age (years) = 28.9, SD = 8.0) and Exp.II also had 40 

participants (33 F, Mean age = 21.5, SD = 6.9). Most participants were native German speakers, with 
four participants being non-native German speakers with 5-10 years of experience. 

For both Exp.I and II, the duration was approximately one hour per participant, and they were 
conducted in separate hearing booths within the authors’ respective institutes (IHTA, and School of 
Psychology). The experiment was conducted via a graphical user interface (GUI; coded in Python) on 
the computer screen. Within the GUI, the participants were presented with the experiment instructions, 
followed by performing a practice run that included three trials of the experimental task in silence. 
Each trial included performing the auditory-verbal serial recall task, which has been shown to lead to 
similar performance as the more traditional visual-verbal serial recall task (17). There were 12 trials 
within each experimental condition, i.e., each participant completed 60 trials overall. Latin square 
design was used to balance the sequence of digits across trials. Each trial included a set of eight digits 
chosen without repetition from 0-9, which were presented as spoken digits (each 0.6 s duration, and 
61 dB LA,Fmax) in German (18) over headphones, with a 1.5 s interval between each digit. Participants 
were instructed to remember the digits as they were presented and ignore the other sounds. Once all 
the eight digits were presented, there was a 6 s retention period, following by recall using the GUI. 
The participants were instructed to recall the digits in the exact order by clicking corresponding digits 
in the GUI. Once a digit was selected, it could not be selected again.    

2.4 Data analysis 
All statistical analyses were done using the software R. The same analysis method was used for 

data from Exp. I and II. For each experimental condition, the first and last trial out of the 12 trials 
were removed. For the remaining 10 trials per block, a correct response was registered for every digit 
recalled in the exact serial position of its presentation. The total number of correct responses per block 
were added (totalblock). The response variable, err% was then calculated as the percentage error per 
block, i.e., err% = 100 × ((80 - totalblock)/80).  

The repeated-measures design of each experiment was modelled as independently varying 
intercepts for the participants (random effect) in corresponding robust mixed-effects models (using 
the rlmer function from the package robustlmm (19) with the experimental condition as the 
independent variable (fixed effect), and err% as the dependent variable. Robustness of these models 
refers to minimizing the effect of any outlying values. Residuals of the respective models met 
parametric assumptions. Pairwise comparison between the experimental conditions were conducted 



 

 

using the emmeans package (20) with the Benjamini-Hochberg method for p-value adjustments.   

3. RESULTS 

 

Figure 1: Percentage of serial recall errors per condition for Exp.I ((with German (G) speech)) and Exp.II 

(with foreign speech in Hindi (H)). The value per bar shows the mean and error bars represent the standard 

error of the mean. Significant contrasts (p < .01) between conditions highlighted with horizontal lines, 

which only compare conditions within individual experiments (i.e., Exp.I is not compared with Exp.II). 
 
For Exp.I with German speech, the experimental condition was a significant main predictor of 

err% compared to the grand mean (𝜒!(4)=71.39, p<.01). Based on post-hoc analyses, compared to the 
Silence condition, there was no significant difference in the err% in conditions without native German 
speech. This included the MonoS condition (monaural sounds only; p = .11) and the BinS condition 
(binaural sounds only; p = .36). This shows there was no irrelevant sound effect for these conditions. 
The Silence condition, however, was significantly different to the two conditions with speech, with 
the MonoSG condition (monaural speech and sounds; p < .01), and the BinSG condition (binaural speech 
and sounds; p < .01). This shows an irrelevant speech effect (however, see the discussion). The BinS 
was not statistically significant to MonoS (p =.42), indicating that the spatial separation of background 
sounds did not lead to significant performance decrement compared to monaural presentation. The 
MonoS condition had significantly less errors than the conditions with speech, with the MonoSG 
condition (p < .01), and the BinSG condition (p < .01). The MonoSG condition had the highest 
percentage of errors overall, which were significantly different to errors in the BinS condition (p < .01), 
but not significantly different to the BinSG condition (p = .12), with the latter indicating no significant 
effect of spatial separation with background speech and sounds. Finally, the BinSG condition had 
significantly more errors than the BinS condition (p < .01). 

For Exp.II with foreign (Hindi) speech, the experimental condition was not a significant main 
predictor of err% compared to the grand mean (𝜒!(4)=0.82, p=.94). None of the pairwise comparisons 
between the conditions in this experiment reached statistical significance (p @ .9; not reported further). 
This experiment did not exhibit the ISE for either irrelevant speech, or irrelevant non-speech sounds. 

4. DISCUSSION 
The results from Exp.I and Exp.II are inconsistent with most previous ISE studies on two main 

points. First, with background sounds representative of OPOs, significant differences with silence 
were not found, i.e., no ISE was demonstrated, and second, significant and large performance 



 

 

decrements were found only in conditions with native speech relative to other conditions in Exp.I and 
no ISE in Exp.II with foreign speech. However, since the results seem to be driven primarily by 
semantic/meaning-based mechanisms, it is not consistent with the leading theories of the irrelevant 
speech effect such as the duplex-mechanism account (1), since studies have shown comparable short-
term serial recall performance effects for native or foreign speech (e.g., (21)), although generally 
larger effects for native speech. 

Both these results (i.e., no irrelevant sound effect, and a semantic effect in serial recall 
performance) are problematic to explain and broadly suggest that some findings of the ISE paradigm 
and the duplex-mechanism account in particular may not translate well to conditions where the 
acoustic content is more complex and moreover representative of everyday OPO scenarios. While 
there is developing evidence for an additional semantic effect beyond the interference-by-process and 
attentional capture mechanisms underlying the duplex mechanism (22,23), it is perhaps more 
appropriate to explain the current results by comparing the irrelevant background noise used in most 
traditional ISE studies and the current simulated acoustics. The irrelevant background noise used and 
its reproduction in most studies within the ISE paradigm seems overly simplistic to represent the OPO 
context. In terms of acoustic content, most ISE studies have traditionally included spoken words, 
letters, etc., assortment of sounds including tones, nature sounds, etc., and/or short repetitive 
sentences, all spoken in acoustically dry and clear (as opposed to natural/conversational) speech, 
generally by a single talker; see (1,24,25) for a summary of acoustic stimuli in previous studies. While 
such stimuli may be necessary/justified within certain study designs, they nevertheless represent 
stimuli with low ecological validity in approximating everyday scenarios such as OPOs.  

In comparison, let us consider the dynamic (in terms of talker location) multi-talker speech content 
in the current study, which can be considered as being closer to actual OPO scenes than previous 
studies for native (comparable to (2,3)) and foreign speech. The controlled combination of multi-
talker speech and non-speech sounds (e.g., OPO activity sounds and low SPL HVAC noise not 
considered in (2,3)) in the current study is unique in literature thus far and hence represent OPO 
acoustic environments better than previous studies. Besides the more representative content, the 
reproduction in the current study compared both monaural (like most previous studies, except with 
content lacking naturalistic speech) and perceptually more plausible binaural methods.  

The results show that in such a setup, and with experimental conditions with comparable spectro-
temporal changing states (as per FDCC values in Table 1), the conditions with meaningful speech 
were the only ones showing significant cognitive decline for short-term memory serial recall 
compared to silence. This was regardless of the reproduction format. In the binaural reproduction, the 
talkers’ (two active at any time) locations changed randomly to further resemble actual irrelevant 
multi-talker speech and in principle involved spatial release from (energetic) masking at least for the 
closer talkers than the ones further away from the listener, with the role of informational masking 
being harder to assess (based on (26)). While a closer examination of masking principles is not 
possible in the study design, the overall finding is that cognitive performance in the more realistic 
binaural native speech presentation did not vary significantly with corresponding monaural 
presentation. In both reproductions, the listener is likely to switch attention to halfalogues in a 
staggered manner, and in the monaural presentation, one could argue that since the SPL of the four 
talkers is comparable while in binaural presentation the SPL is lowered with talker distance (see 
section 2), there is more intelligible speech content in the monaural presentation and hence the (non-
significant) lower cognitive performance. Further, it is likely that the spatial separation of talkers 
assisted in easier segmentation and streaming of the to-be-recalled spoken digits, which could be 
partly responsible for the lower cognitive decline in the binaural presentation. However, these aspects 
are referred to as a question for further research. Moreover, the binaural presentation here used generic 
HRTFs and it is possible that with individual/individualized HRTFs, the attentional grabbing nature 
of binaural presentation could vary (27). Headtracking could further be incorporated to increase the 
naturalness of scenes, and other (loudspeaker-based) reproduction formats could be explored too.   

In Exp.II, with foreign speech that was meaningless to the participants, the results indicate that 
participants did not exhibit much cognitive decline in experimental conditions MonoSH, and BinSH 
compared to Silence (Table 1). One possible explanation offered here is that the participants were able 
to largely ignore irrelevant speech in a foreign language presented as simultaneous halfalogues while 
focusing on the spoken digits in native language, like in a cocktail-party scenario (28). This 
explanation of course is at odds with most previous ISE findings. Although it must be noted that there 
are even incongruencies in the findings across previous studies in terms of the effect of unintelligible 



 

 

speech exhibiting changing state in relation to steady-state noise. For instance, while (21) showed 
significant differences between visual-verbal serial recall performance in pink noise vs foreign 
language for the participants, another study did not show significant differences between performance 
in pink noise and variable speech-like noise (29). Both studies used acoustically ‘dry’ spoken sentence 
recordings (spoken word studies not considered here) and not naturalistic conversations, and while 
(21) reported pink noise monaural presentation SPL at 72 dB, (29) reported monaural presentation at 
55 dB(A). With such stark level differences amongst other methodological differences, it is hard to 
justify comparing these findings, and further comparing them with present findings based on complex 
and representative acoustic stimuli in OPOs. Still, the study with similar presentation level as the 
current (29) also showed that performance in the pink noise condition was not significantly different 
than condition with unintelligible and variable speech-like noise, although the FS values in the former 
condition were lower than the latter (29), which is a finding similar to current study in general. 

To summarize, given their higher fidelity to actual OPO acoustic environments, the current findings 
are presented as baseline results for future explorations of the effects of semanticity in visual- and 
auditory-verbal serial recall tasks using realistic native vs foreign speech, amongst other 
considerations. The results show that the traditional use of monaural presentation of sounds and 
speech may be slightly overestimating the cognitive decline compared to more acoustically plausible 
binaural presentation, although such differences between presentation modes were not significant, and 
a (true) binaural presentation, with or without room acoustics, is recommended in future studies 
including testing the effect of more individualized binaural (or other sophisticated) presentation 
methods. The latter may also allow answering questions related to spatial and binaural unmasking 
effects (31) in perceptually plausible settings. However, the main finding of this study involves 
suggesting a larger role of meaning of speech in cognitive processing in realistic OPO simulations 
(and perhaps similar cognitively demanding situations) even for tasks that are presumed to not involve 
semantic processing (e.g., serial recall). While larger role for semantic processing beyond attentional 
capture mechanisms is a developing theme (22,23), the current results present the most ecologically 
valid evidence yet relevance of meaning in multi-talker and multi-source environments, which may 
inform future research directions for studies of both applied and theoretical nature. From another 
perspective, the authors’ published (10) and unpublished results from a large occupant survey of OPO 
occupants clearly highlight the primacy of multi-talker intelligible speech vs unintelligible speech in 
noise-based disturbance. These subjective results are not mentioned to justify the current results, but 
merely to lay out the gap to overcome between future laboratory and in-situ findings in OPOs.  

More aspects related to the results will be discussed in the accompanying conference presentation. 
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ABSTRACT 

This study was conducted to analysis the design guidelines of Indoor soundscape environment for productive 

and comfortable OPO based on audio and visual aspects. Perceived affective quality includes perceived work-

performance, and willingness to work. Real measurement, virtual-reality technology, computer simulation, 

and auralization were applied to provide each OPO environment. Participants consisted of general adults 

with no visual or auditory problems, and they responded to the perceived affective quality questionnaire 

during experiencing OPO environments with different physical parameters, noise sources and visual aspects. 

As a result, it was confirmed that willingness to work, and work productivity were related to many indoor 

soundscape aspects, such as room acoustics, noise sources, noise sensitivity and physical parameters. In 

addition, the design guideline suggested to considered many aspects, such as classification of LP,A,S,4m: class 

A (≤ 46 dB), B (46 dB ≤456 𝑥 ≤ 48 dB), C (48 dB ≤ 𝑥 ≤ 50 dB), and D (50 dB ≥) as JND in this study found 

as 2dB. Increased comfort improved preferences, and increased content influenced perceived productivity, 

and these results can be utilized as fundamental data in the design of the sound environment for OPO. 

 

Keywords: open-plan office, indoor soundscape, human perceived 

1. INTRODUCTION 

Although the open office aims to increase the efficiency of communication within the worker group, 

it also has negative effects such as noise disturbance, which tends to impair work effectiveness and 

worker performance satisfaction [1,2]. Therefore, there are studies on acoustic design considering the 

negative effects of open offices [3-5]. 

This study proposes the object and process to be considered for the design of OPO soundscape as 

shown in ISO 3382 part 3. It discusses design elements that should be considered when designing 

OPO acoustics for job satisfaction and productivity, which are the goals of interior soundscape design. 

The results of previous studies and databases based on existing measurement, analysis, and evaluation 

of visual and auditory aspects should be combined. 

 

2. RESEARCH METHODOLOGY 

In the previous study, the audiovisual aspects of the subjects were evaluated according to the type 

of finishing material and the type of background noise for OPOs with different shapes. If the results 

are combined statistically by making a relation equation, a design model can be presented with the 

process shown in Figure 1. 

Based on the research results of our three previous sections, we were able to establish the following 

acoustic design criteria. 1) Visual aspects have a great influence on the acoustic properties, so visual aspects 

such as the ratio of the area of the window to the floor area should be taken into account to increase the 

acoustic and visual satisfaction. 2) The visual aspect improves voice privacy through audiovisual integration 

effects, so minimizing room reverberation and making the space quieter can increase job satisfaction and 

productivity. 3) Unlike reverberation, the visual aspect has different results in job satisfaction and job 

performance, so it is advisable to consider the balance between job satisfaction and job performance when 

designing OPOs. 4) Regarding noise sources, conversation and laughter have a negative relationship with 

comfort, but can have a positive relationship with job satisfaction. The sound of glasses hitting the table floor 



 

 

is negatively correlated with comfort, and the sound of mechanical fans and air conditioners limits 

understanding of conversations. 5) Satisfaction and willingness to work have a positive correlation, but there 

may be a negative correlation with productivity, and satisfaction has a positive correlation only with work 

productivity. 

Noise sources used in this study are noise sources commonly heard at work, such as conversation, laughter, 

keyboard + mouse, walking + footsteps, chair grinding, desk noise, page turning, printer + copier, knocking 

on door, water purifier, click, etc. to be. Glasses and mechanical fan+ AC. Relatively low acoustic variability 

and visual diversity are required to achieve employee satisfaction and job performance. Based on several 

parameters related to OPO, Lp,A,S,4m has the greatest impact on satisfaction and willingness to work. There 

was a significant difference in satisfaction when the change in Lp,A,S,4m was 1.4 dB or more. The class spacing 

of 2 dB was chosen considering the sound environment of the voice-sensitive OPO. 50 dB was proposed 

based on the subject's satisfaction with changes in Lp,A,S,4m. 

 

 

Figure 1. Research flow 

3. RESULT AND DISCUSSION 

3.1 Stage 1: Evaluation of room acoustic and noise environment 

Based on NC list by ANSI S12.2-2008, noise criteria (NC) for open-plan office is in the range of NC 35-
NC 40 [6]. Conversation, laughter, glass cup clinking, and mechanical fan and air conditioner are the most 
affecting noise sources to human perception of comfort and contents [5]. 

Some improvements can be reach also by evaluating the room acoustics elements such as optimized the 
ceiling and wall and floor absorption and by adding sound masking system (brown noise spectrum) at 160-
5000 Hz [7]. Satisfaction with OPO considerably varies depending on the noise sensitivity. In particular, 
strict acoustic design criteria should be applied to satisfy normal and high sensitivity [3]. 

 

3.2 Stage 2: Subjective evaluation of OPO quality based on noise sensitivities and OPO 

indicators 

In this consideration part, It can be seen in table 1 below that the open-plan office have to reach at least 

B rating to provide a comfort and productive open-plan office [7]. 

 

 



 

 

Table 1 – Open-plan office rating 

Rating D2,S [dB] Lp,A,S,4m [dB] rD [m] 

A >11 <48 <5 

B 9–11 48–51 5–8 

C 7–9 51–54 8–11 

D 5–7 >54 11–15 

E <5 - >15 

 

In addition, STI also can be a good parameter to determine a speech privacy characteristics of the 

open-plan office: 0.00-0.005 (confidential), 0.05-0.20 (good), 0.20-0.40 (poor), 0.60-0.75 (very poor), 0.75-

0.99 (no) [8]. Some physical parameters should be considered during the design planning due to many of 

them affecting satisfaction, willingness to work and task performance [4]. 

 

 

Figure 2. Indoor soundscape perception model for OPO based on Spearman correlation coefficients [4] 

 

4.    CONCLUSIONS 

A design strategy to improve open plan office (OPO) environments can be done by evaluating aspects 

that affect the open plan office, including: 

1. aspects of room acoustics and noise environment. This can be done by considering the use of materials 

on the ceiling, walls and floor. One can also set up a good table and chairs and consider the type of noise 

that will be heard later. It is also necessary to know the tolerance and sensitivity limits of the user in 

order to achieve optimal results. It is well known that the visual aspect can affect both satisfaction and 

work aspects. Therefore, when designing a workspace, a visual environment design must be developed 

that considers a balance between job satisfaction and job performance based on the needs of the 

customer. 

2. OPO quality aspect. In this aspect, the design must take into account the OPO parameters described in 

ISO 3382 Part 3, such as Lp,A,S,4m, D2,S, rD, STI, RT and D50. Each parameter has its own character, 
the most influential parameter is Lp,A,S,4m. 

3. In further studies, it is necessary to add supporting studies so that they can cover broader aspects of 

open-plan office, and also from many open-plan office cases, a formulation can be made, which can be 



 

 

used later to illustrate the degree of satisfaction and work performance based on physical data and results 

of acoustic measurements. 
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ABSTRACT 
The separation and analysis of sound sources play a key role in assessing noise exposure in work 
environments. Sound level meter analyses do not allow technicians to quantify the noise’s contribution of 
each sound source in a manifold context. This reveals a great lack of detail in plenty of cases. In office spaces, 
for example, different noise components can increase or decrease the employees’ productivity. 
Machine and deep learning provide techniques to analyze large volumes of data. A previous study proposed 
two clustering techniques, the Gaussian Mixture Model and K-means, to analyze long-term measurements of 
the working activity within offices. In the present work, the daily activity of an office is analyzed through 
unsupervised clustering techniques and a semi-supervised analysis via a Variational autoencoder model. The 
first method exploits the sound pressure levels obtained by a sound level meter. The second method exploits 
the spectrograms obtained by the digital audio recording of the same activity, to obtain more detailed 
information about the sources. 
Results show good performance of both methods to identify and separate the traffic noise from the speech 
signal. The latent space of the Variational autoencoder can be a qualitative validation tool for the clustering 
methods. 
Keywords: Offices acoustics, machine learning, noise monitoring 

1. INTRODUCTION 
The well-being of employees in offices is strongly linked to their exposure to background noise. 

Many studies showed that productivity is related to speech intelligibility [1,2]. The higher the 
intelligibility, the lower the productivity is. At the same time, noises due to the systems can be 
detrimental to intelligibility. Thus, noises in offices can be either constructive or disruptive. This 
results in the need of separating the sound sources to better understand the acoustic context 
experienced by employees. This ability can lead to a significant improvement in compliance with the 
standards as well. For instance, the new ISO 22955:2001 provides noise level thresholds based on the 
activity carried out within the offices [3].  

Previous work proposed a method to perform the separation of sound sources in real-world 
conditions by long-term monitoring working hours [4]. The study focuses on the use of machine 
learning algorithms to identify the human noise and the mechanical noise within an office. 

Blind source separation is broadly addressed by deep learning community. Many studies used 
autoencoders and variational autoencoders to perform speech enhancement and clustering of 
geophysical data [5-9].  

The present work uses both machine and deep learning approaches to separate sound sources 
through a sound level meter measurement. The goal is to measure each source assessing strengths and 
weaknesses of different methods. 

2. THEORY 

2.1 Gaussian Mixture Model 
The Gaussian Mixture Model (GMM) is a clustering technique that describes a generic distribution 

as a linear combination of Gaussian curves [10]. The assumption is that all data points are generated 
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from a mixture of Gaussian distributions. The Gaussian probability density function f(xi) of a set of 
observations x1,	…,	xn can be expressed as a sum of k Gaussian densities fk(xi,	µk,	𝜎!"): 

𝑓(𝑥#) ≅ 	∑ 𝜋!𝑓!(𝑥# , µ! , 𝜎!"$
!%& ). 

Where πk are the mixing proportions, non-negative quantities that sum to one. 
The likelihood function for a mixture model with K univariate normal components is: 
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In this study, the GMM uses the Expectation-Maximization algorithm to fit the original distribution. 

2.2 K-means clustering 
The K-means (KM) clustering algorithm is an iterative method which aims to minimize the distance 

among data and clusters [11]. The set of observations x1,	…,	xn can be clustered into K clusters, 𝐶 =
{𝑐!; 𝑘 = 1,… , 𝐾}, where µk is the centroid, i.e. the mean, of the cluster ck. This study aims to minimize 
the Euclidean distance between the centroid and the points in the cluster ck, defined as: 

𝐽(𝐶) = ∑ ∑ ||𝑥# − µ!||")!./"
$
!%& . 

The process ends when the convergence is reached through iterations. 

2.3 Model selection 
One of the issues about unsupervised algorithms concerns the need to set the number of clusters to 

look for before starting the iterations. In this work, the number of clusters, i.e. the number of sound 
sources, is found comparing four different coefficients: the Calinski-Harabasz index, the Silhouette 
coefficient, the Gap statistic, and the Davies-Bouldin index. 

The Calinski-Harabsz (CH) index assesses the clustering of models through the ratio of the 
separation and the cohesion. The separation is the measure of how similar an object is to other clusters. 
The cohesion evaluates the similarity of an object with its own cluster [12]. 

The Silhouette coefficient (SC) evaluates to what extent an object is similar to its own cluster. Its 
value lies in the range -1 to +1, where the higher the value, the better the match between the object 
and the cluster is. SC is a distance-based method [13]. In this work the assessment was made with the 
Euclidean distance. 

The Gap statistic (GS) represents a formalization of the elbow method. It assesses the elbow as the 
highest gap between the within-cluster dispersions of the model and a reference distribution [14]. In 
this work, the reference distribution is represented by the uniform distribution. 

The Davies-Bouldin (DB) index estimates the similarity of an object and its cluster through the 
ratio of within and between-cluster distances [15]. In this work the distance is represented by the 
Euclidean distance. 

2.4 Variational Autoencoder 
A Variational Autoencoder (VAE) is a deep generative model. It is used to represent high-

dimensional data as low-dimensional data through a latent space [16]. Its architecture is similar to 
autoencoders. Thus, a VAE has an encoder and a decoder linked by a latent space. Recently, VAEs 
have been successfully used to perform blind source separation, speech enhancement, and sound 
source localization [5-7,17].  

VAEs allow to map the input data into a multivariate latent distribution 𝑞0(𝑧|𝑥), where z is the 
latent representation of input x	with	 𝜃 weights and biases. The input is sampled from a parametrized 
distribution and the whole network is trained to minimize the reconstruction error of the output. The 
loss function is called Evidence Lower Bound (ELBO), and it is defined for a datapoint as: 

𝑙#(𝜃, 𝜙) = −𝔼1~3$(1|)!)F𝑙𝑜𝑔𝑝5(𝑥#|𝑧)J + 𝐷$6(𝑞0(𝑧|𝑥#)||𝑝5(𝑧)) 

where 𝑝5(𝑥|𝑧) is the distribution used in the decoder. Here, the input x is reconstructed through 



 

 

its latent representation z with 𝜙 weights and biases. The first term of the loss function represents 
the reconstruction loss, i.e. the volume of information lost in the reconstruction. The second term is 
called regularizer and is represented by the Kullback-Leibler divergence between 𝑞0(𝑧|𝑥)  and 
𝑝5(𝑥|𝑧). 

3. METHOD 
The machine learning methods used in this work are based on previous work where human and 

mechanical noises were separated through a long-term monitoring [4]. Here, two kinds of recording 
were carried out to perform both machine and deep learning approaches.  

The first approach exploits the occurrences curve of sound pressure levels (SPLs) collected every 
0.1 s and filtered in octave bands from 125 up to 4000 Hz. Different candidate models are chosen via 
model selection metrics to assess the number of sound sources to separate. Then, running the 
algorithms per each octave band, the spectra can be reconstructed. Statistical and metrical features are 
used to label and identify the sources. 

The second approach uses 1-second length spectrograms of the digital audio recording as input 
data for the VAE. Each spectrogram has been manually labelled as speech or traffic because these two 
are the main sound sources experienced by employees. The audio was resampled at 11025 Hz. 
Spectrograms were obtained through 256 number of Short-time Fourier Transforms and an overlap 
area of 50%. Both encoder and decoder are made by four strided convolutional layers. The whole VAE 
maps the data according to a Normal distribution. Non-linearities are activated through ReLU 
functions, except for the output layer which uses Tanh and Sigmoid function for respectively the 
means and the variances. Spectrograms are compressed through the encoder in a 30-dimensional latent 
space. 

4. RESULTS 
According to the results obtained by the model selection, the most likely number of sound sources 

is 2. This is expected. Thus, GMM and KM were run looking for 2 clusters per each octave band. The 
highest means and standard deviations and the highest centroids and average intra-cluster distances 
are associated to the human noise. Lowest values to the traffic noise. Figure 1 shows the results of the 
reconstructed spectra obtained by the SPLs occurrences curves. Solid lines show the speech source, 
dotted lines the traffic noise. Tendencies are consistent with the assumptions. Considering that the 
spectra are affected by the acoustical properties of the room and the façade insulation, the shapes 
obtained by the reconstruction are easily ascribable to speech and traffic noises. 

 

 
Figure 1 - Reconstructed spectra via GMM and KM. Solid lines refer to the human noise measured during working hours. 

Dotted lines show the traffic noise. 
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The reconstructed spectrograms obtained through the VAE are noisy. This is due to the heavy pre-
processing on the audio data to achieve a fast training of the VAE and the heavy compression made 
by the encoder. Thus, a reconstruction of the sound level meter with octave band filters to measure 
the sound sources would not be useful. However, a deep clustering analysis can be conducted in the 
latent space of a VAE. Here, it is possible to assess the accuracy of the classification made by the 
network. Figure 2 shows a 2D t-SNE visualization of the latent space obtained after 300 epochs of 
training. Green dots represent the spectrograms manually labelled as traffic and yellow dots show the 
speech samples. The two clusters are well-defined and well-separated. Thus, considering uncertainties 
due to the manual labelling, the VAE is able to accurately classify the two kinds of sources. This result 
represents a qualitative validation of all assumptions made with the machine learning approach. 

 
Figure 2 - Latent space of VAE. Green dots refer to the spectrograms labelled as traffic. Yellow dots show speech data. 

5. CONCLUSIONS 
The present paper shows two different approaches to perform a sound source separation through a 

sound level meter measurement. The machine learning approach was proposed in a previous paper. 
Here, a further application of these methods in a different context confirms their ability to achieve 
good results in real-world conditions. The deep learning approach through the VAE shows some 
limitation if the goal is measuring. However, neural networks confirm their power in classification 
tasks, validating the machine learning approach through the visualization of the latent space of the 
VAE. Further works will concern the improvement of the architecture of the VAE and the use of less 
compressed data to obtain more accurate spectrograms and perform sound level meter measurements. 
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ABSTRACT 

Aim: Determine the association between noise and speaking a second language with voice 
production among professors. Methods: Cross-sectional study with the participation of nine (n=9, 
6F, 3M) bilingual (Spanish English) college professors. Participants recorded voice samples in four 
different conditions: [1] Spanish without background white noise, [2] Spanish with background white 
noise, [3] English without background white noise, [4] English with background white noise. 
Generalized Linear Models with Gamma Distribution were used to assess the associations. All 
participants were teaching online. Results and Conclusion: Regardless of which language was 
being used (Spanish, English), multivariate analysis shows that background white noise was 
statistically associated with a small statistically significant increased Sound Pressure Levels 
(B=0.02dB; SE= 0.001; p-value <0.01), as would be expected. Additionally, for both spoken 
languages, there was an increased fundamental frequency (B=0.1Hz; SE= 0.01; p-value <0.01) in 
noise. Therefore, professors speaking under noisy conditions talked slightly louder and with higher 
pitch compared with the quieter condition. Therefore, background noise is associated with voice 
production among bilingual occupational voice users. These and other results will be discussed. 
 
Keywords: Noise, Voice, Bilingualism 

1. INTRODUCTION 

More than 60% of the world’s population speak at least two languages, and in the United 
States, more than 20% of the population is bilingual, being Spanish the second most spoken 
language (after English) (1). A previous study reported statistically significant differences in 
voice acoustic parameters, like Shimmer (decreased) and Harmonics-to-Noise Ratio (HNR) 
(increased) among bilingual English Spanish speakers compared with monolingual speakers 
(2). Another study among Spanish English bilingual female speakers compared with 
monolingual Spanish female speakers reported that bilingual Spanish-English speakers had 
a decreased fundamental frequency mean compared with monolingual Spanish female 
speakers (3). A third study reported that bilingual speakers used vocal fry more often when 
they were speaking in English (around 3%) compared with their production in Spanish 
(around 2%) (4). Although previous research has reported differences in voice acoustic 
parameters between bilingual and monolingual speakers depending on the spoken language, 
little is known about the effect of speaking a second language under noisy conditions. 
Considering the high proportion of Spanish speakers worldwide, there is need to understand 
better how speaking a second language may affect voice production adjustments to noisy 
conditions.  

  



 

 

 

2. METHODS 

Cross-sectional study with the participation of nine (6F, 3M) bilingual (Spanish English) 
college professors. Participants recorded voice samples in four different condit ions: [1] 
Spanish without background white noise, [2] Spanish with background white noise, [3] English 
without background white noise, [4] English with background white noise. Each participant 
received a kit that included AKG K72 professional headphones, an AKG-P220 Condenser 
microphone, a Digital Noise Meter Decibel Meter, UNIK UT 523 Phanton Power 48v Power 
Supply, and a XLR male microphone cable with Proel AT120PRO adapter (6.5mm to 3.5mm). 
before the session, they were asked to download two software: Praat and Zoom. During the 
session they granted remote control to the researcher to allow control the voice recording 
remotely. Before the recordings, participants were requested to measure background noise 
during 1 minute at the places were recorded the voice samples. After confirming that 
background noise was below 50dB(A), a hearing screening was performed by means of the 
"Hearing Test" app. Generalized Linear Models with Gamma Distribution were used to assess 
the associations. All participants were teaching online. 
 

3. RESULTS AND DISCUSSION 

Regardless of which language was being used (Spanish, English), multivariate analysis 
shows that background white noise was statistically associated with a small statistically 
significant increased Sound Pressure Levels (B=0.02dB; SE= 0.001; p-value <0.01), as would 
be expected.  
 
Figure 1. Sound Pressure Levels among bilingual speakers under different background noise conditions 

 
 

Additionally, for both spoken languages, there was an increased fundamental frequency 
(B=0.1Hz; SE= 0.01; p-value <0.01) in noise. 



 

 

 
Figure 2. Fundamental frequency means among bilingual speakers under different background noise 

conditions 

 
 
Therefore, professors speaking under noisy conditions talked slightly louder and with 

higher pitch compared with the quieter condition. Therefore, background noise is associated 
with voice production among bilingual occupational voice users. These and other results will 
be discussed. 
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ABSTRACT 

Background: Health effects of noise pollution on health personnel have gained greater interest in 
the last years. Objective: To characterize the relationship between background noise with stress 
and voice production among healthcare workers at a hospital in Bogotá, Colombia. Method: This 
is a cross-sectional study. Data regarding noise levels, voice production, and stress were collected 
through validated questionnaires. Generalized Linear Models (GLMs) were used to evaluate the 
associations between the study variables. Results: Our results showed that 39% of health workers 
reported that noise conditions represented an environmental issue within their workspace that 
affected their performance. Concerning vocal fatigue, on average, health workers reported that they 
were not feeling their voices very tired, but they have physical discomfort associated with voicing 
and experienced improvement of symptoms after recovery. Regarding stress levels, 64% of 
participants informed having felt very high levels of stress, and 16% expressed feeling high levels 
of stress. Conclusion: Background noise, as a stressor, affects communication and mental health 
among health workers. Hospitals should also strive to keep the noise exposure limits at their lowest 
thresholds. 
 
Keywords: noise, voice, health workers 

1. INTRODUCTION 

Health personnel has a high prevalence of mental health issues due to the conditions of 
care, especially, in times of pandemic. Around 4% of confirmed cases of the coronavirus 
disease 2019 (COVID-19) were among health personnel. This high occurrence in this 
population increased the stress and anxiety caused by working in a very unknown and risky 
context. However, mental health was not the only affection in the health condition of health 
personnel, voice problems have also been reported due to the mandatory use of Personal 
Protective Equipment. Previous studies with teachers have suggested that reporting high 
levels of stress (1) and being exposed a high background noise levels (2) can increase the 
likelihood of reporting a voice disorder. Thus, this article aims to characterize the relationship 
between background noise with stress and voice production among healthcare workers at a 
hospital in Bogotá, Colombia. 

2. METHODS 

Cross-sectional study approved by the Institutional Ethics Committee (IRB). This study 
included 79 active health workers selected by convenience sampling. The sample size was 
determined considering a prevalence of voice disorders among health personnel (72%) (3) 
and in the general population (51%), with an alpha of 0.5 and power of 80%. Workers who 
agreed to participate signed in the informed consent. After, fill in a questionnaire about 
working conditions and voice functioning. Inclusion criteria were defined as follows: workers 
had to be currently working at the beginning of the study in the Hospital, and could not be 
receiving pharmacological, alternative, or complementary treatment for either voice or mental 
(stress) problems. Generalized Linear Models (GLMs) were used to evaluate the associations 



 

 

between the study variables. 
 

3. RESULTS AND DISCUSSION 

Our results showed that 39% of health workers reported that noise conditions represented 
an environmental issue within their workspace that affected their performance.  

 
Figure 1. Self-reported presence of noise working conditions among health personnel 

 
 
Concerning vocal fatigue, physical therapists, medical doctors, and administrative workers 
reported higher scores for VFI 1 (tiredness of voice and voice avoidance) with a mean of 14, 
12, and 11 (respectively) compared with their colleagues. These scores were suggestive of 
tiredness of voice considering the cut-off of 9 for Spanish speakers (4). Concerning VFI 2 
(physical discomfort associated with voicing), we found that administrative workers, nurse 
assistants, and medical doctors reported higher scores (4, 3, and 2, respectively) compared 
with their colleagues. These scores were suggestive of physical discomfort associated with 
voicing considering the cut-off of 1.5 for Spanish speakers (4). Physical therapists reported 
the highest score for VFI 3 (improvement of symptoms with rest) compared with their 
colleagues. This means that, even though they had more perception of tiredness, they were 
also having a higher perception of recovery after rest than their colleagues. 

 
Table 1. Vocal Fatigue Index by job position among health personnel 

Variables 

Administrative 

worker 

Nurse 

assistant 
Nurse 

Physical 

Therapist 

Medical 

Doctor 

Mean SD Mean SD Mean SD Mean SD Mean SD 

VFI 1 11 9 8 6 4 6 14 0 12 12 

VFI 2 4 6 3 3 1 3 1 0 2 3 

VFI 3 6 4 5 4 4 4 9 0 2 3 

SD= Standard Deviation 

 
Regarding stress levels, 64% of participants informed having felt very high levels of stress, 
and 16% expressed feeling high levels of stress. 

 

  



 

 

 
Figure 2. Self-reported stress levels among health personnel 

 
 

Table 2 shows the distribution of Vocal Fatigue Index scores by self-reported background 
noise (HIGH= Yes vs. No). Health workers who reported high background noise conditions at 
their workplaces had significantly higher scores of VFI 1 (T-test= -4.2, p-value 0.00) and VFI 
2 (T-test= -3.9, p-value 0.00) compared to their pairs who did not report this environmental 
condition. 

 

Table 2. Vocal Fatigue Index scores by self-reported high background noise levels among health 

personnel 

Variables 

Self-report high noise levels at 

workplaces 

NO YES 

Mean SD Mean SD 

VFI_1 6 6 14 10 

VFI_2 2 3 5 5 

VFI_3 5 5 5 4 

 

Table 3 shows that health workers who self-reported high background noise levels 
(Beta=0.77) and self-reported stress levels (Beta for low=1.72, high=1.23, and very 
high=1.07) had statistically significant higher VFI 1 compared with their colleagues who did 
not report high background noise levels. 
For VFI 2, health personnel with self-reported high background noise levels (Beta=0.54) had 
higher scores compared with their colleagues who did not report high background noise 
levels; whereas health personnel with very high-stress levels had lower scores compared 
with their colleagues (Beta=-1.76). 

  



 

 

 
Table 3. Generalized Linear Models with Gamma distribution between VFI scores with noise and stress 

reports from health personnel 

Parameter 

VFI 1   VFI 2   VFI 3 

Beta SE p-value  Beta SE p-value  Beta SE p-value 

Intersection 0.92 0.36 0.01  1.61 0.41 0.00  2.30 0.41 0.00 

Noise= NO Reference  Reference  Reference 

Noise= YES 0.77 0.20 0.00  0.54 0.20 0.01  -0.17 0.17 0.33 

Very Low self-reported stress levels Reference  Reference  Reference 

Low self-reported stress levels 1.72 0.62 0.01  -0.01 0.44 0.98  0.18 0.58 0.76 

Medium self-reported stress levels 0.62 0.65 0.34  0a . .  -0.54 0.53 0.31 

High self-reported stress levels 1.23 0.42 0.00  -0.54 0.61 0.38  -0.61 0.45 0.18 

Very High self-reported stress levels 1.07 0.39 0.01   -1.76 0.48 0.00   -0.22 0.43 0.62 

 

In conclusion, perception of noisy conditions and stress are significantly associated with an 
increased likelihood of reporting tiredness of voice (VFI 1) and physical discomfort associated 
with voicing (VFI 2) among healthcare workers. Therefore, workplaces health promotion 
programs should aim activities to address these conditions to improve healthcare workers’ 
well-being. 
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ABSTRACT 
Until recently, it has been assumed that extended high frequencies (EHFs; > 8 kHz) in speech do no contribute 
to speech perception, being beyond the traditional “speech bandwidth.” However, EHFs in speech provide 
cues beneficial for speech-in-noise listening. This is due, in part, to the fact that EHFs in a target talker’s 
speech tend to be higher in level than EHFs in noise or competing speech for real-world settings. To be heard 
in noisy situations, talkers increase their vocal effort, resulting in changes to the speech spectrum. Spectral 
changes associated with increased vocal effort have been examined previously, but these analyses have not 
included EHF energy. In the present study, we examined spectral changes associated with increased vocal 
effort across the entire audible speech spectrum for trained vocalists (N = 15; 8 female). We observed 
fundamental frequency increases and shifts in spectral energy towards 2-4 kHz as others have reported, 
although these effects were not universal. Absolute levels of EHF energy universally increased. EHF relative 
levels stayed the same for approximately half of the vocalists and were reduced for the others. Whether these 
spectral changes affect the utility of EHFs for speech-in-noise recognition remains to be seen. 
 
Keywords: Hearing, Extended high frequencies 

1. INTRODUCTION 
Until recently, it has been assumed that extended high frequencies (EHFs; > 8 kHz) in speech do 

not contribute to speech perception, being beyond the traditional “speech frequencies” (1). However, 
EHFs in speech provide cues beneficial for speech-in-noise listening (2). This is due, in part, to the 
fact that EHFs in a target talker’s speech tend to be higher in level than EHFs in noise or competing 
speech for real-world settings (3). To be heard in noisy situations, talkers increase their vocal effort, 
resulting in changes to the speech spectrum. Spectral changes associated with increased vocal effort 
have been examined previously (4, 5), but these analyses have not included EHF energy. 

2. METHODS 
In this study, we examined spectral changes associated with increased vocal effort across the entire 

audible speech spectrum for trained vocalists (6). Recordings were made from 15 talkers (8 female) 
who were native speakers of American English with vocal training and no reported history of a speech 
or voice disorder. Talkers were instructed to speak at 3 different levels: normal, soft, and loud. For 
normal speech, the talker was instructed to say the phrases in a “normal conversational voice, as if 
you were speaking them to someone.” For soft speech, the talker was instructed to say the phrases “as 
quietly as possible without whispering.” For loud speech, the talker was instructed to say the phrases 
“in a loud manner, as if talking to someone across the room at a cocktail party.” Recordings were 
made at a distance of 60 cm with a Class I precision ½-inch microphone using 24-bits and a 44.1-kHz 
sampling rate in an anechoic environment. 

3. RESULTS 
As vocal effort increased, we observed fundamental frequency increases and shifts in spectral 

energy towards 2-4 kHz as others have reported, although these effects were not universal (Figure 1). 
Absolute levels of EHF energy increased for all talkers. Relative levels of EHFs stayed the same for 

 
 



 

 

approximately half of the talkers and were reduced for the others (Figure 1). Thus both absolute and 
relative EHF levels are altered when speaking loudly. Whether these spectral changes affect the utility 
of EHFs for speech-in-noise recognition remains to be seen. 

 

 
Figure 1. Long-term average speech spectra for normal (blue) and loud speech (red) for 15 subjects. 
Each spectrum was normalized to have an overall level of 0 dB. 
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ABSTRACT 
Dining establishments are often characterized by high levels of background noise, which represents a barrier 
for an effective communication. This particularly affects people suffering from hearing problems. Moreover, 
noise levels exceeding normal conversational levels causes a subconscious phenomenon called the Lombard 
Effect, an involuntary tendency to increase the amount of vocal effort when talking in the presence of noise. 
The primary aim of the current study was to understand the effect of noise on vocal effort and speech 
intelligibility in a restaurant setting for adults over 60 years old with and without hearing loss. The secondary 
aim was to evaluate how their perception of disturbance in the communication, their willingness to spend 
time and money in a restaurant was affected by the varying levels of background noise. The results of this 
study showed background noise levels, lower than 50 dB(A), will allow the senior customers to minimize 
their vocal effort and to allow for more understanding than 50% of the conversation, even for those impacted 
by moderate to severe hearing loss. This limit will also keep the disturbance of the communication below 
50% and the willingness to spend time and money in a restaurant over 50%. 
Keywords: Lombard Effect, Restaurant, Hearing Loss 

1. INTRODUCTION 
In recent years, there has been increased awareness towards the acoustics of eating establishments 

with the goal of improving speech intelligibility (1, 2). Restaurants are designed to look aesthetically 
pleasing and modernized, which often is portrayed with a lack of materials used to absorb sound. The 
lack of these materials tends to increase the overall noise level in the restaurant which has caused 
diners, critics, and audiologists to take notice (1-6). In a survey by Zagat (7), individuals voted noise 
to be the second complaint of restaurants, followed by service (2). However, when the survey was 
repeated, it revealed noise was now the first complaint of patrons (7). With noise levels growing, 
restaurant critics have begun to carry sound level meters to evaluate the noise levels during their 
busiest times (3).  

Restaurants have a wide range of noise during hours of operation. Typical restaurant noise can 
fluctuate throughout the course of an evening ranging from 65 dB(A) up to as high as 91 dB(A), which 
causes increased difficulty to be heard and understood by anyone in these extreme dining settings (2-
5, 8, 9). While many restaurants noise levels have been recorded up to 85 dB(A) in recent years, there 
are several other dining facilities that may exceed this measurement and have not been recorded. The 
presence of high levels of noise in an environment devoted to communication, such as restaurants, 
leads to two effects: the Lombard Effect and the Cocktail Party Effect. 

In 1909, Etienne Lombard made the astounding discovery of the changes in voice in the presence 
of background noise (10). During patient testing, Lombard observed the patient would raise their voice 
in the presence of background noise, then return to normal levels when the noise dissipated. This 
involuntary action of the speaker increasing their vocal effort, while speaking in loud noise, enhancing 
the audibility of their voice, and later returning to their normal speaking level post-noise is named 
after the researcher as “the Lombard Effect.” This effect starts at 43 dB(A) of background noise (11). 

Recently in 2018, Bottalico began to study the Lombard effect in a restaurant setting (12). Bottalico 
identified the Lombard effect in a controlled laboratory setting, using typical restaurant noise. The 
noise was presented at different levels from 35 dB(A) to 85 dB(A) with 5 dB increments. The 
population analyzed by Bottalico (12) consisted of normal hearing college students aged 18 – 28. 



 

 

However, the National Institute on Aging (NIA) states, in their “2020-2025 Strategic Directions for 
Research,” plan there are approximately 49 million Americans aged 65 and older and among then 
there is a high prevalence of hearing problems (13, 14). 

For older adults, independent of hearing status, restaurants are one of the primary environments 
noted to have increased difficulty (8, 15). New studies to evaluate vocal reliability in older adults 
have become more critical; and adults over the age of 65 have been reported to have a 25% chance of 
developing a voice disorder (16). With the combination of vocal fatigue, hearing loss, and maximum 
seating occupancy in restaurants, it is imperative to assess the level of noise older adults begin to 
experience less than 50% intelligibility.   

Therefore, there is a glaring need to consider the senior population and their needs regarding dining 
out, with the aim of creating more age-friendly communities.  

With the goal of understanding how the senior population will react to noise in a restaurant setting, 
in terms of voice production (the Lombard Effect) and speech perception (the Cocktail Party Effect), 
the following research will investigate five different outcomes. In this study, thirty-one participants, 
aged 60 and older, were asked to read a passage in the presence of eleven randomized noise conditions 
ranging 35 dB(A) to 85 dB(A). After each passage reading, an intelligibility test was performed, and 
a visual analog scale was handed to the participant to rate their amount of disturbance and willingness 
to spend time and money in a restaurant. The aim of this study will attempt to answer the following 
research questions:  

1) What is the level of noise at which older adults experience the Lombard effect? 
2) What are older adults’ amount of disturbance perceived in each of the eleven noise conditions?  
3) How much time they would be willing to stay in the environment? 
4) How much money they would be willing to spend in the same environment?  
5) What is the noise level at which older adults are no longer able to have an intelligible 

conversation? 

2. METHODS 

2.1 Participants 
A total of 42 individuals were recruited for the study (females = 24, males = 18). Inclusion criteria 

required the participant to be over the age of sixty years and have normal hearing (<25 dB HL) or 
hearing loss (> 25 dB HL); additionally, participants must be proficient English speakers, since the 
intelligibility test will be given in English.  Exclusion criteria included those under the age of sixty, 
not a native English speaker, and an air-bone gap greater than 15 dB HL without a previous medical 
consultation with an otolaryngologist (ENT). The participants signed a consent form, completed a 
demographics form, and underwent a hearing test prior to completion of the experiment. The hearing 
test included otoscopy, tympanometry, speech reception thresholds, and air and bone conduction 
audiometry. This resulted in thirty-one participants (10 with normal hearing, 10 with mild hearing 
loss, and 11 with moderate-severe hearing loss).  

2.2 Procedure 
After participants confirmed their age, they were scheduled to participate in the study. Prior to 

completing the hearing test, participants reviewed their hearing history with the graduate student. 
Afterwards, otoscopy and tympanometry at 226 Hz were performed to rule out a conductive pathology 
(primarily cerumen or middle ear fluid). 

After completion of the hearing test, the individual continued with the Lombard Effect testing, 
speech-in-noise intelligibility testing, and scored on a visual analogue scale their perceptual responses 
of (1) communication disturbance, (2) willingness to spend time, and (3) willingness to spend money 
in a restaurant. Participants completed all components of the study in one or two forty-five to sixty-
minute sessions, resulting from scheduling conflicts and/or participant fatigue.  

After the hearing evaluation, participants were grouped in three categories. These categories were 
determined by the collective pure-tone averages of 2000 Hz, 4000 Hz, and 8000 Hz of both ears per 
participant. The calculated high frequency average was classified into: 1) normal hearing [<25 dB 
HL], 2) mild sensorineural hearing loss [26-40 dB HL], 3) moderate, severe, & profound sensorineural 
hearing loss [41+ dB HL]. All categorization was based on ASHA (17) degrees of hearing loss. 



 

 

2.3 Measurements  
For the measurements of the Lombard Effect, participants were fit with the head-mounted 

microphone connected to a portable recorder. Then, participants were asked to read in the presence 
artificial restaurant noise the first six sentences of “The Rainbow Passage” (18), which is used by 
Speech Language Pathologists to assess and monitor voice and articulation disorders. The synthesized 
noise was presented in a random order at eleven levels from 35 dB(A) to 85 dB(A) with 5 dB interval. 
The speech was recorded with the software Audacity 2.0.6 (SourceForge, La Jolla, CA). Participants 
were instructed, by the undergraduate student assistant, with the following: “Each time, I [the listener] 
would like you to pretend that we are talking in a restaurant and you are telling the story to me. Make 
sure that I understand you equally well each time.” 

The participants completed a speech-in-noise intelligibility test for each of the eleven, randomized 
noise conditions. Our intelligibility test was designed using the 250-300 standardized Northwestern 
University #6 (19) words available to all audiologists. These words were recorded using the voice of 
an undergraduate student assistant; the words were individually clipped and then randomized into 
eleven, twenty-word lists. These recordings were then played through a Head and Torso Simulator 
(HATS)(GRAS, Holte, Denmark), placed at one meter distance from the participant, to eliminate 
participants' reliance on visual cues to lip-read. The word lists were presented at a level of 66 dB(A), 
corresponding to a raised vocal effort at one meter of distance (20). Participants were asked to repeat 
the word pronounced by the HATS. Intelligibility scores were measured as percentage of words correct.   

Self-reported communication disturbance and willingness to spend time and money were measured 
on visual analog scales on paper. The participant was instructed to place a vertical tick on the 
horizontal line regarding their amount of disturbance, time, and money per noise condition. The paper 
document was then scanned and uploaded to be measured, in centimeters, using Adobe Acrobat Pro 
DC Software and the Adobe Software Measurement Tool. The responses were then recorded in an 
Excel spreadsheet according to the participant’s identification number. 

2.4 Analysis of voice recordings 
The audio recordings of participants were pulled from an SD card and segmented using ELAN 

software (v5.8). Each of the eleven “Rainbow Passage” segments were saved according to the 
participants’ identification number and noise level condition. MATLAB (R2017a) was used for speech 
signal analysis. In each condition, the equivalent SPL was measured. For each condition, the mean 
value of the SPL was obtained per subject. For each subject, the average of SPL among the conditions 
was computed and subtracted from each mean SPL values for that subject (termed ΔSPL). This within-
subject centering was performed in order to evaluate the variation in the subject’s vocal behavior in 
the different noise conditions from their typical vocal behavior (mean value of the SPL per subject). 
Each participant was identified by their identification number, gender, age and type of hearing loss. 

2.5 Equipment and room measurements 
The study was performed in a sound-attenuated booth. The reverberation time (T20) at mid-

frequencies in the room was 0.05 s, while the background noise was 22.5 dB(A). The hearing test will 
be performed using a calibrated tympanometer (TympStar, Grason-Stadler, Eden Prarie, MN), 
audiometer (GSI 61, Grason-Stadler, Eden Prarie, MN), insert phones (3M E-A-RTONE 5A 410-5002, 
50Ω), TDH-50 headphones, and bone oscillator. The participants’ speech will be recorded using a 
head-mounted microphone (Beta 54 WBH54, Shure, Niles, IL) and connected to an audio interface 
(US-, TASCAM [DR44], Montebello, CA). Synthetic restaurant noise was emitted by two directional 
speakers (High performance 100 dB speaker, E3 Diagnostics, Arlington Heights, IL) placed at 45° to 
the sides of the participants using the same stimuli.  

3. RESULTS 
The ΔSPL was measured at each of the 11 noise levels between 35 and 85 dB(A), as shown in 

Figure 1. A piecewise linear model was fit to the response variable, ΔSPL, and the predictor, Ln. The 
presence of Hearing Loss (HL) did not statistically influence the Lombard Effect. The piecewise linear 
model individuates a breakpoint in Ln at 58.3 dB(A) (CI 95% lower: 53.4, CI % upper: 63.3). The 
slope of the lower segment was 0.27, and the upper was 0.51, with an R-squared of 0.86. 

Self-reported communication disturbance was measured at each of the 11 noise levels (Figure 2). 
A piecewise linear model was fit to the response variable, disturbance (% of “very high”) and the 



 

 

predictors, Ln and HL. The piecewise linear model individuates two breakpoints, the first at 51.6 
dB(A) (CI 95% lower: 41.4, CI % upper:  60.3) and the second at 66.9 dB(A) (CI 95% lower: 62.0, 
CI % upper:  71.2). The slope of the lower segment was 1.77 percent-points per dB (pp/dB), the 
medium was 2.78 (pp/dBA) and the upper was 0.83 (pp/dBA). In in the same noise level condition, 
compared to participants with normal hearing, participants with mild HL scored the disturbance 9.37% 
higher, while participants with moderate to severe HL scored the disturbance 5.87% higher. The R-
squared of the model was 0.78.  

The willingness to spend time in the restaurant was measured at each of the 11 noise levels, as 
shown in Figure 3. A piecewise linear model was fit to the response variable, time willing to stay (% 
of "A long time") and the predictors, Ln and HL. The piecewise linear model individuates a breakpoint 
in Ln at 65.8 dB(A) (CI 95% lower: 58.9, CI % upper: 72.7). The slope of the lower segment was -
2.27 (pp/dBA), and the upper was -1.00 (pp/dBA). In in the same noise level condition, compared to 
participants with normal hearing, participants with mild HL scored the time willing to stay 6.62% 
lower, while participants with moderate to severe HL scored the disturbance 4.79% lower. The R-
squared of the model was 0.73. 

 

 
Figure 1 – ΔSLP per each of the 11 noise conditions. 

 

 
Figure 2 – Amount of disturbance perceived in each noise condition. 

 



 

 

 
Figure 3 – Amount of time willing to spend in each noise condition. 

 
The willingness to spend money in the restaurant was measured at each of the 11 noise levels, as 

shown in Figure 4. A piecewise linear model was fit to the response variable, money willing to spend 
(% of "All the budget") and the predictors, Ln and HL. The piecewise linear model individuates two 
breakpoints, the first at 54.6 dB(A) (CI 95% lower: 40.9, CI % upper:  60.0) and the second at 61.99 
dB(A) (CI 95% lower: 57.98, CI % upper:  65.99). The slope of the lower segment was -1.80 percent-
points per dB (pp/dB), the medium was -3.86 (pp/dBA) and the upper was -0.87 (pp/dBA). In in the 
same noise level condition, compared to participants with normal hearing, participants with mild HL 
scored the time willing to stay 12.06% lower, while participants with moderate to severe HL scored 
the disturbance 8.11% lower.  

 
Figure 4 – Amount of budget willing to spend in each noise condition. 

 
The intelligibility in the restaurant was measured at each of the 11 noise levels, as shown in Figure 

5. A piecewise linear model was fit to the response variable, intelligibility scores (% of correct word 
recognized) and as predictors, Ln, HL and their interaction. The piecewise linear model individuates 
two breakpoints, the first at 51.2 dB(A) (CI 95% lower: 48.2, CI % upper: 54.2) and the second at 
71.3 dB(A) (CI 95% lower: 68.4, CI % upper:  74.2). Because of the interaction between Ln and HL, 
in each of the three segment there is a slope for each HL levels (Normal, Mild and Moderate-Severe). 
The slopes of the lower segments were -1.08, -0.98, and -0.32 percent-points per dB (pp/dB) for 
participants with Normal Hearing, Mild HL and Moderate-Severe HL, respectively. The slopes of the 
medium segments for the three groups were -3.39, -3.30, and -2.64 percent-points per dB (pp/dB), 
while the slopes of the upper segments for the three groups were -0.65, -0.56, and 0.10 percent-points 
per dB (pp/dB). The R-squared of the model was 0.85. 



 

 

 
Figure 5 – Intelligibility percentages by noise condition. 

 
 

4. CONCLUSION 
 

The goal of this study was to identify the starting point of Lombard Effect in older adults which 
occurred at 58.3 dB(A), as well as the slope of the Lombard Effect which was identified at the lower 
segment as 0.27 and the upper segment as 0.51.  

As the noise increased, so did older adults’ amount of perceived disturbance, beginning at 51.6 
dB(A) and a second beginning saturation levels at 66.9 dB(A), as well as decreased willingness to 
spend time, starting saturation levels at 65.8 dB(A), and money, starting at 54.6 dB(A) and reaching 
saturation by 62.0 dB(A) in the synthesized restaurant setting. Additionally, at one meter’s distance 
with one talker, intelligibility results reflected that moderate-to-severe hearing loss participants 
already were at approximately 50% correct word understanding in the lowest noise level condition 
even when they were unaided. By 70 dB(A) all hearing categories (normal, mild, and moderate-to-
severe) were almost or at 0% correct words.  

This is a problem as many restaurants can exceed this threshold by 15 dB or more in real-world 
environments causing many patrons to be unable to have an effective communication when they go 
out to dine. The results showed that a background noise level lower than 50 dB(A) will allow the 
senior customers to minimize their vocal effort and to understand more than 50 % of the conversation 
even for people with moderate to severe hearing loss. The same limit will also keep the disturbance 
of the communication below the 50% and the willingness to spend time a money in a restaurant above 
the 50%. 
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ABSTRACT 

College professors are occupational voice users with different vocal loads due to their working 
conditions. Vocal health programs usually included face-to-face sessions and practice at home to 
reinforce training. Tele-practice sessions and workplace sessions can be used to support vocal 
health programs to improve the quality of voice in college professors. AIM: To determine the minimal 
characteristics of workplace vocal health promotion programs in school settings. METHODS: Case 
study series with 2 longitudinal studies designed to assess the effect of workplace vocal health 
promotion programs on teachers’ voice functioning. Participants were teachers of elementary level 
and university. Voice assessment included self-reported questionnaires, voice recordings for 
acoustic and perceptual analysis of voice. RESULTS AND CONCLUSIONS: Our results suggest a 
reduction of the occurrence of voice disorders, vocal fatigue, and hoarseness among teachers after 
the implementation of workplace vocal health promotion programs. 
 
Keywords: Workplace vocal health promotion, voice, teachers 

1. INTRODUCTION 

College professors are occupational voice users with different vocal loads due to their working 

conditions (1,2). Teachers’ working conditions are associated with the increased occurrence of 

voice disorders among these occupational voice users (3–5). Voice problems at schools have been 

explored in the last decades. However, there are several factors about voice use among teachers 

that are still unknown. 
 

2. METHODS 

Case study series that include the analysis of 2 longitudinal studies designed to assess the 

effect of workplace vocal health promotion programs on teachers’ voice functioning. Participan ts 

were teachers of elementary and university levels. Voice assessment included self-reported 

questionnaires, voice recordings for acoustic and perceptual analysis of voice.  Individual data and 

environmental data were collected by means of subjective and objective assessment methods . 
 

3. RESULTS AND DISCUSSION 

The first longitudinal study used self-reported questionnaires and voice recordings to collect 

information on voice functioning. In this first case study, two female teachers participated in the 

workplace vocal health promotion program that was implemented with two purposes: (1) To 

reduce noisy conditions inside the classrooms that may cause a loudly voice production, which 

has been found associated with voice disorders among teachers and students; and (2) To increase 

awareness about voice functioning and voice care. As result of this implementation, fundamental 

frequency, standard deviation of fundamental frequency, and vocal sound pressure levels 

decreased after the implementation of the WVHP program. However, one month after finishing 

the program, fundamental frequency decreased did not remain. 



 

 

Figure 1. Fundamental frequency changes during the follow-up of two participating teachers of the workplace vocal 

health promotion program 

 
 

 

In the second longitudinal study, college professors were randomly allocated to one of two 

groups: no-intervention or intervention. Professors filled out a general questionnaire and recorded 

voice samples before and after their class. This workplace vocal health promotion program 

consisted of four sessions (2 in-person and 2 online sessions; one per week) focused on voice 

hygiene, vocal training, and strategies for healthy occupational voice use during classes.  As a 

result of this implementation, male and female professors in the intervention group had longer 

Maximum Phonation Time (MPT) and higher Harmonics-to-Noise Ratio (NHR). However, 

fundamental frequency (fo) increased slightly (among males), and standard deviation of fo (fo 

SD) did not change. 
 
Table 1. voice acoustic parameters change after the implementation of the workplace vocal health promotion 

program among college professors 
 

Acoustic parameter 

Male professors Female professors 

Intervention 

(n=6) 

No-intervention 

(n=3) 

Intervention 

(n=6) 

No-intervention 

(n=3) 

MEAN SD MEAN SD MEAN SD MEAN SD 

TMF (seg) 
PRE 17 3 18 6 15 3 15 2 

POST 21 3 23 7 18 3 14 1 

HNR (dB) 
PRE 17 1 19 6 20 1 18 4 

POST 19 2 18 6 23 1 17 3 

fo 
PRE 116 8 108 18 207 13 182 12 

POST 118 5 107 25 203 25 178 11 

DE fo 
PRE 19 - 20 - 35 - 29 - 

POST 19 - 20 - 35 - 27 - 
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ABSTRACT 
A conventional method for auralization of spatial reverberation by measured multi-directional room impulse 
responses contains three disadvantages; 1) undesirable responses, i.e., background noise and characteristics 
of measurement tools, are included, 2) less freedom of post-processing, and 3) restriction of playback formats. 
By using an Ambisonics’ microphone for a measurement, we can obtain scene-based room impulse responses, 
so that 3) will be avoided. Currently, many FOA microphones are supplied with reasonable prices. However, 
FOA provides lower spatial resolution, and an expensive HOA microphone is managed to be used frequently. 
Our proposed method, VSVerb, generates scene-based spatial reverberation from x-y-z sound intensities that 
are calculated from measured impulse responses. Although we use an A-Format microphone for a 
measurement, measured impulse responses are not used for spherical harmonic analysis but for calculating 
sound intensities. Then, we detect virtual sound sources of a room, and generate scene-based spatial 
reverberation, VSVerb. Because VSVerb is built from spatial information of virtual sound sources, it does 
not include disadvantages described above. In this paper, we introduce processing flow of VSVerb with 
focusing on two key methods, “Speed detection” and “Phase detection.” In the latter part, we also show some 
practical examples of VSVerb. 
Keywords: VSVerb, Virtual Sound Source, Sampling Reverb 

1. INTRODUCTION 
We have developed a 4-pi sampling reverberator, named “VSVerb” (Virtual Sources’ Reverb) 

whose processing flow is based on our prior research of “VSV” (Virtual Source Visualizer) (1-7). 
Because the target use of VSVerb is for audio content production, we have been examining VSVerb’s 
performance for various sound production works (8-16). 

To meet production’s demand, robustness, transparency and practicality are important for a reverb 
tool. VSVerb answers these requirements as follows.  

1. To realize robustness of reverb processing, any arbitrary operations, e.g, rnd() functions, 
artificial tail extension etc., are excluded from the processing flow. 

2. For transparency of acoustical texture of a dry sound, VSVerb includes no noise and no 
characteristics of measurement tools. The reverb contains reflection components only. 

3. For practicality, commercial Ambisonics’ A-Format microphone can be used to capture a room 
response. 

Please note that the spatial coordinates in this paper are described along the AES 69 standard (17) 
shown in Figure 1. 
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Figure 1 – Spatial coordinates in the paper (17). 

2. SCHEMATIC FLOW 

2.1 Overview of the Processing Flow 
Figure 2 is for showing a processing flow of generating VSVerb. As the flow shows, VSVerb is not 

a conventional impulse-response-based sampling reverb. We generate 4-pi reverberation by using 
acoustical information of virtual sound sources that are detected from x-y-z sound intensities. To 
obtain x-y-z sound intensities, impulse responses are measured in a target space by a normal A-Format 
microphone. 

The processing flow for generating VSVerb is as follows (Figure 2). 

1. Impulse responses are measured in a target space by using an A-Format microphone. Because 
the microphone is used as a sound intensity probe (4, 7), no spherical harmonic technique are 
adopted in the processing. 

2. Impulse responses are filtered by BPFs and divided into Low, Mid and High frequency bands. 
3. Filtered impulse responses are converted to the B-Format signals, W, X, Y and Z, and Hilbert 

transforms are operated.  
4. Instantaneous active sound intensities (hereinafter, sound intensities), Ix, Iy and Iz, are 

calculated in Low, Mid and High bands. 
5. Virtual sound sources, i.e., dominant reflections, are detected from averaged sound intensities 

by the “Speed Detection” method whose details are given in the following section. 
6. Phase characteristics, either + or -, are estimated for detected virtual sound sources. Phase 

detention method is explained in detail in the following section. 
7. 4-pi reverberations in Low, Mid and High bands are obtained as distribution maps of sound 

sources in the spatial domain. 
8. Spatial properties of sound sources are translated into time responses, then the 4-pi 

reverberation, VSVerb, in Low, Mid and High bands are generated. 
9. VSVerb is decoded for playback. Each of reflections is divided into a target playback channel. 

Because every reflection has its own acoustical information, e.g, arrival time, arrival direction, 
phase (+/-), VSVerb can be translated into any types of playback formats. VSVerb is a fully 
scene-based 4-pi reverberation. 

 

 
Figure 2 – Schematic flow for generating VSVerb. 

  



 

 

2.2 Speed Detection Method 
In terms of technique to detect dominant reflections from measured sound waveforms, so-called 

“Peak method” is often used. Peak method regards dominant reflections as significant peaks of a 
waveform and finds these peaks from a measured waveform (e.g., 18, 19).  Because a measured 
waveform usually contains various kinds of uncertain peaks, Peak method intends to be an unstable 
method especially when a waveform includes much noise and/or affected by significant peaks of 
BPF’s sidelobes. However, for generating fine reverb from measured responses, late reflections are 
also desired to be detected from low S/N part of the measured signal.  

To avoid disturbance by uncertain peaks and detect reliable sound sources, we developed a new 
method of detecting sound sources, “Speed Detection.” Speed Detection extracts acoustical 
information of dominant reflections from measured sound intensities by forcing on moving speed of 
sound intensities (6). 

Speed Detection is built from two preconditions for a sound source and two hypotheses about 
behavior of sound intensities (Figure 3). 

-Preconditions 
1. Sound sources in a real space have certain sizes, they are not ideal point sources. 
2. Sound sources in a real space emit sound during a certain period, they do not provide ideal 

impulses. 
-Hypotheses 
1. Sound intensities can be categorized into two groups, “Source Intensity” and “Drifting 

Intensity.” Source Intensity has acoustical information of a sound source. On the other hand, 
Drifting Intensity does not have sound source’s information and is a residual transient 
component. 

2. Considering preconditions of a sound source in a real space described above, Source Intensity 
is considered to move slowly and Drifting Intensity is considered to move faster. 

 
Figure 3 – Principle of “Speed Detection” method. 

Based on the preconditions and hypotheses above, we can extract Source Intensities from measured 
sound intensities by setting the threshold speed of sound intensities. We no longer have to pay 
attention to amplitude characteristics of the waveform. Instead, we focus on moving speed of 
measured sound intensities.  

Because no amplitude’s information is required, Speed Detection is considered to be superior to a 
conventional Peak method especially in finding late reflections from low S/N part of measured sound 
intensities.  

Figure 4 is for showing the processing flow to detect sound sources’ information from measured 
sound intensities. 

1. Threshold of a moving speed of sound intensities, v0, is assumed.  
The v0 classifies sound intensities into Source Intensities or Drifting Intensities. 
In terms of the v0 value, an equation below seems to work well from our experiences. 
 v0 = 40 (1000 t +10)1.5 [m/s]   where, t [s] is arrival time of sound intensities   (1) 

2. Iall = √(Ix2 + Iy2 + Iz2) are cut out by time windows of Source Intensities, then we obtain some 
short strings that are the loci of Source Intensities.  
Amplitudes and distances of sound sources are given by averaged values of short strings in 
time windows. 

3. Ix, Iy, Iz are also cut out by time windows. 
Directions of sound sources, (Ixave, Iyave, Izave), are given by averaged values of short strings 
of Ix, Iy, Iz in time windows. 



 

 

 
 Figure 4 –Detecting Amplitudes and Positions of sound sources. 

2.3 Phase Detection 
To reduce bias component for a fine playback, either plus or minus signs are usually given to 

reflections of a generated reverberation. Signs are often given randomly by generating random 
numbers. However, such a random operation makes a reverberation be unstable one. 

To solve this problem, we developed a robust method to give phases to reflections. The method 
detects phase characteristics from a measured impulse response by using time windows of the Source 
Intensities. 

Figure 5 is showing for the flow of developed Phase detection method. 
Although our original method was developed in 2020 (15), updated one is introduced here. 

1. Measured impulse response are cut out by time windows of Source Intensities. Then, short 
strings of pi are obtained. 

2. Obtained reflection sounds, short strings of pi ( i > 0) , are deconvolved by the short string of 
direct sound p0. Then, we obtained deconvolved short strings pi’. 

3. Energy summations of pi’, that is psi , are calculated. 

4. psi are normalized by their amplitudes, then phase characteristics of reflection sounds, either 
plus or minus signs, are obtained. 

   
 Figure 5 – Detecting Phase characteristics of sound sources. 



 

 

3. EXAMPLES of VSVerb 

3.1 Obtain x-y-z Sound Intensities of a Target Room 
To examine quality and practicability of VSVerb with professional recording / mixing engineers, 

VSVerb were tried to be generated at a recording studio. 
Figure 6 is showing for a target recording booth, Studio No.1 of ONKIO HAUS in Tokyo.  
Because total of 39 reflection panels are installed into the booth and they can be also removed, two 

kinds of VSVerb were generated; (A) with reflection panels and (B) without reflection panels. 
For the measurement, Brüel & Kjær’s Omni Source Type 4295 and Sennheiser’s AMBEO VR Mic 

were used for the loudspeaker and the A-Format microphone, respectively. To give same HA gains to 
four capsules of the AMBEO VR Mic accurately, RME’s fireface UFX+ is used for the audio I/F and 
four HA gains are controlled from the PC. 

 
Figure 6 – A target room of generating VSVerb. Studio No.1, ONKIO HAUS. 

Obtained sound intensities and their behavior in the target booth are shown in Figure 7. They show 
the result in a Mid frequency band, from 300Hz to 3kHz.  

According to the results, it is ascertained that sound intensities can detect the real source positions 
accurately and shows acoustical difference of room conditions, with or without reflection panels. 

 
Figure 7 – Obtained sound intensities in Mid. Band, 300Hz-3kHz. 

3.2 Generating VSVerbs 
After checking accuracy of sampled sound intensities, sound sources of the recording booth are 

detected. 
Figures 8 and 9 are showing for the detected sound sources and generated VSVerb from them in 

Low, Mid and High frequency bands. The results with reflection panels (A) are shown in Figure 8 
includes, and the results without reflection panels (B) are shown in Figure 9. 

Reverberation times, that are calculated from generated VSVerbs, are (A) (0.42s, 0.49s, 0.45s) and 
(B) (0.41s, 0.42s, 0.39s) in (Low, Mid, High) bands. In the figures, six different colors indicate six 
different arrival directions of reflections, Front, Back, Left, Right, Up and Down. 

According to the results, we can confirm that VSVerb show not only the differences of 
reverberation times between (A) and (B) but also changes of spatial characteristics of reflections. For 
instance, we can observe that reflections come mainly from front direction (green) in the early part, 
and then come from various directions (many colors) gradually. From a broad perspective, the color 
of VSVerb seems to be biased towards red, that is the reverberation contains many reflections from 
right and/or lower directions. 



 

 

 
Figure 8 – Generated VSVerbs and detected sound sources. (A) Reflection Panels are installed. 

 
Figure 9 – Generated VSVerbs and detected sound sources. (B) Reflection Panels are removed. 

3.3 Post-Processing 
One of major advantages of VSVerb is flexibility in post-processing. Although reverberation time 

and frequency balance can be changed as same as other reverb tools, VSVerb can also allow to change 
spatial properties without any additional measurements. 

For example, we can move receiver position even in post-processing. If we can allow to ignore 
wave behavior and assume that reverberant field is built based on 100% of geometrical acoustics, 
virtual sound sources are considered to be fixed unless the position of real sound source moves. In 
this case, moving a receiver position is like wandering through a fixed virtual sound sources while 
changing relative relationship between sources and a receiver. Moving to the left means the virtual 
sources move to the right for a receiver.  

Figure 10 is for showing the recalculated VSVerb in Mid band, when a receiver moves (x, y, 
z)=(+1m, +1m, +1m ) and angles (Yaw, Pitch)=(+45º, -45º). By moving and rotating sound sources 
toward to the opposite directions to a receiver’s action, we can obtain updated VSVerb, (B).  

However, our real world may not be such a simple one. In a real world, if a real sound source never 
moves and a receiver’s movement is limited to a small area, we may approximate that the virtual 
sound sources are almost unchanged, and this kind of post-processing will be available. 

 



 

 

 
Figure 10 – Re-generated VSVerb (Mid band). The receiver moves and angles. 

Another example of post-processing is shown in Figure 11. 
Because VSVerb is a scene-based reverb, beamforming technique can be applied. In the figure, we 

can observe how reverberation changes when a receiver’s directivity changes from an omni-
directional to a hypercardioid. The results shows that reflections from the Front direction (green) is 
emphasized when the directivity is switched to the hypercardioid. 

 
Figure 11 – Re-generated VSVerb (Mid band). Directivity of the receiver narrows. 

4. LISTENING CHECK and CONCLUSIONS 
For auralization, generated VSVeb were decoded into conventional L/R two channel signals and 

they were convolved with several dry sounds. Convolved sounds are played back from monitor 
speakers at a mixing room of the ONKIO HAUS, and the listening check was made by several 
recording / mixing engineers. All engineers are familiar with acoustics of the recording booth, the 
target room of generated VSVerb. For the listening check, a conventional sampling reverb, whose 
impulse responses were measured under the same condition as VSVerb, was also played back. 

The listening results confirmed that VSVerb is much superior to the conventional IR reverb and 
has sufficient quality to meet professional production work. 
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ABSTRACT
Rendering perceptually plausible sound propagation in augmented reality (AR) requires matching the acoustic
properties of the virtual signals with those of the listening space in which the user is located. In this paper,
we review several approaches for the characterization of room acoustics with the goal of auralization in AR
applications so that dynamic, 6 DoF renderings can be generated while minimizing the acoustic divergence
between real and virtual acoustics. First, we review established methods that explicitly utilize Spatial Room
Impulse Responses (SRIR) for the acoustical characterization and rendering. While these methods provide
high quality results, they are computationally costly and not applicable in practical scenarios. Blind Parameter
Estimation (BPE) and Blind System Identification (BSI) techniques permit obtaining room acoustic parameters
and approximations of the Room Impulse Response (RIR) using active acoustic sources already present in
the environment. Additionally, recent deep learning (DL) methods aim at reconstructing the geometry and
identifying the materials in a scene, so that computational acoustical models can be directly driven. Finally, DL
end-to-end approaches aim at bypassing an explicit acoustical estimation by directly embedding the acoustics
of a space onto an arbitrary signal.

Keywords: Room Acoustics, Binaural Rendering, Blind System Identification, Spatial Room Impulse Re-
sponse

1 INTRODUCTION
Audio experiences in Augmented Reality (AR) often superpose rendered virtual sounds on top of the physical
acoustic sources present in a scene. In the majority of applications users wear a head-mounted display, generally
equipped with binaural rendering and reproduction capabilities. In the broad sense, binaural rendering refers
to creating audio signals that contain all the necessary acoustical cues to convey a spatial impression when
delivered over headphones. For instance, a binaurally rendered source conveys an associated perceived specific
direction, distance, and sense of space.

When considering the coexistence of real and virtual sounds in an AR application, it is paramount to con-
sider the acoustic environment in which the user is located and aim at imposing the same room acoustics on the
rendered virtual sounds. Not doing so might incur in a collapse of the perceived externalization due to room
divergence [1], and render the experience unsatisfactory [2]. As such, the acoustic properties of the listening
space must be estimated.

In this contribution we present a non-exhaustive review of methods to estimate room acoustic properties
for the purpose of rendering binaural audio. We first review some popular methods to capture and reproduce
room acoustics based on Room Impulse Responses (RIR) (cf. Section 2). Although they are able to describe
the time-energy and spatial properties of the room and result in high fidelity renderings, these methods often
require a laborious pre-measurement of the space using specialized equipment. As such, an attractive alternative
for real-time estimation of room parameters is the use of Blind System Identification (BSI) methods, which
utilize signals present in a scene to estimate room acoustical parameters that can then be used to either drive
artificial reverberators, select pre-measured RIRs, or inform computational models (cf. Section 3). However,
computational models require much richer information to obtain the acoustical response of a room, such as
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geometry and acoustical materials. Some approaches leverage Deep Learning (DL) and exploit a combination
of audio and visual input modalities to reconstruct geometry and estimate acoustic material properties. These
are reviewed in Section 4. Moreover, recent solutions utilizing end-to-end DL approaches have been proposed,
which are capaable of generating binaural audio directly from audiovisual captures of a space, thus bypassing
the explicit acoustical characterization and instead tackling the capture and rendering steps as a single task (cf.
Section 5. We will finally discuss and compare the utility, maturity, computational demands, and overall quality
of the discussed approaches in Section 6, as well as reviewing remaining challenges.

2 RENDERING BASED ON ROOM IMPULSE RESPONSES
The acoustic propagation between two points in space can be understood as a Linear Time Invariant (LTI)
system, and as such can be modeled using an impulse response. Several methods exist for the capture of
Room Impulse Responses (RIR), although typically the swept-sine deconvolution technique [3] is used, thanks
to its simplicity, robustness, and ability to separate the harmonic distortion of the measurement system from the
acoustic response of the room. Recently, a method dubbed ’The rule of two’ [4] has been proposed to further
improve the robustness of the swept-sine deconvolution measurement process. In this section we review some
of the commonly used solutions for the capture and spatial rendering of RIRs.

2.1 MULTICHANNEL ROOM IMPULSE RESPONSES
The rendering of binaural audio including sound propagation can achieved by convolving a Binaural RIR (BRIR)
with any arbitrary anechoic sound sample. As such, the most straightforward way of rendering binaural audio
with the acoustics of a specific space consists of capturing a BRIR with an artificial head for later convolution.
However simple, this approach also imposes some serious limitations such as the inability to implement head
tracking or changing the Head-Related Transfer Function of the recording. The use of Multiple Orientation
BRIRs (MOBRIRs) [5], in which a BRIR is captured with a dummy head placed at multiple orientations with
respect to the source, provides a workaround with regard to the inability of using head tracking. However,
rendering with 3 Degrees-of-Freedom (3 DoF) would require an impractical number of measurements. An
approach that captures the entire horizontal plane in a single measurement is the so called Motion Tracked
Binaural (MTB) [6], which consists of a rigid spherical microphone array (SMA) with microphones mounted
along the equator of the array. By directly pairing RIRs at opposing sides of the sphere, multiple pseudo-BRIRs
(which lack pinna cues) can be generated. However, both MOBRIR and MTB still suffer from the inability
to apply different HRTFs to measured RIRs. A practical alternative to BRIR measurement is the capture of
multichannel RIRs (MRIR) using compact microphone arrays. This allows the decoupling of the room response
from the HRTF, providing greater flexibility in the rendering and removing the need for measuring RIRs at
multiple orientations.

Spherical Microphone Arrays (SMA) with microphones uniformly arranged on the surface of a sphere
are one of the most common and flexible array configurations for the capture and rendering of Multichan-
nel RIRs [7], commonmly referred to as Spatial Room Impulse Responses (SRIR). Generally, with the use of
SMAs it is common to process the measured SRIRs to express them in the spherical harmonics domain (SHD),
or commonly called Ambisonics format. This allows the decoupling of the measurement and the rendering
stages, providing independence from the used measurement and reproduction hardware. As such, any set of
SRIRs expressed in the SHD can then be decoded to any arbitrary reproduction setup, i.e. loudspeakers or
headphones with an arbitrary HRTF. SHD capture and reproduction aims at replicating the captured sound field,
and as such could be applied not only to the characterization and rendering of RIRs, but also of continuous sig-
nals. However, while useful, it has been demonstrated that when rendering RIRs, the use of parametric methods
is generally superior than the use of linear SHD (Ambisonics) processing [8].

Parametric methods work under the assumption of an underlying sound field model for the RIR. The Spatial
Impulse Response Rendering (SIRR) [9] method assumes that the captured RIR is composed of a directional
and a fully diffuse sound field component, and performs a Direction-of-Arrival (DOA) and diffuseness estimation
on the time-frequency bins of a RIR captured with a First-Order microphone array. With this, the method is
capable of generating a spatialized RIR that can be decoded to any reproduction setup. Recently, a variant of



the method HO-SIRR was introduced, extending the concepts to higher order Ambisonics signals. In a similar
fashion, the Spatial Decomposition Method (SDM) [10] also performs a DOA estimation, although it assumes a
much simpler sound field model, composed only of broadband specular events. Although simple, if appropriate
care is taken to perform a post-equalization, results of this rendering method are perceptually close to reference
measurements (albeit not indistinguishable), both with loudspeaker [11] and headphone [12] reproduction. It is
worth noting as well the availability of the Ambisonics SDM (ASDM) [13] method, which utilizes SDM to
re-encode an Ambisonics RIR at a higher order, thus allowing the exploitation of the advantages of parametric
methods together with the flexibility of Ambisonics rendering.

One of the obvious limitations of using single point-to-point sets of measured SRIRs is that the listener is
restricted to a single point in space, corresponding to the measured location, and thus reproduction is limited
to 3 DoF. Alternatives to render 6 DoF acoustics using single point-to-point SRIRs exist. For instance, the
Paraspax method is capable of extrapolating SRIRs by imposing an underlying geometrical model to measured
single channel RIRs or SRIRs with spatial information [14]. Another method, the PerspectiveLiberator [15]
achieves a similar result, although it operates exclusively with Ambisonics RIRs and detects sound events to
later translate them according to the listener position. In all cases, these methods explicitly decompose the
RIRs into a direct part (containing prominent reflections) that is extrapolated and a residual (which is assumed
to be constant throughout the room) that is left constant. In this regard, recent methods to improve the direct
and residual decomposition of RIRs have been proposed [16, 17].

However, accurate interpolation and extrapolation for the auralization of SRIRs in navigable 6 DoF ap-
plications might require the use multipoint SRIRs measured at several locations to generalize to all kinds of
rooms, especially those with non-uniform acoustics, complex geometries, or those exhibiting non-anisotropic
decay [18, 19].

2.2 MULTIPOINT MULTICHANNEL ROOM IMPULSE RESPONSES
Although the use of SRIRs measured at several locations (Multipoint SRIRs) provides a richer acoustical de-
scription of the space, their use has so far been limited. Possible reasons for this are various: the use of
multiple SRIRs during the real-time audio processing results in massively increased computational and memory
needs and further complexity in the interpolation and extrapolation methods; the lack of explicit needs for au-
dio rendering of real room acoustics in 6 DoF applications before the recent advent of accessible Mixed Reality
devices; and potentially the lack of practicality and laborious process of capturing a large number of SRIRs in
every space to be reproduced. However, recently, a few methods utilizing multiple receiver positions have been
introduced.

The method from [20] utilizes multiple SRIRs measured at various locations to locate image sources (IS)
for a specific source position in a room. The method is further expanded in [21] to also accommodate the use
of multiple sound sources and to build a more complex IS tree. Although solutions for the rendering of the
responses are proposed, to our knowledge the method has not been utilized for the reproduction of multipoint
SRIRs so far.

In [22], a method for the 6 DoF rendering of multipoint Ambisonics SRIRs is introduced. Using an arbi-
trary grid of arrays located on a single plane, the method generates interpolated SRIRs using RIR triplets. The
main process is similar to [15] in the sense that the method detects sound events in the SRIR and then trans-
lates them according to the listener position. However, given that multiple SRIRs are available at the vicinity
of each listening position, the detected events can be matched for each of the SRIRs and interpolated more
accurately. Additionally, the residual (diffuse energy and non-detected events) can also be interpolated between
positions. This seems to positively impact the perceived quality of the renderings, which show promising results
in perceptual experiments.

With regard to the residual (or diffuse) component of the SRIR, the method described in [23] places special
emphasis in capturing and modeling the directional and position dependent properties of the late reverberation.
The rendering is based on directional Feedback Delay Networks [24] and Inverse Distance Weighting (IDW)
between the measured positions. Although the method focuses only on the generation of late reverberation, the
rendering of the early reflections could be realized with another multipoint SRIR method, such as the method
from [20], previously reviewed in this section.



3 RENDERING BASED ON BLIND PARAMETER ESTIMATION
Although the characterization and rendering of room acoustics using SRIRs can produce high quality results
and generate renderings that are perceptually very similar to a measured reference[11], their main drawbacks
reside in the need for explicit acoustic measurements of the spaces to be rendered and in the large amount
of computational resources needed for real-time rendering. In real-time applications for mixed reality, we can
generally assume that a user will wear a device with certain acoustic (and sometimes multimodal) capture
capabilities. This opens the possibility of using signals present in the environment to estimate certain properties
of the acoustical environment, such as the Reverberation Time (RT), or the Direct-to-Reverberant Ratio (DRR)
of a specific source, among others. This process is known as Blind Parameter Estimation (BPE). As a RIR
is in fact a LTI, the process of blindly estimating a point-to-point RIR between a source and the listener is
known as Blind System Identification (BSI). In this section we review some of the recent advancements in BPE
and BSI as well as how some of the room acoustical parameters estimated through BPE can then be used to
re-synthesize the acoustic response of the listener’s space.

3.1 AUDIO ONLY METHODS
The family of estimation methods can be characterized in a number of ways, e.g., by the number of mi-
crophones with single-microphone methods, binaural methods, and array-based methods; or by the underlying
estimation approach, e.g., DSP-based algorithms or ML-based algorithms.

Arguably, the most common parameter to describe the acoustics of a space is the Reverberation Time (RT).
As such, several methods for its estimation using continuous audio are available, and a survey of algorithms can
be found in [25, 26], including both DSP and ML based methods [27, 28, 29, 30, 31, 32, 33, 34, 35, 36]. The
direct-to-reverberant ratio (DRR) is a dominant cue in perception of source distance [37] and several approaches
exist for its estimation [25, 38, 39, 40], as well for the estimation of other enery ratios e.g. Clarity (C50) [41].
The joint estimation of RT and DRR is also a topic of interest, and is often tackled using ML approaches [42,
30]. The ACE Challenge [25] evaluated several approaches for RT and DRR estimation, both with single and
multiple microphones, in terms of Mean Squared Error (MSE), estimation bias, and Pearson Correlation. The
challenge results suggested that both DSP and ML approaches provided similar performance for the estimation
of RT, while ML methods were superior for DRR at the time of the challenge (2016). However, is not clear to
what degree these metrics are perceptually relevant and the inclusion of other metrics, such as Just Noticeable
Differences [38], could provide further practical insights for a perceptually inspired evaluation.

Besides the estimation of common time-energy acoustical parameters, which can be helpful to reconstruct
the statistical properties of a RIR, a faithful reconstruction of the acoustics of a space for rendering likely
requires the estimation of spatial parameters and prominent reflections. In this sense, some methods aim at the
estimation of the direction of arrival (DOA) [43, 44] of early reflections, DOA and delay [45], or DOA, delay,
and amplitude [46]. All this information could be used to drive artificial reverberators to reconstruct the RIR
properties of the space. In this sense, the method from [47] predicts not only RT, but also room volume and
total surface area, which could be useful parameters for the configuration of artificial reverberations.

Although pairing methods for estimation of statistical and early RIR parameters could potentially allow an
approximated reconstruction of the RIR for auralization, we are not aware of methods addressing this problem.
Instead, some methods aim at the selection of a RIR from a database [48] or at the full reconstruction of the
RIR, either from multichannel recordings of single sources using DSP methods [49], or using ML and single
channel reverberant speech as input [50].

3.1.1 (AUDIO)VISUAL METHODS
The maturity of Deep Learning (DL) methods for visual tasks has been recently leveraged to solve an increas-
ing number of audio problems. For instance, [51] uses a single image to generate an RIR. Additionally, the
exploitation of both audio and visual (RGBD) input, together with pose information has been recently leveraged
to estimate full RIRs from only a few captures from an egocentric perspective [52], allowing the dynamic es-
timation of RIRs on wearable devices. These methods could then eventually allow the rendering of spatialized
audio with sound propagation by leveraging some of the RIR rendering methods reviewed in Section 2.



4 RECONSTRUCTION OF COMPUTATIONAL MODELS
The nature of both SRIRs and BPE/BSI consist of directly estimating and using acoustical properties of the
listener’s space to render virtual sources that match the acoustics of the real room, thus representing suitable
options for AR applications. However, in Virtual Reality (VR) computational models to render sound propaga-
tion are more commonly used [53]. In general, these methods require knowing the acoustic properties of the
source to be simulated (e.g. radiation pattern), the geometry of the space, and the acoustic properties of the
materials, in order to be able to model the sound propagation and render the final audio. As such, in order to
enable the use of computational models in AR audio rendering, some recent work has focused on the estima-
tion of geometry and acoustic material properties of spaces by using a combination of audio and video input,
generally generated from an egocentric perspective of the wearer of an AR device.

Some methods utilize monaural RIRs [54] and SRIRs [55, 56] to estimate the geometry of a room by
solving an optimization problem utilizing the time of arrival of reflections in the RIR. However, these methods
require the availability of an RIR and are generally restricted to relatively simple and convex geometries.

Deep Learning (DL) approaches have recently become more common in this context, as they can deal with
more complex environments. A viable alternative for real-time applications is the use of devices that simultane-
ously emit controlled signals and capture them, similar to sonar devices, thus being able to directly exploit the
time dependent information of the RIR in an egocentric setup [57]. These methods often use audio-visual in-
put, combining audio with RGB(D) images [58]. Recent work suggests that audio-only sonar-like reconstruction
with DL methods achieves comparable results to single image RGBD geometry reconstruction [59]. Although
the use of sonar-like approaches is feasible for real-time applications, the repeated playback of a control signal
results in an intrusive experience for the user. In this sense, geometry reconstruction approaches that can utilize
sound sources present in the scene to infer the geometry or floor plan are particularly interesting, although the
quality of the results varies significantly among scenes [60].

In addition to geometry, acoustic material properties are necessary to drive an acoustic computational model.
In this sense, a visual classifier can be utilized to tag materials present in a scene and assign the acoustic
properties based on a database [61]. One potential risk in using only visual input is the misclassification of
materials with ambiguous aspects e.g. painted surfaces. This can be overcome by adding an optimization stage
in which the initially estimated parameters are refined by comparing the acoustics of the simulation with those
of the real space being analyzed [62, 63].

Systems to perform a joint estimation of both geometry and acoustic materials also exist. For instance, [64]
describes an approach in which a robot navigating an environment reconstructs the geometry and tags the ma-
terials of a scene based on visual input. The system introduced in [65] uses a pair of 360 pictures taken from
a single point to estimate both geometry and material, and then uses them as input data to a commercial simu-
lation engine. However, perceptual [66] and instrumental [67] evaluation reveals a significant mismatch between
the references and the output of the system, suggesting that the results could be improved by incorporating
audio input into the reconstruction process as well.

5 END-TO-END APPROACHES
The most recent trend in room acoustic characterization for the rendering of audio with sound propagation
consists of end-to-end approaches, almost exclusively based on DL methods. The goal in these approaches is
not to obtain an explicit representation of the RIR or the reverb properties, but to directly impose the acoustics
of a space on some arbitrary audio. For instance, [68] utilizes only one image from the target environment to
achieve this goal. In contrast, [69] utilizes only audio from the target environment to embed the acoustics onto
an arbitrary audio sample. Besides Extended Reality (XR) applications, end-to-end approaches are popular for
the matching of reverb in music production applications e.g. [70] utilizes a Generative Adversarial Network to
perform the acoustics identification and transformation, while [71] proposes two alternatives - either a classifier
to directly select an artificial reverberator, or the estimation of parameters to drive such a reverberator.

One of the challenges in end-to-end approaches is the availability of data and frameworks to perform audio-
visual tasks. Sound Spaces 2.0 [72] provides an integrated platform for the generation of both visuals and audio
simulations, supporting multiple tasks. Finally, the Differential Artificial Reveberation framework from [73]



proposes various differentiable reverberator architectures that can be leveraged in such end-to-end solutions.

6 REMAINING CHALLENGES AND OUTLOOK
In this paper we discussed several approaches for the identification of room acoustic properties with the goal of
matching the acoustics of a virtually rendered sound with those of the real listening space.

The main advantage in the direct use of measured RIRs for the rendering of virtual acoustics is the high
quality of the renderings. Although the results are often not indistinguishable from the real acoustics of the
room, these methods are so far the most mature of those reviewed in this paper. However, their main drawback
resides in the need for specialized equipment and pre-measurement of the spaces to be auralized.

Blind Parameter Estimation and Blind System Identification allow the exploitation of sounds already existing
in a scene to estimate certain properties of the RIR with the goal of either selecting a RIR, reconstructing the
RIR, or driving an artificial reverberator. However, these methods have so far mostly been applied in controlled
environments and often assume that only one source is present in the environment at the time of estimation.
There is thus significant room for research in BPE and BSI with multiple simultaneous sources.

Computational models are nowadays able to provide plausible renderings of virtual spaces, provided that
they are informed with appropriate geometry and material properties. We reviewed several approaches for the
estimation of geometry and material that can then be paired with simulation methods. However, the performance
of systems pairing this estimation with the subsequent acoustic simulation is largely unknown.

Recently, a handful of end-to-end solutions have emerged, aiming at directly imposing the acoustics of a
room on an audio sample by using either an image or a recording of a space, without providing an explicit
estimation of the acoustics. While these approaches seem very promising, they are also in very early stages and
their generalization to multiple spaces might largely depend on the availability of data for training.

Finally, one common challenge present in all of the approaches is that of instrumental and perceptual eval-
uation. Although in all of these problems the end goal is to match the acoustics of a space and produce
spatialized audio, to our knowledge there currently is not an extended set of evaluation metrics and often the
instrumental metrics used for validation might not have enough perceptual relevance. Working towards a unified
set of metrics would improve the comparability of various approaches.
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ABSTRACT 
Recent advancements in spherical microphone array technology and binaural rendering methods enable 
plausible auralization of measured spatial sound fields over headphones with preservation of spatial auditory 
perceptions. This work applies these technologies toward the spatial enhancement of stereophonic music 
signals played back over headphones. Spatial room impulse responses (SRIRs) measured with a studio 
monitor and subwoofer were used to characterize the acoustics of a living room excited by a stereo sound 
system. An additional set of SRIRs was simulated to represent an anechoic condition. These SRIRs were 
combined and processed to form three different sound system representations at four different spatial 
resolutions to serve as spatial enhancement for three music excerpts. Binaurally rendered stimuli using these 
enhancement methods were perceptually evaluated in a subjective study based on how “natural” of a 
reproduction they produced. Reproductions using high spatial resolution with the measured SRIRs were rated 
as more natural than the lowest resolution used (monopole). However, spatial resolution was not found to 
have a significant effect on the naturalness of the simulated anechoic condition. The results also suggest that 
the musical style of an excerpt may affect its overall naturalness independently of the virtual sound system 
representations which were evaluated. 
 
Keywords: Spatial Audio, Binaural Rendering, Auralization  

1. INTRODUCTION 
Headphones and two-channel audio formats remain ubiquitous, with a large catalog of existing 

media that has not been remixed into a spatial audio format. This study explores new spherical 
microphone array (SMA) measurement-based approaches for enhancing headphone reproduction of 
existing stereophonic music such that it more closely approximates the perceptual experience of 
listening to audio on a conventional two-channel loudspeaker setup in a room. Contrasting with 
loudspeaker reproduction, listening to sound over headphones often gives rise to localization of 
sounds in one’s head, also called internalization (1). This occurrence is inconsistent with real-life 
auditory experiences and can be considered “unnatural,” so a modification of the audio which 
promotes externalization might result in a more “natural” sounding reproduction. Additionally, it is 
of interest to study whether evoking a sensation of being enveloped by a sound field may be desirable 
when listening to commercial stereophonic music, and to evaluate methods for doing so. Binaural 
renderings of the spatial character of a sound field produced by loudspeakers playing music in a room 
were used in this work to try to give rise to spatial auditory perceptions. 

2. BACKGROUND 
Spatial enhancement of stereophonic audio as a post-processing procedure has been attempted in 

several commercial products but has not received extensive attention in academic literature (2). 
Furthermore, few publications have demonstrated improvements in sound quality in listening tests (3). 
Lorho et al. (2) noted that most enhancement methods utilized a combination of three techniques to 
approximate the desired natural and spatial character of loudspeaker listening: (i) modeling of 
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loudspeaker cross-talk, where the left ear received sound from the right speaker and vice versa, in 
contrast with the isolated one-channel-per-ear presentation with headphones; (ii) inclusion of head-
related transfer functions (HRTFs), which summarize the acoustic changes arising from human head 
and ear morphology when sound arrives from outside the head in different directions; and (iii) 
incorporating the acoustic effects of a virtual room, including reverberation. Some of the enhancement 
methods in this work inherently incorporate all three of the above techniques.  

The approach taken in this work was inspired by the perspective of virtual acoustics and spherical 
microphone array (SMA) literature. The availability of commercial SMA products and applicable 
SMA literature have increased in recent years (4,5), which is beyond what was available when most 
academic literature of stereo music enhancement was published. SMAs can be used to measure spatial 
room impulse response (SRIRs) which characterize the spectral, temporal, and spatial properties of 
the sound field received at a particular location in a room when excited by a source at another location. 
These SRIRs can then be transformed into the spherical harmonic domain to form an Ambisonic SRIR, 
or SRIRAmb. An arbitrary signal can then be convolved with an SRIRAmb to produce an Ambisonic 
signal representing the spatial sound field resulting from the source producing that signal in the room 
(6). There has also been advancement in the field of binaural rendering of Ambisonic signals, with 
algorithms such as MagLS (7) representing a state-of-the-art approach (8). Combining the 
technologies of SMAs and binaural rendering algorithms, arbitrary measured spatial sound fields can 
be reproduced over headphones with considerable retention of perceptual fidelity.  

This work applies these advancements in SMA processing and binaural rendering technologies 
toward the spatial enhancement of stereophonic music signals for playback over headphones. SRIRs 
were measured in a living room with a source-receiver configuration matching that of a conventional 
stereophonic loudspeaker setup with a left, right, and center satellite loudspeakers and a subwoofer. 
An additional set of SRIRs was simulated to approximate stereophonic loudspeaker listening without 
room effects. These SRIRs were then convolved with music, processed to form different spatial 
representations of a sound system, and binaurally rendered with the goal of producing a natural 
perception of loudspeaker listening with spatial auditory impression and out-of-head localization. The 
spatially-enhanced stereophonic music signals were evaluated in a listening study. 

3. SPATIAL ROOM IMPULSE RESPONSE (SRIR) PREPARATION 

3.1 SRIR Measurement 
A living room with a mid-frequency reverberation time of about 0.4 seconds was selected for the 

SRIR measurements, which is characteristic of typical, dry living rooms (9). A 32-channel SMA, an 
mh acoustics em32 Eigenmike, was used as the receiver, placed 119 cm (47 inches) above the floor. 
SRIRs were measured for four different source loudspeaker positions, where the positioning followed 
that of a common studio monitoring setup with an additional center loudspeaker and subwoofer. The 
satellite loudspeaker used was a JBL 705P studio monitor. The subwoofer was a sealed cube with 10” 
drivers on opposite sides. The center satellite loudspeaker position was directly in front of the SMA 
at a distance of 1.52 m (5 feet), while the left and right satellite loudspeaker positions were 30° to the 
left and right of this center satellite, respectively, all sharing the same source-receiver distance as 
shown in Figure 1(a). The subwoofer was placed on the floor directly below the center satellite 
position. The placement of this monitoring configuration within the room was motivated by avoiding 
predicted axial modal behavior from a cuboid approximation of the living room. SRIRs for each 
loudspeaker location were measured one at a time, with the principle of linear superposition allowing 
separate convolutions and summations to obtain a sound field that would have been measured if all 
loudspeakers were excited simultaneously by their respective signals. 

The electroacoustic measurement system consisted of a MacBook Pro computer with an external 
RME BabyFace audio interface, which sent logarithmic sine sweeps through one loudspeaker at a time 
while simultaneously recording the transfer function on the SMA. The subwoofer signal chain also 
included an external amplifier, while the JBL 705P is an active monitor with native amplification. 
Python software dictated the generation, playing and recording of signals and enabled the immediate 
calculation of SRIRs for each microphone capsule during the measurement session. Schroeder plots 
(10) were calculated in octave bands from the SRIRs to visually check the approximate signal-to-
noise ratio of the measurements, via the linear decay portion of the curve. SRIRs were re-measured 
when necessary to achieve a goal of -35 dB of linear decay in most octave bands of critical interest: 
125 Hz to 16 kHz bands for the studio monitor and 31.5 Hz to 125 Hz bands for the subwoofer.  



 

 

 
Figure 1 – (a) Top view of the placement of the loudspeakers relative to the receiving SMA, where the 

subwoofer was placed below the center loudspeaker, and (b) frequency responses of satellite-subwoofer 

pairs after equalization to target curve for in-room loudspeaker listening, with ½ octave smoothing. 

3.2 SRIR Post-Processing 
After the measurement session, the SRIRs were filtered into octave bands and windowed in the 

time-domain to clean up spurious peaks and noise from the latter portion of the impulse response. The 
latter extent of the windows was based on reverberation time estimates in each octave band calculated 
using the Schroeder curve.  

In order to simulate the playing of the subwoofer and satellite signals simultaneously, a crossover 
filtering and tuning strategy was developed and applied directly to the cleaned SRIRs. A crossover of 
90 Hz was selected with processing developed to produce as flat of a frequency response curve as 
possible within ±1 octave of 90 Hz, understanding that the SRIRs contain the frequency response of 
a small, modal living room. First, the omnidirectional component of the subwoofer SRIR was 
equalized using bi-quadratic equalization filters (11,12) to match a fourth-order Linkwitz-Riley (13) 
acoustic low-pass filter target. The JBL 705P did not need additional equalization beyond the stock 
digital signal processing it natively has. After equalization, the relative delay between each satellite 
and the subwoofer was tuned by summing their frequency responses with the subwoofer response 
inverted and finding a delay that minimizes the energy in the crossover region. The three subwoofer-
satellite pairs produced different relative delays, so a compromise delay was selected and used for all 
three.  

Finally, the frequency response of each subwoofer-satellite pair was equalized to a curve inspired 
by the work presented in (14) representing the preferred frequency response for loudspeakers when 
listening to music in a room. The curve used was a negatively sloped line on a logarithmic frequency 
axis to emphasize bass frequencies, decaying 8 dB from 20 Hz to 20 kHz, as shown in Figure 1(b). 
The filtering to match this curve was only performed at low frequencies with bi-quadratic equalization 
filters, and the target slope was matched to within 3 dB in the octave surrounding 90 Hz and 1.5 dB 
elsewhere, for each satellite-subwoofer pair.  

4. STIMULI DESIGN 
After the measurements and processing steps were completed, additional steps were taken to 

generate the final binaural renderings. The resulting stimuli can be categorized according to the three 
independent variables each explained in this section and listed in Table 1: Music Excerpt, Sound 
System Representation (SSR) type, and Spatial Resolution. 

4.1 Music Excerpt Selections 
Three 15-second stereo music excerpts were selected for this study. The commercial recordings of 

the songs “Spoonman” by Soundgarden (Spoonman), “American Boy” by Estelle (AmericanBoy), and 
“Take 5” by the Dave Brubeck Quartet (Take5) were used to provide some breadth in terms of 
emphasized frequency content and reverberation present in the music. These are listed in row 1 of 
Table 1. Time-domain tapering provided smooth fade-in and -out of the looped music signals.  
  



 

 

Table 1– Independent variables for this study. 

Variable Levels of variable 

Music Excerpt AmericanBoy, Spoonman, Take5 

Sound System Representation (SSR) Type left-right, center-rotated, plane-wave 

Spatial Resolution 
“Omni”, 1st order MagLS, 2nd order 

MagLS, 3rd order MagLS 
 

4.2 Sound System Representation Type (“SSR Type”) 
Three different representations of a stereo sound system, which will be referred to as Sound System 

Representation Types (“SSR Types”) were used to add a sense of spatial impression to the 
stereophonic music and are listed in row 2 of Table 1. Following the processing steps described above, 
the left-right SSR Type was created by convolving the measured left and right satellite loudspeaker 
SRIRAmb’s with the left and right stereo music signals, respectively, and convolving the subwoofer 
SRIRAmb’s with a low-pass filtered monophonic version of the stereo music. Each of these SRIRAmb’s 
were then summed to form an Ambisonic signal.  

The center-rotated SSR Type was created by rotating the center satellite SRIRAmb in the spherical 
harmonics domain (5) and these rotated versions were used as the left and right channel SRIRAmb’s, 
respectively. For the left SRIRAmb, the center SRIRAmb was rotated 30 degrees to the left to imitate the 
left satellite SRIRAmb. The right SRIRAmb was similarly formed by rotating the center SRIRAmb 30 
degrees to the right to imitate the right satellite SRIRAmb. The same subwoofer SRIRAmb was used as 
in the left-right SSR Type, and the left, right and subwoofer SRIRAmb’s were convolved with their 
respective signals and summed to form the final Ambisonic signal. This SSR Type was of interest 
because it reduces the SRIR measurement time and complexity by only using two SRIR measurements 
(only one satellite measurement and one subwoofer) instead of the three used in left-right. 

A spatial reproduction without reverberation and room effects was also investigated. To this end, 
a plane-wave SSR Type was created, which contrasts with the measurement-based, reverberant left-
right and center-rotated types by instead simulating plane waves arriving from the loudspeaker 
directions in a free-field (or anechoic) environment. Spherical harmonic coefficients corresponding 
to plane waves (5) arriving from the satellite and subwoofer loudspeaker directions were calculated 
to form plane wave SRIRAmb’s. Then, the left channel of music was convolved with the left satellite 
plane wave, the right channel with the right satellite plane wave, and similarly for the subwoofer 
signal. This SSR Type provided a type of “control” for the effects of the particular room measured 
while retaining the spatial impression arising from the different arrival directions of the loudspeakers’ 
direct sound paths. Additionally, the plane-wave type does not require any measurements, making it 
the least expensive and time-intensive SSR Type option investigated in this work.  

4.3 Spatial Resolutions and Binaural Rendering Algorithm 
The spatial resolution of an Ambisonic signal is often expressed in terms of its spherical harmonic 

order, a fundamental property of functions expressed in spherical harmonics (5). In this work, four 
spatial resolution levels were investigated in total (see last row in Table 1). Three of these levels were 
direct applications of the spherical harmonic order concept, with the number of channels of an 
Ambisonic signal being truncated before input to a binaural rendering tool to modify its spatial 
resolution. The lowest resolution, “omni”, used a distinct processing scheme, which is described below. 

The convolution of a SRIRAmb with one of the channels of a stereophonic music excerpt results in 
an Ambisonic signal. This signal has a certain spherical harmonic order, and corresponding number 
of channels. The measurements in this work were made with a 32-channel SMA which supports the 
calculation of up to 4th order Ambisonic signals. A maximum order of three was used, with inclusion 
of 2nd and 1st order truncations. In this study, truncation simply constitutes a reduction in the number 
of channels in the SRIRAmb after convolution with a music signal. These three Ambisonic signals were 
then binaurally rendered using the MagLS method (7), incorporating the individually measured, head-
related impulse responses (HRIRs) of each participant. MagLS is a state-of-the-art approach for 
rendering arbitrary Ambisonic signals over headphones which makes no assumptions about the input 
sound field (15) and was executed via the “ambiBIN” tool from the SPARTA plugin suite, v.1.4.2 (16). 



 

 

It was also of interest to include an option with lower than 1st order resolution, which would not 
require an SMA at all. In theory, the omnidirectional component of an SRIRAmb (also called the 
monopole or 0th order component) can be measured with an omnidirectional microphone. 
Omnidirectional microphones are more common and often less expensive than even a first-order SMA, 
so the performance of this more accessible spatial resolution was evaluated. The version of the 
“ambiBIN” tool used herein does not have a setting to accommodate a 0th order MagLS reproduction, 
so a separate “Omni” spatial resolution and binaural rendering approach was developed. This approach 
was not generated via a straightforward truncation of Ambisonic channels and input into the “ambiBIN” 
tool. Instead of summing the three SRIRAmb’s after convolution to form a total Ambisonic signal, they 
were kept separate and reduced to their omnidirectional components. Each of these three 
omnidirectional SRIRAmb’s were then convolved with the HRIR that corresponded to the original 
SRIRAmb loudspeaker location for each ear. These convolutions then resulted in left, right, and 
subwoofer omnidirectional components for each ear (six signals total). Finally, all three loudspeaker 
monopole components were summed for each ear, creating left and right ear signals, respectively. 

5. LISTENING TEST 
A set of 36 stimuli representing the combinations of the independent variables given in Table 1 

were generated for assessment in a listening test. An experimental paradigm inspired by the Multiple 
Stimulus with Hidden Reference and Anchor (MUSHRA) standard (17) was used. Multiple stimuli 
generated with the same music excerpt were presented simultaneously and the study participants were 
instructed to rate each of them based on a defined attribute. Ratings were on a continuous scale using 
sliders from 0 to 100 on a graphical user interface (GUI) which also listed attribute definitions similar 
to the one shown in Figure 2. Listeners had the option to "sort" the sliders, from low to high, at any 
time during the test to assist them with their ranking process. 

 

 
Figure 2 – Subjective testing interface accommodating simultaneous Naturalness ratings of seven stimuli. 

 
An anchor stimulus was generated by low-pass filtering the Omni plane-wave stimuli for each 

music excerpt. This stimuli version was intended to make ratings easier by giving a degraded signal 
that was intended to be consistently perceived on the low end of the rating scale. Adding these anchor 
stimuli resulted in 13 stimuli to be rated per music excerpt. To avoid requiring participants to compare 
13 stimuli simultaneously, the “screens” of the GUI were limited to seven stimuli comparisons: six of 
the original stimuli plus one anchor stimulus (see Figure 2). Under this strategy, the 13 stimuli 
combinations for a given music excerpt were separated onto two screens, linked by a common anchor 
stimulus. Typical testing sessions were 20-30 minutes, with each subject taking about 4-5 sessions to 
complete all of the ratings.  

Four perceptual attributes were selected for subjective evaluation: Preference, Naturalness, 
Envelopment, and Bass-Treble Balance. In this proceeding, only results for the Naturalness attribute 
will be discussed. Naturalness was defined as “A sense that what you are hearing is the result of a 
real acoustical source in a real room,” with a continuous rating scale extending from “Really unnatural” 



 

 

(0) to “Neither natural or unnatural” (50) to “Really natural” (100). 
Listening test participants were recruited from a pool of employees at Harman International who 

had had their individual HRIRs measured and passed a hearing screening. A total of nine subjects 
participated (8 male, 1 female, ages 20-69). 

6. RESULTS  
The listening test data were organized according to the three independent variables listed in Table 

1 and the four attributes listed in the previous section. Because multiple dependent variables 
(attributes) were measured, a multivariate analysis of variance (MANOVA) was run (18,19), after 
checking the assumptions of that statistical method. The MANOVA including all four attributes and 
all three independent variables did not indicate evidence of a significant three-way interaction of the 
independent variables for any of the dependent variables (V = 0.18, F(48, 1120) = 1.1, p > 0.05); thus, 
this interaction term was not considered in subsequent analyses. All two-way interactions and 
individual variables (main effects) were found to be significant (p < 0.05).  

Following a multivariate analysis with significant factors, each dependent variable was separately 
investigated with univariate analyses (18,19). A multi-level modeling approach was used for 
univariate analysis to accommodate the lack of independence of ratings within each subject (20). A 
model was developed for Naturalness that included random slopes and intercepts by subject for each 
independent variable and was found to fit better than a model with only random intercepts. The better 
fit of the random-slopes model implies that the nature of the effect of each variable on Naturalness 
may vary considerably by subject. Removal of outliers and the application of normality-correcting 
transformations did not change the statistical significance of the following analysis, so results shown 
are for the full, unedited Naturalness dataset.      

The significance of terms in this multi-level Naturalness model were evaluated using a Bonferroni 
correction to account for the family of hypotheses including models for the other three dependent 
variables. No interactions with the Music Excerpt variable were significant (p > 0.05/4), but the 
interaction between SSR Type and Spatial Resolution was significant (p < 0.05/4). Thus, it was 
possible to evaluate the main effect of Music Excerpt independently from both SSR Type and Spatial 
Resolution. The mean Naturalness ratings for the three levels of the Music Excerpt variable are shown 
in Figure 3(a). Three pairwise comparisons using a Tukey post-hoc procedure to compare these mean 
ratings revealed evidence that Take5 was found to rate higher in Naturalness than either AmericanBoy 
or Spoonman. It is intuitive that Take5, being a “live” sounding recording of a jazz band playing 
acoustic instruments, is a more “natural” sounding song, and thus perhaps inflates the Naturalness 
ratings. AmericanBoy and Spoonman are comparatively more studio pop and rock songs, respectively, 
and a live performance replication of the studio version of such songs would require a lot of sound 
reinforcement and effects. 

 

 
Figure 3 – (a) Main effect of Music Excerpt, (b) Interaction between SSR Type and Spatial Resolution for 

Naturalness Ratings, and (c) Table of significantly different means in (b) as indicated by an ‘x’. 
 
 
The interaction between SSR Type and Spatial Resolution can be investigated with the levels of 

Program pooled, and the mean Naturalness ratings for each combination of SSR Type and Spatial 



 

 

Resolution are shown in Figure 3(b). A Tukey post-hoc procedure comparing these mean ratings was 
conducted, and of the 66 comparisons, only seven significant differences were found; these are 
summarized in Figure 3(c). A few patterns can be derived from these results.  

No comparisons between Omni and 1st order MagLS were significant for any SSR Type, nor were 
any comparisons between 2nd and 3rd order MagLS. This result suggests that increasing from 2nd to 3rd 
order MagLS, or from Omni to 1st order MagLS, may not considerably increase Naturalness. However, 
each significant comparison involved an Omni or 1st order MagLS mean versus a higher-rated 2nd or 
3rd order MagLS mean, suggesting that using a higher spatial resolution in reproduction is perceived 
as more Natural – although this benefit appears most pronounced when using left-right. There were 
no significantly different means across Spatial Resolution for both plane-wave and center-rotated, 
suggesting that there may not be a substantial gain in Naturalness for increasing spatial resolution 
when using these SSR Types. The left-right SSR Type benefits from the additional spatial resolution 
by representing more of the original sound field’s spatial character, whereas the center-rotated and 
plane-wave SSR Types are less true to the original sound field and benefit less from the additional 
resolution on the approximated or synthesized sound field.  

Omni has similar Naturalness ratings to 1st order MagLS for the measurement-based SSR Types. 
This result implies that a sound field created using 1st order Ambisonic SRIRs, when binaurally 
rendered with MagLS, does not outperform the Omni procedure presented in this work. The 1st order 
Ambisonic SRIRs require four microphone channels, while the Omni reproduction works with a single 
omnidirectional microphone signal. However, it should be noted there are other binaural rendering 
algorithms, such as the one presented in (21), which specialize in the reproduction of 1st order 
Ambisonic signals. Investigating the comparison of these special methods to our Omni method for a 
similar application in headphone-based stereophonic music enhancement is left to future work. 
Furthermore, the Omni reproduction scheme leveraged knowledge of the location of each loudspeaker 
location and can be considered “object-based” (15,21), whereas MagLS’s algorithm is entirely 
agnostic of the location of sound sources (also called “scene-based”). Investigating other object-based 
binaural rendering methods is also future work.  

The center-rotated SSR Type appears to be typically rated less Natural than left-right upon 
comparing means in Figure 3(b). This conclusion is supported by the formal pairwise comparisons, 
which show that while Omni for both left-right and center-rotated rated lower than the highest means 
(left-right 2nd and 3rd order MagLS), the mean rating for 1st order MagLS center-rotated is also low 
enough to be significantly different from these highest means. Additionally, center-rotated Omni was 
significantly different from plane-wave at 2nd order, while Omni left-right was not. The finding that 
the left-right SSR Type had higher Naturalness ratings than center-rotated is reasonable given that 
left-right retains two satellite SRIRs in their original measured positions rather than editing a center 
SRIR to be perceived as two satellites. The center-rotated representation is less consistent with reality 
than left-right.  

The plane-wave SSR Type, although it did not use any acoustic measurements, performed as well 
as higher-order measurement-based SSR Types. This finding is sensible when considering that 
listening to stereophonic music over headphones is typically done without any addition of spatial 
reverberation, so a lack of enhancement matches most listeners’ expectations, and in that sense might 
be “natural”. However, the definition of Naturalness that subjects were asked to reference for their 
ratings explicitly refers to an impression of an actual acoustic event. Plane-wave is not the same as 
normal stereophonic headphone reproduction but is similar in that it does not add reverberation or 
room effects; it only attempts to add a spatial perception. At higher orders, which were not rated as 
significantly more Natural than lower orders, the “beam” of the incoming plane wave is “tighter”, 
which results in a more crisp spatial image. 

7. CONCLUSIONS 
Three methods of spatially enhancing stereophonic music signals via virtual sound system 

representations (“SSR Types”) were developed and their Naturalness was evaluated in a listening test 
with different music excerpts and spatial resolutions. The left-right and center-rotated SSR Types 
were based on SRIR measurements using loudspeakers in a living room, while the plane-wave type 
was simulated. The “Omni” spatial resolution process incorporated direct HRIR convolution in the 
loudspeaker directions, while the other spatial resolutions utilized an Ambisonic scene-based binaural 
rendering algorithm. The Naturalness ratings indicate the possibility that certain properties of a music 
excerpt, such as its genre, instrumentation, or style of production, can influence how inherently natural 



 

 

it will sound, but these properties do not seem to interact with the other aspects of reproduction 
investigated in this work. Higher order spatial resolutions (2nd and 3rd order MagLS) tended to produce 
more natural reproductions than lower orders (Omni and 1st order MagLS), but this was most evident 
with the most realistic measurement-based SSR Types, left-right and center-rotated. Increasing 
resolution with the plane-wave SSR Type did not have a significant effect on Naturalness ratings. 
When considering a measurement-based spatial enhancement method, such as those presented here, 
using the most realistic and highest resolution processing scheme that the measurement system can 
accommodate may prove advantageous in terms of Naturalness. Future work will include the analysis 
of the attribute ratings of Preference, Envelopment and Bass-Treble Balance for the same stimuli. 
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Parametric binaural reproduction of higher-order spatial impulse responses
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ABSTRACT
Spherical microphone arrays may be used to capture the directional characteristics of a room acoustic response.
Spatial impulse response rendering (SIRR) is a method for parameterizing the response in terms of its principle
directional and diffuse components, which allows for subsequent spatially enhanced reproduction of these
captured spatial characteristics. This paper explores a reformulation of the higher-order spatial impulse response
rendering (HO-SIRR) method for direct-to-binaural reproduction. The previously proposed HO-SIRR formulation
was optimized for loudspeaker-based reproduction. While the loudspeaker channels may indeed be binauralized
for headphones playback, such an approach does not necessarily take advantage of the full resolution of the
employed head-related transfer function (HRTF) set and may incur coloration due to the employed amplitude
panning functions. Therefore, this paper proposes a reformulation of the HO-SIRR for binaural rendering, which
addresses these concerns. The proposed method is evaluated through objective perceptual metrics, which highlight
reduced coloration error, while maintaining minimal spatial error only imposed by the HRTF measurement grid.
An open-source implementation of the proposed reformulation is also made available.

Keywords: Spatial Impulse Response, Higher-Order Ambisonics, Spatial Audio, Binaural Rendering

1 INTRODUCTION
Capturing and reproducing the spatial properties of acoustical spaces finds a number of different applications,
including the perceptual evaluation of concert halls and other spaces of interest [5], and for example for artistic
productions [1]. Spatial room impulse response (RIR) rendering algorithms facilitate this need, by rendering
RIRs corresponding to a target loudspeaker or headphones setup, based on a microphone array RIR as input.
After convolving a monophonic signal with the rendered RIR, the input signal is then reproduced over the target
playback setup, while also exhibiting much of the spatial characteristics of the captured space. The spatial
resolution of this rendering is dictated by the spatial RIR rendering method and hence is an active area of
research.

There are a number of linear signal-independent methods that are applicable for this task. One popular
approach is to first convert the input microphone array RIR into the spherical harmonic domain [10], which is
referred to as encoding in Ambisonics terminology. These spherical harmonic (or Ambisonic) RIRs may then be
rendered to the target playback setup by using one of a number of available Ambisonic decoding approaches
[11]. However, given that many available microphone arrays are limited to lower-order Ambisonics recording,
and that there is an upper limit to what can be achieved with purely linear and signal-independent mappings of
channels, there have been a few proposals for signal-dependent alternatives to this spatial RIR rendering task,
which aim to improve the spatial resolution of the rendering.

The first proposed signal-dependent method for spatial RIRs, which is often also referred to as a parametric
method, was the Spatial Impulse Response Rendering (SIRR) method [8]. The method is based on a parametric
sound-field model, which assumes a mixture of a single reflection and isotropic diffuse reverberation per time-
frequency tile. The method operates based on active-intensity based analysis techniques, which are used to
estimate the direction-of-arrival (DoA) of the single reflection and also a diffuseness estimate. The omni-
directional component is then panned to the target loudspeaker setup using VBAP, and decorrelated versions are
also routed to all loudspeaker channels. The diffuseness estimates are then used to balance between these direct
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Figure 1. Input RMS in dB, evaluated on a dense grid, from a third order Spatial Impulse Response (SIR).

and diffuse streams.
Recently, the SIRR method was extended to support higher-order Ambisonic input (HO-SIRR) [7] by dividing

the sound-field into directionally-constrained sectors, in the same manner as its signal-domain counterpart: higher-
order Directional Audio Coding [9]. The DoA and diffuseness estimates are then made for each sector, and the
sector signals are panned to the target loudspeaker setup accordingly for the direct stream rendering. For the
diffuse stream, HO-SIRR instead scales the sector components by the diffuseness estimates, re-encodes them into
the Ambisonics format, reproducing it using an Ambisonic decoder, followed by decorrelation.

A recent reformulation of higher-order Directional Audio Coding [3] uncovered several shortcomings regarding
the re-encoding approach. This article is a first step towards implementing improvements and new techniques to
HO-SIRR.

The current formulation of HO-SIRR described in [7] is optimized specifically for loudspeaker based rendering.
While it is possible to binauralize a virtual loudspeaker setup, there are three main issues that may arise. First, a
viable virtual loudspeaker grid is only of finite resolution, while the HRTFs are usually available for a much
denser grid or even a spatially continuous resolution. Second, the inherent amplitude panning in loudspeaker
based rendering can introduce coloration, especially on an arrangement typical for binaural reproduction. Last,
the additional complexity can be avoided by utilizing the target rendering format, binaural output, directly.

2 PROPOSED METHOD
The proposed method is divided into dedicated analysis and synthesis stages. During the analysis stage, a set of
spatial parameters are extracted from the input spatial RIR. An example of a spatial RIR is provided in Fig. 1,
which depicts the directional amplitude density of the input sound-field. For the present example it shows a
strong frontal peak with multiple distinct lower energy peaks to the sides and the top.

The higher-order input RIR is first transformed into the time-frequency domain and then divided into spherical
sectors ξ of each first order components. This method allows simultaneous extraction of multiple pseudo-intensity
vectors, each estimating the principal DoA of its sector with the following:

iiiξ ∝ ℜ{pH
ξ

vvvξ} . (1)

Ω
DoA
ξ

= ∠iiiξ . (2)

The diffuseness estimate ψξ is then obtained as

ψξ = 1−
||iiiξ ||
Eξ

= 1−
||iiiξ ||

|pξ |2 + vvvξ
Hvvvξ

. (3)



Figure 2. Visualization of HO-SIRR analysis in a single frequency band. Color corresponds to the sector, size
scales with energy, and opacity inversely proportional to diffuseness. Black crosses mark sector steering directions
from third order Spatial Impulse Response (SIR).

Given the input Ambisonic RIR depicted Fig. 1, an visualisation of the corresponding analysis data is
provided in Fig. 2. The plot demonstrates the spatial separation between sector estimates, while still allowing
soft transitions. The figure also shows that the estimates are clustered around their corresponding sector steering
direction, which stems from the directional weighting introduced by the sector pattern. The size and opacity of
the estimate may provide an intuitive indication regarding their relative importance, since their size correspond to
the energy of each reflection, and the reflections associated with a high diffuseness value are rendered as more
opaque; thus indicating a less reliable DoA estimate.

The synthesis is carried out based on spatializing the sector pressure signals pξ . Directional components
are convolved with HRTFs corresponding to the estimated DoAs ΩDoA,ξ . The (locally) diffuse components
are not directionally manipulated and thus rendered according to their originating sector steering direction
Ωξ . Furthermore, decorrelation may be applied to the sector pressure signals, for example through phase
randomization, yielding p̃ξ . The mixing between the directional and diffuse components is determined by the
estimated sector diffuseness ψξ .

The rendering may therefore be formulated, for each ear l,r, as

H(ω)l,r =
J

∑
ξ=1

βA

√
(1−ψξ )pξ (ω)HRTFl,r(ΩDoA,ξ )+βE

√
ψξ p̃ξ (ω)HRTFl,r(Ωξ ) . (4)

Note that the time dependency of the STFT was omitted for brevity of notation. The preservation factor βA
restores the scaling of the sum of beamformer outputs pξ and factor βE for the decorrelated components. These
preservation factors, their derivations, and application are explained in [2, 4]. Further details about the algorithm
and the estimated spatial parameters may be found in [7].

The beamformers extracting pξ are arranged in a specific way that ensures uniform coverage of the sphere,
while utilizing the maxrrrE pattern to optimize directivity. The arrangement is therefore also referred to as a
spherical filter bank (SFB), since it divides the spherical input sound-field, given these preservation objectives,
such that all of the input sound-field information is retained within the sector signals.

This presented approach mitigated the aforementioned coloration issues, and more elaborate methods, for
example based on the SFB reproduction properties, are left for future work.
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Figure 3. Composite Loudness Level difference (∆CLL) compared to a reference, evaluated in equivalent
rectangular bandwidth (ERB) bands.

3 EVALUATION AND DISCUSSION
We consider the rendering of a high SH expansion, with state-of-the-art binaural decoding as the reference in
the present scenario. The reference is set to be an impulse response encoded to eighth order and rendered by
the magnitude-least-squares approach. For such high orders in combination with advanced binaural decoding,
the perceptual impact of Ambisonic encoding and binaural rendering is assumed to be small [6]. HO-SIRR
aims to recreate this high-order impression, which is not available in practice, by enhancing a lower order
input. The rendering method can thus be seen as a spatial upmixing approach, or equivalently, as a spatial
bandwidth extension. HO-SIRR achieves this by the parametrization of the input soundfield, and the interpretation
that directional components can be expressed as plane-waves, which can be parameterized and recreated using
arbitrarily high orders. This assumption matches selecting a single HRTF for the directional components. We
can therefore conclude, that the spatial rendering error is bound by the resolution of the utilized HRTF set.
Since many HRTF sets are available in very high spatial resolution, or even in the spatially continuous SH
representation, we assume this error to be below the perceptual threshold and thus negligible.

The other issue we identified with rendering loudspeaker-based HO-SIRR on a virtual loudspeaker setup is
related to spectral coloration. Therefore, the following presents an evaluation based on an objective perceptual
metric targeting coloration. The Composite Loudness Level (CLL) provides a model of the relative perceived
loudness and is comprised of the logarithm of adding both ears’ radical of each RMS value. Comparing the
CLL over equivalent rectangular bandwidth (ERB) bands gives a robust indicator of spectral coloration between
two binaural signals. Figure 3 shows the results of ∆CLL =CLLItem −CLLRef over frequency bands. The results
underline the impression of the authors that the binaural formulation proposed herein shows less coloration
compared to the virtual loudspeaker approach.

It is noted, however, that such model-based evaluation of perceptual dimensions is limited, and thus a formal
perceptual evaluation of the reformulated method is a topic of future work. To help facilitate such future studies,
an open-source implementation of the proposed reformulation is also made available in the original toolbox:
https://github.com/leomccormack/HO-SIRR.

https://github.com/leomccormack/HO-SIRR


4 CONCLUSIONS
In this contribution a reformulation of the HO-SIRR method was explored, which achieves direct binaural
rendering of higher-order Ambisonic spatial impulse responses. It is demonstrated through perceptually-motivated
objective metrics that the proposed reformulation yields high perceptual quality, by incorporating recent advances
in spatial audio processing. This paper hence serves as a foundation for future studies.
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ABSTRACT 

The common problems which occur in the state-of-the-art spatial analysis and synthesis methods include:  

(i) trailing patterns in the direction of arrival (DOA) between strong early acoustic events and (ii) high 

variability of the DOA in the late part of the room impulse response. In this paper, we aim to address the 

former, applying a novel post-processing technique to the data obtained using the Spatial Decomposition 

Method (SDM). This paper introduces Spatial Segmentation of Impulse Response (SSIR), which segmentizes 

an early part of the room impulse response into a set of consecutive sound events using a variable rectangular 

window and quantizes the DOA within each segment to a direction of a corresponding acoustic event. The 

proposed method is validated in a subjective experiment against the SDM rendering and a recent framework 

utilizing reflections extracted from an impulse response. The results indicated that the SSIR had an improved 

overall fidelity in comparison to the recent method whilst having no significant difference to the SDM. We 

propose SSIR as a solution for a simplified spatial representation of the early part of a room impulse response 

and a baseline for further research into perceptual optimization of room acoustics. 

 

Keywords: Spatial Room Impulse Response, SDM, Prominent Early Reflections 

1. INTRODUCTION 

The acoustics of an enclosed space can be analyzed and synthesized using spatial analysis and 

synthesis systems such as Spatial Decomposition Method (1) (SDM) or Higher-Order Spatial Impulse 

Response Rendering (2) (HO-SIRR). In our previous work (3) we reviewed and performed a formal 

evaluation of the state-of-the-art spatial analysis and synthesis methods. Obtained results implied that 

auralization obtained using the SDM and a high-quality pressure signal tended to perform at the 

“Slightly Different” category of the similarity scale employed, for both spatial and timbral fidelities . 

Despite its wide application (4–9), SDM has certain drawbacks, which can affect the reliability of 

the analysis. The image source model (ISM) used in the SDM is prone to error in a real-life case. In 

the early part of the impulse response, it can be observed in a form of trailing patterns in DOA between 

the prominent reflections (10). In the late part, it leads to artifacts known as (i) whitening of the 

spectrum, which is a result of assigning successive samples to the dispersed locations as broadband 

events (9) and (ii) perceived roughness or graininess, caused by the level differences due to head 

shadowing (11). 

Furthermore, the image-source assumption employed in the SDM can be argued as impractical for 

the spatial analysis of real spaces. Considering an impulse response measured at the 48kHz sampling 

rate, it is unrealistic for the 48000 image sources to arrive within the first second. Practically, the 

reflections, which would ideally resemble attenuated copies of the direct sound, are affected by the 

directivity of the source, air absorption and room treatment such as absorbers or diffusers. These 

interactions will result in alteration of their frequency response and smearing in the time domain (12). 

Therefore, it is reasonable to assume that an acoustic event will cover several samples in the room 

impulse response, and it is practical to identify these regions to obtain more reliable analysis data. 

In the past, several studies were involved in the identification or extraction of early reflections in 

impulse responses. A rendering method proposed in (13) detects and extracts reflections using a raised 

cosine window, to synthesize a directional binaural room impulse response (BRIR). Similarly, a 

framework introduced in (14) aims for a subtraction of the reflections from the spatial room impulse 
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response (SRIR) in the spherical harmonic domain to separate the directional and residual (diffuse) 

components. A recent six-degrees-of-freedom (6DOF) rendering framework (15) aims for detecting 

prominent reflections and estimating their parameters to allow for real -time rendering. 

Correspondingly, a more straightforward method was introduced by Puomio et. al (16), which aims to 

create SDM-based auralization from the reflections extracted using an asymmetrical Hanning window. 

More recently, Gomes et al. (17) attempted to identify reflections in the SDM data to evaluate the 

perceptual effects of changes in early reflection level and direction.   

The present study introduces a novel method, which aims at post-processing data obtained from 

the SDM. Spatial Segmentation of Impulse Response (SSIR) detects prominent early sound events, 

each of which is characterized by the time of arrival, time span and direction of arrival. It tackles the 

problem of trailing DOA patterns in the early part of the impulse response and aims at providing a 

more transparent representation of the spatial data. It creates a baseline for the further research on the 

perceptual effect of early reflections and serves as a potential improvement to the SDM.  

This paper is structured as follows. Firstly, the current method is described. Secondly, the 

methodology and results of the perceptual evaluation are presented. Lastly, the subjective results and 

limitations of this study are discussed. 

2. PROPOSED METHOD 

This section describes the principles behind the proposed post-processing method. Spatial 

Segmentation of Impulse Response consists of three steps, which employ a reference room impulse 

response and data obtained from the relevant Direction of Arrival estimation algorithm: (i) detection 

of early reflections, (ii) post-screening, (iii) segmentation and DOA quantization. The outputs are 

sound events defined by the time of arrival, time interval and constant direction.  

2.1 Detection of Early Reflections 

The reflections can be observed in an impulse response as maxima in the signal energy, or envelope 

(18). Multiple methods aiming for time of arrival (TOA) estimation of early reflections were proposed 

(19–22). However, our preliminary tests revealed the perceptual difference between techniques used 

to determine the arrivals is not substantial. In the proposed framework, the direct sound is detected 

using an onset detection (20) and extracted using a rectangular window with 0.5 ms onset and 2.5 ms 

offset. Secondly, the algorithm scans the remaining data using a 1 ms rectangular window and defines 

the TOA of an event as a time index in which the energy is three times higher than the median energy 

in that window (15, 20). The detection is performed up to the established transition point which can 

be equal to mixing-time (23) or derived from an ISM-based simulation. Following the reflection 

detection process, the data related to the direct sound is restored. 

2.2 Post-Screening 

The preliminary investigation has shown that the procedure of detecting reflection can lead to 

false-positive results. This can be also observed in (22), which proposed two post-screening methods 

for detected reflection. Arguably, post-screening methods can be too restrictive, as the authors 

disabled some of them to assure that more reflections are being detected (16). To address this issue, 

we propose a threshold of a difference in direction of arrival between two consecutive sound events. 

This is motivated by our preliminary study conducted using an image source method, which has 

revealed to be unlikely for the two consecutive early reflections to arrive from the same direction. 

Implemented algorithm verifies whether any of the two reflections within 1 ms from each other come 

from a close direction (angular difference between their DOAs is less than 10º). If they do, it will 

assume them to belong to the same sound event. 

2.3 Segmentation and DOA Quantization 

The framework defines time-domain segments, which define prominent early sound events. Firstly, 

an absolute translation of an impulse response is derived from the original impulse response. Peak 

widths are calculated for each of the detected peaks to obtain the left intersection point  (L1 for Sound 

Event 1 in Figure 1) with a horizontal line defining the width. This point defines the starting point of 

the current segment. The segments are subsequent to each other. For the direct sound, the starting 

point is a beginning of an impulse response. For the last detected sound event, the ending point is 2 

ms away from the starting point. The directional data, within each segment, is spatially quantized to 

the direction defined for the peak. 



 

 

 

Figure 1 – Detected sound events, presented as segments in the room impulse response. 

3. EXPERIMENT 

To evaluate the reliability of the proposed method, a formal listening test was conducted. A total 

of eight subjects participated in the study. They were staff members and research students at the 

University of Huddersfield, classified as experienced listeners in subjective evaluation of audio 

quality with no hearing impairments. All the systems evaluated in the experiment used the analysis 

data obtained from the Spatial Decomposition Method. To perform perceptual evaluation, binaural 

room impulse responses were synthesized using the spatial data processed with different conditions  

and KU100 HRIRs captured in the anechoic chamber (24). 

3.1 Listening Test Method 

This study aims to investigate a potential improvement or degradation in the overall fidelity of the 

auralization when the post-processing techniques are applied to the data. The reproductions were 

created using synthesized binaural room impulse responses and a KU100 dummy head, which served 

as a ground truth reference. The dependent variable, “overall fidelity” was defined as “trueness of 

reproduction quality to that of the original” involving changes in both - timbre and spatial 

reproduction. 

A listening test was carried out in the ITU-R BS.1116-compliant critical listening room at the 

University of Huddersfield. The reproduction system used Merging Horus audio interface and AKG 

K702 headphones with a dedicated inverse filter measured using KU100 dummy head (25). The 

inverse filter was implemented to address spectral distortion caused by the headphone’s transfer 

function. 

The experiment employed a modified MUSHRA methodology with a hidden reference and no 

anchors, implemented using HULTI-GEN Version 2 (26). Subjects were asked to compare the test 

conditions against the reference and rate the overall fidelity of the reproduction using a five -grade 

similarity scale with five semantic labels (5.0 Same, 4.0 Slightly different, 3.0 Different, 2.0 Very 

different, 1.0 Extremely different) as in (3). Prior to the experiment, each subject was presented with 

written instructions and a short training session, which exposed them to the range of the stimuli and 

test environment. There were three sessions, each consisting of six trials (with five conditions per 

trial). Each session took approximately 20 minutes. Subjects were not allowed to book back-to-back 

sessions. 

3.2 Dataset 

SRIRs were captured at the APL’s ITU-R BS.1116-compliant critical listening room (APL) (118 

m3) (3) and Green Room 1 Studio Live Room (GR1) (161 m3) at the University of Huddersfield. The 

measurements were made using: (i) Neumann KU100 binaural head, (ii) a microphone array made of 

six Line Audio OM1 microphones with 100mm spacing, mimicking the original GRAS 50VI array  

(6OM1) and (iii) a single Line Audio OM1 microphone (20 Hz to 20 kHz, ± 1dB) located at the center 

of the room. 

3.3 Test Rendering 

The measurements captured with a microphone array (6OM1) and reference omni microphone were 

processed with the SDM. The present setup applied a 1.33ms (64 samplers at 48kHz sampling rate) 

analysis window and band-limited DOA estimation for bandwidth between 200Hz and 2.4kHz as in 



 

 

(3). This served as a default SDM condition (A) and provided a baseline for other systems under test. 

The proposed Spatial Segmentation of Impulse Response (B) was implemented as described in this 

paper. The algorithm selected sound events up to 38 ms of the impulse response. The direct sound 

detection window was set with 0.5 ms onset and 2 ms offset. The length of the last sound event was 

set to 2 ms. 

Another rendering method compared was Puomio et al.’s (16), which uses data from SDM to detect 

prominent reflections and extract reflections using an asymmetric Hanning window. Each extracted 

sound event is defined by a stabilized direction. Two conditions were rendered with extraction 

windows of 8 ms (C) and 2 ms (D). They were included to examine the influence of window length 

and disregarded residual data. The peak prominence threshold was set to 1 dB, and the DOA stability 

threshold was disabled.  

 

Table 1 – Systems under test 

Label Test system 

Ref KU100 

A Spatial Decomposition Method (1) 

B Spatial Segmentation of Impulse Response (Proposed) 

C Puomio et. al. (16), 8 ms window 

D Puomio et. al. (16), 2 ms window  

 

 

Synthetic BRIRs were made using the data processed by the aforementioned techniques and a 

dataset of KU100 HRIRs sampled on the 2702-point Lebedev grid (24). During the process, each 

sample of the reference pressure signal was distributed, according to its DOA, to the nearest grid point 

using the K-Nearest-Neighbor algorithm. The resulting individual impulse responses were convolved 

with the corresponding HRIRs and summed, resulting in an artificial binaural room impulse response. 

To focus on the early part of the impulse response, all BRIRs, including the reference, were 

trimmed to 38 ms length. The cutoff point was approximated by simulating the APL and GR1 rooms 

using the image source method and calculating the time of arrival for the latest 2 nd order reflection. 

The length of the trimmed BRIRs was within the suggested range of the optimum BRIR length (20 ms 

to 40 ms) in (27) 

3.4 Stimuli 

The test material and source positions were chosen to be the same as in the present authors ’ 

previous research (3). The test material was made of anechoic samples from Bang and Olufsen “Music 

for Archimedes” CD (28) and Denon anechoic orchestral music recording CD (29) – Speech, Bongo, 

and Orchestra. The static source positions were of +30º, +90º and +135º azimuth angles. Rendered 

test conditions were convolved with the test material for each source position. The stimuli were 

normalized to -23 dB RMS, with an exception for condition D employing a 2 ms extraction window, 

which was normalized to -24.5 dB RMS. This deviation was due to a difference in the perceived 

loudness during manual verification. The playback level was calibrated to the 69.4 dB LAeq using a 

reference condition at +30º of the Orchestra sample.  

4. RESULTS AND DISCUSSION 

In the first step, the subjective data was post-screened to exclude the unreliable assessors from the 

results pool. Subjects who graded the hidden reference below 4 (Slightly Different) for more than one 

test trial were to be excluded from the results pool. None of the subjects was excluded from the 

analysis during the post-screening. Due to the relatively low number of subjects and grading scale 

employing semantic labels, non-parametric statistical analysis was conducted.  

Firstly, the data for all source positions and types were pooled together and presented in Figure 2, 

showing medians and non-parametric 95% confidence intervals (i.e., notch edges). Secondly, a 

Friedman test was applied performed to evaluate the main effect of the test renderer for each source 

position and type of test material. The main effect of the rendering method was found to be significant 



 

 

for every test condition (p =< 0.001). Additionally, we investigated the main effects of the (i) room, 

(ii) source position and (iii) test material, which were significant (p <= 0.034, p <= 0.040, p <= 0.030, 

respectively). Consequently, the results were presented individually on a grid, arranged by the type of 

test material, source position and room in Figure 3. In the last step, a post hoc analysis was performed 

using Wilcoxon signed-rank test. 

 

 

Figure 2 – Medians and non-parametric 95% confidence intervals for all test conditions. 

 

Initial observations have revealed a clear pattern (Figure 2), in which systems A (SDM) and B 

(Proposed SSIR method) performed consistently within the score of 4 (Slightly Different). The ratings 

for the test condition C tended to lie within the 2.5 to 3.5 (Different) range and method D appeared to 

produce an overall fidelity falling into the “Very Different” (2) category. 

Individual results for every source position, test material and room show the condition D, which 

uses a 2 ms extraction window performed at the lower end of the scale, with medians within the 1 

(Extremely Different) to 2.5 (Very Different) range, with an exception for the Bongo sample at +90º. 

An explanation for this may be a short window used to extract the early reflection, which will limit 

the frequency bandwidth of the extracted event. Moreover, the potential artifacts resulting in the 

limited bandwidth of the sound events may be not perceptible for Bongo stimuli due to its narrow-

band characteristics. It is important to underline, that observed patterns are in line with the initial 

results obtained in (16). On the contrary, the median grades of method C, employing an 8 ms extraction 

window were between 2 (Very Different) to 3.5 (Different). According to the post hoc analysis, there 

was a significant difference in overall fidelity between systems C and D (p <= 0.041), suggesting a 

longer window size as preferable, considering the overall fidelity of an auralization. The only 

exceptions were: +90º Bongo condition in both rooms, +30º Bongo and Speech and +135º Bongo 

conditions in GR1 Room. As the Bongo source, can be considered a narrowband, transient sample, 

this result can be interpreted as that the main difference between 2ms and 8ms window size is more 

related to the changes in timbre. 

The median scores for the proposed method (B) and SDM (A) tend to lie between 4 (Slightly 

Different) and 3 (Different) categories. There were found to score significantly higher than method C 

for most of the test scenarios (p <= 0.35), except for all stimuli rendered at +135º using data from 

GR1 Room and Orchestra sample rendered at +30º (APL Room). On the other hand, system A has 

achieved significantly higher overall fidelity scores (p = 0.035) than C for +135º Orchestra (GR1 

Room). 

These remarks imply that sound rendering performed only using the reflections extracted from the 

impulse response may not provide an accurate representation of the captured sound field. This could 

be due to the residual data, present between the extracted regions being removed. As the extraction is 

performed in the time domain, besides the low-frequency components, this data will include any 

information related to physical interaction between the source and receiver in an enclosed space. On 

the other hand, a longer extraction window can result in overlapping reflection filters when the longer 
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extraction window is employed, leading to spectral artifacts. 

As observed in Figure 3, the performance of systems A and B was comparable. An exception was 

the test scenario involving Bongo stimulus at +135º. In the condition featuring GR1 room, system A 

produced more degradation in the overall fidelity when compared to B (p = 0.036). Conversely for 

the APL Room, system B scored a significantly lower overall fidelity in comparison with A (p = 0.035). 

Furthermore, for the test scenario rendered +90º using the Orchestra sample (APL Room), system A 

was rated significantly higher than system B. 

The results presented in Figure 3, imply that method A was found to be indistinguishable from the 

reference in certain conditions. The post hoc analysis revealed that to be the case at +90º source 

position for Bongo and Speech rendered using data from the APL Room (p >= 0.059) and Orchestra 

for the GR1 Room (p = 0.094). This confirms previously obtained results (3), which revealed no 

significant difference between the employed SDM condition and the reference for Bongo and 

Orchestra at the +90º. Arguably, system B was found to produce overall fidelity significantly different 

when compared to reference for all test conditions (p <=0.025). This suggests that segmentation of 

the time domain data and quantization of the DOA may lead to minor impairment in the overall fidelity. 

These findings generally indicate that the perceptual difference between the proposed method and 

the SDM, which is the state-of-the-art SRIR synthesis method, is negligible. This suggests that, from 

a perceptual point of view, it would be unnecessary to allocate a DOA for each sample as done in the 

SDM. In fact, this is a limitation of SDM since there is uncertainty in defining the DOA for each of 

the samples other than the ones identified as prominent reflections (considered as “residuals” here). 

The proposed SSIR method does not provide a substantial improvement over SDM in terms of the 

overall fidelity, but this might be related to other potential limitations of SDM. The main merit of the 

proposed segmentation approach is that it provides a simplified framework for post-processing SRIR 

data, e.g., manipulating the levels and directions of early reflections in auralization. 

 

 

Figure 3 – Medians and non-parametric 95% confidence intervals for each test system, test material, source 

position and room. 
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4.1 Limitations 

The image source model, assumed in the SDM may be acceptable for sparse specular reflections. 

In case of multiple reflections arriving close in time or more complex acoustic interactions within the 

room such as diffusion, diffraction, or interference — this assumption is likely to lead to trailing 

patterns in the DOA vector obtained using SDM.  

In theory, any modification of the time domain data will accordingly affect the frequency response 

of the signal. As found in the present study methods such as Puomio et. al.  (16) aiming at sound 

rendering with reflections extracted from the signal in a time domain, can lead to a significant 

impairment in the overall fidelity of the reproduction. It is widely understood that the window size 

will influence the frequency resolution of the analysis, on the contrary, the longer window size may 

lead to overlapping reflection filters resulting in excessive filter ing and spatial artifacts. Moreover, 

the “residual” part, which is removed in the process, may still contain important acoustic information, 

as suggested in this study.  

The proposed method does not directly modify the data from the impulse response to avoid 

potential artifacts. The reflections are defined as consecutive time-domain segments of stable DOA. 

Due to the segmentation process, the employed rectangular window size is variable, reducing the 

consistency in frequency response between the reflections. While this can be accepted for transparent 

representation of the early part of the sound field, it may be problematic in case of modification of 

early reflection data for research in the perception of room acoustics.   

5. CONCLUSIONS 

This paper proposed a method named “Spatial Segmentation of Impulse Response”, which aims to 

identify early sound events as consecutive segments using the reference room impulse response and 

corresponding DOA data. We tackled the problem of trailing patterns between the DOAs of early 

reflections, by defining time-direction domain segments in the impulse response; prominent early 

reflections and residuals are defined based on some decision criteria and the DOAs of the residuals 

are quantized to the DOAs of their associated early reflections.  The subjective test implied that the 

proposed method had no significant difference from the original SDM condition in terms of overall 

fidelity. On the contrary, a minor degradation in overall fidelity against a reference BRIR was 

observed for both methods. The proposed framework was found to outperform a recently proposed 

method that renders the sound scene using reflections extracted with an asymmetric window (16). 

This suggests the residual information in the impulse response, located between the prominent 

reflections is meaningful for the overall fidelity of synthesized auralization.  

The proposed method allows for a simplified framework for manipulating the levels and directions 

of early reflections in auralization, which would be useful for investigating into perceptual 

optimization of room acoustics and auralization in future studies.  
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ABSTRACT
This paper proposes a framework for parameterising and rendering spatial room impulse responses, such that
monophonic recordings may be reproduced over a loudspeaker array and exhibit the same spatial characteris-
tics as the captured space. Due to its general formulation, the rendering framework can either operate directly
based on the measured microphone array room impulse responses, or on room impulse responses represented
in the spherical harmonic domain. The method employs a sound-field model comprising a variable number of
simultaneous reflections, which are combined with an ambient component encapsulating anisotropic diffuse
reverberation. The isolated reflections are then reproduced over the target loudspeaker array using amplitude-
panning, whereas the diffuse reverberation is reproduced over all loudspeakers and subjected to decorrelation
operations. The proposed rendering framework has also been made available as an open-source MATLAB
toolbox.

Keywords: spatial room impulse responses, sound-field reproduction, spatial audio

1. INTRODUCTION
An array of microphones may be used to capture spatial room impulse responses (RIRs), which store

spatial information regarding the magnitudes and directions of reflections, and the direction-dependent
energy distribution of diffuse reverberation. Spatial RIR rendering methods then use this captured in-
formation to synthesise RIRs corresponding to a target reproduction setup. Subsequently convolving
a monophonic input signal with each channel in the rendered RIR allows the input signal to be repro-
duced over the playback setup, while also exhibiting the spatial characteristics of the captured space.
This category of spatial audio rendering has found application in a number of areas, including: percep-
tual evaluations of concert halls [1], the acoustical analysis of historical buildings [2], and for artistic
purposes.

In many cases, such rendering is based on signal-independent processing of the impulse responses;
for example, through the Ambisonics encoding of spatial RIR measured with spherical microphone ar-
rays [3], with subsequent decoding to arbitrary reproduction setups [4]. To overcome the inherent limita-
tions associated with a purely signal-independent reproduction, such as limited spatial resolution, several
signal-dependent alternatives have been proposed. These approaches are often referred to as paramet-
ric methods [5], due to their inherent nature of operation, which entails the estimation of appropriate
spatial parameters that are subsequently used to inform synthesis techniques to produce output signals
conforming to an assumed sound-field model. In principle, many existing sound-field reproduction meth-
ods operating on running signals may also be applied to spatial RIRs. However, a RIR has a particular
structure that can be modelled. For example, it can be assumed to consist of direct sound and prominent
reflections represented as distinct peaks in the earlier part in the response, followed by a diffuse expo-
nentially decaying reverberant tail. As the reflection density increases quickly, signal-dependent RIR
rendering methods may also benefit from higher temporal resolution. Whereas, methods operating on
running signals may favour higher frequency resolution, in order to improve the separation of the differ-
ent sound sources, and more temporal averaging, in order to mitigate audible time-varying artefacts.

1leo.mccormack@aalto.fi
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Figure 1: Block diagram of the proposed spatial RIR rendering framework.

The first parametric spatial RIR rendering method was the Spatial Impulse Response Rendering
(SIRR) method [6]. The sound-field model employed by the method assumes a single reflection, isotropic
diffuse reverberation, or a combination of the two, per time-frequency index. In practice, the method
operates based on first-order Ambisonic RIRs, and estimates the direction-of-arrival (DoA) and diffuse-
ness parameter per time-frequency index, through analysis of the pseudo intensity vector. The omni-
directional component of the input is reproduced directly over the loudspeaker setup using amplitude
panning, and also routed to all loudspeaker channels and decorrelated. The balance between these two
streams is then dictated by the diffuseness parameter. The SIRR method was then later extended to
higher-order input (HO-SIRR) in [7], by dividing the input into directionally-constrained regions on
the sphere, and applying the original SIRR analysis to each. The sector components are panned to the
loudspeaker setup, and also: scaled by the diffuseness term, re-encoded into the Ambisonic format, de-
coded to the target playback setup, and finally decorrelated. Therefore, provided that the reflections land
within their own sector, the reproduction of them is more robust with this higher-order formulation. Fur-
thermore, due to the direction-dependent diffuseness term, this method also permits the reproduction of
possible anisotropic energy distributions of the diffuse reverberation.

Another example of a parametric spatial RIR rendering approach is the spatial decomposition method
(SDM) [8], which employs a sound-field model that assumes a single reflection per time window. In
practice, the method employs an open microphone array of four or more omni-directional sensors as
input, with the DoA estimated based upon the time-difference of arrivals; although, a spherical harmonic
domain variant, employing the pseudo intensity vector, is also available in the SDM toolbox [9].

In this paper, a new multi-directional spatial RIR rendering framework is proposed1, which builds
on the COding and Multi-Directional Parameterisation of Ambisonic Sound Scenes (COMPASS) sound-
field model [10], which was recently explored for running signals in [11]. The principles for decompos-
ing RIRs developed recently in [12] are also based on a similar model.

2. PARAMETRIC RENDERING FRAMEWORK
This section provides an overview of the proposed parametric rendering framework, which is also

depicted in Fig. 1.

2.1 Sound-field model
It is assumed that the input Q-channel microphone array or Ambisonic RIR has first been trans-

formed into the time-frequency domain x(t, f ) ∈ CQ×1, where t and f denote the down-sampled time
and frequency indices, respectively. This is commonly achieved through the application of a short-time
Fourier transform (STFT). The spatial covariance matrices (SCM) of the input RIRs are then obtained
as Cx(t, f ) = E[x(t, f )xH(t, f )] ∈ CQ×Q, where E[.] denotes the expectation operator. It is then assumed
that K < Q simultaneous reflections r are active at each time-frequency index, which are incident from

1A MATLAB toolbox of the proposed framework may be found here: https://github.com/leomccormack/REPAIR



directions Γr = [γ1, ...,γK ]; where γk ∈ R denotes the direction of the kth reflection.
The input RIR may therefore be described as

x(t, f ) = Ar( f )r(t, f )+d(t, f )+n(t, f ), (1)

where Ar = [a(γ1), ...,a(γK)] ∈ CQ×K is a matrix containing the array transfer functions corresponding
to each reflection direction; d ∈ CQ×1 is a vector encapsulating diffuse reverberation; and n ∈ CQ×1

denotes sensor noise. Note that for spherical microphone arrays, descriptions of array radius and sensor
positions may be used to obtain analytical array transfer functions [13]. In the general case, the array
transfer functions may be obtained from free-field array impulse response measurements, or through
numerical simulations, of the array in question. Alternatively, for a spherical harmonic domain receiver,
the array transfer functions may be replaced by frequency-independent spherical harmonic weights [3].
It is henceforth assumed that these array transfer functions A ∈CQ×V are available for a dense uniformly
distributed grid, Γ = [γ1, ...,γV ], of V directions.

2.2 SCM frequency-averaging
Contrary to parametric methods operating on running signals, RIRs typically involve a single source/re-

ceiver combination, and thus the reflection signals are likely to be more coherent compared to the direct
path signals of the (typically) multiple source/receiver scenarios that are captured and rendered by para-
metric methods operating based upon running signals. Therefore, to alleviate problems with subspace lo-
calisation methods, which assume full-rank/incoherent directional sounds, it may be beneficial to average
the SCMs over frequency. This has the benefit of increasing the effective rank of the SCMs used for the
spatial analysis, given the same temporal resolution; with the penalty of reduced frequency-resolution.
Although, it is noted that high frequency-resolution may be less useful for single source/receiver com-
binations, as also shown in the perceptual studies conducted in [7]. Averaging the SCMs more across
frequency, and less across time, may also make more intuitive sense, when considering how the reflection
density in RIRs increases greatly over time.

In the proposed framework, the WINGS coherent-focusing method [14] is employed for the task
of averaging the uniformly-spaced STFT input SCMs to form octave band averaged SCMs. The SCM
corresponding to each octave-band centre frequency f0 is obtained as [15]

C(OCT)
x ( f0) =

fu

∑
fi= fl

Tcoh( fi, f0)Cx( fi)TH
coh( fi, f0), (2)

where fl and fu denote the lower and upper frequency indices that define the octave-band grouping, and
Tcoh ∈ CQ×Q is the coherent focusing matrix, which is computed as [14]

Tcoh( f , f0) = [A( f0)YT][A( f )YT]†, (3)

where † denotes the Moore-Penrose pseudo inverse, and Y ∈ CQ×(N+1)2
are spherical harmonic weights

up to order N for the same directions as used to measure/simulate the array transfer functions. Note
that in the case of a spherical harmonic domain receiver (using broad-band spherical harmonic weights
as steering vectors), this coherent focusing operation is intrinsically bypassed since Tcoh becomes an
identity matrix.

2.3 SCM whitening
The parametric spatial analysis techniques described in the following sections are based on the sub-

space principles of array signal processing. When attempting to detect the number of reflections, for
example, many available algorithms rely on the eigenvalues of the array SCM all being equal when the
SCM is describing only sensor noise. However, in the present case, it may be assumed that the diffuse
reverberation would likely have more energy than the noise floor, i.e. tr[ddH] > tr[nnH]. Therefore, it
may be beneficial to apply a spatial whitening operation on the array SCMs, such that they become more
diagonal when the array is capturing only diffuse reverberation, which may subsequently lead to a more
accurate detection of the number of reflections.

This spatial whitening is conducted by first obtaining diffuse-coherence matrices averaged over octave



band groupings, similarly as in Eq. 2, and decomposing them as [11]

D(OCT)( f0) =
fu

∑
fi= fl

Tcoh( fi, f0)D( fi)TH
coh( fi, f0), (4)

= RΛRH, (5)

where D = AAH ∈CQ×Q is the diffuse coherence matrix of the array per STFT frequency bin. Note that
time and frequency indices are henceforth omitted, unless required for clarity.

This decomposition then permits the acquisition of a spatial whitening matrix Tw = Λ−1/2RH ∈
CQ×Q, in order to obtained spatially-whitened SCMs as

Ĉ(OCT)
x = TwC(OCT)

x TH
w. (6)

Note that in the case of a spherical harmonic domain receiver (using broad-band spherical harmonic
weights as steering vectors), this spatial whitening operation is also intrinsically bypassed.

2.4 Reflection number detection
For detecting the number of reflections over time and per octave band, the frequency-averaged and

spatially whitened SCMs are first decomposed as

Ĉ(OCT)
x = VΛVH =

K

∑
k=1

λkvkvH
k +

Q

∑
k=K+1

λkvkvH
k , (7)

where λ1 > ... > λQ are the eigenvalues in descending order, and vk are their respective eigenvectors.
The SORTE detection algorithm [16] is then employed, which is based on first determining the dif-

ferences between eigenvalues as

∇λi = λi −λi+1, for i = 1, ...,Q−1, (8)

with an estimate of the number of reflections obtained with the following:

KSORTE = argmin
k

f (k) for k = 1, ...,Q−3, (9)

f (k) =

{
σ2

k+1
σ2

k
, σ2

k > 0

+∞, σ2
k = 0

, for k = 1, ...,Q−2, (10)

σ
2
k =

1
Q− k

Q−1

∑
i=k

(
∇λi −

1
Q− k

Q−1

∑
i=k

∇λi

)2

. (11)

However, it is noted that the SORTE algorithm can have the tendency to overestimate the true number
of reflections in practice, often during periods of low direct-to-diffuse energy ratios. Therefore, it can be
beneficial to constrain the estimate based on a diffuseness measure, in order to obtain a more conservative
reflection number estimate as

KSORTED = min
(
KSORTE,⌊(Q−1)ψ +1⌋

)
(12)

where ⌊.⌋ denotes the floor operator, and ψ ∈ [0,1] is a diffuseness measure. In this framework, the
diffuseness parameter is estimated using the COMEDIE algorithm [17] as

ψ = 1− β

β0
, (13)

where β0 = 2(Q−1), β = 1
⟨λ ⟩ ∑

Q
q=1 |λq −⟨λ ⟩|, and ⟨λ ⟩= 1

Q ∑
Q
q=1 λq.



2.5 Reflection DoA estimation
Now that the number of reflections K at each time and in each octave band has been detected, the

MUltiple-Signal Classification (MUSIC) approach [18] is be employed to estimate their directions

PMUSIC(γ) =
1

||VH
n Twa(γ, f0)||2

, for γ ∈ Γ, (14)

where Vn ∈ CQ×(Q−K) is the noise subspace, consisting of the eigenvectors corresponding to the lowest
Q−K eigenvalues. A peak finding algorithm is then used to obtain the DoA estimates.

2.6 Rendering reflections
The signals of the direct sound and reflections are then estimated based upon the application of a

beamforming matrix as
r = Wrx, (15)

with one suitable beamforming design for this task being [10]

Wr = (AH
r Ar +β

2IK)
−1AH

r , (16)

where β > 0 is a regularisation parameter, and I is an identity matrix. Note that for a single direction, this
beamformer reverts to a matched-filter beamformer (or hyper-cardioid/maximum directivity beamformer
in the spherical harmonic domain). Whereas, for multiple directions, each row of beamforming weights
correspond to beamforming weights derived with a unity-gain constraint towards the respective reflection
direction, and null-constraints towards the other reflections.

The estimated reflection signals may then be spatialised directly over an L-channel loudspeaker setup,
with directions ΓL, as

yr = Grr = GrWrx, (17)

where Gr = [g(γ1), ...,g(γK)]∈RL×K is a matrix of vector-base amplitude panning gains g= [g1, ...,gL]
T

[19], which correspond to the same DoAs as used to steer the beamformers.

2.7 Rendering diffuse reverberation
The estimation of the diffuse reverberant signals d ∈ CQ×1 is conducted by spatially subtracting the

reflection signals from the input, in order to obtain a residual component

d = Wdx, (18)

which encapsulates an anisotropic representation of diffuse components in the response. This ambient
extraction matrix is calculated as [10]

Wd = IQ −ArWr. (19)

Once the ambient array signals have been determined, they are subsequently reproduced over the
same loudspeaker setup using a beamforming matrix, Gd ∈ CL×Q, as

yd = dEQGdd = dEQGdWdx, (20)

where dEQ = tr[AAH]−1/2 is a diffuse-field equalisation term.
In the simplest case, this beamforming matrix may be based on a set of matched filters as

Gd = AH
d Diag[AH

d Ad]
−1, (21)

where Ad = [a(γ1), ...,a(γL)] ∈ CQ×L are the array steering vectors for each loudspeaker direction, and
Diag[.] denotes the construction of a diagonal matrix based on the diagonal entries of the enclosed matrix.
Note, that in the spherical harmonic domain, and in Ambisonics terminology, this beamforming matrix
reverts to a sampling Ambisonics decoding matrix.

Optionally, an energy-preserving alternative may be derived by forcing the beamforming matrix to be



(a) Reference loudspeaker array RIR

(b) HO-SIRR rendering of fourth-order Ambisonic RIR (c) REPAIR rendering of fourth-order Ambisonic RIR

(d) HOSIRR rendering of fourth-order encoded Eigenmike32 RIR (e) REPAIR rendering of Eigenmike32 RIR

Figure 2: Energy plotted over time and loudspeaker channel for the rendered spatial RIR.



unitary, as described in [11]

AH
d = UΣVH, (22)

Ĝd =
1√
V

U(trunc)VH, (23)

where U(trunc) ∈CQ×Q denotes a truncation, in order to retain only the first Q rows. Note that in Ambison-
ics terminology, and if broad-band spherical harmonic weights are used as the array steering vectors, this
reverts to the energy-preserving ambisonic decoder (EPAD) design proposed in [20].

2.8 Overall rendering
The final loudspeaker array RIR is then obtained as

y(t, f ) = yr(t, f )+D [yd(t, f )], (24)

where D [.] denotes an optional decorrelation operation on the enclosed loudspeaker signals, which may
be used to enforce diffuse properties of the rendering.

3. Example multi-channel energy plots
To provide some informal insights into the performance of the proposed spatial RIR rendering frame-

work, multi-channel energy plots were produced using the same reference 64-channel loudspeaker RIRs
described in [7]. This reference RIR is plotted in Fig. 2(a). The proposed rendering method was applied
to an ideal fourth-order Ambisonic receiver and a simulated Eigenmike32 (a 32-channel spherical micro-
phone array with a radius of 42 mm), which captured the same acoustic scenario. The rendered responses
using the proposed framework, and targeting the same loudspeaker setup, are depicted in Figs. 2(c,e).
Serving as an additional visual reference, renders for the same loudspeaker array using the HO-SIRR
method [7] are also included in Figs. 2(b,d). It can be observed that for the ideal Ambisonic receiver, the
rendered responses using the two methods appear to be very similar. Whereas for the Eigenmike32, the
early part of the response appears to be slightly closer to the reference when using the proposed render-
ing method, when compared to the HO-SIRR render, while the later part of the response appears more
turbulent with the proposed framework. This is most likely due to the fact that SORTE tends to detect
multiple individual reflections also in the late part of the response, which the SORTED modification does
not mitigate fully. Evaluating the perceived performance of the proposed framework and investigating
more accurate source number estimators, which are better behaved in the late part of the response, is a
topic of future work.

4. SUMMARY
This paper has proposed a multi-directional parametric framework for rendering a microphone array

room impulse response (RIR), in order to synthesise a RIR corresponding instead to an arbitrary loud-
speaker setup. The framework can operate either directly on the microphone array RIRs themselves, or
on a spherical harmonic domain representation of the array RIRs (i.e. an Ambisonic RIR). Through in-
formal observations of the energy of the multi-channel responses, it is shown that the proposed rendering
framework can produce similar renderings to an existing state-of-the-art rendering method, when com-
pared alongside a reference response, and using Ambisonic RIRs as input. Whereas, when using RIRs
corresponding to a 32-channel spherical microphone array as input, the renders appear to be slightly
different, and thus formally evaluating the perceptual performance of the framework is a topic of future
work. An open-source MATLAB toolbox of the rendering framework described in this paper is also
made publicly available.
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What the spatial decomposition method can and cannot do
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ABSTRACT
The spatial decomposition method (SDM) is a parametric approach for the processing of spatial room impulse
responses. Although extensively used, there are some issues related to used microphone array, reproduction
loudspeaker setup, and signal processing that are not widely understood. For example, there have been differ-
ent observations with regards to its performance with rendering extremely short transient signals, where some
authors have described issues such as “roughness” or “graininess”. Here, we wish to clarify what the limita-
tions of the spatial decomposition method are and provide practical guidance to ensure the value of SDM as
a tool for spatial room impulse response analysis and rendering in various contexts. Specifically, we discuss
directional estimation performance, the ability to estimate two reflections at the time, estimation in the late tail
of the response, and the roughness and whitening found in the quality of the final rendering. Finally, some
post-processing techniques to compensate the possible audible artifacts are reviewed.

Keywords: Directional Room Impulse Responses, Measurement, Auralization

1 INTRODUCTION
The spatial decomposition method (SDM) is a parametric approach for processing spatial room impulse re-
sponses (SRIR) that was proposed almost 10 years ago [18]. Since then, it has been applied in a large number
of different studies, regarding the evaluation of concert halls [8] and stage acoustics [3], smaller music venues
[19], sound studios and movie theaters [15], and even cars [17]. In recent times, there have been divergent
observations with regards to its performance, with some authors describing issues such as “graininess” with a
few special signals. The first evaluation of SDM [18] found out to yield better results than than an earlier para-
metric room impulse response algorithm, SIRR [10], which is the basis for a more recent development called
HO-SIRR [9]. In [9], SDM performed much worse than both. In a recent pilot study, the obtained perceptual
results were often amongst the best of the methods tested, but depended on the used microphone array [13].

In this paper, we wish to clarify what the capabilities and limitations of the spatial decomposition method
are, and show that while being aware of them, SDM can be a valuable tool for SRIR analysis and rendering. We
first revisit the sound-field model underlying SDM in Section 2. In Section 3 we then describe the analysis and
in Section 4 the rendering stage of the classical SDM. For each stage, we first show the algorithms available in
the SDM toolbox and mention new additions to the SDM framework from more recent publications. We explain
what the SDM can achieve when used correctly, and which limitations are expected in any case. Section 5,
concludes the paper discussing the use of SDM and further directions for parametric SRIR methods.

2 THE UNDERLYING SOUND-FIELD MODEL
Every parametric audio method, may it be operating on running signals or on impulse responses, is based on a
sound field model. The strength and simultaneously the most important limitation of SDM is the simplicity of
the underlying model. It assumes that at any given sample at time t of a room impulse response, exactly one
sound event occurs, originating from a direction of arrival (DoA) θθθ(t), with sound pressure p(t). It is assumed
that when knowing the pressure and the DoA at each sample, the sound field is fully characterized.
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Clearly, this parameterization is most reasonable for the direct sound and broad-band early reflections found
in a room. The model is less valid in the late part of response, where the density of reflections is high. Yet,
this does not mean that no directional information can be extracted at all, as also discussed below.

3 SDM ANALYSIS ...
3.1 ... can estimate the DoAs of individual reflections from microphone SRIRs or SH domain SRIRs
Now that the sound field model is established, algorithms for finding estimates θ̂θθ(t) of the directions θθθ(t)
can be discussed. SDM was first implemented using estimation based on Time Difference of Arrival (TDoA)
estimation. Later, also the broadband Pseudo Intensity Vector (PIV) was introduced to SDM [4, 22]. Note that
both estimation principles are already described in pioneering work about room impulse response analysis [21].

The choice of analysis methods depends on the choice of microphone array used to capture the SRIR.
If open arrays of omnidirectional capsules are employed [18], TDoA estimation is the best choice. PIV is
preferred for spherical microphone arrays (SMA) known from capturing Ambisonics signals, such as tetrahedral
arrays of cardioid capsules, or arrays with omnidirectional capsules on a rigid sphere. Yet it should be noted
that open arrays can also be used for PIV estimation, and that directional microphones can yield satisfactory
TDoA analysis results as well [19], albeit with degradations compared to omnidirectional capsules.

Time-Difference of Arrival Estimation For TDoA estimation, the responses of an open array of at least four
microphones that are not in the same plane are used to obtain the direction within a block of size N, centered
around each sample t. Typical choices of microphone arrays have been 3D intensity probes, consisting of
six omnidirectional capsules at the centers of the faces of an imagined cube. First, the TDoAs between the
microphone capsules are calculated with sub-sample accuracy using interpolated cross-correlation [16]. Then,
the DoAs are obtained by finding the least squares solution for a plane wave arriving from θ̂θθ , as in
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Figure 1. Cross-correlation functions with
fitted Gaussian functions for one plane wave
in isotropic noise captured with four micro-
phones.

Ri, j(n) =
1
N

N

∑
t=1

hi(t)h j(t +n) (1)

τi, j = arg max
n

Ri, j(n) (2)

ci, j =
lnRi, j(τ +1)− lnRi, j(τ −1)

4lnRi, j(τ)−2lnRi, j(τ −1)−2lnRi, j(τ +1)
(3)

τττ =
[
τ1,2 + c1,2,τ1,3 + c1,3, ...,τM−1,M + cM−1,M

]T
(4)

VVV =
[
rrr1 − rrr2,rrr1 − rrr3, ...,rrrM−1,M

]T
(5)

kkk =VVV †
τττ (6)

θ̂θθ =
kkk

||kkk||
, (7)

where τi, j are the time differences of arrival, ci, j are the means of Gaussian functions fitted to the cross-
correlated functions Ri, j and VVV † is the Moore-Penrose pseudo-inverse of the matrix of position vector differences
of the microphone capsules, wherein the position vectors rrri are the locations of the microphone capsules in
cartesian coordinates. kkk is called the slowness vector. Note that one does not need to know the speed of sound,
nor the sampling rate for TDoA estimation itself.
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(a) Cumulative energy plots of the lateral plane (left) and the median
plane (right), where floor and ceiling reflections are visible.

(b) Interactive Map Visualizer

Figure 2. Two ways of representing SDM analysis data. Direct sound as well as floor and ceiling reflection are
easily visible on both plots.

Pseudo Intensity Vector PIV as an alternative estimation methods for DRIR [4] was not yet mentioned in
[18], but is available in the SDM toolbox1. To calculate the PIV, one needs to know the sound pressure and
an estimate of sound velocity along the three coordinate axes. Conveniently, the components of the first order
Ambisonics response (also called B-Format response) are proportional to pressure and velocities, so that the
(instantaneous, broadband) PIV can be computed as

θ̂θθ(t) = hw(t)
[
hx(t) hy(t) hz(t)

]⊤
. (8)

3.2 ... can be the basis for reflection visualization
The simple sound field model of SDM makes it possible to visualize reflections and thereby directional analysis
of the response (see Fig. 2). This has been used extensively in the analysis of concert halls [14] by overlaying
polar histograms of the acoustic energy in several time intervals.

3.3 ... cannot estimate two sound events in short succession
TDoA estimation From the sound field model and the directional estimator, it should be clear that directional
analysis fails if two sound events occur simultaneously, wherein it is important to note that simultaneously does
not mean that the sound events need too occur within one sampling interval, but within one analysis block. For
TDoA estimation, the block size should be selected in accordance with the array size. The minimal block size
Nmin should correspond to at least twice the TDoA for sound incidence from a direction parallel to the largest
distance between two microphones,

N
!
≥ Nmin = Tmin fs = 2

dmax

c
fs. (9)

This means that the spatio-temporal limit depends on the size of the array. The larger the array is, the larger
the window size that should be selected, so the larger the distance required between two reflections in order
to separate them. Looking at Tmin it becomes clear that increasing the sampling rate fs does not improve
the separation of the reflections, which explains the observations from [3]. In TDoA-based proccessing, the
sampling rate influences the result so that the possible TDoA values are quantized in time. Thereby, also
the possible DoA estimates are quantized to a grid, where the shape depends on the geometry of the array
and the density depends on the product of array size and sampling rate. However, the applied interpolated
cross-correlation solves this problem, so that sub-sample accuracy can be reached, provided sufficient SNR. In
practice, a window function is applied to the frame and the frame size is chosen to be slightly larger than Nmin.

1https://se.mathworks.com/matlabcentral/fileexchange/56663-sdm-toolbox

https://se.mathworks.com/matlabcentral/fileexchange/56663-sdm-toolbox


(a) TDoA estimation for a cube array (3D intensity probe) (b) PIV based on a tetrahedral array (FOA microphone)

Figure 3. Estimation of two plane waves arriving in very short succession (∆t = 0.05 ms), much shorter than
the window size of 0.5 ms. The plane waves have a level difference of 6dB. TDoA estimation ideally returns
the direction of the largest peak, while PIV estimation returns a weighted average direction.

PIV estimation Equation (8) shows an instantaneous PIV that returns one direction per sample. It should be
noted that, even though not directly apparent, the temporal resolution is limited by the array size here as well.
In PIV estimation, the window used for estimation of the direction at each sample needs to be long enough for
a sound wave to pass through the complete array. PIV estimation is not necessarily done in blocks, but in [22]
for example, the response is filtered using an 8th order zero-phase bandpass with its upper cutoff at the spatial
aliasing frequency of the array, which for a first order array is fsa = c/(2πr). Low-pass filtering the response
before estimation leads to temporal integration, which first makes estimation possible.

TDoA and PIV estimations show different behavior for multiple reflections found within one analysis win-
dow. While TDoA ideally returns the direction of the largest peak, PIV returns a weighted mean of the direc-
tions, see Figure 3. Recently, a variant using a new directional estimator, is capable of estimating two directions
at the same time [5]. The method is based on the normalized PIV.

3.4 ... can approximate the directional energy distribution in an anisotropic late field
Given these results, it is striking that estimation under the sound field model of one direction at the time still
results in some success also in the late part of the response, where clearly more than one sound event arrives
in each analysis window. An example for TDoA and PIV behaviour have been provided in [11]. In case of
PIV estimation, it can even be shown analytically how the distribution in an anisotropic diffuse field influences
the directional statistics of the estimate, which will be presented in upcoming work. Estimation in a simulated
field, modelled with Gaussian noise sources with direction dependent energy distribution is shown in Fig. 4.
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(a) TDoA estimation for a cube array (3D intensity probe)
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(b) PIV based on a tetrahedral array (FOA microphone)

Figure 4. DoA estimation in a simulated anisotropic diffuse field consisting of 180 Gaussian noise sources
around the receiver with different energy, that is indicated by the circles outside of the polar histogram plots.
The estimate follows the directional distribution only to some extend. Arrays with r = 1.25 cm.



4 SDM RENDERING...
4.1 ... can be performed to loudspeakers or headphones, using arbitrary spatialization techniques
SDM rendering is done by distributing the pressure response to a number of reproduction channels. In case ren-
dering is done to loudspeakers, this can be thought of as finding a selection function wl(t) for each loudspeaker
l, which modulates the pressure response to create the loudspeaker response as in

gl(t) = wl(t)p(t). (10)

Nearest Loudspeaker Synthesis Nearest Loudspeaker Synthesis (NLS) was the panning approach used in SDM
[18]. It is done by finding the loudspeaker index lNL, which is closest to the directional estimate at each sample

wl(t) =

{
1 l = lNL(t)
0 l ̸= lNL(t)

, where lNL(t) = arg min
l

||θ̂θθ(t)−θθθ l(t)||. (11)

Ambisonics Encoding More recently, SDM analysis results have been used to render Ambisonics RIR. If
the input is a first order Ambisonics DRIR (ARIR), and rendering is also done to Ambisonics, the method
is also referred to Ambisonics SDM (ASDM), or “upmixing”. This creates the modulation functions for each
Ambisonics channel, as opposed to each loudspeaker channel as before. Encoding is a straightforward operation
in the SH domain and an arbitrarily high encoding order N can be used

wwwN(t) = yyyN(θ̂θθ(t)), (12)

where yyyN(θ̂θθ(t)) are the real spherical harmonics evaluated at the direction θ̂θθ(t), stacked into a vector using
Ambisonics Channel Numbering (ACN). Decoding to loudspeakers can be done with all available Ambisonics
decoding approaches [23].

Headphone Rendering Any of the above approaches can be used to create a binaural response bbb(t), by treat-
ing the L measurement points of an HRTF measurement as virtual loudspeakers and convolving the responses
for these loudspeakers with the HRIR hhhl(t)

bbb(t) =
L

∑
l=1

N

∑
n=1

gl(n)hhhl(t −n). (13)

The loudspeaker, Ambisonics or binaural responses are then convolved with an arbitrary source signal.

4.2 ... cannot render very transient sounds without compensation for roughness/graininess
The inevitable result of this rendering stage is that the response of each loudspeaker channel is sparse in time.
This means that the envelope of each loudspeaker channels varies quickly and when listening to one loudspeaker
signal alone, it sounds rough or “grainy”. In the SDM literature, it has been described that since the modulation
functions sum up to 1,

∑
l

w(t) = 1, (14)

also all the individual sparse reproduction channels gl(t) should also add up to the omnidirectional response
p(t). While this is true if the responses are summed digitally, before reproduction, it is not true in a realistic
listening situation or in binaural rendering. In [12] it has been demonstrated by distributing different kinds
of noise to several loudspeakers, that time and level differences introduced by the head of the listener alone
are able to destroy perfectly coherent summation of the reproduction channels. This either occurs in binaural
rendering, Eq. (13), but also naturally, when listening to the rendering with a loudspeaker array.

The first consequence of this fact is that the response that is summed at the listeners ears still partly main-
tains the envelope fluctuations of the sparse reproduction channels, so that when rendering very transient sounds,
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Figure 5. Every loudspeaker response following NLS rendering to L = 48 loudspeakers is sparse in time.

the rendering can sound rough or “grainy”. It should be noted that this problem vanishes for continuous source
signals. Recently, modifications to SDM have been introduced to improve roughness. In [2], the rendered bin-
aural response is convolved with the output of a cascade of three Schroeder allpass filters with delay length
M = {37,113,215}. Figure 5 shows the sum of all channels, and one separate channel g1(t) before and after
(g̃1(t)) such a roughness compensation filter.

Essentially, the goal of the roughness compensation filter is to densify the response of each reproduction
channel without changing the relations between the channels and without increasing the reverberation time. This
means that ideally, the filters should be dense, short, and have a flat frequency response. This is approached
by the Schroeder cascade, which becomes rather dense after a while and has a frequency response with well
distributed zeros. Since computational efficiency is less important when rendering the responses, which are still
to be convolved with the source signal, any noise sequence can be used for roughness compensation. One short,
dense and spectraly flat alternative could be an exponentially decaying sequence of random binary noise, which
has a unit pulse at each sample with randomly chosen sign. Further, new approaches for Ambisonics rendering
with SDM are being developed, which offer reduced roughness by rendering additional directions [6].

4.3 ... cannot preserve the spectral content of a SRIR without proper equalization
Another consequence of the sparsity of each channel and the imperfect summation at the listeners ears is a
change in spectrum, which was first noticed in [17]. Clearly, each of the sparse loudspeaker responses has
a different spectrum compared to the initial, omnidirectional response in that the pseudo-random amplitude
modulation has spread the energy in frequency, such that additional high frequency content is present. If now
all these “whitened” channels are added incoherently, their spectral content is still retained in the final rendered
response.

To compensate the whitening effect, equalization should be applied to each block of the rendered response.
Such equalization needs to be done carefully, in order to avoid time aliasing artefacts and audible amplitude
modulation. The omnidirectional channel and the reproduction channels are therefore split into blocks of length
M. We could denote for example, p(k)(t) = p(t + kM), for t = {0,M −1} and zero elsewhere. Then, an equal-
ization filter response s(k)l is determined for each channel and each block as from the DFTs of pressure p(k)( f )
and channel responses

s(k)l = F−1

{
∥p(k)( f )∥
∥g(k)l ( f )∥

exp
(

ıφ (k)
l ( f )

)}
gEQ

l (t) = ∑
k

g(k)l (t − kM)∗ s(k)l (t). (15)

Therein, the phase φ can be selected for beneficial time behaviour of the correction filter s, as for example
linear or minimum phase. The correction filters are then convolved with the respective blocks and added.
When implementing this equalization it is important to assure that at least M zeros are appended to each block
in order to avoid time aliasing. What should further be mentioned is that there are also other variants of
this equalization. In [22] for example, equalization is instead done with an octave filter-bank on each of the
Ambisonics channels, as obtained by eq. (12). In [2], instead of equalizing the response, only the decay of the
rendered binaural response is adjusted.



4.4 ... cannot create fully authentic stimuli in general
We could say that a virtual acoustics rendering is “authentic", if it can not be distinguished from a real world
stimulus. Concerning SDM, one way to test its authenticity would be to compare a binaural SDM rendering
to a binaural dummy head reference. Given the properties of rendering described above, which need to be
carefully corrected, it is not surprising that in listening tests using direct comparison to a binaural reference,
SDM is usually found to be noticeably different [1, 11, 13].

4.5 ... can create plausible auralizations
Even though, in a direct comparison to a binaural reference, differences are often audible, SDM can still pro-
duce high quality renderings. Plausibility can be defined as evoking the auditory illusion of a rendered sound
to be real [7]. If this illusion even occurs when both rendered sources and real sources are present, either
simultaneously or non-simultaneously, one may speak of transfer-plausible rendering [20]. In [2], binaural SDM
renderings were used in a test akin to a transfer-plausibility design. They were believed to be real as often as
a real loudspeaker.

5 CONCLUSION AND FUTURE DIRECTIONS
We have demonstrated several aspects of what SDM can do, and some that it can not. It has became clear that
the broadband analysis stage of SDM is a robust way to identify reflections in the early part of the response,
but that the temporal resolution is limited by the size of the used microphone array, regardless of the estimation
method. Also, we have seen that despite the obvious violation of the sound field model, the late energy distribu-
tions can be approximated in a particular sense. More potential problems lie on the synthesis side, for example
when rendering very transient signals. Here, the simplicity of the sound field model poses a problem, but we
have described strategies for roughness and whitening compensation. Still, all previous research has shown that
SDM can robustly provide renderings that possess the main characteristics of a measured space, which makes
it a valuable tool for further research. In the near future, a new version of the SDM toolbox will be released,
which incorporates all the discussed processing steps, including roughness compensation. Future directions for
parametric processing of impulse responses in general are incorporating more advanced sound field models with
multiple sources and developing strategies for reliable objective and subjective testing of SRIR algorithms.
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ABSTRACT 
Aural heritage research documents, reconstructs, and preserves the sonic interactivity of sites important to 
humans across time and around the world, particularly those with cultural heritage designations. Here, we 
discuss data acquisition for auralizations according to the working definition of aural heritage that we have 
previously proposed: “spatial acoustics as physically experienced by humans in cultural contexts.” The use 
and significance of places change over time, and so aural heritage documentation and reconstructions benefit 
from contextual knowledge of both present-day situations as well as past sonic scenarios suggested by 
historical records or archaeological materials. Extensible aural heritage documentation requires acoustical 
measurements that represent humanly plausible perspectives on a soundfield. To ensure physical and 
perceptual accuracy in the presentation of reconstructions of past acoustics to present-day humans, it is 
necessary to understand how spatial acoustical data collection methods translate across different audio 
rendering systems that are used to deliver virtual acoustics to listeners. Our “human-centered” approach to 
data collection addresses ecological validity (realism) in aural heritage preservation, and in tandem we 
examine the immersive auditory preferences of present-day listeners via subjective evaluations of 
reconstructed soundfields in multichannel listening rooms, two separate but related considerations for 
presenting past acoustics to present listeners. 
 
Keywords: cultural heritage acoustics; archaeoacoustics; virtual acoustics; auralization; multimodality  
 

1. BACKGROUND: ACOUSTICS FOR CULTURAL HERITAGE ENGAGEMENT 
Sonic presentation of archaeological or historical scenarios is a reconstructive engagement of 

cultural heritage that fuses social science interpretation with acoustical science and audio engineering. 
Cultural heritage acoustics is a rapidly expanding field, sometimes termed “sonic heritage” [1], that 
has recently been aligned with the explosion of commercial techniques for spatial audio and virtual 
reality applications [2]. An extension of archaeological practice, accuracy in the acoustical 
reconstruction of cultural heritage spaces depends upon socio-temporal knowledge of the places being 
represented. Therefore, archaeological and/or historical research is required to inform acoustical data 
collection and reconstructive assumptions made to develop auralizations, including any situationally 
appropriate content that is created as sonic material for reconstructive auralizations. Adding to the 
cross-disciplinary expertise required for this work, auralizations in multimedia presentations of 
cultural heritage acoustics –– including immersive virtual reality reconstructions –– should be further 
problematized due to the cross-modal interaction effects that are increasingly studied via perceptual 
experimentation. Informed by these considerations, we present here a methodology that we have been 
developing and testing for extensibility across a range of cultural heritage site settings having distinct 
research and representation challenges. 
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In 2017, authors Kim, Ko, and Kolar formed a cultural heritage acoustics research and technologies 
development team that subsequently received funding from the National Endowment for the 
Humanities (NEH) in the U.S.A. for a project that leverages our distinct [3]: Dr. Kim is a specialist in 
3D audio and perceptual evaluations of spatial audio, particularly for classical music applications [4]; 
Dr. Ko is a specialist in musical perception of virtual acoustics [5]; Dr. Kolar is an archaeoacoustician 
specializing in site-responsive methodological development, with a focus on psychoacoustics and the 
study of human-environmental interactions in prehistorical archaeology [6]. 

 
We previously proposed a specific term “aural heritage” with the working definition: “spatial 

acoustics as physically experienced by humans in cultural contexts” and we have identified binaural 
data collection as the optimal spatial sampling technique for accurate documentation of humanly 
plausible physical perspectives on the soundfield produced by structures in cultural heritage sites [7], 
adapting standard room acoustics impulse response (IR) measurement techniques to the particular 
demands of cultural heritage site fieldwork [8].  

 
Binaurally equivalent IRs provide a baseline for human-centered acoustical measurements within 

cultural heritage site spaces, that can be filtered and augmented according to the desired auralization 
technique and presentation platform. To ensure physical and perceptual accuracy in the presentation 
of reconstructions of past acoustics to present-day humans, it is necessary to understand how spatial 
acoustical data collection methods translate across different audio rendering systems that are used to 
deliver virtual acoustics to listeners. Therefore, the seemingly paradoxical application of evaluations 
from present-day listeners regarding reconstructions of past acoustics is not only relevant to the field 
of cultural heritage acoustics, it is necessary, if accuracy in the translation of spatial acoustics is as 
crucial to this domain as is fidelity to other aspects of cultural heritage preservation and representation. 

 

2. BINAURAL IRS FOR ECOLOGICAL VALIDITY IN HUMAN-CENTERED 
ACOUSTICS 

2.1 Research rationale 
Beyond our research –– starting with Kolar’s doctoral dissertation on ecological psychoacoustics 

in prehistorical Andean archaeology [9] –– we have not seen an emphasis on ecological validity 
(realism) as a criterion for cultural heritage acoustics documentation, preservation, and knowledge 
sharing. This is surprising, considering that cultural heritage conservation mandates precision; for 
example, archaeological fieldwork can be summarized as the exacting documentation of materials and 
their structural organization, in assembled context.  

 
The precision we propone for cultural heritage acoustics relates to the application of site 

knowledge to three activities, which may be interrelated, according to the availability of materials, 
spaces, and/or relevant data: 1) the documentation and measurement of soundfields within extant 
boundaries of site spaces in their current conditions; 2) the reconstruction and computational 
acoustical modeling of past soundfields within specific boundaries (and further, given particular 
constituents/modifications); and 3) the simulation of extant or reconstructed spatial acoustics for 
present-day listeners, via auralizations (that can be rendered using a range of audio systems, from 
binaural headphone/earphone delivery to multichannel 3D audio). Whereas specific multichannel data 
collection techniques have been shown to be optimized for particular multichannel loudspeaker 
configurations [10], our focus here is to outline a baseline technique that can accurately translate 
physically possible human perspectives on a soundfield, in order to provide a realistic, ecologically 
valid measurement and reconstruction basis for auralizing cultural heritage acoustics. 

 
Binaural data collection enables spatially precise human-centering of cultural heritage acoustics 

according to ear-based hearing; however, a pair of microphone-receivers as proxy for a human’s ears 
does not exclude the reality that sound-sensing is a whole-body sensory experience. Binaurally spaced 
microphones located at an approximate human head-height affords ecologically valid (realistic for 
humans) soundfield sampling that can be translated to skin and bone conduction as well. Another 
critique we have heard and deem specious is that microphones in space alone do not account for the 
physical interactions of a human body and/or head, which can be approximated by recording using 



 

 

the recording tool of a head-and-torso simulator or spherical baffle; however, digital signal processing 
techniques applied to raw IRs can produce better approximations, including those customized to 
specific listeners using their HRTFs. Therefore, human-centered acoustical data collection based on 
microphone positionality should be preferred over tools that are difficult to transport to fieldwork 
settings, and are not the material or formal equivalent of a real human, therefore introducing spurious 
data. 

 

2.2 Examples from fieldwork 
Whereas binaural soundfield sampling can produce spatially accurate auralizations for 

headphone/earbud listening, the translation of binaural IR data/recordings to multichannel 
loudspeaker arrays presents specific challenges with many interrelated variables [11] [12]. Therefore, 
in our research to develop an aural heritage preservation and auralization access protocol, we 
compared and tested several standard and modified acoustical data collection methods and 
microphone configurations in contrasting fieldwork contexts (selected examples in Fig. 1, below). 

 
Following the proposition of human-centered documentation for ecological validity, we proposed 

the ‘W-Ambisonics’ technique to leverage the multidirectional power of first-order Ambisonics used 
in a pair configuration to spatially sample the soundfield at binaural locations via the first channels 
of each array (according to the 17cm ORTF standard that approximates human head spacing between 
ear canals) (Fig. 2, right), with additional directional height channel microphones to provide enhanced 
and stable center imaging and depth in multichannel rendering (Fig. 1, left) [13]. 

 

         
 

Figure 1. Impulse response measurements with spatial arrays and paired first-order-Ambisonics (FOA) 
microphone. Left: binaurally spaced double-FOA’s (RØDE NT-SF1) with height channels, with surround array 

in NEH project research organized by Sungyoung Kim and Doyuen Ko at the Rochester Savings Bank, New York, 
USA (© Digital Aural Heritage Project 2020). Right: binaurally spaced double-FOA (Zoom H3VR) in 

archaeoacoustics fieldwork organized by Kolar in Chauvet Cave, Ardèche, France (© Équipe Chauvet 2022). 

 
To explore the translation of spatial acoustics via the W-Ambisonics microphone technique, we 

conducted systematic perceptual evaluations with volunteer participants. Experiment results 
demonstrated that the W-Ambisonics microphone technique “enhances lateral image precision, 
provides a wider binaural image than the single FOA method, and scales across multichannel 
reproduction formats.” That scalability makes the W-Ambisonics technique particularly useful in 
contexts of human-centered acoustical research and presentation, such as cultural heritage acoustics 



 

 

and soundscape documentation [14], and auralizations for experiential evaluations of archaeological 
hypotheses (given that present-day humans have physiologically equivalent auditory systems to 
humans across a six-digit timeline). For binaural audio rendering of humanly plausible spatial 
perspectives on the soundfield, the double-FOA with first channels spaced 17cm apart, facing outward 
as proxies for human ears, enables accurate spatial sampling of the soundfield. The binaurally spaced 
double-FOA array can be considered the baseline configuration to provide ecological validity in 
human-centered acoustical documentation of cultural heritage contexts [15]. 
 

3. METHODOLOGICAL CONSIDERATIONS FOR REPRESENTING CULTURAL 
HERITAGE USE SCENARIOS IN ACOUSTICAL DATA 

3.1 Translating socio-cultural context in acoustical measurements: a departure from 
room acoustics praxis 

 
Room acoustics practice and standards have developed around the evaluation of well-mixed rooms, 

starting with centrally located receiver points away from walls and surfaces [16]. In contrast, cultural-
use scenarios of heritage spaces often position emplaced humans in relationship to boundaries and 
surfaces. For example, in settings of parietal (wall) art such as decorated caves and rock-art sites, the 
best-documented human uses of these sites indicate human-surface interactions. Therefore, acoustical 
measurements that represent human uses of sites with archaeological and historical evidence for 
human uses of those places should position sources and receivers accordingly, to translate into 
measured impulse responses the corresponding sound transmission and reception characteristics of 
those locations. 

 
 From an archaeological or historical perspective, it is important to produce accurate 

documentation of what could have been heard, from where, according to the materially evinced 
archaeological use scenario. Leaping ahead to recent times, architectural surfaces are still important: 
in the Rochester Savings Bank, for examples, the communication scenario of bank teller to patron, 
across the massive installed teller desks, likewise necessitates sound source and receiver positions 
adjacent to –– and interacting with –– architectural surfaces. 

 

  
 

Figure 2. Surface interactions are important to human uses of cultural heritage spaces across time and context, 
influencing communication affordances, and therefore should be documented in cultural heritage acoustical 

measurements. Client view with loudspeaker source approximating a human teller (left, and teller view (right) of 
the marble-faced counters at the Rochester Savings Bank, New York, USA (© Digital Aural Heritage Project 2020). 



 

 

3.2 Early reflections in binaural measurements 
Single-point microphone techniques such as first-order-Ambisonics arrays and coincident stereo, 

though used in spatial audio rendering and auralizations, do not accurately convey the intra-aural 
differences in acoustical energy that can be measured in soundfields adjacent to surfaces. For example, 
in speleoacoustics research to prepare for fieldwork at Chauvet Cave, Kolar’s use of the binaurally 
spaced double-FOA array revealed acoustical contrasts that are consistent with perceptually important 
differences between the first channels of each FOA microphone. As shown below, in such 
measurements, Early Decay Time (EDT) varies significantly between microphone receiver positions 
(the first channels of each of the 2 first-order-Ambisonics microphones) that are equivalent to spatial 
locations for the left and right ear canal for soundfield reception by an analogous human listener. In 
the cave location measured in Figure 3, a strong low-frequency resonance is evident in one channel, 
but not the other –– indicating the placement of the receiver array across a node; there are also notable 
differences at 1kHz, and in the mid-frequency bands, between ears. Figure 4 likewise shows contrasts 
between ear-spaced first channels of the two FOA microphones that indicate perceptible differences 
in the soundfield at these points that are only 17cm apart. A single-point microphone receiver would 
be incapable of measuring these contrasting features. We are in process of conducting perceptual 
evaluations of these measured differences via direct auralizations of these acoustical measurements. 

 

 
Figure 3. Early Decay Time (EDT) from impulse response measurements under a small dome-like ceiling 

structure in Saint-Marcel Cave, Ardéche, France. Data shown is from the first channels of a binaurally spaced 
(17cm apart) pair of first-order-Ambisonics microphones; discrepancies indicate differences in perception of 

acoustical energy that relate to proximity of cave surfaces and corresponding resonance effects. 

 
Figure 4. Early Decay Time (EDT) from impulse response measurements under a multi-cavity, smooth limestone 
ceiling in a large gallery near the archaeological entrance of Saint-Marcel Cave, Ardéche, France. Data shown 

is from the first channels of a binaurally spaced (17cm apart) pair of first-order-Ambisonics microphones; 
discrepancies indicate differences in acoustical energy that relate to the perception of surface features. 



 

 

4. WORK-IN-PROGRESS & FUTURE DIRECTIONS 
To explore the relationship between acoustical measurement strategies in cultural heritage sites 

and the perceptual translations of measured acoustics in auralizations using these data, it is necessary 
to design and conduct perceptual research that accounts for spatial relationships as experienced by 
humans. We are conducting perceptual evaluations of the acoustical differences that can be observed 
between channels in binaurally spaced acoustical impulse response measurements made in many 
different cultural heritage sites, as exemplified in Section 3 above. As discussed in another paper 
presented by our team at ICA 2022 [15], we are also studying cross-modal interactions in immersive 
virtual representations of cultural heritage acoustics –– particularly between hearing and vision –– the 
area of greatest integrative potential for virtual acoustics in this application. 
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ABSTRACT 

Sound insulation performances such as sound transmission loss and floor impact sound are evaluated using 

the sound pressure measured in rooms. In the conventional measurement of sound pressure, the results at 

each measurement point tend to vary in the lower frequency band owing to the influence of the standing 

waves generated in the rooms. The variations in the results at each measurement point are problematic 

because they can have a significant impact on sound insulation performance. To avoid this problem, a basic 

study on a new sound insulation measurement method using acoustic energy density, considering sound 

pressure and particle velocity, was conducted by numerical analysis. By applying acoustic energy density as 

a measurement value, it was possible to reduce the variation among the measurement points, even in spaces 

where the sound pressure distribution was not diffused. In addition, floor impact sound insulation 

measurements were modeled and analyzed. By applying acoustic energy density, it was shown that stable 

measurement with little variation in results between measurement points was possible, even in measurements 

targeting a structure-borne sound radiated from walls. 

 

Keywords: Acoustic energy density, Sound insulation measurement, Sound pressure, Particle velocity 

1. INTRODUCTION 

When measuring the sound insulation performance of a building, the sound pressure in the room 

is generally measured using microphones and the evaluation value is calculated.  

A difference of approximately ±1 rank in the sound insulation class may occur, even if the structure, 

room shape, and interior finish of the room to be measured have the same specifications  [1, 2]. Factors 

that may cause differences in measurement results include constructional effects due to changes in 

workmanship and materials used and measurement error effects due to the location of the sound source 

and measurement points. 

The non-uniformity of the sound pressure distribution in the room increases the measurement error 

owing to the position of the measurement point. In particular, in a rectangular space and in a low-

frequency band, the spatial bias of the sound pressure distribution in a room can become significant 

due to the influence of standing waves, and the variation in sound pressure at each measurement point 

can be large [3]. 

On the other hand, a new method of measuring sound insulation based on acoustic energy density, 

which considers sound pressure and particle velocity has been in focus recently. 

Hanyu et al. [4] measured acoustic energy density using a measurement device combining multiple 

cardioid microphones. This suggests that even in a rectangular reverberation room, where the sound 

pressure is prone to bias, it is possible to suppress point-by-point variations by considering the sound 

pressure and particle velocity.  

Takebayashi et al. [5] studied acoustic energy density measurements using a PU sensor that can 

simultaneously measure sound pressure and particle velocity, and Hiramitsu et al.  [6] experimentally 

studied the application of acoustic energy density to various sound insulation measurements. With 

recent advances in measurement devices, there are an increasing number of examples of acoustic 

energy density measurements, but cases where the spatial distribution  of acoustic energy density has 
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been studied in detail are sparse. 

In this study, the following basic studies were conducted using finite element analysis to clarify 

the stability of acoustic energy density measurements in a rectangular reverberation room, where 

spatial bias is likely to occur in the sound pressure distribution.  

First, the sound pressure and acoustic energy density in a rectangular reverberation room were 

calculated, and the spatial distribution and variations among the measurement points are examined. 

Next, an analysis simulating floor impact sound measurements when the upper floor of a rectangular 

reverberation room is excited is performed, and the possibility of sound insulation measurements with 

less variation owing to acoustic energy density is shown. 

2. RELATIONSHIP BETWEEN SOUND FIELD AND ACOUSTIC ENERGY 

DENSITY 

In an ideal diffused sound field, where sound waves are well diffused and the sound pressure 

distribution is uniform, the acoustic energy density E (W/m3) is expressed by the following equation: 

𝐸 = 𝑃2 𝜌𝑐2⁄  (1) 

where P is the sound pressure (Pa), ρ is the density of air (kg/m3), and c is the velocity of sound in 

air (m/s). 

However, in a space surrounded by parallel walls, such as a rectangular reverberation room, the 

influence of the standing waves according to the dimensions of each side (X, Y, Z) of the room 

becomes remarkable; therefore, the sound pressure distribution is biased. In such a sound field, where 

sound waves are not sufficiently diffused and the effect of standing waves is pronounced, the acoustic 

energy density can be accurately measured by considering the sound pressure and particle velocity. In 

this case, the acoustic energy density is given by the sum of the potential energy density Ep due to 

sound pressure P and kinetic energy density Ek due to the particle velocity u(m/s). 

𝐸 = 𝐸𝑝 + 𝐸𝑘 = 𝑃2 2𝜌𝑐2⁄ + 𝜌𝑢2 2⁄  (2) 

3. ACOUSTIC ENERGY DENSITY DISTRIBUTION IN A RECTANGLAR 

REVERBERATION ROOM 

3.1 Analysis Outline 

The rectangular reverberation room analyzed in this study is shown in Fig. 1. At a height of 1.5 m above 

the floor, 1989 grid points at intervals of 0.1 m were placed as calculation points for contour plotting. In 

addition, nine points on the grid points dividing each side in the X- and Y-directions into four equal parts 

were arranged in five planes in the height direction for a total of 45 points as calculation points to check the 

standard deviation of the sound pressure and acoustic energy density for each measurement point.  

The analysis was performed using the frequency-domain FEM. The frequencies analyzed ranged 

from 20 Hz to 707 Hz in 1 Hz steps, and the sound pressure and particle velocity were calculated at  

each calculation point. A 10-node tetrahedral fluid element was used for the spatial partitioning. 

 
Figure 1 – The rectangular reverberation room for analysis  
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The density of the fluid element was given as the density of air ρ = 1.205 kg/m3, and the speed of 

sound in air as c = 343.7 m/s. The maximum element length for spatial segmentation was set to be 

less than 1/3 of the wavelength of the upper frequency (707 Hz) of the octave band at 500 Hz. The 

analytical frequency and element division settings are listed in Table 1. The sound source was located 

at the corner of the room and an omnidirectional point source was placed. For the sound absorption 

setting, the room surface was subjected to an acoustic impedance corresponding to a sound absorption 

coefficient of 0.01 on the real part only.  

Table 1 – Analysis frequency and element division settings 

Medium Analysis frequency 
Number of 

elements 

Number of 

nodes 

Maximum 

element length 

Air 20～707 Hz (1Hz step) 156244 216966 160 mm 

     

3.2 Distribution of Ep, Ek, and E at 1.5 m Height Plane 

From the results of the sound pressure and particle velocity analyses, the potential energy density 

Ep, kinetic energy density Ek, and acoustic energy density E were calculated. The distribution of the 

octave bands of Ep, Ek, and E in the 1.5 m height plane from the 31.5 Hz band to the 125 Hz band is 

shown in Fig. 2. The values of Ep, Ek, and E were normalized by the maximum values of all the  

 

 

Figure 2 – Distribution of EP, Ek, and E at 1.5 m height plane in the rectangular reverberation room  
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calculation points for each frequency band. 

The distribution of Ep in the 31.5 Hz band shows that Ep is maximum near the boundary in the X- 

direction and minimum in the center, indicating that the distribution is biased. The length of the 

reverberation room under analysis is 5.25 m in the X-direction, and the theoretical value of the first-

order natural frequency in the X-direction for a rectangular room enclosed by rigid walls is 32.7 Hz . 

It was inferred that the distribution of Ep was significantly affected by the standing waves generated 

by the first-order natural frequency. On the other hand, the distribution of Ek is opposite to that of Ep, 

with a minimum Ek near the boundary in the X-direction and a maximum in the center, and the 

distributions of Ep and Ek are thought to capture the characteristics of the sound pressure and particle 

velocity distributions at the first natural frequency in the X-direction, respectively. The distribution 

of E exhibits a smaller energy density bias than those of Ep and Ek. 

The distribution of Ep in the 63 Hz band shows that Ep is maximum near the boundary in the Y- 

direction and minimum in the center. This was inferred to be the effect of the first-order natural 

frequency in the Y-direction of the reverberation room. The distribution of E shows a slight decrease 

in the energy density near the center of the reverberation room; however, the degree of bias in the 

energy density is smaller than that of Ep.  

The distribution of Ep and E in the 125 Hz band shows that the difference between the Ep and E 

distributions is decreasing. This is thought to be because at higher frequencies with wider bandwidths, 

the number of higher-order natural frequencies in the bandwidth increases, thus approaching an ideal 

diffuse sound field with a uniform sound pressure distribution.  

The distributions of Ep, Ek, and E are similar to those reported by Hanyu et al. [4] and Takebayashi 

et al. [5], and the characteristics of the spatial distribution of each energy density are captured by FEM 

analysis. 

3.3 Variation of Ep, Ek, and E for 45 Calculation Points 

Ep, Ek, and E were calculated at each calculation point in space and organized in the 1/3 octave 

band from 25 to 630 Hz. The results of comparing the standard deviations of  Ep, Ek, and E for the 45 

calculated points are shown in Fig. 3, and the mean values of Ep, Ek, and E are shown in Fig. 4, along 

with the ranges of the standard deviation ±σ.  

The standard deviation of Ep was greater in the lower frequency range of the 25 Hz to 125 Hz band. 

As indicated in the previous section, this is thought to be due to the fact that the influence of standing 

waves generated in the room becomes more pronounced in the lower frequency range, resulting in a 

bias in the sound pressure distribution.  

The standard deviation of Ek was larger in the 25 Hz and 80 Hz bands, but smaller than Ep in all 

bands. 

The standard deviation of E was smaller than Ep in all bands. The fact that the standard deviation 

of E is smaller than that of Ep suggests that the measurement of E can be performed with a smaller 

standard deviation per measurement point than the usual sound pressure level measurement.  

 

 

Figure 3 – Comparison of the standard deviation of Ep, Ek, and E at the 45 calculation points 
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Figure 4 – Mean and standard deviation of Ep, Ek, and E at the 45 calculation points 

 

Above the 160 Hz band, the standard deviation of Ep was small (less than 2 dB), and the difference 

from E was also small. This may be due to the fact that as the frequency increases, the sound field in 

the room becomes closer to the diffuse sound field, resulting in a smaller difference between the Ep 

and E distributions. 

The above results confirm that in the low-frequency band, the standard deviation of each 

measurement point is smaller when measuring the acoustic energy density than when measuring the 

conventional sound pressure. 

4. STRUCTURE-BORNE SOUND ANALYSIS IN A RECTANGULAR 

REVERBERATION ROOM 

4.1 Analysis Outline 

The structure-borne sound produced when the floor is excited in a rectangular reverberation room 

was analyzed. The analyzed rectangular reverberation room is shown in Fig. 5.  

The analysis was performed using the frequency-domain FEM. The frequencies to be analyzed, 

elements used for spatial partitioning, physical properties given to the fluid elements, and maximum 

element lengths of the fluid elements were the same as those described in Section 3. A 10-node 

tetrahedral solid element was used for the reinforced concrete (RC) wall section. 

The RC had a density of 2400 kg/m3, Young's modulus of 2.4×1010 N/m2, Poisson's ratio of 0.167, 

and internal damping factor of 3 %. The bottom of the RC frame was fixed  and supported. The 

maximum element length of the solid element was set equal to that of the fluid element. This satisfies 

less than 1/3 of the wavelength of the bending wave in the solid at the upper frequency of the octave 

band of 500 Hz (707 Hz). The RC wall was divided into at least two elements along the thickness 

direction. The analytical frequency and element division settings are listed in Table 2. 

 

Figure 5 – The rectangular reverberation room for structure borne sound analysis 
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Table 2 – Analysis frequency and element division settings 

Medium Analysis frequency 
Number of 

elements 

Number of 

nodes 

Maximum 

element length 

Air 20～707 Hz (1Hz step) 156244 216966 160 mm 

RC 20～707 Hz (1Hz step) 65475 106366 160 mm 

 

The excitation point was located at the center of the upper-floor slab, and a unit excitation force 

of 1 N was applied in the vertical downward direction. The analysis was performed under strong 

coupled conditions, including the interaction between solid and fluid elements.  

Structure-borne sound from the RC frame was transmitted to the lower room. In this case, sound 

radiated from the surrounding RC structure was generated in the lower room, and the sound 

propagation situation was different from that of sound radiation from an omnidirectional point source , 

as shown in Section 3. 

As in the previous section, a total of 45 calculation points were selected, consisting of nine points 

in the horizontal plane and five planes in the height direction. The calculation points with different 

heights located on the diagonal are marked with the symbols P1-P5. 

A real part of the acoustic impedance corresponding to a sound absorption coefficient of 0.01 was 

applied as the sound absorption setting for the room surface. One wall of the reverberation room was 

a test opening, and the sound absorption setting of the test opening was the same as that of the other 

walls. It was assumed that there was no sound permeation through the test opening. 

4.2 Results and Discussion 

The standard deviations of Ep, Ek, and E at 45 calculation points are summarized for each 1/3 

octave band in Fig. 6. The variation in Ep was large in the 31.5 Hz to 100 Hz band, suggesting that it 

was greatly affected by the standing waves in the room.  

Comparing Ep and E, the variation in E was smaller than that in Ep over the entire bandwidth. This 

is the same tendency as that observed in Section 3, where an omnidirectional point source was used 

as the sound source. 

Fig. 7 shows the results for each point from P1-P5 and the calculated difference between the mean 

energy values of P1-P5. The differences calculated from the sound pressure level and E are also 

presented. Considering the difference in sound pressure levels in Fig. 7(a), the difference relative to 

the mean energy values is large in the 40 Hz to 80 Hz band, suggesting that the sound pressure 

distribution is affected by the bias of the sound pressure distribution owing to standing waves 

generated in the room. From Fig. 7(b), we can see that the difference from the mean energy values is 

smaller than that of the sound pressure level, although it is slightly larger in P3 above the 125 Hz 

band. 

At P1-P5, the mean acoustic energy density level was calculated from equations (1) and (2), 

respectively, and the level difference obtained by subtracting equation (2) f rom equation (1) is shown 

in Fig. 8. A slight level difference can be seen in the 40 Hz to 100 Hz band. Because no level difference 

should occur in a diffuse sound field, it can be inferred that the results in the above bands are different 

due to the bias of the sound pressure distribution.  

From the above, it is considered that when measuring solid sound in the low-frequency band during 

floor excitation, the use of acoustic energy density can minimize the variation in results owing to the 

choice of measurement points.  

 

Figure 6 – Comparison of the standard deviation of Ep, Ek, and E at 45 calculation points 
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Figure 7 – Result at each point in P1-P5 and difference between the mean energy value of the five points 

 

Figure 8 – Difference in mean acoustic density level at P1-P5 calculated from equations 1 and 2 

5. SUMMARY 

The sound pressure and acoustic energy density in a rectangular reverberation room were 

calculated using the frequency-domain FEM, and the spatial distributions and standard deviations for 

each measurement point were compared. 

The structure-borne sound generated in a rectangular reverberation room during upper-floor slab 

excitation was analyzed, and the possibility of measurement with less variation owing to acoustic 

energy density was shown. 

When making measurements in the lower frequency range, it is considered that the use of acoustic 

energy density will enable measurements with less variation in results, owing to the choice of 

measurement points. 

In the future, we plan to study the correspondence between the analytical and measured values of 

acoustic energy density. 
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ABSTRACT 

Acoustic simulation and auralization are important tools for predicting the acoustic environment before 
construction. Today we use two main approaches for simulating room acoustics, namely geometrical 
acoustics (GA) and wave-based methods (WBM). The often-favored GA methods show inaccuracy in small 
spaces at low frequencies where the wave-phenomena play a larger role. Solving the wave-equations using 
numerical WBM can provide more accurate results, but due to expensive computations it is often deselected. 
In an attempt to combine GA and WBM, we investigated the perceptual crossover frequency that has little to 
no audible difference between the two auralizations. We used ODEON for a GA method, and discontinuous 
Galerkin finite element method for WBM. A listening test was performed on 9 subjects whose task was to 
evaluate octave-band filtered speech and music stimuli in two rooms via a 3-alternative forced choice test: a 
small rectangular room and an L-shaped room. The results reveal that the monaural auralizations from the 
two simulation schemes are perceived differently although the reverberation time and clarity indices are 
within the just noticeable differences. 
 
Keywords: dG-FEM, Wave-based method, ODEON, Geometrical Acoustics, 3AFC, Listening test 

1. INTRODUCTION 
Room acoustic modeling has proven valuable in architectural acoustics for building design, perception 

evaluations and virtual acoustics. Acoustic modelling provides information about the acoustic conditions and 
can enable the possibility to listen to the acoustics under design, which is called auralization.  

Currently, geometrical acoustics, GA, has been accepted as primary method for auralization [1] and is 
popular for providing fast calculation and reasonable accuracy above the Schroeder frequency as well as 
plausible sound [2], meaning that it can create soundscapes with attributes close to an actual representation 
of the acoustics in the space. Wave-based solvers are known as being more accurate in including the 
underlying physics [1] and today’s advances in computational power and element-based simulations of room 
acoustics enables the auralization of sound fields up to a sufficient frequency range. 

In this paper, we compare the auralized sound fields using two methods, one being ODEON [3] 
representing GA and the other dG-FEM (discontinuous Galerkin finite element method) [4] representing the 
wave-based solvers, WBS. The comparison is performed through subjective perception of each 1/1 octave 
band to propose the lowest frequency limit that perceptually provides no audible difference between 
both methods. The aim is to create reliable results and auralizations when combining the two methods 
in a hybrid where dG-FEM is calculating the low frequencies providing accurate results and keeping 
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the computational time low, and then ODEON is taking over the frequencies where an acceptable 
accuracy is achieved and auralizations become similar for the two simulations. Note that comparing 
other variants of GA and WBS may produce different results and the following should not be generalized for 
the simulation method category. 

 

1.1 Room parameters 

Auralizations can be impacted to becoming perceptually different due to various factors, two of which 
are room volume and diffraction which will be the focus in this study. Therefore, a rectangular room and an 
L-shaped room with homogeneous absorption at the boundary without any scattering objects have been 
modelled. A third room was initially simulated but is not included in the following paragraphs.  

The rectangular room has dimensions 3m x 4m x 2,7m, V = 32 m3, and is expected to be challenging 
for the GA simulation due to strong room modes below the Schroeder frequency, 173 Hz. 

The L-shaped room investigates diffraction due to the corner, which is known to be problematic 
for GA simulation methods [2]. The receiver is placed in the shadow zone compared to the source.  

The source and receiver positions as well as Schroeder frequency for each room can be found in 
the table below.  

Table 1 – Source and receiver positions and Schroeder frequencies 

Room Volume Source (x, y, z) Receiver (x, y, z) Schroeder freq. 

Rectangular 32 m3 (3.0 m, 2.0 m, 1.5 m) (1.0 m, 1.0 m, 1.7 m) 173 Hz 

L-shape 105 m3 (1.0 m, 1.5 m, 1.5 m) (6.5 m, 7.0 m, 1.7 m) 107 Hz 

 

1.2 Audio samples 

For the test two samples have been chosen. One is a music signal to challenge ODEON in the low 
frequencies below the Schroeder frequency, and the other is a female speech signal with meaningless 
speech both played at 60 dB.  
Spectra of the Music and Speech before convolution is shown in Figure 1 below.  

 

 
Figure 1 – Frequency response for music (blue) and speech (red) sample. 

1.3 Listening experiment 

Nine participants (3 females and 6 males) spanning from age 22 to 55 years performed the listening 
test. Eight of them were native Danish speaking and one had English as their mother tongue. All 
subjects were self-evaluated as normal hearing. The participants were presented with a sequence of 3 
stimuli and were asked to choose the one they found perceptually different compared to the two others. 
The test follows the 3 alternative forced choice (3AFC) paradygm, in which two stimuli were dG-
FEM and one was Odeon. The entire experiment consists of 6 runs; each of the two samples played 
in two room conditions respectively, in a random order. For each run the test participant was presented 
to 60 trials: 10 repetitions per 1/1 octave band with center frequencies at 63, 125, 250, 500, 1000 and 
2000 Hz. The 10 repetitions are considered tolerable for the test subjects to maintain concentration, 
while the data is still sufficient to provide statistically valid material. 

The test was conducted in a soundproof booth with Sennheiser HD 650 headphones that provides 
a flat frequency response. 

Through the binomial theorem the test subject will need at least 7 out of the 10 repetitions correct 



 

 

to conclude a detection of perceptual difference with a confidence level of at least 95 %. 
 

2. RESULTS AND DISCUSSION 
Figure 2 below shows the reverberation time as one of the objective parameters. The T20 curves 

indicate inaccuracy in the low frequencies using ODEON; first and second octave band for the 
rectangular room and first octave band for the L-shaped as shown in figure 2 below. This aligns with 
the L-shaped room having a lower Schroeder frequency and therefore GA is performing well in lower 
frequencies compared to the rectangular room. This is also visible in the frequency responses in figure 
1 (b) where the curves start overlapping more in the frequency spectrum above 150 Hz. 

   

   
Figure 2 – Reverberation times using dG-FEM (blue) and ODEON (red) and the JND of the methods. 

The subjective results from the listening experiment are shown in the boxplot diagrams below. 
Looking at the orange results in figure 3 representing the speech the listening experiment aligns with 
the expectations that the two auralization methods are perceived similar at high frequencies. Only at 
63 Hz and 125 Hz the differences are considered detectable. ODEON is performing worse in the 
auralizations from the L-shaped room in low frequencies, which is assumed to be due to difficulties 
of including diffraction of the corner. Some subjects hear a difference even at high frequencies, 
particularly at 2 kHz even with a very similar T20 value. 

Figure 3 below implies that the discrimination is affected highly by the sample and energy level in 
the low frequencies. For the music signal the results do not imply little to no audible difference in any 
frequency bands in either room condition. 

 

  
Figure 3 – Results from the AFC test. The results from the music sample are shown in blue, the speech 

results are shown in orange and the black dashed line shows the threshold of perceptual discrimination. 



 

 

Combining the objective parameters with the subjective data from the test a cross-over frequency 
in both rooms for the speech signal could be suggested between octave band 125 Hz and 250 Hz, 
where it “could” be closer to 125 Hz for the L-shaped room and around 250 Hz for the rectangular 
room. The cross-over difference is amongst other due to the objective parameters T20 and Schroeder 
frequency, which is lower in the L-shaped room. 

The subjective results are not showing a clear trend when using the music sample. The data showed 
mixed results which makes it hard to conclude or suggest the cross-over frequency. 

3. CONCLUSION 
The study shows that auralizations made with the different methods produce perceptual differences 

in all frequency bands, especially for music. For speech the detection of perceptual difference gets 
difficult above 250 Hz. A hybrid can therefore be functional for acoustic analysis purposes but should 
be considered carefully for auralization purposes. 
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ABSTRACT 
In this study, corridors and a staff station of the hospital ward is analyzed by numerical acoustic simulations 
to investigate the effect of absorbing material in the sound fields. First, the intelligibility index D50 of the 
sound fields are calculated by the geometric acoustics methods and wave-based acoustics methods, and it is 
confirmed that the geometrical acoustic simulation cannot predict sufficiently for sound fields with complex 
planar geometries such as long and narrow corridors. Next, three types of sound fields with different sound 
absorbing coefficient on the ceiling material are analyzed by time-domain finite element method, and sound 
pressure levels and D50 distributions in the sound fields are calculated from the results of the analysis. As the 
results, mean sound pressure levels in each corridor were reduced over 5.0 [dB] due to changing reflected 
material to absorbing material on the ceiling. On the other hand, area, D50 of which is higher than 50 [%] is 
larger over 10 [%] due to changing reflected material to absorbing material on the ceiling. 
 
Keywords: Numerical acoustic simulation, Hospital ward, Absorbing material 

1. INTRODUCTION 
In architectural acoustic design, numerical simulation is an indispensable technique to realize a 

comfortable sound environment in a room, and visualization and auralization of the simulation play 
an important role1. The authors have been conducted some investigations in architectural room by 
using results of finite element sound field analysis which is one of wave based acoustic simulation 
method2, 3. The wave based acoustic simulation method can predict the wave-like behavior of sound, 
and the finite element method (FEM) has the following advantages: (i) Distributions of temperature 
and moisture can be considered; (ii) sound pressure of entire region is obtainable at the same time, 
and (iii) easy to treat of complex geometry.  

On the other hand, the hospital ward is a place where inpatients spend long time, and it is necessary 
to have a good sound environment not only in the hospital room but also in the corridors. However, 
the shape of corridor in the hospital ward is complicated and it is difficult to assume the diffused 
sound field. Then, it is necessary to consider the wave motion of sound for investigating on the sound 
environment.  

In this study, corridors and a staff station of the hospital ward is analyzed by numerical acoustic 
simulations to investigate the effect of absorbing material in the sound fields. First, the intelligibility 
index D50 of the sound fields are calculated by the geometric acoustics methods and wave-based 
acoustics methods and both results are compared. Next, three types of sound fields with different 
sound absorbing coefficient on the ceiling material are analyzed by time-domain finite element 
method, and sound pressure levels and D50 distributions in the sound fields are calculated from the 
results of the analysis. Finally, impulse responses of the sound field are shown to investigate 
relationships between D50 and changing reflected material to absorbing material on the ceiling. 
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2. ANALYSED SOUND FIELD 
Figure 1 shows fourth floor of Hospital O which was used as the ward section of the hospital. The 

acoustic environments of the floor were measured in a previous paper4. Corridors and a staff station 
on the floor (the area enclosed by the red line in Fig. 1) were analyzed in this paper. The east-west 
corridors adjacent to the patient rooms are defined as Area1, Area2, Area3 and Area4 (the area 
enclosed by the black line) as shown in Fig. 1. The analysis model was created ignoring small 
irregularities such as doors and columns. Table 1 shows the main interior finishing materials and 
absorption coefficients of the analyzed ward sections. The ceiling of the staff station is made of sound-
absorbing rock-cotton board, and the other finishes are made of reflective materials. In this paper, a 
sound source is placed at SS1 as shown in Fig. 1, which assumes a noise coming from one of the 
patient rooms. 
 

Table 1 – Interior finishing materials in the ward section of the Hospital O and its absorption 
coefficients. 

3. COMPARISON BETWEEN WAVE-BASED ACOUSTIC SIMULATION AND 
GEOMETRICAL ACOUSTIC SIMULATION 

3.1 Setup of Bose Acoustic Simulations 
The time-domain finite element method (FDTDM) is applied as the wave based acoustic simulation. 

The one octave band center frequencies (fc) of the sound source are set 125, 250, 500, and 1000 Hz, 
respectively. The receiving points were placed at RP1 - RP6 as shown in Fig. 1. Finite element meshes 
used here are constructed by using hexahedral 27 node elements using spline polynomial function for 

Boundary Material 
Absorption coefficient 

125[Hz] 250[Hz] 500[Hz] 1000[Hz] 2000[Hz] 4000[Hz] 

Ceiling(Corridor) Plaster board 0.26 0.13 0.09 0.05 0.05 0.05 

Ceiling(Staff station) Dressed rockwool board 0.35 0.30 0.40 0.55 0.65 0.70 

Wall Paper cross 0.03 0.03 0.03 0.04 0.06 0.08 

Floor Tile carpet 0.01 0.02 0.02 0.02 0.03 0.04 

Figure 1 – Ground plan of 4th floor of O-hospitalward. 
z : 2400[mm] 

[mm] 

[mm] 



 

 

shape function (Spl27)5, and the elements were divided so that the ratio of the wavelength λ of the 
upper frequency limit of the analysis to the distance d between the longest nodes was greater than 4.8. 
In this paper, all materials are assumed to be local reaction and are given a normalized surface 
impedance ratio zn in the FDTDM. The zn of real number corresponding to a statistical absorption 
coefficient of each material and frequency band as shown in Table 1 are given as a boundary condition. 

“CATT-Acoustic" (CATT), a general-purpose geometric acoustic simulation software, was used for 
the geometric acoustic simulation. The receiving points were the same as in the TDFEM. The number 
of sound rays was set to the CATT recommended value of 1933010 [ray], and the scattering coefficient 
was set to 10 [%] for all boundary planes. The sound absorption coefficients for each material and 
frequency band as shown in Table 1 are set at each boundary. 

3.2 Results and Discussions 
In this section, the intelligibility index D50

6 are calculated by the results of both simulations. ΔD50 
which is the difference between the D50 obtained by geometrical acoustic simulation (GA-simulation) 
and the those obtained by TDFE Analysis are calculated for comparison between both simulations.  

Figure 2 (a) shows D50 obtained by both simulations for each receiving point at fc = 125 [Hz]. The 
ΔD50 of each receiving point at fc = 125 [Hz] was 26.4, -11.1, 25.1, 14.4, 4.5 and -11.2 [%], 
respectively, which are larger than the D50 discrimination threshold6 of 5 [%] at the sound receiving 
points except RP5. Figure 2 (c)-(d) show D50 obtained by both simulations for each receiving point in 
the fc = 250, 500, and 1000 [Hz] bands, respectively. At 500 and 1000 [Hz], D50 obtained by both 
simulations are closer than at 125 and 250 [Hz]. However, ΔD50 exceed 5 [%] at more than half of the 
receiving points even in the frequency range above 500 [Hz]. 

The D50 at RP1 obtained by TDFE-analysis are larger than those obtained by GA-simulation and 
ΔD50 are more than 10 [%] regardless of frequency bands. On the other hand, the D50 at RP2 obtained 
by TDFE-analysis are smaller than those obtained by GA-simulation and ΔD50 are less than -10 [%] 
regardless of frequency bands. In addition, the D50 at RP6 obtained by GA-simulation were 0 [%] in 
all frequency bands. It is expected that the sound rays do not reach Area1 and Area2 sufficiently due 
to the complex and large planar configuration. It is confirmed that the geometrical acoustic simulation 
cannot predict sufficiently for sound fields with complex planar geometries such as long and narrow 
corridors, then the effect of the absorbing material on the ceiling in the sound field is investigated by 
TDFE analysis in the next chapter. 

4. EFFECTS OF SOUND ABSORBING MATERIALS ON THE CEILING IN THE 
CORRIDOR  

4.1 Setup of TDFE–Analysis 
In this chapter, a time-domain finite element analysis is conducted to predict effect of sound 

absorbing materials on the ceiling in the sound field. As the boundary condition of the analyses, the 
three conditions are used, (1) same condition of the previous chapter: cond.0; (2) a material of the 
ceiling in the corridor is changed to dressed rockwool board: cond.1; (3) a material of the ceiling in 

Figure 2 – Comparison between D50 calculated by FE-Analysis and GA-Simulation. 

(b) fc = 250 [Hz] (a) fc = 125 [Hz] 

(c) fc = 500 [Hz] (d) fc = 1000 [Hz] 



 

 

the corridor is changed to glass wool: cond.2. A sound source is located to SS1 shown in Fig.1 and 
the one octave band center frequencies of the sound source are set 500, and 1000 [Hz], respectively. 
The receiving points in this chapter are all FEM nodes (4389 points) on the 1.2 [m] plane. 

4.2 Results and Discussions 
First, the cumulative sound energy at each receiving point for 2.0 [s] is calculated as the sound 

pressure level (SPL) using the following equation (1). 
 

𝑆𝑃𝐿 = 10 log!" ∫ 𝑝(𝑡)#𝑑𝑡#."
"                                (1) 

 
In addition, the sound pressure levels of each receiving point are averaged in each area (Area1, 

Area2, Area3 and Area4), and the difference with cond.0 is calculated (ΔSPL). 
Figure 3 (a)-(c) show the SPL distribution on 1.2 [m] plane in case of cond.0, cond.1 and cond.2 

at fc = 500 [Hz] band, respectively. It is confirmed that the sound pressure levels of the sound fields 
decrease in the case that sound absorbing materials are installed on the ceiling (cond.1 and cond.2) 
than in case of cond.0. The ΔSPL between in case of cond.2 and in case of cond.0 are -11.7, -9.5, -
6.1, and -9.9 [dB] for Area1 - Area4, respectively. 

Figure 4 (a)-(c) shows the SPL distributions on 1.2 [m] plane in case of cond.0, cond.1 and cond.2 
at fc = 1000 [Hz] band, respectively. The ΔSPL between in case of cond.1 and in case of cond.0 are -
10.1, -11.4, -5.6, -11.8 [dB] for Area1 - Area4, respectively, and the ΔSPL between in case of cond.2 
are -7.9, -11.5, -6.5, -10.6 [dB] for Area1 - Area4, respectively.  

Next, the intelligibility index D50 are calculated by the results of TDFE-analysis. Figures 5 (a)-(c) 
show the mean of D50 distribution at the fc = 500 [Hz] and 1000 [Hz] on 1.2 [m] plane in case of 
cond.0, cond.1 and cond.2, respectively. The ratios of receiving points, D50 of which are larger than 
50 [%] to all receiving points in case of cond.1 and cond.2 are 26.7 [%] and 19.5 [%] respectively, 
while the ratio in case of cond.0 is 5.1 [%]. It is confirmed that the area with high intelligibility is 
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Figure 3 – Changes in SPL distribution on1.2 [m] plane due to different boundary condition at fc = 500 [Hz]. 
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expand by changing the ceiling to a sound absorbing material. However, the area with high 
intelligibility in case of cond.2 had a narrower than in case of cond.1. 

Finally, impulse responses up to 0.4 [s] at RP3 in case of cond.1 and cond.2 are shown in Fig. 6. 
It is confirmed that the sound pressure amplitude of early reflected sound around 0.05 [s] and reflected 
sound up to 0.10 [s] are reduced because of the higher sound absorption coefficient of the ceiling. 
However, those of the strong reflected sound around 0.10, 0.18, 0.23 [s] did not show clear difference 
between in case of cond.1 and in case of cond.2. These are mainly reflected by the rigid walls at the 
west end of the Area3 and the east end of Area4.  

 

5. CONCLUSIONS 
In this study, corridors and a staff station of the hospital ward was analyzed by numerical acoustic 

simulations to investigate the effect of absorbing material in the sound fields. First, the intelligibility 
index D50 of the sound fields were calculated by the geometric acoustics methods and wave-based 
acoustics methods, and it was confirmed that the geometrical acoustic simulation cannot predict 
sufficiently for sound fields with complex planar geometries such as long and narrow corridors. Next, 
three types of sound fields with different sound absorbing coefficient on the ceiling material were 
analyzed by time-domain finite element method, and sound pressure levels and D50 distributions in 
the sound fields were calculated from the results of the analysis. As the results, mean sound pressure 
levels in each corridor were reduced over 5.0 [dB] due to changing reflected material to absorbing 
material on the ceiling. On the other hand, area with high intelligibility is larger due to changing 
reflected material to absorbing material on the ceiling. In the future, the installation pattern and the 
sound absorption coefficient of the sound absorbing material are investigated in the sound field to 
satisfy the required sound environment. 
  

(a) cond.0 (b) cond.1 

(c) cond.2 

Figure 4 – Changes in SPL distribution on1.2 [m] plane due to different boundary condition at fc = 1000 [Hz]. 
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Figure 5 – Mean D50 distribution at fc = 500 [Hz] and fc = 1000 [Hz] on 1.2 [m] plane. 
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ABSTRACT 
Knowing the eigenfrequencies of a space is important for designing its acoustic performance at low 
frequencies. The eigenfrequencies can be analytically calculated for a limited set of room shapes, while for 
more complex domains it is common to use Finite Element methods (FEM). This paper investigates the use 
of Convolutional Neural Networks (CNN) to predict the eigenfrequencies based on a digital image of a 2D 
room shape. FEM software is used to create a training set of pseudorandom room shapes and identify their 
eigenfrequencies. In this study, only rooms with rigid walls are studied, and the CNN is used to predict the 
first ten eigenfrequencies for rooms with normalized surface area. The rooms have three to sixteen walls, 
including slanted walls and non-convex geometries, as well as corridor rooms. The accuracy of this approach 
is compared to the FEM solutions, as well as to analytical solutions for room shapes with solutions available. 
 
Keywords: Eigenfrequencies, Room Acoustics, Machine Learning 

1. INTRODUCTION 
In room acoustics, different sound field analysis approaches are commonly used in different 

frequency ranges because of the complexity of the task. In the low-frequency range, it is feasible to 
use the wave equation for finding the solution, either with analytical expressions or numerical solvers, 
e.g., finite element method (FEM) [1], or other numerical approaches [2,3]. Analytical expressions 
exist only for very few room shapes, the rectangular shape being one of the most commonly studied. 
It is straightforward to use the FEM for solving such problems but the FEM might be computationally 
inefficient, or unnecessarily complex in some cases. The purpose of this study is to apply machine 
learning (ML) models to predict the eigenfrequencies of non-rectangular rooms.  

Multiple ML models exist for image and text processing based on Convolutional Neural Networks 
(CNNs). The pioneering LeNet models [4] stack a few convolutional layers and pooling layers, 
followed by a couple of fully-connected layers to map the output. Deeper, more sophisticated models, 
such as AlexNet [5], Inception [6], VGG [7], and ResNet [8], can achieve superior performance with 
separable convolutions and skip connections for residual learning or appending features from multiple 
layers [9]. In particular, residual learning allows the CNN model to be deeper and extract more features, 
with little to none additional computational cost. Furthermore, residual neural networks have been 
successful in various applications in acoustics [10–13]. 

In this research we aim at using ML to predict the sound field in a room using its geometry as input 
data. A full solution requires the identification of eigenmodes and eigenfrequencies. As a first step, 
this study aims at predicting the eigenfrequencies of 2D-rooms with rigid walls, using an image of the 
room shape as input data. The network architecture contains a ResNet50 [8], which extracts features 
from the room geometry image, and passes these features to a feed-forward neural network that 
predicts the eigenfrequencies. The performance of the ML model for rectangular rooms is compared 
with the FEM and the analytical solutions.  
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2. METHODOLOGY 

2.1 Data generation 
The data is generated with a finite element model in COMSOL Multiphysics solving the 

homogeneous Helmholtz equation  
∇!𝑝 + 𝑘!𝑝 = 0, 

subjecting all the walls in the room to the Neumann boundary condition, and the propagation medium 
is air at 20°C.  
   Each room shape is pseudo-randomly generated with number of corners ranging from 4 to 16 
according to 

W = 𝑁"#$ + 𝑖𝑛𝑡,(1 + 𝑁"%& −𝑁"#$) ∙ 𝜒!3, 

where 𝜒 is a uniform random value between 0 and 1. Each corner’s coordinates are decided with a 
rule that “encourages” 90° corners by alternately keeping the previous x or y value 

𝑥' = 5
(𝜒 + 0.5) cos ;2𝜋𝑤𝑊 @ ,				𝑤 = 0, 2, 4, …
𝑥'(),																																						𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒

 

𝑦' = 5
(𝜒 + 0.5) sin ;2𝜋𝑤𝑊 @ ,				𝑤 = 1, 3, 5, …
𝑦'(),																																						𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒.

 

To enable rooms with angled walls each corner has a 10% chance to disregard this rule and let both 
x and y be simultaneously randomly decided, this chance is reduced with 1% each time it occurs. This 
algorithm moves around the origin creating a polygon that is interpreted as the walls of the room. To 
increase the likelihood of corridor shaped rooms a 10% chance was implemented to multiply all x-
coordinates with a uniform random value between 5-10. Each room is also randomly rotated 0 to 45° 
around the origin and scaled to have a total area of 1m2. COMSOL solves for the first 20 
eigenfrequencies and a 1024 by 1024-pixel image (16m2 area) of each room is saved. Examples of 
four rooms generated with this algorithm are shown in Fig. 1. 

 
 

Figure 1. Examples of room geometries generated in the training and validation set. 
 

2.2 Machine learning model 
The machine learning (ML) model chosen for this paper includes a ResNet50 [8,14], a popular 

CNN model in image classification and segmentation problems. The features learned by the ResNet 
are then passed to a feed-forward network that outputs the eigenfrequencies. The regression problem 
can be interpreted as learning features from the room geometry that are relevant to predict the 
eigenfrequencies. The ResNet50 model includes residual blocks for learning the identity function via 
skip connections across layers. This helps prevent the vanishing gradient problem [15], since, even 
when the learned features are zero, the output of the residual block carries the identity.  

The input is a 2D image of the room shape (i.e. boundaries, see Fig. 1), and the output is the first 
ten eigenfrequencies of the room. The images used as input are white for non-room space and gray 
for room interior space. Each image taken from COMSOL is downsampled to 128 by 128 pixels, and 
the three input channels represent RGB values normalized between 0 and 1. A batch size of 128 images 
is used with each image randomly rotated and flipped along both the y and x-axis to increase the size 
of the training set. The entire dataset is shuffled at every epoch and an 80:20 split is used for training 



 

 

and validation. The mean square error (MSE) is used as the loss function with a learning rate of 10-5 
utilizing the Adam optimizer [16]. For the model, L2-norm regularization was used with a penalty 
value of 10-4 found via hyperparameter tuning. The first 10 (numerically sorted) real-valued 
eigenfrequencies are the model outputs. 

3. KEY RESULTS AND DISCUSSION 
Figure 2 illustrates the training and validation loss for the training set over 200 epochs and the 

relative error per eigenfrequency (numerically sorted). As shown in the left-hand side of Fig. 2, the 
training loss is decreasing smoothly as the number of epochs increases. It can also be seen that the 
trend for the validation loss follows the training loss until up to about 75 epochs, and thereafter 
oscillates and follows a decreasing trend in MSE. This can be partly due to the random shuffling of 
batches in the validation set during training.  

  
Figure 2. (Left) Training and validation loss vs. number of epochs. (Right) Relative error (%) per eigenfrequency number.  

 
The right-hand side of Fig. 2 depicts the relative error 

𝜀*+, =
(.!"(.#$!)

.#$!
∙ 100%, 

with mean and 90% confidence intervals for the ten eigenfrequencies for the entire validation set. It can be 
seen that the model predicts 90% of the eigenfrequencies with an average relevant error of ±1% and an error 
span from -3% to 6%.  

 In order to compare with an analytical benchmark, the FEM and the ML models are tested with 
rectangular room geometries. Figure 3 shows examples of predicted eigenfrequencies contra FEM and the 
analytical solution for two rectangular shaped rooms. On the one hand, as shown in Fig. 3, there is very good 
agreement between the eigenfrequencies obtained analytically, and those obtained with the FEM and the ML 
model. These results indicate that not only the FEM but also the ML model has accurate predictive 
performance for rectangular rooms.  

 

 
Figure 3. Comparison of analytical solutions, FEM results, and ML results for two rectangular like rooms. (Left) Eigenfrequencies estimated for 

the rectangular room inscribed in the plot. (Right) Eigenfrequencies estimated for the corridor room inscribed in the plot. 
 



 

 

Figure 4 shows relative error of the FEM and ML models with respect to the analytical solutions. For the 
two rectangular rooms considered, the relative error of the FEM model is near zero for all eigenfrequencies, 
whereas the relative error for the ML model spans from -2% to +3%. This validates the performance of the 
ML model against the analytical benchmark.  

 
Figure 4. Relative errors (%) per eigenfrequency for the two rectangular rooms in Fig. 3, obtained with FEM and with the ML model. (Left) 

Relative error for the rectangular room inscribed in the left of Fig. 3. (Right) Relative error for the corridor room inscribed in the right of Fig. 3. 

4. CONCLUSIONS 
   In this paper we study the use of convolutional neural networks to predict the eigenfrequencies in non-

rectangular rooms. The main idea is that the network learns features from the image of the room geometry 
that are relevant to predict the eigenfrequencies. This is a proof-of-concept that shows the promise of the 
machine learning method, and the potential of using images of simplified blueprints to directly estimate the 
eigenfrequencies of a room. Overall, the results are promising and point towards future work on the prediction 
of eigenmodes in real 3D rooms.  
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ABSTRACT
Every sound that we hear is the result of successive convolutional operations (e.g. room acoustics, microphone
characteristics, resonant properties of the instrument itself, not to mention characteristics and limitations of the
sound reproduction system). In this work we seek to determine the best room in which to perform a particular
piece using AI. Additionally, we use room acoustics as a way to enhance the perceptual qualities of a given
sound. Historically, rooms (particularly Churches and concert halls) were designed to host and serve specific
musical functions. In some cases the architectural acoustical qualities enhanced the music performed there.
We try to mimic this, as a first step, by designating room impulse responses that would correlate to producing
enhanced sound quality for particular music. A convolutional architecture is first trained to take in an audio
sample and mimic the ratings of experts with about 78 % accuracy for various instrument families and notes
for perceptual qualities. This gives us a scoring function for any audio sample which can rate the perceptual
pleasantness of a note automatically. Now, via a library of about 60,000 synthetic impulse responses mimicking
all kinds of room, materials, etc, we use a simple convolution operation, to transform the sound as if it was
played in a particular room. The perceptual evaluator is used to rank the musical sounds, and yield the "best
room or the concert hall" to play a sound. As a byproduct it can also use room acoustics to turn a poor quality
sound into a "good" sound.

Keywords: Sound, Room Acoustics, Impulse Response

1 INTRODUCTION AND RELATED WORK
Humans routinely encounter a wide range of sounds. These ubiquitous signals range from speech and other
humanly produced sounds, to sounds of other organisms, to sounds created by atmospheric interaction with
the environment, to mechanically and artificially produced sounds [8]. Sound enables communication, engages,
and promotes understanding of the world around us. The sounds that we hear from this rich platter are typi-
cally transformed by reflections and resonances as the signal interacts with objects and structures. The resonant
features of musical instruments, and the directionality of signal propagation affect the sound’s timbral charac-
teristics and intensity.
Humans also tend to favor sounds whose timbre is enriched by reverberation over sounds produced and recorded
under anechoic conditions. Although the reasons for such preference are not entirely clear, studies that explore
the acoustics of ancient caves inhabited by paleolithic humans suggest that the reverberant qualities of these
caves might have functioned as the first auditoriums in which humans experienced sound[7]. It is conceivable
that as early humans found safety and comfort inhabiting caves, they also found comfort in their dwelling’s rich
acoustical environment[17]. Furthermore, this may suggest an evolutionary source of human preference for rich
reverberant environments. As music developed, vocal sounds, performance practices, and musical instruments
adjusted to the acoustical characteristics of the structures in which they were sounded and heard. Listening
studies show a preference for reverberated sound. Humans also adjust their playing according to the environ-
ment (acoustic space) they are in. Expert performers adjust, often with little or no conscious awareness, how
they execute a sound based on the architectural acoustical features. Musicians dislike playing in anechoic envi-
ronments noting that "the lack of reflection or reverberation is acoustically stifling affecting their playing styles"



Figure 1. Figure describing a poor note played by a musician (above) and the same note below that was boosted
by a room impulse response, as if it was played in a particular acoustic space. It was chosen by our algorithm
to maximize the score to improve the quality of the note(below). Notice how energy modulations are present
which is considered an embellishment, often ignored in a low-quality sound.

[14]. Thus in this work, we allow a neural architecture to determine the optimal room (through the room’s
impulse response) in which to play a musical sound.
Neural architectures have revolutionized how people approach traditional signal processing ideas, with advance-
ments in music synthesis via generative modelling[6, 24], audio understanding [23] to name a few. With these
advancements, neural architectures have become powerful in understanding contents, and synthesis of the audio
signals in problems such as speech recognition [4] and audio synthesis [26]. In the recent literature, neural
architectures have been used to evaluate the quality of sound of interest. [22] first used a neural architecture to
evaluate the sounds of a poor-quality cello, often used by amateur musicians with that of a high-quality cello,
often used by expert players. By successfully allowing a neural architecture to rate the quality of the sound,
they then used it as a loss function to map a cello sound from poor quality to high quality without having
access to an aligned dataset. In some sense, this work is similar with the only difference being that here it is
adapted to room impulse responses. There have been other works like using neural architectures to predict mean
opinion scores directly e.g. to improve speech synthesis [13]. [18] came up with measures that can understand
the perceptual qualities of speech signals. The ideas in these works are similar: Humans use some rules to rate
audio samples, and a neural architecture can easily learn and mimic these features. The contributions of this
work are as follows:

i) To the best of our knowledge across literature we are the first ones to use impulse response as a way to
enhance the perceptual qualities of music signal (audio signal)

ii) We learn a perceptual score for the task of our interest using neural architecture and use it to evaluate
musical signals that would be transformed using room impulse response. This in a way used correctly, can be
used to enhance the perceptual score of a musical signal, by using the room acoustics itself as a perception
enhancer filter.

The organization of the paper is as follows: Section 1 introduces the problem with related work. Section
2 describes the dataset used in our work along with the methodology used in section 3. We follow it up with
results and Section 5 describing the conclusion and future work.



2 Dataset
For simulation of various playing conditions, we use impulse responses that we simulated for improving speech
recognition in reverberated environments [12]. Similar to musical acoustics, for speech signals too, room acous-
tics changes various aspects of audio signals, such as timbre, volume envelops, and attack rate to name a few.
The actual room impulse measurements are difficult to acquire, with techniques involving setups but not limited
to balloon pops, sweeping sinusoidal signals, etc. [2]. Due to the non-trivial nature of measure room impulse
response, we started with using [12] as a primary source of IR measurements for our study. To the best of
our knowledge, this is the largest possible resource of a collection of impulse responses in the literature that
we came across. We also initially experimented with [20], which were about 271 real-world impulse responses
but did not use them for our study due to the sheer diversity, richness, and size of the IRs generated by [12].
In speech signals, impulse response measurements are primarily used as a data augmentation tool to enhance
the performance, and robustness of speech recognition algorithms [27]. There are in total about 200 rooms uni-
formly distributed between small (1-10m), medium (10-30m), and large (30-50m) rooms. For each of the 600
rooms, the height is uniformly sampled from 2-5m with different absorption coefficients and different locations
inside a room for every IR. This yields a diverse set of room acoustics.

To evaluate the perception of the sounds, we use recorded individual musical notes as described in [16]. To
acquire a consensus of what constitutes a ’good’ versus a ’bad’ musical sound, we ask professional performers
to rate a collection of single notes in terms of performance quality describing attributes of pitch stability, timbre
stability, richness, and attack. As each of these attributes are influenced by characteristics of the room acoustic
we show that room acoustics alter the overall perception of musical notes. We choose three instruments, clarinet,
flute, and trumpet, for a total of about 2000 notes. A neural architecture is used to mimic the function of human
raters via convolutional architecture making it "human-inspired neural scoring function" to evaluate any sound
of interest, in our case that passes through a room impulse convolution operation to simulate as if the note was
played in a particular room.

3 Methodology and Setup
This section describes the methodology used by us, in the proposed work, in three sections. Firstly how to
mimic room acoustic via synthetic impulse response, followed by a neural architecture that was used to rate the
output of impulse responses.

3.1 Mimicking Room Acoustics via Synthetic Impulse Response
For the case of our study, we assume that there is no presence of noise (arising from outside sources or concern-
ing imperfections in the acoustic measurement/noisy impulse responses/measurement noise from room impulse
measurement). This can encompass a wide array of settings and can yield simple mathematical modeling and
an elegant setup in our case. For the users interested in a systematic simulation of far-field musical sound, they
can refer to several techniques one of them being [5]. Reverberation using signal processing algorithms is a
field in itself, and [21] describes three main categories of how to carry out reverberation using delay networks,
convolution-based methods, and physical models of rooms. For the rest of our work, we would only use a
convolution-based method without taking into account the measurement noise and other noises as described in
[12]. Multiple balloon pops were used to create the room impulse responses to recreate the acoustics of Hagia
Sophia in Stanford’s Bing Concert hall as described by work done [3]. For the current work, we would assume
that an impulse response simulated at a location point p, in a room r is hpr[n]. Then a signal played in an
anechoic or reverberated environment x[n] would sound in the room r at point p, as y[n] = x[n]∗hpr[n]. For any
sound of interest x[n], we have in total of 60,000 impulse responses.

3.2 Neural Architecture
We particularly use a convolutional architecture to mimic the perceptual ratings of expert human evaluators.
For this, we train small convolutional architectures on 5s of audio. The audio signal sampled at 16kHz was
converted into its spectral representation in our case mel-spectrogram, with 10ms hop, and 96 bins yielding a
spectrogram representation of shape 96 x 500 corresponding to the time steps for a 5s audio. This representation



is fed to a 5-layer convolutional architecture with the following setup: We use 7x7 filters with strides of 5, with
16 filters in the first three layers. The dropout rate [19] was fixed to be 0.5 to heavily regularize these small
architectures. The number of filters is small, due to about 2000 notes present in the training corpus that has
been rated by more than 3 musicians. The output of the last layer is flattened followed by a dense layer of size
256 followed by a single neuron that gives a score between 0 and 1, similar to [22]. We choose a score of 0 to
represent poor sound quality, and a score of 1 to represent a sound perceived as ’musical’. We only use labels
that are agreed upon by 2 or more raters. This is validated on about 200 sounds. The loss function chosen
to be Huber Loss [10] between the predicted score and the actual rating, primarily to make training robust to
outliers, that can perhaps arise from human raters.

We use heavy data-augmentation for musical signals like random volume scaling, random cut-outs, stripping
timbral content from spectral, backbone [25], flips (both vertical and horizontal), and adding random noise to
improve the robustness of our predictions [15]. These techniques are used in music signal understanding for
applications such as audio understanding [23, 9] This is primarily done in our setup for two reasons. Firstly,
they improve the performance of the task of interest. Secondly, and more importantly, we have a small high-
quality sample of professional musicians as human raters to depend on a variety of factors and not enable the
neural architecture to latch onto one-two salient feature.

All architectures were trained for about 50 epochs with validation loss used to come up with the best archi-
tecture. Adam optimizer [11] was used with a learning rate of 1e-4 and reduced till 1e-6 or earlier whenever
validation loss does not start decreasing. We used Tensorflow [1] framework for all of our experiments.

3.3 Connecting Perceptual Scores with Room Acoustics for Ranking
With the library of impulse responses simulated for a wide array of room sizes, materials, geometries, and point
sources in a single room, we use all 60,000 impulse responses to simulate how a musical note would sound
in a particular acoustic environment. To the best of our knowledge, no such study if musical context involving
different room exists. We take musical notes, and create 60k copies of them, mimicking the output of various
room acoustics via a simple convolution operation of the musical signal with that of the impulse response of
the simulated room. We then use our scoring function to evaluate each of the transformed audio signals, on
the attributes learned by neural architecture and use it to pick the best room in which a note should be played.
This can also be used to enhance and improve the quality of a sound through the interaction of the acoustical
qualities of the space and the sound, and increase the saliency of the musical feature of interest.

Figure 2. Figure describing a poor note played by a musician (above) and the same note below that was boosted
by a room impulse response, as if it was played in a particular acoustic space. It was chosen by our algorithm
to maximize the score to improve the quality of the note(below). Notice how energy modulations are present
which is considered an embellishment, often ignored in a low-quality sound.



4 Results and Discussion
This section shows how the room acoustics alter the timbral and the volume dynamics to alter the characteristics
of a given note through some quantitative examples.

Figure 3. Figure on the left showing the spectral centroid and on the right the room impulse response that
enhanced the brightness of the sound

4.1 Altering the energy dynamics
Energy dynamics play a major role in defining perceptual qualities of a given note. [16] had asked experienced
musical raters to describe the characteristics on which they judged, and the timbral characteristics along with
energy dynamics played an important role. We through an example here see how the room acoustics was able
to alter the energy dynamics. Figure 2 describes a single musical note with little to no presence of energy
modulation, sometimes thought of as a feature of aesthetics and exhibiting the overall skill of a musician. This
5s note was initially given a poor score ( less than 0.1) and boosted to be a high score (greater than 0.9), by
altering the dynamics of the energy variations.

4.2 Altering timbre
We via the same example show firstly how the timbre of the note changes. This is just for the sake of demon-
stration and such behaviour was observed in a wide-array of sounds. We can see in Fig. 3 as to how on left
the spectral centroid changes, results in a higher, richer tone as compared to the original sound. Richer sounds
are associated with bright, more complex enhanced tones, as compared to lower frequency tones. On the right,
we show the optimal room impulse response. One could see how there is a repetitive structure present in the
impulse response that can add structure, and energy modulations to the energy envelop that is absent in the note
without the interaction with the room acoustics.

4.3 Demonstrating Improvement Statistics of Notes
We through an example, showed how we could alter a single musical note, both in timbre and energy dynamics.
In order to show these behaviour across the dataset, we design the following experiment. For 250 notes from a
held out validation set only for the low-quality note, we compute the distribution of the scores, and take only



Figure 4. Qualitative results of a sample subset of 250 musical notes, with low scores and their enhanced score
computed as a probability distribution (left) and the distribution of the difference of the scores(right). The x-axis
denotes the actual scores on left and the difference of the scores on the right.

those that are below 0.5 or are classified by our algorithm to be of a poor quality. Next, we run it through our
dataset of impulse responses, and find the optimum room acoustics to maximise the quality of the sound and
note the value passed through our quality assessment architecture.

The value (of the enhanced note) now is recorded. For demonstration purposes, we compute the histogram
statistics of the following as seen in Figure 4.i) The distribution of the quality of the notes less than 0.5 and
the distribution of the notes that are enhanced by picking the best room, and scoring it. ii) The distribution of
the difference of the scores between the enhanced output and the initial output. Both of these scores in i) and
ii) would lie between [0,1]. We again emphasize that we are using purely room acoustics as a filter to achieve
it. We see from Figure 4, that we are able to enhance the score of a majority of sounds, although there still
exist a small percentage of notes, that could not be improved upon. This is further validated by looking at the
distribution of the difference of the enhanced scores with that of the poor quality notes.

5 Conclusion and Future Work
We have successfully demonstrated a pipeline capable of enhancing the perception of a sound with modeled
room acoustics by using a large-scale library of recorded/simulated room impulse responses. Using a neural
architecture to understand the perceptual properties of a sound, by mimicking human preference ratings we build
a neural evaluator that can score an audio signal. This scoring mechanism is used to evaluate a musical sound
played in thousands of different acoustic environments by using room impulse responses in our library. The best
room acoustics is chosen according to the characteristics of the audio signal, which results in the highest score
from the neural evaluator. Doing large scale listening experiments, is something that we have in our pipeline
to further validate the current results. Extending this concept beyond musical notes is vastly interesting, and
can be useful in a wide spectrum of applications, particularly in speech, with widespread adoption of smart
speakers.
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ABSTRACT 
In computer-aided optimisation using Genetic Algorithms (GA), one of the most important exercises is to 
establish good Fitness Functions.  In the optimisation of acoustic reflectors for performing arts venues there 
are at least four or five acoustical perception dimensions that must be addressed.  In Multi-objective 
Optimisation, perhaps the most successful GA is Deb’s Non-dominated Sorted Genetic Algorithm (NSGA-
II) but it works best with only two or three objectives.  A 2-objective Fitness Function has been previously 
developed to emphasize the uniform distribution of reflections on a receiver surface, within a given temporal 
threshold (e.g. 50 to 80 ms) and to encourage those reflections to arrive at the listeners from the sides.  In 
this study, the e-constraint method has been employed to find the Pareto Front of the two Fitness Functions 
when applied to a fan-shaped room with ceiling reflectors.  A third Fitness Function is introduced to address 
the level of early reflected sound (G80).  Thus the three cogent aspects of early reflected sound are now 
covered: the time, level and spatial components.  A new target aiming procedure is also introduced.  Early 
results suggest that it may render the new G80 Fitness Function redundant. 
 
Keywords: Room Acoustics, Genetic Algorithms, Multi-Objective Optimisation. 

1. INTRODUCTION 
In the design of a performing arts venue, one is often faced with the challenge of designing acoustic 

reflectors inside a limited space.  For example, the areas of the room that do not interfere with sight 
or lighting lines.  The design of the acoustic reflector, or reflectors, will need to be as efficient as 
possible.  This is a classic case for optimisation and there are now several computer based algorithms 
to address this challenge.  The author has found the Non-dominated Sorting Genetic Algorithm 
(NSGA-II) [1] to be the most useful of these.  The NSGA algorithms are particularly good at handling 
multi-objective optimisation, originally with two objectives and, more recently, with the three or more 
objectives.  NSGA-III [2] now addresses the so-called Many-Objective problem.  Throughout it all, 
however, looms the question: exactly what is or what are the goals of our optimisations and how do 
we communicate these goals to a computer in the form of numbers.  

 
There are a number of subjective parameters that we know are important to assess a room’s acoustic 

character.  Some of these however we can rule out immediately – the ones associated with multiple 
reflections and decay rates.  Although the routines developed for this study may eventually be applied 
to the optimisation of entire acoustic fields, i.e. higher order reflections, the computer power currently 
available is simply not fast enough.  Even with the routines limited to first order reflections – as the 
work described here will be – reliable optimisation runs can take several days’ worth of computer 
time. 

 
We therefore restrict ourselves to the early sound field, i.e. reflected sound that arrives at a receiver 

location within 80 ms of the direct sound.  We know, from several studies (see [3]) that we should be 
concerned with the level, temporal, and spatial aspects of the early reflected sound.  For the latter 
two of these – the time of arrival and the direction of the reflections – we have found the Single 
Reflection Lateral Fraction (or sLF), proposed by Protheroe and Day [4] to be a very useful tool in 
the optimisation of first order reflections from a reflector or a group of reflectors.  This has been 
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applied by the author in [5], [6] and [7]. 
 

 

  sLF =	 !"!"#$"%&'()#$%&'
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*   (1) 

where: pdirect is the direct sound pressure 
  preflection is the sound pressure from a single reflection 
  f is the angle between pdirect and preflection 
 

It was quickly discovered, however, that simply instructing the computer to optimise based on 
Equation (1), on its own, would often result in a concentration of reflections with very good sLF 
values but only along one edge or in one corner of the receiving surface.  Hence the need for two 
Objective Functions or, as they are referred in Genetic Algorithm studies, Fitness Functions.  The 
first encourages a uniform distribution of reflections on the receiving surface, the second encourages 
those reflections to arrive from the sides. An explanation of the concept behind these equations may 
be found in reference [5]. 
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where: Ngrid is the number of grid points 
dNN is distance from the ith grid point to its nearest neighbour (NN) 
tdist is the convergence coefficient associated with distance (typically 

set to tdist = 1500) 

 𝑠𝐿𝐹	𝐹𝑖𝑡𝑛𝑒𝑠𝑠 = %
&!"#$

∑ 1 −	𝑒
%∆(+,
'(+,

&!"#$
'()  (3) 

where: DsLF is the difference between the sLF at the NN and sLFgoal 
tsLF is the convergence coefficient associated with associated with sLF 

(typically set to tsLF = 0.15) 
 

The grid referred to in Equations (2) and (3) is a matrix of node points distributed evenly on the 
receiver surface at distances of: 

 𝑑!"#$ = .*+"#	-.	/"0"'1'$2	34+.#0"
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 (4) 

These equations have addressed the concerns with the direction and arrival times of early reflections.  
This study will now attempt to address the level of those early reflections. 
 
Throughout this paper the explanations and applications will refer to a quintessentially problematic 
acoustic geometry that we will be trying to improve.  The fan shaped plan with a ceiling array of 
reflectors, presented here in Figure 1 for reference.  
  

 
Figure 1. The initial geometry to be optimized in this study. 



 

 

2. A FITNESS FUNCTION FOR ACOUSTIC STRENGTH 
A number of methods have been experimented with to establish a Fitness Function that will 

encourage better Acoustic Strength (G).  Simply summing up the reflection levels based on path 
length differences does not work.  Similar to the problem found with sLF Fitness, reflections will 
tend to cluster in groups.  In this case, close to the reflectors. 

Jurkiewicz et al. [8] have adroitly pointed out that for flat reflectors, listeners will receive the same 
amount of acoustic energy regardless of the size of the area over which the reflector has cast 
reflections.  A reflector casting reflections from a lower angle of incidence will cast them over a 
larger area.  An attempt was made use this fact and encourage larger reflection casting zones.  The 
reflections received on the surface no longer cluster around the reflector but they can often overlap.  
Keeping track of which part of a receiving surface has received reflections and which part hasn’t is 
not an impossible task but neither is it trivial.  At the time of this writing the solution remains 
unresolved.  It was decided to use a slightly altered version of Equation (3) for the Acoustic Strength 
Fitness Function. 
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where: DLevel is the difference between the path length difference level at the NN and Ggoal 
(typically set to Ggoal = 0 dB) 
tG is the convergence coefficient with associated with G (typically set to tG = 1000) 

 
This new Fitness Function will now have to be integrated into the algorithms described in 

references [5] to [7].  Before doing that however, we will introduce some new modifications to those 
algorithms.  This then will be followed by an deeper examination of the two existing Fitness 
Functions (Equations 2 & 3), laying the groundwork for the introduction of the third Fitness Function. 

3. INITIATING THE ALGORITHM 
Many, if not most, Genetic Algorithms (GA) initiate their populations randomly.  In the scenario 

presented here, i.e. acoustic reflectors in a ceiling array, that would imply a series of flat panels each 
one having a normal angle pointing in a direction chosen by a random number generator.  For many 
GAs, that have short calculation times in what is known as the Decision Space, this is sufficient and, 
indeed, even desirable.  Running a GA for thousands of generations or even more exercises the true 
power of the algorithm.  Calculations in the Decision Space for acoustic reflector design is more 
onerous and time consuming.  Not just the calculation of reflections but, more significantly, the 
calculation of the Fitness Functions.  This restricts the current work to tens of generations, not 
thousands. 

 
One way to overcome this problem is to initiate the GA population with solutions that are already 

reasonably adequate, a procedure to known by some as “seeding”.  The GA will then, hopefully, 
improve on the initial population of solutions.  A procedure that became known as Target Aiming was 
developed.  It comes in two forms – single and multiple set seeding –  and is described as follows. 

3.1 Single Set Seeding 
Single Set Seeding is based on the reflectors.  For each reflector, find its centroid point, then 

project that point onto the receiving surface.  For the ceiling array shown in Figure 1 and elaborated 
on in Figure 2, the projection would be made downwards with the unit vector (0, 0, -1).  It could, 
however, be any vector pointing in any direction depending on the position of the reflector array with 
respect to the receiving surface.  These new points are referred to as the Target Points.  For each 
reflector/target combination, calculate the sLF, from the source location to the centroid of the reflector 
and then down to the Target Point.  Repeat this for each Target Point and for each reflector.  This 
will result in an N2 set of combinations, where N is the number of reflectors.  In Figure 1 there are 
18 reflectors in the array, hence there will be 324 different configurations from which the Genetic 
Algorithm (GA) might be initiated.  The list of N2 reflector/target configurations is sorted based on 
the desired optimisation.  For example, if we wanted to optimise for sLF, the list would be sorted 
accordingly and the combination with the highest sLF Fitness average would become the first (single 



 

 

set) seed for the GA.  Subsequent members of the initiating population are created by randomly 
varying the normal vectors for each reflector.  The normal can be varied by moving the Target Point 
randomly on the receiving surface or by directly modifying the unit normal vector with a random 
number generator.  Perturbations are restricted to ensure that the reflector is always casting 
reflections towards the receiving surface and not away from it.  

3.2 Multiple Set Seeding 
In the Multiple Set Seeding procedure, each member of the initial population is given its own set 

of Target Points.  For a set of N reflectors a grid of N equally spaced Target Points is created on the 
receiving surface.  These are paired up with the reflectors and sorted, as described for the Single Set 
Seeding.  This set becomes the first member of the initiating population.  Then, unlike the previous 
method, which built the rest of the population from perturbations of the first member, a new set of 
Target Points is created on the surface by “sliding” the grid by a parameterised distance (smax/N, 
tmax/N); where smax and tmax are the maximum values of parameters (s, t) for the receiver surface and 
N is the number of reflectors. 

 
The Multiple Set Seeding method has the advantage that it will find better solutions faster.  It has 

the disadvantage that, in its deterministic nature, it does not fully exploit the random search 
advantages of a Genetic Algorithm.  For the time being however, and until computation speed is 
improved, the Multiple Set Seeding method has proved the most useful. 

4. CALCULATING REFLECTIONS 

4.1 Refinements and Advantages 
As is sometimes the case with Genetic Algorithms (GA), the optimisation routines developed for 

this study are very expensive in terms of computer time.  As mentioned, typical optimisation runs 
can be hours or even days long.  In traditional ray tracing, a bundle of sound source rays is created, 
typically with a density of 10,000 rays and often more.  The rays are cast out in all directions then a 
search is carried out to find the intersection points on the reflecting surfaces.  This too is a time 
consuming, expensive exercise for the computer.  In light of the fact that the optimisation routines 
are calculating only first order reflections off of individual reflecting panels, it was decided to abandon 
the ray bundle approach and, rather, create static reflection points on the reflectors. 

 
The advantages to this approach are two-fold.  The computer no longer has to calculate tens of 

thousands of potential intersection points – an obvious time saver.  Typical densities are 8, 16 or 
perhaps 32 reflection points per reflector.  Also, and unlike the ray bundle method, the reflection 
points on any given reflector will always be in the same location on the panel throughout however 
many generations the GA goes through.  As will be shown, this will be true regardless of the 
reflecting panels orientation in space (i.e. its tilting angles of azimuth and elevation).  This will 
become advantageous when this work progresses into the consideration of diffraction effects.  Rindel 
has shown that the amount and character of diffraction depends on where the incident sound arrives 
on the reflector. [9] 

 
Figure 2. Construction of Single Set Target Points 



 

 

4.2 Reflection Point Calculation Procedure 
The reflection points on the panel are calculated as follows.  In the context of the Genetic 

Algorithms that have been developed, a collection of acoustic reflectors is the Genome and the 
individual reflectors are its Genes.  For example, in Figure 1 the ceiling is the Genome and the 
reflectors that make up that ceiling are the Genes.  Each reflector gene is treated as an “object” in the 
Object-Oriented computer code.  Although meshing techniques are used throughout most of the 
computer routine, the reflector geometry is input to the programme as a surface.  This 3-dimensional 
surface is parameterised into its standard (s, t) parameters.  A grid of evenly spaced parameters (si, 
ti) is calculated and stored as a property of the reflector gene object.  Each parameter pair (si, ti) 
represents a point on the reflector. 

 
In every generation of the GA’s optimisation, the reflector genes will be perturbed.  Almost always, 

the perturbation is in the form of a rotation, in angles of azimuth and elevation.  Each time the 
reflector is perturbed, the matrix of (si, ti) parameters is retrieved from the computer object’s 
properties.  These parameters are then evaluated on the rotated surface to produce a collection of 
reflection points.  Each point will be at a new position in 3-D world space, but will still be in the 
same relative location on the reflecting surface. 

5. THE FITNESS FUNCTIONS 

5.1 Interpretation 
We shall now examine the Fitness Functions that have been proposed.  Figures 3 shows how the 

first two Fitness Function can be interpreted when they are plotted against each other.  As is often 
done in computer optimisation, the goal is to minimise the Fitness Functions, so the better solutions 
are, generally speaking, the ones closer to the origin.  Solutions landing in the upper left-hand 
quadrant of the graph will have sLF values close to the criterion set out as sLFgoal.  We know that 
because their sLF Fitness values are close to the origin.  But because their dMean Fitness values are 
far from the origin, we also know that the reflections will be poorly distributed in the room.  Perhaps 
the reflector is directing sound only to a small patch in the far corner of the receiving surface.  Any 
reflections that are received could be strongly lateral but there might not be many of them. 

 
Conversely, if the solution is found in the lower right quadrant of Figure 3, there might be a lot of 

well distributed reflections throughout the receiving surface but they won’t be lateral.  We know this 
because, respectively, the dMean value is close to the origin and the sLF value is far from the origin. 

 
A solution falling in the upper right hand quadrant of Figure 3 indicates a reflection field that fails 

for both Fitnesses.  It has poor lateral sound and any reflections that are received are poorly 
distributed.  The best solutions, of course, are found close to the origin in the lower left quadrant. 

 
It’s also worth discussing, at this point, the absolute minima of the sLF, dMean and G Fitness 

Functions.  The sLF Fitnesses can and sometimes do go negative, depending on where sLFgoal is set.  
During an optimisation exercise, if the sLF Fitness starts to go negative, the sLFgoal value can be easily 
changed. Values of 0.4, 0.5 or 0.6 have typically been employed – in this study, 0.4 exclusively.  Note 
that the Single Reflection Lateral Fraction (sLF) is not the same as an ISO 3382 Lateral Fraction (LF) 
[10].  sLF values correlate reasonably well with LFs up to about 0.35 but above that they tend to be 
higher. 

 
Depending on the setting of Ggoal in Equation (5) the G Fitness Function could also go negative 

but this seldom happens.  Especially when the targeted point procedure described Section 3 is used.  
With the targeting procedure, Ggoal is almost always set to 0.0.  It can be adjusted if need be. 

 
It's unlikely that the dMean Fitness level will ever reach zero.  Referring to Equation (2), that can 

only happen when the distance to the nearest neighbour grid node (dNN) is zero for each reflection.  
That means every reflection in the entire field would have to land on top of one of the receiver grid 
nodes – a highly unlikely scenario. 
  



 

 

6. EPSILON CONSTRAINT SEARCHES 
One of the problems with optimisation, be it single objective or multi-objective optimisation, is 

that we don’t know the range or domain of the possible solutions beforehand.  Figure 4 shows a 
hypothetical case, with the zone of possible solutions indicated by the hatched area.  Inside that zone 
will be all the feasible reflector design solutions as quantified by their sLF and dMean Fitnesses.  
Outside the hatched area, it is not possible to satisfy both fitnesses at the same time.  The curve drawn 
at lower left hand edge of the hatching represents the minimum (i.e. non-dominated) solutions for the 
sLF and dMean Fitnesses of that hatched area.  In our optimisation exercises, we want to minimise 
both the sLF and dMean Fitnesses, so this is the curve we should be aiming for.  It is known as the 
Pareto Front.  The problem is we don’t know where that curve is beforehand.  Or, for that matter, 
the size, shape and location of the entire feasible (i.e. hatched) search space itself. 

 
One way to learn more about the search space is to employ the so-called Epsilon Constraint Method 

[11].  The e-constraint method is something akin to taking a partial derivative.  You operate on one 
parameter whilst holding the other parameter constant.  In the case demonstrated in Figure 5, the sLF 
objective is first held constant at a value sLF1 then you “drive” the Genetic Algorithm to find the 
minimum dMean value.  That is to say, the minimum dMean value that can be achieved when sLF = 
sLF1.  Then the fixed sLF value is decreased by e, (sLF2 = sLF1 - e) and the procedure is repeated.  
After you have found the dMean minima for the full range of fixed sLF values, you turn the procedure 
around, holding dMean constant at values of (dMeanx - e) to find the sLF minima.  

 
Figure 5 shows the results for the initial Pareto Front search using Equations (2) and (3) on the 

geometry described in Figure 1.  This initial search was done using decremental steps of e = 0.2.  
Figure 5 can be interpreted as follows.  Moving from right to left, the “d” data points are the minimum 
dMean Fitnesses achieved for the given fixed values of the sLF Fitness.  Notice how they line up at 
e intervals of 0.2.  At least when they start out at (fixed) sLF = 1.0.  This particular e-constraint 
search was performed with a population of 10 so there is a possibility of 10 solutions per e decrement.  
In reality, however, some of the solutions will be overlapped.  As the search moves from right to left, 
somewhere below sLF = 0.6, the “d” data points no longer line up along the e interval lines, suggesting 
that they are approaching the actual Pareto Front.  Reading from the top of Figure 5 down, one sees 
the same behaviour, clumps of “s” data points at e = 0.2 decrements and then a dispersion as the search 
approaches the actual Pareto Front. 

 
Examination of Figure 5 suggests that our unknown Pareto Front might be somewhere in the range 

between 0.30 and 0.70.  A finer resolution search was carried out in this region, this time with e 
intervals of 0.02.  The results are shown in Figure 6.  The rough hand drawn curve on Figure 6 
indicates an approximation of where our unknown Pareto Front might be.  Above and to the right of 
the curve, heading towards the point (1.0, 1.0), is the zone of possible solutions.  The real world 
example of the hatched zone in the hypothetical case shown in Figure 4.  As we go through our 

 
 

Figure 3 Fitness Function explanation. Figure 4 Pareto Front explanation. 
 



 

 

optimisations, this is now the domain that we expect work in.  

7. RESULTS & CONCLUSION 
Having defined our Fitness Functions and established their boundaries, we shall now apply them 

to the geometry shown in Figure 1.  A fan-shaped floor plan with an array of ceiling reflectors above 
it.  Previous studies, [3] to [5], have attempted to optimise reflector design based on the two 
objectives: sLF Fitness and dMean Fitness.  We shall now study two more alternatives: optimisation 
based on the two objective scenario G/dMean Fitnesses and the three objective problem using the sLF, 
G and dMean Fitnesses.  Partial results are shown Figure 7. 

Each frame in Figure 7 incudes a curve indicating the Pareto Front.  The curves in the left hand 
column come from the front derived in Section 6 and shown in Figure 6.  It is the sLF/dMean Fitness 
Pareto Front found when Equations (2) and (3) are applied to the geometry shown in Figure 1.  The 
curves in the right column come from a similar exercise using Equations (2) and (5), and are the 
G/dMean Fitness Pareto Fronts.  The three sets of optimisations are presented in rows.  The top row 
shows an sLF/dMean optimisation, the middle row a G/dMean optimisation and the bottom row a 
three objective sLF/G/dMean optimisation.  In several cases, there are solutions that are below (i.e. 
better than) the Pareto Fronts just described.  This is because the Pareto Front searches were done on 
a population of 10 over 10 generations of optimising.  The solutions shown in Figure 7 are from a 
population of 25 optimised over 25 generations.  

Scanning down the left hand column of Figure 7, we can see in the middle row that sLF Fitnesses 
are compromised when a G/dMean optimisation is performed.  That compromise is mitigated 
somewhat, however, when the 3 objective sLF/G/dMean optimisation [2] is performed in the third 
row.  Scanning down the right hand column, it can be seen that the introduction of the third Fitness 
Function appears to have little effect on the optimisations insofar as the G Fitness is concerned.  
There are a few possible explanations that might be posited. 

All three Fitness Functions might not be changing significantly because the Genetic Algorithm’s 
(GA) population was small and the number of optimisation generations limited.  The results shown 
in Figure 7 come from a population of 25 optimised over 25 generations.  For GA’s with faster 
calculation times in their Decision Space, these numbers are often in the 100s or 1,000s. 

Another reason why the introduction of a new Fitness Function dealing specifically with G might 
not demonstrate a larger influence might be because the original two objective optimisation 
(sLF/dMean), in combination with the Target Aiming procedure, is already doing the job.  The G 
Fitness Function might be useful if some of the reflectors were directing sound away from the receiver 
surface.  But the Target Aiming procedure is already taking care of that.  It has ensured that all of 

  
Figure 5. Epsilon Constraint Search. Search 

range from 0.0 to 1.0, e = 0.20.  “d” indicates the 
moving dMean points while sLF values are fixed. 
“s” indicates the sLF values while dMean values 

are fixed. 

Figure 6.  Same as Figure 5.  Search range from 
0.3 to 0.7, e = 0.02.  The thick solid curve 

indicates the estimated Pareto Front.. 

 



 

 

the reflectors are directing sound 
towards the receiver surface.  
Once all the reflectors are 
pointing towards the receiving 
surface, the G Fitness Function 
might be expected to improve G, 
or more specifically, to even out 
the distribution of G.  But here 
again, the sLF Fitness might 
already be doing that by 
encouraging, as it does, the sound 
to arrive from lower angles of 
incidence.  As mentioned, 
Jurkiewicz et al. [8] have 
established that this will lead to a 
more efficient distribution of 
energy from flat reflectors, i.e. a 
more uniform distribution of G 
levels.  

This suggests the conclusion, 
albeit a preliminary one, that the 
G Fitness Function may be 
redundant.  If this is the case, 
expensive computer time could 
be saved and both the GA 
population and the number of 
optimisation generations could 
be increased.  Further study will 
be required to confirm this. 
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ABSTRACT
Realistic acoustics for virtual environments – such as computer games and mixed reality – is essential to
achieve an immersive user experience and is getting more attention these years. Numerical methods have
traditionally been used for calculating the sound propagation off-line; however, when solving for moving
sources, these methods quickly get intractable both from a calculation time and storage viewpoint. Therefore,
we propose a novel approach, where the wave equation operators (contrary to functions) are learned for
arbitrary source inputs. The DeepONet architecture is used, as it is a general framework having already
demonstrated its capability to approximate operators in other applications. As a result, an efficient surrogate
model handling impedance boundaries in 1-D is learned. We present results of a model showing errors below
2%, executes in milliseconds and can be trained in less than 5 minutes, leaving optimistic expectations for
extending the method to more complex 3-D scenes.

Keywords: Virtual acoustics, Scientific machine learning, Operator learning, DeepONet

1 INTRODUCTION
In interactive virtual environments, such as computer games and mixed reality, realistic acoustics are getting
more and more attention due to the importance of providing an immersive user experience. Traditional
numerical methods, such as finite element methods (FEM) [1], spectral element methods (SEM) [2], DG-
FEM [3] and finite-difference time-domain methods (FDTD) [4, 5], are typically used for solving the wave
equation, calculating the impulse responses (IRs) for each source positions in a grid. However, the calculation
time and storage requirement quickly get intractable when having many sources and receivers. Moreover,
interpolation methods are typically used to account for moving sources and receivers due to the pre-calculated
IRs on a fixed and static grid. This challenge has motived increased research on reduced order methods
[6, 7], but still cannot meet the runtime requirement for real-time experiences. When concerned with solving
parametric PDEs – such as solving the wave equation with moving sources – it is required to learn the
solution operators mapping variable input to the corresponding latent solutions of the underlying PDEs. This
is contrary to learning function approximation, which is by far the most used approach.

In this paper, we propose to use a deep learning approach for a surrogate model that can be executed
very efficiently at runtime (in the range of ms). We will apply a novel approach where the operators of
the wave equation are approximated using DeepONet [8]. DeepONet provides a simple architecture that is
fast to train, utilizing data from high-fidelity simulations, and allows for continuous target outputs predicting
source/receiver pairs in a grid-less domain. This is a paradigm shift from current and established machine
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learning techniques focusing on function approximation. From data describing sound propagation, the aim
is to learn the operators of the underlying wave equation while considering impedance boundaries. The
resulting surrogate model should then 1) generalize outside the range of application described by the data
used in training (e.g., w.r.t. source positions), 2) be fast to train in reasonable practical time, 3) produce
sufficiently accurate predictions for intended applications, and 4) can execute in real-time.

In the following, we will first go through the governing equations for our problem, including a brief
treatment of the impedance boundary conditions of interest; then the DeepONet and the setup for the acoustic
wave equation data are introduced; then the results are discussed, followed by the conclusion.

2 METHODS
2.1 Governing equations
The acoustic wave equation for which a surrogate model is to be learned is given as

∂ 2 p(x, t)
∂ t2 − c2 ∂ 2 p(x, t)

∂x2 = 0, t ∈ R+, x ∈ R. (1)

where p is the pressure (Pa), t is the time (s) and c is the speed of sound in air (m/s). The initial conditions
(ICs) are satisfied by using a Gaussian source for the pressure part and setting the velocity equal to zero

p(x, t = 0,x0) = exp

[
−
(

x− x0

σ0

)2
]
,

∂ p(x, t = 0,x0)

∂ t
= 0, (2)

with σ0 being the width parameter of the pulse determining the frequencies to span (the smaller the signa0,
the larger the freq span is).

We consider impedance boundaries and denote the boundary domain as Γ (in 1D, the left and right
endpoints). We will omit the source position x0 in the following.

Frequency-independent impedance boundaries, the acoustic properties of a wall can be described by its
surface impedance[9] Zs =

p
vn

where vn is the normal component of the velocity at the same location on the

wall surface. Combining the surface impedance with the pressure term ∂ p
∂n = −ρ0

∂vn
∂ t of the linear coupled

wave equation yields
∂ p
∂ t

=−cξ
∂ p
∂n

, (3)

where ξ = Zs/(ρ0c) is the normalized surface impedance and ρ0 denotes the air density (kg/m3). Note that
perfectly reflecting boundaries can be obtained by letting ξ → ∞ being the Neumann boundary formulation.

For frequency-dependent impedance boundaries, the wall impedance can be written as a rational function
in terms of the admittance Y = 1/Zs and rewritten by using partial fraction decomposition in the last equation
[10]

Y (ω) =
a0 + . . .+aN(−iω)N

1+ . . .+bN(−iω)N = Y∞ +
Q−1

∑
k=0

Ak

λk − iω
+

S−1

∑
k=0

(
Bk + iCk

αk + iβk − iω
+

Bk − iCk

αk − iβk − iω

)
, (4)

where a,b are real coefficients, i =
√
−1 being the complex number, Q is the number of real poles λk, S

is the number of complex conjugate pole pairs αk ± jβk, and Y∞, Ak, Bk and Ck are numerical coefficients.
Since we are concerned with the (time-domain) wave equation, the inverse Fourier transform is applied on
the admittance and on the partial fraction decomposition term in Equation 4. Combining these gives [10]

vn(t) = Y∞ p(t)+
Q−1

∑
k=0

Akφk(t)+
S−1

∑
k=0

2
[
Bkψ

(0)
k (t)+Ckψ

(1)
k (t)

]
. (5)

The functions φk, ψ
(0)
k , and ψ

(1)
k are the so-called accumulators determined by the following set of ordinary

differential equations (ODEs) referred to as auxiliary differential equations (ADEs)

dφk

dt
+λkφk = p,

dψ
(0)
k

dt
+αkψ

(0)
k +βkψ

(1)
k = p,

dψ
(1)
k

dt
+αkψ

(1)
k −βkψ

(0)
k = 0. (6)



The boundary conditions can then be formulated by inserting the velocity vn calculated in Equation 5 into
the pressure term of the linear coupled wave equation ∂ p

∂n =−ρ0
∂vn
∂ t .

2.2 Deep operator network (DeepONet)
DeepONet [8] is a general deep learning framework for approximating continuous operators contrary to con-
tinuous functions. The underlying theory stems from the universal operator approximation theorem by Chen
and Chen [11], stating that a neural nework (NN) with a single hidden layer can approximate any non-
linear continuous functional or operator. Let G be the operator we want to learn using NNs, defined as
G : u 7→ G(u), where u is the input function to G and G(u) is the output function. For any point y in the do-
main of G(u), G(u)(y) ∈R is producing a real number. Translating this into a NN setting, the network takes
two inputs u and y, and outputs G(u)(y). In practice, the input function can be discretized by evaluating u
at a finite number of points {xi} called ‘sensors’. The approximation theorem by Chen and Chen considers
shallow networks and only guarantees small approximation errors but does not consider generalization and
optimization errors. In [8], the authors extended the original theorem by proposing deep neural networks
instead of shallow networks and proved that the network is also universal approximators for operators. The
proposed deep operator network, DeepONet, achieves small total errors, including approximation, optimiza-
tion, and generalization errors. The DeepONet architecture consists of two subnetworks, the ‘branch net’
for the input functions and the ‘trunc net’ for the locations to evaluate the output function G(u). The trunc
network takes y as input and outputs [T1,T2, . . . ,Tp] ∈ Rp; the branch network takes [u(x1),u(x2), . . . ,u(xm)]

T

at fixed sensors {x1,x2, . . . ,xm} and outputs a scalar Bk ∈ R for k = 1,2, . . . , p. By merging the trunc and
branch in terms of their inner product, we get

G(u)(y)≈
p

∑
k=1

Bk (u(x1),u(x2), . . . ,u(xm))︸ ︷︷ ︸
branch

Tk(y)︸ ︷︷ ︸
trunc

(7)

The proposed architecture generalizes well, and the aim is to discover the operator G as NNs, which can
make meaningful inferences to unseen data.

2.3 Setup
Jax 0.3.15 [12] and Python 3.9 have been used for all experiments. The DeepONet architecture for the acous-
tical problem described in subsection 2.1 is depicted in Figure 1. The input function for the branch network
is some source function (described later), implicitly taking the source position(s) into account. The input to
the trunc network is the spatial and temporal coordinates x and t. Moreover, feature extraction in terms of
cosine and sine transformations of the coordinate inputs are done to improve the learning capacity of the
network as y = [x, t,cos2π f1x,sin2π f1x,cos2π f1t,sin2π f1t], where f1 is the frequency content of the feature
extension to be chosen in the range of the frequency span of the signal. Hence, for fixed boundary condi-
tions, the impulse response at the receiver position x for time {t1, t2, . . . , tN} given a source signal u can be
predicted at runtime. The input function has been discretized at m = 100 sensor locations u = [x1,x2, . . . ,xm]
and y = (x, t) are random locations in the domain for evaluating the mapping from the input function u to
the pressure values at the given locations.

For training the NN, Gaussian random fields (GRFs) with zero-mean are used as function space

u ∽ G (0,kl(x1,x2)), (8)

where the covariance kernel kl(x1,x2)= exp(−∥x1−x2∥2/(2l2)) is the radial-basis function kernel with length-
scale parameter l determining the smoothness of the sampled functions. A larger l leads to smoother u, and
in this work, l = 0.3 has been used, spanning frequencies up to roughly 1000 Hz.

The data are generated using a fourth-order Jacobi polynomial spectral element method (SEM) solver.
The grid was discretized using using 20 points per wavelength spanning frequencies up to 1000 Hz with
an average grid resolution of ∆x = 0.017 m, and the time step was ∆t = CFL×∆x/c where the Courant-
Friedrichs-Lewy constant is CFL = 1.0 and CFL = 0.1 for frequency-independent and dependent impedance
boundaries, respectively. We have generated 500 GRFs samples for the training data for initial conditions,
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Figure 1. DeepONet architecture with parameterized source position for predicting the impulse response for
a source/receiver pair over time.

whereas the Gaussian source functions from Equation 2 are used for testing data. Assuming the GRFs used
for training span the whole domain and that the NN has learned the operators, the Gaussian impulse function
space is a subset of this domain, and hence the NN should be able to generalize well for moving sources.

For training, a single mini-batch for each iteration/epoch is compiled by randomly sampling N = 64
input GRF functions {u(i)}N

i=1 for the branch net and randomly sampling P = 80 coordinate pairs {y(i) =
(xi, ti)}P

i=1 ∈ RD for the trunc net for each input function. Note then, that the training set batch dimensions
u, y, G(u)(y) are (N ×P,m), (N ×P,D), (N ×P,1), respectively. The speed of sound is normalized to 1 m/s
to ensure same spatial and temporal resolution, resulting in the effective normalized frequency f = fphys/cphys.

The branch and trunc network consists of four hidden layers with 256 neurons, each applying the sine
activation function for all layers. The network is trained using the ADAM optimizer and the mean-square
error calculating the loss. The training was done with a learning rate of 1e − 3 with exponential decay
running for 80,000 iterations on a high-performance GPU cluster taking less than 5 minutes.

3 Results
The setup here is similar to the experiments done for the physics-informed neural network approach from
[13]. Frequency-independent and dependent boundary conditions with parametric moving sources at five
equidistant positions x0 = [0.30,0.15,0.0,0.15,0.30] m are tested. The Gaussian impulse (2) is used as input
function to the branch net with σ0 = 0.22 spanning frequencies up to fphys = 1000 Hz. The physical speed
of sound is cphys = 343 m/s, and air density ρ0 = 1.2 kg/m3. For the feature extraction inputs, f1 = f/4 has
been used. The reference and predicted sound fields are shown in Figure 2a and Figure 2b for frequency-
independent and dependent impedance boundaries, respectively. The wave field and impulse response at
the receiver positions are shown for the source/receiver pairs s0 = (−0.3,0.64) m, s1 = (−0.15,0.58) m,
s2 = (0.0,0.5) m, s3 = (0.15,−0.58) m, and s4 = (0.3,−0.66) m. For frequency-independent boundaries,
the normalized impedance is ξ = 5.83, whereas for the frequency-dependent boundaries are modeled as a
porous material mounted on a rigid backing with thickness dmat = 0.10 m with an airflow resistivity of
σmat,phys = 8,000 Nsm−4. The surface impedance Y of this material is estimated using Miki’s model [14]
and mapped to a two-pole rational function in the form of Equation 4 with Q = 2 and S = 1 using a vector
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(a) Frequency-independent boundaries with normalized impedance ξ = 5.83
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(b) Frequency-dependent boundaries for dmat = 0.10 m with an air flow resistivity of σmat,phys = 8,000 Nsm−4.

Figure 2. Surrogate model for predicting the wave propagation for parameterized moving sources in a [−1,1]
domain spanning frequencies up to f = 1000 Hz for (a) frequency-independent, and (b) frequency-dependent
impedance boundaries.



Table 1. Time domain errors for source/receiver pairs (x0,x) measured in meters in what follows at posi-
tions s0 = (−0.3,0.64), s1 = (−0.15,0.58), s2 = (0.0,0.5), s3 = (0.15,−0.58), s4 = (0.3,−0.66). µrel(x,x0) =
1
N ∑

N−1
i=0

|p̂(x,t i,x0)−p(x,t i,x0)|
p(x,t i,x0)

is the relative mean error over time within −60dB range and ∞abs(x,x0) =

max{|p̂(x, t i,x0)− p(x, t i,x0)| : i = 0 . . .N − 1} Pa is the maximum absolute error for source/receiver pair
si.

s0 s1 s2 s3 s4

µrel ∞abs µrel ∞abs µrel ∞abs µrel ∞abs µrel ∞abs

Freq. indep. 1.7% 0.007 1.9% 0.005 0.7% 0.003 1.7% 0.004 1.9% 0.008

Freq. dep. 0.9% 0.008 0.9% 0.005 0.6% 0.004 0.7% 0.004 0.9% 0.007

fitting algorithm [15] yielding the coefficients for Equation 5. The relative errors are below 2%, and the
absolute errors are below 0.008 Pa, indicating that no outliers are present. The results are summarized in
Table 1 supporting the good agreement between the reference and prediction from the figure.

4 CONCLUSIONS
A novel method is presented for predicting the sound field in 1D for impedance boundaries and parameter-
ized moving sources by learning the operators for the wave equation using DeepONet. The learned compact
surrogate model can be executed efficiently at runtime, took less than 5 minutes to train, and showed relative
errors below 2%. These findings are promising, with the potential to overcome current numerical meth-
ods’ limitations to modeling flexible scenes, such as moving sources. In ongoing work, the model is to be
extended to 3D.
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ABSTRACT 

Designs that do not provide good projection and support for all areas of the stage result in an imbalance of 

the orchestral sound or noticeable variations depending on where the performer stands. Several years ago, 

the author presented on the importance of whole stage imaging. In this paper, we focus on how a design can 

be assessed for its capacity to support all sections of the orchestra on stage, from the point of view of the 

listener. Most simulation packages start with the source definition in a 3-dimensional space. We suggest that 

the whole stage imaging requires the analysis to be carried out from the listener’s point of view. The paper 

first explores ways by which the whole-stage imaging can be represented, introducing a new visual tool that 

carries out the analysis for all possible source positions in real-time at once. We then present a deterministic 

(but tedious) approach to quantify the results. Finally, the same analysis is carried out using different 

machine-learning processes that attempts at quantifying the whole-stage imaging and inform, in a visual way, 

the imbalance between orchestra sections while facilitating communication with the project architects. 

 

Keywords: Performing Arts, Ray-Tracing, Whole-Stage, Machine Learning 

1. INTRODUCTION 

When the Concertgebouw opened in 1888 one of the criticisms to this new acoustics was tha t the 

brass instruments overpowered the violins (1, 2). It was not until the conductor Joseph Willem 

Mengelberg took control of the orchestra’s musical direction that a solution to this issue appeared, not 

architecturally but through the interpretation of the music. This anecdote does demonstrate the impact 

conductors and orchestras have on the audience experience; acoustics included.  

However, not all halls can birth an interpretation revolution. Indeed, not all concerts are played by 

both resident orchestra and conductor with ample time to rehearse and explore in front of a faithful 

audience. Not all pieces of music are easily adaptable, nor are orchestra and stages always able to test 

new orchestral layouts for each hall of a long tour.  

Instead, it may be beneficial to consider the orchestral balance, as heard by the audience, as a 

respectable goal for the acoustic design of concert halls (3). Many would agree it needs consideration 

but do not report or quantify it. It is assumed to be part of the design elements left to “experience” 

and “know-how”. Acoustic briefs do not include requirements such as “The acoustic design of the hall 

should demonstrate equal provisions for all areas of the stage and sections in the orchestra ”. One of 

the reasons might be that it is highly related to the artistic direction of the orchestra, the aspirations 

for the venues and preferences of a conductor, of the moment. Another reason is simply that there is 

no parameter to quantify such quality.  

With the recent increase in computer modelling and its wide adoption by architects and 

acousticians during the early stages of the design process, the author has developed ways to 

qualitatively (and visually) assess whether the hall provides reflections for all musicians on the stage. 

This could be considered enough and has indeed been found most useful. Indeed, a lot of recent 

acoustic design tools tend to emphasis the visualization of acoustic effects and qualities and pay less 

importance to the quantifications of these effects. What may help is to quantify such quality in a 

manner that is representative of the real acoustic effects.  

This paper does not present a robust method, subjectively tested for correlation with concert halls 

general ratings. This is only a summary of work-in-progress toward quantifying such qualities and our 
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attempt at providing an engineering base to support design work otherwise left unjustified.  

Once of the difficulty encountered that called for the introduction of Machine Learning is th e 

identification of the orchestral sections once the numerical analysis is carried out. With its ability to 

correlate input and output data and classify these, Machine Learning has the potential to assist with 

the translation from “raw data” to stage areas, orchestral sections and instruments that will link the 

real-time ray-tracing analysis data to potential acoustic experiences. 

2. WHOLE STAGE IMAGING 

2.1 Principle 

The source imaging principle is clearly understood in the context of concert hall design. It relates 

to the generation of sound reflections, beneficial to the audience acoustic experience, from the sound 

emitted on the stage by a point source. Orchestras are not point sources but distributed sources over 

the stage floor, each with its own directivity and emitted spectrum.  

The whole stage imaging principle is similar at the exception that the source is not a point but the 

whole stage area. The assumption is that a good acoustic balance and sound strength is achieved when 

the hall provides reflections for all instruments on the stage, not just those 2 to 3 point -sources used 

for simplicity and convenience during the acoustic design phase, including the simulations (3), and 

ultimately commissioning measurements (4). 

2.2 Limitations in current practices 

The acoustic community has greatly benefited from the expansion and continuous improvements 

of acoustic simulation packages such as ODEON, CATT, EASE and others. These 3D packages take 

into consideration many of the hall architectural and acoustic details to estimate many relevant 

acoustic parameters, along with generating simulated impulse responses for further use. Yet, all of 

them rely on deterministic point source and receiver positions, a very convenient approach that 

matches the standardized measurement practice during the acoustic commissioning.  

However, to estimate whether the design provides, to a given receiver, a whole stage image 

(reflections of the sound emitted from all positions on the stage), one needs to repeat the simulation 

for as many point source positions as there are musicians on the stage, or at least a representative 

sample of them. 

2.3 First considerations 

The problem always starts with a stage floor and an orchestra on the stage. The stage can include 

the stage risers or not, and the orchestra should be as large as can be envisaged for the specific concert 

hall. This is to ensure that all the useable stage floor area is considered. 

Each instrument is assigned a color in accordance with the position on the stage of the instrument 

section. This permits a quick identification of the stage areas that are not appropriately served by the 

sound reflecting surfaces. In this case, the same color can be repeated if the “section geometries” are 

distinguishable one from another, as shown in Figure 1.  

 

Figure 1 – Color coded orchestra according to location on the stage 

It is evident from Figure 1 that one can visualize how many of these instruments would be reflected 



 

 

by the side stage walls, simply by using most standards ray-tracing render engines (herein in 

Rhinoceros 3D). Below is the illustration of the view from a given listening position in the stalls with 

and without image sources of this orchestra. 

 

Figure 2 - Raytraced 3D model as seen in most modelling package with the rendered image sources of the 

whole orchestra. View from side elevated (left) and for view from stalls level (right). 

In the image, it can clearly be seen that only the 1st order image sources of the stage are shown. 

This is due to the convex curved side walls of the stage. Should the stage walls be straight and less 

splayed, one could clearly see the secondary image sources from more elevated listener positions. 

The benefits of the semi-circular risers on the stage are evident in the display of the double basses 

and violins 1st order reflection on the walls on their respective opposite side of the stage. Such 

reflections would not be possible on a flat floor stage where it would be obstructed by the other 

musicians.  

When more surfaces are involved, it become apparent that the number of reflections, and the size 

of the image source will play a key role in assessing whether the whole stage imag ing is efficient. 

2.4 Reflector curvature 

Convex and concave surfaces have different effects (diffusing and focusing, respectively) that 

result in distorted whole stage images. In the case of concave reflectors, the size of the whole stage 

image tends to be much larger than the source itself. In a way, the visualization highlights the risk of 

image shift associated with the increased energy generated by the focusing effect (Figure 3). Of course, 

as the reflector elevation increases, the focus point moves further and more of the stage image is 

visible, leading to a diffusing effect. 

 

  

Figure 3 - Illustrations of the whole stage imaging for a flat reflector (left) compared to that of concave 

reflector (right) 

Convex reflectors will tend to distort the whole stage image, and in most case, a particular area of 

the stage corresponding to the reflection path closest to a specular reflection would be larger than on 

a flat reflector while the rest of the orchestra seems “pressed” on the edges and “thrown further away”, 

as expected. Such representation clearly shows there is a limit in the desirable concavity of a reflector 

beyond which it simply acts as a diffuser for instruments located in other areas away from the specular 

path. Figure 4 shows qualitatively that the reflections from the upstage left section would be much 

weaker than those from the 1st violins. 

  



 

 

  

Figure 4 - Illustrations of the whole stage imaging for a flat reflector (left) compared to that of convex 

reflector (right) 

Second order reflections can also be used to provide whole stage image as illustrated in the Figure 

5. The actual reflections shown combines the 2nd order reflections starting with the wall and those 

starting with the balcony soffit. Such visualization in the 3D architectural software a real-time 

optimization of the cornices without running multiple iterative ray-tracing in a time-consuming 

acoustic software. Figure 5 shows the diffusing effect of curvature in the soffit.  

  

Figure 5 - Illustrations of the stage imaging for flat cornice reflections (left) and with curved convex 

balcony soffit (right) 

Figure 5 (left) shows that the right-angle cornices of flat surfaces do provide clear and even (little 

distortion) image sources of only part of the orchestra. Figure 5 (right) shows that with some curvature 

(albeit exaggerated for illustration), the 2nd order reflections provide a non-uniform whole stage image. 

The high degree of distortion in the whole stage image implies that the reflections are less energetic 

for some orchestra sections than others, as their images are further and smaller.  

Indeed, the whole stage image provides indication of the effectiveness of the reflector based on the 

dimensions of the stage image in the reflector. This is illustrated below with an over-stage canopy 

reflector set at 11m above the stage (left) and at 9m above the stage (right). The dimensions of the 

stage image appear to be directly related to the increase energy reflected by the lower canopy.  

  

Figure 6 - Illustrations of the stage imaging for an over-stage reflector at 11m above stage level (left) and at 

9m above the stage (right) 



 

 

Finally, when considering a complete room, one may identify the many potential 1 st and 2nd order 

reflections contained in a simple geometry, involving surfaces that may not have been considered 

initially by the acoustician. This tool might be useful when assessing the potential real -estate available 

in a progressing design to serve a specific audience area. This is illustrated in Figure 7 below.  

 

Figure 7 – Whole-stage imaging method applied to a complete room. Model prior to ray-tracing (left) and 

model showing all 1st and 2nd order reflections for the orchestra and the organ (right). 

3. DETERMINISTIC ATTEMPT 

3.1 Calibration: Base value – no reflector, no room 

To eliminate the misleading effect associated with the orchestra itself, the sizes of the different 

instrument sections and the distribution of these sections on the stage, it is suggested that the 

parameter be normalized to a situation where the given orchestra is on the stage, the receiver in its 

position but without any acoustic contribution from the room. In a similar way to the measurement of 

the source strength (G) that is normalized to the source in free field conditions, as shown in Figure 1. 

3.2 Situations analyzed 

Three images are first created with the same camera viewpoint: one with the orchestra on the stage 

and no reflector, one with the over-stage reflector and one with the over-stage reflector and side stage 

walls. The reflectors being assigned to a particular layer, a Python script in Grasshopper can render  

both images at once, up to 25 passes for near real-time analysis or 500 passes for post-processing.  

 

Figure 8 – Two configurations analyzed: (left) stage alone, (right) with over-stage reflector  

  



 

 

3.3 First deterministic attempt at quantification 

The deterministic whole-stage image analysis resulted in very different spectra for the different 

situations tested. Figure 9 is an example of colorimetry analysis (here using the additive RGB color 

model [5]) for the orchestra on stage without over-stage reflector from Figure 8 (left) and with the 

canopy at 11m shown in Figure 8 (center). 

The number of color variable is high even though not all are present in the input data orchestra 

from Figure 8 (left). This requires simplification using the nearest ‘input color’ and using the author 

own subjective assessment to connect the set of input colors on the stage to the set of output colors. 

There are many possible ambiguities and the interpretation of the spectra in Figure 9 seems, at least 

to the author, to rely excessively on subjective judgement to lead to a meaningful parameter. 

The reason for this increase of complexity is believed to result from shadow effects introduced in 

the rendering and the limited resolution available for the rendered image itself. This leads invariably 

to blurred boundaries between different colors. Such effect is believed to be exacerbated by the 

complex 3D model used for the orchestra. Indeed, with musician bodies and instruments geometries 

represented on stage, there is a significant increase of shadows and “ambiguous pixels”. 

 

Figure 9 - Extract of the colorimetry analysis of the effect of the over-stage canopy reflector  

We also note that the spectrum is not a true spectrum and includes colors generated from multiple 

single tones. The spectrum of colors provided by the RGB model is in this case not ideal. Indeed, one 

cannot attribute a single wavelength to a specific RGB color. There is in fact an infinity of light 

wavelength combinations leading to the same RGB code (6). The solution is thus not “unique”. For 

example, the color grey results in three nearly identical peaks for red, green, and blue. It does not 

have a single wavelength but three, making the assessment difficult as these peaks will add to t he 

peaks associated with red, blue, and green orchestra sections. There is consequently too much “noise” 

in the spectrum. Consequently, the difference between the two scenarios cannot readily be identified 

from the spectrum in a deterministic way. 

3.4 Second deterministic attempt at quantification 

The second attempt aimed at simplifying the problem at hand by:  

• Reducing the complexity of the orchestra 3D model to minimize shadows.  

• Reducing the number of zones on the stage to limit our analysis to the use of primary colors 

with clear and identifiable components. 

• Use the HSV color model that leads to a better correlation between the Hue and a light 

wavelength (albeit not in a rigorous manner).  

 

Figure 10 – Two configurations analyzed: (left) stage alone, (right) with over-stage reflector  

Nearest Color

Color HEX CODE Basic Colour RED GREEN BLUE Representation

#050300 Black 5 3 0 54.0%

#555555 Grey 85 85 85 16.7%

#b15123 Orange 177 81 35 6.6%

#3559a7 Blue 53 89 167 6.1%

#9a1714 Red 154 23 20 5.8%

#769376 Green 118 147 118 5.6%

#b3b3b3 Grey 179 179 179 5.3%

#0f0307 Black 15 3 7 62.6%

#9e1915 Red 158 25 21 7.5%

#759375 Green 117 147 117 7.3%

#4f6ebd Blue 79 110 189 5.8%

#573523 Brown 87 53 35 5.2%

#35412d Green 53 65 45 4.5%

#461745 Violet 70 23 79 3.9%

#a59276 Brown 165 146 118 3.2%

#0e0d09 Black 14 13 9 60.4%

#747474 Grey 116 116 116 10.4%

#9e1915 Red 158 25 21 5.5%

#402619 Brown 64 38 25 5.5%

#355bad Blue 53 91 173 5.4%

#565423 Green 86 84 35 4.9%

#804b81 Violet 128 75 129 4.8%

#d0b047 Brown 208 176 71 2.9%

RGB

N
o
 C

a
n
o
p
y

C
a
n
o
p
y
 a

t 
1
1
m

F
ig

u
re

 6
(a

)

C
a
n
o
p
y
 a

t 
9
m

F
ig

u
re

 6
(b

)



 

 

 

The results provide a more reproducible and stable analysis result as both scenarios return colors 

very close to each other. The experiment seems to make more sense, scientifically speaking. Given 

that the spectra return similar colors, the data for the situation with the over-stage reflector can 

normalized with respect to the situation ‘without canopy’. One then obtains a spectrum of colors that 

represent solely the reflections from the reflector and is able to quantify the effect of its introduction.  

 

 

Figure 11 - Extract of the colorimetry analysis of the effect of the over-stage canopy reflector using reduced 

stage geometry complexity and HSV color model 

 

Figure 12 - Result of colorimetry data analysis on the effect of the over-stage reflector (percentage view) 

The data reported in Figures 11 and 12 clearly shows how the balance of the orchestra can be 

difficult to achieve. One would expect the support for the upstage area (typically percussions) to be 

improved with the introduction of the over-stage reflector. However, in the particular design used for 

this study, the over-stage reflector does support equally the downstage areas (left and right), meaning 

that the balance is not improved between upstage and downstage. However, the introduction of the 

reflector clearly improves the support for the center stage (typically winds and brasses) as their 

contribution to the “early energy” (if it can be assumed to correspond to the quantity of colored pixels) 

is increased from 14% to 21%. 

We note however that if we can accept the 1% contribution for the upstage without any reflector 

from visual inspection of the renders, it is hard to believe this number has not increased at all when 

introducing the over-stage reflector. We believe this is due to subjective clustering of the many 

possible colors listed in the spectrum (Figure 11) into the only 4 input colors. The introduction of 

automated clustering of pixels through Machine Learning techniques may help reducing the “author” 

bias in this part of the analysis. 

Nearest Color

Color Basic Colour H S V Representation

white 3 0 100 88.2%

black 239 13 3 2.4%

grey 101 3 51 2.7%

Red 3 94 48 2.4%

blue 238 93 47 2.4%

yellow 346 10 74 1.3%

green 72 77 70 0.7%

white 60 0 100 77.1%

black 320 0 0 2.4%

grey 1 0 91 10.1%

Red 5 93 52 3.1%

blue 239 90 50 3.0%

yellow 55 75 75 3.0%

green 73 77 71 1.3%

white 3 0 100 76.9%

black 0 0 3 2.4%

grey 80 5 52 8.7%

Red 2 95 63 3.5%

blue 235 96 51 3.4%

yellow 60 84 78 3.4%

green 71 77 69 1.8%
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3.5 Limitations to the deterministic approach 

The above visualization process is simple and has already been used for the design development 

of a couple of theatres. However, getting from Figure 10 to Figure 12 is tedious, biased, and offers no 

real-time interaction. At this stage of the development, the implementation should be limited to the 

use visual ray-tracing to help architects understand the acoustic design concepts. It has great 

communication value but little scientific backing. The rest of the study is an investigation on whether 

Machine Learning can fill this gap.  

4. SELECTING THE MACHINE LEARNING TECHNIQUE 

4.1 Color-based quantification 

To be meaningful, a quantification of the whole stage imaging capacity of a room would need to 

take into consideration influencing factors over which the acoustician has partial or no control. This 

includes for example the relative size of the different instrument sections in the orchestra, the size of 

the stage and possibly, the wide range of sound power and directivities of the instruments on the stage. 

Although the last point is worth further discussion.  

Given the successful visualization of reflection paths via colors for the various orchestra sections, 

the author has focused on whether one could calibrate and quantify the presence of specific 

colors/instrument sections in a more systematic way. In very basic terms, this means that the number 

of points in the image with a specific color (assigned to a given section) in a rendered image such as 

Figure 7 (right) indicates how much a given reflector serves this specific section. It is hypothesized 

that this number increases as the reflector become more efficient. The analysis is conceptually like 

performing the “Fourier Transform” of the colorimetry of the image and to generate a spectrum of the 

visible colors as seen from a specific listener position.  

The spectrum obtained for the orchestra alone ‘without reflector’ can then be used to calibrate the 

effect of the reflector and thus eliminate any variable associated with the size of the orchestra and of 

the instruments. 

The color-based quantification approach is considered adapted to a Machine Learning algorithm 

which either identifies the colors themselves without supervision or is trained on known associations 

of input colors (assigned to orchestra sections) and output colors (identified in the rendered image). 

Although we have tested the trained model, we present herein the results from the unsupervised K-

means method because it appears, in our opinion, least prone to introduce bias.  

4.2 Shape-based quantification 

An alternative approach is to “teach” the algorithm the various shapes of the instruments in 3 -

dimensional spaces and use Machine Learning to recognize these shapes. The shape recognition 

approach is considered more adapted to a machine learning algorithm that could recognize patterns  in 

the rendered image and learn to associate them to an instrument. This algorithm may eventually not 

need calibration to the image without reflector. Indeed, the non-variable architecture of the hall (stage 

and floors in particular) would not be recognized as instrument while the source instruments could 

easily be identified as repeats in all views.  

However, we identified two issues with this approach: 

1. Our tool is for communication first and the instruments shapes imply a specific stage 

configuration for the design to work. The whole point of the tool is to relate the architecture 

to the entire stage area, independently of the orchestra layout. In that sense, we want to 

talk about stage area rather than orchestra section. The relation to an area of the stage may 

be obvious, but the subjective dimension introduced when “counting violins and flutes” 

can confuse and wrongly narrow the validity of the solution.  

2. The instruments have different sizes, shapes and radiating elements that may not relate to 

how a reflector performs from a given listener position. For example, we may not get a 

full piano, double bass or oboe in the reflection but may have enough of it for a positive 

count. Inversely, we may get a portion of the instrument but miss its sound radiating 

element and count this “false positive”. Reducing this uncertainty means representing 

instruments in 3D only with their sound radiating element. There is little point maintaining 

a heavy 3D model of an orchestra if it cannot be recognized as such.  

Consequently, the full rendered 3D model of a full orchestra as input data, very appealing for 

communicating with architects, stakeholders, and clients, should be limited to the early concept stage 



 

 

of the design process. Once quantification is required, we believe a color-based quantification 

approach to be more accurate and easier to implement (smaller data set). Hopefully by then, the 

audience needs less visual cues to follow the acoustician’s arguments.  

4.3 Color-based Implementation 

The first color-based implementation is entirely built in Rhino3D and Grasshopper with the use of 

the LunchBoxML machine learning plugin developed by ProvingGrounds (8). In our case, our number 

of Input color (areas of stage) is 4 corresponding to red (violins zone), blue (cellos, double basses’ 

zone), green (winds and brasses zone) and yellow (percussions zone). The number of generic colors 

is 16 corresponding to the division of Hue wheel or RGB space into equal parts (5).  

We are looking at three different situations: an orchestra on stage without reflector, then with the 

over-stage reflector and finally with the side stage walls added, as illustrated in Figure 13.  

 

Figure 13 – Three configurations analyzed: (left) stage alone, (center) with over-stage reflector, and (right) 

with over-stage reflector and side stage walls 

The process for analysis each of the above images involves the following steps: 

1. The RGB space is divided into 16 different equal subsets corresponding to generic colors 

as shown in Figure 14(a) 

2. The image is loaded into Grasshopper with resolution 1920 x 1080. 

3. The RGB attributes of each pixel are extracted using a Python Script leading to 1920 x 

1080 = 2,073,600 points in the RGB 3-dimensional space, as shown as red dots in Figure 

14(b) below. 

4. The distance between each point and the points corresponding to the 16 generic colors is 

calculated. This identifies the data points corresponding to white (background in image), 

grey/silver (stalls and nonreflective areas) or black (stage floor). These are eliminated from 

the data set. 

5. The reduced dataset as shown in Figure 14(c) becomes input for a K-Means clustering 

algorithm. This process ignores entirely the input colors. It simply groups the many points 

into a set number of clusters in the 3D space. Points that cannot be found to belong to any 

cluster are identified and removed from the data. 

6. The clusters are identified as shown in grayscales in Figure 14(d). The points in each 

cluster can be replaced with the cluster’s centroid as in Figure 14(e). 

7. The centroids can themselves be clustered to match the initial 4 colors used to divide the 

stage as shown in Figure 14(f). 

 

 



 

 

 

Figure 14 – Process for clustering pixels in the RGB space. 

Once one has all the clusters populations and centroids, one can estimate the number of pixels 

corresponding to the reflection of each stage area in the reflectors switched on. A simple count of the 

pixels included in each cluster and mass addition of the counts suffices. Repeating the exercise for 

the three images in Figure 13 allows us to assess the effect of the reflectors. 

 

Figure 15 – Clustering output for (a) no reflector, (b) with over-stage reflector and (c) with over-stage 

reflector and side stage walls (rendered on 500 passes). 

We note that the number of clusters is the same in each image as we had divided the RGB space 

into 16 different equal parts but that their distribution over the 4 main input clusters (red, green, blue 

and yellow) changes as the reflections of the stage areas appear in the rendered images.  The number 

of pixels contained within each of the 16 clusters do change from one image to the next as more pixels 

are involved when there are efficient reflections.  

A similar analysis was carried out with the renderer set on 25 passes that is more suitable for real-

time analysis and with reduced resolution (less than 200,000 pixels) and was found to carry the same 

degree of credibility.  

Counting the pixels for each input color allows us to generate the distribution and evolution of the 

reflection coverage for the whole-stage, as illustrated in Figure 16 below. 



 

 

 

Figure 16 - Result of K-means clustering analysis on the renders on the effects of the over-stage reflector 

and side stage walls (percentage view) 

Our interpretation of Figure 16 is that the results tell the same story as did the deterministic 

approach: the initial dominance of the downstage area (red and blue) in the render without any 

reflector is significantly addressed by the introduction of the stage reflector. We didn’t need machine 

learning to reach this conclusion, yet it is comforting that the study leads to the same conclusion. 

The relative proportion of the stage areas appear to be in line with the listener position (slightly 

downstage-left looking toward center stage) and proximity of downstage-left. Then the introduction 

of the stage side walls has consequently favored the downstage right more, with strong 1 st order 

reflections on the walls and 2nd order reflections with the over-stage reflector. Whereas the upstage is 

significantly supported by the side and rear walls. The orchestral balance seems then in favor of the 

strings section as one would expect looking at the render. 

5. CONCLUSIONS 

The author shares a graphical approach to quantify how a given room design promotes early 

reflections of the sound emitted by all orchestra sections on the stage (whole-stage imaging principle). 

The method was purposely developed within a commonly used 3D architectural package to provide 

real-time control, analysis, and optimization. The algorithm is simple, visually accessible to architects 

and clients and explicit enough to support recommendations.  The example of an over-stage reflector 

has been provided and preliminary results are openly discussed. It was found that Machine Learning 

allows a more systematic and less bias analysis of the ray-tracing outcome and that, at first glance, 

looks promising enough for communication purposes.  

Whether the proposed method can relate to the traditional acoustic quantities (i.e. differences of 

predicted C80, G and Gearly for different listener positions) remains to be tested. The purpose of the 

work was to remain within the architectural design environment and, as a challenge, stick to the visual 

realm familiar to the architect to derive acoustically useful data. It is the author’s opinion that the goal 

has been achieved.  

After significant time invested in the implementation of Machine Learning algorithms, the author 

remains to be convinced about the benefit in this application. It might be that Machine Learning might 

be more suitable for the next stage of development where we test designs over many listener positions 

in the search for an optimized geometry that provides acceptable orchestral balance to most listeners.  

Then the next step will be to interrogate on the importance of orchestral balance and should it be 

for a given project. The author hypothesizes then that machine learning, in its unbiased wisdom, may 

be useful. 
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ABSTRACT 
A number of computer-aided optimisation routines have been developed to improve the performance of 
individual acoustic reflectors and reflector arrays.  So far the quantification of the optimisation has been 
based only on the performance of individual reflectors or the arrays.  In this study, the performance of 
optimised reflector arrays has been tested in a computer model of a problematic fan-shaped theatre.  The 
room is a wide, 170° fan-shaped Shakespearean thrust stage theatre.  Measurements in the existing space 
have documented low 50 ms Distinctness (D50), which agrees with the subjective assessment of the room as 
having poor Speech Intelligibility.  The computer model was first calibrated to the in-situ measurements 
with the existing room’s geometry then the optimised ceiling and wall panels were introduced.  Results 
suggest improvements for speech intelligibility in the (computer model) room.  The computer-aided 
optimisation routines produced better results than a previous (non-computer aided) design, although not it all 
situations. 
 
Keywords: Speech Intelligibility, Machine Learning, Genetic Algorithms 

1. INTRODUCTION 
By the middle of the 20th century, theatre stages had been increasingly retreating into and 

eventually behind the wall of the proscenium arch.  Then in 1953, in a bold experiment to revitalise 
a small town that was about to lose its economic core as the railway industry disappeared, the 
retreating stage was reversed.  Under the guidance of Tyrone Guthrie and Tanya Moiseiwitsch, the 
stage of Canada’s nascent Stratford Festival was “thrust” back into the audience.  With the audience 
now surrounding the stage in a wide fan shaped plan.  Originally in a tent and eventually in a building 
built around it.  What is now the Stratford Festival Theatre officially opened on 30 June 1957.  Its 
thrust stage format has since been copied throughout the world. 

Despite the improved and exciting interaction between performers and audience, speech 
intelligibility in the Stratford Festival Theatre and its successors has been less than optimal.  Acoustic 
renovations, notably at the Chichester Festival Theatre in the UK and the Guthrie Theatre in 
Minneapolis USA, have successfully addressed these concerns.  In 2008, the second author of the 
present study was commissioned to do the same.  An exhaustive set of acoustical measurements was 
performed in the existing building.  A CATT Acoustics computer model of the existing room was 
developed and calibrated to the measurements.  Then a remedial design was prepared and tested in 
the calibrated computer model.  The results suggested that acceptable levels of speech intelligibility 
could, indeed, be obtained but the construction project proved unaffordable at the time. 

In the intervening decade, the second author has continued to explore the remedial design of 
problematic fan shaped geometries, most recently using Genetic Algorithms [1], [2].  Those studies 
were in theoretical rooms with only 1st order reflections.  This paper will apply these new ideas to a 
more realistic (computer model) room with higher order reflections. 
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2. IN-SITU MEASUREMENTS 

2.1 Measurement Procedure 
Measurements in the existing room were performed in accordance with the ISO-3382 standard [3] 

at 18 different receiver locations spanning the orchestra (stalls) and balcony levels.  A directional 
source was used to excite the room from 9 different source locations and directions. 

2.2 Measurement Results 
The Festival Theatre is not a traditional front-end room and does not lend itself well to traditional 

Level vs. Distance or Level vs. Seat Location rectilinear graphical techniques.  The results are best 
represented in the form of contour maps.  Figure 1 shows the 50 ms Distinctness (D50) levels for the 
1000 Hz octave band. 

Distinctness levels are presented as percentages, 50% being the accepted minimum criterion for 
good speech intelligibility.  For directional sound sources, many of the seating zones have D50 levels 
below the 50% criterion, as indicated by the darker coloured zones.  This is particularly true when 
the directional sound source is pointed away from the receiver zone.  For some areas however, where 
the directional source is pointing towards the receiver, the D50 levels are rather high, 75% and higher.  
This is consistent with the short decay times measured in the room.  Mid-frequency Early Decay 
Times (EDT) are in the range of 0.9 seconds. 

3. ORIGINAL RE-DESIGN 
In the re-design exercise carried out in 2008, a great effort was made to improve early reflected 

energy, particularly early reflections generated by a re-configured ceiling.  It was quickly discovered 
that this would not be enough so surfaces on the back walls and the balcony facia were also addressed.  
A CATT Acoustic model demonstrated encouraging results when the sound sources were directed 
towards the centre of the audience but not when they were directed towards only one side of the 
audience.  (As is occasionally done during performances.)  With the sources pointing towards the 
centre only 5% of the seats will experience D50 levels less than the 50% criterion.  When an actor is 
facing only one side of the audience however, as much as 42% of the seats will experience D50 values 
less than the 50% criterion.  It was concluded at that time that the problem could not be solved only 
by improving the early reflected sound (i.e. the D50 levels).  The room is simply too big to “hit” 
every seat within 50 ms.  It was shown, however, that both STI [3] and U80 [4] levels would be 
satisfied in all conditions if the ambient noise level in the room was reduced to Preferred Noise 
Criterion (PNC) 15. 

 
Figure 1. 50 ms Distinctness (D50) levels for three different source orientations.  Receiver 

locations for the orchestra  (bottom) and balcony levels (top).  The small arrows in the bottom row 

indicate the source locations and orientations on the stage.  Average D50 levels are shown 

numerically. Darker zones indicate poor D50 levels, lighter colours indicate better levels. 
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(a) (b) (c) 

Figure 17 50ms Distinctness levels (D50) @ 1000Hz with the 
stage doors fully closed for 3 Source locations represent-
ing (a) Actor facing down the centre line, (b) Actor facing 
diagonally upstage; and (c) Actor facing the side of the 

theatre. The criterion is a value of 50 or higher.  

We can see from Figure 17 that having the doors closed and regaining that acoustic energy that 

would otherwise have been lost into backstage has an overall positive effect on the distinctness 

levels. It should also be noted however, that some seats experience more late energy compared to 

when the doors were open resulting in a slightly lower D50 level. Overall, the number of seats 

with D50 values below 50 dropped 40%  by closing the backstage doors. This shows the 

significance and importance of stage design and its implications on the acoustic performance of 

the space. 

 

6.3.6 Strength Sound Maps 

 

Contour maps for Strength are shown in Figure 18 and Figure 19.  Recall from our previous 

discussion on Strength that the criterion is 3 dB when both the HVAC and fan powered lights are 

in operation. 

 

We can see from the two figures that the overall picture is not very encouraging as over half the 

seats do not meet the criterion.  The ambient level has to drop down to the level without any 

lighting equipment noise (PNC-20) before we can expect the number of passing seats to exceed 

90%. This is a clear indicator that Strength deficiencies, especially in the balcony, are causing a 

severe detriment in the acoustics of the space. 

 

Comparing the two stage configurations, we can see again that the orchestra level benefits 

significantly from the closure of the stage doors. There is up to a 5dB amplification of sound 

achieved in the orchestra level just by closing the stage doors. The balcony level, however, does 
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4. COMPUTER AIDED OPTIMISATION 
In this, the second round of early reflection optimisation for the room, the so-called Non-dominated 

Sorting Genetic Algorithm (NSGA-II) has been employed [5].  The specific adaptation of this 
algorithm to optimise acoustic reflections in a room has been described in [1] and [2].  The NSGA-
II algorithm is particularly useful when more than one objective must be optimised.  In the references 
just cited, those objectives were twofold: optimised lateral sound arriving within 80 ms, distributed 
uniformly on the receiving surface.  For this study, concerned as it is with speech intelligibility, the 
80 ms threshold has been reduced to 50 ms. 

5. COMPUTER MODEL SIMULATIONS 
The result of the Genetic Algorithm (GA) optimisation was compared to the existing building and 

the proposed 2008 design, using the Odeon simulation software.  

5.1 Model calibration 
An approximate calibration was performed between the Odeon computer model and the 

measurements performed in the existing building in 2008.  A rigorous calibration would have 
compared early energy parameters such as D50.  It soon became clear, however, that the 
documentation available from the measurements performed some 14 years ago (e.g. the directivity 
patterns of the sound source, etc.) was not sufficient to make accurate early energy comparisons.  It 
was decided to calibrate only to the decay rate measurements.  Figure 2 shows the Reverberation 
Time (RT) and Early Decay Times (EDT) measured in the hall compared to the simulation results for 
the model.  Good agreement was found for all frequencies accept the RTs in the 125 Hz octave band.  
The values from the 2008 measurements are suspiciously high and might be thought as an outlier in 
this calibration procedure. 

As a result of the decision to calibrate the model only to the measured decay rates, the comparisons 
that will be reported here will not be between the actual measured data and the optimised designs but, 
rather, between the Odeon approximations of the measured data and the optimised designs.  

 
Figure 2 Measured and computer model decay rates.  Reverberation Times are indicated with lines, 

the Early Decay Times with dots. 
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5.2 Simulated versions 
 Three different versions of the computer model were studied.  The theatre in its current state, the 

renovation design proposed in 2008 and, finally, the design suggested by the Genetic Algorithm 
optimisation described in Section 4. 

For all simulations, 3 principal, omnidirectional sources in the stage area were used. Please see 
Figure 3. The sources were calibrated to give 0 dB in free field at a 10 m distance.  A total of 19 
discrete receivers were used, 9 on the orchestra level (stalls) and 10 on the balcony.  The receivers 
were spaced at approximately 20° intervals.  In addition to this, a directional source was used and 
this was rotated from 0° to 180° in 20° increments.  

5.3 Simulation results 
All relevant acoustic parameters were analysed in the models, however for this paper we will focus 

on the parameters relevant for speech intelligibility, i.e. Speech Transmission Index (STI) and 50 ms 
Definition (D50).  It should also be noted that the STI are presented as STIgeo [6], meaning that it is 
calculated using an omni-directional source and the sound level is not calibrated to speech level.  

Both the STI and D50 parameters are quite high for the omni-directional source, even for the 
existing building.  One reason for this is obvious; the Reverberation Time is very short for a hall this 
size, meaning that the main factor for speech intelligibility will be the speech level.  As the 
calculations are done without background noise, this is to be expected.  

For the omni-directional sound sources, at the time of this writing, and as can be seen from Figures 
4 and 5, the Genetic Algorithm (GA) optimisation does not improve D50 nor STI beyond the 2008 
design at all of the 19 receiver positions.  In many locations the GA optimisation produces equal or 
similar results as the 2008 version.  For most receiver locations that are further than 10 m from the 
source, however, the GA optimised version and the 2008 version produced clearly improved STI and 
D50 values. For distances less than 15 m, there are points where the GA optimisation clearly produces 
lower values. The same tendency can be seen for STI as shown in Figure 5. 

Figure 6 shows the results of the experiment with the rotating directional sound source for receivers 
on the balcony. This is the most difficult test in this “thrust stage” geometric format, where omni-
directional measurements are generally good but directional ones are decidedly not.  As can be seen 
from the figure, the GA optimisation produces clearly improved values for the receiver points.  For 
point 18 which is about 6 m from the front wall (approx. direction 170o), there is a clear improvement 
when the source is pointed in the opposite direction (source direction 0o, 20o and 40o), whereas for 
the neighboring points of 17 and 19, there is virtually no change, independent of the source direction.   

 

 

 
Figure 3.  Source and receiver locations in the computer model. 
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A comparison between the STI values before and after the optimisation design is shown in Figure 
7.  The comparison is taken at a typically problematic situation in the normal use of the theatre.  
Actors will occasionally enter a scene from the vomitory, inside the audience seating area.  Then the 
actor already on stage will speak to the new actor in the direction indicated by the black arrows in 
Figure 7.  He or she will then will be facing away from part of the audience.  In the STI map for the 
original room (on the left of Figure 7), note the orange area in the upper right corner of the audience, 
indicating STI values in the range of 0.50 to 0.60.  In the optimised version, (on the right of Figure 
7) these STI values are improved to a range between 0.55 to 0.80. 
  

 

Figure 4  50 ms Definition (D50) at mid-frequencies as a function of distance. For distances of 

more than 10 m, the highest values are from the GA optimised or the 2008 version. 

 
Figure 5. STI as a function of distance. For distances of more than 10 m, the highest values are from the 

GA optimised or the 2008 version. 
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5.4 Summary of simulations  
The simulations show that, in general, the Genetic Algorithm (GA) optimisation algorithm can 

achieve the same results as the “human optimisation” done for the 2008 design.  Occasionally, it 
shows an improvement on the 2008 design, but not always.  This was particularly true when the omni-
directional sound source was used.  However, it is also evident that for some source-receiver 
positions, the GA optimisation gives a clear improvement compared to both the original building and 
the proposed 2008 renovation design.  This is notably true for the most difficult challenge in the 
“thrust stage” format: designing for a directional sound source. 

  

 
Figure 6 Relative change of the Definition with a directional source from 0° to 180°, original design 

compared to GA optimised version for receivers on the balcony. 
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Figure 7. Speech Intelligibility Index (STI) contour maps of the original theatre (on the left) and with the 

optimised reflector design (on the right).  Directional sound source indicated by the black arrows. 

 



 

 

 

6. CONCLUSIONS 
The Genetic Algorithm (GA) optimisation routines described in references [1] and [2] are based 

only first order reflections.  This study represents the first time that optimisations generated by those 
routines have been tested in a (computer model) room with higher order reflections.  The results show 
that, although there are some improvements on the design proposed in 2008 (which did not involve 
GA optimisation), at the time of this writing, the improvements are not as clear nor as uniform as 
expected.  It was thought that the effect of reflector scattering (which the Odeon model included and 
the GA optimisation routines did not) might have influenced the results.  Running the Odeon model 
with lower scattering coefficients, however, did not have a significant effect.  Further study is 
required.  
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ABSTRACT
Spherical microphone arrays enable the directional decomposition of a sound field over all propagation angles
and are therefore a valuable analysis tool in enclosures. At the same time, deep neural networks have shown
promising performance in acoustic source localisation tasks, especially in challenging acoustic scenarios. Com-
bining neural network source localisation with spherical array signals can prove extremely beneficial in existent
applications. However, classical neural networks typically exploit one- or two-dimensional data correlations.
This can cause the network estimation to be prone to errors in wave propagation direction and limiting the array
to specific directions, since the network does not guarantee rotational invariance. In this study, we examine
a spherical graph neural network architecture for direction of arrival estimation trained on both simulated and
measured sound field features. The spherical graph neural network can capture spherical correlations and can
warrant that they are held approximately invariant for rotations. The networks’ performance is preliminarily
investigated under anechoic conditions with the respective measured spherical array impulse responses.

Keywords: direction of arrival, spherical microphone array, neural network, machine learning

1 INTRODUCTION
This contribution has the intent to establish rotational equivariance in neural networks for direction of arrival
(DoA) estimation of acoustic sources. DoA estimation involves the inference of the angle of incidence of prop-
agating acoustic waves. This task is particularly important in applications regarding videoconferencing, sound
field analysis and reconstruction and sound event detection among others. Deep learning has shown significant
potential for DoA estimation with convolutional neural networks (CNNs) demonstrating noteworthy accuracy
when multiple sources are present [1], when there are significant noise levels in the recorded signals [2] or
when a room is considerably reverberant [3], improving over traditional time-difference of arrival (tdoa) and
sub-space methods for DoA estimation [4]. For robust source localisation a typical requirement is to incorpo-
rate some form of implicit bias in the estimation, such as i.e. the sound field may be composed of only a
few waves [5], or that the underlying signal may have some kind of particular symmetry. Recently, a number
of methods for DoA estimation have been proposed with rotationally equivariant convolutions [6], [7], one of
which was applied in real-time [8]. With this contribution, we attempt to make an addition to the existing
literature, by examining the potential of spherical symmetry in neural networks, towards the goal of localising
acoustic sources. Our approach differs from the aforementioned, since it is trained directly on the acoustic im-
pulse responses, captured by the microphone array, instead of using generic speech signals. The approach is
arguably more principled for demonstrating DoA in various sound fields.

Several approaches have been proposed for processing spherical signals in terms of neural networks with
most operating in the Fourier space [9], [10], other approaches use an equirectangular projection of a discre-
tised sphere [11] or by using spherical basis functions obtained in the form distributions over the sphere [12].
The former approaches opt for spherical convolutions by projecting on spherical harmonics to multiply the
“learned” filters with the signal and consequently, obtain the inverse transform. However, this comes at a large
computational cost as back propagating gradient values becomes a timely process [13].

With the previous in mind, we propose a spherical neural network architecture for DoA estimation and a
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qualitative comparison of performance is carried out against an established beamforming algorithm under the
same conditions. The purpose of this contribution is to discuss our preliminary results in a free-field environ-
ment with the intent to demonstrate its potential at present, as well as to consider methodological refinements
from here onward.

In the following sections, we will describe the method and network architecture used to infer the DoA.
Furthermore, we will analyse and discuss our preliminary results under anechoic conditions, with the intent to
improve it in a future study.

2 METHODS
2.1 Spherical harmonic sound field reconstruction and interpolation
Assuming an acoustic wave impinging on a sphere, the total sound pressure can be described by

pt(r,Ω) = pi(r,Ω)+ ps(r,Ω), (1)

where pt is the total sound pressure, pi is the incident sound pressure and correspondingly, ps is the scattered
component due to the sphere’s presence. These are further expanded by the spherical harmonics series as
described by [14], [15]

pi(r,Ω) =
∞

∑
n=0

n

∑
m=−n

Bmn jn(kr)Y m
n (Ω), (2)

ps(r,Ω) =
∞

∑
n=0

n

∑
m=−n

Cmnhn(kr)Y m
n (Ω), (3)

where jn and hn correspond to the spherical Bessel function of the first kind and spherical Hankel function of
the second kind respectively, describing the radial dependency of each solution. The term Y m

n (Ω) represents the
spherical harmonics for the solid angle Ω defined by

Y m
n (Ω)≡ Y m

n (θ ,φ)≡
√

(2n+1)
4π

(n−m)!
(n+m)!

Pm
n (cos(θ))ejmφ (4)

where Pm
n are the associated Legendre functions of order m and degree n. In this study we find that knowl-

edge of the incident sound field pi suffices for DoA estimation. When the scattering of the sphere is not
present, a network trained with the incident field would be suitable for measurements with either a rigid or
open spherical array and provide DoA estimates for either case. Hence, given the boundary condition at the
sphere (e.g. (∂ pt(r,Ω)/∂ r)|r=a = 0) one can calculate the coefficients of the incident sound field in Eq. 2 as

Bmn =
∫

Ω
pt(a,Ω)Y m

n (Ω)∗dΩ/
(

jn(ka)− j′n(ka)
h′n(ka)hn(ka)

)
. With the Wronksian relationship [15], [16] the previous

expression simplifies to

Bmn = j(ka)2h′n(ka)
∫

Ω

pt(a,Ω)Y m
n (Ω)∗dΩ, (5)

where a is the radius of the rigid sphere, j(ka) and h′n(ka) are the spherical Bessel function and derivative of
the spherical Hankel function evaluated at a respectively and the term

∫
Ω

pt(a,Ω)Y m
n (Ω)∗dΩ corresponds to the

spherical Fourier coefficients Pnm which are approximated by the inverse of the spherical Fourier series

pt(a,Ωq) =
N

∑
n=0

n

∑
m=−n

PnmY m
n (Ωq), 1 ≤ q ≤ Q (6)

given that pt is order limited and Pnm = 0 ∀ n>N, where N represents the truncated order of spherical harmonics
and (θq,φq) = Ωq for q = 1, . . . ,Q correspond to the positions of the spherical samples. The previous equation
can be written in matrix form as



p = YPnm, (7)

where p ∈ CQ and Pnm ∈ C(N+1)2
are the column vectors of pressure and spherical Fourier coefficients re-

spectively and Y ∈ CQ×(N+1)2
are the spherical harmonics for positions q and order n. The spherical Fourier

coefficients are most commonly obtained as

Pnm = Y†p, (8)

with Y† =
(
YHY

)−1 YH given that Q > (N +1)2 (e.g. the sphere is oversampled).
By obtaining the spherical Fourier coefficients Pnm as well as the coefficients of the incident sound field

Bnm, one can interpolate over the rigid sphere (e.g. r = a) as

p′
i = Y′BnmPnm (9)

such that the incident pressure p′
i ∈ CQ′

is obtained at positions q′ = 1, . . . ,Q′ interpolated by the spherical har-
monic functions Y′ ∈CQ′×(N+1)2

weighted by the tiled coefficients Bnm ∈C(N+1)2
. Hence, the incident pressure

can be obtained at any position over the rigid sphere and at any frequency truncated at the Nyquist rate, as
asserted by the relation kr = N [16]. It should be noted that the interpolation of the incident sound field does
not involve any radial component, and thus is invariant to the zero-crossings of the Bessel function, making it
less prone to noise at smaller wavelengths.

The input to the neural network surmounts to the inverse (temporal) Fourier transform of Eq. 9 p′
i,τ =

F−1 {p′
i} so that the network uses Q′ impulse responses, band-limited to avoid spatial aliasing. In other words,

the incident sound field is sampled for Q′ points over a spherical surface.

2.2 Graph-based spherical convolutional neural networks
As this approach for DoA estimation is purposed for spherical microphone arrays, we adopt a principle approach
for rotationally equivariant representations over the sphere to capture the correlations present in the incident
spherical pressure signal. This is carried out by using the spectral representation of a graph neural network
(GNN). Following Defferrard et al. [13], graph convolutions can be defined as

SphConv : h(L)s =

(
P

∑
i=0

ααα iLi

)
s, (10)

where the convolution kernel h is represented by a weighted sum of P polynomials (which correspond to the
lengths of the kernel) over the graph Laplacian L. The coefficients ααα i are the Chebyshev polynomials that are
optimised during the training process while the input spherical signal is represented by s. The graph Laplacian
L is constructed with the weights of adjacency between the vertices vi,v j of the graph so that

wi j = e−
1
4t ∥vi−v j∥2

(11)

corresponds to the element i, j of the adjacency matrix A with L = D−A and D = diag(∑vi, j A[vi,v j]) corre-
sponding to the diagonal degree matrix. The variable t is the optimal kernel width determined by the sampling
resolution of the spherical data and the number of neighbours k accounted for in the convolution. The projec-
tion of the signal s onto the eigenvectors of the graph Laplacian is what forms the generalised graph Fourier
transform. For more on graph representations, the reader is advised to examine refs. [13], [17].

In order to represent the spherical signal, a sampling method must be adopted. As in refs. [13], [18] the
HEALpix [19] sampling scheme is used which is typically described as a hierarchical mapping of the sphere
to twelve square facets (rhombuses) on the plane followed by the binary division of these facets into “pixels”
where each of these covers the same area as every other. The lowest resolution partition is comprised of 12 base
pixels, and the resolution of the tessellation increases by division of each pixel into four new ones. The total
number of pixels (samples) can be described as Npix = 12×N2

side where the parameter Nside indicates the number
of pixels in each of the individual facets. This hierarchical tessellation of the sphere allows for divisions of a



spherical sample into “child” sub-samples, enabling the use of max or average pooling as is common in many
deep learning architectures, making it attractive for such applications. However, it should be noted that one
could equally employ other hierarchical spherical samplings such as, e.g. icosahedral sampling of the sphere.

2.3 Performance evaluation
To evaluate the performance of the network, we compare it with the DoA estimate given by the SRP-PHAT
algorithm [20], which is known to be robust to high noise levels and is a reasonable choice, given that we limit
the network inference to anechoic conditions. Finally, we evaluated the discrepancy in DoA using the angular
root mean square error (RMSE) given by

RMSEθ =

√√√√ 1
NT

NT

∑
j=1

(
θ j − θ̂ j

)2

RMSEφ =

√√√√ 1
NT

NT

∑
j=1

(
φ j − φ̂ j

)2

(12)

and the gross azimuth and elevation errors (GEθ , GEφ ) as proposed by Ref. [21] which is defined as

GEθ =
1

NT

NT

∑
j=1

[
Ie
(∣∣θ j − θ̂ j

∣∣−λ
)]

GEφ =
1

NT

NT

∑
j=1

[
Ie
(∣∣φ j − φ̂ j

∣∣−λ
)]
,

(13)

where NT is the number of DOA estimates, (θ j,φ j) and (θ̂ j, φ̂ j) are the actual and the estimated DOA of jth
sample. Furthermore, λ is an angular threshold (i.e. 10◦) and Ie(.) is an indicator function defined as

Ie(x) =

{
1 for x ≥ 0
0 for x < 0.

(14)

Hence, the gross error acts as the percentage of DoA estimates that do not fall into an allowed threshold from
the true value. This way, it is a measure robust to outliers and can describe an algorithms performance in a
much more general way. In all experiments, we use a threshold of λ = 10◦ for both azimuth and elevation
gross errors.

3 NETWORK ARCHITECTURE
The network architecture used for DoA estimation in this study is composed of four distinct parts. First, the
spherical microphone signal is separated and upsampled as in Eq. 9 and transformed into the time domain.
Subsequently, the upsampled signal is processed by 3 consecutive 1D convolutional blocks (Conv 1D) with
leaky ReLU activation with a negative slope of αLReLU = 0.1 and a dropout with a probability of 10%. Each
of the Conv1D layers have a kernel size of 8 and a stride of 4.

The next part consists of six spherical convolutional layers (SphConv), the first two of which have Nside =
16. The next 4 SphConv layers follow a consecutive spherical pooling and convolution operation, each of
which corresponds to a resolution of Nside = 16,8,4 and 2. All SphConv layers are each followed by a batch
normalisation layer and a leaky ReLU activation with a negative slope of αLReLU = 0.1. Each of the layers has
the number of output channels which amounts to 32,64,128,256,512 and 512 in successive order.

For the final part, the signal is flattened and followed by 3 consecutive fully connected layers (FC), the first
two of which consist of 12 neurons followed by a leaky ReLU activation (αLReLU = 0.1) and a dropout layer
with probability of 30%. The final layer consists of 3 neurons with a linear activation that corresponds to the
DoA in the form of a Euclidean unit vector. Therefore, the neural network is tasked with obtaining the DoA
vector in the form of a regression. This is carried out by fitting the estimate of the network with the true DoA



vector with a mean squared error cost function. The network architecture is represented graphically in Fig. 1.
Finally, the network is trained with the Adam optimiser [22] with a learning rate of 5 ·10−5 and a weight decay
of 10−3 for 1200 epochs with a mini-batch size of 100.

Conv 1D
LReLUDropout
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& upsample

<latexit sha1_base64="YF5bIxqF5Zgvlq3/j5l/PrBQo0o=">AAAB/HicbVDLSgNBEJyNrxhfqzl6GQyCp7AbgnoRAl48SQTzgGQJs5NOMmT2wUyvGJb4K148KOLVD/Hm3zhJ9qCJBQ1FVTfdXX4shUbH+bZya+sbm1v57cLO7t7+gX141NRRojg0eCQj1faZBilCaKBACe1YAQt8CS1/fD3zWw+gtIjCe5zE4AVsGIqB4AyN1LOLt720i/CIqRZ9mE7pFa327JJTduagq8TNSIlkqPfsr24/4kkAIXLJtO64ToxeyhQKLmFa6CYaYsbHbAgdQ0MWgPbS+fFTemqUPh1EylSIdK7+nkhZoPUk8E1nwHCkl72Z+J/XSXBw6aUijBOEkC8WDRJJMaKzJGhfKOAoJ4YwroS5lfIRU4yjyatgQnCXX14lzUrZPS9X76qlWiWLI0+OyQk5Iy65IDVyQ+qkQTiZkGfySt6sJ+vFerc+Fq05K5spkj+wPn8AQJKUdg==</latexit>

Nside = 4
<latexit sha1_base64="dNuoQGo94PlowTjrYcA4s6Y3nvk=">AAAB/HicbVBNSwJRFH1jX2ZfUy7bPJKglcyIlJtAaNMqDFIDHeTN86oP33zw3p1IBvsrbVoU0bYf0q5/01NnUdqBC4dz7uXee/xYCo2O823l1tY3Nrfy24Wd3b39A/vwqKWjRHFo8khG6t5nGqQIoYkCJdzHCljgS2j746uZ334ApUUU3uEkBi9gw1AMBGdopJ5dvOmlXYRHTLXow3RKL2mtZ5ecsjMHXSVuRkokQ6Nnf3X7EU8CCJFLpnXHdWL0UqZQcAnTQjfREDM+ZkPoGBqyALSXzo+f0lOj9OkgUqZCpHP190TKAq0ngW86A4YjvezNxP+8ToKDmpeKME4QQr5YNEgkxYjOkqB9oYCjnBjCuBLmVspHTDGOJq+CCcFdfnmVtCpl97xcva2W6pUsjjw5JifkjLjkgtTJNWmQJuFkQp7JK3mznqwX6936WLTmrGymSP7A+vwBRqKUeg==</latexit>

Nside = 8
<latexit sha1_base64="E5x+qCfMAbsIgr5cof30ECU3I14=">AAAB/XicbVDJSgNBEO2JW4xbXG5eGoPgKcyEEL0IAS+eJIJZIBlCT6eSNOlZ6K4R4xD8FS8eFPHqf3jzb+wkc9DEBwWP96qoqudFUmi07W8rs7K6tr6R3cxtbe/s7uX3Dxo6jBWHOg9lqFoe0yBFAHUUKKEVKWC+J6Hpja6mfvMelBZhcIfjCFyfDQLRF5yhkbr5o5tu0kF4wESLHkwm9JI6lW6+YBftGegycVJSIClq3fxXpxfy2IcAuWRatx07QjdhCgWXMMl1Yg0R4yM2gLahAfNBu8ns+gk9NUqP9kNlKkA6U39PJMzXeux7ptNnONSL3lT8z2vH2L9wExFEMULA54v6saQY0mkUtCcUcJRjQxhXwtxK+ZApxtEEljMhOIsvL5NGqehUiuXbcqFaSuPIkmNyQs6IQ85JlVyTGqkTTh7JM3klb9aT9WK9Wx/z1oyVzhySP7A+fwC6FpSz</latexit>

Nside = 16

<latexit sha1_base64="92YeLJndwuOl35Fv/MU+ZNJ7pb8=">AAAB73icbVBNS8NAEJ34WetX1aOXxSJ4Kkkt6rHgxWMF+wFtKJvtpl262cTdiVBC/4QXD4p49e9489+4bXPQ1gcDj/dmmJkXJFIYdN1vZ219Y3Nru7BT3N3bPzgsHR23TJxqxpsslrHuBNRwKRRvokDJO4nmNAokbwfj25nffuLaiFg94CThfkSHSoSCUbRSp4ci4oZc9ktlt+LOQVaJl5My5Gj0S1+9QczSiCtkkhrT9dwE/YxqFEzyabGXGp5QNqZD3rVUUbvGz+b3Tsm5VQYkjLUthWSu/p7IaGTMJApsZ0RxZJa9mfif100xvPEzoZIUuWKLRWEqCcZk9jwZCM0ZyokllGlhbyVsRDVlaCMq2hC85ZdXSata8a4qtftauV7N4yjAKZzBBXhwDXW4gwY0gYGEZ3iFN+fReXHenY9F65qTz5zAHzifP4Eej5Q=</latexit>⇥3

Sph. Conv + BatchNorm + LReLU Pooling + Sph. Conv + BatchNorm + LReLU Flattening

FC 
+ LReLU
+ Dropout

FC 
+ LReLU
+ Dropout

FC 

DOA:
(X, Y, Z)

<latexit sha1_base64="E5x+qCfMAbsIgr5cof30ECU3I14=">AAAB/XicbVDJSgNBEO2JW4xbXG5eGoPgKcyEEL0IAS+eJIJZIBlCT6eSNOlZ6K4R4xD8FS8eFPHqf3jzb+wkc9DEBwWP96qoqudFUmi07W8rs7K6tr6R3cxtbe/s7uX3Dxo6jBWHOg9lqFoe0yBFAHUUKKEVKWC+J6Hpja6mfvMelBZhcIfjCFyfDQLRF5yhkbr5o5tu0kF4wESLHkwm9JI6lW6+YBftGegycVJSIClq3fxXpxfy2IcAuWRatx07QjdhCgWXMMl1Yg0R4yM2gLahAfNBu8ns+gk9NUqP9kNlKkA6U39PJMzXeux7ptNnONSL3lT8z2vH2L9wExFEMULA54v6saQY0mkUtCcUcJRjQxhXwtxK+ZApxtEEljMhOIsvL5NGqehUiuXbcqFaSuPIkmNyQs6IQ85JlVyTGqkTTh7JM3klb9aT9WK9Wx/z1oyVzhySP7A+fwC6FpSz</latexit>

Nside = 16
<latexit sha1_base64="IJ+aRyDIEEQ1yrkUJhHhD5FKz50=">AAAB/HicbVDLSgNBEJyNrxhfqzl6GQyCp7AbgnoRAl48SQTzgGQJs5NOMmT2wUyvGJb4K148KOLVD/Hm3zhJ9qCJBQ1FVTfdXX4shUbH+bZya+sbm1v57cLO7t7+gX141NRRojg0eCQj1faZBilCaKBACe1YAQt8CS1/fD3zWw+gtIjCe5zE4AVsGIqB4AyN1LOLt720i/CIqRZ9mE7pFa307JJTduagq8TNSIlkqPfsr24/4kkAIXLJtO64ToxeyhQKLmFa6CYaYsbHbAgdQ0MWgPbS+fFTemqUPh1EylSIdK7+nkhZoPUk8E1nwHCkl72Z+J/XSXBw6aUijBOEkC8WDRJJMaKzJGhfKOAoJ4YwroS5lfIRU4yjyatgQnCXX14lzUrZPS9X76qlWiWLI0+OyQk5Iy65IDVyQ+qkQTiZkGfySt6sJ+vFerc+Fq05K5spkj+wPn8APYqUdA==</latexit>

Nside = 2
<latexit sha1_base64="JACBbbIcZj+dA9r55B0qMyBY9I0=">AAACHXicbZDLSsNAFIYn9VbrLerSzWARXJVEiros7caVVOgNmlAm02k7dHJh5kQsIS/ixldx40IRF27Et3HaBtG2Pwz8fOcczpzfiwRXYFnfRm5tfWNzK79d2Nnd2z8wD49aKowlZU0ailB2PKKY4AFrAgfBOpFkxPcEa3vj2rTevmdS8TBowCRirk+GAR9wSkCjnlm+7SUOsAdIqmmKHeA+U/iX1VawRpr2zKJVsmbCy8bOTBFlqvfMT6cf0thnAVBBlOraVgRuQiRwKlhacGLFIkLHZMi62gZEb3ST2XUpPtOkjweh1C8APKN/JxLiKzXxPd3pExipxdoUrqp1YxhcuwkPohhYQOeLBrHAEOJpVLjPJaMgJtoQKrn+K6YjIgkFHWhBh2AvnrxsWhcl+7JUvisXK9Usjjw6QafoHNnoClXQDaqjJqLoET2jV/RmPBkvxrvxMW/NGdnMMfon4+sHRPujSw==</latexit>

NB ⇥ NC ⇥ NT

Figure 1. Network Architecture: The pressure signal is pre-processed according to Eq. 9 where NB ×NC ×NT
refers to batch size, number of channels and number of temporal samples respectively. The signal is then
processed through the 3 subsequent parts as described in Sec. 3.

4 DATA-SETS
The data set used to train the network is composed of both experimental data and simulated data. The majority
of the data used were simulated as free-field point sources impinging on a rigid sphere, while a small portion
of the data was measured in the large anechoic chamber of the Technical University of Denmark (DTU) using
an “em32 Eigenmike” spherical microphone array consisting of 32 channels. All the data follow the geometry
of an eigenmike. The data are bandpass filtered between 250 Hz and 5 kHz to avoid the influence of low-
frequency noise and aliasing, respectively. The microphone responses are truncated to signals of approximately
t = 200 ms in length at a sampling frequency of fs = 16 kHz. The network training data was a combination
of experimental and simulated data, which amounted to 1100 responses with varying noise levels, while 16
responses were reserved from the experimental dataset to test the performance of the network.

4.1 Experimental Setup
The experimental data was acquired in an anechoic room of approximately 1000 m3 that has a lower limiting
frequency of 50 Hz. An eigenmike was set-up along with its shock mount on a tripod with adjustable height,
and a BM6 loudspeaker (Dynaudio, Skanderborg, Denmark) was suspended from the ceiling of the anechoic
chamber to minimise the structural vibrations transmitted from the enclosure to a loudspeaker stand. The mea-
sured impulse responses reach from 20 Hz to 20 kHz with 0.1 Hz resolution at regular steps in both elevation
(3◦ resolution) and azimuth (5◦ resolution) angle, with the elevation angle restricted between approximately 55◦

to 115◦ due to practical limitations. For memory purposes, the responses were then resampled to match the
sampling rate of fs = 16 kHz. The total responses measured amounted to 116 different combinations of angles
and distance. The background noise of the measurements for each capsule was measured at approximately 30
dB signal-to-noise (SNR) ratio.

4.2 Simulations
For training the network, we also simulate data as broadband free-field responses captured by a rigid spherical
array of the geometry of an Eigenmike. The sources are placed pseudo-uniformly in terms of DoA as the
subdivision of a Fibonacci lattice, while the source distances are selected at random from a uniform distribution
between 0.75 m to 5.2 m from the centre of the array. The responses are augmented with additive zero-mean
white noise for random SNRs between 15 dB and 32 dB. The total simulated responses amounted to 1000,



equivalent to the amount of points from the Fibonacci lattice.
We further simulate 100 point sources at varying distances from the centre of the array and with uniformly

distributed DoAs on a spherical surface at different SNR levels. The latter SNR levels are selected in regular
steps between −10 dB and 35 dB using the previous method to simulate responses and are meant to be used
for evaluation and comparison of the network with the baseline algorithm.

5 RESULTS
In this section, we present the results of the proposed network (Spherical Net) in terms of comparison with
the SRP-PHAT algorithm for both simulated and experimental data. The grid or “steering vectors” of the SRP-
PHAT algorithm are constructed again using a Fibonacci lattice using 300 candidate grid positions with the
estimate corresponding to the point of maximum steered response power.

5.1 Experimental test data
The DoA angles of all 16 experimental responses used for testing are inferred by the Spherical Net with the
gross error percentages and average RMSE in degrees displayed in Tab. 1.

Table 1. RMSE and Gross error of all 16 test anechoic responses for both SRP-PHAT and the Spherical network

Method GEθ [%] GEφ [%] Average RMSE θ [◦] Average RMSE φ [◦]

SRP-PHAT 6.25 0 4.1 4.2

Spherical Net 0 6.25 3.5 4.7

The aforementioned results display a comparable performance between both methods for free-field conditions
with the Spherical Net inferring slightly better DoA estimates in terms of azimuth angle and slightly worse
estimates in terms of elevation angle.
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Figure 2. Best (left) and worst (right) performing DoA estimates of the Spherical Net, selected out of the 16
experimental responses reserved for testing the network.



In Fig. 2 both the best and worst DoA estimates of the Spherical Net are displayed for the full solid angle.
Even in the worst performing case, the Spherical Net displays notable accuracy.

5.2 Simulated test data
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Figure 3. RMSE (top) and Gross Error (bottom) for both azimuth (left) and elevation (right) angles of the
proposed network and the SRP-PHAT algorithm.

The Spherical Net is compared to the SRP-PHAT algorithm in terms of RMSE and GE for both azimuth and
elevation angle and for various noise levels using simulated free-field broad-band responses. The results in Fig.
3 demonstrate the DoA performance with an increasing SNR level for both spherical angles. It should be noted
that the Spherical Net was not trained with data below a 15 dB SNR level.

6 DISCUSSION
When examining the network performance for the experimental data, it becomes apparent that the network
achieves similar accuracy levels to that of SRP-PHAT. Table 1 shows that the network seems to surpass the
beamforming algorithm in terms of average RMSE and gross error in the azimuth angle, but shows a slight
deficiency in terms of elevation angle. However, it is made evident in Fig. 2 that even the least accurate
estimate can be considered satisfactory in certain situations.

Deep learning has been seen to outperform classical DoA algorithms in adverse acoustical conditions. In
the case of rudimentary sound fields, such as the present study, the neural network is at least as reliable as a
well established beamforming algorithm, despite the fact that in many cases of single source and highly damped
environments, neural networks do not necessarily surpass their classical counterparts in terms of accuracy [21].

The simulated data for the various noise levels in Fig. 3 also indicate that the network is capable of
performing just as well, if not outperforming the SRP-PHAT algorithm. Although the network was not trained



with SNR levels below 15 dB, it is able to resolve the azimuthal angle with more accuracy than the SRP-PHAT
estimate between 0 and 10 dB SNR on average. The same figure shows that the network is slightly less prone
to outliers in the estimation (as indicated by the gross error in elevation) even though the RMSE is higher
in most examined noise levels. However, it should be noted that much of the discrepancy of the SRP-PHAT
algorithm in terms of DoA, comes from the resolution of the grid candidate positions (i.e. basis mismatch)
which limit the accuracy of the estimate. This of course is not a limitation of the network, which can make
estimates in a continuous space in R3.

7 CONCLUSION
We have proposed a neural network for DoA estimation for spherical microphone arrays, irrespective of the
boundary and which exploits the spherical symmetry in rotationally equivariant graph convolutions. The net-
work, which was trained with spatially upsampled free-field responses was seen to perform comparably to the
SRP-PHAT algorithm for both experimental data and simulated data with varying noise levels, in some cases,
even outperforming the aforementioned baseline. We aim to extend the network to infer the distance of a source
in a future rendition and moreover investigate its capabilities for multiple source scenarios and in reverberant
rooms with more adverse acoustic conditions.
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ABSTRACT
Plane-wave expansions, whereby a measured sound field is described as a superposition of plane waves, are
central to many applications in sound field analysis and reconstruction. This paper applies a Bayesian prob-
abilistic inference model to the plane-wave expansion problem, and examines the suitability of the Deviance
Information Criterion (DIC) for selecting the optimum number of plane waves in the expansion. The framework
learns the number of plane waves directly from the data and, as such, automatically adapts to the wavefield under
study. The DIC is applied to experimental data taken in a reverberation chamber in two damping conditions to
determine the set of plane waves providing the preferred fit to the data.

Keywords: Bayesian analysis, wavenumber spectrum, isotropy, reverberant sound fields

1 INTRODUCTION
Plane wave expansions are crucial to many applications in sound field analysis and reconstruction, in which the
sound field can be regarded as locally planar. The idea is to decompose sound pressure data measured at a
number of observation points (typically with an array of microphones) as a sum of plane waves, and use this
plane wave basis to analyse or propagate the sound field within a specific domain. The task is to infer the
complex amplitudes of the plane waves (or wavenumber spectrum), which results in a linear inverse problem,
typically underdetermined as the number of plane waves must be greater than the number of measurement
positions for a proper representation of the measured pressure. Although the choice of the plane wave model
leads to differing results, the question of the optimum number of plane waves that best describes the measured
pressure has rarely been addressed and the standard approach thus far has been to choose the set of plane waves
on a fairly ad hoc basis.

This work uses a probabilistic Bayesian framework to determine which combination of plane waves gives
the preferred fit to the data. This is the problem of Bayesian model selection [1], which ensures the elimination
of parameters which play an insufficient role in improving the fit to the data while capturing the important
features evident in the data. Specifically, this article applies the Deviance Information Criterion (DIC) [2, 3] to
objectively compare different models featuring different numbers of plane waves. The key aim is to determine
the number of plane waves providing the preferred fit to the data.

2 THEORY
2.1 Prediction model
The sound pressure p measured at each of the M positions rm of an array of microphones can be described as
a sum of n plane waves, which directions of propagation are uniformly distributed over a spherical domain

p(rm) =
n

∑
w=1

P(kw)e−jkw.rT
m , (1)
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where P(kw) is the complex amplitude of the plane wave propagating in the direction given by the wavenumber
kw. The pressure field, sampled at the M positions of the array, can be expressed with the linear model

p ≈ Hn = Wnx, (2)

where p ∈ CM is the complex-valued data vector from the measurements at the M positions, Wn ∈ CM×n is
the transfer matrix containing the n plane wave functions e−jkw.rT

m , and x ∈ Cn is the unknown vector of the
complex plane wave amplitudes (or wavenumber spectrum) at all n directions on the angular grid. Hn(x) ∈ CM

is defined as a prediction model for the data p and encapsulates the model parameters x. Equation (2) represents
an inferential inversion of x, which can be achieved within a probabilistic Bayesian framework.

2.2 Model comparison
Model selection refers to the process of selecting which of a finite set of N competing models Hn (associated
with different numbers n of plane waves) is preferred by the data. The probability of the model Hn given the
data p and background information I is given by Bayes theorem

p(Hn|p, I) =
p(p|Hn, I)p(Hn|I)

p(p|I)
, (3)

where p(p|Hn, I) is the marginal likelihood of the model (also termed Bayesian evidence), p(Hn|I) is the prior
probability of the model, and the quantity p(p|I) plays the role of a normalization constant. Based on Eq. (3),
model comparison between two different models Hn and Hn′ evaluates the so-called Bayes factor

Knn′ =
p(Hn|p, I)
p(Hn′ |p, I)

=
p(p|Hn, I)p(Hn|I)
p(p|Hn′ , I)p(Hn′ |I)

, (4)

which gives the posterior odds of one model against another. Presuming that the models are equally favoured
prior to the data fitting, the Bayes factor reduces to the ratio of evidences, which can be determined using a
base 10 logarithmic scale (in bans) [4]

Lnn′ = log10 [p(Hn|p, I)]− log10 [p(Hn′ |p, I)] . (5)

Among a finite set of N competing models, the highest positive Bayes factor Lnn′ implies that the data prefers
model Hn over Hn′ the most.

2.3 Parameter estimation
Once a suitable model has been selected, Bayes theorem

p(x|p,Hn, I) =
p(p|x,Hn, I) p(x|Hn, I)

p(p|Hn, I)
(6)

relates the posterior probability p(x|p,Hn, I) of the model parameters x (conditioned on the data p, the model
Hn, and background information I) with the data likelihood p(p|x,Hn, I) = L (x), the prior probability of the
model parameters p(x|Hn, I), and the Bayesian evidence p(p|Hn, I). Given the dimensionality of the problem
at hand (n is in the order of hundreds of plane waves), sampling the full posterior probability p(x|p,Hn, I)
becomes intractable, even for moderate dimensions (to the author’s knowledge, the only study that reports a
fully parameterized Bayesian estimation of the amplitudes of a plane-wave expansion model is due to Schmid
et al. [5]. The study, however, is limited to a pre-selected number of 50 plane waves in a two-dimensional
domain). For the purpose of this study, we evaluate the maximum a posteriori (MAP) estimate, defined as
the parameter which maximizes the posterior probability of x given the data. Omitting the Bayesian evidence
p(p|Hn, I) in Eq. (6), the MAP is given by

x̂MAP = argmax
x

log10 [p(x|p,Hn, I)] = argmin
x

(−log10 [p(p|x,Hn, I)]− log10 [p(x|Hn, I)]). (7)



Using the principle of maximum entropy [6] to assign a Gaussian prior distribution to both the data likelihood
and the prior probability of the model parameters, Eq. (7) results in the least-square estimation problem [7]

x̂MAP = argmin
x

(
∥p−Wnx∥2

2 +λ∥x∥2
2

)
, (8)

where λ is a regularization parameter. Conveniently, Eq. (8) has the closed-form analytical solution [8]

x̂MAP = WH
n (WnWH

n +λ I)−1p, (9)

where I is the identity matrix and the superscript H denotes the Hermitian transpose. It can be remarked that
Eqs (8) and (9) result from assigning a Gaussian prior to the model parameters, based on a priori knowledge
about the structure of the measured sound field (in this case, being composed of multiple wavefronts incoming
from various directions, as in the data presented in Sec.3). If little is known about the structure of the measured
sound field, a uniform prior probability may be assigned instead, encoding a lack of specific prior knowledge.

2.4 Implementation using the Deviance Information Criterion (DIC)
The Deviance Information Criterion (DIC) introduced by Spiegelhalter et al. [2] is here used to approximate
the Bayesian evidence p(p|Hn, I) associated with model Hn. The inverse DIC (IDIC) is defined as

IDIC = D(x̂MAP)−2pD, (10)

where D(x) = 2log10 [L (x)] is the Bayesian deviance and pD is the effective number of parameters estimated
as pD = D(x̂MAP)− D(x), where D(x) is the mean of the deviance. The first term in Eq. (10) represents
the goodness of the fit between the model and the data, while the second term represents a penalty on over-
parameterized models. In the following, the difference in IDIC will be used as an approximation to determine
the Bayes factor in Eq. (5).

3 RESULTS
The suitability of the IDIC for selecting the optimum number of plane waves in a plane wave expansion problem
is examined based on existing data published in [9]. The data set consists of 290 data points measured in a
large (215 m3) reverberation chamber in two damping conditions: undamped and with a sample of absorbing
material on the floor. A scanning robot UR5 (Universal Robots, Odense, Denmark) is programmed to move
a free-field microphone (Brüel & Kjær, Nærum, Denmark) within a rectangular volume located in the far-field
of a loudspeaker, creating a sequential array of 290 measurement positions (the array size is 0.6 x 0.8 x 0.4
m3). The measured sound pressure is expressed as a superposition of n plane waves of unknown complex
amplitudes, whose directions of propagation are distributed uniformly across all propagation angles following a
Thomson model [10].

For a given frequency, a set of N competing models Hn associated with an increasing number n of plane
waves is considered, where n ranges from 34 to 1474 in steps of 120 plane waves. The IDIC for each model
is calculated according to Eq. (10) and used to classify the set of models. The MAP estimate for each model is
calculated using Eq. (9) and the L-curve criterion as a regularization parameter choice method [9]. The mean of
the deviance D(x) is calculated from samples drawn from the posterior probability p(x|p,Hn, I) within a vicinity
of the MAP estimate x̂MAP. The samples are drawn based on an iterative procedure where, at each iteration,
a new sample is generated by evolving an existing sample from a normal probability distribution. Each new
sample yields a new likelihood value, resulting in a decreasing sequence of likelihood values, which mean is
used to calculate the IDIC. To ensure an adequate coverage of the parameter space, a population of 100000
samples are generated for each model, and a normal probability distribution with variance 1e-5 is used for the
iterative procedure (this corresponds to a large variance, given that the MAP amplitudes are of the order of
1e-6).

Figure 1(a) shows the IDIC calculated for each model at 1 kHz for both damping conditions. In both room
configurations, a steep increase in IDIC can be observed between 34 and 394 plane waves. From 394 plane
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Figure 1. Bayesian analysis of sound pressure data measured in a reverberation chamber in two damping con-
ditions. IDIC (a) and Bayes Factor (b) estimated using various plane wave decomposition models. 394 and
994 plane waves obtain the highest positive Bayes Factors in the damped and undamped chamber, respectively.
Frequency: 1 kHz.



Figure 2. Wavenumber spectrum magnitude in the damped (a)-(b) and undamped (c)-(d) reverberation chamber.
(a) and (c): Regularized estimates; (b) and (d): Mean estimates (Bayesian). Frequency: 1 kHz.

waves, no significant increase can be observed, indicating that any of the models associated with at least 394
plane waves may be equably good at predicting the data. The models associated with 34, 154 and 274 plane
waves will therefore be discarded for the model comparison using Bayes factor, as they exhibit too low IDIC
values, indicating a poor goodness of fit between the model and the data. Figure 1(b) displays the Bayes factor
calculated according to Eq. (5) from the difference in IDIC between models. In the damped case, the model
exhibiting the highest positive Bayes factor is associated with 394 planes. In the undamped case, however, the
data seems to prefer the model associated with 994 plane waves. This is in line with the intuition that sound
fields of increased complexity should be modelled with an increased number of plane waves. Note however
that the values of 394 and 994 plane waves are given as indicative values of what would be a sensible choice
for the number of plane waves. They should not be taken as clear-cut values, as they strongly depend on the
arbitrary choice of models used in the comparison.

Once a suitable model has been selected, the posterior probability samples generated for the calculation of
the IDIC can also be used to estimate the mean value of each model parameter (i.e., each plane wave amplitude)
in the plane wave expansion. Figure 2 shows the mean over the 100000 samples of the complex amplitudes
magnitude at 1 kHz for the damped and undamped rooms (Figs 1(a,b) and 1(c,d), respectively). The MAP
(regularized) estimate is also displayed for comparison. There is good agreement between the regularized and
mean estimates for both damping conditions.



4 CONCLUSIONS
This work has introduced the Deviance Information Criterion (DIC) as an efficient means of selecting plane-
wave decomposition models. Such criterion is particularly adequate for high-dimensional model selection appli-
cations, for which a fully parameterized Bayesian estimation may be too computationally demanding.
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ABSTRACT
It is essential for various applications in sound field analysis and sound field control to characterize the spatial
properties of a sound field in a room. Standard sampling techniques require an extensive number of measurement
points in order to accurately capture the sound field within an extended region of the room. In order to reduce
the experimental effort, it is the objective to reconstruct the sound field based on only a limited number of
measurements. This contribution presents a probabilistic Bayesian approach for the spatial reconstruction of the
sound field for small and medium-sized rooms in the modal frequency range, since the Bayesian approach is
well suited to handle a lack of experimental observations. A plane wave expansion model is used to decompose
the sound field in the reconstruction domain and the posterior distributions of the plane wave amplitudes are
inferred through Bayesian inference. The proposed method is able to accurately reconstruct the reference sound
field and it additionally results in a probability distribution of the sound pressure at each reconstruction point.
This additional information enables to quantify the uncertainty of the reconstruction and provides insights into
its robustness, which is the main benefit over conventional deterministic reconstruction methods.

Keywords: Sound field reconstruction, Bayesian inference, Inverse problems

1 INTRODUCTION
In various applications in sound field control like room compensation and sound field equalization it is of ut-
most importance to capture the spatial properties of a sound field [1]. However, basic sampling techniques
usually require an extensive number of measurement points, which results in a heavy measurement effort and
thereby high experimental costs [2].
In recent years, research has established on developing sound field reconstruction methods that allow the re-
construction of a sound field in a room based on only a limited number of measurement points. All these
methods have in common that they are based on physical wave propagation models. The principle idea is to
project the sound field onto an elementary wave basis like plane waves or spherical waves [3]. The propagating
wave model is then used to predict the sound field throughout the entire domain. This approach allows for an
approximate reconstruction also at regions, where no direct measurements are performed. The amplitudes of
the chosen wave basis need to be determined based on certain sound pressure measurements at the observation
points. This problem is characterized as an ill-posed inverse problem [4]. Conventional deterministic recon-
struction approaches try to overcome this ill-posedness by adding regularization or assuming sparsity in either
the spatial, modal or the temporal domain. This sparsity assumption justifies the use of sparse reconstruction
approaches such as compressive sensing [5, 6].
This work presents a Bayesian approach for the spatial reconstruction of a sound field in a room in the modal
frequency range. A Bayesian approach is chosen, since it is well suited to handle a lack of experimentally
observable information [7]. Furthermore, the use of Bayesian inference (BI) results in a probability distribu-
tion of the sound pressure at every point in the reconstruction domain. In contrast to deterministic methods,
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analyzing this probabilistic distribution enables to obtain knowledge about the uncertainty and robustness of the
reconstruction.
In the past years, BI has proven to be a suitable method to solve ill-posed inverse problems and has also found
different applications in the field of acoustics. Beaton and Xiang [8] used BI for acoustic modal analysis in
rooms, Xiang et al. [9] employed BI to estimate the sound energy decay rate for coupled enclosures and An-
toni [10] employed BI to reconstruct the acoustic field radiated by sound sources. Moreover, BI is adopted for
sound source localization [11, 12] and the estimation of porous material model parameters [13, 14].
To the authors’ knowledge, Bayesian approaches for sound field reconstruction have mostly focused on the
time-frequency domain. This work employs BI to reconstruct the spatio-spectral properties of a sound field in
a room, specifically in the modal frequency range.

2 MODEL DESCRIPTION
The sound field inside an acoustic domain can be approximated by a truncated plane wave expansion model [3]

p(rm)'
N

∑
j=1

A j e−i(k j ·rm)+n, (1)

where each term in the sum represents one of the N plane waves composing the sound pressure p(rm) at
the position rm. The complex-valued coefficients A j correspond to the unknown amplitudes of the plane waves,
which are propagating in the direction specified by the wave number vector k j. It lies on the surface of a sphere
with a radius of k = 2π f/c [3]. It is sampled from a Fibonacci sphere in order to guarantee evenly distributed
propagation directions of the plane waves. The noise present in measurements is denoted as n. Please note
that no information about the boundaries, the geometry of the room or the sound source is necessary, since the
model only consists of propagating plane waves. In order to determine the unknown amplitudes A j, a Bayesian
approach is utilized.

3 BAYESIAN INFERENCE
The centerpiece of BI is Bayes’ theorem, which can be formulated for the case of sound field reconstruction as

π(a|p) = π(p|a)π(a)
π(p)

, (2)

where p represents the measured sound pressure vector and the vector a contains the unknown complex plane
wave amplitudes. The Bayesian approach can be interpreted as updating one’s prior knowledge π(a) about the
plane wave amplitudes once experimental sound pressure data are incorporated through the likelihood π(p|a)
and obtaining the posterior probability distribution π(a|p) by applying Bayes’ theorem [7]. The evidence term
π(p) only serves as a normalization constant in the case of parameter estimation. Yet, a closed-form solution of
the posterior distribution is not traceable for complex engineering problems. In order to circumvent this problem,
it is approximated using sampling based approaches like the Markov Chain Monte Carlo (MCMC) method. It is
the general idea to draw a sequence of samples from the posterior distribution, which proportionally represents
the target distribution. If the number of samples is sufficiently high, the approximate distribution converges
towards the target distribution. In this work, the state-of-the-art gradient based No-U-Turn sampler (NUTS) is
utilized [15], which is implemented in the probabilistic programming environment Stan [16]. According to the
principle of maximum entropy, a uniform prior distribution is assigned for the plane wave amplitudes [7]. The
bounds of the uniform distribution are chosen based on the maximum measured sound pressure as

ℜ
{

A j
}
,ℑ

{
A j
}
∼U (−2pmax,+2pmax) , (3)

where pmax represents the maximum sound pressure magnitude, which is observed at the considered frequency
at the point with maximum sound pressure among all measurement points. The likelihood is also assigned
according to the principle of maximum entropy, which results in a Gaussian likelihood [7].
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Figure 1. Geometry and dimensions of the measured
cuboid room with the highlighted horizontal measure-
ment area in blue. Adapted from Schmid et al. [18]

Figure 2. Experimental setup to measure the refer-
ence sound pressure field inside the room [18].

Sampling of the posterior is performed frequency-wise, with six independent chains and 1000 samples per
chain. 1000 tuning-samples are initially drawn for tuning the hyperparameters of the NUTS algorithm. These
samples are discarded after tuning. In order to assess convergence of the sampling algorithm, the Gelman-Rubin
convergence criterion is evaluated [17]. The sampled posterior distributions of the complex-valued amplitudes
are used to reconstruct the sound pressure in the domain based on the wave propagation model formulated in
Eq.(1).

4 RESULTS AND DISCUSSION
Experimental measurements are performed in an approximately cuboid room of dimensions Lx = 3.31 m, Ly =
4.41 m, Lz = 2.97 m, a Schroeder frequency of fS = 500 Hz and a reverberation time of around T60 = 2.7 s.
The floor, the walls and the ceiling are made of concrete with only minor irregularities at the boundary. A
sketch of the investigated room is depicted in Fig. 1. The sampling of the reference sound field is determined
using a microphone, which is placed on a robotic arm. This enables to precisely position the microphone in a
measurement plane parallel to the floor. The measurement area is highlighted in blue in Fig. 1. The reference
sound pressure field is measured at 1734 positions in the area x = [0.85m, 2.45m], y = [1.0m, 3.4m] and a
height of z = 1.58m. This represents a dense spatial sampling of the sound field in this area, which is used as
reference sound field. The complete measured data set is available online [19]. Out of these data, 100 mea-
surement points are randomly picked for the reconstruction. These data points are highlighted as black crosses
in Fig. 3. The reconstruction is performed in the modal frequency range between 50 Hz and 500 Hz and 100
plane waves are selected to decompose the sound field for the propagating wave model formulated in Eq.(1).
Since the plane wave amplitudes are complex-valued, the problem is notably underdetermined.

Fig. 3 shows the comparison between the measured reference sound field in the measurement area and
the reconstruction using the Bayesian approach at the two exemplary frequencies of 150 Hz (top) and 400
Hz (bottom). The mean of the posterior distribution of the sound pressure is plotted as a color plot and the
reconstructed sound field is in accurate accordance to the measured reference sound field for both depicted
frequencies. The method leads to precise reconstruction results in extrapolation regions, where no data points
are located. For the BI reconstruction, the standard deviation of the posterior distribution is superimposed as
a gray scale contour line plot in Fig.3. This additional information allows to identify regions of high standard
deviation and thus enables to quantify the uncertainty of the reconstruction. This can be considered as the most
significant advantage of the Bayesian approach compared to conventional deterministic reconstruction methods.
It can be observed that the regions of high standard deviation are located mostly at the boundary of the domain
and at regions, where no data points are located.



Measurement BI reconstruction

150 Hz

400 Hz

Figure 3. Comparison between the measured sound pressure field in the measurement area of the room (left)
and the BI reconstruction (right) at 150 Hz (top) and 400 Hz (bottom). For the BI reconstruction, the mean
of the posterior distribution of the sound pressure magnitude is depicted in color and the standard deviation is
superimposed as a gray scale contour line plot. The black crosses highlight the data points.

In order to quantitatively assess the performance of the proposed method, the modal assurance criterion (MAC)
is employed [20]

MAC =
‖pH p̃‖2

2
(pHp)(p̃H p̃)

. (4)

The vector p represents the measured reference sound pressure and p̃ denotes the reconstructed sound pressure
field. The superscript H indicates the Hermitian. The MAC is an error measure to assess the consistent corre-
spondence between two vectors. It takes values between 0 and 1, where 0 indicates no similarity and 1 perfect
similarity between the reference and the reconstructed sound field [20].

Fig. 4 shows the MAC in the frequency range between 50 Hz and 500 Hz. Generally, the method leads to
an accurate reconstruction in the whole considered frequency range with a minimum MAC value of 0.69 at
a frequency of 490 Hz. The accuracy of the reconstruction clearly decreases in the higher frequency range,
which is reflected in lower MAC values. This can be explained by the fact, that the modal density and hence
the complexity of the sound field are increasing with frequency and the constant number of data points are no
longer sufficient for the reconstruction.

5 CONCLUSIONS
A Bayesian approach is presented to reconstruct the sound field in an enclosure in the modal frequency range.
Throughout the examined frequency range between 50 Hz and 500 Hz, the method leads to an accurate recon-
structions of the measured reference sound pressure field, even in extrapolation regions. The major advantage
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Figure 4. MAC of the Bayesian reconstruction in the frequency range between 50 Hz and 500 Hz.

of the Bayesian approach over conventional deterministic reconstruction methods is that it provides a probabil-
ity distribution for the sound pressure at each reconstruction point. Evaluation of this probabilistic distribution
enables insights into the uncertainty and robustness of the reconstruction and allows for a more comprehen-
sive prediction of the sound field. For example, future experiments can be planned in such a way that new
data points are placed in regions of high uncertainty. Yet, this additional uncertainty information comes with
its price. Since the computational effort of sampling the posterior distribution is noticeably higher compared
to deterministic methods, the Bayesian approach seems particularly suitable for cases, where this uncertainty
information is desired.
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ABSTRACT
There often exists a long delay echo in complex, particularly in a large volume center, owing the ability to
undertake the significant economical activities. Another acoustic phenomenon easily neglected is that
strong sound focusing in certain parts in big span roofing buildings will form a "buzzing" chaotic sound
when listening in this area, causing the hearers’ subjective auditory clarity to decline. Either would cause
severe acoustic quality defects, bringing undesirable auditory experience to both users and workers here,
even hampering one exhibition ’ s normal proceeding. One Convention and Exhibition Center and one
gymnasium in China, with several functions and their main common property is big roof. As complex, the
basic requirements of the architectural sound quality design of the halls of the convention &Exhibition and
stadium centers include sufficient loudness, satisfactory clarity, indoor RT, language clarity,relatively
uniform effect of the whole audience, fullness, intimacy and anechoic interference.Therefore,how to obtain
satisfactory acoustic effects will be underlining considered through taking corresponding specific measures
to ensure the fulfilled acoustical effects. After the design, appropriate RT, STI, D50 and sound field
distribution can be acquired to eliminate the acoustic defects such as echo, trembling echo, acoustic focus
and resonance.
Keywords: Large volume center, Long echo, Acoustic focus, Acoustic simulation, Design parameters

1. INTRODUCTION
Big span roofing buildings have strong sound focusing phenomenon in certain parts, which will

form a "buzzing" chaotic sound when listening to the sound in this area, causing the subjective
hearing clarity of people's ears to decline, affecting the hearing and understanding qualities of
normal explanation dialogue. Especially when sound reinforcement is used, the disturbance is more
serious. If the top of the convention & exhibition hall in the Center is a big span roofing dome or a
shape like that, when the sound wave meets the curved top in the propagation process, the big span
roofing dome will form a concentrated reflection of the sound wave, resulting in the sound energy
density of the reflected sound wave larger than that of the incident sound wave. This procedure
brings about the reflective sound to concentrate in an area where it is amplified, necessarily to be
improved by an ideal design plan through computer simulation.

2. ACOUSTIC SIMULATION

2.1 Simulation Principle
Acoustic simulation is a simplified three-dimensional model from the acoustic perspective. The

geometric model is established in the same way as the application parameters (such as room physical
conditions and material parameters) are input. in this model, convention, exhibition and sports
competition functions’ effectiveness can be predicted by the applicable approximation algorithm in
sound transmission appearing in the targeted buildings. According to these results, acoustic quality
indicators for any location in the arena can be deduced. The calculation method adopted by
RAYNOISE in this research is suitable for the big span roof buildings, which is more advanced than

1 525831368@qq.com
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the ray-tracing method that has been used at present[1]. After selecting the appropriate input
parameters, the results can be obtained which are nearly close to the actual situation,combining
materials in architectural design and acoustic parameters of the structure. Using this methodology,
we can quantify the effect of each acoustic measure indicator, ensuring the completion of design and
construction of the best sound environment in the objected rooms.

2.2 Simulation Process
To calculate the acoustic parameters, such as clarity, rapid transmission index or intensity values,

we replace diffusing sound waves with sound particles that travel at the speed of sound in the
direction of sound waves. The sound particles start from the simulated emission point, in accordance
with the directional characteristics of the emitter, radiating in all directions of the field. When them
reach the field interface, they lose energy on account of the absorption of the surface,scatter
according to lambert's law, thanks to their diffusion ability and the distance to the edge of the
incident point. In this way geometry can be reconsidered in order to match the refraction effect
ignored by the approximation. This gives the engineer a detailed map of each point on the selected
auditorium surface, including the sound particles’ number, sound energy, and short distance of input
sound reflections, the material surface area, and the percentage of the surface that absorbs sound.

To calculate acoustic indicators for RASTI and clarity, RAYNOISE uses a more complex random
cone tracking method in which the surface of the accepted ball increases over time and this
divergence recreates the ideal acoustic state. The first diffusion reflection follows Lang Burt's law,
generating the directional mirror sound source, while dealing with the sound reflection of higher
levels. In this process, relatively accurate echogram predictions for the first 500-700ms can be
formed after direct sound arrival, and the reflection results of the remaining uncertain sound energy
density can be screened out with this method, which can accurately achieve the desired prediction
effect.

3. Specialization analysis on the two cases

3.1 Acoustic Treatment on the Roofs of One Gymnasium and One Exhibition Center
The roof in one gymnasium is the place where sound reflection ought to exist,the same as the

effective place of sound absorption. According to the statistics, the roof of the stadium in various
shapes accounts for about 40% of the total surface area of the stadium, which plays a major role in
sound absorption. Sound energy in a stadium usually passes through the ground - ceiling - ground.
There are multiple reflections between the surfaces,which counts for the ceiling's sound absorption
with the most efficiency in the entire stadium. This gymnasium builds a circular dome roof, which is
designed to use perforated aluminum plate in the facade of the edge of the glass skylight in the
middle top of this stadium (Figure 1)and consider the sound transfer in the auditorium, stimulating
the roof with full sound absorption and could effectively reduce reverberation time and improve
indoor sound quality.

Figure 1 – The roof in one gymnasium and perforated aluminum plate used in the facade of the edge of the

glass skylight in the middle of this stadium



Figure 2 – Case drawing of perforated sound-absorbing panels installed in skylight facade area

Figure 3 – The roof in exhibition hall decorated with glass fiber sound absorption base plates and

perforated aluminum plates in the ceiling
In order to control the reverberation time in the hall of another comprehensive

convention&exhibition center, it is necessary to carry out sound absorption treatment from the
architectural design stage combined with decoration. For the gymnasium, it is proposed that the
average sound absorption coefficient of the sound absorption ceiling in the gymnasium should reach
0.6 ~ 0.8 ( ā = 0.6 ~ 0.8). The microporous sandstone sound absorption plate was adopted to
acoustically raise stadium top, and the rear cavity was filled with 50mm thick 48K bulk density glass
wool. Inorganic environmental protection microporous sandstone sound absorption board belongs to
porous sound absorption material, which is a new class A fireproof sound absorption material.The
sound wave can go through the internal pore viscosity friction causing consumption of sound energy.
The material has no gap for installation, only through splicing installation of the whole roof top
shape to gain satisfying sound energy absorption. Subsequently, the architectural acoustics
technology and aesthetic art complete organic integration,which not only meets the sound insulation
and heat preservation requirements, but also achieves the aim of keeping roof system with sound
absorption effectiveness.

Similarity could be found in the exhibition&convention center whose hall ceiling is decorated
mainly with the white perforated aluminum plate(Figure 2 and Figure 3 shows the configuration) as
well company with other materials on the walls(Table 1). obviously, the aluminum plate manifests
more powerful sound absorbing ability than any other material.

Table 1 – Materials used in 3d acoustic models and their sound absorption coefficients in the

exhibition&convention center

Positions Materials
Coefficients of absorbing materials

125 250 500 1K 2K 4K

Hall

ceiling

White perforated aluminum

plate
0.25 0.42 0.65 0.62 0.55 0.48



Hall

ceiling
Dark grey paint 0.01 0.01 0.02 0.02 0.02 0.03

Hall

ceiling
Tempered laminated glass 0.10 0.06 0.04 0.03 0.02 0.02

Hall walls Glass curtain wall 0.10 0.06 0.04 0.03 0.02 0.02

Hall walls Wood grain aluminum veneer 0.12 0.08 0.06 0.03 0.02 0.02

Hall walls Aluminum oxide 0.12 0.08 0.06 0.03 0.02 0.02

Hall walls Floor paint 0.01 0.01 0.01 0.02 0.02 0.02

Figure 4 – 3D acoustic model of the convention&exhibition center(upper)&Convex and concave texture

modeling of the competition hall(lower left and right)

The sound source is located in the center of the hall, 1.5m high from the ground, a non-directional
point sound source, which is illustrated together with the intensive ceiling mesh however in enough
accuracy degree in Figure 4. The sound sources are arranged separately in the center area of the
stadium and in the middle of the auditorium to the different angles’ directions(Figure 5,Figure 6),
demonstrating the distinctive sound waves’ scattering situations.3D acoustic model of the stadium
was established shaped in convex and concave texture surrounding a middle circle, representing a
circular roof covering the whole functional rooms as a whole.While the convention&exhibition
center’ model appear a ellipse with a little rectangular plane, corresponding to the shape of roof and
interior ceiling.

3.2 Acoustic Handle of the Stadium’s Glass Skylight Vertical Edge
Combined with the existing architectural conditions of the stadium, acoustic absorption treatment

is made of the position of the edge perpendicularity and glass frame of the glass skylight in the
center of the roof, which can effectively avoid the echo between the glass skylight and the sky and
earth in the center area of the stadium. Perforated aluminum panels covering the glass skylight edge
frame,constructed in convex and concave texture(Figure 5,Figure 6), perfectly responding to



acoustic analysis of each multi-unit modeling, deducing that sound energy reflects and scatters to
other interfaces in the stadium, and there is no sound focusing phenomenon in the roof.

Comparatively,in the convention center, enhanced glass fiber sound absorption base plate added
behind the white smallpox punching aluminum plate in the ceiling and perforated sound-absorbing
panels installed in skylight facade area, both two upgrade the sound absorbing performance. While in
the stadium, the microporous sandstone acoustic absorption board made up to 70% of the sound
energy absorption, and the remaining 30% was reflected and scattered to other interfaces in the
stadium, without sound focusing phenomenon in the auditorium.

Figure 5 – Convex and concave unit and the reflected sound of acoustic wave on the ceiling analysis 1、2、

3、4、5、6

Figure 6 – Convex and concave unit acoustic analysis 7
It could be discovered that in position 1,3,5,6 the sound reflective waves form a couple of thin

pyrometric cone red bunches from the middle of the auditorium.While in position 2,4, red reflection
is in triangular plates with a relatively large area just because the scattering waves are straightly
directed to the lower roof which own bigger turning surfaces.In the third situation, the source is
located in the center area,and the main reflective sound waves are nearly perpendicular to the area.

7

1 2
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4. Selection of appropriate acoustic parameters
This surveyed case adopted 3 typical parameters,which could reflect and determine the sound

quality[4] of the large span building.
(1) Reverberation time(RT), which is an important part of the acoustic index in the design

specification to represent the quality of the sound environment[5].
(2) Clarity D50,which is used to evaluate the clarity of language[6]. It is defined as the ratio of

the acoustic energy received in the first 50ms to the total acoustic energy received at a certain place
in the field(equation(1)).

퐷50 = 0푚푠
50푚푠 푝2(푡)푑푡∫

0푚푠
∞ 푝2(푡)푑푡∫

% (1)

Where, P(t) is the impulse response of the receiving point. The higher the value of D, the higher
the clarity, extreme case in the free field, D = 1. D&gt; 50% will get better speech clarity.

(3) STI,which represents the distortion degree of language information in the process of sound
transmission, and the language intelligibility, which is the basic index of electroacoustic
amplification in a hall with large volume.
The STI value ranges from 0 to 1. According to the test results of Chinese intelligibility,

considering the requirements of convention & exhibition, competitions and multifunctions, it is
usually recommended that STI lower than 0.4 can meet the listening requirements, and the
classification of the FAST Speech Transmission Index (RASTI) can be seen in Table 2 below.

Table 2 – Classification of the Language Transmission Index RASTI

RASTI values 0.00-0.30 0.30-0.40 0.40-0.60 0.60-0.80 0.80-1.00

levels Bad Poor Fair Good Excellent

5. Acoustic simulation results

5.1 Simulated calculation value of RT in the two buildings

Table 3 – Simulated calculation value of RT20 in full field (seconds) in the convention&exhibition hall

Simulation

parameters

Octave middle frequency(Hz)

125 250 500 1K 2K 4K

RT20 4.43 3.49 2.73 2.77 2.83 2.64

Figure 7 – Center hall RT20 distribution of 500Hz (left) and 1KHz (right)
In Table 3 and Figure 7, Average RT20 values, particularly in 500Hz and 1KHz frequencies in the

center hall are approximately 2.73~2.77s, assisting with aggregation sand absorbing plates.
Microporous sandstone acoustic absorption boards constitute the convex and concave texture of the
competition hall, which gives RT30 result. Both illustrate a relatively evenly sound field distribution
without any edged defects,especially on the seats area(distribution map seen in the table 4).

Nevertheless, it is not difficult to infer that the center hall has a quite twice longer RT compared



with that in the stadium hall, and the reason could be the specialized purposes attributed to the
respective functional demands of two architectural styles, that sports competition needs rigid and
brief signal reception and feedback but as for one exhibition center it seems a lengthening echo helps
to create a melodious atmosphere implying common prosperity in the commercial economy.

Table 4 – Competition hall RT30 distribution of 500Hz (left) and 1KHz (right) in full field(seconds)

Frequency RT30 Stadium reverberation time distribution map

500Hz 1.9-2.1 s

1000Hz 1.8-2.0 s

5.2 Simulated calculation value of D50 in the two buildings

D50 reveals the percentage of the ratio of sound energy in the direct sound to total sound energy
and its subsequent 50ms. The D50 value should be greater when more than 50%, when there is a
necessity to keep the sound quality clear and the sports competitions could be organized under the
most ideal acoustic standards in the stadium.

In most areas of the simulation in both halls(Table 5,Figure 8 and Figure 9), the values are
between 50-60%, which undoubtedly prove the clear direct sound information acquisition. But it is
interesting to point out that the center hall shows colorful plaques in the site area, in the center there
exists the highest sound energy, and the closer to the edge, the lower the sound energy.While the D50
values in the auditorium of the stadium give mild coherence with the values largely between 0.4 and
0.6.

Table 5 – D50 simulation value under full field condition in the convention&exhibition hall

Simulation

parameters

Octave center frequency(Hz)

125 250 500 1K 2K 4K

Clarity D50 0.43 0.51 0.60 0.56 0.50 0.55



Figure 8 – Exhibition hall clarity D50 distribution of 500Hz (left) and 1000Hz(right)

Figure 9 – Definition distribution map of the stadium

5.3 Simulated calculation value of STI in the two buildings

Table 6 – STI simulated value under full field condition in the convention&exhibition hall

Simulation parameter Mean value

Speech Transmission indicator (STI) 0.55 (exhibition center) 0.45~0.55 (gymnasium)

Figure 10– STI distribution of lobby Speech Transmission Index and Exponential distribution of fast

speech transmission in the convention hall(left) and in the stadium(right)
Generally, an appropriate value of RASTI should be greater when more than 0.4, which is

displayed in the sound energy coverage area of the sound amplification system. Most values in the
audience domains in the two buildings are between 0.45 and 0.55(Table 6,Figure 10), indicating a
good fidelity of sound field information no matter it is in the convention hall or in the stadium. Quite
similar, it is necessary to point out that the exhibition center hall shows the resemblance in the
regularity of STI distributions in the site area and in the auditorium of the stadium, it gives mild
coherence with the values largely between 0.4 and 0.6.



6. Conclusion
(1) For reverberation time and frequency characteristics, they are exclusively important

evaluation indexes of sound quality under open field conditions.The intermediate frequency RT20 in
the auditorium of the convention center is about 2.77s,whereas, RT30 in center frequency in the
gymnasium ranges between 1.8s and 2.0s, both distribution are uniform, and there is no large
fluctuation.

(2) The sound field in the halls are relatively evenly distributed,without sound defect
phenomenon that produces sound focusing and quivering echo as well.The simulation distributions
of D50 and STI in these two buildings shows that the values are almost above 0.5, indicating a good
language intelligibility.

(3)Although a quite numbers of outcomes about virtual reconstruction of the historical acoustics
(such as the ancient Roman theaters and so on)[7,8,9] have revealed they recommended the present
general simulation technology, as well as they provide meaningful reminder of significance for
modern acoustics in large span roof space similar with theaters,which could be particularly found in
convention&exhibition centers or gymnasiums indicated as key cases within this paper.
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ABSTRACT 

The Nishiwaki Community Hall “Orinas” opened in May 2021. The main space in this facility is the 
multipurpose hall with 602 seats. One of the acoustic features of this hall is the use of perforated blocks as 
the interior material for the side walls. In the design stage, we were concerned about possible acoustic 
phenomena caused by the line grid arrangement of uniformly sized and equidistant holes. Therefore, in the 
construction stage, the sound absorption coefficients of the perforated blocks were measured under various 
conditions while changing the depth of the air space behind the perforated blocks to the walls in the 
reverberation chamber. The measured results indicated that (1) with no or very small air space, there are large 
peaks of absorption coefficient at certain frequencies, and (2) with 150–400 mm air space, the frequencies 
and degrees of the peaks of absorption coefficient depend on the depth of air space. Finally, different air 
spaces in the range of 150–300 mm were selected by tilting the walls behind the perforated blocks. Acoustic 
measurements after construction showed no significant acoustic phenomena. In addition, to reveal the 
mechanism of the sound absorption, we conducted computer simulation based on the finite element method. 
The results of the simulation are also introduced in this paper. 

 

Keywords: Acoustical design, Absorption, Wave acoustic analysis 

1. INTRODUCTION 
The Nishiwaki Community Hall “Orinas” is a new community space in the central city area that 

opened in May 2021 along with the new City Hall building. This facility was designed for replacing 
the old civic center, which had problems such as deterioration and lack of the earthquake-resistant 
performance. The facility includes a multipurpose hall, "Orinas Hall," which has 602 movable seats, 
10 studios for various purposes such as music, dance, exercise, and cooking, a lounge, a coffee shop, 
and a rooftop terrace that can be used freely by anyone. The functions of this facility are not only to 
related to the arts and cultural activities, but also to health and welfare, and to tourism.  

Table 1 gives the outline of the facility. This paper introduces the acoustical design of Orinas Hall 
which is the main space of this facility. One of the acoustic features of this hall is use of perforated 
blocks as interior material for the side walls. In the design stage, we were concerned about possible 
acoustic phenomena caused by the uniformly sized and equidistant holes forming a line grid. Therefore, 
in the construction stage, the acoustical properties of the blocks were measured to determine the 
optimum installation configuration. Upon completion of construction, we performed reflected sound 
measurement on site and confirmed that proper acoustic conditions were realized. In addition, to 
reveal the mechanism of the acoustic absorption, we conducted the computer simulation based on the 
finite element method. The results of the simulation are also introduced in this paper.  
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Table 1 – Outline of the facility 

Name The Nishiwaki Community Hall “Orinas” 

Location 128-1 Shimotoda, Nishiwaki, Hyogo, Japan 

Rooms 
Multipurpose hall, studios (10), lounge,  

coffee shop, terrace, etc. 

Client Nishiwaki City 

Design Showa Sekkei Inc. 

Acoustical Design Yamaha Spatial Audio Group 

Constructor Dai Nippon Construction 

Structure Steel structure (partially, RC and SRC) 

Construction period September 2019 – March 2021 

2. DESIGN CONCEPT 
The hall was requested by the client, Nishiwaki City, to fulfill various civic activities, not only 

activities that were held at the old civic center, such as music concerts, plays, and lectures, but also 
calligraphy exhibitions, art exhibitions, and so on. Therefore, movable seats were installed to 
accommodate various audiences and stage configurations according to performance styles, which 
include two main formats: a stage viewing format with a stepped floor and seats, and a flat floor 
format without seats. In addition, the configuration of the various equipment has been simplified with 
consideration of a use case by a small number of residents. Thus, the hall can be used for multiple 
purposes and it is designed to be easy to use by residents.  

A plan and section of the hall and specifications are shown in Figure 1. A summary of the acoustical 
design concepts is shown in Figure 2. 

Among the various uses, design for acoustical instruments was considered to be most important. 
In order to achieve sufficient air volume to create a rich resonance for classical music performances, 
a general ceiling interior was not installed and a large volume above the ceiling was secured, resulting 
in air volume of 13.1 m3 per seat. In addition, for sufficient loudness and clarity of sound, reflectors 
above the front audience area were installed to provide early reflections continuously from the stage 
ceiling reflectors. Other reflectors under the catwalks exposed above the audience area were also 
installed to provide the early reflections from above.  

These exposed catwalks can be utilized for various performances by hanging various equipment. 
Sufficient reverberation time range is achieved due to large absorption inside the stage fly. For these 
reasons, this configuration can be used for multiple purposes.  

8.4 m
13.2 m 

23.0 m 

26.3 m 
14.4 m
(Drama mode)

9.7 m
18.0 m 

(Concert mode) 

V=7,910 m3 
S=3,210 m2 
N= 602 seats 
V/N=13.1 m3/seat 

Figure 1 – Plan and section of the hall 



 

 

Securing the spatial effect required for classical music performance was also an important 
requirement. To ensure lateral reflections for all audience members, the lower part of the side walls 
have zig-zag diffuse reflection surfaces and acoustical eaves. Further, the upper part of the side walls 
was expected to have a diffusion effect in the design stage. On the other hand, the architectural 
designer had as the design concept the creation of a hall imbued with calmness and warmth and a 
special place where audiences can feel a sense of elation. To achieve both the diffusion effect and the 
design concept, it was decided to install stacking perforated blocks, which is a characteristic design 
(the part shown in yellow in Figure 2). Out of concern about acoustic phenomena arising from the 
uniformly sized and equidistant holes forming a line grid, we conducted detailed studies in the 
construction stage. The findings are introduced in detail in the next chapter.  

3. STUDY OF THE ACOUSTIC CHARACTERISTICS OF PERFORATED BLOCKS 

3.1 Summary 

The details of a “perforated block” (hereafter, block) are shown in Figure 3. By stacking these 
blocks, 100 mm square holes are configured in vertical and horizontal lines at equidistant intervals, 
the perforation ratio of the surface is about 25%. Due to the weight and perforated shape of the block 
itself, it was expected to be effective as a diffusing element. On the other hand, we were concerned 
that it would become a Helmholtz resonator that absorbs specific frequencies like a perforated panel. 
Thus, in the design stage, the blocks were placed close to the walls.  

However, as we had never used such shape elements, there was the risk of unexpected acoustic 
characteristics. Therefore, to clarify the acoustic characteristics, we made a mockup and studied its 
acoustic characteristics in the construction stage.  

3.2 Acoustical Study in the Construction Stage 

In the construction stage, we made a side wall mockup of 10 m2 by arranging 126 blocks on gypsum 
boards, and we measured the sound absorption coefficients in a reverberation chamber. Measurement 
was done in three patterns, (1) Design specification: “with no air space” between blocks and boards, 
(2) Considering construction accuracy: “with 10 mm air space”, and (3) Large air space: “with 300 
mm air space”. The experiment photo is shown in Figure 4, the measurement results are shown in 
Figure 5. Only in patterns (1) and (2), large peaks of sound absorption coefficient (about 0.6) were 
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Figure 2 – Summary of the acoustical design 
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seen around 315 Hz. These results indicate that the specification of boards closely behind the blocks 
entails the risk of absorption at a certain frequency. In addition, the result of pattern (3) suggested that 
the peak of the absorption may become smaller and the peak frequency may shift by large air space. 
There is a possibility that the sound absorption coefficient of the high frequencies above 1 kHz is 
affected by the absorption itself of the elements (interlocking blocks) used for making air space.  

Based on these results, in order to study the effect of the depth of air space, we performed 
measurements in three additional patterns, (4) “with 150 mm air space”, (5) “with 250 mm air space”, 
and (6) “with 400 mm air space”. The elements used for making air space were changed to wood with 
low absorption. The measurement results are shown in Figure 6. In patterns (4) and (5), no large peaks 
of absorption were seen, and sound absorption coefficients ranged from 0.1 to 0.3 at all frequencies. 
In pattern (6), a peak of sound absorption coefficient (about 0.4) was seen around 500 Hz, and the 
peak was smaller than the peaks in patterns (1) and (2). At above 1 kHz, there is a possibility that the 
sound absorption coefficient of the block seems to be slightly larger due to the effect of the absorption 
itself of the elements (wood) used for making air space.  

The results of this series of experiments indicated that with no or very small air space, there are 
large peaks of absorption coefficient at certain frequencies, and with 150–400 mm air space, the 
frequencies and degrees of the peaks of sound absorption coefficient depend on the depth of air space. 
Therefore, we decided to change the depth of the air space in order to eliminate the bias of sound 
absorption coefficient by frequency. Finally, different air spaces in the range of 150–300 mm were 
selected by tilting the walls behind the perforated blocks (Figure 7). In addition, after reviewing the 
sound absorption coefficient, the reverberation time calculation was performed again. Based on the 
calculation results, we adjusted reverberation by removing the GW on the rear wall and not installing 
acoustic curtains around the catwalks area.  

3.3 Measurement of a Reflection Sound on Site 

In order to confirm the acoustic characteristics on site, the primary reflection sound from the block 
wall was measured after the completion of construction. The positions of the sound source and the 
measurement points are shown in Figure 7. The sound source was placed at a position without ceiling 

Figure 3 – Detail of “perforated block” 
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Figure 4 – Experiment photo (pattern (3)) 

Figure 5 – Measurement results: patterns (1) – (3) Figure 6 – Measurement results: pattern (4) – (6)



 

 

reflectors to eliminate the influence of reflection from the ceiling, and a total of 10 measurement 
points were set at intervals of 0.3 m from the front of the sound source. The impulse response was 
measured at each measurement point, and the primary reflection from the block wall was cut out and 
analyzed for frequency characteristics in the range from 200 Hz to 2 kHz.  

The frequency characteristics of each point and the average of 10 points are shown in Figure 8. 
Although peaks and dips are seen at each measurement point, each frequency is different, and no 
particular peaks or dips are seen from the results of average energy.  

The results of these measurements indicated that the peculiar characteristics of sound absorption 
at certain frequencies can be avoided, and the blocks provide proper sound diffusion. 

3.4 Verification of Acoustic Characteristics by Wave Acoustic Analysis 

The presence of large peaks of sound absorption coefficient around 315 Hz with no or very small 
air space cannot be explained because the frequency does not match with the air column resonance 
absorption by the block holes. In the future, in order to avoid the risk of interior materials having such 
special acoustical characteristics, we thought that it is necessary to elucidate the mechanism of this 
sound absorption. To this end, we conducted computer simulation based on the finite element method. 
Commercial analysis software (COMSOL) was used as the simulation software. 

First, we made a 3D model of half of the block, with a hole of 100 mm square and 120 mm depth, 
and calculated the normal incidence absorption coefficient and the random incidence absorption 
coefficient, with no air space behind the block. An overview of the 3D model 1 is shown in Figure 9, 
and the results are shown in Figure 10. In both incidence patterns, the peaks of sound absorption 
coefficient were seen around 600 Hz. The frequency of the peak did not match the experiment results. 
Since the air column resonance frequency is 709 Hz without considering the end correction, the peaks 
around 600 Hz seen in these simulations are considered to be due to the air column resonance.  

Next, we calculated the same patterns as the experiment, with 10 mm, 150 mm, 250 mm, 300 mm, 
and 400 mm air space behind the block. The results are shown in Figure 11. The large peak of the 
sound absorption coefficient was seen around 500 Hz with 10 mm air space, but the peak frequency 
did not match the experiment results. In addition, it was indicated that the peak of the sound absorption 
coefficient becomes smaller and the peak frequency shifts to lower frequencies as the depth of the air 
space becomes larger. These results of simulation indicate that the cause of the peak of absorption 
around 315 Hz is not a hole of 100 mm square and 120 mm depth.  

Then, we observed the shape of the block again and considered the possibility that a Helmholtz 
resonator is formed by the gaps between the blocks and the hollows on the side of the blocks (Figure 
12). We made a 3D model with a gap of 1 mm between the blocks, and calculated the normal incidence 
absorption coefficient and the random incidence absorption coefficient, with no air space behind the 
block. Thermoviscous acoustics was used to consider sound absorption by viscous friction of 
Helmholtz resonance. An overview of the 3D model 2 is shown in Figure 13, and the results are shown 
in Figure 14. The large peaks of sound absorption coefficient were seen around 350 Hz in the normal 
incidence pattern, and around 250 Hz in the random incidence pattern. These frequencies are close to 
the experiment results (around 315 Hz). Therefore, the cause of the large peak of sound absorption 
observed in the experiment is considered to be the absorption by the Helmholtz resonator formed by 
the gaps and hollows between the blocks. In the experiment, the gaps between the blocks were covered 
with masking tape to prevent air from entering and exiting, but it is considered that the effect was 
insufficient. On the other hand, since the gaps and hollows between the blocks are actually filled with 
mortar, it is considered that Helmholtz resonance does not occur on site.  

←Sound source (confronting speaker) 

↑Measurement points 
(omni-directional mic.)0.3 m 

Figure 7 – Positions of the sound source and 
measurement points 

2.4 m 

1.2 m “Perforated block”
Gypsum board 

Figure 8 – Frequency characteristics of 
primary reflection 



 

 

     

Figure 9 – Overview of the 3D model 1 (Hole of 100 mm square and 120 mm depth) 

Figure 10 – Simulation results with no air space: 3D model 1 

Figure 11 – Simulation results with air space: 3D model 1 

Figure 12 – Gaps and hollows between the blocks in the experiments 
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4. MEASUREMENT RESULTS OF THE HALL  
The measurement results of the hall are shown in Figures 15, 16, 17. 
In the concert mode, the reverberation time was 1.8 seconds (average in the midrange (250–2 kHz), 

unoccupied, same hereafter), and the average absorption coefficient was 0.20. These results satisfy 
the design target values, and sufficient reverberation is achieved. The frequency characteristics are 
flat in the midrange, resulting in a well-balanced acoustic condition. The value of LE5 (23%, average 
in the range of 500–2 kHz) is large, and a sufficient spatial impression is achieved.  

In the drama mode, the reverberation time was 1.4 seconds, and the average absorption coefficient 
was 0.24. These results satisfy the design target values, and sufficient reverberation time range is 
achieved. The value of D50 (59%, average in the range of 500–2 kHz) is large enough, and speech 
intelligibility without using the sound system is achieved sufficiently. The value of STI (0.63) using 
the sound system is “good”, and it is possible to amplify speech clearly.  

After the completion of construction, we confirmed the acoustic of the hall by playing instruments 
(violin and cello). Both instruments produced a clear and rich resonance, and thus a proper acoustic 
condition for playing acoustical instruments was realized. In addition, the lateral reflection sound 
gave a soft impression without glare, which is attributed to the diffusion effect of the perforated blocks. 

5. CONCLUSIONS 
Through the acoustical design of Orinas Hall, we confirmed the risks of using special interior 

material in the hall, as well as the importance of conducting a series of acoustic studies from the 
design stage to the construction stage. The acoustic characteristics of perforated blocks were revealed 
by experiments using mockups in the construction stage, measurements of the reflection sound on site, 
and wave acoustic analysis. 

Finally, a good acoustic condition was achieved by acoustic adjustment in the construction stage. 
 

Figure 14 – Simulation results with no air space: 3D model 2 

Figure 13 – Overview of the 3D model 2 (Gaps and hollows between the blocks) 
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Figure 15 – Reverberation time and average absorption coefficient of the hall 
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ABSTRACT 
This paper presents the Phase 1 of a research collecting the room acoustics data measured in performing arts 
spaces in Brasil, including concert halls, recital halls, multipurpose theatres, and black box theaters. The venues 
include historical theatres to brand new ones. Room acoustics parameters such as T-30, EDT, C-80, and G are 
presented for each room and compared in groups depending on the program, volume, and seat capacity. The 
measurement included different sets in the venues with adjustable acoustics mechanisms. For a limited universe 
of venues, questionnaires or interviews helped to understand the subjective preference of players and patrons. 
The publication of this database, the very first of its kind in Brasil, provides information for new projects and 
helps the understanding of listeners' preferences and design consequences in the acoustical climate of performing 
arts spaces. 
 
Keyword: Room acoustics, sound data 

1. INTRODUCTION 
The opening of Sala São Paulo in 1999 and the opening of Teatro Alfa (then Teatro Alfa Real) a year earlier, 

both in São Paulo, constitute a milestone in the technical design of the spaces dedicated to the performing arts in 
Brazil. 

Acoustics is no longer a "corrective bandage" on a ready and defined architectural project. On the contrary, 
at least in reference spaces, it became the driving force of the design decisions. After decades of delay, Brazil 
arrived at the same practice of collaboration between architects, acoustics consultants, and theater consultants as 
usual in the USA and many European countries since the 70s. It is worth noting the studies of geometric acoustics 
in the projects of architects such as Rino Levi in the late 40's and decades of the 50's and 60's. However, they are 
almost isolated examples. Unfortunately, much of the room acoustics remained decades frozen in the geometric 
acoustics and concepts of "optimum reverberation time." 

There was and still is lacking a survey of objective acoustic data and subjective reports of the performing arts 
spaces in Brazil. Many references used in projects and academia uses the data presented in Leo Beranek's versions 
of Music, Acoustics and Architecture (1) and Michael Barron's Auditorium Acoustics and Architectural 
Design(2). While the studies of Beranek and Barron are mandatory references, it is of uppermost importance to 
understand the sonic quality of the rooms built in Brasil. 

This work started in late 2019 and slowed down in 2020 and 2021 due to the Covid-19 pandemic. It is divided 
into two phases. In the Phase 1, we analyzed 11 spaces; 5 of them are presented in this paper. Phase 2 includes 
historical spaces, multiple-use theatres, and experimental theaters. By 2002, we expect to complete this research, 
including 22 spaces and as many subjective analyses as possible. 

All data refer to empty space and receivers positions as averaged for two source positions in the stage. The 
number of receivers depends on the size of the space. The acoustical measurements observed ISO 3382 (3). 
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2. SALA SÃO PAULO DE CONCERTOS (São Paulo) 
2.1 Description 

Sala São Paulo is an adaptive conversion of a portion of the Julio Prestes railway terminal in São Paulo, Brasil 
into a traditional "shoe-box" concert hall of 1509 seats and is an important element of the ambitious re-
organization program of OSESP Orquestra Sinfônica do Estado de Sao Paulo (State of Sao Paulo Symphony 
Orchestra). 

Estação Julio Prestes (Julio Prestes Terminal) dates from 1938, and the new concert hall occupies the space 
of the Grand Hall that was originally designed to serve as a reception area for the Sorocabana railway company's  
first-class passengers. Because of its location within an existing structure close to heavily used railway tracks, 
and its protected historical and architectural significance, the construction of the new concert hall and supporting 
facilities within it was an enormous challenge to the team engaged in the coordination, architecture, and acoustics. 

Sala Sao Paulo opened in July 1999, and since then the room has become a national landmark of culture and 
orchestral music performance. Sala became internationally acclaimed. 

Sala features a moveable ceiling composed by 15 panels, nine of them are central with 11,60 m x 4,96 m and 
six are lateral with 15,38 m x 3,7 m. The panels are made by special plywood sheets covered with finishing wood 
in irregular steps providing diffusing surface. Each panel weights 7,5 t. The moveable ceiling can be adjusted in 
several different sets to accommodate different musical compositions. The panels can be moved down and up by 
a rigging system installed in the Technical Floor. 

The space above the moveable ceiling and under the slab of Technical Floor is an acoustically coupled space 
to the main Hall by the space existing in the panels. The coupled response is further tunable by provision of 
absorptive banners that can be deployed in the space. 

2.2 Physical Data 
Table 1 – Physical data of Sala São Paulo 

Length 49 m – long distance (28 m from edge of the stage to most distant seat) 
Width 21 m – in the main auditorium floor, 25 m at above 
Height 12,2 m to 23,7 (max) 
Volume 12000 m3 to 29000 m3 
Number of seats 1480 

2.3 Acoustical Data and Room Illustration 
Different settings of the moveable ceiling and acoustical banners results in a variation of the reverberation 

time between approximately 1,5 s to 3,0 s. We choose one of the preferred arrangements to show one of possible 
acoustical signatures of Sala São Paulo as shown in Figure 1. 
 

   
Figure 1 – Acoustical data of Sala São Paulo -  ceiling # set 1 
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Figure 2 – Section and main auditorium plan of Sala São Paulo 

3. SALA MINAS GERAIS (Belo Horizonte) 
3.1 Description 

Sala Minas will be the new home for the Orquestra Filarmônica de Minas Gerais (Minas Gerais Philharmonic 
Orchestra).  The building has a 20.000 m2 built area and was planned and designed specifically for the orchestra.  
The facilities include the concert hall, administration area, dressing rooms, rehearsal rooms and foyers/public 
areas. 

The concert hall has 1500 seats with a hybrid shape combining a shoebox and surround hall – or a surround 
hall in a rectangular shape.  The design process started in 2008 with final details resolved in 2013.  The gala 
opening will be in March 2015.  During the concept design stage, the acoustical design team led the process 
describing acoustical requirements in terms of room shape, volume, stage size and so on. 

During the design, a 1:50 scale physical model was built and tested. Each important change or adjustment 
to the project was included in the model and a new set of tests run. The reverse process also took place: findings 
from the acoustical model drove adjustments to the architecture.  Computer modeling using ray trace acoustics 
and NURBS software helped the design process translation from acoustical requirements to architectural design. 

The hall has a series of adjustable acoustic elements: a moveable canopy over the stage, motorized acoustical 
banners and shutters on the stage walls that can be opened or closed. In December 2014 listening tests with the 
Orquestra Filarmônica were conducted in the new hall and first impressions were very good. 

3.2 Physical Data 
 

Table 2 – Physical data of Sala Minas Gerais 
Length 50,0 m – longest dimension 
Width 32,8 m – wider dimension 
Height 16,5 m – main floor to ceiling 
Volume 18900 m3 
Number of seats 1480 

3.3 Acoustical Data and Room Illustration 
 
 
 
 
 
 



   
Figure 3 – Acoustical data of Sala Minas Gerais 

   

 
Figure 4 – Plan and sections of Sala Minas Gerais 

 

4. SALA CECILIA MEIRELES (Rio de Janeiro) 
4.1 Description 

The original building is from 1896 having originally functioned as a grocery store, then a  hotel, the Grande 
Hotel da Lapa. In 1939, the building was renovated and turned into a cinema: Cine Colonial. In 1965, as part of 
the activities to commemorate the IV Centenary of the City of Rio de Janeiro, aiming to create a space for classical 
music, in particular chamber music, the old cinema gave way to Sala Cecília Meirelles. The name honored the 
homonymous Brazilian poet, who had died in November 1964. 

In 1989 the room was renovated to repair damages in the masonry, structure, and other items. The architect 
Carlos Eugênio Hime made a series of improvements in the acoustical elements and Sala Cecilia Meirelles gained 
a reputation for excellent acoustics. The geometry and volume of the hall contributed to this aura of excellence : 
absence of a stagehouse, a rectangular and narrow room following  of the traditional shoe box pattern, although 
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longer and lower than the classic patter. Observations written by Hime at that time about describe “short” 
reverberation times at low frequencies and lack of intimacy.(4) 

In 2012, Sala Cecilia Meirelles were upgraded and an acoustical correction to improve the content of low 
frequency content. 

4.2 Physical Data 
Table 3 – Physical data of Sala Cecilia Meirelles 
Length 39 m – long distance (34 m from edge of stage to the most distant seat) 
Width 16 m – wider dimension 
Height 10,8 m – main floor to ceiling (about 4,8 m average at balcony) 
Volume 5000 m3 
Number of seats 1480 

4.3 Acoustical Data and Room Illustration 
The intervention in the recital hall corrected the low frequency reverberation time. From 125 Hz to 250 Hz 

the acoustical were improved, while from 500 Hz to 8.000 Hz the parameters were preserved as before the 
intervention. This complies exactly with the request from the Client and musicians interviewed before the start 
of the  project. 

   
Figure 5 – Acoustical data of Sala Cecilia Meirelles 

5.  SALA PRINCIPAL – COMPLEXO DO TEATRO CASTRO ALVES (Salvador) 
5.1 Description 

The original project of Teatro Castro Alves from the architect José Bina Fonyat Filho and engineer Humberto 
Lemos Lopes dates from 1957 and is a landmark of the Brazilian modernist architecture. The TCA, as it is known, 
burned down on July 9, 1958 — five days before it opened to the public — and after repairs and reconstruction 
it opened in 1967. After another fire in the 1980s, it closed again in 1989. After a retrofit project it was reopened 
in 1993. 

TCA is an important center for the production and presentation of performing arts. In addition to workshops, 
a technology center, sewing and clothing rooms, it includes the Sala Principal (Main Hall), the Concha Acústica 
(Concert Shell) that was renovated in 2016 and the Sala do Coro (Choir Room), a black box renovated in 2018 
and presented in this paper. 

The hall is fan-shaped with a  single parterre that seats 1554. The theater has a multipurpose program and is 
also the home of the  Orquestra Sinfônica da Bahia that was created in 1982.  

In the notes of the original design, concerns were described about acoustical parameters: “was  fixed the ideal 
reverberation time for our case” that should be 1,7 s with fully occupied hall. Measurement showed the 
reverberation time is lower than expected. According to these notes “carpets and velours” should be avoided 
inside the hall, however the floor it is entirely carpeted, and the side walls are covered by  wood panels over air 
space. According to these notes, the ceiling profile was shaped for good sound reflection toward the seats. Also, 
the memo describes concerns regarding noise control for the air conditioning and plumbing systems. The profile 
of the existing ceiling is little different than drawn in the original drawings.  

Some  overhead reflections can be expected to the musicians in the orchestra pit, and there is a tilted  segment 
previously proposed in the original project memo. In the Author’s listening experience the hall sounded dry, and 
at rear seats the auditorium sounded  not involving. Noise from air conditioning and mechanical noise 
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(structureborne transmissions) is  loud for nowadays standards.  Castro Alves has a great reputation for dancing, 
amplified music and for drama presentations. 

5.2 Physical Data  
Table 4 – Physical data of Sala Principal at Castro Alves 

Length 42,0 m 
Width From 23 m to 42 m at the rear of the hall 
Height 12 m in firsts rows 
Volume 13652 m3 
Number of seats 1480 

5.3 Acoustical Data and Room Illustration 
Different scenarios were tested: empty stage: with all theatrical fabric, main curtain and concert shell 

removed; main curtain: with main curtain deployed closing the proscenium opening; concert shell: with the 
concert shell in place and some orchestra chairs. 

From the sound measurement it can be seen an increment in G with the concert shell in place. No significant 
change was observed in the EDT comparing the empty stage and concert shell in place. T-30 is lower with concert 
shell in place compared to the empty stage, and it is similar to the main curtain scenario. 

Such findings concur with the general sense that Sala Principal sounds dry and not enveloping to orchestral 
music. 

   
Figure 6 – Acoustical data of Sala Principal at Teatro Castro Alves 

 

 
Figure 7 – Plan and section of Sala Principal at Teatro Castro Alves 

6. SALA DO CORO – COMPLEXO DO TEATRO CASTRO ALVES (Salvador) 
6.1 Description 
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Sala do Coro at Teatro Castro Alves was inaugurated on July 5, 1978. Built in a space that was previously 
intended only for rehearsals. 

The space was renovated as Nova Sala do Coro do Teatro Castro Alves (TCA) and opened its doors in July 
2018, exactly 40 years after its opening. This in now a space for performing arts especially for experimental, 
small, independent, and emerging productions. Multiple arrangements are possible with a modern retractable 
seats system, which offers scenic versatility for creators and new experiences for spectators, adapting to whatever 
type is desired – front-view format, arena, semi-arena etc. It can seat 178 in the front-view format and up to 350 
people with the retracted system. 

6.2 Physical Data 
Table 5 – Physical data of Sala do Coro at Castro Alves 

Length 20,0 m 
Width 14 m 
Height 6,5 m – with flat floor condition 
Volume 1802 m3 
Number of seats 178 

6.3 Acoustical Data and Room Illustration 
Because of the room small size and the ratio of area occupied by retracted seats to the area of the floor, the 
reverberation time is very sensitive to the seats position and theatrical fabrics. The hall can sound dry to non-
amplified music with the retracted seats and fabrics in place. For such kind of performance it recommended to 
use loose seats, not cushioned, and remove all fabrics from the hall. The hall main program it is drama, and we 
recommend using as less as fabric as possible. 
 

   
Figure 8 – Acoustical data of Sala do Coro at Teatro Castro Alves 

   
Figure 0 – Plan and section of Sala do Coro at Teatro Castro Alves 
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ABSTRACT 
The presentation will explain the main framework and principles in the new ISO standard 23591, published 
in September 2021. 
Music rehearsal rooms are essential for all musicians. Amateurs, professionals and students use rehearsal 
rooms, from small rehearsal cells to small, medium and large ensemble rooms. The acoustic properties of a 
room are crucial for the interaction between the room and the music instrument and voice.  
The standard specifies “global, differentiated criteria for acoustic conditions and characteristics in music 
rehearsal rooms and spaces.” The criteria in the standard are differentiated between quiet acoustic music, 
loud acoustic music and amplified music. The standard specifies criteria for four different room sizes, 
corresponding to different ensemble sizes. 
The important criteria are net volume and net area, room geometry, reverberation, acoustic treatment and 
background noise. The determination and importance of sound strength in a room and how this affect the 
music rehearsal conditions is described and evaluated.  
The presentation will also present and explain how the standard is intended to be used when planning new 
buildings and rooms or refurbishment of existing ones, and how the standard can be used to assess the 
suitability of existing rooms for different music purposes. 

1. INTRODUCTION 
The room characteristics and the acoustic conditions in a room are very important for musicians, 

rehearsing or playing concerts in the room. The room should act as an acoustic enlargement of the 
sound from the instrument or human voice, reflecting the quality of timbre, musical phrasing and 
dynamics of the music played in the room. 

 
The acoustic properties of a room are crucial for the interaction between the room and the musical 

instrument. When the acoustic response of a room works well with the instrument, good conditions 
are achieved for both audience and musicians. 

 
There is a clear connection between the intended use of a music room, the type of music, the 

ensembletype and the size of the room. It is not possible to achieve satisfactory acoustic conditions 
for all music types and speech communication in one single room since the acoustic requirements for 
each use are different. 

2. Why the ISO 23591:2021 Acoustic quality criteria for music rehearsal rooms 
First of all, ISO 23591:2021 deals with all rooms used for music rehearsal and music practice, 

whether it’s for one musician practicing in a studio, a small group of singers or musicians rehearsing, 
or a full choir, big band, wind band or symphony orchestra tutti rehearsal. All musical genres are 
covered, and the standard is intended to be used in rooms for amateurs, students and professional 
musicians – and in all kinds of buildings except recording studios and large specialized concert halls, 
opera venues etc.  

 
Most rooms used for music rehearsal are not designed by acousticians familiar with the room 

acoustics needed for music rehearsal, and most rehearsal rooms are not suited to the kind of music 
they are used for. Summary of a Norwegian survey [1] show that about 85% of the rooms are not 
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suited for the music use they in fact are being used for. Many of the rooms have so poor acoustic 
conditions that rehearsals in these rooms in fact will hamper the music development of the music 
group. The situation is probably not much better in other countries. 

 
We know that very many rooms are used for music rehearsals. International surveys also show that 

many rooms are used for musical purposes. Figures from European Choral Association 
(https://europeanchoralassociation.org/wp-content/uploads/2019/01/singingeurope_report.pdf) [2] 
shows that there are 37 million people singing in choirs in Europe. 4,5 % of the European population 
takes part in collective singing, in more than 1 million vocal ensembles. Knowing that most rooms 
are used by one ensemble, this indicates that there are close to 1 million choir rehearsal rooms in 
Europe. And there are even more rehearsal rooms for instrumental music. 

 
The “Norwegian experience”, using a similar national acoustic standard (NS 8178 [3]) since 2014 

has proven that establishing and using an official standard for music rooms will be helpful in 
improving the rehearsing conditions. The awareness of the importance for suitable acoustic conditions 
has significantly improved and new construction projects comply to a great extent to the standard – 
resulting in better roomacoustics adapted to the music use they are intended for. 

2.1 Need for joint understanding 
There was need for a musicians and acousticians to come together to identify and find 

corresponding relevant values for quality criteria for rooms used for music rehearsal – and to describe 
the acoustic quality criteria for music rehearsal rooms and spaces, this is the ISO 23591:2021. It was 
necessary to collect, assess, evaluate, discuss and come to an agreement on the most important criteria, 
and for each criterion to describe the crucial aspects and acceptable tolerances. And furthermore, the 
need to spread this information and joint knowledge, as an international standard can contribute to. 

2.2 From the musician’s point of view 
The musicians spend most of their playing or singing time in the rehearsal room, either in 

individual practise rooms, in small ensemble rooms, in rooms for small or larger ensembles or 
rehearsing in a full orchestra, choir or wind band. 

For the musician, the most important aspects are: 
• The ability to hear oneself appropriate (not too loud and not too soft), 
• The ability to hear the other musicians (not too loud and not too soft), 
• And the appropriate balance between “myself” an “the others” 

(especially to hear “the musician next to my nearest colleague”) 1 
• The room responds to my own playing in a good manner (with volume and timbre that is 

according to my playing/singing, and not distorting my sound) 
• Enough space to sit/stand freely, and with some degree of distance to reflective surfaces and 

other musicians. 
 
For the music ensembles a suitable practise room improves the well-being of the musicians and 

the conductor. A well suited room improves the rehearsing quality and as a consequence better music 
performances. A good rehearsal room improves the music quality of any music ensemble. As the 
famous conductor Mariss Jansons said: “A good hall educates the orchestra. The musicians hear 
themselves better; they hear what the others are playing, and they feel it, too. That completely alters 
their ensemble playing, of course.” [4] He also said: “A good room is as important for an orchestra as 
a good instrument is for a soloist.”  

 
Acoustics are not the only criteria to be regarded for music practice rooms. Other criteria such as 

ventilation, light conditions, temperature, storage facilities and not least availability are also to be 
considered. The possibility to use the room when it’s needed and for a low enough price is of course 
very important. This is however not covered in the ISO 23591 standard. 

 
1 We saw during the Corona period that rehearsing in bigger rooms made it easier for choir singers to hear 
the other singers better. This made it easier to adjust and to adapt to each other, much due to the larger 
distance between the singers - and hearing the neighbor’s neighbor better. 



 

 

2.3 From the commissioner’s point of view, and the municipalities and county councils 
When starting the planning process for a building or room that is planned to be used for music 

rehearsal, it’s important that the room will end up being suitable for its intended use. If music rehearsal 
is a prioritized use, it is necessary to ask for quality criteria that meets the need for this use. Up till 
now there has not been standard and recognized criteria that the commissioner can demand. 

 
For the commissioner it’s first of all important to know the existence of the ISO rehearsal room 

standard, built on recognized joint knowledge of acousticians, musicians and more. Next, it’s 
important to know what decisions have to be made in the early planning process. 

 
This is maybe one of the most difficult choices: what kind of music use should be prioritized? A 

room will unfortunately not be good for all music purposes, “what is the most important for us in this 
room?” 

 
The standard asks mainly two questions to the commissioner: 
• What music genre should be prioritized? 
• How many persons should be rehearsing in the room? 

 
When this has been decided, the standard gives the corresponding quality criteria – to be followed 

by architects, consultants, acousticians and constructors. 

2.4 From the acoustician’s point of view  
For the acoustician, it’s very useful to have a formal document (like the other consultants have) to 

back up their arguments in the planning and building process. An official Standard gives more weight 
to the acoustician’s arguments. 

 
The standard can help to establish better and more precise contract documents. The standard helps 

in the dialogue with the commissioner, to discuss details in the contract and in the communication 
with the architect. And it helps clarify the communication with the users (music groups). Clearly 
described criteria and corresponding values may be especially useful for acousticians with less 
experience in designing and building music rehearsal rooms. Since so many rooms used for music are 
in schools, civic houses and other building not primarily designed for music, this is an important goal 
for the standard. 

2.5 From the architect’s point of view 
From the architect’s point of view, it’s very useful to have the correct dimensioning criteria at the 

initial start of the project. If the architect can have the room volume, shape and dimensions clearly 
stated before starting the drawing process, he/she will be on the right track from the beginning. The 
standard is made in such a way. 

 
The commisioner decides the use of the room and the desired number of musicians or singers in 

each room. This results in corresponding figures for net area, room height, room volume and room 
ratio. Then the architect can use this to create the room plan. 

2.6 From the society’s point of view 
For the politicians and the society, all the above is important. The well-being of the people in the 

community is important. One part of this is that the local music groups have adequate rooms to 
rehearse and to practice in, and for the local music school to have suitable rooms for their teaching 
activities. The rooms should have a good quality for all activities and cover all relevant music genres. 
We know that suited rehearsal rooms increase the recruitment to the local music groups – this is 
another positive effect for the society. 

 
Following the standard will secure financial investments in schools, community houses, music 

rooms etc. A room suited for the activity that actually is taking place in the room is cost-effective. 
The standard gives room for a combination of activities, provided that the different criteria are 
followed. 

 



 

 

The same room can be used at daytime and afternoon/evening time, thus reducing the need for 
extra rooms. Flexible use of rooms increases the sustainability of the public investments in new 
buildings, or in refurbishment projects. The rooms need to be suited to the intended use, the standard 
helps to secure a good match between the use and the acoustic properties. 

3. Framework and main principles 
ISO 23591:2021 divides the music practice in 3 main music genre categories. This categorization 

has proven to be useful and sufficient. More categories would have resulted in a much more complex 
standard and more ensemble on the border between several categories. The experience after 7 years 
use of the Norwegian NS 8178 Standard has proven that these 3 main categories divide the music 
groups and music practice in an appropriate way: 

• Acoustic soft music and ensembles 
• Acoustic loud music and ensembles (and extra loud groups) 
• Amplified music and ensembles 

 
The rooms are categorized in 4 groups, corresponding to different music use of the rooms: 
• Individual practise room 
• Small ensemble room 
• Medium ensemble room 
• Large ensemble room 

The number of musicians or singers defines the necessary room size, the dimensions and the room 
characteristics. The room size (volume) defines the maximum number of musicians or singers the 
room can be suitable for. This is the most important criterion in the standard and defines the capacity 
for each room: The room must be large enough to be suitable for the number of musicians rehearsing 
in it. 

 
In total, this results in 12 different room categories. The standard gives criteria and values for each 

of these 12 room categories. 
 
The main criteria are, ranked after priority: 
• Volume 
• Dimensions and room height 
• Reverberation time 
• Acoustic treatment 
• Background noise 
• Other criteria 

4. Presentation of ISO 23591 Acoustic quality criteria for music rehearsal 
rooms and spaces 

4.1 Scope and normative references 
The scope specifies where the standard is defined to be used and gave the working group its 

mandate. 
 
The scope defines the standard to specify differentiated criteria for music rehearsal rooms in all 

types of buildings. The criteria should be differentiated on the basis of three music types, which are 
quiet acoustic music, loud acoustic music and amplified music. The standard applies to planning of 
new buildings, refurbishment of existing buildings and can also be used to assess the suitability of 
existing rooms. The standard does not apply to large specialized concert halls, opera venues and 
similar spaces. 

 
The normative references are given in chapter 2 [5] [6] [7]. 

4.2 Terms and definitions 
The main terms and definitions  



 

 

4.2.1 Room types 
3.2 rehearsal room - <music> room for practicing individual musical skills, teaching and ensemble 

rehearsal 
3.3 individual practice room - <music> room or studio designed for practicing individual musical 

skills for one or two persons 
3.4 ensemble room - <music> rehearsal room (3.2) for three or more musicians or singers 

4.2.2 Music genres / types 
3.13 quiet acoustic music - music generated by music instrument (non-amplified) that produces 

music with sound power levels lower than 95 dB at forte 
3.12 loud acoustic music - music generated by music instrument (non-amplified) that produces 

music with sound power levels higher than 95 dB at forte 
3.9 amplified music - music that is transmitted through an amplifier or sound reinforcement 

systems 
4.2.3 Parameters 

3.17 sound strength G - acoustic response of a room specified as sound pressure level from an 
omnidirectional sound source relative to the sound pressure level from the same sound source at a 
distance of 10 m in a free field 

3.6 reverberation time T - time that would be required for sound pressure level to decrease by 10 
dB after the sound source has stopped 

3.14 net average room height, 3.15 net area, 3.16 net volume 

4.3 General criteria 
Chapter 4, General criteria, lists examples of instruments and ensembles belonging to the different 

music genres and things to address carefully in each room type. 
Typical quiet acoustic music groups are choirs, vocal ensembles, folk groups, string quartet, string 

orchestras and groups with string instruments (such as guitars) without amplification. 
Typical loud acoustic music groups are brass bands, concert bands, big bands and symphony 

orchestras with a wind group. Percussion and opera singing belong to this category as well. 
Amplified music includes all music transmitted through amplifying system, such as pop and rock, 

electronica, jazz vocal, big bands and musical or similar, when the music is mainly transmitted through 
amplifying equipment. 

4.4 Criteria 
Chapter 5.1 discusses and explains in text form important criteria. The importance of sound 

strength, G, is focused and explained. When the G is too low, the musicians will often try to 
compensate the weak sound by forced playing, thus reducing the sound quality. If the G is too high, 
the musicians will often try to compensate this by reducing the playing in forte and fortissimo. In both 
cases, the dynamic span which is so important for all kind of music, will be reduced, and will also 
have a negative effect of the sound quality and timbre. It is therefore necessary to build the rehearsal 
room so that the G will be appropriate to the number of musicians and music type in the room. Annexe 
A describes the relationship between sound strength, reverberation time and net room volume. In a 
music room which is well suited to a given ensemble, the sound level at forte in the audience areas 
lies within a relatively narrow span between 85 dB and 90 dB. For realistic room sizes, one can expect 
sound pressure levels at forte up to 97 dB in rehearsal rooms for large acoustic ensembles. The 
importance of sufficient room volume is evident, the best way to secure appropriate room strength is 
sufficient net room volume, combined with an adequate reverberation time.  

Together with G, the reverberation time, T, is another main acoustic criterion. However, when 
designing rooms for music, avoiding several other issues might be equally important, such as room 
resonances, colouration, flutter echoes and sound harshness. The response from the room should be 
equal in the whole area where the musicians are seated. 

The room ratio is important, both from an acoustic and a practical point of view. Rooms ratios of 
1:1, 1:2 should be avoided, and the width-to-length ratio should not exceed 1:1,6. It is also important 
to avoid seating the musicians too close to the walls, which will result in too strong early reflections. 

The background noise is of course important and must not be too high. Too high background noise 
reduces the concentration and focus of the musicians and will reduce the efficiency in the rehearsals. 
Echoes and flutter echoes should be avoided, this is surprisingly often a problem in many rehearsal 
rooms. 



 

 

4.5 Rehearsal use of recital rooms and multi-purpose rooms 
Many recital rooms with audience are also used for rehearsals without audience. Table 4 in the 

standard shows how room for up to 500 seated audience and 1000 standing persons may be considered. 
These rooms must have satisfactory acoustic conditions for performers in the stage area as well as for 
the audience. There should be no fixed boundaries to the sides or above the edge of the stage. 

Multi-purpose rooms can be adapted to several types of music use. It is necessary to clearly define 
and prioritize the different uses to obtain satisfactory sound conditions. This might be difficult, but 
necessary to avoid poor rehearsial conditions. Normally there will need for variable acoustics. For a 
room to be suited for a given use (music type/ensemble size), all the criteria for this use must be 
fulfilled. 

5. Specific criteria for each music type 
This is a summary of room dimension criteria for the different room categories: 
 

Table 1 –Room volume and room height, acoustic music 

 
 
For quiet acoustic music, the basis is a volume criterion of at least 25 m3 pr musician or singer. 

This means for example that a choir of 36 singers need 900 m3 volume. The room height should be at 
least 5 m, and the room ratio adequate. 

A room for acoustic loud music of 1500 m3 can hold 30 musicians in a wind band, if the room 
height is at least 5 m. If there is a brass band (which is categorized as extra loud) the room is big 
enough for 25 brass band players. Professional musicians may also come in the “extra loud group”. 

 

 
Figure 1 – Volume, m3 pr person, small/medium rooms 

 



 

 

This means that a room of 500 m3 will be big enough for either 20 singers or 16 wind instrument 
players – with some acoustic adaptation to be suitable when considering the reverberation time. These 
figures are of course not 100% mathematically - but they give a good impression of the volumes and 
room heights needed for different ensembles. 

 

 
 

Figure 2 – Net average room height 
 
The tables for each music type and room size specifies which acoustic treatment is desired (ceiling, 

wall and/or bass absorbers and diffusors). Many countries have national standards/criteria for 
background noise which shall be applied. If not, ISO 23591 gives the recommended level Lp,A,T =25dB. 

 
 

 
Figure 3 – Reverberation time, Tmid, relative to net volume, V, for different types of music. 

 
The criterion for the reverberation time is related to the room volume, and is described both as a 

formula, in a figure as you see here and as a table. The red area is for quiet acoustic music, the blue 
area for loud acoustic music and the green area for amplified music.  

The upper/lower limit lines in the figure opens for different reverberation time preferences. There 
might be variations in the preferences between professional musicians and amateurs and students, this 
is reflected in the figure. For instance, amateurs can benefit from a bit longer reverberation time, 
giving a bit better ambiance and sound in the room, resulting in the room responding more to the 
musicians’ sound production than a dryer room. Some professionals and conductors might prefer a bit 
dryer room, to give more clarity and precision, especially in fast-moving or rhythmic style music. The 
open areas 4, 5 and 6 shows corresponding concert reverberation times. 

 

1 quiet acoustic music, rehearsal 
2 loud acoustic music, rehearsal 
3 amplified music, rehearsal 
4 quiet acoustic music,  

rehearsal use of recital rooms 
5 loud acoustic music,  

rehearsal use of recital rooms 
6 amplified music,  

rehearsal use of recital rooms 



 

 

It’s important that the reverberation time does not vary too much from the low to the high 
frequencies. These figures show how much variation is tolearated. 

 

   
Acoustic music, rehearsal and recital use  Amplified music, rehearsal use (solid) and 
  recital use (dotted) line 
Figure 4 – Frequency-dependent tolerance limits in percentage relative to the average value of mid-

frequency reverberation time at the frequency bands 500 Hz and 1000 Hz 
 

6. CONCLUSIONS 
ISO 23591:2021 Acoustic quality criteria for music rehearsal rooms and spaces lists and describes 

the most important quality criteria when planning and building new rooms which shall be used for 
music rehearsals. Corresponding values are given in figures and text. The importance of sufficient net 
room volume and room dimensions is clearly stated as is the room sound strength and of course the 
reverberation time. The room volume is the dimensioning criteria and defines how many musicians 
the room is suited for.  
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ABSTRACT
Generally, in the field of room acoustics, impulse responses are analyzed based on the energy-based indexes
such as reverberation time or clarity. Instead of this, we propose two analysis methods of impulse responses
focusing on their geometrical structure. The first one is based on the fractal dimension, which represents their
self-similarity, and the second one employs topological data analysis by using persistent homology, which rep-
resents their shape. To validate the effectiveness of these two methods, in numerical experiments, we prepared
two different acoustic conditions with more or less flutter echoes by setting different scattering coefficients to
the walls for the same absorption condition. For two types of impulse responses, in different conditions, two
methods were applied, respectively. Although the first one did not distinguish two types of impulse responses,
the second one showed the significant difference on the persistence diagram. This is a promising result for
characterizing sound-field diffuseness by using persistence diagram.

Keywords: Persistent homology, topological data analysis, fractal dimension

1 INTRODUCTION
In the field of room acoustics, to classify impulse responses, energy-based statistical indexes such as reverber-
ation time or C80 are widely used [3]. Instead of this, there are some methods to classify the situation of
room reverberation [7, 9]. Recently, deep-neural-network-based method is one of the promising solutions [5].
By using these methods, certainly, it is possible to classify impulse responses but it is unclear to inspect the
characteristics of impulse responses.

Here, to inspect the structure of impulse responses, we focus on the methods that analyze geometrical
structure of signals. The first one uses fractal dimension of acoustic signals [2]. The second one employs
topological data analysis (TDA) by using persistent homology (PH). PH has been effective for structure analysis
of molecules. In addition, some studies have applied PH to time-series data and shown its effectiveness [8, 6,
10, 4, 11]. This report applies these two methods to impulse response analysis and validates their effectiveness
on two different reverberation conditions.

2 FRACTAL DIMENSION BASED CLASSIFICATION
Fractal dimension is an index to measure self-similarities of signals. Flutter echos can reduce the self-similarities
of impulse responses. One of the most popular methods to estimate a fractal dimension of time-series signals
is Higuchi method [2], which is described below.

For time-series signal xxx = {x1,x2, ...,xN}, k time-series sets are constructed by changing the starting time m
in the range of {1,2, ...,k} with different k (∈ I) shifts (coarse graining) as xxxm,k = {xm,xm+k,xm+2k, ...,xm+Ik},
where I = ⌊(N −m)/k⌋. ⌊·⌋ is a flooring function.

For each set xxxm,k, the length of Lm,k is obtained as

Lm,k =
N −1

Ik2

I

∑
i=1

∣∣xm+ik − xm+(i−1)k
∣∣ . (1)
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Algorithm 1 Sliding window to convert 1-D signal into 2-D.

function SLIDINGWINDOW(xxx,d,τ ,∆T ) ▷ xxx: input sequence, d: embedded dimension, τ: delay time, ∆T :
window shift

N = len(xxx)
Nw = ⌊(N −dτ)/∆T⌋ ▷ The number of windows
X = zeros(Nw,d) ▷ Create a 2D array which will store all windows
for i = 0, . . . ,Nw −1 do ▷ Figure out the indices of the samples in this window

for j = 0, . . . ,d −1 do
k = i∆T + jτ
XXX [i, j] = xxx[k]

return XXX

The length of time series signals with k coarse graining, Lk, is obtained by averaging Lm,k as

Lk =
1
k

k

∑
m=1

Lm,k. (2)

After introducing the fractal dimension D, L = LkkD is a measure of signals and is constant. By taking a
logarithm of both hands of equation as logLk =−D logk+ logL, if some sets (logk, logLk) are obtained, fractal
dimension D can be estimated by linear interpolation. D is in the range of 1 < D ≤ 2. For signals with high
self-similarity, D is near to unity and for signals with low self-similarity such as white noise, D is near to two.

3 PERSISTENT HOMOLOGY (PH) BASED CLASSIFICATION
3.1 0th order homology group
PH can quantify the shapes of various signals by using persistence diagram (PD). By considering homology
group as phase invariant values, PH can count the number of connected components (0th), rings (1st), and
holes (2nd). Recently, PH has been applied to the analysis of time-series data [8, 6, 10, 4, 11].

3.2 Application to time-series data
For PH, it is difficult to deal with one-dimensional data; thus, delay-time embedding [6] converts one-dimensional
signal into two-dimensional signal with sliding window. To fix sliding window, three parameters (embedded di-
mension d, delay time τ , and window shift ∆T ) need to be set as in algorithm 1. After centralization and
normalization of this signal, PD is obtained by filtration.

3.3 Filtration
Fig. 1 shows an example of estimating 0th order PD by using filtration, where 0th order homology group is
related to the connected components. In this example, there are four points (‘+’) as shown in the figure. When a
circle filtrates around the point, at the time of the radius a1, light blue circles connect and connected component
generates. At the time of the radius a2, red circles connect and connection generates. Finally, at the time of the
radius a3, blue circles connect and connection generates.

PD (at the right of Fig. 1) shows this process. Its horizontal axis corresponds to the birth time and its
vertical axis corresponds to the death time. First, at the time of a1, connected component generates. Second,
at the time of a2, another component generates. Third, at the time of a3, newly generated component connects
with the component generated at the time of a1 and a2. Connected components generate when circles connect
and die when it connects with another longer-existing connected component. Thus, this later born component
dies at the time of a3. The component generated at the time of a3 dies instantly. Late generation time means
that connected components generate with bigger radius. More distant from the diagonal line of PD, longer
lifetime. The component generated at the time of a1 disappears when it connects with components generated
earlier or will be alive at the end. For the 0th order PD, there is one component whose death time is always
∞.
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Figure 2. Room shape.

3.4 Inverse analysis
Usual TDA estimates PD from point cloud, which shows the existence of connected components but does not
show where the connected component is. Inverse analysis [1] can visualize connected component from PD,
which is an inverse problem.

4 EXPERIMENTS
4.1 Settings
Fig. 2 shows a room shape for experiments (9m×12m×3m) simulating meeting rooms. Absorption coefficients
of the walls are 0.1 for the lateral walls in the longitudinal direction and 0.4 for the other walls. Source
position was (x,y,z) = (0,1,1) and receiving points were (x,y,z) = (0,6,1.5) and (2,10,1.5). Reverberation time
estimated by Sabine equation was 0.46 sec.

After echo time patterns were generated by geometrical simulation, impulse responses were generated by
amplitude modulation of white noise with band-pass filtering. The number of sound rays was 500 thousands,
and ray tracing time was 1.5 second. We set low absorption coefficients to the lateral walls in longitudinal
direction in order to intentionally increase flutter echos. In addition, for simulating diffusers on those walls,
we set scattering coefficient (sc) to 0.4 and caused diffuse reflections according to Lambert’s law. Sampling
frequency fs was 20kHz.

Application of PH to time-series signals was refereed to the open codes1. Parameters of sliding window

1https://github.com/rannbaron/TUMTopoTimeSeries2016

https://github.com/rannbaron/TUMTopoTimeSeries2016


(a) Receiver 1 (b) Receiver 2

Figure 3. Energy decay curve (sc = 0.0).

(a) Receiver 1 (b) Receiver 2

Figure 4. Energy decay curve (sc = 0.4).

were d = fs/200 = 100, τ = 100, and ∆T = fs/100 = 200, respectively, which are the recommendation of the
code. There are few tools with an implementation of inverse analysis but homcloud2 implemented it. homcloud
used existing tools for filtration. The setting of PH was refereed to the tutorial samples of homcloud3.

Fig. 3 and 4 show impulse responses and energy decay curves observed at two receiving points. Fig. 3
shows the case when scattering coefficients were zero and Fig. 4 shows the case when scattering coefficients
were 0.4. In the figure, (a) and (b) were results of receiving point 1 and 2, respcetively. In the former case,
there are apparent flutter echos. On the other hand, in the latter case, there were few flutter echoes and the
reverberation time estimated from the impulse response was close to the reverberation time by Sabine’s equation.

4.2 Results and discussions (Fractal dimension)
Fig. 5 and 6 show the estimation results of fractal dimension. For both receiving points, the fractal dimension
D in Fig. 5 was smaller than that in Fig. 6 but the difference was small, which shows that it is difficult for
fractal dimension analysis to capture the characteristics of reverberation. Both fractal dimensions were near to
that of white noise (as mentioned above, the fractal dimension of white noise is two).

4.3 Results and discussions (PH)
The left figures of Fig. 7 and 8 show 0th order PD. In these figures, apparent differences can be observed.
Points in Fig 7 were more concentrated than those in Fig. 8. There were more points distant from the diagonal
line in Fig. 8. Because homcloud used super-level filtration4 to obtain PD, the birth times were later than death
times and points appeared in the right bottom of the figure. As mentioned in the section 3, 0th order PD shows
connected components, and horizontal axis and vertical axis correspond to the birth and death time, respectively.
On the PD of 7, points were concentrated, which indicates that in the case of more echos, each point in XXX was
farther and equally distant and that points were connected at the same time. On the other hand, in the case of
less echos, because the distance between each point in XXX was diverse, points were connected from earlier time
to later time, sporadically. These characteristics of PD reflected the characteristics of impulse responses.

2https://homcloud.dev/ (we used ver. 3.4.1)
3https://homcloud.dev/py-tutorial/grayscale-image.html
4To obtain birth and death time of connected components, super-level filtration reduces the bigger threshold to the smaller threshold.

https://homcloud.dev/
https://homcloud.dev/py-tutorial/grayscale-image.html


(a) Receiver 1 (b) Receiver 2

Figure 5. Fractal dimension estimation by linear interpolation (sc = 0.0).

(a) Receiver 1 (b) Receiver 2

Figure 6. Fractal dimension estimation by linear interpolation (sc = 0.4).

The center and the right figures of Fig. 7 and 8 show the results of inverse analysis. The center figure shows
the correspondence between birth and death. On the gray-scale image that visualizes 2D impulse responses by
using sliding window, figure shows the points of birth and death, where red points were birth points and blue
points were death points. Green lines were correspondences between birth and death points. Points on the
bottom of the figure contained later components of reverberation. In the case of more echos (Fig. 7), there
were more connections in the late reverberation part.

The right figures show the generation points with red and their generated connected components with light
red. This indicates that there were more unconnected components in Fig. 7 than in Fig. 8. This shows that for
characteristic echos such as flutter echos, corresponding region can be visualized.

5 CONCLUSION
To inspect the properties of impulse responses, instead of generally used energy-based method, we introduce
two types of geometrical methods: analysis based on the fractal dimension and persistent homology. We pre-
pared two conditions with more or less flutter echos for the same absorption condition. The former method
cannot distinguish them, but the latter method shows the apparent difference on the persistent diagram, which
corresponds to the birth and death time. In addition, inverse analysis [1] can visualize connected components
and show the different shapes of the connected components depending on the reverberation conditions.
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How accurately to define measurement positions
for reproducible clarity measurements?

Ingo B. WITEW(1) and Michael VORLÄNDER(1)
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ABSTRACT
Spatial fluctuations of room acoustic quantities in auditoria cast doubt on the validity of measurement results:
when the measurement position is uncertain, the variation of the sound field over space can be understood as
an influence factor affecting the overall (combined) uncertainty. This study presents a discussion consistent
with the “Guide to the expression of uncertainty in measurement”, of how accurately a measurement position
needs to be defined to ensure reproducible and valid results. To this end, a measurement apparatus was designed
that allows automatic, high-resolution sampling of sound fields over large areas. This device was used to survey
numerous sound fields in different auditoria, yielding data that shows what spatial changes in the sound field can
be expected. For the purposes of the Guide, this relationship can be recognized as the measurement function that
permits propagating uncertainties through a Monte Carlo method. In conclusion this study shows how precisely
a measurement position must be defined to ensure a given uncertainty of the room acoustical clarity parameter.

Keywords: Auditorium acoustics, Measurement uncertainty, Spatial fluctuations

1 INTRODUCTION
Modern measurement methods to determine room impulse responses (RIRs) are common tools in all areas of
acoustics. In architectural acoustics, RIRs are regularly analyzed to determine single-number quantities that serve
as predictors of sound perception. Provided that the measured environment features the properties of linear time
invariant systems and a sufficient signal-to-noise ratio is achieved, acoustical measurement of impulse responses
and room acoustic quantities is usually considered to be rather accurate (1).

In measurements under quasi-repeatability conditions at Concertgebouw Amsterdam de Vries et al. (2) mea-
sured RIRs every 5 cm along a line following a row of seating. The collected data in Figure 1 shows how the
clarity index fluctuates over the surveyed distance. Such results rise the question of a reproduction problem in
measurements: If room acoustic quantities change over small distances, how can measurements be reproduced
at another time? The high-resolution data by de Vries et al. and the observed fluctuations can be interpreted
as metrological evidence towards an influence factor of "measurement position" that affects the uncertainty of
measurements.

Based on theoretical considerations Davy et al. (3) have shown that spatial variations of the sound decay
in reverberation rooms is due to the spatial variance in contributing modes. While global effects can be carried
over, a quantitative discussion in the realm of auditorium acoustics is not obvious, when the basic requirement
of the diffuse sound field is not met in many auditoria. This motivates an empirical study to investigate how the
clarity index varies from one measurement position to the next and how precisely need measurement positions
be defined.

*Ingo.Witew@akustik.rwth-aachen.de
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Figure 1. Spatial distribution of clarity C80 at the 1 kHz octave band along a line measured in a concert hall.

Figure 2. The measurement function f and its linearization c. The distribution of the input quntity’s estimate is
propagated through the model yielding an estimate for the measurand y and ist standard uncertainty u(y).

2 METHODOLOGY
2.1 Guide to the expression of uncertainties
The standardized tools for this uncertainty discussion are provided by the "Guide to the expression of uncertainties
in measurement" (GUM) (4) that places the original principles of Gaussian error propagation on a wider founda-
tion. With GUM a generally accepted framework exists that permits discussing uncertainties in a unified manner
and compare findings from different investigations.

Following the GUM, influence quantities are understood as inputs to a measurement process. These quanti-
ties are properties actually measured as part of the measurement procedure but also (e.g., environmental) factors
that can affect the measurement system. Based on the underlying measurement model the influence quanti-
ties Xi serve as inputs, yielding the measurement result Y as the output. Ideally the model can be formed as a
mathematical expression with its functional relationship Y = f (Xi).

In order to establish how the different influence quantities contribute to the uncertainty of the output quantity
it is necessary to determine the best estimate of the input quantities xi and the estimates’ respective standard
deviation u(xi). The estimate y of the measurand is obtained straightforwardly by inserting the input estimates xi
into the measurement function f . The combined uncertainty uc(y) is calculated from the measurement function
and the uncertainties u(xi) based on a first-order Taylor series approximation as shown in Equation 1 and
visualized in Figure 2.

u2
c(y) =

N

∑
i=1

(
∂ f
∂xi

)2

u2(xi) (1)



Figure 3. Measurement device to sample the sound field in auditoria over a surface of 5.3m×8.0m

2.2 Establishing the measurement function
In order to answer the question how accurately measurement positions need to be defined it needs to be known
how the sound field changes from one position to the next. To engage in the uncertainty discussion this relation
needs to be shown by the measurement function f .

To establish the measurement function let’s consider the scenario to place a microphone at a given position.
Since it is usually impossible to meet this task to perfection, a mismatch between the intended and the actually
achieved position must be assumed. Due to spatial fluctuations of the sound field the mismatch in sampling
positions translates to a mismatch in the measurand. Essentially, this relation is depicted in Figure 2 with the
measurement position shown along the x-axis and the measured sound field along the y-axis.

To avoid constraints to individual cases, it is reasonable to not discuss the absolute distance along the x-axis
but instead the relative distance between two sampling locations. In regard to the original scenario these two
locations can be the intended and the actual measurement positions. The associated change in the sound field
is characterized by a change in the clarity index ∆C along the y-axis.

It may seem that this interpretation exceeds the capabilities of the standard GUM framework: Although the
sound field property C can only take a single value at each position, a given distance between any two sampling
points is not unique. As a result the sound field can change over a given distance in different ways. Statististi-
cally, this range of possibilities can be represented by a probability distribution that shifts the model function f
from a real-valued transform to a continuous probability density function f∆C(d), in which the probability of a
change in the sound field ∆C is given as a function of the distance d. In an alternative perspective f can be
understood as a likelihood function L(d|∆C) with the parameter d.

2.3 Sampling the sound field with a measurement array
In order to collect data that allows setting up the measurement function and so allows a standardized discussion
in line with the GUM framework the sound fields in 6 auditoria were surveyed. The surveyed rooms include
two large lecture halls for about 600-700 listeners, two large concert halls for about 2000 audience members,
a multi-purpose hall for 1500 persons and an orchestra rehearsal room with variable acoustics. A total of
26 measurements were conducted to investigate the repeatability of the survey under a number of changed
conditions.

The measurement setup used can be seen in Figure 3 and is described in detail in Reference (5). The
shown device is capable of automatically sampling the sound field in rooms over a surface of 5.3m× 8.0m
in an arbitrary resolution. For the purposes of this study the 16960 sampling positions were arranged over a
rectangular 5 cm grid. Figure 4 provides an example and shows the broadband distribution of clarity as measured
across the sampling area in Eurogress Aachen, the venue of ICA 2019.

Compared to the original data from 2001 that is shown in Figure 1, the raw data in Figure 4 represent the
spatial fluctuations a bit more comprehensively, but in their basic form they are both not yet suitable for the



Figure 4. Spatial distribution of clarity C80 at the 1 kHz octave band at Eurogress Aachen.

uncertainty discussion. This analysis requires the measurement function f , which shows how the sound field
changes from one position to the next as a function of the distance d between two measurement positions. The
function f can be determined from the raw data by a complete pairwise comparison of all sampled locations.

This seemingly straightforward approach poses a number of challenges that should be taken into account,
even when it is not possible to go into every detail for reasons of brevity. First, when empirically determining
measurement functions, it should be noted that the input data are in turn subject to measurement uncertainty.
The example of linear regression and the biasing of the fitted line towards zero when both related variables are
uncertain emphasizes that errors in variables need to be considered. While it can be argued that this attenuation
becomes negligible in linear cases when the uncertainty is small compared to the sampled range of values, more
complex, higher order relationships may be subject to more pronounced errors that are difficult to predict. In
this specific case both the sampling location as well as the clarity index are understood as uncertain quantites.
This leads in turn to an uncertain result of the pair comparison. Second, based on the almost 17000 individual
sampling positions and the resulting 144 million pairs to compare the computational efforts to establish the
measurement function are substantial. Such applications can currently only be handled with high-performance
computers and optimized algorithms. In a third point the influence of the finite sampling area needs to be
recognized. Since it has to be ensured that the distribution of pair comparisons remains uniform a suitable
weighting of individual pairs needs to be introduced.

Figure 5 is a visual display of the measurement function. It shows the likelihood function for the distance
parameter d < 5.3m plotted along the x-axis. The y-axis shows the change in C80 that can occur in the sampling
field. The color coding indicates whether a change in clarity at a given distance between microphones is
relatively likely (yellow) or improbable (blue). For the presented range of distances it can be seen that it
is most likely that the sound field between two sampling points changes only a little and that both points
exhibit almost the same clarity value. Changes in C80 between sampling points are evident, but they occur less
frequently as |∆C80| increases. For the chosen parameter of d = 1m and d = 5m, the vertical "slices" through
the likelihood function in Figure 5 are shown as separate curves in Figure 6. It can be seen that the distribution
for the short distance (blue) is narrower that the distribution for d = 5m (red). This means that large changes
in C80 are less likely at shorter distances than they are at longer distances.

In order to show the trend of the distributions as a function of the parameter d more clearly, a red line
is drawn in Figure 5, which shows the 68.3 % quantile for each of the sliced distributions. Starting from the
origin, the quantile function makes it evident that the distribution widens rapidly even for very small distances.



Figure 5. Likelihood L(d|∆C) of a change in C80 in Eurogress Aachen

Figure 6. Likelihood L(d|∆C) of a change in C80 in Eurogress Aachen for the distance parameter d = 1m,5m.

After this initial rise, the curve flattens for larger distances and shows only a very moderate increase in its
extended trend.

2.4 Propagation of uncertainties
The strategy that permits addressing the research question is the law of propagation of uncertainty (4): The
uncertainty distribution of the input quantity is propagated through the measurement function which leads to
the uncertainty distribution of the output quantity (i.e., the measurand). Since the measurement function is
not available in analytical form, it is not possible to resort to simplest standard GUM method using the first-
order Taylor approximation of the measurement function. Instead, Monte Carlo simulations can be used as
alternative method to determine the measurement uncertainty (6). This method samples the input quantity by
drawing random numbers. For each of the drawn samples, the corresponding result is determined based on the
measurement function. After a sufficient number of repetitions, a distribution for the output variable emerges
that yields the output uncertainty. Figure 7 provides a graphical representation of the method.

In the situation discussed here, the measurement position is understood as the input quantity. The corre-
sponding distribution results from the distance between the sensor position’s best estimate and its actual position.
Since no empirical data and no reference from literature seems to exist regarding an appropriate distribution,



Figure 7. Systematic drawing of the two-stage Monte Carlo method.

a plausible GUM-Type B distribution must be aimed for. Even though this indefiniteness does not suggest a
preference towards a specific probability distribution, due to the central limit theorem the normal distribution
plays a prominent role in the GUM framework. Negative distances, however, make little sense and can thus
be excluded through truncation, yielding a half-normal distribution. From practical experience, the |N(0,σ2)|
distribution seems to be a plausible representation of the distances that can occur between the best estimate and
the actual sensor position. The shape of the Gaussian distribution reflects the expectation that small discrepan-
cies in the compared locations are somewhat more likely than larger deviations. Larger distances are supposed
to occur increasingly less frequently, and thus have a lower probability.

The infinite extent of the half-normal distribution introduces problems that need to be rectified. For the
uncertainty propagation to work, the measurement function must be defined at these large distances and feature
a valid transformation into the room acoustical quantity space. Due to the finite size of the measurement
setup’s structure, the evaluation of the measurement function is limited to distances smaller than 5.3 m between
sampling locations.

To ensure a similarity to the Gaussian distribution the initial concept of the normal distribution is truncated
to a [0 2.1σ ] interval. This removes the largest 3.57 % from the ideally half-normally distributed distances. As
the domain of the measurement function limits distances to a maximum of 5.3 m, the underlying normal input
distribution (before truncation) is limited to a maximum standard deviation of σ = 2.5m. An illustration of the
input’s PDF is shown in Figure 7 in blue.

To ensure that the results carry meaning for the most general range of applications, the Monte Carlo sim-
ulations are not only based on a single input distribution. Instead, the simulations are repeated in series while
the standard deviation of the input distribution is increased with each successive repetition. The truncated half-
normal |N(0,σ2)| distribution used in the first Monte Carlo step is varied over the range 1cm ≤ σ2 ≤ 250cm
in steps of 1 cm. This range makes best use of the measurement function’s full domain.

From the classical GUM method’s point of view, a challenge arises because the measurement function in
this study is not a binary relation that maps the input to a unique output. Instead, it relates the input to a
distribution of possible outputs. In a Bayesian approach the measurement function can be understood as a
Likelihood function L(d|∆C) that represents the probability of a change in room acoustical quantity ∆C based
on the parameter d. This view can be represented as a nested two-step process: In a first random sample the
distance distribution between the two observation points is evaluated. Based on this instance of the parameter d
a second random sample evaluates the probability of a change in clarity.

3 RESULTS
Figure 8 shows the uncertainty of the clarity index determined in broadband as a function of the measurement
position’s uncertainty. This curve provides the foundation for answering the central research question. The x-
axis shows the expanded uncertainty of the sensor position. Since the input distribution (after truncation) is no



Figure 8. Standard uncertainty (red) and expanded uncertainty of clarity C80 as function of the sensor position’s
expanded uncertainty. The broken red lines indicate the just noticeable difference.

longer genuinely normal, the expanded uncertainty refers to the d = [0 x] distance interval which accounts for
95 % of the contributing distance samples. The uncertainty determined for clarity is plotted along the y-axis.

The red curves shows the 68 % coverage interval (standard uncertainty) as the mean of the 26 measured sets
in 6 auditoria. On the same grounds the blue curves identifies the 95 % coverage interval (expanded uncertainty).
The blue shaded area in the figure shows the values covered by the 26 measurement series.

4 DISCUSSION
The data shown in Figure 8 can be used link the uncertainty in the measurement position to the uncertainty
of the clarity index. If, for example, it can be said with 95 % certainty that a microphone was placed (at the
actual position) within a radius of 1 m around a given point (the intended position) it can be read from the solid
blue line that it is 95 % certain that the clarity index at the intended position is in average within the ±0.95dB
coverage interval relative to the clarity value measured at the actual measurement position. The blue shaded
area indicates that this situation may not be identical for all acoustic environments. Based on the surveyed
26 scenarios the expanded uncertainty of C80 can be as low as 0.81 dB or as high as 1.09 dB.

In case the standard uncertainty (68 % coverage interval) is of interest results can be read from Figure 8
as well, however, the scaling of the x-axis needs to be revised. Since the assumed distribution of the sensor
position is very close to normality the coverage factor of k = 2 can be used as a valid approximation to trans-
form the axis. As a result, if the standard uncertainty (68 %) were to be discussed, in the otherwise unchanged
Figure 8 the x-axis scaling would show values from 0 m to 2 m in 0.5 m steps. Hence, based on the previous
example, a standard uncertainty of 1 m for the microphone position is linked to the standard uncertainty of the
clarity index by the solid red curve, i.e. 0.54 dB.

The relevance of these results has to be discussed in regard to perception. The dashed horizontal line
highlights the just noticeable differences. While the JND determined under laboratory conditions (6) is plotted
at 1 dB other investigations suggest that changes in auditoria are not perceptible until differences exceed levels
of 3 dB (7). The former threshold suggests that, on average, the measurement locations needs to be described
accurately enough to ensure that it can be reproduced with a precision of better than ±1.2m. In extreme
cases the measurement position must be documented even more precisely, namely to within ±0.75m. The latter
threshold determined in the sound field of real auditoria would greatly relax the accuracy requirements of the
measurement location. The results suggest that it may not be necessary to define the measurement location
more precisely than the range of the x-axis in Figure 8.



5 CONCLUSIONS
In this paper the relationship between an uncertaint measurement position and the resulting uncertainty in the
clarity metric was presented. Based on the empirically determined measurement function and an assumption
about the measurement positions distribution, the resulting uncertainty distribution of the clarity index was de-
termined using a Monte Carlo method.

In reference to published just noticeable differences, it was determined how accurately measurement po-
sitions need to be documented and reproduced to ensure the uncertainty due to spatial fluctuations does not
exceed the thresholds of perception.
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Development of Mobile Robot for Room Impulse Response 

Measurement and Visualization of Sound Environment 

1. INTRODUCTION 

It is known that in general rooms such as living rooms, classrooms, and conference rooms, 

problems such as acoustic disturbance and excessive reverberation are likely to occur, not in 

acoustically designed spaces such as halls. Since the reverberation that is considered appropriate for 

each room and each use of that room is different, it is necessary to control the reverberation 

appropriately. 

In recent years, YouTube and other platforms for consumers to produce and present content have 

been developed, increasing the opportunities to record in a room. This has also been encouraged by 

the promotion of remote work due to the spread of COVID-19. Therefore, the benefits of controlling 

reverberation are not limited to the users of the room. 

Acoustical measurements are necessary for sound field adjustments and evaluating the effects of 

the adjustments. If the differences in hearing due to sound resonance can be expressed intuitively and 

easily understood by everyone, it will help to raise awareness of the importance of acoustic design.  

Reverberation is represented by a room impulse response, and if the location of the sound receiving 

point and the sound source are different, these systems has also different characteristics. Therefore, 

in order to obtain a detailed sound field, it is necessary to make measurements while moving the 

microphone as the sound receiving point and the loudspeaker as the sound source,  and recording the 

positions of the microphone and loudspeaker. Robotic systems are often used to efficiently move the 

microphone and loudspeaker and record their positions. The efficiency of these measurements can be 

helps to replace multiple microphones to a single microphone movement, and to reduce time variations 

in temperature. 

A human-collaborative mobile robot that acquires information from each sensor when a person 

strikes a hammer during concrete impact testing, is showed that the robot works effectively in a real 

environment. The combination of SLAM, a navigation system, and sensing of the striking position 

enables the recording of measured positions over a wide area (1). The HRTF measurement has the 

advantage of completing the measurement quickly in order to reduce the burden on the person being 

measured. The measurement time can be shortened by using a system in which the sound receiving 

point is driven by an actuator and its position is sensed and recorded (2). A robotic system is used to 

make detailed sound field datasets for evaluating sound field analysis and synthesis methods (3). 

High-precision position control is possible when microphones are moved using beams, as in previous 

studies (2, 3). On the other hand, this method requires a large scale of equipment to cover the 

measurement area. In this study, the measurement target is an entire room, so the acoustic equipment 

is moved by a mobile robot as in the previous study (1).  

The objectives of this study are to streamline the measurement of room impulse responses at 

multiple points by using a mobile robot and to visualize the sound field using room acoustic indices 

calculated from room impulse responses measured at multiple locations.  This paper describes a 

measurement method including a mobile robot and a visualization method for spatial distribution of 

room acoustic indices. The environment is a situation in which a speaker with a fixed position listens 

to speech at various positions, and the listening experience is evaluated and visualized at each 

listening position. 

 



 

 

2. ROBOTIC SYSTEM FOR ACOUSTIC MEASUREMENT 

2.1 Overview of Proposed System 

The system diagram is shown in Fig. 1 and the mobile robot in Fig. 2. To make room impulse 

response measurements at multiple locations more efficient, acoustic equipment (i.e., microphones 

and loudspeakers) are moved by remote control and their positions are automatically recorded. A map 

of the surrounding environment is also acquired for visualization. The measurement system consists 

of an operation unit and a measurement unit. Each unit communicates with the other via wireless LAN.  

The operation unit consists of a controller to control the robot's movement and meas urement 

triggers from outside the room, a PC, and a loudspeaker to play the measurement signal.  The 

measurement unit consists of a mobile robot equipped with a PC, audio interface, microphone, 

microphone elevation mechanism, and elevation mechanism for SLAM (to be described 2.3). 

 

  

Fig. 1 System diagram of proposed system 

 

 

Fig. 2 Appearance of measurement robot 



 

 

 

2.2 Mobile Robot 

The mobile robot is an opposed two-wheeled type and can move on a flat surface. The motor is 

brushless, resulting in low noise (A-weighted noise level of about 30 dB measured at a distance of 

100 mm from the wheels when the robot is idling in a quiet room). The microphone is moved vertically 

by a ball screw mechanism. The two degrees of freedom of wheel movement and one degree of 

freedom of the elevation mechanism together enable measurement in a three-dimensional space. 

2.3 SLAM 

SLAM (Simultaneous Localization and Mapping) is a navigation technology used for automatic 

driving, etc. It alternately maps the environment and estimates its own position based on information 

obtained from LiDAR and RGB-D sensors. Currently, various SLAM packages are available, and we 

used RTAB-Map for this system. 

The map of the surrounding environment output by the system is three-dimensional point cloud 

data. In the space represented by this point cloud data, the coordinates obtained by combining the 

planar position of the robot and the microphone height obtained from the self-position estimation 

correspond to the measurement position. The room acoustic index was plotted as a color coded plot 

on these coordinates for visualization. 

3. MEASUREMENT METHOD 

3.1 Measurement Room Impulse Responses 

The Log-SS method was used to measure the room impulse responses. 5 periods of the Log-SS 

signal were concatenated and used as the measurement source (Fig. 3). The room impulse response 

was obtained by inverse filtering the synchronously summed signals of the middle three periods of 

the sound sources. 

 

Fig. 3 Log-SS signal for measurement 

3.2 Room Acoustic Indices 

The room acoustic indices used for visualization were speech clarity (C50) and early decay time 

(EDT). C50 is the ratio of the energy of sound arriving by 50[ms] to the energy of sound arriving after 

50[ms] from the arrival of the direct sound in the room impulse response. EDT is calculated by 

multiplying the time from the time when the reverberation decay curve begins to decay by 10 dB by 

6, and is a value that affects the reverberation feeling.  

Each of the acoustic parameters was obtained as a single value by arithmetic averaging the values 

obtained through a 1/1-octave band filter with center frequencies of 500 Hz and 1000 Hz. For 

visualization, the maximum value of each index was transformed to green (RGB=0,255 ,0) and the 

minimum value to blue (RGB=0,0,255). 



 

 

3.3 Measurement flow 

Fig. 4 shows a schematic diagram of the measurement situation. The flow of acoustic measurement 

using the proposed system is shown below. 

(1) Operate the robot remotely to the position to be measured  

(2) Playback and acquisition of sound source for measurement while stopped (approx. 8 sec.)  

(3) Change the height by one step (approx. 10[s]) 

(4). play and record sound source (approx. 8[s]) 

(5). change height one step (approx. 10[s]) 

(6). Playback and acquisition of sound source (approx. 8[s]) 

(7). change to initial height (approx. 20[s]) 

(8). move to the next measurement point (approx. 20[s]) 

 

The microphone height was set at three levels, 900[mm], 1200[mm], and 1500[mm] from the floor. 

This corresponds to the ear height of an adult sitting in a chair, a child standing upright, and an adult 

standing upright. 

 

 

Fig. 4 Semantic diagram of acoustic measurement 

4. EVALUATE PRECISION OF POSITION DETECTION 

In considering the visualization results of the proposed system, we considered it necessary to 

evaluate the detection accuracy of the measurement position in particular, and conducted the following 

two experiments. The first was to record the robot's position while it was stopped.  After mapping the 

surrounding environment, we evaluated the results of self-position estimation when the robot was 

stopped for about one minute. The second experiment was to repeatedly move the robot and record 

the position detection results as in an actual acoustic measurement, and to compare the obtained 

measured positions with the true values. 

Fig. 5 shows the results of self-position estimation when the robot was stopped. Bias is observed 

along the spatial axes. The standard deviations were 7.0 × 10−4[m] for the x-axis, 1.6 × 10−3[m] 
for the y-axis, and 2.6 × 10−3[m]  for the z-axis. Fig. 6 shows the detected positions and their 

averages, and Fig. 7 compares the average of the detected positions with the correct position. As can 

be seen from the histogram of the detected positions (Fig. 8), there is a difference in the degree of 

scatter between the x-axis and the y-axis. 

Fig. 9 shows the detected positions when the robot was moved 10 times at a fixed interval in one 

direction with the environment mapping completed beforehand. Compared with Fig. 6, the variation 

is suppressed. Therefore, it is possible that the variation in position detection differs depending on 

whether the robot updates its own map at the time of measurement.  In addition, the sensor tends to 

face in a specific direction when mapping the environment, resulting in a larger variation for each 

direction. These problems can be solved by the timing of environmental mapping and the way the 

robot moves. 



 

 

 

Fig. 5 Localization results with stop state 

 

 

Fig. 6 Estimated measurement positions 

 

 

Fig. 7 Comparison means of estimated positions and correct positions 

 



 

 

 

Fig. 8 Histogram of detected positions 

 

 

Fig. 9 Detected positions without updating map of the environment 

 

5. VISUALIZATION OF ACOUSTIC ENVIRONMENT 

The acoustic measurements were made according to the measurement flow shown above, and the 

results were used to visualize the spatial distribution of the room acoustic indices.  The robot moved 

through eight points, each measured at three different heights, for a total of 24 measurement points.  

The measurement time was approximately 14 minutes.  The measurement was performed in a 

laboratory on the 19th floor of Building No. 2 on the Tsudanuma Campus of the Chiba Institute of 

Technology (Fig. 10). 

The characteristics of acoustic indices for each position and height are shown in Fig. 11. 

Fig. 12 and Fig. 13 show the results of visualizing the spatial distribution of acoustic indices in the 

room using the proposed system. Fig. 12 shows that the C50 value is higher when the sound source is 

closer to the room. On the other hand, Fig. 13 shows that the EDT tends to be longer at points farther 

from the sound source. This result is consistent with the finding that the reflected sound component 

increases with distance from the sound source. 

 

 

 



 

 

 

Fig. 10 Top view of measurement environment 

 

Fig. 11 Characteristics of room acoustic indices obtained from three-dimensional spatial measurements 

 

Fig. 12 Results of visualization of spatial distribution of speech clarity 

 



 

 

 

Fig. 13 Results of visualization of spatial distribution of early decay time 

 

6. CONCLUSION 

From the position detection accuracy experiments, it was judged that the proposed system's 

position detection accuracy is sufficient for visualization of room acoustic indices. It was also 

confirmed that the measurement results obtained by the proposed system can be used to construct a 

three-dimensional point cloud data set that overlaps the spatial distribution of room acoustic indices 

and a map of the surrounding environment. 

Although it is the author's empirical judgment, the time required for the measurement by the 

proposed system (approximately 14 minutes) is considered to be more efficient than the 8 times of 

moving the sound receiving point and 3 times of changing the height at each position, which were 

performed manually in the demonstration experiment. In addition, physical fatigue of the measurer 

should be reduced due to the small amount of movement of the acoustic equipment.  

In this study, the robot is not autonomous in that it determines its own measurement path. However, 

we believe that an autonomous measurement system would be effective for further labor savings.  

Although the visualization results are 2D representations due to space limitations, the spatial 

distribution of room acoustic indices can be viewed in a more immersive by changing the settings to 

read point cloud data in Unity and connecting an HMD (Head Mounted Display). 
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ABSTRACT
In acoustic renovations, the first step is to measure the current acoustic conditions of the space. This provides
valuable acoustic insight and helps calibrate analytical models. In addition, other information such as the geom-
etry of the room and the characteristics of the boundary surfaces must be recorded. This documentation process
is extremely important, but also very time consuming. Therefore, it is of practical interest to investigate the
application of new technologies that facilitate this process. This paper presents a case study of the acoustic ren-
ovation of an industrial hall to be converted into a concert venue space. For the study, a laser scanner was used to
capture the highly complex geometry of the space. The data was then post-processed and integrated into a room
acoustics simulation software. The same approach is presented for an impulse response measurements with
60 microphones whose coordinates were determined with the laser scanner. The results and experience gained
in carrying out this study prove that the use of the laser scanner is a valuable tool for in-situ room acoustic
measurements.

Keywords: Microphone positioning, laser scanner, localization

1 INTRODUCTION
Field measurements are time consuming and any method that could facilitate the measurement process is wel-
come. The geometry and position of elements must be recorded for several reasons: documentation is necessary
to achieve the required repeatability, standardized protocols require specific positions of microphones (e.g., the
distance between source and receiver for reverberation time measurements [1, 2]), and in acoustic renovations,
the geometry must be known in order to make analytical or simulation-based acoustic predictions [3].

The device that can be of assistance is a laser scanner. Laser scanners have already been used in acous-
tics [4], but to our knowledge only to capture the geometry of the room. Such a use is also evaluated by us
as one of the possible applications. Nevertheless, we have also considered an additional option - for capturing
microphone coordinates for the challenging case of 60 microphones arranged in an array.

Section 2 introduces the LIDAR scanner technology, Section 3 describes the transition from the point cloud
to the room simulation engine, and Section 4 describes the geometric steps required to acquire the coordinates
of a large number of microphones. The conclusions are summarized in Section 5.

2 LIDAR SCANNER
The operating principle of laser scanners is based on the LIDAR technology, the acronym for LIght Detection
And Ranging [5]. The technology is used in various fields to determine the topology of objects and in most cases
is based on calculating the distance between the detector and the reflected object from the measured time of
flight of the laser beam [6] to the object and back. Commercial laser scanners have the ability to systematically
rotate the direction of the laser beam. As such, the devices can generate a point cloud, i.e. a list of coordinates,
as reflection points on the surfaces visible from the scanner.

In our case, we used the Trimble X7 laser scanner, whose use is shown in Figure 1. The scanner uses
a non-visible laser with a wavelength of 1550 nm. According to the product specifications, the accuracy in
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determining the distance to a point is 2 mm, while the accuracy in determining the coordinates of the point
depends on its distance from the detector, and at a distance of 10 m it is 2.4 mm.

Figure 1. A photo of the Trimble X7 LIDAR scanner in use.

A laser scanner captures tens of millions of points in a relatively short time (usually a few minutes). Ad-
vanced algorithms ensure that the point clouds can be merged when scans from different locations are combined
- the coordinates of the point clouds are provided in the same coordinate system. In addition, the scanner also
captures a visual image with a camera that provides information about the colors of the points in the cloud.
This feature was used in our case to determine the coordinates of the microphone array, which were specifically
marked by colors.

An important aspect of using a laser scanner is the resolution of the acquired point cloud, i.e., the character-
istic distance between neighboring points in the cloud. The time of scanning is an important parameter in this
respect, as it directly determines the number of points acquired. Another property that determines the resolution
of the points is the distance between the detector and the reflecting surface. In fact, the density of the points
on a surface decreases with increasing distance, which means that the object should be close to the scanner if
high resolution is required.

3 ACQUIRING THE GEOMETRY OF THE ROOM
The goal was to scan the boundary surfaces of an industrial hall Barutana that was to be converted into a
concert venue space. Together with various room acoustic measurements, the laser scanner was used for this
purpose.

Since the surfaces must be visible from the scanner’s point of view, multiple measurement positions had to
be used due to the complex geometry of the space. The acquired points have been combined to obtain a single
model of the room, as shown in Figure 2. A particular challenge in this perspective was the ceiling of the hall.
In fact, the arches that make it up had a finer wave structure that formed several shadow zones that were not
accessible to the laser.
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Figure 2. Acquired point cloud of the Barutana hall, with labelled positions of microphones and sources.

During post-processing, the point cloud was used to create the 3D model needed for the Odeon simulation
software [8]. It was expected that there would be software solutions on the market that would facilitate the
transition from the point cloud to the geometry format required by the simulation software. In fact, the 3D
model should be composed of simple 2D elements, representing walls, ceiling arches etc. Unfortunately, a
seamless transition between geometry formats is currently not feasible and the point clouds had to be used
differently: using limited-box selection smaller point clutters were analyzed to acquire the coordinates of points
of interest. This way the dimensions of each surface were measured and then geometry components in the
simulation software were manually created.

Although this process can be largely automated with software development, the sound absorbing and scatter-
ing properties of the boundaries, which of course the scanner cannot capture, still need to be defined manually.
Therefore, we believe that this process will remain largely manual in the future.

One important advantage we have encountered is the ability to read the distance between any points in the
cloud during post-processing. This is of great practical importance, as on-site measurements are likely to be
incomplete. This is especially true considering that the design of the acoustic elements and their positioning in
the space is done long after the site visit. Consequently, point cloud acquisition is likely to reduce the number
of site visits.

4 POSITIONING MICROPHONES
Microphone positions are usually acquired with a ruler or laser distance meter. Such an approach is not useful
for a large number of microphone positions (e.g., [9]) or when the movement of the microphone is automated.
The way to accurately determine the coordinates of the microphone during the measurement is to use a robotic
arm for this purpose ([10, 11]). There are also acoustic positioning methods ([12, 13]), but their accuracy has
not been systematically evaluated.

The difficult task of determining the coordinates of 60 microphones arranged in a pseudorandom disk-shaped
array was investigated. For this purpose, the 120-degree sections on the frame of the array (see Figure 3) were
marked with characteristic colors.

During the field measurements, the laser scanner was used to scan the back side of the array. From the ac-
quired point cloud, the coordinates (TR, TG, TY ) of the three colored markers were read during post-processing.
To detect the 20 x 5 mm markers, the distance between the array and the scanner had to be small to achieve
sufficient resolution.



Figure 3.
Left: Photo of the back side of the microphone array with visible red, green and yellow markers TR, TG, TY .
On the other side of the array the microphone capsules are positioned which are displaced for d = 70 mm from
the plain determined by the markers.
Right: Microphone array point cloud with indicated colored markers TR, TG, TY , the central position of the
array TC and the three orthogonal vectors a, b and c.

The local coordinates for each of the 60 microphones,

Mi = [xi,yi,0], i = 1,2, ...60, (1)

are provided by the array manufacturer. For all microphones, the z-component is simply zero, corresponding to
the array being positioned in the x− y plain.

These local microphone coordinates can be converted to polar coordinates defined by the distance from the
center of the array, ri, and the angle ϕi. It was assumed that ϕi is measured for each of the microphones with
respect to the direction defined by the yellow marker TY .

In order to relate the local coordinates of the microphone to the coordinates of the markers, the central
position, TC, and the normal to the plain defined by the array, a, must be determined. Because of the symmetry
of the markers the central point is

TC =
1
3
(TR +TG +TY ) , (2)

while the normal can be calculated by the cross product of two non-parallel vectors in the plain of the array,
such as

a = ||(TC −TG)× (TC −TR)|| (3)

Next, two perpendicular vectors in the plain of the array are needed for the transition of polar coordinates. As
such,

b = ||TY −TC|| (4)

and
c = a×b (5)

are defined. All introduced vectors and points are shown graphically in Figure 3.
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Figure 4.
Left: Point cloud of the microphone array acquired by the scanner.
Right: The 3D drawing of the corresponding color markers, central point, array circular profile and microphones
as obtained from eq. (6).

Finally, the coordinate of each microphone can be determined as

Mi = TC +d ·a+ ri cosϕi ·b+ ri sinϕi · c, (6)

where the second therm is needed because the microphone capsules are moved out of the plain defined by the
colored markers. The identified coordinates of the microphones for a measurement case are shown in Figure 4
in which they are presented together with the corresponding point cloud acquired by the scanner.

5 CONCLUSIONS
The potential applications of the laser scanner were investigated for in-situ measurements of an industrial hall
with challenging geometry that is to be converted into an venue space. By performing all the necessary steps
from on-site acoustic measurements to laser scanning and the creation of room acoustic simulations, we can
confirm that the laser scanner largely facilitates this process. Surprisingly, the software solutions to automatically
convert the format of the geometry captured by the scanner (point cloud) to the format used by the simulation
software are not readily available. Nevertheless, simple distance measurements that can be extracted from the
point cloud during post-processing are very useful in practice.

Another use of the laser scanner investigated was to determine the coordinates of a larger number of mi-
crophones. The method used was described, including the geometric considerations necessary to determine the
coordinates of the microphones in space. A case study was used to present results demonstrating the usefulness
of the method. In view of future research, the approach will be quantitatively evaluated for precisely known
microphone positions to assess the expected accuracy of the method. A comparison will also be made with
other microphone positioning systems [12].
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ABSTRACT 

It is difficult to detect the characteristic vibrations of a sound field from a room impulse response because 3 
dB modal bandwidths of characteristic vibrations broaden owing to decay. This study proposes a method for 
detecting characteristic vibrations in a room sound field via the frequency analysis of a decay-cancelled 
impulse response of sound pressure and particle velocity. In the decay-cancelled impulse response, only the 
decay of the impulse response is cancelled, and the temporal structure can be clearly detected. This narrows 
the 3 dB modal bandwidths in the power spectrum, thus enabling the detection of the characteristic vibrations. 
Furthermore, by focusing on not only sound pressure but also particle velocity, characteristic vibrations can 
be detected without depending on receiving position in a room sound field. 
 
Keywords: Room sound field, Characteristic vibration, Particle velocity, Sound energy density, Decay-
cancelled impulse response 

1. INTRODUCTION 
Characteristic vibration analysis plays a key role in the design of room sound fields because the 

characteristic vibration distribution significantly affects the acoustic characteristics in the low-
frequency range. In particular, characteristic vibration density is low in small rooms, and therefore, a 
method for their detection is required. Generally, characteristic vibrations are detected based on the 
peaks in the power spectrum of the measured impulse response. However, two challenges emerge 
when using the conventional method that employs the impulse response to detect such vibrations. 

The first is the power spectrum fluctuation that occurs depending on the receiving position. Nodes 
and anti-nodes exist in the standing wave. If the receiving position is a sound pressure distribution 
node, detection of characteristic vibrations becomes unfeasible. 

The second is that power spectrum peaks become unclear when the impulse response decays and 
as the 3 dB modal bandwidths consequently broaden (1). 

To address the first challenge, we analyse the sound energy density power spectrum, and to address 
the second challenge, frequency analysis of a decay-cancelled impulse response (2, 3) is conducted. 
Furthermore, a method designed by combining them for detecting characteristic vibrations is proposed. 

2. PROPOSED METHOD FOR DETECTING CHARACTERISTIC VIBRATIONS 

2.1 Sound Energy Density Power Spectrum 

The potential energy density power spectrum, 𝐸 𝑓  is as follows: 

𝐸 𝑓
1

2𝜌𝑐
|𝑃 𝑓 |  (1) 

where |𝑃 𝑓 |  is the sound pressure power spectrum, 𝜌, 𝑐 are the air density and sound speed, 
respectively. 

Similarly, the kinetic energy density power spectrum, 𝐸 𝑓  is as follows: 

 
1 suzuki.ryoichi@nihon-u.ac.jp 
2 hoshi.kazuma@nihon-u.ac.jp 
3 hanyu.toshiki@nihon-u.ac.jp 



 

 

𝐸 𝑓
1
2
𝜌 |𝑈 𝑓 | 𝑈 𝑓 |𝑈 𝑓 |  (2) 

where |𝑈 𝑓 | , 𝑈 𝑓 , |𝑈 𝑓 |   are particle velocity power spectrums of each directional 
component. 

Using 𝐸 𝑓  and 𝐸 𝑓 , the sound energy density power spectrum, 𝐸 𝑓  is as follows: 

𝐸 𝑓 𝐸 𝑓 𝐸 𝑓  (3) 

The sound pressure and particle velocity spatial distribution nodes exist at different positions. 
Therefore, by focusing not only on sound pressure but also particle velocity, the characteristic 
vibrations can be detected without dependence on positions. 

2.2 Frequency Analysis of the Decay-cancelled Impulse Response 

The decay-cancelled impulse response is calculated based on the impulse response and its energy 
decay curve. The potential energy decay curve, 𝐸 𝑡  is calculated based on the impulse response 
of the sound pressure, 𝑝 𝑡  as follows: 

𝐸 𝑡
1

2𝜌𝑐
𝑝 𝜏 𝑑𝜏 (4) 

Similarly, the kinetic energy decay curve, 𝐸 𝑡  is calculated based on the impulse response of 
the particle velocity vector, 𝐮 𝑡  as follows: 

𝐸 𝑡
1
2
𝜌 |𝐮 𝜏 | 𝑑𝜏 (5) 

Therefore, the decay-cancelled impulse response of sound pressure, 𝑔 𝑡  and particle velocity 
vector, 𝐠𝐮 𝑡  are defined as follows: 

𝑔 𝑡
𝑝 𝑡

𝐸 𝑡
 (6) 

𝐠𝐮 𝑡
𝐮 𝑡

𝐸 𝑡
 (7) 

The sound energy density power spectrum is calculated based on the decay-cancelled impulse 
response of both sound pressure and particle velocity using Equations (1) to (3). Incidentally, the end 
of the analysis range should be set at a time that becomes at a minimum of +10 dB from the noise 
floor. 

3. STUDIES BY NUMERICAL SIMULATIONS 
A three-dimensional sound field (5,100 mm × 4,050 mm × 3,050 mm) shown in Figure 1 was 

simulated by the constrained interpolation profile (CIP) method (4, 5) to investigate whether the 
proposed method can detect characteristic vibrations. The discrete time step was 40 μs and the spatial 
grid size was 25 mm for the simulations. A sound source was located at a corner of the sound field, 
and a Gaussian pulse was given as a sound pressure time waveform to calculate the impulse responses 
of both sound pressure and particle velocity. The receiving positions were located from R1 to R5 in 
Figure 1, the height of which was 2,000 mm. Three studies were conducted using a sound field that 
changed the absorption coefficient. The analysis frequency band was from 30 to 100 Hz. 

3.1 Comparison of Sound Pressure and Sound Energy Density 

A sound field where the absorption coefficient of all surfaces is 0 was simulated. The sound 
pressure power spectrum, |𝑃 𝑓 |   and the sound energy density power spectrum, 𝐸 𝑓   are 
compared to determine whether it is possible to detect characteristic vibrations without depending on 
the position using 𝐸 𝑓 . |𝑃 𝑓 |  and 𝐸 𝑓  from R1 to R5 are shown in Figures 2 and 3, respectively. 
The vertical dashed lines represent the natural frequencies of the sound field. The sound pressure 
distribution and sound energy density distribution of mode (1, 2, 0) are shown in Figures 4 and 5, 
respectively. 

|𝑃 𝑓 |   differs significantly depending on the receiving position. No peaks were observed at 
multiple natural frequencies in the power spectrum at R1, for example, modes (1, 0, 0) and (1, 1, 1). 



 

 

Furthermore, no peaks in modes (0, 2, 0) and (1, 2, 0) were observed at any receiving positions from 
R1 to R5. This is because all positions are the sound pressure distribution nodes in Figure 4. This 
finding indicates that the frequency analysis using only sound pressure is significantly affected by the 
receiving position. 

On the other hand, 𝐸 𝑓  differs less than |𝑃 𝑓 |  depending on receiving positions and peaks 
emerged at almost all natural frequencies at any receiving position. However, no peak was observed 
in mode (1, 2, 0) at R1. This is because R1 is the sound energy density distribution node shown in 
Figure 5. 

According to the aforementioned results, it was identified that the characteristic vibrations can be 
detected without depending on the position using the sound energy density rather than the 
conventional analysis (solely using sound pressure). 
 

 
Figure 1 – The Simulated Sound Field 

 

 
Figure 2 – Sound pressure power spectrum, |𝑃 𝑓 |  from R1 to R5 

 

 
Figure 3 –Sound energy density power spectrum, 𝐸 𝑓  from R1 to R5 
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Figure 4 - Sound pressure distribution of 

mode (1, 2, 0) 

 
Figure 5 - Sound energy density distribution of 

mode (1, 2, 0) 

3.2 Comparison of the Impulse Response and the Decay-cancelled Impulse Response 

A sound field where the absorption coefficient of all surfaces is 0.15 was simulated. The sound 
energy density power spectrums calculated from the impulse response and the decay-cancelled 
impulse response were compared to investigate the validity of the method using the decay-cancelled 
impulse response. 

The time waveforms of the impulse response and decay-cancelled impulse response at R2 are 
shown in Figures 6 and 7, respectively, and the power spectrums calculated from each are shown in 
Figure 8. The vertical dashed lines in Figure 8 represent the natural frequencies. 

Regarding the impulse response result, no clear peaks in the power spectrum were observed 
because the 3 dB modal bandwidths broadened owing to decay. However, regarding the decay-
cancelled impulse response result, the 3 dB modal bandwidths were narrowed owing to decay being 
cancelled. Thus, clear peaks revealed at multiple natural frequencies. Therefore, it was confirmed that 
characteristic vibrations could be detected more clearly using the decay-cancelled impulse response. 
 

 
Figure 6 - Impulse Response at R2 

 
Figure 7 - Decay-cancelled Impulse Response 

at R2 
 

 
Figure 8 – Impulse response and decay-cancelled impulse response power spectrums at R2 
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3.3 Frequency analysis of sound fields with unevenly distributed reflective surfaces 

Three sound fields with only one pair of opposing reflective surfaces (Pattern X, Y, and Z) were 
simulated. The arrangement of reflective surfaces and absorption coefficients are shown in Figure 9. 
The average absorption coefficient of all patterns was 0.15. The sound energy density power spectrums 
both with and without cancelling the decay at R2 are shown in Figures 10 and 11. The vertical dashed 
lines represent the natural frequencies. 

Regarding the impulse response results shown in Figure 10, it is difficult to compare the difference 
between patterns because not much difference emerges in each power spectrum. However, regarding 
the decay-cancelled impulse response results shown in Figure 11, the difference becomes clear owing 
to decay being cancelled. It was identified that the axial wave in the direction where the reflecting 
surface exists was predominant. 

Therefore, characteristic vibrations hidden by conventional analysis can be revealed using the 
decay-cancelled impulse response. Furthermore, it was confirmed that regardless of the fact that no 
clear peaks were observed in the impulse response power spectrum, as shown in Figure 10, the 
difference in the characteristic vibrations depending on each sound absorption pattern remained, as 
shown in Figure 11. Hence, decay-cancelled impulse response analysis detects hidden information of 
a sound field from the impulse response. 
 

 
Figure 9 – Arrangement of reflective surfaces of simulated sound field (Pattern X, Y, and Z) 

 

 
Figure 10 – Impulse response power spectrums at R2 (Pattern X, Y, and Z) 

 

 
Figure 11 – Decay-cancelled impulse response power spectrums at R2 (Pattern X, Y, and Z) 
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4. CONCLUSIONS 
This study proposed a method for detecting characteristic vibrations in a room sound field by 

performing frequency analysis of the decay-cancelled impulse response and sound energy density. 
Focusing not only on the sound pressure but also particle velocity, characteristic vibrations were 

detected without dependence on the positions in the room sound field. In recent years, particle velocity 
measurement has become reasonably straightforward (6-10) and is therefore considered an effective 
method for detecting characteristic vibrations in real sound field environments. 

Cancelling the decay from the impulse response narrows the 3 dB modal bandwidths, thus enabling 
clearer detection of the characteristic vibration. Future work will now focus on the relationship 
between auditory impressions and detected information from the decay-cancelled impulse response. 
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ABSTRACT 

Spatial impressions such as apparent source width (ASW) and listener envelopment (LEV) are significant 
factors for evaluating sound fields in concert halls. A number of lateral-energy measures for evaluating the 
spatial impressions have been standardized in ISO 3382-1, including early lateral-energy measures, JLF or 
JLFC for ASW, and late lateral sound level LJ for LEV. However, measurements using a figure-of-eight pattern 
microphone have some uncertainty, and it does not ensure the accuracy and reproducibility of measurements. 
In this study, we focused only on the measures for ASW, although they are the same as the measures for LEV. 
First, issues with the definitions of the lateral-energy measures in ISO 3382-1 were discussed. Next, to solve 
these issues, new definitions of the lateral-energy measures using the sound intensity and sound particle 
velocity were proposed. Finally, in order to validate new definitions, experiments of lateral-energy measures 
with both existing and new definitions were conducted. As a result, measurements by the new definitions 
were more accurate than those by the method of ISO 3382-1. 
 
Keywords: Lateral energy measure, Sound intensity, ISO3382, JLF, JLFC 

1. INTRODUCTION 
Auditory spatial impressions are crucial factors for evaluating sound fields in concert halls. Spatial 

impression can be divided into two elemental sensations such as apparent source width (ASW) and 
listener envelopment (LEV) (1). Early lateral reflected sounds are significant for ASW (2, 3), and late 
arriving lateral reflected sounds are significant for LEV (4). Therefore, lateral-energy measures for 
evaluating ASW and LEV have been standardized in ISO 3382-1 (5), for example, early lateral energy 
measures JLF or JLFC for the ASW and late lateral sound level LJ for the LEV. However, measurements 
using a figure-of-eight pattern microphone have some uncertainty, and it does not ensure the accuracy 
and reproducibility of measurements. Apart from late lateral sounds, other factors such as reflected 
sounds from behind (6) and overhead (7) and spatial balance of reflected-sound energy (8) are also 
significant when evaluating LEV. Therefore, a method for evaluating LEV has been a research focus.  

Therefore, in this study, we focused only on the measures for ASW. First, issues of definitions of 
the lateral energy measures in ISO 3382-1 were discussed. Then, to solve these issues, new definitions 
of the lateral-energy measures, based on the sound intensity and sound particle velocity, were 
proposed. Finally, to validate new definitions, experiments of lateral-energy measures with both the 
existing and new definitions were conducted.  

2. DEFINITIONS AND ISSUES OF EARLY LATERAL-ENERGY MEASURES IN 

ISO 3382-1  

2.1 Definitions of early lateral-energy measures in ISO 3382-1 

Early lateral energy measures, JLF and JLFC for evaluating ASW have been defined in ISO3382-1 
using Equations (1) and (2), respectively. 
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where 𝑝 𝑡  is the instantaneous sound pressure in the impulse response, measured with a figure-
of-eight pattern microphone, and 𝑝 𝑡  is the instantaneous sound pressure of the impulse response, 
measured at the measurement point.  

The null of the figure-of-eight pattern microphone is pointed towards a sound source. Therefore, 
the figure-of-eight pattern microphone responded predominantly to sound energy arriving from the 
lateral directions and was not significantly influenced by the direct sound. 

As JLF expressed in Equation (1), the resultant contribution to lateral energy for an individual 
reflection varies with the square of the cosine of the angle of incidence of the reflection relative to 
the axis of maximum sensitivity of the microphone, as represented in Equation (3) because the figure-
of-eight microphone has the directivity of a cosine pattern and pressure values are squared.  
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where 𝜃 is the angle of incidence of the reflection relative to the axis of maximum sensitivity of 
the microphone. In addition, 𝜃 means the angle relative to the axis passes through both ears of a 
listener (binaural axis). 

Barron and Marshall (3) clarified that ASW corresponded to early reflect sound energy weighed 
by cos 𝜃  through the results of their subjective experiments and proposed the lateral energy fraction 
Lf to evaluate ASW, as shown in Equation (4). Therefore, the weighting of cos 𝜃   is essentially 
appropriate rather than the weighting of cos 𝜃  for evaluation of ASW. 
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To measure the lateral energy fraction Lf with the weighting of cos 𝜃 , JLFC was considered to be 
subjectively more accurate and was defined in ISO 3382-1 as Equation (2). Ideally, JLFC can obtain 
the weighting of cos 𝜃  as in Equation (4).  

2.2 Issues of lateral energy measures in ISO 3382-1 

Issues and challenges concerning the lateral-energy measures in ISO 3382-1 are discussed here. In 
most cases of actual concert hall measurements, JLF was measured, while JLFC wasn't. The first issue 
is a challenge in the measurement of JLFC, which is subjectively more accurate. In the measurement 
of JLFC based on Equation (2), for multiplying 𝑝 𝑡   to 𝑝 𝑡  , the sensitivities and phase 
characteristics should be precisely matched in both the figure-of-eight pattern and omni-directional 
microphones In addition, both microphones might be located ideally in the same position. Although 
these are required for JLF, the requirements in JLFC are stricter than those of JLF due to multiplication 
of 𝑝 𝑡  and 𝑝 𝑡  synchronously.  

The second issue is a vagueness of the definitions of the measures. An important explanation 
concerning the definitions of the measures is described in section “A3-Measurement procedure” of 
ISO 3382-1 as follows: “For JLF values, a figure-of-eight pattern microphone was required, and the 
relative sensitivities of the omnidirectional and figure-of-eight microphones in the direction of 
maximum sensitivity should have been calibrated in a free sound field.” This explanation related to 
the definitions of the measures is not in section “A2-definitions of measures.” In contrast, the 
measurement procedures were used in section “A2-definitions of measures.” For example, the case 
𝑝 𝑡  was as follows: “𝑝 𝑡  is the instantaneous sound pressure in the auditorium impulse response, 



 

 

measured with a figure-of-eight pattern microphone.” Similarly, the definitions and measurement 
procedures were mixed in ISO 3382-1. Furthermore, the indexes should be defined distinctly by 
acoustic physical quantities and separated from their measurement methods, and the definition of the 
indexes should be in a form that does not depend on the measurement method such as the used 
microphone. In addition, although sound pressure is an omnidirectional physical quantity, the term 
“sound pressure” was used as the physical quantity, measured with the figure-of-eight microphone in 
the definitions. The physical quantities, used in the definition, are a little ambiguous. 

The third issue is that no regulations were present regarding the allowable accuracy of the 
microphones used. JLF and JLFC are energy ratios, and the JNDs of these measures are the same as 
0.05 (see. Table A1 in ISO 3382-1). This implies that the sensitivities of the omnidirectional and 
bidirectional microphones in the direction of maximum sensitivity must match within 5 % 
(approximately 0.2 dB) in the energy dimension. Furthermore, the deviation from the ideal directivity 
(omnidirectional, bidirectional) of the microphone should be suppressed within a certain range in the 
dimension of energy. If no regulations were present, even if measurements were made according to 
the definition, index values differed, depending on the microphone used, and reproducibility might 
not be guaranteed. 

3. NEW DEFINITIONS USING SOUND INTENSITY AND PARTICLE VELOCITY 
To solve the issues of lateral measures in ISO 3382-1, we proposed new definitions of JLF and JLFC 

by the sound intensity and sound particle velocity using Equations (5) and (6), respectively. 
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where u 𝑡   is the instantaneous sound particle-velocity vector in the impulse response at the 
measurement point, and e𝒙 is a unit vector toward + direction of the x-axis, 𝑢 𝑡  is a x component 
of u 𝑡 , 𝜌𝑐 is a specific impedance of air, I 𝑡  is the instantaneous sound-intensity vector in the 
impulse response, and 𝐼 𝑡  is a x component of I 𝑡 . As a vector coordinate system, a right-handed 
three-dimensional orthogonal coordinate system was assumed in which the y-axis was directed 
towards the sound source and the x-axis was lateral (listener's binaural axis) and the z-axis was in the 
upward direction. 

Equations (5) and (6) are defined using acoustic physical quantities such as sound pressure, sound-
particle velocity, and sound intensity. The sound particle velocity 𝑢 𝑡  and sound intensity 𝐼 𝑡  
exactly had the directivity of a cosine pattern along with the x-axis. Therefore, Equations (5) and (6) 
could exactly achieve the weighting of cos 𝜃   and cos 𝜃 ,  indicated in Equations (3) and (4). 
Although 𝜌𝑐 was temperature dependent, it was approximately 415 kg/m2s at 17 °C at 1 atmospheric 
pressure, and the change in the range of 17±5 °C was approximately 1 %. Therefore, 𝜌𝑐  can be 
treated as a fixed value of 415 kg/m2s. The definitions of the measures by Equations (5) and (6) were 
physically distinct because they were distinguished from their measurement methods. 

The sound pressure, particle velocity, and sound intensity could be measured with certain accuracy 
according to standard such as IEC 61672-1 (9), IEC 61043:1993 (10), ANSI S1.9-1996 (11), JIS C 



 

 

1507:2006 (12). Recently, a few other possible methods to measure particle velocity and sound 
intensity have been proposed and gradually been widely used such as the PU censer of Microflown 
(13, 14) and the C-C method (15). With these methods, which can guarantee a certain accuracy, the 
lateral energy measures can be measured accurately using the new definitions. Furthermore, based on 
Equation (6), JLFC, which corresponds well to ASW can be measured using the sound intensity probe. 

4. EXPERIMENTAL VERIFICATION 

4.1 Method and conditions 

We compared the results of measurement using an omnidirectional and a bidirectional microphone 
based on the definition of ISO3382-1, and the results of measurement with an intensity probe using 
the C-C method based on the new definition. Measurements were performed in an anechoic chamber. 
As shown in Figures 1 and 2, the sound fields to be measured are a sound field consisting of the direct 
sound and a pair of left and right early reflected sounds (delay times of 25 ms and 35 ms from the 
direct sound). The arrival angle α (angle from the front) of the early reflected sound ranges from 0° 
to 180° in 15° intervals.  

Measurements based on ISO3382-1 were performed with three different microphone systems. First, 
measurements were performed using two types of condenser microphones that can be switched 
between omnidirectional and bidirectional (figure-of-eight pattern). The condenser microphones were 
C414 B-ULS (AKG) and WA-14 (WARM AUDIO). Another measurement was performed with a 
combination of omnidirectional MI-1233 (Ono Sokki) and figure-of-eight microphone AT4081 (audio- 
technica). The relative sensitivities of the omnidirectional and figure-of-eight microphones in the 
direction of maximum sensitivity were calibrated in an anechoic room. 

Measurements, based on the new definition, were performed by the C-C method. The C-C method 
used a pair of cardioid microphones facing each other to measure sound pressure, particle velocity, 
and sound intensity. Two types of cardioid microphones, EU-10 (ACO) and PRO-35x (audio- technica), 
were used in the C-C method. Measurements of the C-C method were conducted in two ways. The 
first method involved rotating one microphone 180 degrees to realize the face-to-face. In this case, 
the microphone spacing is zero (EU-10_0mm, PRO35x_0mm). In the second method, two 
microphones EU-10 were facing each other. In this case, the microphone spacing was 20 mm (EU-
10_20 mm). 

      

Figure 1 – Arrangement of loudspeakers for measuring lateral-energy indexes in an anechoic room 

 
Figure 2 – Impulse response reproduced through loudspeakers in an anechoic room 
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4.2 Results and discussion 

Figures 3 and 4 show the measurement results based on the definition of ISO 3382-1 and the new 
definition, respectively. The figures on the left and right represent the results of JLF and JLFC, 
respectively. In each figure, the horizontal axis represents the arrival angle of the early reflected 
sounds, and the vertical axis represents JLF or JLFC. The black dots and lines in each figure indicated 
the theoretical values of JLF or JLFC. 

As shown in Figure 3, the measured values of JLF and JLFC according to ISO 3382-1 showed some 
errors with respect to the theoretical values. Additionally, the measured values were different, 
depending on the microphone system used. Possible causes of errors in the measurement results, based 
on ISO3382-1, included deviations from the ideal omnidirectional and bidirectional microphones used, 
and discrepancies in the acoustic centers of omnidirectional, and bidirectional microphones. 

In contrast, from Figure 4, we observed that the determined values of JLF and JLFC by the C-C 
method, based on the new definition, were close to the theoretical values and could be measured 
accurately. Additionally, the measured values were stable regardless of the microphone system used. 

A comparison of Figures 3 and 4 reveals several insights from these measurements. As 
aforementioned, ISO 3382-1 did not specify the performance of the figure-of-eight microphone. 
Therefore, a recording microphone might be used as a figure-of-eight microphone. The C414 B-ULS 
and WA-14, which were used in the measurements according to ISO 3382-1, had the advantage of 
easy measurements because they can be switched between omnidirectional and bidirectional. Both 
were recording microphones, however, not for measurements. Therefore, omnidirectional and 
bidirectional patterns might not have been ideal. MI-1233 and AT4081 are measurement microphones, 
however, precisely matching the acoustic centers of these two microphones was challenging. In 
contrast, the new definition requires measuring sound pressure, particle velocity, and sound intensity, 
and they can be obtained with a measuring instrument whose accuracy was kept within a certain range. 
This is the advantage of the new definition to achieve accuracy of the measurements of JLF and JLFC. 

    

Figure 3 – JLF (left) and JLFC (right) measured using various types of microphones by the definitions in 

ISO3382-1 (2000 Hz oct. band) 

    

Figure 4 – JLF (left) and JLFC (right) measured using the Microflown PU censer and the C-C intensity probe 

by newly proposed definitions (2000 Hz oct. band) 
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5. CONCLUSIONS 
In this study, first, issues of definitions of the lateral energy measures in the ISO 3382-1 were 

discussed. Next, to solve these issues, new definitions of the early lateral energy measures using the 
sound intensity and sound particle velocity were proposed. Finally, to validate the new definitions, 
experiments of early lateral energy measures with both the existing and new definitions were 
conducted. 

Therefore, the measured values of JLF and JLFC according to ISO 3382-1 have errors with respect 
to the theoretical values, and the measured values differ depending on the microphone system used. 
In contrast, the measured values of JLF and JLFC by the C-C method, based on the new definition, could 
be measured accurately. The measured values were stable without depending on the microphone 
system used, and this implies that reproducibility will be guaranteed in measurements of JLF and JLFC 
based on the new definition. 

Physically, the new definitions are clear and distinguishable from their measurement methods. The 
new definition requires measuring sound pressure, particle velocity, and sound intensity. Therefore, 
the measuring instruments should be within a certain range of accuracy. This is the advantage of the 
new definition to achieve the accuracy of measurements of JLF and JLFC. 

In the future, the accuracy and reproducibility of the new definitions must be verified using various 
kinds of sound intensity probes. 
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ABSTRACT 
A three-dimensional pressure-velocity sensor (3D pu sensor) capable of measuring particle velocity in three 

dimensions and sound pressure with one probe has recently been developed. In the study, we report the use 
of the 3D pu sensor in the sound field of floor impact sound measurement for wooden and RC apartment 
buildings. First, we show the measurement results of floor impact sound insulation and compare the particle 
velocity and the vibration velocity in the wooden building. Then, the time and frequency responses of the 
particle velocity in each direction are compared between the wooden and the RC buildings. Furthermore, the 
time response of the instantaneous sound intensity in each direction is compared in both buildings. The 
particle velocity and the vibration velocity are almost the same, and it can be confirmed that the vibration of 
the surface of the room can be measured using the particle velocity sensor. In addition, particle velocity and 
intensity results show the possibility of grasping the difference in building characteristics. 
 
Keywords: Floor impact sound, Sound intensity, Particle velocity, Apartment buildings 

1. INTRODUCTION 
The authors have conducted studies on in-situ measurement method[1,2,3] for the sound absorption 

properties of materials using pressure-velocity sensor[4] (pu-sensor, in short). As a basis for 
discussing measurement uncertainty, research is also being conducted on sensor calibration, such as 
investigating the difference in humidity during calibration of the pu sensor and acoustic measurement 
[5], and proposing the sensor installation position when calibrating using an acoustic tube[6].  

Recently, a three-dimensional sound pressure-velocity sensor (3D pu-sensor, in short) comprising a 
sound pressure microphone and three particle velocity sensors placed orthogonally have been on the 
market. There are fewer restrictions on the installation location of this sensor, and the measurement 
is easy compared to the conventional methods such as the pp method. We have conducted several 
studies to apply 3D pu-sensor to the measurement of room acoustics[7,8]. One application of the 
sensor is the measurement sound field of floor impact sound. Floor impact sound is usually evaluated 
with sound pressure, but an experimental study is conducted to determine the contribution of radiated 
acoustic power for each part of a building using a sound intensity probe[9]. Sound intensity 
measurement, which directly indicates the strength and direction of sound, is used to measure the 
radiated power of a sound source and the sound power transmitted through walls. However, obtaining 
more information from the intensity measurement than the sound pressure measurement in the sound 
field of floor impact sound is difficult. The reason is the effects of room eigenmodes appear 
prominently in the time-averaged sound intensity in low-frequency bands such as 63 Hz and 125 Hz, 
where floor impact sounds are dominant. Therefore, the authors have previously reported the 
measurement results of instantaneous particle velocity in the sound field of measurement for floor 
impact sound of a wooden building[10]. This paper presents the results of the instantaneous time 
response of the three-dimensional particle velocity and sound intensity measured with 3D pu sensor 
in the sound field of measurement for floor impact sound. 
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2. MEASUREMENT OUTLINE 
Measurements were conducted in a 3-story wooden apartment building, in which the 1st and 2nd 

floors are for rent, the 3rd floor is for the owner's residence, and an 8-story RC apartment building. 
The former has a sound source room on the 3rd floor and a sound receiving room on the 2nd floor. 
Layouts of excitation points and measurement points are respectively shown in Fig.1 (a) and (b). The 
measurement points were RP1 and RP2 near the ceiling, RP3 (1.2 m high) near the center of the room, 
and RP4 (1.2 m high) near the wall. The latter has a sound source room on the 4th floor and a sound 
receiving room on the 3rd floor. Layouts of excitation points and measurement points are respectively 
shown in Fig. 2 (a) and (b). The measurement points were RP1 near the ceiling surface and RP2 
(height 1.2 m) near the center of the room directly below excitation point V2. 
The sound pressure and particle velocity were measured with a 3D pu sensor (Microflown, USP 

regular UR-700876), in combination with a multi-function measuring system (RION, SA-A1), and the 
impact source was a rubber ball source. The sensor was calibrated using a standing-wave-tube[11]. 
The distance between the sensor and each surface was about 3 mm. Vibration acceleration was also 
measured with piezoelectric accelerometers (RION, PV-90I) on the ceiling surface (RP1, RP2) and 
the wall surface (RP4) of the wooden building. Also, the frequency responses were calculated by 
applying FFT to the time response for 1.6 seconds of one excitation by the rubber ball.  

7280 

Figure 1. An object of measurement; a part of the floor plan of the wooden apartment building: 
(a) Layout of excitation points on 3rd floor, (b) Layout of measurement points on 2nd floor. 
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Figure 2. An object of measurement; a part of the floor plan of the RC apartment building:      
(a) Layout of excitation points on 4th floor, (b) Layout of measurement points on 3rd floor 
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3. RESULTS AND DISCUSSIONS 

3.1 Floor impact sound insulation 
The heavy-weight floor impact sound insulations were measured in conformity with JIS A 1418-2 [12]. The 

impact source was a rubber ball source, and the impact positions were five positions. Fig. 3 shows the 
measurement results of the two buildings. The results were evaluated with JIS A 1419-2 [13]. The floor 
impact sound insulation of the wooden building was Lr-60. These of the RC building was Lr-55. The results 
of the wooden building exceeded those of the RC building in frequency bands other than 125Hz. 

3.2 Comparison of particle velocity near the surface and vibration velocity on the surface 
We compare the particle velocity normal to the boundary surface measured with 3D pu sensor and 

the vibration acceleration on the surface measured with the accelerometer. To compare the two, the 
vibration acceleration was converted to vibration velocity. In addition, the results of the time response 
shown in this paper apply an octave band filter with a center frequency of 63 Hz in the frequency 
domain. As an example, Figs. 4(a) and(b) respectively show the results at RP2 (ceiling) and RP4 (wall) 
with excitation point V2 in the wooden apartment. The two waveforms at the ceiling were in good 
agreement. Their trends at the wall were generally the same, although the peak values sometimes did 
not match. 

Next, Fig. 5 (a) and (b) respectively show the frequency responses of the particle velocity and the 
vibration velocity at the same excitation point and measurement point as in Fig. 4. The frequency 
responses of particle velocity and vibration velocity at the ceiling and wall were in good agreement.  

(a) 

Figure 4. Comparison of particle velocity (red) and vibration velocity (green) waveforms in the 
wooden apartment building with excitation point V2: (a) RP2 (ceiling), (b) RP4 (wall). Octave 

band with center frequency of 63 Hz 

(b) 
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Figure 3. Measurement results of the floor impact sound insulation in two         
buildings: the wooden building (red) and RC building (blue).  



 

 

3.3 Time and frequency responses of particle velocity 
The time response of particle velocity is compared between wooden and RC buildings. As an example, 

time response waveforms of three-dimensional particle velocity (Ux, Uy, Uz) near the ceiling are shown 
for each building in Fig. 6(a) and (b). The amplitude of particle velocity in the wooden building was 
larger in the order of Uz, Uy, and Ux. The time the particle velocity began to be observed was almost 
the same for three directions. Similar trends were confirmed at other combinations of excitation points 
and sound receiving points. Compared with the wooden building, Uz was observed earlier than the Ux 
and Uy at any measurement point in the RC building, and the amplitude was almost the same in three 
directions. A similar tendency was confirmed at other excitation points. It was confirmed that the 
maximum value of the particle velocity of the RC building was smaller than that of the wooden 
building in any direction near the ceiling surface, and the time required for attenuation was longer. 
Furthermore, we compare the frequency response of the three-dimensional particle velocity near the 

center of the chamber. Fig. 7(a) shows the result of RP3 with the excitation point V1 in a wooden 
building, and Fig. 7(b) shows the result of RP2 with excitation point V2 in the RC building. The 
particle velocity of each direction level below 50 Hz was 10 dB higher in the wooden building than 
in the RC building.  

Figure 5. Comparison of frequency responses of particle velocity level (red) and vibration velocity       
level (green) in the wooden apartment building with excitation point V2: (a) RP2, (b) RP4 
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(b) 

 

Figure 6. Time responses of particle velocity near the ceiling in the sound field of measurement for 
floor impact sound; (a) Wooden building (V1, RP2), (b) RC building (V2, RP1). Octave band with 

center frequency of 63 Hz. 
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3.4 Time response of instantaneous sound intensity 
 The instantaneous sound intensity is defined as  

The three-dimensional instantaneous sound intensity (Ix Iy, Iz) was calculated by simultaneously 
multiplying the sound pressure and the three-dimensional particle velocity. Fig. 8 (a) shows the result 
at RP2 (near the ceiling surface) in the wooden building with excitation point V1. The maximum value 
of the amplitude was the largest in lz, which is the normal direction to the ceiling. The instantaneous 
sound intensity in each direction was both positive and negative values. In particular, negative values 
were observed at the initial time of lz. Fig. 8 (b) shows the result at RP3 (near the center of the room) 
with excitation point V1. In all three directions, the results were smaller than those near the ceiling 
surface. 
Next, Figs. 9(a) and (b) respectively show the results at RP1 (near the ceiling surface) and RP2 (near 

the center of the room) in the RC building with excitation point V2. Near the ceiling, Iz was almost 
negative up to 30ms; that is, the intensity of the direction from the ceiling to the floor was dominant, 
and Ix and Iy are both positive and negative. Similar trends were confirmed for other excitation points. 
Near the center of the room, the result was smaller than the ceiling surface, similar to the wooden 
building. 

Figure 8. Three-dimensional instantaneous sound intensity (Ix Iy, Iz) in the wooden apartment 
building with excitation point V1: (a) RP2, (b) RP3. Octave band with center frequency of 63 Hz. 

(a)  (b)  

Figure 7. Frequency responses of particle velocity near the center of the room: (a) Wooden building 
(V1, RP2), (b) RC building (V2, RP2). 

(b)   (a)  

𝐈(𝑡) = 𝑝(𝑡)𝐮(𝑡). (1) 



 

 

4. CONCLUSIONS 
This paper presents the results of three-dimensional particle velocity and instantaneous sound intensity in 

the sound field of measurement for floor impact sound as a fundamental study to apply the 3D pu sensor to 
the architectural sound field. The particle velocity and the vibration velocity are almost the same, and it can 
be confirmed that the vibration of the surface of the room can be measured using the particle velocity sensor. 
In addition, particle velocity and intensity results show the possibility of grasping the difference in building 
characteristics. In the future, we will investigate the distribution measurement of sound pressure and particle 
velocity using 3D pu sensor in the sound field of measurement for floor impact sound. 
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ABSTRACT 
In the measurement of acoustic performances, such as sound insulation and floor impact sound insulation, 
the sound pressure level is usually measured in a closed space. However, the measured results of the acoustic 
performances depend on the position measuring the sound pressure level, which is affected largely by the 
eigenmodes that occurred in the low frequency range. Therefore, measuring the values at many positions is 
necessary in the low frequency range. In this study, we measured the acoustic energy density at many 
positions in the rectangular reverberation chamber by using the combined particle velocity-pressure sensor, 
p-u sensor, to evaluate the reduction of the dependency on the measuring position. Moreover, we compared 
the predicted ones obtained by the acoustical numerical analysis using BEM among the measured results and 
the theoretical ones in the acoustic energy density. That demonstrated that the acoustic energy density can be 
measured stably in the low frequency range, including the chamber's axial mode, so the variation of the 
measured values among the measuring positions is suppressed. Consequently, the required number of 
measuring positions is expected to be decreased in the low frequency range. 
 
Keywords: Field measurement, Sound insulation, Floor impact noise 

1. INTRODUCTION 
Field measurements of airborne or impact sound insulation performance for a building and a 

building element are sometimes conducted in small rooms. In the low frequency range, the significant 
deviation causes the sound pressure level distribution due to the eigenmode in the rooms. 
Consequently, it significantly affects the measured results to obtain the different outcomes for every 
measurement. The low-frequency procedure according to ISO 16283 series (1)-(3) is given as one of 
the solutions to that problem. However, in this study, we have investigated the acoustic energy density 
measurement obtained from simultaneously measuring sound pressure and particle velocity. Hanyu 
presented that the measured results of the acoustic energy density tend to be less dependent on the 
measuring positions (4). Namely, there is no such significant deviation in the measured results of the 
acoustic energy density as the ones of the sound pressure. 

Architectural Acoustic Measurement sub-committee, Acoustic Environment committee, 
Environment Engineering Committee, Architectural Institute of Japan, to which we belong, has 
investigated the effectiveness of the measurement of acoustic energy density for the application to the 
in-situ test such as sound insulation performance of a wall and floor impact noise. This article reported 
some of the works investigated in the sub-committee. Firstly, we presented the results of the sound 
pressure, the particle velocity and the acoustic energy density calculated theoretically at the 
eigenfrequencies occurred in a rectangular room with rigid walls. Moreover, we measured their values 
at multiple positions on a line in the actual rectangular room. We compared the measured ones and 
those predicted using the acoustical numerical analysis using the boundary element method (BEM) 
and the theoretical calculation using Waterhouse's theory to verify the acoustic energy density 
measurement. 

 
1.sugie@kobaysi-riken.or.jp 



 

 

2. ACOUSTIC ENERGY DENSITY IN RECTANGULAR ROOM 
In this section, the distribution of acoustic energy density in a rectangular room with rigid 

boundaries was calculated at the eigenfrequency of the room. Assuming that the room extends from 
x=0 to Lx in the x-direction and, similarly, from y=0 to Ly in the y-direction and from z=0 to Lz in the 
z-direction, the wave numbers ki in each direction are obtained as  

𝑘! =
"!
#!
𝜋, i=x, y, z and ni=0,1,2,3···.         (1) 

Thus, the eigenfrequency is calculated as  

𝑓"","#,"$ =
%
&'%𝑘(

& + 𝑘)& + 𝑘*& ,          (2) 

where c is the sound speed, m/s. The sound pressure p and the particle velocities ui in each direction 
at 𝑓"","#,"$ are obtained as follows: 

𝑝(𝑥, 𝑦, 𝑧) = 𝑗2𝜋𝑓"","#,"$𝜌𝐴 cos(𝑘(𝑥) cos5𝑘)𝑦6 cos(𝑘*𝑧),      (3) 

𝑢((𝑥, 𝑦, 𝑧) = 𝑘(𝐴 sin(𝑘(𝑥) cos5𝑘)𝑦6 cos(𝑘*𝑧),        (4) 

𝑢)(𝑥, 𝑦, 𝑧) = 𝑘)𝐴 cos(𝑘(𝑥) sin5𝑘)𝑦6 cos(𝑘*𝑧),        (5) 

𝑢*(𝑥, 𝑦, 𝑧) = 𝑘*𝐴 cos(𝑘(𝑥) cos5𝑘)𝑦6 sin(𝑘*𝑧),        (6) 

where ρ is the air density, kg/m3, A is the arbitrary constant, and the time term is omitted. On the 
other hand, the potential energy density Ep, the kinetic energy density Ek, and the acoustic energy 
density E are represented as follows: 

𝐸+ =
|-|%

&.%
,              (7) 

𝐸/ =
.|0|%

&
, |𝑢|& = 𝑢(& + 𝑢)& + 𝑢*&,          (8) 

𝐸 = 𝐸+ + 𝐸/.             (9) 

Averaging Ep and Ek over a whole room using the following equations: 

𝐸1<<< =
2

#"###$
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3 ,          (10) 
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the averaged results are calculated at each type of the eigenmode as follows: 

𝐸+<<< = 𝐸/<<< =
2
4
.5%

&
5𝑘(& + 𝑘)&+𝑘*&6, a=2(axial mode), 4(tangential mode), 8(oblique mode), (12) 

𝐸< = 𝐸+<<< + 𝐸/<<<.             (13) 

Table 1 shows the eigenfrequency 𝑓"","#,"$calculated from Eq. (2) in the case of the room where 
Lx, Ly and Lz are 5 m, 4 m and 3 m, respectively. Only two of the axial mode exist in the octave band 
of 31.5 Hz; however, in the octave band of 63 Hz, the axial modes, the tangential modes, and the 
oblique mode appear. As the frequency increases to the octave band of 125 Hz, the number of the 
modes included in the band also increases. Therefore, the eigenmodes control the low frequency 
range's sound field in the small enclosure. 

Figure 1 shows the calculated results for the distribution of Ep, Ek and E at the eigenmodes (1,0,0), 
(1,1,0) and (1,1,1,) according to Eqs. (1) – (9) in the plane, x=0.05 – 4.95 m, y=0.05 – 3.95 m and 
z=0.5 m, in the same room. Those results are normalized respectively with the average values obtained 
from Eqs. (12) and (13). Thus, 0 dB means that they are equal to the values averaged out over the 
whole room. In the mode (1,0,0) case, large deviations occur in the distribution of Ep and Ek; however, 



 

 

the E values are constant over the room as a result of Ep and Ek canceling each other out. In the cases 
of the modes (1,1,0) and (1,1,1), the deviation remains in the E distribution. However, the area where 
the values are approximately 0 dB in E is larger compared with that in Ep. Therefore, it presents that 
the measurement of the acoustic energy density can be more stable than the sound pressure level 
measurement to estimate the value averaged out over the room. 

 

Table 1 – Eigenfrequency of rectangular room (Lx, Ly, Lz=5 m, 4 m, 3 m) 
Oct. band 

center 
frequency, Hz 

Eigenfrequency 
𝑓!!,!",!#, Hz nx ny nz 

Oct. band 
center 

frequency, Hz 

Eigenfrequency 
𝑓!!,!",!#, Hz 

nx ny nz 

31.5 34.4 1 0 0 

125 

89.5 2 0 1 
43.0 0 1 0 92.5 1 2 0 

63 

55.0 1 1 0 99.3 2 1 1 
57.3 0 0 1 103.1 3 0 0 
66.8 1 0 1 103.3 0 2 1 
68.7 2 0 0 108.8 1 2 1 
71.6 0 1 1 110.0 2 2 0 
79.4 1 1 1 111.7 3 1 0 
81.1 2 1 0 114.6 0 0 2 
85.9 0 2 0 118.0 3 0 1 

Figure 1 – Distribution of Ep, Ek and E in plane z=0.5 m for rectangular room (Lx, Ly, Lz=5 m, 4 m, 3 m). 
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3. MEASUREMENT OF ACOUSTIC ENERGY DENSITY NEAR WALL  

3.1 Measurement 
The measurement was conducted in the rectangular reverberation room, which is a reinforced 

concrete construction and has a size of 5 m × 4 m × 3 m, as shown in Figure 2. Figure 3 shows the 
loudspeaker was set up at the corner of the room as the sound source and the pu-sensor combining a 
microphone and a single-direction particle was used. The measuring points were on the line located 
at 1.4 m from the side wall and the height of 1.2 m, as shown in Figure 2. Twenty measuring points 
were 0.1–2.0 m distant from the wall at 0.1 m intervals. The sound pressure and the particle velocity 
were recorded at each point for 30 s, while the pink noise was emitted from the loudspeaker. The 
particle velocities in three orthogonal directions were obtained by rotating the pu-sensor by 90° at 
each measuring point. 

3.2 Theoretical Analysis (Waterhouse’s Theory)  
We calculated the theoretical values according to Waterhouse’s theory (5) to verify the measured 

results. It presented the interference pattern near a wall in a reverberant field. When the plane wave 
is incident on a rigid plane wall at an angle of θ with the x-axis, the mean squared pressure <p2>, the 
mean squared particle velocity <u2> and the mean acoustic energy density <E> near the wall are 
obtained as follows: 

〈𝑝&〉 = 1 + cos(2𝑘𝑥 cos 𝜃),           (14) 

〈𝑢&〉 = 1 + cos(2𝑘𝑥 cos 𝜃) cos 2𝜃,          (15) 

〈𝐸〉 = 1 + cos(2𝑘𝑥 cos 𝜃)sin& 2𝜃,          (16) 

where x is the distance from the wall and k is the wave number. Averaging them for waves incident 
on the wall from all directions over a hemisphere, we can obtain the values at statistical incidence as 

〈𝑝6&〉 = 1 + 789(&;()
&;(

,            (17) 

〈𝑢6&〉 = 1 − 789(&;()
&;(

+ 789(&;() &;(⁄ >?@7(&;()
;%(%

,         (18) 

〈𝐸6〉 = 1 + 789(&;() &;(⁄ >?@7(&;()
&;%(%

.          (19) 
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Figure 2 – Test room and measuring position. 

Figure 3 – Setting loudspeaker and pu-sensor. 



 

 

Figure 4 illustrates the mean squared pressure, the mean squared particle velocity and the mean 
acoustic energy, which are calculated from Eqs. (14)–(19). <E> at the normal incidence, θ=0˚, is 
constantly unity at all points. It corresponds to the calculated distribution at the mode (1,0,0) shown 
in Figure 1. <E> does not become constant at the angles except 0˚; however, <Er> at the statistical 
incidence converges to unity when 2kx is greater than 3/2π, as shown in the bottom right figure of 
Figure 4. Namely, when the distance from the wall is longer than 3/8 of a wavelength, the acoustic 
energy density becomes almost constant. 

3.3 Acoustical Numerical Analysis (BEM) 
We also simulated the sound field in the rectangular chamber using BEM to predict the sound 

pressure, the particle velocity and the acoustic energy density near a wall of the room. The simulation 
was conducted for the identical chamber size (Lx, Ly, Lz=5 m, 4 m, 3m) as the test room mentioned in 
3.1; however, the detailed objects, such as the door and the air conditioner, were omitted. The 
parameters used in the simulation are as follows: the air density was 1.225 kg/m3, the sound speed 
was 340 m/s, and the acoustic impedance on the whole boundary was the value of a real number 
corresponding to the random incidence sound absorption coefficient of 0.01. The maximum length of 
the element on the boundary was 100 mm. Namely, the element’s number per wavelength was at least 
9.6. An omnidirectional sound source was put in the corner, which is the same position as the 
measurement. 

3.4 Comparison between Measurement and Calculations 
Figures 5 and 6 show the comparisons between the measured and calculated results in the sound 

pressure level and the acoustic energy density for a variation of the distance x from the wall. Those 
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Figure 4 – Interference pattern near wall in reverberant sound field, when sound waves are incident on 
plane wall at 0˚, 30˚, 60˚ and all directions over hemisphere. k is wave number, and x is 
distance from wall. 



 

 

figures illustrate the results obtained in the octave band in both measurement and numerical simulation 
cases and the theoretical ones calculated at the center frequency. They are normalized respectively, 
with the values averaged out over all positions. The measured ones are the energy-average values for 
15 s.  

Both figures show that the measured results almost agree with the simulated ones by BEM. As 
shown in Figure 5, they also agree with the theoretical ones <p2>θ=0˚of the normal incidence in the 
octave band of 31.5 Hz; however, they are getting closer to the ones <p2

r> at the statistical incidence 
than to <p2>θ=0˚ as the frequencies increases from 63 Hz. That is because only two axial modes are 
included in the octave band of 31.5 Hz and the number of the eigenmodes increases gradually with an 
increase in frequency, as shown in Table 1; consequently, the sound field becomes closer to the diffuse 
sound field.  

On the other hand, as shown in Figure 6, the measured results in the acoustic energy density 
approximately agree with the theoretical ones <Er> at the statistical incidence at any frequencies. In 
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Figure 5– Distribution of sound pressure level 
against distance from wall of 
rectangular test room. 
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the octave band of 31.5 Hz, the measured, simulated and theoretical results are nearly constant by 
0 dB versus the distance x because only axial modes exist in this frequency band. The results at 63 Hz 
slightly decrease with increasing the distance x; however, the deviation is slight compared to that in 
the sound pressure. Those at 125 Hz and 250 Hz are stable in more than 0.8 m. 

Based on the above results, it is demonstrated that the deviation in the distribution of the acoustic 
energy density can be smaller in a reverberant chamber than in the sound pressure. Therefore, we can 
reduce the required number of measuring points to observe sound insulation performance and floor 
impact noise in situ by measuring acoustic density energy. 

4. CONCLUSIONS 
The acoustic energy density in a reverberation chamber was measured by using a single-direction-

pu-sensor for applying it to the field measurement of sound insulation performance and floor impact 
noise. Comparing the results measured near a wall in the reverberant room of a volume of 60 m3 with 
the theoretical results from Waterhouse’s theory and the numerically simulated results by BEM, they 
were found to agree well. Therefore, a reasonable accuracy was demonstrated for measuring acoustic 
energy density in a steady state using a single-direction pu-sensor.  

Moreover, it was suggested that the acoustic energy density measurement can suppress the 
variation of the measured values due to the measuring positions compared with the sound pressure 
measurement and can contribute to the stable measurement. However, in the frequency range, 
including the tangential and oblique modes of the lower order, it is necessary to consider the proper 
measuring positions to obtain the value averaging the acoustic energy density over the room. 
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ABSTRACT
Sound field visualization assists in the detailed understanding of sound propagation. One of the visualization
methods involves using room impulse responses (RIRs) at multiple points. However, measuring RIRs at various
points is not easy because it requires a large-scale microphone array or microphone traverses. To improve the
efficiency of multi-point RIR measurement, spatial interpolation methods of RIRs using the sparse equivalent
source method (ESM) have been proposed. However, as the order of the reflected sound increases, the accuracy
of the estimation deteriorates because of the increase in the complexity of the problem. In this study, we
propose a sound field visualization method based on modeling of a sound field with the sparse ESM and the
image sources grouped by the arrival times of reflected sounds. In the simulation experiment, the proposed
method achieves more cogent sound field visualization with higher accuracy.

Keywords: Sound field reconstruction, Compressed sensing, Sparse modeling, Room Impulse Response,
Sound visualization

1 INTRODUCTION
Sound field visualization techniques help us to understand the sound field propagation in detail. Visualization
of the sound field can be achieved by visualizing the distribution of measured sound physical quantities: sound
intensities[5] and sound pressures in near fields[6]. Another method involves employing room impulse responses
(RIRs) at multiple points[11, 13]. It helps us to analyze the sound propagation in the time and frequency
domains. However, the measurement of RIRs at multiple points is difficult because a lot of microphones and a
microphone traverse system to move microphones are required.

Recently, various estimation methods of RIRs have been proposed to achieve the efficient acquisition of
RIRs at multiple points. Plane-wave decomposition method (PWDM) represents the sound field by the super-
position of plane waves [10]. Conversely, the equivalent source method (ESM) represents the sound field by
superposing the transfer functions of point sources [7]. Furthermore, the compressed-sensing-based (CS) meth-
ods were proposed using the sparsity of bases such as plane waves[3], point source[] and both sources[8]. In
[8], the sound field reconstruction method was proposed that models the direct sound using the point sources
based on the spatial sparsity of sound sources and the reverberation by the plane waves based on the sparsity
of the plane wave domain and low rank of the matrix. Furthermore, the time-domain equivalent source method
(TESM) was proposed to model the sound field using the point sources based on the sparsity of RIR in the
time domain. [2].

In [14], a method combining the ESM and the image source method (ISM) was proposed to model early
RIRs. This method can model the sound field at a higher frequency (8 kHz) with higher accuracy. However, as
the order of the reflected sounds increases, the estimation accuracy decreases. This is because the size of the
basis matrix of the transfer functions becomes too large to solve the optimization problem.

In this study, to improve the estimation accuracy associated with the modeling of the early RIRs, we propose

ABS-0820



the estimation method by reducing the size of the dictionary of bases. In the proposed method, to reduce the
size of the optimization problem, the early RIR signals are windowed based on the arriving times of reflective
sounds in the time domain. Thereafter, each windowed RIR signal is used for modeling the part of reflective
sound fields in the frequency domain. In the simulation experiment, we compare the visualization results using
the estimated RIRs by the previous method, proposed method, and ground truth.

2 METHOD
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(A) Proposed method (B) Decomposition of RIR 

Figure 1. Overview of the proposed method. (A) Overview of the proposed method with the sparse ESM
and signal decomposition. The positions of ESs are decided by the position of the image source based on the
geometric information. The gray circular band indicates the same group of ISs. Thereafter, the sound field was
separately modeled by the sum of ESs in each gray circular band. (B) Overview of RIR decomposition. Dotted
lines denote windowing boundaries. Based on the groups of ISs, the microphone signals are decomposed by
windowing. Thereafter, each decomposed RIR signal is modeled by ESs.

Figure 1 shows the overview of the proposed method. We consider the estimation of the early RIRs around
the microphones by a small number of microphones. Assuming that the room geometry and positions of the
sound source and microphones are known, the positions of ISs for early reflections are obtained by the image
source method[1].

Focusing on the temporal localization of reflections in early RIRs, image and real sources located at sim-
ilar distances are grouped based on the distance between the center of the microphone array and the sources.
Thereafter, the measured signal can be decomposed for each group of reflected sounds of which arrival time at
close time by windowing in time domain as shown in Fig.1(b) and then the following equations are obtained.

ym(t) =
L

∑
l=1

y(l)m (t), (1)

y(l)m (t) = w(l)
win(t)ym(t), (2)

where ym is RIR signals at m-th microphone, l is the index of the asource group, and w(l)
win is the window func-

tion to extract the sound reflections based on the arrival times of ISs in l-th group. Thereafter, the decomposed
RIRs are modeled by the sparse ESM[3] in the frequency domain.

Based on the linearity of the sound field, the early RIR at m-th microphone can be represented as a linear



sum of the transfer functions from direct and reflected sounds as follows:

ym = y(1)m + · · ·+ y(l)m + · · ·+ y(L)m , (3)

where y(l)m is the transfer function between m-th microphone and l-th group of the direct and reflected sounds.
To represent direct and reflected sounds as the sum of virtual monopole sources (equivalent sources: ESs), ESs
are placed around all the positions of the sound or image sources. Using the transfer function D between ES at
x(k,g)n and m-th microphone at x′m and weight coefficient wn, the transfer function y(l)m is represented as follows,

y(l)m =
Gl

∑
g=1

N

∑
n=1

D(x′m,x
(l,g)
n )w(l,g)

n , (4)

Where, Gl is the total number of sound/image sources included l-th group, N is the total number of the ESs
around each source. Because Eq.(4) holds for all microphones, the following matrix representation can be
obtained.

y(l) = D(l)w(l), (5)

where y(l) is the transfer function of l-th group, D is the transfer function matrix obtained using Green’s func-
tion, and w(l) is the unknown weight vector. Assuming the sparsity of sources to represent the sound field, the
weight vector w is obtained by the following optimization problem,

minimize
w

∥w∥1

subject to ∥y−Dw∥2 ≤ ε, (6)

where ∥·∥1 is ℓ1 norm, ∥·∥2 is ℓ2 norm, and ε is the error tolerance.
Finally, using the obtained weight vector, the transfer function at arbitrary point x in the estimation area can

be represented as follows,

y(x) =
L

∑
l=1

Gl

∑
g=1

N

∑
n=1

D(x,x(l,g)n )w(l,g)
n , (7)

Furthermore, the estimated early RIRs can be obtained by the inverse Fourier transform.

3 EXPERIMENT
3.1 Experimental conditions
We evaluated the visualization results using the estimated RIRs by comparing the proposed and conventional
methods. The conventional method is the estimation method using the sparse ESM with ISM [14]. Both
methods used the same number of ISs. However, in the conventional method, the measured signals were not
decomposed by windowing, and the optimization problems were solved with the dictionary including all ESs
transfer functions. In the proposed method, the RIRs were windowed to group the sound reflections at every
meter distance from the center of the microphone array.

Figure 2(A) shows the room geometry and positions of the source and microphones. The room had four
rigid walls. We simulated a 2.5 dimensional sound field: the evaluation area is two-dimensional and sound
propagation is three-dimensional. The sound reflections are considered up to 3-rd order reflections. The simula-
tion based on ISM and estimation were performed by the sound field synthesis toolbox [15] and CVX [4] with
MATLAB R2020a [9]. The positions of ISs were calculated by Pyroomacoustics [12]. The microphone signals
for modeling were added noise with a signal-to-noise ratio (SNR) of 30 dB. Figure 2 (B) shows the geometry
of microphone array for modeling. The sound field was modeled and estimated in the frequency range of 0.5
to 8.5 kHz. The sampling rate in the simulation was 48.0 kHz. Four hundred ESs were used for a sound or
each image source.
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Figure 2. Arrangement of simulation experiment. (A) shows the room geometry and arrangement of source and
microphone array. (B) shows the geometry of the microphone array.

3.2 Results
Figure 3 shows the visualization results obtained from the proposed and conventional methods. As shown in
Fig.3(C) in 3 ms, the sound reflection from the left-side wall was not visualized compared to the ground truth.
As shown Fig.3(B) in 3 ms, the reflected sound from the left side wall was more accurately visualized by the
proposed method compared to the conventional method.

Focused on 5 ms, the proposed method more clearly visualized the reflected sounds from the upper and
lower walls compared to the conventional method. However, the part of 2nd order reflections from the upper
and lower sides of the room was not visualized in the proposed and conventional methods.

After 7 ms, the visualization results in the proposed method were clearer compared to the conventional
method. In addition, the visualization results around the sound source were more distorted in the conventional
method compared to the proposed method. In both methods, the part of the wavefront of 2nd order reflec-
tions from the upper and lower sides was distorted. This problem appears to be caused by the failure to use
the equivalent sound sources that should be used, indicating that further improvement is required to solve the
optimization problem.

At 9 ms, the next 2nd order reflections from the upper and lower sides were more accurately visualized in
the proposed method. Furthermore, the proposed method always had less noise than the previous method.

Therefore, the proposed method using signal decomposition in the time domain enables noise reduction and
more accurate visualization of the sound field.

4 CONCLUSIONS
In this study, we proposed the sound field visualization method by the estimation of RIRs using the decompo-
sition of signals in the time domain and sparse ESM with ISM. From the simulation experiments in the 2.5D
condition, the proposed method achieved the sound field visualization with less noise and higher accuracy. In
future work, we will consider the improvement of the signal decomposition method to achieve further accuracy
and visualize a more reflective sound field.
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ABSTRACT
Many visualization techniques have been proposed to understand sound propagation and spatial acoustical char-
acteristics in the real environments, such as beamforming, acoustic holography, and sound intensity maps. When
the target sound field can be assumed as a linear time-invariant system, the room impulse response (RIR) char-
acterizes the sound propagation between a source and a receiver. Thus, it is also helpful for sound field visu-
alization. However, the multiple measurements of RIRs is difficult because it requires many microphones and
reputation. In this study, we propose the method of sound field visualization with highly spatial resolution by
the spatial interpolation of RIRs. In the proposed method, the RIRs of sound from a loudspeaker are modeled
by the sparse equivalent sources, the image source method and the source radiation model. For evaluation, the
simulation experiments were conducted with the unidirectional source directivity. The target of visualization is
the sound field including the primary reflections in a rectangular room.

Keywords: Room impulse response, Image source method, Convex optimization

1 INTRODUCTION
The sound field visualization helps us to understand the sound propagation. Many methods of sound field
visualization have been studied: beamforming[5], the sound intensity map[4], and acoustic holography[8]

When we can assume that the sound field is linear time invariant, the room impulse response (RIR) can be
used to represent the characteristics of sound propagation. In that case, the map of RIRs is helpful to visualize
the sound field. For example, it is possible to animate the sound field using the snapshots of multi-point
RIRs. However, the measurement of multiple RIRs for visualization is difficult because it requires a large-scale
microphone array and a microphone traverse equipment.

To efficiently obtain the multiple RIRs, the many spatial interpolations of RIRs have been proposed [3,
7, 2]. In our previous studies, the multi-point RIRs at grid points was estimated from the small number of
microphones[6]. However, when the sound source has the directivity, the estimation error becomes larger as the
distance to the sound source increases in the vertical direction.

In this study, to improve the accuracy of the sound visualization with highly-spatial resolution, we propose
the spatial interpolation of RIRs with modeling the source radiation. Especially, we consider the positional
and directional errors of the sound source. Especially, the early RIRs is more important for sound localization
compared to the late one since it has more energy. Thus, In the experiment, we focus on the visualization of
the direct sound and the first-order reflections.

2 METHOD
The proposed method consists of three steps to visualize the sound field. First, the radiation of a sound source
(Source Model) is modeled based on the sparse equivalent sources. Second, by using the source model, the
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Figure 1. The overview of proposed method. (a) Source radiation is modeled by the microphones surrounding
the source. (b) Sets of rotating the source radiation model (SR model rotation) (c) SR model rotations are
positioned at the multiple points around a loudspeaker.

sound field is modeled based on the sparse ESM and the image source method. Third, the sound field is visu-
alized by the spatial interpolation of RIRs with high resolution. Let us assume that the approximate locations
of the microphones, sound source, and room geometry are known.

2.1 Modeling of the source radiation (Sound source model)
First, we model the radiation of the sound source based on the sparse ESM.

Figure 1(a) shows the conceptual diagram of the proposed method. The measurement for the source radia-
tion is conducted in a non-reverberant room, such as an anechoic chamber. The microphones are arranged to
surround the sound source. Based on the equivalent source method[3], the radiation of the sound source are
represented by a superposition of point sources. These point sources are called as “equivalent sources”. Thus,
in frequency domain, the microphone signals are represented as follows:

d = Gw, (1)
d = [d1, . . . ,dm, . . . ,dMsrc ]

T, (2)

G =


G(x′1,x1) · · · G(x′1,xNsrc)

...
. . .

...

G(x′Msrc
,x1) · · · G(x′Msrc

,xNsrc)

 (3)

w = [w1, . . . ,wn, . . . ,wNsrc ]
T, (4)

where dm denotes m-th microphone signal, namely, the complex sound pressure at m-th microphone. G(x′m,xn)(m=
1, . . . ,Msrc,n = 1, . . . ,Nsrc) denotes Green’s function of point source in free-field condition. G is the matrix of
the transfer functions from Nsrc equivalent sources to Msrc microphones. x′m and xn are the positions of the m-th
microphone and n-th equivalent sources, respectively. wn is weight coefficient of n-th equivalent source.

To represent the microphone signals, the used equivalent sources are sparse because the number of equivalent
sources is significantly larger compared to the actual source. Thus, the vector of the weight coefficients w is
assumed to be sparse, and the following optimization problem is solved to obtain the weights of equivalent
sources,

minimize
w

∥w∥1

subject to ∥d−Gw∥2 ≤ εsrc, (5)

where, εsrc denotes the error tolerance, and ∥ · ∥1 and ∥ · ∥2 denote the ℓ1 and ℓ2-norm, respectively.
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Figure 2. Concept of modeling the sound field with source radiation model and image source method. The sets
of equivalent sources for source radiation model are placed around the sound source. Based on the sparse ESM,
many equivalent sources are placed around the image sources. Then, the microphone signals are represented by
the superposition of all equivanent souces.

2.2 Modeling of the sound field
In this section, we model the RIR of sound field using the sound source model described in Sec. 2.1. In this
study, the target sound field is the direct sound and early reflections.

First, we consider modeling the direct sound with the sound source model. The direct sound can be repre-
sented by the sparse equivalent sources of the sound source model. However, the exact direction and position
of the sound source are unknown because of measurement errors. Thus, we model the direct sound using the
sound source model, taking into account the spatial deviation of the sound source. The multiple sets of equiva-
lent sources for the sound source model are positioned by rotating at a sufficiently fine angle, as shown in Fig.
1 (b).

Furthermore, the sets of rotated source models are positioned around the approximate position of source, as
shown in Fig. 1 (c). Thus, the direct sound can be represented as follows,

ydir = Ddirudir (6)

Ddir = [G(θ1,x1)w, . . . ,G(θα ,xP)w] (θ = θ1,θ2, . . . ,θα , p = 1, . . . ,P),

where ydir(∈ CM×1) denotes the microphone signal vector of direct sound. G(θ ,xp)(∈ CM×Nsrc) is the matrix
of the transfer functions from θ -rotated equivalent sources positioned at xp to the microphones, thus, Ddir(∈
CM×(α×P)) is the matrix of transfer functions of all equivalent sources for the direct sound. θ = 0◦ is the front
of the source. udir(∈ C(α×P)×1) is the weight vector of the rotated equivalent sources positioned around the
source.

Second, we consider modeling the early reflections based on the sparse ESM and the image source method
[1]. Based on the geometrical acoustics, the image sources are positioned symmetrically to the wall. In our
proposed method, thus, the early-reflected sounds are represented by a superposition of equivalent sources po-
sitioned around the image sources. The equivalent sources are randomly positioned around each image source.
The microphone signals of reflected sounds can be represented by,

yref = Drefuref, (7)

where, yref(∈CM×1) denotes the microphone signal vector of reflections, and Dref(∈CM×(N×I)) is the matrix of
the transfer functions between the equivalent sources around each image source and the microphones. N is the
number of equivalent sources for each image source and I indicates the number of image sources (i = 1, . . . , I).
uref(∈ C(N×I)×1) is the weight vector of equivalent sources for reflected sounds.



Table 1. Conditions of simulation experiments

Source Model Sound Field Model

Mic. Array Circle, 0.5 m radius Circle, 0.7 m radius

Num of Mic. 36 36

Angle of Source θ = 0◦ θ = 5◦

Num. of ES Nsrc = 900 N = 900

Here, the microphone signals y can be represented by y = ydir + yref based on the linearity of the sound
field. We define the transfer functions and the weights of all equivalent sources for the direct sound and
reflected sounds as follows: D = [Ddir,Dref] and u = [uT

dir,u
T
ref]

T, respectively.
Thus, the microphone signals are represented by,

y = Du. (8)

The number of columns for the matrix D is the total number of equivalent sources for the direct and reflected
sounds, N′ = (α +(I ×N)). The vector of equivalent sources u can be assumed to be a sparse because the
source is directed in one direction and image sources are sparsely positioned. Finally, to solve the weights of
equivalent sources, the optimization problem is defined as follows,

minimize
u

∥u∥1

subject to ∥y−Du∥2 ≤ εsf, (9)

where, εsf is the error tolerance.

3 Simulation experiment
3.1 Experimental conditions
We conducted the simulation experiment to evaluate the proposed method. In the experiment, the sound propa-
gation was three-dimensional. The room geometry and evaluation area is two-dimensional. The room geometry
was rectangular. The size of room was 5 m ×6 m. The ceiling and floor were fully absorbing. The other
four walls were set with a sound absorption coefficients of 0.5. The center of room geometry was the origin
of coordinates. The circular microphone array were placed at the origin. The unidirectional sound source was
placed at (X ,Y ) = (1.51,0.01). For modeling, the positional information of source was deviated (X ,Y ) = (1.5,0)
with consideration of the positional errors.

In this study, we model the sound field with the direct sound and the first order reflections. The simulation
method was the image source method. Noise with 30dB SNR and uniform random phase was added to the
microphone signals. Table1 shows the other experimental conditions. In addition, to estimate the position of
source, the sets of equivalent sources (Source model) were placed at intervals of 1/14th of a wavelength.

3.2 Results
Figure 3 shows the visualization results of sound fields modeled using 36 measurement points. The resolution
of visualization for sound field was 301× 301. From these figures, the arrival times of direct and reflected
sounds was matched with the desired wavefronts in the both methods. However, the aliasing was occurred near
the sound source in the conventional method as shown in Figs 3 (b), (e), and (h). In particular, the aliasing of
wavefronts was visualized behind the sound source.

In the proposed method, the aliasing was significantly suppressed as shown in Fig.3 (c)(f)(i) As shown Figs.
3 (b) and (c), the wavefronts behind the source were significantly different between the conventional and the
proposed methods.

Thus, the sound visualization accuracy around the sound source was significantly improved by the sound
source model based on the equivalent source method.
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Figure 3. Comparison of sound field visualization results between the conventional method (with no sound
source model) and proposed method (with sound source model). Snapshot times are 3, 6, and 9 ms.

4 CONCLUSIONS
In this study, for the visualization of sound field, we proposed the spatial interpolation or RIRs based on the
sparse ESM with consideration of sound source radiation. By modeling the source radiation in advance, the
proposed method can improve the accuracy especially behind the source. In future work, we will conduct the
evaluation experiments with the actual measurement.
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ABSTRACT
This paper is concerned with the theoretical modeling of multiple sub-cavities with rigid walls coupled by
acoustic openings. The modeling method for this problem is developed based on the energy principle
combined with a 3D modified Fourier cosine series. The energy principle is adopted to construct the
potential and kinetic energies in the sub-cavities, and the energy flow between sub-cavities is established to
form the energy function for each sub-cavity. The sound pressure in the sub-cavity is constructed in the
form of a 3D Fourier series and several auxiliary functions. The paper considers the energy exchange
between sub-cavities through the inflow and outflow of sound power at the openings. The acoustic modes
of coupled spaces are compared with those obtained by FEM to verify the validity of the theoretical method
proposed in this paper. The effects of the number of sub-cavities and the opening size on the acoustic
modes of acoustic coupled cavities are investigated.

Keywords: Coupled spaces; Multiple sub-cavities.

1. INTRODUCTION
In the field of vibration and noise, scientists have been working on the acoustic properties of

coupled spaces. Both aircraft cabin and ship cabin can be simplified as coupled spaces. The research
on the acoustic characteristics of coupled spaces can provide effective theoretical reference for
acoustic design and actual noise control. The commonly used methods are mainly experimental
method, numerical method and theoretical method. For the study of coupled spaces, the experimental
method is only suitable for solving complex engineering problems because of economic reasons. The
numerical methods are cumbersome in revealing the mechanism of the sound transmission in the
coupled spaces. Compared with the above two methods, the theoretical method has no limitations on
economy and cumbersome operation. Common theoretical methods are Modal expansion method,
Spectral-Geometric method (SGM) and Lagrangian method.

It is investigated widely in room acoustics that coupled spaces connected by two sub-cavities.
The acoustic characteristics such as the distribution of sound pressure in steady-state, the
reverberation time of coupled spaces and the active and reactive sound intensity inside two coupled
enclosures were made a profound study by Meissner(1, 2, 3) using the computer modelling
application based on the modal expansion method. Harris(4) approaches the problem of coupled
spaces from the "wave" point of view, treating the coupled spaces as a boundary value problem in
obtaining an approximate solution. Based on energy flow and balance with a similar analogy,
Federico(5) proposed a circuit theory approach for the acoustical analysis of coupled spaces. The
sound insulation performance of the plate in the cavity-plate-cavity coupling model was investigated
by theoretical and experimental methods(6, 7). Wang(8) conducted a theoretical investigation on the
vibro-acoustic characteristics of the model composed of two sub-cavities coupled by panels by the
Spectro-Geometric method (SGM). Various numerical theoretical models composed of two
sub-cavities are also developed(9, 10). Shi(11) conducts the forced acoustic analysis and
investigation of the energy distribution of coupled rooms with a transparent coupling aperture.
Xiang(12) applies a diffusion-equation model to the study of acoustics in coupled rooms.

In addition, the coupled spaces coupled by multiple sub-cavities have been investigated relatively
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few. Summers(13) developed an improved statistical-acoustics model of high-frequency sound fields
in coupled rooms. Lee(14) presents an advanced analytical method that can be used to obtain
acoustical modal properties of multiple three-dimensional (3D) cavities.

The existing theoretical methods have not considered the acoustic transparency of the coupling
openings. In this paper, the energy principle combined with improved Fourier series was adopted to
predict the acoustic characteristics of coupled spaces coupled by multiple sub-cavities. It is
considered in this paper that the acoustic transparency of the coupling openings. The number and
opening size of the coupling cavities are arbitrary. The effectiveness of the current method will be
validated in this paper by comparing the acoustic characteristics with the data obtained by numerical
method.

2. Theoretical Formulations

2.1 Description of the model
The coupled spaces coupled by multiple sub-cavities studied in this paper is shown in Fig. 1. The

numerical model is composed of some sub-cavities with the same dimensions. The length, width and
height of the ith (i=1, 2 or 3) rectangular sub-cavity given in Fig. 1 are represented by Lxi, Lyi and
Lzi. The transparent coupling openings allow the energy exchange between the sub-cavities. The
acoustic transparency of coupling openings were considered. The openings size in the coupled
cavities are the same. The height and width of the openings are represented by hk and wk (k=1 or 2) .

Fig. 1. The coupled spaces composed of multiple sub-cavities
The internal sound pressure in the ith sub-cavity satisfies the following fluctuation equation:
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where the subscript i denotes the sequence number of the ith sub-cavity, ri = ( xi, yi, zi)is the position
vector in the ith sub-cavity, t is the time, c0 is the sound velocity, pi is the sound pressure of the ith
sub-cavity, and  is the Laplace operator. The subscript i denotes the sequence number of the ith
sub-cavity.

When the boundary conditions of the coupled spaces are rigid walls:
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where n represents the outer normal direction of the ith sub-cavity.



The continuous acoustic conditions of coupling opening between sub-cavities are
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2.2 Solution procedure of coupled spaces
In order to predict the acoustic characteristics in the coupled spaces with general impedance

boundary conditions, the sound pressure of each sub-cavity was expressed as the combination of
three-dimensional Fourier cosine series and six supplementary two-dimensional expansions.
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where
xi yi zi

i
m m mA is the Fourier coefficient of the three-dimensional Fourier series expansion of the

sound pressure function.
xi yi

i
m ma ,

xi yi

i
m mb ,

xi zi

i
m mc ,

xi zi

i
m md ,

yi zi

i
m me and

yi zi

i
m mf denote the

supplemented coefficients of the auxiliary functions. , ,
x y zm x m y m zm Lxi m Lyi m Lzi       

(i denotes 1, 2 or 3). The auxiliary functions  1Lsi s and  2Lsi s (s denotes x, y and z) are
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It is easy to prove:

     1 1 10 0Lsi Lsi LsiLsi Lsi      ,  1 0 1L s i   (9a,b)

     2 2 20 0 0L s i L s i L s iL s i      ,  2 1L s i L s i   (10a,b)

The sound pressure expansion in the coupled cavity is smooth enough in the whole solution
domain. In this paper, the expansion coefficients of sound pressure in sub-cavities were obtained by
using energy principle.

The Lagrangian functions of the sub-cavities can be expressed as

1 1 2 11 1 1 & &p a p aL U T W W    (11)
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where Ui is the total potential energy in the ith sub-cavity, Ti is the total kinetic energy of the ith
cavity, &i ip aW denotes the outflow sound power of the ith sub-cavity and &j ip aW is the inflow

sound power of the ith cavity( i j , and j=1, 2 or 3).
The linear equation is obtained by taking extreme value for each unknown Fourier coefficient in

Lagrange function.
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where Ki and Mi are the stiffness matrix and mass matrix of the ith acoustic cavity system
respectively,

i ip &aC is the outflow sound power matrix,
j ip &aC represents the inflow sound power

matrix. The acoustic modes of the coupled rooms can be easily determined by substituting the
corresponding Fourier coefficients Ei into the sound field expression.

3. Validation and numerical analysis
It is conducted that the effectiveness of acoustic modes for the coupled spaces obtained from the



current method and numerical analysis for different coupled spaces. The geometric dimensions of
sub-cavities are Lxi=0.5 m, Lyi=0.5 m, and Lzi=1 m. Adjacent sub-cavities are connected through
coupled openings. The density and sound speed of the medium in the coupled spaces are

3 =1.21kg/m and 0=340 s m/c .

3.1 Model validation
In this section, the acoustic modes of both the coupled spaces coupled by three sub-cavities and

the coupled spaces coupled by five sub-cavities were verified. It is denoted by model 1 that the
coupled spaces coupled by three sub-cavities in which the height and width of openings are 0.7 m
and 0.5 m. It is denoted by model 2 that the coupled spaces coupled by five sub-cavities in which the
height and width of openings are 0.3 m and 0.5 m. The validation for the first 15th natural
frequencies of the two kinds of coupled spaces are given in Table 1. The validation for the mode
shapes of the two kinds of coupled spaces are given in Figs. 2 and 3. It is seen from Table 1 and Figs.
2 and 3 that both the natural frequencies and mode shapes are compared well with the ones obtained
from numerical method.

Table 1 The natural frequencies for the two kinds of coupled spaces (Hz)

Mode number

Model 1 Model 2

Current

method

Numerical

method

Error (%) Current

method

Numerical

method

Error (%)

1 0 0 0 0 0 0

2 98.26 99.43 1.19 42.05 42.11 0.14

3 173.38 170.03 1.93 74.11 74.75 0.86

4 176.18 176.28 0.06 92.26 93.57 1.42

5 194.76 193.42 0.69 100.47 102.15 1.67

6 256.46 258.32 0.73 171.22 170.03 0.70

7 337.73 340.22 0.74 178.10 176.66 0.81

8 340.00 340.22 0.06 200.17 198.38 0.89

9 340.00 340.22 0.06 235.69 234.54 0.49

10 347.32 350.54 0.93 274.15 275.32 0.43

11 353.91 354.46 0.16 339.19 340.22 0.30

12 364.74 365.93 0.33 340.00 340.22 0.06

13 381.65 380.34 0.34 340.00 340.22 0.06

14 381.66 380.34 0.35 340.98 341.99 0.30

15 382.93 383.18 0.07 342.59 342.82 0.07

(a) (b) (c) (d) (e) (f)

(a1) (b1) (c1) (d1) (e1) (f1)
Fig. 2 The mode shapes for the coupled spaces coupled by three sub-cavities whose openings size are 0.7 m



× 0.5 m. (a)-(f): The first 6th mode shapes obtained from the current method. (a1)-(f1): The first 6th mode
shapes obtained from FEM.

(a) (b) (c) (d) (e) (f)

(a1) (b1) (c1) (d1) (e1) (f1)
Fig. 3 The mode shapes for the coupled spaces coupled by five sub-cavities whose openings are 0.3 m× 0.5
m. (a)-(f): The first 6th mode shapes obtained from the current method. (a1)-(f1): The first 6th mode shapes
obtained from FEM.

3.2 Numerical analysis
In this section, the acoustic characteristics of the coupled spaces coupled by three, four and five

sub-cavities under the conditions of two different sizes of coupled openings were compared. It is
denoted by case 1 for the coupled spaces whose openings sizes are 0.3 m × 0.5 m. It is denoted by
case 2 for the coupled spaces whose openings sizes are 0.7 m × 0.5 m. The comparison results for the
first 15th natural frequencies of the coupled spaces having different sub-cavities are given in Table 2.
The comparison results for the mode shapes of the coupled spaces are given in Figs. 4 and 5. Figure
4 shows the comparison results of the mode shapes of the coupled spaces whose openings sizes are
0.3 m × 0.5 m. Figure 5 shows the comparison results of the mode shapes of the coupled spaces
whose openings sizes are 0.7 m × 0.5 m. It is shown that the natural frequencies decrease with the
increase of the number of sub-cavities. Figures 4 and 5 show that the number of sub-cavities has
great influence on the mode shapes of coupled spaces.

Table 2 The natural frequencies for the coupled spaces having different sub-cavities (Hz)

Mode number

Case 1 Case 2

Three

cavities

Four

cavities

Five

cavities

Three

cavities

Four

cavities

Five

cavities

1 0 0 0 0 0 0

2 64.64 51.2 42.05 98.26 76.62 61.84

3 96.74 84.68 74.11 173.38 143.81 119.20

4 171.23 99.06 92.26 176.18 171.22 164.90

5 190.77 171.22 100.47 194.76 184.68 171.22

6 248.45 182.06 171.22 256.46 187.37 179.99

7 339.19 216.54 178.10 337.73 222.08 192.61

8 340.00 264.98 200.17 340.00 280.68 204.60

9 340.00 339.19 235.69 340.00 339.19 243.47

10 343.81 340 274.15 347.32 340.00 294.31

11 346.09 340 339.19 353.91 340.00 339.19

12 348.12 341.93 340.00 364.74 345.24 340.00

13 353.22 343.83 340.00 381.65 348.53 340.00

14 357.21 346.38 340.98 381.66 359.23 343.15



15 361.65 347.85 342.59 382.93 365.49 345.58

Fig. 4 The mode shapes for different coupled spaces whose openings sizes are 0.3 m× 0.5 m. (a)-(f): The
first 6th mode shapes for the coupled spaces coupled by three sub-cavities (a1)-(f1): The first 6th mode
shapes for the coupled spaces coupled by four sub-cavities. (a2)-(f2): The first 6th mode shapes for the
coupled spaces coupled by five sub-cavities.

(a) (b) (c) (d) (e) (f)

(a1) (b1) (c1) (d1) (e1) (f1)

(a2) (b2) (c2) (d2) (e2) (f2)
Fig. 5 The mode shapes for different coupled spaces whose openings sizes are 0.7 m× 0.5 m. (a)-(f): The
first 6th mode shapes for the coupled spaces coupled by three sub-cavities (a1)-(f1): The first 6th mode
shapes for the coupled spaces coupled by four sub-cavities. (a2)-(f2): The first 6th mode shapes for the
coupled spaces coupled by five sub-cavities.

4. CONCLUSIONS
The main research contents of this paper are focused on the theoretical modeling and modal

analysis for the coupled spaces coupled by multiple sub-cavities. The effectiveness of the current
method was verified by comparing the acoustic characteristics of both the coupled spaces coupled by
three sub-cavities and the coupled spaces coupled by five sub-cavities. It is not difficult to see from
the comparison of acoustic characteristics of the coupled spaces that both the size of the openings
and the number of coupled cavities have great influence on the mode shapes of coupled spaces.

(a) (b) (c) (d) (e) (f)

(a1) (b1) (c1) (d1) (e1) (f1)

(a2) (b2) (c2) (d2) (e2) (f2)
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ABSTRACT
Coupled rooms have a distinct sound energy decay behavior, which exhibits more than one decay time under
certain conditions. The sound energy decay analysis in such scenarios requires decay models consisting of
multiple exponentials with distinct decay rates and amplitudes. While multi-exponential decay analysis is com-
monly used in room acoustics, the spatial and directional sound energy decay variations in coupled rooms have
received little attention. In this work, we introduce the common-slope model of late reverberation for coupled
rooms. Common slopes are spatially and directionally invariant decay functions over time, whose amplitudes
model all decay variations with respect to the source-receiver configuration. For example, in a scene consisting
of two coupled rooms, it is possible to determine two common decay times that approximate the decay for all
source-receiver configurations in the scene. Consequently, all spatial and directional decay variations are ex-
pressed via decay amplitudes only. We apply the common-slope analysis to measurements of room transitions
between coupled rooms. Our analysis shows that the common-slope model approximates the measured sound
energy decay with little error. The proposed common-slope model can be used for room acoustic analysis and
the efficient synthesis of artificial late reverberation tails.

Keywords: late reverberation model, sound energy decay, coupled rooms, multi-exponential decay

1 INTRODUCTION
The sound energy decay of coupled rooms has received much attention in room acoustic literature [1–5]. It
is well documented in those studies that, under certain conditions, the sound energy in coupled rooms decays
with more than one decay rate. Multi-exponential models are commonly used to analyze such multi-rate energy
decays in terms of decay times and amplitudes [2]. For this purpose, different approaches to determine the
model parameters have been proposed [6, 7].

The diffuse field assumption is the foundation for many room acoustic studies and theories. In a diffuse
sound field, the energy is assumed to be spatially and directionally uniformly distributed. In more complicated
room geometries, such as coupled rooms or rooms with non-uniform absorption distribution, this assumption
may be violated. More recently, there has been a growing interest in analyzing spatial and directional sound
field variations with respect to sound energy decays [8–14, 3, 15, 5, 16].

This paper builds upon the previously cited studies on spatial and directional sound energy decay anal-
ysis, and combines them with some ideas from the common-acoustical-pole and residue (CAPR) model by
Haneda et al. [17]. We introduce the common-slope model of late reverberation, which assumes a fixed set of
common decay times for multiple source-receiver configurations. Consequently, all spatial and directional sound
energy decay variations are described only with decay and noise amplitudes. This model yields highly inter-
pretable room acoustic analysis results, because the degrees of freedom (i.e., the number of model parameters)
are approximately halved. Furthermore, the compactness of the common-slope model may be beneficial for
all acoustic applications relying on sound energy decay models, such as echo cancellation, source separation,
dereverberation, sound field equalization, and parametric spatial audio rendering.

ABS-0161
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The remainder of this paper is structured as follows. Section 2 provides an overview of the acoustic funda-
mentals of this work. Section 3 introduces the common-slope model of reverberation and Section 4 demonstrates
its usage on a large number of acoustic measurements conducted in coupled rooms. Section 5 concludes this
work.

More details, background, and a thorough derivation of the common-slope model can be found in a re-
cently submitted journal article by the authors [18]. This paper extends the journal paper by demonstrating the
common-slope analysis on further transitions between coupled rooms, including various sound source positions.

2 BACKGROUND
The time-domain transfer function for sound traveling between a sound source at position xs = (xs,ys,zs) and a
receiver at position xr = (xr,yr,zr) can be given in terms of a room impulse response (RIR). When dealing with
directional sound sources or receivers, the propagation path’s direction of departure (DOD) from the source
and direction of arrival (DOA) at the receiver must be considered. They are denoted by ΩΩΩs = (φs,θs) and
ΩΩΩr = (φr,θr), respectively, with the azimuth angle φ and the elevation angle θ. In this paper, we define the
source-receiver configuration x = (xs,xr,ΩΩΩs,ΩΩΩr) as the combination of source and receiver position and the
propagation directions.

The sound energy decay of rooms is commonly described in terms of energy decay functions (EDFs).
To this end, the Schroeder backwards integration procedure [19] can be used to calculate an unnormalized
EDF d(x, t) from an RIR h(x, t) as

d(x, t) =
L

∑
l=t

h2(x, l) , (1)

where L is the number of samples in the EDF. We assume discrete time throughout this paper, i.e., t is the
discrete-time sample index.

Coupled rooms have a distinct sound energy decay behavior, which exhibits more than one decay rate under
certain conditions [1, 20]. In such scenarios, the sound energy decay is typically modeled as a superposition of
multiple exponentials with individual decay rates and amplitudes [2]. The multi-exponential model with noise
is given by [2]

d(tr.)
κ (x, t) = N0,x Ψ

(tr.)
0,x (t) +

κ

∑
k=1

Ak,x
[
Ψ

(tr.)
k,x (t)−Ψ

(tr.)
k,x (L)

]
, (2)

with the decay kernel

Ψ
(tr.)
k,x (t) =

{
L− t , if k = 0
exp

(−13.8 t
fs Tk,x

)
, if k > 0

. (3)

In the above model, Tk,x and Ak,x are the decay times and amplitudes of the kth exponential, respectively, N0,x
is the amplitude of the noise term, fs is the sampling frequency, and −13.8 = ln(10−6) is a constant ensuring
that the sound energy has decayed by 60 dB after Tk,x seconds, where ln(·) denotes the natural logarithm. The
square brackets in Eq. (2) include the constant term Ψ

(tr.)
k,x (L), which accounts for the finite upper limit of

integration in the Schroeder backwards integration and can be dropped for large L [21].
We will refer to this model throughout the paper as the traditional multi-exponential model. It is evident from

Eqs. (2) and (3) that the κth order traditional multi-exponential model features (2κ + 1) free parameters that
have to be determined for every source-receiver configuration x, namely, κ decay times, κ decay amplitudes,
and 1 noise amplitude. Standard decay analysis methods like the DecayFitNet [6] or Bayesian analysis [7] can
be used for this purpose.

Position- and direction-dependent sound energy decay analysis was extensively researched during the pre-
vious years [8–14, 3, 15, 5, 16]. Among these studies, some have investigated variations of ISO 3382 pa-
rameters [22, 23] like reverberation time, early decay time, or clarity [8–14, 3], while others are based on
multi-exponential models [15, 5] or entire EDFs [16]. The studies can be divided into investigations of spatial
[8–10, 13–15, 3] or directional [11, 12] sound energy decay variations, and some of them deal specifically with
coupled rooms [3, 15, 5]. In summary, the aforementioned studies found directional and spatial sound energy



decay variations of various magnitudes, and they make clear that such variations should be considered in room
acoustic modeling.

3 COMMON-SLOPE MODEL OF REVERBERATION
This section introduces the common-slope model of reverberation and outlines how it can be used to describe
sound energy decay variations in rooms.

As elaborated before, EDFs can be modeled as a linear combination of one or more exponentials and a noise
term. The analysis is usually carried out in frequency bands under the assumption that a specific frequency band
features only a limited number of decay rates. Earlier work by Kuttruff investigates the distribution of room
modes over the frequency range and establishes their relationship to EDFs [20, 24]. More precisely, when the
room modes within a frequency band have similar decay times, the resulting EDF follows an exponential, whose
decay time is the average of the individual mode decay times [20]. In coupled rooms, multiple mode groups
with decay times scattered around distinct means may occur. This phenomenon motivates multi-exponential
decay models, in which the number of slopes corresponds to the number of mode groups.

The relationship between room modes and energy decay slopes is a central part of this work. It is par-
ticularly useful to recognize that the mode decay times only depend on the room geometry and wall prop-
erties [20]. In other words, for varying source-receiver configurations, the mode decay times stay constant,
whereas all acoustic changes can be modeled with mode decay amplitudes [20, 17]. In the following, we will
refer to this property as the common-decay property (CDP). A similar line-of-thought can be found in previous
work by Haneda et al. [17], which use the CDP in their common-acoustical-pole and residue (CAPR) model to
interpolate between RIRs. Another study relying on the CDP was presented by Das et al. [25], who extend the
CAPR toward frequency-band-wise processing. In this paper, we will utilize the CDP and combine it with the
previously elaborated insight that room modes and EDFs are closely connected.

We propose the common-slope model of reverberation, which is given by

dκ(x, t) = N0,x Ψ0(t) +
κ

∑
k=1

Ak,x
[
Ψk(t)−Ψk(L)

]
, (4)

with the decay kernel

Ψk(t) =

{
L− t , if k = 0
exp

(−13.8 t
fs Tk

)
, if k > 0

. (5)

At first sight, this model considerably resembles the traditional multi-exponential decay model in Eqs. (2)
and (3). However, it is important to note that the decay kernel Ψk is now independent of the source-receiver-
configuration x, as suggested by the CDP. More precisely, the common-slope model assumes that EDFs of
multiple source-receiver-configurations can be modeled with a common set of exponential decay times Tk. We
therefore refer to the common Tk values as common decay times and to the corresponding EDF slopes as common
slopes. Consequently, all variations with respect to the source-receiver-configuration are described in terms of
the amplitude values Ak,x and noise values N0,x only. Please note that the common-slope model can only be
applied if the different source-receiver-configurations are part of the same scene. For example, a coupled room
geometry consisting of multiple connected rooms counts as one scene, but multiple non-connected rooms in
different buildings do not.

The common decay times can be obtained in three steps. Firstly, a standard decay analysis approach like
the DecayFitNet [6] or Bayesian analysis [7] is used to determine the decay times Tk,x of the traditional multi-
exponential model [c.f. Eqs. (2) and (3)]. Secondly, the k-means clustering algorithm [26, 27] is applied to
the decay times Tk,x to obtain κ decay time clusters corresponding to the κ assumed mode groups. Each Tk,x
value is assigned to a cluster, such that it has the smallest absolute distance to the cluster mean. The number
of clusters can be visually determined from a histogram of the Tk,x values. Lastly, one common decay time is
determined for each cluster. The common decay time is defined as the center of the histogram bin containing
the largest number of Tk,x values. Figure 1 demonstrates this procedure for all three transitions analyzed in this
paper (c.f. Section 4.1).



(a) Meeting room to hallway (b) Office to stairwell (c) Office to kitchen

Figure 1. K-means clustering of decay times Tk,x to obtain the common decay times Tk. The subplots demon-
strate the clustering on all three transitions that are analyzed in this paper (c.f. Section 4.1). Each subplot is
based on 9696 source-receiver configurations (101 receiver positions × 4 source positions × 24 beamformer
directions, c.f. Section 4.2 for more details).

After the common decay times Tk have been determined, the remaining model parameters Ak,x and N0,x need
to be estimated for all source-receiver configurations x. Due to the common decay times, all non-linearities of
the traditional multi-exponential model have been eliminated. Consequently, the remaining estimation problem
becomes solvable as a constrained linear least-squares problem with Ak,x ≥ 0 and N0,x ≥ 0.

4 RESULTS
In the following section, we will demonstrate the common-slope model and show how it can be used to obtain
interpretable room acoustic analysis results. We will focus specifically on coupled room geometries.

4.1 Dataset under investigation
The analyzes in this section will be based on the Room Transition dataset by McKenzie et al. [28, 29].
The Room Transition dataset contains higher-order Ambisonics RIRs, which were measured with an Eigen-
mike microphone array. During the measurements, the microphone array was placed in 5 cm intervals on
5 m long, straight transition lines centered around the aperture between the coupled rooms. Each transition
was measured with four different source positions: two in each room, one of which has clear line-of-sight
to all receiver positions (CLOS), while the other one has no clear line-of-sight (NLOS). Consequently, there
are 101×4 = 404 RIRs per transition, corresponding to 404 different source-receiver configurations x.

In this paper, we will demonstrate the common-slope model on the transitions “Meeting room to hallway”,
“Office to stairwell”, and “Office to kitchen”. Table 1 briefly summarizes the dimensions and properties of the
individual rooms. For more information, please refer to the dataset and its accompanying publication, which
also include the floor plans of all scenes [28, 29].

4.2 Room transition along a straight line: spatial and directional analysis
In this section, we extend the preceding analysis with directional information. To this end, we use the directional
information captured by the higher-order Ambisonic RIRs and perform beamforming into different directions.
In the present analysis, we beamform with a 15◦ azimuth resolution into directions on the horizontal plane.
After beamforming into a certain direction, EDFs can be calculated from the directional RIRs via the Schroeder
backwards integration procedure [19] to yield directional EDFs (DEDFs). This procedure is analogous to the
methodology in prior work [16, 30].

We obtain beamformer output signals S ∈ RJ×L for J analysis directions as

S = Ah , (6a)

S = [s1,s2, . . . ,sJ ]
T , (6b)



where sξ is the ξ th beamformer output, A ∈ RJ×(N+1)2
and h ∈ R(N+1)2×L denote the analysis matrix and

the Nth-order Ambisonic RIR1, respectively, and (·)T denotes the matrix transpose. We assume axisymmetric
beamformers, i.e., the analysis matrix A can be obtained from the beamformer weights cN ∈ RN×1 as

A = YdiagN(cN) , (7a)

Y = [y(ΩΩΩ1),y(ΩΩΩ2), . . . ,y(ΩΩΩJ)]
T , (7b)

cN = [c0,c1, . . . ,cN ]
T , (7c)

where y(ΩΩΩξ )∈R(N+1)2×1 denote spherical harmonics (SHs) evaluated at the beamformer steering directions ΩΩΩξ .
Due to the axisymmetry of the beamformers, we repeat the ν th beamformer weight µ times, with µ and ν being
the SH degree and order, respectively. This operation is formalized by diagN(·).

Previous studies on room acoustic analysis and Ambisonic RIR processing showed that a great front-to-
back-separation is important for resolving energy differences along room axes [30, 31]. Therefore, we employ
a spatial Butterworth beamformer [32, Table 3.1] in this work, whose axisymmetric weights are given by

cButterworth
ν =

1√
1+(ν/νc)2γ

, (8)

where we set the Butterworth beamformer order γ = 5, and the cuton SH order νc = 3.
In the actual common-slope analysis, we apply the DecayFitNet [6] on all 9696 DEDFs of a specific tran-

sition (101 receiver positions × 4 source positions × 24 beamformer directions) to obtain the Tk,x values of
the traditional multi-exponential model [c.f. Eqs. (2) and (3)]. Afterwards, we determine the common decay
times Tk based on all 9696 Tk,x values as outlined in Section 3. Finally, the decay amplitudes Ak,x and noise
amplitudes N0,x are calculated via a linear least-squares fit of the common-slope model [c.f. Eqs. (4) and (5)]
to the measured DEDFs.

Figure 2 shows the common-slope analysis results for the transition “Meeting room to hallway, source in
meeting room, clear line-of-sight”. Two common decay times were determined (c.f. Figure 1a) and they amount
to T1 = 0.43s and T2 = 1.53s. Figure 2a illustrates how the A1,x values change for various positions on the
transitions and beamforming directions. The values are generally higher in the meeting room, and gradually
fade out when transitioning toward the hallway. Slightly increased amplitudes can be observed near the hallway
wall (i.e., xr = 500cm), which can be attributed to reflections from the wall. Distinct peaks can be observed for
φr =±90◦. The amplitude variations for different look directions indicate that the reverberation is considerably

1The channel ordering is not explicitly defined here because it is not relevant for this work as long as it is used consistently throughout the
analysis pipeline. Please note that the maximum spherical harmonic order N should not be confused with the noise term N0 of the decay model.

Transition Room description Dimensions (w × l × h) Volume

Meeting room Acoustically treated meeting room 6.6 m × 4.6 m × 2.8 m 85 m3

to
hallway Reverberant hallway 18 m × 4.5 m × 2.8 m 226.8 m3

Office Storage-room-like office 5 m × 11.7 m × 3.6 m 210.6 m3

to
stairwell Stairwell connecting three floors in total 6.3 m × 3.3 m × 14.4 m 299.4 m3

Office Acoustically treated office 9.1 m × 3.5 m × 2.9 m 92.4 m3

to
kitchen Acoustically treated office kitchen 13.7 m × 4.4 m × 2.9 m 174.8 m3

Table 1. Summary of all analyzed room transitions. The measurements are part of the Room Transition dataset
by McKenzie et al. [28, 29].



0
5
0

1
0
0

1
5
0

2
0
0

2
5
0

3
0
0

3
5
0

4
0
0

4
5
0

5
0
0

-180

-135

-90

-45

0

45

90

135

180

-15

-10

-5

0

(a) A1,x

0
5
0

1
0
0

1
5
0

2
0
0

2
5
0

3
0
0

3
5
0

4
0
0

4
5
0

5
0
0

-180

-135

-90

-45

0

45

90

135

180

-25

-20

-15

(b) A2,x

0
5
0

1
0
0

1
5
0

2
0
0

2
5
0

3
0
0

3
5
0

4
0
0

4
5
0

5
0
0

-180

-135

-90

-45

0

45

90

135

180

0

0.5

1

1.5

2

2.5

3

(c) dB-MSE [c.f. Eq. (9)]

Figure 2. Common-slope analysis results (1 kHz octave band) of the “Meeting room to hallway, source in
meeting room, clear line-of-sight” transition. The plots show the a) A1,x , b) A2,x , and c) dB-MSE [c.f. Eq. (9)]
values for a common-slope analysis with the common decay times T1 = 0.43s and T2 = 1.53s.

Figure 3. Common-slope analysis results (1 kHz octave band, φr = 0◦, θr = 0◦) of the “Meeting room to hallway,
source in meeting room, clear line-of-sight” transition. The plots show the A1,x , A2,x , N0,x , and dB-MSE [c.f.
Eq. (9)] values for all positions along the transition line. The common-slope analysis is based on the common
decay times T1 = 0.43s and T2 = 1.53s.

anisotropic, which could be explained by an uneven distribution of absorption material in the room and the
energy transfer through the door. The A2,x values corresponding to the common decay time T2 are depicted in
Figure 2b. They gradually fade in while transitioning into the hallway. For positions closer to the door, one can
observe how the energy leaks into the meeting room, and that this effect is considerably directional. Just like
the A1,x values, the A2,x exhibit anisotropy, where clear peaks can be observed for φr =±90◦. Figure 2c depicts
the dB-MSE between the common-slope fit d(dB)

κ (x, t) and the true DEDFs d(dB)(x, t), which is defined as

dB-MSE =
1
L

L

∑
t=1

[
d(dB)

κ (x, t)−d(dB)(x, t)
]2
, (9)

where both DEDFs are represented on a logarithmic scale in dB. We exclude some portions of the EDF because
they are not representative for the actual late reverberation decay:

1. The first 2m
343m/s ≈ 5.8ms, because this part of the EDF only includes the direct sound and possibly one or

two reflections, which show up as a very steep energy drop. This part will inevitably introduce an error,
because the multi-exponential model cannot properly model this part.

2. The last 5 % of the EDF (i.e. t > 0.95L), because this part mostly features noise, which exhibits statistical
uncertainty. Although the Schroeder backwards integration procedure converges to a steady noise floor
after a while, it still requires to integrate a larger number of samples to account for this uncertainty.
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Figure 4. Common-slope analysis results (1 kHz octave band) of the “Office to stairwell, source in office, no
line-of-sight” transition. The plots show the a) A1,x , b) A2,x , c) A3,x , and d) dB-MSE [c.f. Eq. (9)] values for
a common-slope analysis with the common decay times T1 = 0.28s, T2 = 0.42s, and T3 = 1.02s.

Figure 5. Common-slope analysis results (1 kHz octave band, φr = 0◦, θr = 0◦) of the “Office to stairwell, source
in office, no line-of-sight” transition. The plots show the A1,x , A2,x , A3,x , N0,x , and dB-MSE [c.f. Eq. (9)]
values for all positions along the transition line. The common-slope analysis is based on the common decay
times T1 = 0.28s, T2 = 0.42s, and T3 = 1.02s.

The dB-MSE is well below 3 dB for all source-receiver configurations, with median and 99 % values of 0.18 dB
and 0.51 dB, respectively. The low dB-MSE values indicate that the common-slope model is suitable for de-
scribing the energy decay behavior along the entire transition, despite having fewer degrees-of-freedom.

In Figure 3, we focus only on the beamformer direction φr = 0◦, θr = 0◦ to highlight the cross-fade between
the two different decay processes. It becomes clear from the figure, how the A1,x values gradually fade out,
while the A2,x values are getting stronger during the transition into the hallway. Interestingly, the A1,x values are
slightly increasing again toward the 500 cm transition position. This observation can be attributed to stronger
reflections from the hallway wall. The N0,x values remain approximately constant throughout the transition.
Finally, the low dB-MSE values [c.f. Eq. (9)] indicate that the common-slope model is a suitable description
for the analyzed transition.

Figure 4 shows the common-slope analysis results for the transition “Office to stairwell, source in office,
no line-of-sight”. This transition required three common decay times to describe all source-receiver configu-
rations (c.f. Figure 1b), and they amount to T1 = 0.28s, T2 = 0.42s, and T3 = 1.02s, respectively. Just as in
the previously described transition, the A1,x values gradually fade out while transitioning into the second room,
whereas the A2,x and A3,x values are getting stronger. Distinct peaks at lateral directions highlight the anisotropy
of the sound energy decay. Furthermore, the low dB-MSE median and 99 % quantile values of 0.13 dB and
1.08 dB, respectively, demonstrate that only little error between true DEDFs and common-slope model can be
observed. This result indicates that the common-slope model is suitable for describing the analyzed room tran-
sition.

Figure 5 focuses on the analysis results for the beamformer direction φr = 0◦, θr = 0◦. It becomes more
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Figure 6. Common-slope analysis results (1 kHz octave band) of the “Office to kitchen, source in office, no
line-of-sight” transition. The plots show the a) A1,x and b) dB-MSE [c.f. Eq. (9)] values for a common-slope
analysis with the common decay time T1 = 0.43s.

Figure 7. Common-slope analysis results (1 kHz octave band, φr = 0◦, θr = 0◦) of the “Office to kitchen, source
in office, no line-of-sight” transition. The plots show the A1,x , N0,x , and dB-MSE [c.f. Eq. (9)] values for all
positions along the transition line. The common-slope analysis is based on the common decay time T1 = 0.43s.

evident from this figure, how the A1,x values gradually fade out during the transition into the stairwell, while the
A2,x and A3,x values are getting stronger. For positions in the stairwell, the slope of the shorter decay time T1
is sometimes masked by the slower decaying slopes with decay times T2 and T3. In these cases, the T1 slope
may be hard to detect, thus resulting in near-zero amplitude values A1,x . In Figure 5, we therefore excluded all
A1,x values below 40 dB to make the plot more understandable. The noise level N0,x is approximately constant
along the transition. Lastly, the dB-MSE values [c.f. Eq. (9)] are low for all positions, thus indicating that the
common-slope model is a suitable model for describing this transition.

Figure 6 depicts the common-slope analysis results for the transition “Office to kitchen, source in office,
no line-of-sight”. For this transition, only one common decay time could be determined with the k-means
method (c.f. Figure 1c) and it amounts to T1 = 0.43s. The acoustic properties of both rooms are very similar,
and consequently only one decay rate could be determined for all source-receiver configurations. The A1,x values
once again show considerable anisotropy, and they gradually fade out while transitioning into the room without
the sound source. Slightly increased errors can be observed for this transition, with median and 99 % quantile
values of 0.39 dB and 1.45 dB, respectively. The histogram in Figure 1c shows that the decay times Tk,x vary
between 0.3 s and 0.6 s. Such a small decay time variability could be easily accommodated for the previous
two transitions, because the multi-exponential model is very versatile and can compensate for slightly wrong
decay times by adapting the amplitudes accordingly. This has already been found by Lanczos, who states that
the decomposition of a decay function into a linear combination of exponentials is a highly ill-conditioned



problem [33]. However, with only one active decay time or slope, the margin for compensation is considerably
reduced. Consequently, slightly higher errors are observed for this transition.

dB-MSE [c.f. Eq. (9)]

Common-slope model Traditional multi-
exponential model

mean median 99 % q. mean median 99 % q.

Meeting room to hallway
Source in meeting room, NLOS 0.15 dB 0.13 dB 0.38 dB 0.16 dB 0.14 dB 0.40 dB
Source in meeting room, CLOS 0.18 dB 0.16 dB 0.51 dB 0.19 dB 0.17 dB 0.45 dB
Source in hallway, NLOS 0.38 dB 0.31 dB 1.44 dB 0.23 dB 0.19 dB 0.88 dB
Source in hallway, CLOS 0.26 dB 0.22 dB 1.12 dB 0.27 dB 0.22 dB 1.04 dB
Office to stairwell
Source in office, NLOS 0.21 dB 0.13 dB 0.94 dB 0.18 dB 0.16 dB 0.53 dB
Source in office, CLOS 0.18 dB 0.16 dB 0.42 dB 0.21 dB 0.20 dB 0.51 dB
Source in stairwell, NLOS 0.15 dB 0.13 dB 0.51 dB 0.16 dB 0.14 dB 0.51 dB
Source in stairwell, CLOS 0.21 dB 0.17 dB 0.85 dB 0.17 dB 0.15 dB 0.51 dB
Office to kitchen
Source in office, NLOS 0.39 dB 0.36 dB 1.45 dB 0.17 dB 0.16 dB 0.41 dB
Source in office, CLOS 0.46 dB 0.40 dB 1.25 dB 0.21 dB 0.18 dB 0.61 dB
Source in kitchen, NLOS 0.18 dB 0.17 dB 0.40 dB 0.16 dB 0.14 dB 0.38 dB
Source in kitchen, CLOS 0.19 dB 0.17 dB 0.40 dB 0.17 dB 0.15 dB 0.52 dB

Table 2. Decibel-based mean squared error [dB-MSE, c.f. Eq. (9)] between directional energy decay functions
of the room transition dataset [28, 29], the common-slope model [c.f. Eqs. (4) and (5)] and the traditional
multi-exponential model [c.f. Eqs. (2) and (3)]. The table is based on the spatial and directional analysis,
where directional information is obtained via beamforming. A perfect fit would yield a dB-MSE value of 0 dB.
We refer to the different analyzed source positions as NLOS = no line-of-sight, and CLOS = clear line-of-sight.

Figure 7 shows only the analysis results for the beamformer direction φr = 0◦, θr = 0◦. It demonstrates
how the A1,x values are gradually getting smaller while transitioning into the kitchen. In contrast, the noise
amplitudes N0,x remain approximately constant throughout the transition. The dB-MSE [c.f. Eq. (9)] remains
low for the entire transition, thus indicating that the common-slope model can accurately fit the sound energy
decay of this scene.

Lastly, Table 2 compares the fitting performance of the common-slope model [c.f. Eqs. (4) and (5)] and
the traditional multi-exponential model [c.f. Eqs. (2) and (3)]. It features the mean, median, and 99 % quantile
dB-MSE values [c.f. Eq. (9)] of all transitions and source positions. The mean and median values of the
common-slope model lie between 0.13 dB and 0.46 dB, and the 99 % quantile values are below 1.5 dB for all
evaluated cases, thus indicating that the common-slope model is suitable for describing all evaluated transitions.
Furthermore, the fitting performance is comparable to, but sometimes less robust than the traditional multi-
exponential model, despite requiring only approximately half of its parameters.

5 CONCLUSIONS
This paper introduced the common-slope model of reverberation, which uses a common set of decay times to
model sound energy decay functions (EDFs) of multiple source-receiver configurations within the same environ-
ment. Consequently, all position- and direction-dependent EDF variations are described in terms of decay and
noise amplitudes only. In the present study, we used the common-slope model to analyze sound energy decays



in coupled rooms. We showed that the common-slope model is suitable for describing multi-exponential EDFs
with varying source-receiver configurations, while requiring considerably fewer parameters than the traditional
multi-exponential model. By using the same set of decay times to model all source-receiver configurations, the
common-slope model yields easily interpretable room acoustic analysis results. For example, we demonstrated
that the common-slope model can be used to analyze how the decay behavior gradually changes when transi-
tioning from one room to another through a connecting door. Furthermore, we showed that the common-slope
model introduces only little error between the true and modeled EDF.

The common-slope model will benefit future research efforts in room acoustic analysis and modeling. Addi-
tionally, it can be used in all acoustic applications relying on sound energy decay or late reverberation models,
such as echo cancellation, source separation, dereverberation, sound field equalization, and parametric spatial
audio rendering.
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ABSTRACT 
Coupled volumes contained in physical enclosures enable multilateral movement and exchange of acoustic 
energy between the interior spaces. The complex flow of energy creates distinct features of reverberance 
having spatial pulsation and directional movements in decaying sound. These are aural qualities helping 
listeners to recognize the acoustical character and identity of ambience immersing musical sources in 
acoustical enclosures. In the process of music production, signal processing techniques can be used to 
augment spatial presence of ambient acoustics in recorded sound.  
 
In this paper we explore techniques which impose complex acoustical decay treatment on the ambient sound 
to create an impression of active space around the source and listener. One method is based on combining 
room impulse responses divided into temporal segments that superimpose different aural features as 
animations within perceptual streaming of a singular multifaceted space. Another technique relies on 
modifying the energy envelope of decaying sound to create double- and multi-slope decay characteristics 
with the corresponding changes in aural quality. The paper will illustrate manipulations that mimic perceived 
acoustics of coupled volumes based on signal adjustments done by sound designers to achieve desired 
acoustical quality. The adjustments articulate the consonant role acoustic space plays in musical performance. 
 
Keywords: Spatial Audio, Coupled Volumes, Perceptual Synthesis, Music Production 

1. INTRODUCTION 
A listener who has experienced diverse acoustic enclosures may be aware of their unique ability to 

embellish sources and elicit spatial impressions depending on the size, shape, quality of surfaces, type and 
location of sound sources, and listener position. Skilled musicians engage room acoustics in their sound 
production, partnering with rooms to deliver aural presence of music to the audience. Shaping of ambience 
is also an important step in music and multimedia production where design of spatial imagery of sound 
involves convolution of sources with virtual rooms encapsulated in Room Impulse Response (RIR) data.  

Among rooms that often attract listeners’ attention is a distinct category characterized by coupled 
volumes, the processing structure where the interior space is divided into smaller sections each contributing 
a different acoustical characteristic to the overall response. Multiple studies have correlated the acoustic 
processing of coupled rooms with the shape of reverberant energy envelope showing dual-slope, multi-slope, 
and non-exponential decays [1,2,3,4,5]. Essentially, the multi-chamber enclosure functions as a spatial 
mixing network of several reverberators connected in series and in parallel with varied degrees of coupling. 
Coupled rooms are typically larger spaces within which smaller sub-spaces operate acoustically according to 
their own individual characteristics. Sound energy flows between these spaces through openings in multiple 
directions shifting the apparent weight and region of reflection activity due to distributed absorption and 
aperture restrictions.  
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A superb example is Hagia Sophia in Istanbul, a monumental structure with a dome, semi-domes, 
balconies, of which a comprehensive analyses of energy flow decay and room acoustic coupling was 
conducted by Sü Gül [6]. Most enclosures are coupled to other volumes in some ways and to different 
degrees, and experienced listeners, especially blind persons, can identify aspects of blending and separation 
through their distinct aural signatures. Counting on this variety, media sound designers conceive and create 
novel ambient structures intended to bring unique aural experiences to listeners of music, games, films by 
creating vivid inventive spaces for content-specific needs. The design processes involve techniques that are 
perceptually approximating physical complexity and behavior of coupled rooms.    

The goal of this paper is to briefly describe the process of creating perceptually complex acoustical spaces 
that may mimic coupled volumes acoustics for multimedia-productions. Such acoustic spaces are difficult to 
create quickly and efficiently using modelling techniques even with state-of-the-art acoustics simulation 
software because of the computational complexity. Atalay [7] recently proposed to synthesize acoustics of 
coupled volumes by simulation of double-slope decays with direct control over the simulated aperture size 
using SDN (CV-SDN), which is an extension of SDN, Scattering Delay Network. SDN is a real-time, 
interactive room acoustics simulator for cuboid rooms providing accurate modeling of 1st reflections, lower 
accuracy of later specular reflections, and a statistical reverberation tail.  

In work on simulation of acoustics, we use an auditory perception-based approach that allows design of 
acoustics fitted artistically to each context and purpose. 

2. TOWARDS PERCEPTUAL REPRESENTATIONS OF COUPLED VOLUMES 
In an ideal “Sabinian” space, an isotropic diffuse sound field is created which decays uniformly as “linear 

dB decay over time” as discussed in “Reverberation Time in Ordinary Rooms”, the ISO 3382-Part 2 standard. 
A Sabinian space is typically a single volume, regular geometric shape, with uniformly distributed 
absorption, an isotropic diffuse sound field with no perceived directionality of late reverberation, and no 
noticeable localization and movement of late energy.  

Depending on where the source and receiver are in the connected spaces, the audible result observed may 
change. Usually, acoustically coupled volumes create a temporal lengthening of the energy decay, as the 
volumes receive, accumulate and delay then release the excess energy which flows back and forth traded 
between the volumes. This of course creates interesting spatial variances, dynamic movement of acoustic 
energy, perceived as swelling, apparent expansion, shift of gravity, and upward motion into open volumes 
above. This would be the case, for example, where reverberation chambers are built above the auditorium to 
augment the concert hall acoustics (e.g. ARTEC designs), or in cathedral churches with vaulted ceilings [8,9].  

Listeners privileged to hear Hagia Sophia acoustics in situ would notice the difference between standing 
under the main dome in the center where acoustic response is dense and uniform, and at 2/3 length towards 
the semi-dome where energy returns are staggered in time and distributed in space. The awareness of acoustic 
surroundings changes with the point of observation because balances of volumes, temporal offsets, and 
spatial distributions are altered. Similarly, an ambient sound designer may rebalance room acoustic 
components in a spatial mixer to affect the perceived character of the environment to suit an 
artistic/expressive purpose.  

In synthesis of complex acoustic spaces, we take the perceptual approach where we combine elements of 
captured spatial room impulse responses, divide them into meaningful temporal segments, shape their 
envelopes, refine spatial placement, and recombine these varied characteristics through multichannel 
convolution with a source and mixing. The streaming capacity of the human auditory system is used to fuse 
perceptually different acoustic elements of rooms into a unified reverberant continuum, a perceptual flow, 
like a movie sequence that integrates individual still frames into an animation.  

The choice and placement of acoustic elements must be based on their perceptual function to generate a 
desired and acceptable outcome. The listener might hear, for example, the proximity of room boundaries first 
while at the same time notice the room expanding into another larger reverberated space. In perception, both 
these images of immediate and remote space may persist independently as foreground and background 
surroundings, informing the listener that interior (intimate) and exterior (open) spaces coexist. The early 
sound may embellish and fuse with the source, while the later sound may define the acoustic environment. 
The degree of perceptual separation and fusion between the spaces can be compared to the extent of acoustic 
coupling between them.  

The coupling concept is to join different segments belonging to various rooms together into a single 
multichannel impulse response. And to employ the streaming capacity of the auditory system to fuse 
perceptually meaningful elements of each room into a continuum. The expected outcome is a 
dynamically/spatially animated ambience that provides sensation of a complex enclosure that bears the aural 



 

 

characteristics of two or more interconnected, mutually enclosed spaces.  

3. TECHNIQUES OF PERCEPTUAL SYNTHESIS OF COUPLED VOLUMES IN 
MUSIC PRODUCTION 

Room impulse response data represent a specific time-period of captured reflections from the excitation 
signal radiated into this room. Characteristics of the situation are “baked” into the RIR and cannot be 
parametrically changed in a perceptually controlled and predictable manner. However, it is possible to 
employ subtractive and additive synthesis in ambience design if we consider that the RIR is merely an 
approximation of the experience a listener can have in the acoustic space. A listener likely builds a room 
impression through gradual exploration, by listening to different sound sources in multiple locations, moving 
through the space while listening, making his own sounds to correlate with the response. The immersive 
experience of the space is therefore much richer than a momentary impulse response can instantly reveal, 
even if captured with a sophisticated 3D methodology.  

In this context, an ambient sound designer may want to augment the impression provided by an RIR to 
include other facets of listening experience, such as spatial movement of decaying sound field, shifts in 
uniformity of decay, and timbral support of a given source, including the impression of two spaces being 
heard at once as foreground and background, mentioned earlier. The designer should also consider perceptual 
limitations of the human auditory system, avoiding excessive spatial density that could smear, homogenize 
room impression, and occlude its important attributes. The design by additive synthesis needs to work in 
tandem with subtractive synthesis, which helps to focus the ear on characteristics that are uniquely important 
while reducing masking and removing redundancies. By running multiple convolutions of different room 
components in parallel, staggered in time and spatially adjustable, the designer can form the room image 
gradually until a total ambient impression emerges, refined with the intended sound source and context in 
mixing, customized for the intended experience. To redesign spatio-temporal structure of RIR and achieve 
perceptually meaningful changes, designers need to extract perceptually salient components from the RIRs. 

 

3.1 Temporal segmentation and reconstruction of RIRs 
Temporal aspects have important meaning from the onset to final decay because the reverberant 

continuum is subject to perceptual streaming, so sound that follows is a consequence of sound preceding it. 
The energy decay envelope, the dynamic contour, and spatial expansion including movement, temporal 
variance of brightness and spectral weight varying through the decay, provide listener with important insight 
about the dynamic character and complexity of the acoustic space. We address how some of these 
characteristics can be implemented by the designer. 

A critical method for designing composite hybrid spaces is temporal segmentation of room impulse 
responses. We identify four temporal segments which determine in listening the character and identity of any 
reverberant space [10]. In listening experiments, they allowed recognition of distinct aural features in RIRs. 
Direct Sound is contained within the first 15ms of the IR duration, this segment describes the Source of 
Sound, including floor reflection. Early Reflections span from 15ms to 80ms, and up to 110ms for some large 
rooms. This segment describes the Stage and its boundaries. Mid-Reverberation spans from 80 to 110ms to 
380ms, it describes the Entire Room, including the ceiling of the Auditorium. Late-Reverberation is the 
remainder of the impulse response decay, from 380 or up to 420ms, to the end. This temporal segment 
describes Diffusion but reveals no dimensional features of the venue in perception. The time-period critical 
for perceptual estimation of the geometry of acoustic spaces is contained within the initial 400ms, roughly 
related to early decay time (the 1st 10dB drop in energy).  

The designer may want to bring to prominence the early reflected energy of the room by adding in parallel 
an early segment from another room known to have a bright and fast response. Diminishing the late decay 
energy will focus the ear on early response as the foreground stream. A different more active late response, 
segmented from a large complex room, may be mixed in to provide a strong background stream.  

 

3.2 Hybrid rooms 
The process of combining RIR segments from different rooms into composite RIRs can be done either 

through editing segments into one composite IR and convolving it once, or by running several parallel 
convolutions, one for each segment, and mixing the audio outputs together. The second option allows more 
interactivity in the design since relative time offsets can be added, balancing of levels and spatial placement 
are possible while listening and adjusting. Part of the decaying energy could be recirculated and cross-applied 



 

 

between channels.  
 
Keeping this in mind, we built Hybrid rooms which are merged composites of three independent rooms. 

Multimedia Room, volume around 8500 cubic meters; Hotel Ballroom, volume 840 cubic meters, and Saint 
Joseph’s Oratory, a large church of roughly 130,000 cubic meters.  

 

 
 

Figure 1 – Three component rooms of a hybrid. Multi-Media-Room, McGill University (26m X 20m X 17m); 
Ballroom, Hotel Polonia (14m X 10m X 6m); Saint Joseph’s Oratory, Montreal, Quebec (105m X 65m X 60m) 
    

 

 
 

Figure 2 – Three Hybrid designs covered here are: Hybrid 10, Hybrid 4a, and Hybrid 4b.  Each are composed 
of segments arranged sequentially from two of the venues, as shown in the left rectangle. Notice that Hybrids 
4a and 4b contain Mid-Reverberation segment belonging to MMR (Multimedia Room). Degree of Curvature 
and T30 Reverberation Time for several IRs from each venue are shown in a scatter plot on the right. 
 
 

In Fig 3, we added in parallel one more full-length impulse response of MMR Native, on top of the Hybrid 
4a. This 8-ch IR is brighter-sounding than MMR, and effectively covers over the gap before the 400ms mark. 
Convolved separately but concurrently with the Hybrid 4a IR, it supports the Mid-Reverberation segment of 
MMR. This overlap boosts spatial movement, pulsation of depth, making the acoustic result more animated 
and integrated at the same time. The same MMR Native IR can also be added in parallel convolution to 
Hybrid 10 and Hybrid 4b, producing similar aural enrichment of room presence. 

 
 



 

 

 
 

Figure 3 – Energy decay envelopes in 8-channels for the three Hybrid composite IRs. Hybrids 4a and 4b 
show a 400ms time interval between the peak envelope at the onset before and after the MMR segment. 
MMR and Oratory RT60 decay slopes are also substantially different. In Hybrid 10, the T60 decay slopes 
also vary, and exceed the perceptually valid 200ms difference, especially noticeable in three-dimensional 
audition, available with 8ch IRs.  

3.3   Shaped RIR and shaped convolution 
The energy envelope of RIR can be modified by imposing gain increase/decrease, cut/discontinuity, 

sloping tilt up and down along the length of the IR. In shaping the RIR decay envelope, an immediate effect 
of any modification can be heard in real time by the designer able to achieve an aesthetically satisfying 
outcome.   

An example of envelope shaping is presented in Fig 4. Gain shaping of the decay envelope can result in 
dramatic perceptual changes, an immediate drastic transformation of the apparent acoustics of the room. The 
multichannel envelope indicates how the acoustic energy produced by the source is accumulated and 
released, moved, amplified, filtered, and attenuated by the room. By imposing a new envelope, the room 
character can appear fundamentally changed. For example, from sustaining to attenuating to boosting, from 
slow to fast responding, from quiet to loud. The artistic consequences of envelope shaping in RIRs are 
limitless, and quickly adjustable to the source with which the room is paired and working in tandem. Dual 
slope decay, multi-slope decay, post onset-gain increase, dual onset, late energy stop, gated reverb, dual-
room reverberance, coupled enclosures, can all be mimicked by simply redistributing the energy on the decay 
curve. The term shaped convolution usually means convolution with shaped IR. Once the IR envelope has 
been modified, linear convolution is applied to realize the source sound in spatial context of the IR. 

 
 
 
 
 
 



 

 

 
 

Figure 4 – Shaping of the RIR energy decay envelope, the outcome. The shaping gain curve is in red. 
 

3.4   Spatial movement of reverberance (moving reverberation) 
   Durand Begault [8] hypothesized and confirmed in experiments that a listener will perceive movement of 
diffuse field energy: (1) when time interval between peak-energy arrival-time from each volume is more than 
50ms apart, or (2) when differences in the decay rate between volumes, the T60 of each, are more than 200ms. 
He noted that there also occurs differential amplitude modulation between frequency bands. In Fig 5, on the 
left side you see the decay slope difference between T60 in volumes A and B of more than 200ms, and on 
the right side you see the delay between the peaks of the decay envelope of more than 50ms. Reverberant 
decay in three coupled spaces, pictured on the right side (A, B, C), has an average linear decay (x), modulated 
by a non-periodic envelope (y) corresponding to the energy exchange of the coupled spaces. Confirming this, 
Hong [11] and Woszczyk [12] tested synthetic sound fields producing apparent movement of reverberation. 
 

 
 
Figure 5 – Impression of spatial movement in coupled volumes A, B due to T60 difference (left), and in 
volumes A,B,C due to delay between peaks of the decay envelope (right). After Begault [8].  
 

3.4.1 Tools to identify perceptual features of coupled volumes 
The comprehensive search tool integrated with analysis and content of a large RIR Library of Acoustic 

Spaces allows us to focus on acoustic parameters that are specifically related to physical characteristics of 
coupled spaces [13]. This access to analysis results, affords us an overview of what spaces could be 
incorporated as components of coupled, connected rooms in perception. One of them is: 

 



 

 

Degree of Curvature 
A non-linearity measure from ISO 3382-2 document (section B.3). The degree of curvature is essentially 

a T30/T20 ratio but transformed so that a perfectly linear decay maps to a value of 0, and a 2/1 ratio maps to 
a value of 100. Postive values indicate that later reverberation decays more slowly than early reverberation, 
while negative values indicate that later reverberation decays more quickly, like in a gated reverb.  

 
Decay Curve Correlation   
A measure of correlation between decays in channels 1 and 2 of the IR. Created by the authors, it is 

calculated over the time window representing the first 30 dB drop in the energy decay curve of the summed 
(mono) IR. It is computed by squaring the first two channels of the IR and converting them to dB, smoothing 
the resulting signals with an 80 ms rectangular window, and then taking the Pearson correlation coefficient 
of the two smoothed signals. 

 

3.5  Mixing of multiple convolution outputs   
Mixing of outputs from multiple convolutions of individual IR segments is done in spatial workstations 

like the McGill Spacebuilder [12] or Audiokinetic’s Wwise. The perceptual contribution of each spatial 
segment from selected RIRs can be adjusted by changing time delay, level, spatial placement, spectrum, 
dynamics, and more. Multiple 8 channel convolutions are rendered into 3D loudspeaker systems, or to 
binaural encoding software for reproduction over headphones. The newly built space can be rendered in real 
time for musical performance in virtual acoustics with audience, or for studio recording without the audience. 
Virtual spaces can also be used to augment existing acoustics of rooms to improve their utility and 
functionality. 

 

3.6  Perceptual streaming, fusion, and segregation of RIR decays   
When listening to sound mixtures in auditory scenes, the human auditory system segregates sources and 

groups every reverberance correlated statistically with a source [14, 15]. It also separates each ambient stream 
into a direct (foreground) stream, allocated to the source, and reverberant (background) stream, allocated to 
the environment [16, 17]. In binaural models for predicting perception of room acoustics, like the one of 
Jasper van Dorp Schuitman [18], an algorithm splits output into a direct and a reverberant stream by detecting 
and assigning peaks to the direct stream, and by running binaural cross-correlation separating early and late 
arriving energy.  

In ambience design, we experiment by combining aural features of each room in time and space as if 
putting into motion independent still frames of images, like the film animator Norman McLaren used to draw 
directly on the celluloid, so that the ear can generate an acceptable unified outcome. The streaming capacity 
of the auditory system is used to fuse significant elements of each room into a perceptually singular response. 
Some cross-mixed rooms provide sensations of complex acoustically interesting enclosures that bear the 
characteristics of two or more interconnected, or mutually enclosed spaces. During perceptual streaming, 
sound sources melting into room reflections lead the grouping of diverse room images with perceptual 
constancy of flywheel effect for as long as there are no discontinuities forming the beginning of a new event. 
The perceptual boundaries are shifting based on individual experience of each listener dictating her final 
impression. 

Sources convolved with a hybrid IR sequence project an image of a complex acoustic space that reveals 
changing aural features as sound decays. A second regular or hybrid impulse response, convolved 
simultaneously in parallel, can add another dimension of spatial development during the onset and decay. 
The two streams can be added acoustically, for example projected from different loudspeakers into a space, 
or mixed digitally together. The second stream may fill the center or the sides of the space, or the back, or 
the elevation with a certain temporal envelope, shifting perceived weight and shape of the spatial image. This 
will augment the complex perceptual equivalent of coupled volumes embracing and immersing the source.  

4. CONCLUSIONS 
Complex spaces with non-linear energy decay accompanied by timbral and spatial transitions, can be 

synthesized from elementary spaces when the aural designer has access to a range of room impulse responses, 
and the ability to shape them to specific temporal and spectral features of the source signal. Designed virtual 
rooms can be beautiful to hear, and only limited in scope by designer’s imagination. Designed spaces may 
“speak” their own voice and contribute to the richness of mediated acoustical experiences.  



 

 

Other metrics of acoustic complexity and non-linearity of reverberation should be developed to help guide 
the design process, especially in the spatial domain, where ISO advisory is limited. Proper metrics could help 
assess and predict the perceived outcome, this helping the designer to achieve more satisfying results faster 
in places where artistic design has an important role to play in music making and post-production.  
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ABSTRACT 

In ancient open-air Roman theatres, the scaenae frons increases the directivity of the sound source to better 

convey the actors’ speech to the audience. Since such an acoustic effect is closely related to the presence of 

architectural elements such as awnings and columns, specific insights are needed for each case. The present 

work concerns the acoustics of the Loggia Cornaro in Padua (Italy), an outstanding example of Renaissance 

columned portico (1524) with a well-preserved Roman-style scaenae frons intended to host open-air theatre 

performances. Acoustic measurements were performed in the Loggia and the adjacent forecourt according to 

ISO 3382-1. In addition, a numerical model of this hybrid indoor-outdoor site was developed and tuned till 

the match with the measurements’ outcomes. Bayesian multi-decay analyses determined the actual influence 

of the scenery on sound propagation throughout the audience area. The main results prove that the Loggia 

not only increases the sound source level but also leads to different multi-slope sound energy decays 

depending on the sound sources’ location, which are typical traits of modern indoor theatres. 

 

Keywords: open-air theatres, acoustic simulations, multi-decay analysis, cultural heritage. 

1. INTRODUCTION 

Ancient open-air Roman theatres often include a portico with a colonnade as an integral part of the 

whole complex. The scaenae frons contributes to enhance the sound propagation throughout the 

audience area. During the Renaissance era the general attention to the past gave the concept of Roman 

theatres a new life. The Loggia Cornaro in Padua is the first tangible reconstruction of ancient theatres’ 

architectural concept dating back to the XVI Century [1]. This performance space belongs to one of 

the most interesting Venetian architectures of that historical period [2, 3]. Such an open-air space was 

conceived as an ancient theatre since the beginning, when it was designed by the architect Falconetto 

for the patron of arts Alvise Cornaro [4, 5]. According to historical writers, the Loggia is the perfect 

interpretation of Vitruvius theatre: from the columnato (“colonnade”) to the cavea (the seating area in 

ancient theatres). This is confirmed by Falconetto’s renowned expertise in terms of ancient theatres’ 

architectural features. Even though the stone employed in the construction is particularly sensitive to 

the deterioration caused by time, atmospheric agents, and pollution, the space is so well preserved 

that it is still nowadays used for theatre performances (see Figure 1). The presence of the audience 

located in the forecourt is witnessed by several manuscripts [3, 6]. The same historical references 

confirm the exploitation of the Loggia for Ruzzante’s plays and comedies.  

The present study explores the acoustic properties of the Loggia Cornaro with a specific focus on 

the different effects provided by the portico on the signal depending on the location of the sound 

source. A 3D model was built basing on in situ geometric surveys. Then, it has been tuned on the  

experimental results (ISO 3382-1 room criteria) through ray-tracing techniques. The main outcomes 

prove the place to be acoustically similar to an indoor theatre, confirming the role of the Loggia as a 

unique bridge between the ancient and the modern theatre [7]. Unsurprisingly, a few decades later and 

not far from Padua – in Vicenza - the renowned architect Andrea Palladio designed the Teatro 

Olimpico ("Olympic Theatre"), which is one of the first examples of indoor theatres [1 -5]. 

 
1 gf@aaa.com 
2 gf@bbb.co.jp 



 

 

 
Figure 1 – Historical picture and current view of the Loggia Cornaro (Padua, Italy). 

 

2. ACOUSTIC MEASUREMENTS 

In February 2022, a geometrical and an acoustic survey of the Loggia Cornaro were carried out. 

The aim was to create a reliable 3D virtual model of the space and to investigate the acoustics of such 

a particular place. The main geometrical features of the Loggia are provided in Table 1.  

 

Table 1 – Main geometrical features of the Loggia. 

Feature Quantity 

Length [m] 20 

Depth [m] 6.2 

hportico [m] 5.8 

htotal [m] 10.7 

Arches [n°] 5 

Forecourt [m2] 620 

 

The most significant room criteria have been collected according to guidelines outlined for 

Renaissance-Baroque theatres and in compliance with ISO 3382-1. Also, the layout of the acoustic 

measurements was set according to the guidelines outlined for Italian opera houses [8, 9]. Therefore, 

the Loggia was considered as a stage, and the forecourt as the stalls area of a theatre. Three points 

were selected for the location of the dodecahedron (omnidirectional sound source): the first on the 

proscenium (S1); the second at the centre of the portico (S2); the third one in the forecourt among the 

receivers (S3), as it is shown in Figure 2.  



 

 

 

 

Figure 2 – Two of the three sound source locations employed: on the proscenium below the main 

arch (S1) and at the centre of the portico (S2). 

 

Nine monaural microphones were used as receivers and placed according to a regular grid (3x3) 

throughout the outdoor court. Regarding the reverberation time, the main experimental results are 

reported in Table 2. The mean value of measured reverberation time is 1.58 seconds (125 – 4kHz), 

considering all the source-receiver pairs. As expected, when the sound source is at the centre of the 

columned portico (S2) the measured values of reverberation time are longer than the rest of the values 

(T30 = 1.67 s). By contrast, when the source is in the audience area (S3), the values obtained are shorter 

than in the other cases (T30 = 1.51 s). 

Instead, the sound strength values are very similar for the three source positions (st. dev. < 1dB), 

proving that the scaenae frons together with all the surrounding buildings behave as a single volume. 

Moreover, the high value of measured G (mean values equal to 8 dB) proves that the hybrid indoor -

outdoor theatre contributes to significantly increasing the sound source level at the receivers, as it 

happens in indoor theatres [10,11]. With this purpose, the trend of G values as functions of source -

receiver distance has been analysed. Figure 3 shows the spatial distribution of measured G values at 

mid frequencies (500 – 1 kHz) compared to the predictive trend according to Barron and Lee’s revised 
theory (input data TS1 = 1.57 s; TS2 = 1.67 s; TS3 = 1.51 s; V = 7000 m3). It is interesting to notice that 

the spatial distribution of the sound strength is in line with the slope of the predictive curves, which 

have been developed for concert auditoriums [12]. Moreover, as expected, the most significant gain 

is given when the sound sources are in the Loggia (S1 and S2). Such data justify the intended use of 

the hybrid indoor-outdoor space as a place for theatre performances, where proper voice support and 

adequate speech intelligibility are required even at 20 meters from the speaker.  

 



 

 

 

Figure 3 – Measured GM values as functions of source-to-receiver distance. “M” subscript indicates 

the values averaged over the central octave-bands 500 -1 kHz. Dashed curves are the revised theory 

curves by Barron and Lee [12]. 

 

3. NUMERICAL MODEL 

A ray-tracing time-dependent approach was adopted to better analyse the acoustics of the Loggia 

and the adjacent buildings (ODEON Room Acoustics). The 3D virtual model of the whole space was 

created according to the geometrical acoustics (GA) state-of-the-art (see Figure 3) [13]. The 

calibration of the model was achieved by considering two main materials - the stone and the grass - 

with the equivalent area of all the surfaces involved. The α coefficients in octave bands are provided 

in Table 2, along with the comparison between measured and simulated T30 at the end of the calibration 

process. The scattering value was set equal to 0.5 for the surfaces corresponding to the capitals’ 

decorations, and equal to 0.1 for the remaining surfaces (floors, columns, ceilings). A transition order 

equal to 2, an impulse response length of 2 s, and 60 k rays were used during the simulations.  

 

 

 

S1 

S2 

S3 



 

 

 

Figure 4 – Layout of sound sources (red) and receivers (blue) in the 3D model (Sketchup 2021). 

 

Table 2 – Measured and simulated T30 values along with the absorption coefficient of the materials employed  

 

 125 Hz 250 Hz 500 Hz 1k Hz 2k Hz 4k Hz 

S1 Meas. 1.86 1.69 1.61 1.61 1.49 1.17 

S1 Sim. 1.93 1.76 1.71 1.57 1.48 1.17 

S2 Meas. 2.03 1.85 1.68 1.67 1.54 1.22 

S2 Sim. 1.96 1.78 1.73 1.59 1.51 1.20 

S3 Meas. 1.72 1.60 1.61 1.57 1.45 1.14 

S3 Sim. 1.76 1.57 1.53 1.40 1.32 1.04 

αsandstone 0.02 0.03 0.03 0.04 0.04 0.05 

αgrass 0.05 0.06 0.06 0.06 0.08 0.20 

 

 

4. MULTI-DECAY ANALYSIS 

A Bayesian multi-slope analysis was carried out on the decay curves obtained from the measured 

room impulse responses (RIRs) [14]. Figure 4 shows the results for the three locations of the sound 

source, considering the receiver at the centre of the forecourt (R5). According to the following 

expression:  

𝐻𝑠(𝐇, 𝐓, 𝑡𝑘) =∑𝐻𝑠𝑒
−13.8𝑡𝑘/𝑇𝑠

2

𝑆=1

 

Hs is the Schroeder curve, T= T1, T2, and H = H1, H2 are the decay parameters shown in Figure 4 

[14]. It is possible to notice that the non-linearity of the decay curves is slightly detectable for S1-R5 

pair, totally absent for S2-R5 pair, and clearly visible for S3-R5 pair. This is also confirmed by 

measured EDT/T30 ratios at 1 kHz: 

- 0.89 for the sound source located in S1, 

- 1.02 for the sound source located in S2, 

- 0.76 for the sound source located in S3.  

The significant appearance of double slopes in S3 is probably due to early reflections’ behaviour 

throughout the forecourt and to the proximity to the sound source [15]. Finally, the calibrated model 

was employed to confirm the multi-slope decay curves corresponding to the different locations of the 

sound source (simulated EDT/T30 ratios: 0.92 for S1, 1.03 for S2, 0.66 for S3).  
Figure 5–. Multi-decay analysis of measured IR at 1000 Hz with the sound source in S1, S2, and 

S3 positions and the receiver located in R5 (see Figure 3) [16].  



 

 

 

Therefore, even though the Loggia Cornaro shows typical traits of ancient theatres, such as the 

scaenae frons and the small proscenium for an orchestra, the presence of surrounding buildings 

contributes to giving the performance space the acoustic features of indoor theatres [16].  

 

 

Figure 5 – Multi-decay analysis for 3 source-receiver couples (S1-R5, S2-R5, S3-R5), R5 being 

the receiver at the centre of the forecourt 

5. CONCLUSIONS 

The present work investigates the acoustics of a Renaissance scaenae frons (1524) intended to host 

open-air theatre performances. The experimental results confirmed the increase in the sound source 

level and clarified the distinct acoustic behaviour depending on the location of the sound source. High 

values of sound strength (up to 14 dB) have been obtained for all the sound sources involved. This is 

probably the consequence of a natural amplification caused by the Loggia and the surrounding 

S1 – R5 

S2 – R5 

S3 – R5 



 

 

architectures on the sound signal. The multi-decay analysis and the EDT/T30 ratios (measured and 

simulated) confirm the different acoustic behaviour depending on the location of the sound source. 

Since the Loggia combines elements of the past with typical acoustic traits of opera houses, it can be 

considered as an interesting bridge between the acoustics of the ancient and the modern theatres.  
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ABSTRACT 

The decay of sound energy in coupled-volume room configurations can be non-exponential under 
specific conditions. When designed appropriately, such configurations may offer increased clarity and 
better spaciousness that are desired qualities, especially for performance venues. While statistically 
grounded methods can be used to assess non-exponential decay characteristics, architectural aspects 
of such systems that result in desired audible attributes have yet to be systematically studied. As such, 
the design of such spaces remains an exploratory pursuit as it has since the first reverberation 
chambers were attempted in the 1960’s. Turning point and level difference obtained from energy decay 
curves (EDC) can be used to quantify the acoustics of coupled volumes. This study aims to identify 
the effects of absorption area difference between two rooms on the strength of acoustical coupling 
empirically assessed through the level difference attribute. For this experimental study, acoustical 
simulations of two different scenarios of coupled room systems are tested for three fixed aperture 
sizes and a large number of absorption area. The absorption area is systematically changed by varying 
the surface materials to gather a set of coupling factors between 0 to 1. The data obtained from ray-
tracing simulations are then analyzed via Bayesian decay parameter estimations. Results are 
comparatively assessed for estimating the correlation between coupling factor versus level 
differences. In the last step, a listening test is held by using the audio clips obtained from auralizations 
to assess the audibility and detectability of different levels of double decays. 

  
Keywords: Coupled volume, coupling factor, level difference, multi-slope sound energy decay 

1. INTRODUCTION 
Non-linear multi exponential decay curves of coupled volumes have always attracted the 

acousticians’ interest. One reason for this attention is that the particular decay has found applications 
in concert hall acoustics as a design aid. Eugene McDermott Concert Hall in Dallas, TX; KKL Luzern 
Concert Hall in Switzerland and Birmingham Symphony Hall in London are some well-known 
examples (1). Not limited to the symphonic music halls, coupled volumes in the form of reverberation 
chambers are also applied in multi-purpose auditoriums for providing variable acoustical conditions 
such as in Heydar Aliyev Center Auditorium in Baku, Azerbaijan (2). A very recent and unique 
example is McPherson Recital Room of Laidlaw Music Center in Scotland (3). Tuning the halls for 
desired early and late sound energy decays necessitates a thorough understanding of the underlying 
phenomena or long-term practical experience.  

Coupled rooms, can also be observed in many different forms within different building typologies. 
Some examples are atrium spaces coupled to corridors and corridors coupled to office spaces. Such 
daily real-case coupled volume examples are critical in auralization studies and even more compelling 
in real-time virtual acoustics and virtual reality applications (4-7).  Theoretical studies on 
acoustically coupled rooms aim to identify and characterize the decay patterns. Major recently applied 
approaches are based on wave theory (8), ray-based geometrical acoustics (8), diffusion equation 
model (10-14) and surface coupling approach (15). On the other hand, the quantification of acoustical 
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coupling has always been a challenge. Methodologies applying statistical inference are found to be 
more appropriate in scientific discussion (16-18) on coupled room acoustics, rather than some 
arbitrary divisions of energy decay for defining ratios to gather coupling quantifiers or visual 
interpretation.  

This study investigates an intermediate research question of the applied science: To what extent 
the architectural parameters affect the audibility of the degree or strength of acoustical coupling 
Particularly, the level difference being the quantifier for the acoustical coupling defined within the 
Bayesian framework (16,17) is compared with the coupling factor (19), which is a measure embedding 
the architectural parameters within its input variables. Decay level difference (ΔL) is an important 
quantifier that indicates the actual strength of coupling that this study focuses on. For a double-decay 
system, the decay level difference is the difference between the levels of individual decay terms (in 
dB), extracted from the EDC.  One of the objectives is to find a correlation between architectural and 
acoustical parameters that portray a space.  The following objective, is to use this data in systematic 
investigation of the audibility and detectability of different levels of double slopes, through listening 
tests.  Perceptibility and subjective assessment of non-exponential energy decay have also previously 
been studied by some researchers (20-23) for specific cases. This study aims to further expand the 
current state of information, by a systematic investigation on the changes on coupling factor and level 
difference. The methodology of this study and the major outcomes are presented in the following 
chapters. 

2. METHODOLOGY 
In this study a systematic analysis of two different scenarios of coupled rooms is carried out in 

order to compare sound energy decay parameters obtained via Bayesian analysis to architectural 
parameters through the coupling factor (Eq. 1). The statistical theory on energy decay in coupled 
volumes specifies the energy exchange between rooms by the coupling factor; a parameter that takes 
into consideration of the absorption areas of two rooms and the surface area of coupling aperture (24). 
Billon et al. (19), defines the mean coupling factor as follows; 
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where AS and AR are the absorption areas of the two rooms, Sc is the area of coupling aperture. 𝑘 ≈
1  denotes strong coupling, meaning that the two rooms behave as a single larger one and 𝑘 ≈  0 
indicates a weak coupling, or no coupling, indicating weak energy transfer from the source room to 
the receiving room. The identification of the conditions under which the energy transfer results in a 
double (or multiple) slope sound energy decay is one of the research questions that this study looks 
into.  

As already published in recent literature (16, 17), Bayesian decay parameter estimation applies 
model selection based on the Bayesian information criterion on real or simulated room impulse 
responses. Schroeder decay functions, obtained through Schroeder backward integration are compared 
with the parametric model to first detect the number of slopes and then to characterize the decay rates 
and decay levels. Bayesian model-based parameter estimation selects the most parsimonious multi-
rate model that fits the decay curve and can be summarized in Eq. 2 as follows; 
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where index 0 ≤ 𝑖 ≤ 𝐾 − 1. The decay parameters {Aj: A1, A2, …, AS} are the amplitude parameters 
associated with the individual exponential decay terms when expressed logarithmically, Tj is the decay 
time associated with the logarithmic decay slopes of individual exponential decay terms, with j = 1, 
2, …, S where S is the number of exponential decay terms, also termed decay orders. A (t − t ) is 
a noise term and tK is the upper limit of Schroeder integration, where the subscript K is the total 
number of data points and t  with a lower-case subscript i represents the discrete time variable (i.e. 
sample index) (17). 

 
In this study, two configurations of coupled volume rooms are generated via computer simulations. 



 

 

The first scenario is a two-room coupled system that does not necessarily replicate a real-case, as the 
aim is to produce different coupling factors by varying the absorption area of one room, whereas 
keeping the large room constant and with the highest reverberation. This room set-up has previously 
been tested using a 1:8 scale model for various aperture sizes (25). The computer-generated acoustic 
model is fine-tuned in a recent study to test an artificial reverberator method based on scattering delay 
networks (SDN) (26). In these two studies the model is fixed to specific absorption area ratios of the 
two rooms, while the aperture size is systematically changed. The two aperture ratios of %15 and %30 
of the common wall, respectively, are selected for this study, as these two aperture sizes produced 
similar results in all scale-model tests, coupled volume SDN (CV-SDN) and ray-tracing models (26). 
Keeping the aperture and the absorption area of the large room constant, the absorption coefficients 
of surface materials for the small room are increased from 0,01 to 0,9 stepwise. The absorption 
coefficient for all surfaces for the large room has always been kept constant at 0,01. ODEON Room 
Acoustics Software version 17.03 is used in ray-tracing simulations. An omnidirectional point source 
and an omnidirectional receiver are placed at positions corresponding to the same positions as in the 
measurements. Identical absorption coefficients are assigned to all octave bands in order to get a flat 
response in broadband, and the analyses are held only for 1 kHz.  

The second scenario in terms of room configuration is a typical corridor to open-office coupling 
condition when the door is open. With a totally different layout, the aim is to achieve similar coupling 
factors as obtained in scenario 1 by varying the absorption area of the small room (office). Similarly, 
the absorption coefficients of surface materials for the small room from are changed from 0,01 to 0,8 
stepwise, while the sound absorption coefficients of surface materials are kept constant in the corridor 
at 0,01 for all octave bands. Note that 0,01 as a sound absorption coefficient is very typical for painted 
masonry, brick or concrete walls and ceiling slabs; as well as for stone (marble, ceramic) surfaces. 
Table 1 lists the geometric features of room configurations for scenario 1 and 2. Table 2 lists the 
obtained coupling factors when the absorption area has systematically changed for the small room. 
Resulting T30 values for the decoupled conditions of the rooms are also indicated in Table 2. Fig. 1 
shows the ray-tracing models of scenario 1 and 2 respectively.  The room impulse responses are 
collected for each step of absorption change and the scenario given in Table 2. Later, the RIRs are 
analyzed using Bayesian decay parameter estimation.  

 
Figure 1 – Ray tracing models of scenario 1; small-large room coupling (on the left)  

and scenario 2; office-corridor coupling (on the right) 

Table 1 – Geometric features of two-room coupled configurations, scenarios 1 and 2  

 

Scenario 1 Small Room Large Room 

Dimensions (m) 4,8 x 5,6 x 6,4 7,2 x 6,8 x 7 

Volume (m3) 172 343 

Aperture area – %15 of common partition (m2) 4,6 

Aperture area – %30 of common partition (m2) 9,2 

Scenario 2 Room Corridor 

Dimensions (m) 5 x 6 x 3 3 x 20 x 3 

Volume (m3) 90 180 

Aperture area - %11 of common partition (m2)  2 

 



 

 

Table 2 – Coupling factors for different absorption coefficients and T30 values for de-coupled rooms, 

scenario 1 and 2

 
In the final phase, a pilot study is carried out in order to assess the perceptual aspects of multiple 

slope energy decay.  The simulated RIRs are convolved with a speech signal and audio clips obtained 
through auralizations are used as stimuli in a subjective listening experiment with 19 participants. The 
testing is conducted via an online platform. The audio clips are grouped under four clusters in 
accordance with the calculated level differences (∆L) (Table 3). Pairings are randomly drawn from a 
list containing a total of 22 audio clips. Each pair is selected from the aforementioned four groups.  
Two types of pairings of single and double decays as well as double decay comparisons are used in 
subjective testing. The participants are asked to compare the perceived reverberance of the paired 
audio clips and comment on the more reverberant case. They are also asked whether any of the stimuli 
has a double slope energy decay. The pairs selected from different groups are repeated two times in 
random order so as to observe if there is any correlation between the subjective responses and the 
level differences. Results are discussed in the following section. 

 

Table 3 – Audio clips collected under four groups based on the level differences and mean coupling factors 

 
 

Scenario 1 
Alpha  

(small room) 
T30 (s) for 1 kHz 

 (small room) 
T30 (s) for 1 kHz 

(large room)  
Mean coupling factor (k) 

%15 aperture  %30 aperture  
0,01 11 13 0,66 0,79 
0,03 4,8 13 0,52 0,68 
0,05 3,05 13 0,45 0,61 
0,1 1,57 13 0,35 0,50 
0,2 0,77 13 0,26 0,39 
0,3 0,50 13 0,21 0,33 
0,4 0,35 13 0,19 0,29 
0,5 0,27 13 0,17 0,26 
0,6 0,21 13 0,15 0,24 
0,7 0,17 13 0,14 0,22 
0,8 0,14 13 0,13 0,21 
0,9 0,11 13 0,13 0,20 

Scenario 2 
Alpha  

(office) 
T30 (s) for 1 kHz 

 (office) 
T30 (s) for 1 kHz 

(corridor) 
Mean coupling factor (k) 

%11 aperture(door) 
0,01 7,97 7,42 0,52 
0,02 4,59 7,42 0,44 
0,03 3,25 7,42 0,39 
0,05 2,07 7,42 0,32 
0,1 1,09 7,42 0,24 
0,2 0,54 7,42 0,18 
0,3 0,35 7,42 0,15 
0,4 0,25 7,42 0,13 
0,5 0,19 7,42 0,12 
0,6 0,14 7,42 0,11 
0,7 0,11 7,42 0,10 
0,8 0,09 7,42 0,09 

 

Group A (2 ≤ ∆L < 5) Group B (5 ≤ ∆L < 8) Group C (8 ≤ ∆L < 11) Group D (11 ≤ ∆L < 14) 

0.33 ≤ k ≤ 0.45 0.22 ≤ k ≤ 0.32 0.18 ≤ k ≤ 0.21 0.12 ≤ k ≤ 0.15 

# k ∆L(dB) # k ∆L(dB) # k ∆L(dB) # k ∆L(dB) 

1 0.45 2.5 1 0.26 6.2 1 0.21 9.5 1 0.15 12 

2 0.35 4 2 0.29 5.5 2 0.19 10.5 2 0.14 12.5 

3 0.39 2.5 3 0.26 6.5 3 0.21 8.5 3 0.13 12.5 

4 0.33 4 4 0.24 7.5 4 0.18 9.5 4 0.13 11.5 

5 0.44 2.5 5 0.22 7.5    5 0.12 11.5 

6 0.39 3.5 6 0.32 5.5 
   

      
7 0.24 7.5 

      

 



 

 

3. RESULTS  
In this section initially the Bayesian decay parameter results are presented for all the tested 

scenarios and absorption ratios. Table 4 presents the first decay rate (T1), second decay rate (T2) and 
corresponding levels where the decays start. In addition to that a correlation between the level 
difference and mean coupling factor is searched. According to Table 4 it can be stated that over 0,50 
mean coupling factor the sound energy decay is observed to be a single slope case for the assessed 
scenarios. And, as the coupling factor drops till around 0,10 – 0,15, ΔL increases. The rate of increase 
drops as the coupling factor decreases (Fig. 2). 

 

Table 4 – Decay parameter results; (T1, T2, A1, A2), level difference (ΔL) versus mean coupling factor (k) 

for different steps of absorption for the assessed scenarios  

 
This pattern of k versus ΔL is similar for all the coupling aperture ratios for the tested scenarios. 

In order to better visualize Bayesian decay parameter results a sample double slope case is presented 
in Figure 3. This impulse response is for the first scenario, %15 aperture opening and when the small 
room has an 0,6-absorption coefficient attained to all its surfaces. For this specific case k is 0,15 and 
ΔL is 12 dB.  

 

 

 

 

 

Aperture  k # of slopes T1 (s) T2 (s) A1 (dB) A2 (dB) ∆L(dB) 

15% 0,66 1 12,5         
15% 0,52 1 9         
15% 0,45 2 2 7,8 -6,5 -9 2,5 
15% 0,35 2 1,3 6,3 -7 -11 4 
15% 0,26 2 0,8 5 -7 -13,2 6,2 
15% 0,21 2 0,5 4,5 -6,5 -16 9,5 
15% 0,19 2 0,4 3,9 -6,5 -17 10,5 
15% 0,17 2 0,3 3,4 -6,5 -18 11,5 
15% 0,15 2 0,29 3 -6,5 -18,5 12 
15% 0,14 2 0,23 2,6 -6,5 -19 12,5 
15% 0,13 2 0,21 2,23 -6,5 -19 12,5 
30% 0,79 1 13         
30% 0,68 1 9         
30% 0,61 1 7         
30% 0,5 1 5         
30% 0,39 2 0,55 4 -6,5 -9 2,5 
30% 0,33 2 0,55 3,6 -6,5 -10,5 4 
30% 0,29 2 0,4 3,2 -6,5 -12 5,5 
30% 0,26 2 0,35 2,9 -6,5 -13 6,5 
30% 0,24 2 0,31 2,6 -6,5 -14 7,5 
30% 0,22 2 0,25 2,3 -6,5 -14 7,5 
30% 0,21 2 0,2 2,2 -6,5 -15 8,5 
11% 0,52 1 7,6         
11% 0,44 2 2,8 6,4 -6,5 -9 2,5 
11% 0,39 2 2,7 5,6 -6,5 -10 3,5 
11% 0,32 2 2,1 4,8 -6,5 -12 5,5 
11% 0,24 2 1,2 3,8 -6,5 -14 7,5 
11% 0,18 2 0,6 2,7 -6,5 -16 9,5 
11% 0,15 2 0,3 2,2 -6,5 -17 10,5 
11% 0,13 2 0,2 2 -6,5 -18 11,5 
11% 0,12 2 0,18 1,8 -6,5 -18 11,5 

 



 

 

 
Figure 2 – The correlation between mean coupling factor and level difference for assessed RIRs 

 

 
Figure 3 – Schroeder curve and the model curve derived from RIR gathered from ray-tracing simulations 

for %15 aperture opening, 0,1 alpha step for small room, scenario 1, filtered for 1 kHz. 

 

Figure 4. demonstrates the results of the final phase investigating the perceptual aspects of multiple slope 

energy decay. The Question A of the listening tests asks for the more reverberant audio clip in paired 

comparisons. The Question B asks for the clip that is more likely to have double slope. This second question 

also aims to assess the audibility or detectability of the strength of coupling in comparison to the coupling 

factors and level differences. In single slope double slope comparison pairs, the sample with T2 closer to the 

T60 of single slope cases are selected.  In the Question A of the listening tests, the single slope cases are 

found to be perceived more reverberant. This may be due to the fact that in double decay - single decay 

comparisons T1 is much smaller when compared to T60 of the single slope case. This may suggest the 

dominance of the early decay component in reverberation perception. When the T1 of single decay rate clips 

and T2 of the other clip are close in both pairs, the participants have hard time to differentiate the pairs. The 

single decay audio clips with longer T1 are selected as the most reverberant regardless of the T2 value of the 

double decay audio clip. In the Question B of the listening tests, the participants have difficulties 

differentiating single decay rates from double decay rates. The higher the difference between coupling factors, 

the easier it is for participants to select the audio clip with double decay rates. When the coupling factors of 



 

 

the pairs are close, the answers are distributed evenly. When the ratio of the coupling factors of the pairs are 

minimum of two, participants find it simpler to distinguish the pair with the higher coupling factor.   

 

 

Figure 4. Listening test results of audio clips obtained for paired comparisons of different double decay slopes 

with varying level differences (on the left) and paired comparisons of single decay versus double decay rates 

(on the right) 

4. CONCLUSION 
This study investigates systematically the relation between architectural (absorption area, aperture 

size) and acoustical parameters (ΔL, T1, T2) in formation of multi-slope sound energy decay. 
Accordingly, inverse proportion has been found in between the mean coupling factor and level 
difference (ΔL). Higher the coupling factor lower is the ΔL. On the other hand, the samples with ΔL 
higher than 0,50 demonstrates a single slope decay in assessed scenarios. In the next step the audibility 
of the strength of double decay is searched by a pilot listening test. Main outcomes of this test are that 
the first decay (T1) of a double slope case is more dominant in the reverberation perception and higher 
the difference between the coupling factors it is easier to differentiate between different pairs. As a 
future work of this study, the perception and preference of the multi-slope sound energy decays will 
be assessed in greater detail with a larger sample group of comparisons that will also include 
convolved music clips.   
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ABSTRACT
The acoustics of coupled rooms is often more complex than single rooms due to the increase in features
such as double-slope decays, direct sound occlusion and anisotropic reverberation. For directional capture,
analysis and reproduction of room acoustics, spatial room impulse responses (SRIRs) can be utilised, but
measuring SRIRs at multiple positions is time consuming, and thus it may be desirable to interpolate between
a sparse set of measurements. This paper presents a perceptually informed interpolation method for higher-
order Ambisonic SRIRs that is robust for coupled rooms. It uses minimum-phase magnitude interpolation of
the direct sound which is steered to the relative direction of arrival, sector-based early reflection interpolation
in the frequency domain, and relative RMS matching for late reverberation. A method for rendering up to six
degrees-of-freedom datasets of SRIRs is then presented using a time-varying partitioned convolution audio
plugin, which is open-source and has made available for download. Finally, a listening test is conducted
to assess the perceptual quality of interpolating between coupled room SRIR measurements with varying
inter-measurement distance. The results suggest that for the tested scenario, using the presented interpolation
method, a 50 cm inter-measurement distance is perceptually sufficient.

Keywords: Spatial room impulse response, six degrees-of-freedom, SRIR interpolation

1. INTRODUCTION
The human auditory system retrieves important spatial cues from the acoustics of a room. Several

characteristics of reverberation are dependent on the source and receiver positions in a room, such as
direct-to-reverberant ratio, early reflections and modal coupling, while reverberation time remains largely
constant. Coupled room acoustics is more complex, with the emergence of double-slope decays in the
room response, edge diffraction and portalling effects (1, 2), all of which vary with inter-room listener
and source positions and coupling aperture size. Portalling is used in this paper to refer to scattering and
diffraction around the coupling aperture, which gives the perception of the sound source location at the
coupling aperture (3). When a listener moves in a simple shoebox room, acoustical changes tend to be
smooth and gradual. In the transition between coupled rooms, however, rapid changes in acoustics can
occur with small positional changes (4).

Recent literature has investigated how room acoustics measurements, known as room impulse re-
sponses (RIRs), can be used to evaluate the acoustical changes with different receiver positions inside a
single room, both for virtual reality (5, 6) and dereverberation applications (7). For 6DoF rendering of
sound scenes with Ambisonic spatial room impulse responses (SRIRs) at multiple positions in space, a
convolution plugin that can switch between SRIRs in real time is needed, followed by an auralisation
method such as binaural rendering (8, 9, 10).

Measurement or simulation of SRIRs at multiple positions at a high measurement resolution can be
time consuming and computationally expensive, and therefore it can be desirable to interpolate between
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a sparse set of measurements. The perceptual requirements for inter-measurement distance vary with
auditory stimuli (11, 12), whereby sounds with limited frequency bandwidth can forgive larger distances
between measurements (13), and the greater diffuseness of late reverberation allows for different mea-
surement distances for different parts of the impulse response (5). For different receiver positions inside
coupled rooms, however, the requirements may vary due to the increased acoustical complexity.

Interpolation of mono or binaural RIRs has been approached in many ways in the past: 1) Dynamic
time warping (14), where the time axes of the nearest RIRs are stretched until they align; 2) Modal
interpolation using a general solution to the Helmholtz equation (15), which is effective for non-uniform
spatial distributions of RIRs at low frequencies; and 3) A combination of plane wave decomposition
and time-domain equivalent source methods (11). Moving into SRIRs, a first-order interpolation method
is presented in (16), which separates input SRIRs into specular parts, which are the direct sound and
early reflections, and the diffuse parts. These are interpolated separately, where the specular parts are
interpolated individually using direction of arrival estimations. In (12), a similar method is presented for
early reflection interpolation between the nearest three receivers, with simpler interpolation of residual
signals.

As the transition between coupled rooms is highly complex, it requires great care in reproduction.
Interpolation between two coupled room RIRs is likely to be a more demanding task than for two RIRs
inside the same room. This paper presents a perceptually informed SRIR interpolation method for higher-
order Ambisonic SRIRs, which utilises minimum-phase magnitude interpolation of the direct sound
steered to the estimated direction of arrival, sector-based early reflection interpolation in the frequency
domain, and relative RMS matching late reverberation interpolation. A method for rendering up to six
degrees-of-freedom datasets of SRIRs is then presented using a time-varying partitioned convolution
audio plugin. Finally, a listening test is conducted in virtual reality to assess the perceptual quality of
interpolating between coupled room SRIRs with varying inter-measurement distance using a previously
measured dataset of the transition between coupled rooms.

The paper is laid out as follows: Section 2 details the interpolation method and Section 3 describes the
convolution plugin and dynamic binaural rendering. Section 4 then presents the methodology and results
of a listening test conducted in virtual reality to evaluate different inter-measurement resolutions of a
dataset of coupled room SRIRs. Finally, Section 5 presents concluding remarks and proposes further
work, and MATLAB code for the interpolation method and an open-source virtual studio technology
(VST) plugin for the 6DoF convolution are made available for download, with the links provided at the
end of the paper.

2. PERCEPTUALLY INFORMED SRIR INTERPOLATION
This section describes the method of perceptually informed interpolation between SRIRs. The method

is designed for 3D sets of SRIRs. The maximum spherical harmonic (SH) order is denoted in this paper as
N, with the order of an individual SH component denoted by n and the degree denoted by m. A MATLAB
implementation of the interpolation method is available for download (see Section 6 for download link).
In this paper, the Ambisonic Channel Numbering (ACN) and semi-normalised (SN3D) conventions are
employed.

The SRIR measurements were made at J points at coordinates PJ ⊂ R3. At each of those points a
directional room impulse response was measured, which was encoded to the SH domain and is denotes
as h j(t) ∈ R(N+1)2

. These responses are then interpolated to a dense set of I > J points at positions
P̂I ⊂R3. The distance between a point from the set of measurement points p j ∈ PJ and a point from the
set of interpolation points p̂i ∈ P̂I is denoted as

vi, j = |p̂i −p j|2, (1)

where |p̂i −p j|2 denotes the Euclidean distance. With the definition of the distance, it is possible to find
the subset of J′ = 2D measurement points, which contains the measurements closest to any interpolation
point p̂i, where D is the dimensionality in which the measurement points are arranged. Therefore, a
1D set of SRIRs in a line will have two nearest measurements; a 2D set of SRIRs in a grid will have
four nearest measurements, and a 3D set will have eight nearest measurements. This gives a subset of
nearest points P(i)

J′ ⊂PJ for each interpolation point. As all steps described next are carried out for each
interpolation point, the index i is omitted for readability.



2.1 Direct Sound
In this study, the direct sound is taken as the first 4.17ms of the input SRIRs (200 samples at 48 kHz),

though this value is adjustable. The method assumes RIR onsets are time-aligned. The direction of arrival
(DoA) of the direct sound in each input SRIR is first estimated using the time-averaged pseudointensity
vector, i ∈ R3, which is derived from the first-order SH components as

i =
200

∑
t=1

[h1(t)h4(t), h1(t)h2(t), h1(t)h3(t)]T, (2)

where superscript T denotes transposition.
For each interpolation point, the direct sound direction θ̂ ∈ S2 needs to be determined. For a non-

occluded source, a geometrically correct method would be to estimate the sound source location based
on the direct sound DoAs observed at the measurements. This can be done by finding the point that is
closest to all lines along the DoAs, ideally their intersection point. Then, the direct sound direction could
be computed at the interpolated point. In coupled rooms, where the sound source can potentially be
occluded, see for example loudspeakers 2 and 3 in Fig. 2a, this procedure may cause problems. Between
two measurements, the location of the first sound energy will change and such geometrical solutions may
give arbitrary results. Therefore, a simpler approximate algorithm was used in this study to estimate the
sound source location. The direct sound direction at each interpolation point was set to

θ̂ = ∑
j′

θ j′g j′ , (3)

where g j′ are distance weights obtained from the inverse distances between the interpolated positions
and the nearest measurement positions

g j′ =
v−1

j′

∑
J′
j′=1 v−1

j′
. (4)

When the direct sound coincides with the measurement position, the direction is correct. Also, when
the sound source is sufficiently far away, or the spacing of measurement points is small, the error intro-
duced by this simplification is small. In case of occlusion at some position, a smooth interpolation curve
emerges between the direction of a visible direct sound, and the first energy arriving from an occluded
sound source.

For the minimum phase direct sound interpolation, the omnidirectional channels of the nearest input
SRIRs are first converted into the frequency domain. The spectra are then 1/3 octave smoothed, mag-
nitude weighted based on the gains g j′ , and made minimum phase. The spectra are then summed, and
encoded into SH at the target angle θ̂ . The interpolated direct sound is then amplitude normalised based
on the gain weighted RMS of the nearest measurements. This procedure ensures that the effect of the
sound source directivity is accounted for at the interpolated position.

2.2 Early Reflections
For the early reflection interpolation, firstly the transition time tEL, which is the cutoff between early

reflections and late reverberation, is calculated separately for each input SRIR based on the energy decay
curve passing a set threshold value (17). The omnidirectional channel of each SRIR is first bandpass
filtered at 1 kHz, then normalised to a maximum amplitude of 1, and Schroeder integration is used to
obtain the energy decay curve (EDC):

D(t) =
∫

∞

t
h2(τ)dτ. (5)

In this study, values of tEL are calculated as tEL = D(t)/10, rounded to the nearest 1000 samples,
which generally fall between 80ms and 250ms for the room transition dataset (4). This is on the higher
end of typical early reflection cutoff times reported in the literature (17, 18, 19).

The early reflections are interpolated and equalised at different directions on the sphere by using
beamforming and reconstruction (20). For this, the measured SH domain responses are analysed with



a set of max-rE beams directed to a dense set of L quasi-uniformly arranged directions in a so called
t-design ΘΘΘt (21),

h j(t) =
4π

L
YNdiagN{wn}h j(t), (6)

where YN ∈RL×(N+1)2
is a matrix of real spherical harmonics evaluated at directions ΘΘΘt, and diagN{wn}

is a diagonal matrix of beamforming weights, with one unique weight for all SH components belonging
to each order. The t-design with the least number of points that fulfills T ≥ 2N + 1 is selected. For the
fourth-order SRIRs used in this paper for example, the t-design has 48 points. The beam signals are
weighted with the distance weights and summed together

h(t) = ∑
j′

g j′h j′(t). (7)

Next, the summed signals are equalised to match the weighted sum of the magnitude spectra in each
direction. Equalisation is needed to rectify any comb filtering artefacts that may arise from the summing
of correlated signals, and is most apparent when the SRIRs to be interpolated are a greater distance apart.
Every beamformed signal is equalised separately, such that colouration is removed in each direction. The
equalisation is performed in the frequency domain in equivalent rectangular bandwidth (ERB) frequency
bands (22):

BWERB = 24.7(4.37×10−3 fc +1), (8)

where fc is the centre frequency. In this study, 48 frequency bands are employed with the lowest fre-
quency at 10 Hz, which approximates to 1/3rd octave bands. For each ERB band, the target RMS is
a sum of the RMS of each amplitude-weighted nearest SRIR beam divided by the current RMS of the
interpolated beam. An equalisation curve is then calculated by linear interpolation of each ERB band
target RMS, between 20 Hz and 20 kHz. After the directionally equalised responses for every directional
response in h(EQ)

(t) are obtained, they are brought back in the SH domain using

h(t) = diagN

{
1

wn

}
YT

Nh(EQ)
(t). (9)

2.3 Late Reverberation
The late reverberation interpolation follows much of the same method as used for the early reflec-

tions, but without the beamforming. The final interpolated SRIRs are a sum of the interpolated direct
sound, early reflections and late reverberation, with cosine shaped amplitude windows used to fade be-
tween sections: 20 samples for direct sound to early reflections, and 10 ms for early reflections to late
reverberation (both values are configurable). The interpolated set of SRIRs can then be saved as a spa-
tially oriented format for acoustics (SOFA) file (23), in the same format as the input set, which makes it
directly compatible with the convolution plugin to be described in the following section.

3. RENDERING
To auralise the SRIRs, a virtual studio technology (VST) plugin was developed, which allows for a

monophonic input signal to be convolved with a specified SRIR from a set of input SRIRs. The plugin
uses fast partitioned time-varying convolution in the frequency domain (24) with the overlap-add method
to allow for real-time switching between input SRIRs, with minimal perceptual switching artefacts. It is
based on a MATLAB prototype presented in a previous study (8), for which the reader is directed to for
a more detailed description. The plugin is freely available as part of the SPARTA plugin suite (25) (see
Section 6 for a download link), and the plugin graphical user interface (GUI) is presented in Figure 1.

To summarise the method, input SRIR filters are divided into blocks based on the digital audio work-
station (DAW) block size and placed into a filter matrix. Each block is then zero padded with the same
number of samples as the block size, and converted to the frequency domain using the discrete Fourier
transform (DFT). Only the first half of the result is saved, which reduces computational load. The input
monophonic signal to be convolved with the SRIRs is also converted into the frequency domain, and a



Figure 1 – The graphical user interface of the 6DoFconv VST plugin.

signal matrix is constructed of the input signal blocks, whereby for each input block time period, the
input signal matrix is shifted by one block, dropping the oldest input block and placing the current signal
block to the front.

Each block of the signal matrix is then multiplied by each block of the filter matrix corresponding
to the chosen filter selection, and the results are then summed. The block is then duplicated, flipped
and the complex conjugate is taken to rebuild the second half of the frequency domain signal, before
being converted into the time domain using the inverse DFT. Convolution artefacts caused by the signal
discontinuities when switching between the SRIRs are mitigated by cross-fading the convolved signals
across multiple convolution blocks: the block convolved with the currently selected SRIR is saved for
the next time period while the current output block is constructed from a linear cross-fade between the
second half of the convolution block before the last and the first half of the last convolution block.

The GUI of the VST plugin allows for a user to select a path to a SOFA file with SRIRs and their
associated listener positions encoded. It then loads the SRIRs and displays their positions in the Coor-
dinate View on the right (the dimensions of the view window are determined by the coordinate range of
the source and listener positions). The view can be chosen to be from the top or from the side using a
drop-down menu on the top right corner. The listener position can be changed by dragging the orange
dot in the coordinate view or moving the target position sliders on the left. When the position is changed,
the plugin finds the nearest neighbouring SRIR based on the smallest Euclidean distance. The listener
position can also be controlled via open sound control (OSC) messages from an external device, such as
a head tracker. Additionally, the plugin includes an Ambisonic sound-field rotator for Ambisonic SRIRs.

4. EVALUATION
This section details the evaluation of the interpolation algorithm, which was carried out both numer-

ically and perceptually. The set of measurements used in the evaluation was the storage to stairwell
measurements from the Room Transition dataset of SRIRs at N = 4 (4), available under a Creative Com-
mons license1. The room transition investigated in this paper is from a dry storage space to a more
reverberant stairwell, with measured background noise levels of 32.8 dBA and 35.2 dBA and RT60s of
0.29 s and 0.73 s, respectively (8).

Figure 2a presents the room geometry and loudspeaker positions of the measurements, with four

1http://doi.org/10.5281/zenodo.4095493

http://doi.org/10.5281/zenodo.4095493
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Figure 2 – Room geometry and loudspeaker locations of the coupled room transition, and an energy
decay curve illustrating the double-slope decay of the room transition. Measurements denoted by

dashed arrow; loudspeaker numbers 1 and 4 retain a continuous line-of-sight between the loudspeakers
and microphone for all measurement positions, 2 and 3 feature occlusion at some measurement

positions (4).

loudspeakers: two in each room; for which one retains a continuous line-of-sight (CLOS) between the
source and receiver for all receiver positions, and two without CLOS. Figure 2b shows the EDC, calcu-
lated using equation 5, for loudspeaker 2 at receiver position 100 cm, which is 150 cm inside the storage
space. The EDC illustrates the double-slope nature of the energy decay, caused by the combination of
the reverberation times of the coupled rooms, whereby the amplitude of each room’s single-slope decay
is the only feature that is considered to change with receiver position (26).

To assess the interpolation, test sets of SRIRs were calculated from the original dataset of measured
SRIRs, which has a 5 cm inter-measurement distance (IMD). This was done by interpolating (at 5 cm
intervals) sparse versions of the original dataset with new IMDs of 10 cm, 20 cm, 50 cm, 100 cm, 200 cm
and 500 cm (where the 500 cm case is just two SRIRs - one at either end). This was repeated for the
measurements at the four loudspeaker positions illustrated in Figure 2a.

4.1 Numerical Evaluation
To numerically evaluate the interpolation method, the DoA of the room transition SRIRs was esti-

mated first for the original dataset (with an IMD of 5 cm), and then for the test sets of SRIRs calculated
from interpolation of the original dataset with a reduced IMD. DoA was estimated above 3 kHz, due
to the order dependent filtering necessary for higher-order spherical microphone arrays (27), using a
fourth-order SH steered plane-wave decomposition beamformer, that calculates the power at each cho-
sen location on the sphere (28). DoA was estimated in five degree resolution for seven arrivals, referring
to the direct sound and loudest early reflections.

The error in DoA was then calculated as the difference in azimuth angle between the DoAs calculated
from the reference dataset and the interpolated datasets. A single azimuth error value Eθ for each inter-
polated dataset was then calculated as the mean of the absolute difference in estimated azimuth. Table 1
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Figure 3 – Estimated direction of arrival of direct sound and early reflections for LS 2 (in storage, no
continuous line-of-sight between the source and receiver, see Fig. 2a). Azimuth values are presented

from −170◦ to 190◦ for aided visibility around ±180◦, and colour intensity is normalised separately to
each measurement’s maximum power value.

presents the results. In general, Eθ increases with higher IMD, which is expected. Some interesting
results emerge when considering the differences between LS 1 and 2, in the storage space, and LS 3
and 4, in the stairwell. LS 3 and LS 4 have considerably lower Eθ for the low IMD sets, which may be
explained by the higher reverberation time of the stairwell, leading to higher energy throughout the room
transition. The Eθ significantly jumps at IMD = 500, suggesting the interpolation method is unable to
accurately reconstruct the room transition acoustics at this distance.

Table 1 – Mean estimated DoA error Eθ in degrees between the reference dataset and the test SRIR
datasets. IMD refers to inter-measurement distance of the test SRIR datasets, and LS X refers to the

loudspeaker positions as illustrated in Figure 2a.

IMD (cm) 10 20 50 100 200 500
LS 1 11.0 14.0 16.2 21.0 18.7 24.5
LS 2 13.6 16.9 18.3 19.4 21.1 35.7
LS 3 4.88 7.63 10.5 14.6 12.0 22.0
LS 4 3.40 5.48 6.88 7.35 19.6 18.6

To better illustrate the DoA of the interpolated SRIR sets, the horizontal DoA for all source locations
and measurement positions of LS 2 (in storage, no CLOS between the source and receiver) is presented
in Figure 3, for the original SRIRs and for the interpolated SRIRs from 50 cm IMD. In the plot, a positive
increase in azimuth denotes anticlockwise movement, and colour intensity is normalised separately for
each measurement to the maximum power detected in that measurement, in order to illustrate the relative
intensity of the dominant source direction to the other reflections. The overall trends are largely retained
with the interpolation, though some details around the coupling aperture are somewhat less accurately
captured.

4.2 Subjective Evaluation
To perceptually evaluate the quality of the SRIR interpolation, a listening test was conducted in virtual

reality. The test paradigm was MUSHRA-like, with a hidden reference but no anchor. Participants were
presented with seven conditions for which they could select one condition at a time, and were asked to
walk the transition and rate the sound quality in terms of overall perceived similarity to the reference,
with instructions to listen for all of localisation accuracy, colouration and reverberation. The reference
condition was the original dataset of SRIRs, and the test conditions were the interpolated SRIR sets at
different IMDs.

Two test stimuli were used: a dry recording of a drumkit, chosen for its transients, sharp attacks
and wide range of frequency content, and an anechoic violin recording, chosen for its smooth and pe-



riodic waveform2. The 6DoFconv plugin was used to convolve the test stimuli with the set of SRIRs,
whereby the SRIR was switched depending on the participant’s position. The convolved signals were
then rendered binaurally using the parametric higher-order DirAC binaural decoder (29). Mysphere 3.2
headphones were used for playback, which have been shown to offer high levels of passive transparency
(30) which makes them suitable for experiments with both real and virtual sources (8, 9). Audio process-
ing and programming of the listening test was conducted in Cycling 74 Max.

To display the room transition in virtual reality, three-dimensional models of the two rooms were
captured using LiDAR technology from an Apple iPad Pro, with certain features enhanced in post pro-
cessing, such as the doors and windows, using high resolution two-dimensional textures and sharper
edges. Unity was used to render the visuals, which were displayed on an Oculus Rift S. The loudspeaker
model was movable in the environment, such that whichever loudspeaker was currently playing was dis-
played (as determined in Max, and sent to Unity via OSC). User position and orientation data, for SRIR
selection and sound field rotation in the 6DoFconv plugin, was sent from Unity to Max via OSC.

The listening test instructions and MUSHRA-like user interface were shown in the Unity virtual
environment: the position of these was controlled by the Oculus left hand controller, and interactions
made using the trigger on the Oculus right hand controller. To ensure participants stayed within the
bounds of the SRIR measurements, a guiding line was placed at 1.2 m above the ground in the Unity
scene, from 2.5 m inside the storage space to 2.5 m inside the stairwell, corresponding to the positions
of the measurements. In the case that the participant strayed more than 25 cm from the guiding line in
the X or Z axis, the screen flashed red and the audio cut out.

The listening test consisted of a total of eight trials: the four loudspeaker positions presented once
with the drumkit and once with the violin. No repeats were conducted. Trial and condition ordering was
randomised and double anonymous. The tests were conducted on 13 participants aged between 24 and
31 (11 male, 2 female) with self reported normal hearing and prior critical listening experience (such as
education or employment in audio or music engineering).

4.2.1 Results and Discussion
The results of the listening test are presented as violin plots in Figure 4. Violin plots display both the

density trace and box plot, which better illustrates the structure of the data over traditional box plots (31).
The violin widths represent the density of data, median values are presented as a white point, interquartile
ranges are marked using a thick grey line, the ranges between the lower and upper adjacent values are
marked using a thin grey line, and individual results are displayed as coloured points.

The results generally show that, with the presented SRIR interpolation method, IMDs up to 50 cm
produced perceptually comparable results to the reference at 5 cm IMD. Even for the 100 cm IMD,
median values were above 80 for 7 out of 8 tested conditions. At 200 cm and 500 cm IMD, scores
were significantly lower, especially for LS 2 and LS 3, where there was no CLOS between the source
and receiver, and the largest angular errors in the direct sound direction occur due the choice of direct
sound location estimation. This is in fitting with the results shown in (8), which showed that a linear
interpolation between the first and last measurements was rated as higher in naturalness for the two
sound sources with CLOS (LS 1 and LS 4) than those without (LS 2 and LS 3).

To test the statistical significance of the results, the data was first tested for normality using the
Shapiro-Wilk test, which showed not all data to be normally distributed, even when excluding the refer-
ence condition. Therefore, statistical analysis was conducted using non-parametric methods. Friedman’s
tests showed that the conditions were statistically significantly different (p < 0.001) for all stimuli and
loudspeaker pairs except LS 1 with the violin stimulus: χ2(6) = 8.32, p = 0.21; in this configuration
both 200 cm and 500 cm IMDs performed relatively well, with median values of 74 and 69, respectively.

To look in more detail at the statistical significance of the difference between results, post-hoc pair-
wise Wilcoxon signed-rank tests with the Bonferroni-Holm correction were conducted: the results are
presented in Figure 5. These confirm that the main differences in results are caused by the 200 cm and
500 cm IMDs in most cases. They suggest an IMD of 100 cm is sufficient for most cases, apart from
LS 2 with the drumkit stimulus.

The different stimuli, a drumkit and a violin, on the whole produced relatively similar results, though
at IMD ≥ 100 cm, the median rating of the drumkit was lower for 11 out of 12 cases. This suggests that
the drumkit stimulus showed the artefacts of interpolation better, and could suggest that the choice of

2Downloaded from https://www.openair.hosted.york.ac.uk/

https://www.openair.hosted.york.ac.uk/
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Figure 4 – Violin plots of the MUSHRA-like listening test results. CLOS refers to a continuous
line-of-sight between the loudspeaker and listener for all listener positions (refer to Fig. 2a for

loudspeaker positions and room geometries). Median values are a white point, interquartile range a
thick grey line, the range between lower and upper adjacent values a thin grey line, and individual

results are coloured points.
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Figure 5 – Wilcoxon signed-rank (with Bonferroni-Holm correction) matrices of the listening test
results between different conditions.



IMD in measuring could be influenced by the stimuli of the application.

5. CONCLUSIONS
This paper has presented an interpolation method for higher-order Ambisonic spatial room impulse

responses (SRIRs), suitable for up to six degrees-of-freedom datasets and robust in interpolating mea-
surements in the transition between coupled rooms. A time-varying partitioned convolution method then
allows for real-time switching of SRIRs.

The system has been evaluated numerically, using direction-of-arrival (DoA) analysis, which shows
that the interpolation seems relatively accurate even at an inter-measurement distance (IMD) of 10 times
the original. A dynamic listening test has then been conducted in virtual reality, using visuals of three-
dimensional models from room scans using LIDAR technology and parametric binaural decoding, where
participants were able to walk through the transition in real time. The results showed that, using the
presented interpolation method, IMDs up to 50 cm or in some cases 100 cm were rated as highly similar
to the reference (IMD of 5 cm).

The evaluation showed that, even for a demanding acoustic scenario such as a room transition, the
presented SRIR interpolation method is able to reduce the necessary inter-measurement distance, which
allows for time and cost saving in measurements.

Further work will compare the presented SRIR interpolation method to other available methods, and
quantify the improvements over a basic linear interpolation method. Additionally, the method should be
used to interpolate between measurements in a single room, and the results compared to the evaluation
in this study, to assess the feasibility of interpolating between measurements at a higher IMD when the
acoustical changes are smaller.

6. DOWNLOAD

The presented interpolation method is available for download as MATLAB code3, along with demon-
stration and analysis scripts, and the 6DoFconv VST plugin is now freely available as part of the SPARTA
suite4.
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ABSTRACT 
Churches are usually characterized by big volumes surrounded by smaller and complex ones. The boundaries 
are characterized by hard materials surfaces and distributed into complex geometries. This particular 
combination leads to acoustic effects related to coupling volumes. The phenomena consists in the acoustic 
energy interaction between two or more interconnected rooms, and one of its effects is the multi-slope energy 
decay of the Room Impulse Response (RIR) from a source-receiver analysis. Santa Maria della Consolazione 
Temple in Todi was analysed to study the effects of coupling volumes. The church presents a Greek-cross 
plan, which has been preserved without substantial modifications from the original one since 1608. The 
geometrical complexity gives the opportunity to investigate the acoustic result of the style of the designers, 
i.e.  Bramante and all the major architects of the San Pietro Basilica’s Opera. Coupling volumes, due to the 
temple’s geometry, were analyzed by means of statistical acoustic criteria, in situ IR measurements, and a 
calibrated 3D model implemented in Ramsete. Limits of the statistical criteria raised analyzing measured IRs, 
and discrepancies have been observed between measurements and simulations. Finally, Bayesian Analysis 
confirmed the possibility of a coupling effect.        
 
Keywords: Church acoustics, Coupling volumes, Bayesian analysis 

1. INTRODUCTION 
Many historical spaces are characterized by large interior volumes and interconnected subspaces 

that result into a main volume with a central dome and lateral sub-domes. This type of configuration 
may lead to multi-slope sound energy, that is typical of coupled-volume spaces (1, 2, 3) Several works 
highlighted the objective and perceptual effects of these combinations. However, the effects of 
coupled volumes are still object of detailed research. The introduction of Bayesian parameters has 
further developed the research on volumes with different complexities and connections (4), which 
were initially identified by visual inspection (5). The measurement set-ups may present limitations 
given the volume extension and particular preservation conditions in most current spaces that present 
these features. Therefore, simulations have been also used as exploration tools of the exceptional 
effects on the Impulse responses (IRs) (1, 2). These approaches may also help to identify coupling 
effects in spaces that do not present an obvious architectural condition to foster them. To this aim, the 
case study of Santa Maria della Consolazione Temple in Todi was investigated. Coupling effects were 
assessed by means of Bayesian estimation and statistical acoustic (SA) criteria applied to in-situ 
measurements and simulated impulse responses (IRs) obtained through a calibrated 3D geometrical 
acoustic (GA) model. 
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2. MATERIAL AND METHODS 

2.1 Case study 
The Santa Maria della Consolazione church is an unchanged state church from the XVII century 

located in Todi, Umbria (Italy). It was designed by Bramante and the most important architects of the 
San Pietro Opera in Rome and has a greek-cross plan in accordance with the aesthetic taste of the 
time. Peculiarity of this space are the well-preserved original conditions; the Altar and the gypsum 
statues of Saints, although in the original plan, were  later built. A more detailed description of this 
worship space may be found in literature (6). Figure 1 shows the plan of the church and the 
axonometric section of the main volume, i.e. the transept, lateral, and center domes. 

Given the simplicity of the volume of the church, the possible coupling effect between the volume 
of the transept and the volume of the dome is the subject of the present study. First, measured and 
simulated configurations were compared considering the same source-receiver positions. Second, a 
detailed investigation was performed in specific source-receiver positions only through simulations.   

2.2 Prediction methods, settings and calibration procedure 
As a first hypotheses, the coupling effects could be generated between the center dome and the 

transept, which present a demanding measurement set-up configuration for in-field investigation. 
therefore a simulation tool was used. A measurement campaign was performed in the church in several 
source and receiver positions (Figure 1. a) in order to have baseline of the acoustic characteristics, 
whuch were used to calibrate a geometrical acoustic (GA) based simulation model.  

To this aim a 3D CAD model of the church was implemented in RAMSETE software (7) for 
simulations (Figure 1. B and Figure 2). The modelling level of detail (LOD) of the inner space was  
drawn considering a simplification approach, over which is necessary in GA based simulations and 
allows to preserve the main acoustic features as accurately as possible (8). The calibration procedure 
was based on the validated literature (9).  

The sensibility of the 3D model to scattering was first evaluated running simulations assuming all 
the materials with 0.1 and 0.99 of s coefficient respectively, at all the considered frequencies. The 
final material distribution is shown in Figure 2. c and final materials absorption and scattering values 
are reported in Tables 1 and 2 respectively. These data allowed to obtain a difference below 1 JND for 
the reverberation time (T30) and clarity (C50) parameters, which were used for the calibration 
procedure.           

 
Figure 1 – a) Section plan AA’ with source and receiver positions in measurement set-up and used in the 

simulation model calibration and b) source and receiver positions in simulations for room acoustics 

coupling investigation between volumes A-B for configuration c) coupling 1 and d) coupling 2 

 

a) b) 

c) 

d) 



 

 

 
Figure 2 – a) 3D model imported in Ramsete (2364 3dFaces) and materials distribution b) over 

the domes and vertical surfaces and c) floor and furniture 
Table 1 – Sound absorption coefficients for each octave bands. 

 125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 

Plaster 12mm on solid wall 0.04 0.05 0.06 0.08 0.04 0.06 

Plaster porous  0.05 0.05 0.05 0.08 0.14 0.2 

Concrete tooled stone 0.02 0.02 0.02 0.03 0.04 0.05 

Wood 0.3 0.25 0.15 0.1 0.1 0.07 

Organ facade 0.04 0.05 0.06 0.08 0.04 0.06 

Wooden seats 0.03 0.05 0.05 0.1 0.15 0.1 

Gypsum 0.01 0.02 0.02 0.03 0.04 0.05 

Glass window 0.35 0.25 0.18 0.12 0.07 0.04 
 

Table 2 – Scattering coefficients for each octave bands.  

 125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 

Plaster 12mm on solid wall 0.4 0.4 0.4 0.5 0.5 0.8 

Plaster 12mm on solid wall 0.2 0.3 0.5 0.8 0.8 0.8 

Plaster porous  0.1 0.1 0.1 0.1 0.15 0.15 

Concrete tooled stone (floor) 0.1 0.1 0.1 0.1 0.1 0.1 

Concrete tooled stone (stairs) 0.15 0.3 0.6 0.8 0.8 0.8 

Wood (doors) 0.1 0.1 0.1 0.1 0.2 0.3 

Wood (Ambon) 0.1 0.1 0.1 0.2 0.2 0.2 

Wood (Sanctuary) 0.15 0.3 0.5 0.6 0.8 0.8 

Wood (Organ box) 0.1 0.1 0.1 0.15 0.15 0.15 

Organ facade 0.02 0 0.03 0.46 0.6 0.68 

Wooden seats 0.3 0.3 0.3 0.6 0.8 0.8 

Gypsum (statues) 0.1 0.2 0.3 0.5 0.8 0.8 
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Gypsum (rib) 0.1 0.2 0.4 0.6 0.8 0.9 

Glass window 0.1 0.1 0.1 0.1 0.2 0.2 

2.3 Statistical theory for coupled rooms 
In order to identify the possible coupling volumes, the church has been split in two different 

coupling system configurations: 
1) arm of the transept – the whole church’s volume 
2) transept and central nave – central dome  
To assure whereas they are coupling volumes, a Statistical Acoustic (SA) approach (10, 11) has 

been used and the coupling coefficients have been assessed. Specific IRs have been analysed in the 
chosen coupling spaces. A final investigation was performed to explore in detail the effect of placing 
the source in the middle of the dome volume. The IR was extracted from the calibrated 3D model in 
Ramsete introduced in section 2.2. First, in order to assure the reliability of the calibrated model, IRs 
were extracted and compared with the ones at measurement positions. Furthermore, Bayesian Analysis 
was applied to complete the comparison between measured and simulated IRs.  

 
  Steady state 

The SA approach was used to assure the strength of coupling by calculating a coupling factor 𝑘𝑘 
and by using the absorption data and area of the surfaces i.e. the equivalent absorption area, of the 3D 
model shown in section 2.2. The coupling factor 𝑘𝑘 is evaluated following the Smith’s criterion for 
strong coupling in a two-room system (10): 

 

𝑘𝑘 =
𝑆𝑆𝑖𝑖𝑖𝑖
𝐴𝐴𝑖𝑖0

+
𝑆𝑆𝑖𝑖𝑖𝑖
𝐴𝐴𝑖𝑖0

 (1) 

 
where 𝐴𝐴𝑖𝑖0 is the equivalent absorption area for the ith room, 𝐴𝐴𝑖𝑖0 is relative to the jth room and 𝑆𝑆𝑖𝑖𝑖𝑖 =
𝑆𝑆𝑖𝑖𝑖𝑖 is the total surface area of the two rooms. The same coupling factor can be also evaluated following 
the Cremer and Muller's criterion for the two-room systems (11):  

 

𝑘𝑘𝑖𝑖 =
𝑆𝑆𝑖𝑖𝑖𝑖

𝐴𝐴𝑖𝑖0 + 𝑆𝑆𝑖𝑖𝑖𝑖
 (2) 

 
For a source in the jth room, 𝑘𝑘𝑖𝑖~1  indicates a strong coupling, whereas 𝑘𝑘𝑖𝑖~0  means a weak 

coupling. Differently, according to Smith criterion, a strong coupling is present when 𝑘𝑘 > 1, and 𝑘𝑘𝑖𝑖 
or 𝑘𝑘𝑖𝑖 > 0.5 are sufficient to assure a strong coupling. 

Reason behind the use of both the criteria is their fallibility. In fact, Smith’s criterion may over-
estimate the coupling between the two volumes, while Cremer and Muller’s criterion often fail 
defining coupling rooms as single rooms. The reason for this fallibility may lie in the overestimation 
of the contribution of the equivalent absorption area, which in the SA is completely and uniformly 
taken into account. This does not necessarily happen with the behavior of the simplified sound waves 
into beams in the GA simulations (12), some portions of the surface may not be evenly taken into 
account. 

       
  Bayesian Analysis 

A Bayesian Analysis was implemented to statistically determine the contribution of each coupling 
room on the energy decay curve. Bayesian inference has been widely used in recent years for the 
reconstruction of the energy decay in the case of coupled volumes (3, 4) and it is based on the 
assumption that the Schroeder curve can be decomposed as: 

 

𝐹𝐹(𝐴𝐴,𝐵𝐵, 𝑡𝑡𝑘𝑘) = 𝐴𝐴0(𝐿𝐿 − 𝑡𝑡𝑘𝑘) + � 𝐴𝐴𝑖𝑖𝑒𝑒−𝐵𝐵𝑗𝑗∙𝑡𝑡𝑘𝑘
𝑚𝑚−1

𝑖𝑖=1

,       0 ≤ 𝑡𝑡𝑘𝑘 ≤ 𝐿𝐿 (3) 

 
where 𝐴𝐴𝑖𝑖 is the initial value (𝐴𝐴0 is for the noise floor) and 𝐵𝐵𝑖𝑖 is the decay constant of jth decay mode. 
𝐿𝐿  is the total number of 𝑡𝑡𝑘𝑘  samples. The canonical formulation of the analysis states that the 



 

 

probability of the observation (𝐷𝐷) with respect to the a priori information (𝐼𝐼)  and the A and B 
components is: 

 

𝑝𝑝(𝐴𝐴,𝐵𝐵|𝐷𝐷, 𝐼𝐼) =
𝑝𝑝(𝐴𝐴,𝐵𝐵|𝐼𝐼)𝑝𝑝(𝐷𝐷|𝐴𝐴,𝐵𝐵, 𝐼𝐼)

𝑝𝑝(𝐷𝐷|𝐼𝐼)
 (4) 

 
The objective is to maximize to unity the component 𝑝𝑝(𝐷𝐷|𝐴𝐴,𝑇𝑇, 𝐼𝐼)) in the right-hand side of Eq. (4), 

called Likelihood. For the case at hand, since we are dealing with the evaluation of the interaction of 
only two coupled volumes, we opted for the marginalized formulation of the likelihood function 
according to (3) and equivalent to: 

𝑝𝑝(𝐵𝐵|𝐷𝐷, 𝐼𝐼) ∝ �1−
𝑚𝑚𝑞𝑞2���

𝐾𝐾𝑑𝑑2���
�

(𝑚𝑚−𝐾𝐾)
2

 (5) 

3. RESULTS AND DISCUSSION 
The SA approach results of the coupling coefficient values assessment are reported in Table 3. 

Extremely high values of the coefficients were predicted. This may be due to the low value of acoustic 
absorption coefficients attributed to the materials (see Table 1). Only a few of coefficients are close 
to the unity, resulting into a strong coupling effect. These values are reported in bold in Table 3, and 
most of them are related to Coupling 1 (see Section 2.3) with the source located in the bigger volume 
B (see Figure 1). Only few cases rise the 0.5 for the Coupling 2 (see Section 2.3), and they are 
identifiable at 250 and 500 Hz when the source is located in the dome (S3, Figure 1).   

 
Table 3 – Coupling k-coefficients resulting from Smith’s and Cremer and Muller’s criteria. For Cremer and 

Muller’s criteria, the location of the source is specified according Figure 1 c-1 d. Data in bold approach the 

unit and they refer to the stronger coupling effect. 

Configuration Criterion 
Source 

location 
125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 

Coupling 1 

Smith - 124.04 123.7 121.75 89.98 78.90 56.76 

Cremer 

& Muller 

A 6.57 6.52 6.36 4.63 4.07 2.91 

B 0.94 0.96 1.01 0.82 0.71 0.53 

Coupling 2 

Smith - 47.99 48.40 49.23 45.95 44.13 41.24 

Cremer 

& Muller 

A 2.97 2.99 2.95 2.17 1.88 1.33 

B 0.47 0.49 0.51 0.41 0.35 0.27 
 
The coupling k-coefficients shown above were used to identify the possible effective coupling 

configurations. The IRs from measurements for these configurations were analyzed in order to verify 
the existence of coupling effects.  

Although Table 3 elects as coupling 1 configuration when the source is located in the bigger volume 
B, when analyzing IRs for that configuration no strong coupling effects are reported and the weak 
coupling effects at 500 Hz, 1kHz and 2kHz (Figure 3, S1-M1 configuration) may be more related to 
coupling between the big volume of the whole transept (where source and receivers are still located) 
and the dome rather than between the single transept and the rest of the church. Prove of this raised 
from the comparison between IRs at S1-M1 and the ones from S1-M2 (Figure 4). In S1-M2 
configuration the receiver is located outside the single transept volume A (Figure 1 c) and represent 
the other analyzed configuration (the coupling 2 configuration). Although located at different 
transepts, the symmetry of the church’s plan let actually possible to consider the receivers positions 
as multiple receiver positions at the same volume A.  Visual inspection (5) on Figure 3 a-b, highlights 
that the coupling effect at 1kHz remains unchanged when varying the receiver location, whereas the 
other coupling effects at 500 Hz and 2 kHz are slightly visible around 7s at 500 Hz (disappearing in 
S1-M2) and around 4 s at 2 kHz. Excluding at this that the cause of these couplings is the volume of 



 

 

the single part of the transept, it is possible to assume that the cause is the main dome. However, as 
for the S1-M1 configuration, the measurement results for S1-M2 do not agree with the k-coefficient 
coupling results reported in Table 3. The justification for the inconsistency between the results in 
Table 3 and the measurements can be discussed based on the nature of the SA approach; in fact, 
coupling k-coefficients result from total surface and absorption coefficient that bound the volumes 
investigated as coupling and the area of the surface that divides those volumes. There is no 
consideration of volumes’ distribution or their geometrical shape in the Eq.1-2, which can lead to 
incorrect evaluations of coupling effects as in this case.  

  

 
Figure 3 – Energy decays and Schroeder curves from a) S1-M1 and b) S1-M2 configuration at 500 Hz, 

1kHz, and 2kHz. Green rectangle highlights the slope range of interest.   
 
In order to assure the reliability of the calibrated model, broad band IRs were extracted, octave-

band filtered and compared with S1-M1 and S1-M2 from Figure 3-4 at 125 Hz (Figure 5 a). 
This octave band was chosen because it is the lowest frequency used in the assessment of the 

objective parameters by the model and the most complex to calibrate due to the known difficulty in 
rendering low frequencies by software based on a hybrid method (13). The measured and simulated 
IRs could be considered compatible at this frequency. However, the difference becomes significant at 
other frequencies, as shown for 1 kHz (Figure 4 b). This follows that although in the S3-M3 
configuration (Figure 5) the absence of coupling volumes was also predicted from the SA perspective 
by the coupling k-coefficients in Table 3, the GA simulation may not be effective in identifying 
coupling volumes. Conversely, it could also disprove a false coupling effect that has been measured. 
Figure 5 a shows the energy decay of the simulated IR at 1 kHz,. The initial slope could be due to two 
factors: 

- coupling effect with the lantern volume above the dome; 
- the return of the first reflections from the church floor. 
Considering the time step between the two notches of the energy decay in Figure 5 a and the two 

notches between direct sound and reflections in Figure 5 b, around 0.35 s, it is greater than the time 
needed for sound reflection to travel the distance from the floor to the dome volume. Indeed, the 
distance between floor and source/microphone is around ~38𝑚𝑚 and the time travel from source to 
microphone is around ~0.2 𝑠𝑠, but can be related to the other first or second reflections from the floor 
as well. Coupling effects with the lantern are excluded because it is too close to the source S3 and 
microphones M3. Furthermore, given the time pace between the two energy notches in Figure 5 a and 
b, a coupling effect (coupling 1 A, Figure 1) cannot be considered but rather a contribution of first or 
second reflections from the floor of the church.   

 

b) 
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Figure 4 – Simulated and measured IRs’ Schroeder curves for S1M1/-M2 and comparison with the 

measured ones at a) 125 Hz and b) 1 kHz.   

  

Figure 5 – a) Energy decay and Schroeder curve for S3-M3 configuration at 1 kHz and b) wave form with 

the sound reflection highlighted.   
 
Bayesian Analysis was used to better investigate the coupling effect in the measured IRs.  

The analysis was developed by calculating the Likelihood with the marginalized method, by 
implementing the student T-distribution (4) presented in section 2.3. The analysis was expanded 
beyond the double slope, up to three-slopes and results are presented in Table 4. However, as it is 
reported in the literature (3), the marginalized method of the Bayesian Analysis is not suggested for 
multi-slope analysis and the Gaussian distribution of the posterior probability expands more and more 
as the number of analyzed slopes increases. Two cases are considered: the case with the highest 
absolute posterior probability (the triple-slope case, Figure 6 b-7 b) but with a posterior probability 
distribution with a very large Gaussian distribution profile, and the case with a double slope (Figure 
6 a-7 a), which would be expected between the coupling of two volumes as assumed. 
 

Table 4 – Bayesian Analysis of the measured IR for S1-M1 configuration at 1kHz 
 

 Single-slope Double-slope Triple-slope 
A0 (dB) 7.93*10-6 1.22*10-5 5.14*10-6 
A1 (dB) 1.05 0.07 0.12 
T1 (s) 6.43 0.76 1.06 

A2 (dB) - 1.08 0.89 
T2 (s) - 6.27 5.46 

A3 (dB) - - 0.23 
T3 (s) - - 8.97 

 
The first decay slope identified in both cases depicted in Figure 6 is due to the presence of the first 

reflections and cannot be considered as a coupling effect contribution. However, the later 
contributions could be discussed as effect due to coupling: A2 in the case of the double slope could be 
traced back to the coupling effect of the dome, but differences emerge between the Schroeder curve 
and the Bayesian model curve. There are fewer differences in the triple-slope case, consistent with 
the fact that the absolute posterior probability is greater for this case, but the contribution of another 

a) b) 

a) b) 0.3 



 

 

coupling effect could be the result of model over-fitting or remote coupling of the lantern above the 
dome.  

The analysis therefore seems to confirm the presence of a coupled element, probably the dome, but 
further information cannot be extrapolated without having elements on the directivity of the IR.  

 

 
Figure 6 – Schroeder curve for S1-M1 configuration at 1 kHz and reconstructed Bayesian model 

curve with nth decay slope lines and noise curve. a) double and b) triple slope cases. 
 

 
Figure 7 – Normalized posterior probability distribution for a) double- and b) triple-slope cases for the 

performed Bayesian Analysis. 

4. CONCLUSIONS 
The present paper presents the study of coupled volumes in a church unchanged since its 

construction in the 17th century. Three approaches were used to verify the presence of coupling effect 
and to study their possible behavior: a statistical approach referring to the Smith’s, and Cremer and 
Muller’s criteria, IRs from measurements and simulations, and a Bayesian Analysis. The first approach 
allowed for the identification of possible coupling volumes but, after comparison with the in-situ 
measurements, most cases were not verified, and the disadvantage of using the static criteria, which 
do not include spatial distribution and volume shape but only surfaces and sound absorption 
coefficients, was evident. A 3D simulation model was used to to obtain the sound absorption 
coefficients through calibration and the simulated IRs. Some discrepancies were observed between 
measured and simulated IRs. This is of crucial importance since the simulations could be used to 
investigate source-receiver pairs in particular locations, i.e. in the dome volume in this case study. 
Bayesian Analysis confirmed the possibility of a coupling effect between transept and dome (coupling 
1 B), but opened new questions including the possibility of more contributions given by more coupling 
volumes. To this aim future research will be focused on the implementation of a fully-parametrized 

a) b) 

a) b) 



 

 

model, a BIC to avoid over-fitting, and measurements and simulations of spatial and directional IRs. 
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ABSTRACT
The Odeo Cornaro in Padua (Italy) is a well-preserved XVI Century octangular music space (from Latin the ot-
tangulo) surrounded by communicating smaller halls. Inspired by Roman classicism, the Renaissance architect
Falconetto designed such coupled volume system for the private villa of the Venetian nobleman Alvise Cornaro.
With the aim of assessing the acoustics of the Odeo by means of a contemporary approach, acoustic mea-
surements were performed, and the room acoustic criteria were derived from the acquired impulse responses.
Experimental results were employed to quantify the acoustic coupling effects throughout the environments and
to outline the acoustic features of the central space. Numerical models were used to assess the free path distri-
bution and the support given by the ottangulo to the singers’ voices. The main outcomes confirm the different
use of the spaces suggested by historical research: while the main hall was probably employed for singing
and playing instruments, the adjoining rooms were intended for erudite conversations and symposia. The sym-
metrical shape and the moderate volume of the central octangular space contribute to creating a neat modal
behaviour that accentuates the sound propagation, highlighting the outstanding value of the Odeo as one of the
“loci resonantes” of the past.

Keywords: Coupled volumes, Renaissance music space, Central-planned architectures, Acoustic heritage

1 INTRODUCTION
Central-plan buildings assumed a predominant role in the High Renaissance philosophical and artistic frame-
work. The most leading architects, such as Bramante, Leonardo, Brunelleschi, Alberti, used to glimpse the idea
of the divine perfection behind symmetrical shapes, also according to Aristotle and Plato’s views and the De
Architectura by Vitruvius [1, 2]. Indeed, the geometrical features of centrally planned halls significantly affect
the acoustics of the environments [3, 4]. The aim of the present work is investigating the acoustic properties of
a well-preserved Renaissance music space: the Odeo Cornaro in Padua (Italy). The Odeo Cornaro belongs to
one of the most interesting Venetian architectures dating back to the XVI Century [5]. Designed by the archi-
tect Falconetto for the patron of arts Alvise Cornaro, the ottangulo (from latin “octangular” place) was probably
conceived as a music space for the nobleman’s villa, while the surrounding communicating rooms were intended
for erudite symposia (see Fig. 1) [6, 7]. The presence of instruments and a choir is explicitly mentioned by the
writers of the same period (1537-1542). However, the moderate volume of the ottangulo suggests that it was
a hall reserved to small groups of literate people [8, 9, 10]. What is also mentioned in historical evidence is
the support given by the hall to the human voice, which was attributed to the niches and the shape of the hall
[11]. During the work, historical references have been useful not only to study the intended use of the distinct
parts of the architecture, but also for the comprehension of the materials employed during the construction [12].
The present work proposes a method to exploit the advantages of different simulation approaches to investigate
specific acoustic aspects in outstanding music spaces of the past [13, 14, 15].
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Figure 1. Plan of the Odeo Cornaro building (left); interior views of the octangular hall (centre) and the main
adjacent room (right).

2 MEASUREMENTS
In February 2022, the authors carried out a geometrical and an acoustic survey of the Odeo Cornaro. The aim
was, respectively, to create a reliable 3D virtual model of the hall and to investigate the acoustics of such a
unique well-preserved place. Main geometrical features of the octangular hall are provided in Table 1.

Table 1. Main geometrical features of the octangular hall.

Feature Quantity

Volume [m3] 220

hmax [m] 6

hmean [m] 5.5

Floor [m2] 40

Niches [n.] 4

The most significant room criteria have been collected by in situ measurements in compliance with ISO
3382. Acoustic measurements were performed within the central hall and the surrounding rooms. Two points
were selected for the location of the omnidirectional sound source (dodecahedron); twelve receiver points
(monoaural receivers) were employed: nine within the octangular hall and three in the main communicating
room. Experimental results are reported in Table 2.

3 COUPLED VOLUMES
The acoustic phenomenon of coupled spaces is often analysed through sound decay curves derived from the
measured room impulse responses (RIRs) [16, 17]. Multi-rate sound decays are generally assessed for significant
source-receiver pairs placed in the different volumes of the architecture of interest [18, 19, 20]. In order to
investigate the potential multi-slope decay curves between the coupled rooms, the Bayesian analysis was carried
out on the measured room impulse responses (RIRs) [21]. Double-decay curves were detected for the sound
source in the ottangulo and the receiver in the adjacent room (Fig. 2). Figure 2 shows the results for the sound
source in the ottangulo and the receiver in the adjacent room. According to the following expression:

Hs(H,T, tk) =
2

∑
i=0

Hie−13.8tk/Ti (1)



Figure 2. Multi-decay analysis of measured IR at 1000 Hz with the sound source in the octangular hall (S in
hall 1) and the receiver in the adjacent room (R in hall 2), as it is shown in Fig. 1. Two slopes prove to
be more accurate (higher BIC value for T1, T2, H1, H2) than the single slope (lower BIC value for T1, H1),
demonstrating the occurrence of acoustic coupling effects [22, 23].

Hs is the Schroeder curve, T = T1,T2 is the decay time associated with the logarithmic decay slope of individual
exponential decay terms, and H = H1,H2 is the linear amplitude parameter related to the level of individual
exponential decay terms [22, 23]. Two slopes prove to be more accurate (higher BIC value for T1, T2, H1, H2)
than the single slope (lower BIC value for T1, H1), demonstrating the occurence of acoustic coupling effects.
The similarity with the “plateau-type” curve rather than the “cliff-type” curve is probably due to the lack of
strong early reflections in a highly reverberant sound field, leading to early decay time values longer than the
reverberation time values [24]. Therefore, the current acoustics of the main adjacent rooms proved to be too
reverberant for the intended use mentioned by historical documents, i.e. erudite conversations. This may suggest
the presence of furniture - not preserved today - in the halls surrounding the ottangulo.

Another index quantifying the acoustic coupling between volumes is the coupling factor kc defined by Cre-
mer and Muller’s theory [25]. The coupling factor kc was calculated considering the coupling surface, Sc, and
the equivalent absorption area of the receiving space (A2 when the sound source is in the octangular hall, A1
when the sound source is in the adjacent room):

kc12 =
Sc

Sc +A2
' 0.44 kc21 =

Sc

Sc +A1
' 0.33 (2)

where Sc = 1.33m2, A1 = 2.69m2, A2 = 1.68m2. These values indicate that coupling effects between the
ottangulo and the adjacent room are not neglectable, meaning that there is a considerable sound energy exchange
between the coupled volumes, suggesting that the music performances in the main hall and the erudite symposia
in the remaining rooms did not happen simultaneously. Moreover, the influence of the octangular hall’s acoustics
on the listener’s experience in the adjacent room is higher than the influence in the opposite configuration
(kc12 = 0.44 vs kc21 = 0.33).

4 NUMERICAL MODELS
Since the Schroeder frequency of the Odeo is around 225 Hz (V = 220m3, T20,500−1k = 2.8s) two distinct
simulation approaches are required. A ray-tracing time dependent approach was adopted for the analysis of free
path distribution (ODEON Room Acoustics). A wave-based approach was applied for the steady state response
under a sinusoidal monopole source distribution at low frequencies (COMSOL Multiphysics).



4.1 Geometrical Acoustics (GA)
The 3D virtual model of the ottangulo and the adjacent room was created according to the geometrical acoustics
(GA) state-of-art (see Fig. 3) [26, 27]. The calibration of the model was achieved by considering a single
material for all the surfaces involved: the marble. The α coefficient in octave bands are provided in Table 2,
along with the comparison between measured and simulated T20. The scattering value was set equal to 0.3 for
the upper part of the niches, and equal to 0.02 for the remaining surfaces. A transition order equal to 2, an
impulse response length of 4 s, and 40 k rays were used during the simulation.

Figure 3. On the left 3D model of the Odeo Cornaro (ODEON). On the right free path distribution (sound
source in the ottangulo) in two configurations depending on the connecting door: open and closed. Results are
provided in terms of normalised frequency of surface hits versus the distance of free paths in meters.

The ray-tracing approach was adopted for an accurate analysis of the free path distribution. The analysis
of the free path distribution has been done in two distinct configurations depending on the connecting room
(open or closed). Figure 3 provides the results in terms of normalised frequency of surface hits versus the
distance of free paths in meters. It is possible to notice that when the sound source is in the main octangular
hall no significant discrepancies are detected in the free path distribution, confirming that the ottangulo is more
acoustically indepedent from the presence of adjacent rooms.

Table 2. Measured and simulated T20 values, the percentage differences, and the absorption coefficient of the
marble are provided.

125 Hz 250 Hz 500 Hz 1k Hz 2k Hz 4k Hz

T20 (Measured) 3.49 3.23 2.92 2.70 2.36 1.69

T20 (Simulated) 3.32 3.20 3.02 2.69 2.31 1.61

Difference 4.8 % 0.9% 3.4 % 0.4 % 2.1% 4.7%

αmarble 0.013 0.014 0.014 0.015 0.015 0.016



4.2 Finite Element Method (FEM)
The sound energy behaviour at low frequencies has been assessed through COMSOL Multiphysics, in which the
3D model of only the octangular hall was built from the scratch (see Fig. 4). The Pressure Acoustics, Frequency
Domain module embedded in the software was used to explore the effects of eigenfrequencies of the hall on the
signal emitted by an omnidirectional sound source (Monopole point source placed at 1.5 meters above the floor).
A single air domain was defined for the whole geometry by employing the linear elastic model. As a first
approximation, no specific boundary conditions were set except for the Sound Hard Boundary Wall condition on
all the surfaces involved. The mesh of the geometry has been set according to the rule of thumb of 6 elements
for the minimum wave-length of interest (considering fmax = 400 Hz in FE analysis). Figure 5 shows the total
acoustic pressure field at 150 Hz along a horizontal and a vertical slice passing through receiver R2 (x = 0,
y = −2, z = 1.5). Moreover, the frequency response for a sinusoidal monopole source (Prms = 1W ) located at
S1 (x = 0, y = 2, z = 1.5) and the receiver located at R2 (x = 0, y =−2, z = 1.5), R5 (x = 0, y = 0, z = 1.5) is
provided. These results confirm that the voice – which has the first energy contribution in the 125 Hz octave
band – is effectively supported by the hall, especially in the positions where the audience is expected to be
located (R2).

Figure 4. 3D model of the octangular hall in Comsol Multiphysics.

5 CONCLUSIONS
The present work investigates the acoustic coupling effects of a well-preserved Renaissance music space in
Padua (Italy). A campaign of acoustic measurements allowed for the collection of the ISO 3382 room criteria,
while two different numerical models have been used for a contemporary approach to the acoustic analysis of
such unique hall. The multi-decay analysis on measured impulse responses proved that the adjacent halls work
with acoustic coupling effects (double-decay curves) when the sound source is in the octangular hall and the
receiving points are in the adjacent room. The numerical results clarify the relationship between the central
octangular hall and the surrounding rooms (GA software) and show the response under a monopole source at
low frequencies (FE software). Furthermore, the FE results show the considerable sound reinforcement obtained
with a source located where singers were supposed to perform (S1). Finally, the present study proposes a
method to exploit the advantages of different simulation approaches to investigate specific acoustic aspects in
well-preserved historical music spaces.



Figure 5. On the top total acoustic pressure field at 150 Hz along a horizontal and a vertical slice passing
through receiver R2. On the bottom frequency response for a sinusoidal monopole source located at (x = 0,
y = 2, z = 1.5) and receiver R2 (x = 0, y =−2, z = 1.5), R5 (x = 0, y = 0, z = 1.5).
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ABSTRACT
In this paper, two sound visualization methods based on the expression of a wideband instantaneous sound field
using the reproducing kernel of a spherically band-limited function are proposed. Specifically, the first method
estimates the arrival power of wideband sound and the second estimates the instantaneous sound intensity field.
Most existing array signal processing techniques are suitable for a certain frequency. However, most actual
sound fields are wideband, and when existing methods are applied in the field, the results must be calculated
for each frequency bin and then combined. This increases the computational complexity and makes real-time
implementation difficult. In contrast, our methods require only a small amount of temporal information and
visualize a wideband sound field using simple matrix operations. Experiments with a 96-channel planar array
demonstrate the validity of proposed methods.

Keywords: Sound visualization, Reproducing kernel, Instantaneous sound field, Instantaneous sound in-
tensity, arrival power

1 INTRODUCTION
Sound visualization methods are helpful in sound field design and acoustics education. For example, in noise
problems, visualization of the direction-of-arrival (DOA) and energy of the sound makes it possible to evaluate
immediately where and how much noise is generated. Moreover, in concert hall design, for example, it pro-
vides a guideline because locations where the reflections are too strong or weak can be detected. Additionally,
visualizing sound, which is essentially invisible, may help us understand the physical phenomenon of sound and
trigger an interest in sound.

Most sound visualization methods are realized in the frequency domain using a microphone array. Examples
of existing sound field interpolation methods include one that uses the inverse of the Kirchhoff–Helmholtz
integral equation [1] and one that is based on the spherical harmonic expansion of the sound field [2]. DOA
estimation methods include conventional methods such as the beamforming and multiple signal classification
(MUSIC) algorithm [3] as well as a method based on the inverse of the plane wave model [4]. In addition,
a method for estimating the average intensity field based on a spherical harmonic expansion representation of
the sound field has also been proposed [5]. These algorithms are essentially methods for a single frequency.
However, sound fields are often wideband. When these methods are used for a wideband field, a discrete
Fourier transform (DFT) must be applied to the array signal over a certain period, calculated for each discretized
frequency bin, and then integrated over these bins. Therefore, they are unsuitable for real-time processing
because of their high computational load. By contrast, Nakahara et al. [6] estimate the evolution over time
of the dominant reflections from the intensity using a 4-channel microphone probe. A tool called the Virtual
Source Visualizer (VSV) is based on instantaneous intensity estimation with a small number of microphones at
a given point, which allows for fast processing. However, if reflections at a given time are coming from all
directions, the VSV cannot detect them.

This paper proposes two sound visualization methods based on the expression of the instantaneous sound
field using the reproducing kernel (RK) of a function space with a spherically restricted spectrum, thereby

ABS-0072



solving the above problems. Furthermore, the proposed methods can be applied to microphone arrays of any
dimension and sensor arrangement. One proposed method visualizes the arrival power of the sound and the
other visualizes the instantaneous intensity field. These methods do not require a DFT and can be realized
using simple matrix operations with extremely little time information. Therefore, they are faster than frequency-
domain methods and suitable for real-time processing. Visualization of the arrival power distribution provides
information about both the magnitude and direction of the arriving power.

2 SPHERICALLY BAND-LIMITED FUNCTION SPACE
Several operators used in this paper are defined first.

The spatial Fourier operator F : L2(Rd)→ L2(Rd) and its inverse operator F−1 : L2(Rd)→ L2(Rd) on d ∈N
dimensions are defined by

F f (kkk) =
∫
Rd

f (rrr)e−2πikkk·rrr drrr, (1)

F−1F(rrr) =
∫
Rd

F(kkk)e2πikkk·rrr dkkk. (2)

The temporal Fourier operator and its inverse operator are defined by setting d = 1 and taking the complex con-
jugation of the integral kernel in the above equations. The translation operator Tyyy (yyy ∈ Rd) and the modulation
operator Mηηη (ηηη ∈ Rd) are defined as follows:

Tyyy f (xxx) = f (xxx− yyy), (3)

Mηηη f (xxx) = e2πiηηη ·xxx f (xxx). (4)

The relationship between these two operators is known to exist through the Fourier operator[7], that is,

FTxxx f = M−xxxF f . (5)

The involution ∗ is defined by
f ∗(rrr) := f (−rrr), (6)

where overline denotes the complex conjugation.

2.1 Definitions of the spherically band-limited function space and its reproducing kernel
The set called the d-dimensional spherically band-limited function space is defined by

B̊d
K =

{
p ∈ L2(Rd) | suppF p ⊂ BK(000)

}
, (7)

where BK(000) represents a closed ball in Rd with a center 000 and radius K. By introducing the L2 inner product,
this set becomes a reproducing kernel Hilbert space (RKHS) with

κ(rrr,rrr′) =
(

K
|rrr− rrr′|

) d
2

J d
2
(2πK|rrr− rrr′|) (8)

as the RK [8]. Note that Jn denotes the n-th order Bessel function. When dimension d is odd, the RK can be
rewritten by setting d̃ := (d −1)/2 ∈ N as follows:

κ(rrr,rrr′) = F−1
χBK(000)(rrr− rrr′) = 2K

(
K

|rrr− rrr′|

)d̃

jd̃(2πK|rrr− rrr′|), (9)

where jn is the n-th order spherical Bessel function. As specific examples, for dimensions d = 2,3, the RKs are
given by

κ2D(rrr,rrr′) =
K

|rrr− rrr′|
J1(2πK|rrr− rrr′|), (10)

κ3D(rrr,rrr′) =
2K2

|rrr− rrr′|
j1(2πK|rrr− rrr′|). (11)



2.2 Instantaneous sound field interpolation and spectral estimation
Suppose that the instantaneous sound field p(·, t) ∈ B̊d

K at a certain time t is captured by a microphone array
with N ∈N sensors. We then consider the problem of estimating the instantaneous field p using the information
sampling points {rrrn}N

n=1 ⊆Rd and the input signals {p(rrrn, t)}N
n=1 ⊆C. Kernel ridge regression (KRR) using the

RK of the function space containing p can be expressed as the optimization problem

min
p∈B̊d

K

N

∑
n=1

|p(rrrn, t)−⟨p(·, t),κ(·,rrrn)⟩|2 +λ∥p(·, t)∥2, (12)

where λ is a regularization parameter. The solution of Eq. (12) is known to have the form

p̂(·, t) =
N

∑
i=n

an(t)κ(·,rrrn). (13)

Because this optimization problem is quadratic, it has a unique global solution, that is,

aaa = (K +λ IN)
−1 ppp. (14)

Note that the definitions

aaa := [a1(t) · · ·aN(t)]T, ppp := [p(rrr1, t) · · · p(rrrN , t)]T,K = (Ki, j) := (κ(rrr j,rrri)) (15)

are used here. The interpolation of sound pressure values for an arbitrary set of points {rrr′m}M
m=1 ⊂ Rd is then

given by
p̂pp = Φ(K +λ IN)

−1 ppp, (16)

where

p̂pp :=
[
p̂(rrr′1, t) · · · p̂(rrr′M, t)

]T
,Φ :=


κ(rrr′1,rrr1) · · · κ(rrr′1,rrrN)

...
. . .

...

κ(rrr′M,rrr1) · · · κ(rrr′M,rrrN)

 . (17)

For implementation, Φ(K +λ IN)
−1 is time invariant and can be calculated in advance, and hence the compu-

tational complexity is O(NM) because the only requirement for real-time processing is matrix multiplication.
If the instantaneous sound field is sufficiently estimated in the form of Eq. (13), its spectrum can be obtained

by applying the space Fourier operator as follows:

P̂(·, t) = F

(
N

∑
i=1

an(t)TrrrnF
−1

χBK(000)

)
=

N

∑
i=1

an(t)M−rrrn χBK(000). (18)

As a result, Eq. (13) and Eq. (18) provide the instantaneous sound field estimation and spectral estimation,
respectively. The accuracy of these estimation methods is highly dependent on the sensor placement. The
sampling theorem for a uniform sampling of general dimensional spaces is discussed in detail in [9]. For
example, in a two-dimensional space, a hexagonal lattice sampling is known to be an efficient configuration.

3 PROPOSED METHODS
In this section, we assume that the instantaneous sound field p(·, t) at a fixed time t is an element of the
spherically band-limited function space, namely p(·, t) ∈ B̊d

K . Note that this assumption is equivalent to the
existence of an upper frequency limit because of the dispersion relation ω = c|kkk|.



3.1 Arrival power estimation
The homogeneous wave equation is

∆p(rrr, t)− 1
c2

∂ 2 p
∂ t2 (rrr, t) = 0, (19)

where rrr ∈ Rd and t ∈ R denote the position and time variables, respectively, c is the speed of sound, and p is
the sound field. Applying the spatial Fourier operator to the above equation, we obtain

(2πc|kkk|)2P(kkk, t)+
∂ 2P
∂ t2 (kkk, t) = 0. (20)

Note that P := F p. Because this is an ordinary differential equation for a harmonic oscillator, the solution is
given by

P(kkk, t) = Pb(kkk)e2πic|kkk|t +Pf(kkk)e−2πic|kkk|t . (21)

Here, in general, if f is a real-valued function, we have F f ∗ = F f . Since the sound field p is a real-valued
function, it satisfies the relation P∗ = P. Therefore, Eq. (21) yields the relation

Pb = P∗
f . (22)

The sound field p can be expressed using the above equations as follows:

p(rrr, t) =
∫
Rd

P(kkk, t)e2πikkk·rrrdkkk =
∫
Rd

Re
{

P(kkk, t)e2πikkk·rrr
}

dkkk

= 2
∫
Rd

Re
{

Pf(kkk)e2πi(kkk·rrr−ωt)
}

dkkk = 2
∫
Rd

|Pf(kkk)|cos{2π(kkk·rrr−ωt)+ϕf(kkk)}dkkk, (23)

where ϕ f := argPf. We refer to this expression as the plane forward wave expansion of p. This expansion can
be interpreted as a sound field that consists of the integral of a plane forward wave of wavenumber vector kkk
and corresponding amplitude of 2|Pf(kkk)|. Therefore, by obtaining the expansion coefficients, information about
the plane wave components propagating in the corresponding direction can be extracted. The power over the
wavenumber L of a wideband plane wave propagating in a direction ϑϑϑ ∈ Sd−1 is thus obtained by

P(ϑϑϑ) = 4
∫

∞

L
|Pf(kϑϑϑ)|2dk. (24)

Now, we consider estimating this power from two time snapshots.
The simultaneous equation for Eq. (21) at t = t1, t2 is{

P(kkk, t2) = Pb(kkk)e2πiωt2 +Pf(kkk)e−2πiωt2

P(kkk, t1) = Pb(kkk)e2πiωt1 +Pf(kkk)e−2πiωt1
. (25)

From

PPP := [ P(kkk, t2) P(kkk, t1) ]T,PPPbf := [ Pb(kkk) Pf(kkk) ]T,E :=

 e2πiωt2 e−2πiωt2

e2πiωt1 e−2πiωt1

 , (26)

Eq. (25) can be rewritten as
PPP = EPPPbf. (27)

Since we want to know Pf(kkk) to calculate the power, the inverse problem should be solved. The determinant of
matrix E is

detE = e2πiω(t2−t1)− e−2πiω(t2−t1)

= 2isin2πω(t2 − t1). (28)



If
2πω(t2 − t1) = mπ(m ∈ Z), (29)

the above determinant is 0. Therefore, detE ̸= 0 (E is regular) if t1, t2 are set close enough, that is,

|t2 − t1|<
1

2W
. (30)

Then, using the inverse matrix of E, coefficient Pf(kkk) is obtained as

Pf(kkk) =
P(kkk, t1)e2πiωt2 −P(kkk, t2)e2πiωt1

2isin2πω(t2 − t1)
. (31)

Hereinafter, t2 > t1. From Eq. (18) and the above equation, Eq. (24) is given as follows:

P(ϑϑϑ) = 4
∫

∞

L

∣∣∣∣P(kϑϑϑ , t1)e2πickt −P(kϑϑϑ , t2)e2πickt1

2isin2πck(t2 − t1)

∣∣∣∣2 dk

=
∫ K

L

1
sin2 2πck(t2 − t1)

{
|P(kϑϑϑ , t1)|2 + |P(kϑϑϑ , t2)|2 −2Re

{
P(kϑϑϑ , t1)P(kϑϑϑ , t2))e2πick(t2−t1)

}}
dk

=
N

∑
n=1

N

∑
n′=1

[
an(t1)an′(t1)

∫ K

L

cos2πkϑϑϑ ·(rrrn − rrrn′)

sin2 2πck(t2 − t1)
dk

+an(t2)an′(t2)
∫ K

L

cos2πkϑϑϑ ·(rrrn − rrrn′)

sin2 2πck(t2 − t1)
dk−2an(t1)an′(t2)

∫ K

L

cos2πk{ϑϑϑ ·(rrrn − rrrn′)+ c(t2 − t1)}
sin2 2πck(t2 − t1)

dk

]
. (32)

This can be rewritten as
P(ϑϑϑ) = aaaT

1 Baaa1 +aaaT
2 Baaa2 −2aaaT

1 Caaa2, (33)

where

aaa1 = [a1(t1), . . . ,aN(t1)]T,aaa2 = [a1(t2), . . . ,aN(t2)]T,

B = (Bi, j) =

(∫ K

L

cos2πkϑϑϑ ·(rrri − rrr j)

sin2 2πck(t2 − t1)
dk
)
,C = (Ci, j) =

(∫ K

L

cos2πk{ϑϑϑ ·(rrri − rrr j)+ c(t2 − t1)}
sin2 2πck(t2 − t1)

dk
)
. (34)

The integral within the above equation can be calculated from an indefinite integral using the hypergeometric
function 2F1. From Eq. (14), we can rewrite Eq. (33) as

P(ϑϑϑ) = pppT
1 B̃ppp1 + pppT

2 B̃ppp2 −2pppT
1 C̃ppp2, (35)

where
ppp1 = [p(rrr1, t1), . . . , p(rrrN , t1)]T, ppp2 = [p(rrr1, t2), . . . , p(rrrN , t2)]T, B̃ = ATBA,C̃ = ATCA. (36)

This expression is more suitable for implementation.
We consider the procedure to visualize the arrival power and its computational complexity using Eq. (35).

This calculation requires two time array inputs ppp1, ppp2 and matrices B̃,C̃. These matrices depend on the array
placement. If the array placement is fixed, these matrices are time invariant and can be calculated in advance.

The implementation procedure is described assuming a buffering process. One approach is to apply the
above matrices to the array inputs at two adjacent times in the buffer (e.g., the first two times in the buffer). In
this case, the computation complexity of Eq. (35) is O(3N2Θ) if the number of angle divisions is defined by
Θ. Another approach is to use only one time in the current buffer. Then, the other time is taken from the same
position in the previous buffer, i.e., the signal before the buffer size. In this case, the first term of Eq. (35)
pppT

1 B̃ppp1 calculated in the previous procedure coincides with the second term pppT
2 B̃ppp2 of the current time. Namely,

the latter approach can be implemented with less computation. In addition to the above procedure, 360-degree
video is taken simultaneously, and the calculation results are added to that video as a heat map. This provides
an indication immediately of how much power is coming from either direction to the microphone area at that
moment. Furthermore, time variation can also be observed if information at multiple times is represented by
different colors.



3.2 Instantaneous intensity field estimation
The instantaneous sound intensity III is defined using sound pressure p and particle velocity uuu as follows:

III(rrr, t) = p(rrr, t)uuu(rrr, t). (37)

The sound pressure can be estimated from Eq. (13). Next, we consider estimating the particle velocity.
This yields Euler’s equation

ρ0
∂uuu
∂ t

(rrr, t) =−∇p(rrr, t), (38)

where ρo denotes the density of the medium. From this equation, the velocity is given by

uuu(rrr, t) =− 1
ρ0

∫ t

−∞

∇p(rrr,τ)dτ. (39)

Substituting Eq. 13),

uuu(rrr, t) =− 1
ρ0

N

∑
n=1

∇κ(rrr,rrrn)
∫ t

−∞

an(τ)dτ. (40)

With respect to the above equation, the gradient of the RK κ(·,rrrn) and the time integration of the expansion
coefficient an(t) (n = 1, . . . ,N) need to be resolved. From Eq. (8), the former is

∇κ(rrr,rrr′) =
K

d
2 (rrr−rrr′)

|rrr−rrr′| d
2 +2

{
2πK|rrr−rrr′|J′d

2
(2πK|rrr−rrr′|)− d

2
J d

2
(2πK|rrr−rrr′|)

}
. (41)

The latter can be approximated by a simple Riemann sum since sampling in the time domain often uses equal
intervals for ease of implementation, that is,∫ t

−∞

an(τ)dτ ≈ 1
fs

fst

∑
ℓ=0

an

(
ℓ

fs

)
, (42)

where fs denotes the sampling frequency.. Note that p(rrr, t) = 0 is assumed when t < 0. Consequently, the
particle velocity for a certain axis is given by

ûuui = Ψiãaa, (43)

where

ûuui :=
[
ûi(rrr′1, t) · · · ûi(rrr′M, t)

]T
, ãaa :=

[
1
fs

fst

∑
ℓ=0

a1

(
ℓ

fs

)
· · · 1

fs

fst

∑
ℓ=0

aN

(
ℓ

fs

)]T

Ψi :=


∇κ(rrr′1,rrr1)i · · · ∇κ(rrr′1,rrrN)i

...
. . .

...

∇κ(rrr′M,rrr1)i · · · ∇κ(rrr′M,rrrN)i

 . (44)

Here, subscript i denotes the i-th element of the vector. Multiplying the above equation by Eq. (16) provides
the instantaneous intensity field, that is,

ÎIIi = p̂pp⊙ ûuui, (45)

where ⊙ denotes the Hadamard product.
We consider the procedure to visualize the instantaneous sound intensity field and its computational com-

plexity using Eq. (45). Assume that only one time input at the same location in the buffers is used. Since the
sound pressure can be calculated from Eq. (16), we must consider the particle velocity. In Eq. (43), matrix Ψi
can be calculated in advance. For the construction of coefficient vector ãaa, the computational complexity can be
reduced to O(N) by memorizing the sum up to the previous buffer. Therefore, the computational complexity
of the particle velocity calculation is O(dNM) if the dimension is d, and that of the instantaneous sound in-
tensity field is O((d +1)NM). As a visualization, the vector of the instantaneous sound intensity field is drawn
as an arrow on the video image. This visualizes the approximate direction and loudness of the sound in the
microphone area.



Figure 1. Ninety-six channel MEMS microphone array.

4 EXPERIMENTS
In this section, we present our implementation of the proposed methods using a planar microphone array. The
microphone array consists of 96 channels of MEMS microphones, each arranged in a grid with 15 mm spac-
ing (Figure 1). For simplicity, all experiments were conducted in an anechoic chamber and the loudspeaker
(GENELEC 8351B) was placed at a radius of 2.0 m from the center of the array. Other conditions were set
to common values: the upper frequency in the proposed methods was set to 12,000 Hz and the driving signals
were band noise from 100 Hz to the upper frequency.

4.1 Arrival power estimation
The arrival power was estimated for sound fields arriving from the 110 degree, 150 degree, and 220 degree
directions. All driving noise was uncorrelated. Figure 2 shows the arrival power calculated at two specific times
for the above sound field. The values from the DOA are dominant, which is a reasonable result. Values that
exist in directions other than the DOA are due to the effects of equipment noise and differences in microphone
sensitivity.

4.2 Instantaneous intensity field estimation
The instantaneous intensity field was estimated for sound field arriving from the 45 degree direction. Figure 3
shows the estimated intensity and the sound field estimated by Eq. (16) at a specific instant. The orange
frame represents the array area and the gray dots indicate the microphone positions. The arrows represent
the magnitude and direction of the estimated intensity at the starting points. Within the array region, a plane
wave-like sound field from a 45-degree direction is formed, and the intensity is largely oriented in the correct
direction.

5 CONCLUSIONS
In this paper, two novel sound visualization methods were provided based on the representation of wideband
instantaneous sound field using the RK of the spherically band-limited function space. One is a visualization
of the arrival power, and the other is that of the instantaneous intensity field. These methods require only a
small amount of time information, can be faster than frequency-domain methods, and can resolve the bottleneck
related to recording time. Consequently, they are suitable methods for the real-time visualization of a wideband
sound field using a microphone array.

Experiments using a 96-channel planar array confirmed the validity of proposed methods. In future, we



Figure 2. Arrival power estimated by the first proposed method. Figure 3. Instantaneous sound in-
tensity estimated by the second pro-
posed method.

would like to conduct experiments using a three-dimensional array and combine the methods with video images.
The proposed methods are affected by spatial aliasing, so their performance degrades above the upper fre-

quency limit determined by the sensor placement. Therefore, it will be necessary to design a microphone array
with an efficient element arrangement for implementation. The study of how to determine the sensor placement
is an issue for the future.
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ABSTRACT 
Spherical microphone array is often utilized to estimate the direction-of-arrival (DOA) of sound sources due 
to its symmetric configuration and scalability. Independent component analysis (ICA) in the spherical 
harmonics (SH) domain is an appealing estimation method since theoretically all time-frequency (TF) bins 
can be efficiently processed in the same formulation. Current ICA-based DOA estimation in SH domain 
assumes that the number of the sources is the same as the order of the SH expansion, and does not take noise 
into account. In this paper, we propose a DOA estimation method for multiple sources based on 
overdetermined ICA in SH domain. The principal component analysis (PCA) is utilized to transfer the 
overdetermined model into a determined one, and a regularization technique is further applied to alleviate 
the influence of noise. The robustness of the proposed method is validated by simulations. 
 
Keywords: DOA, ICA, Spherical array 

1. INTRODUCTION 
The estimation of multiple direction-of-arrival (DOA) is important for many applications like 

audio-video conferencing, human-robot interaction, speech enhancement, room impulse response 
analysis, and room geometry inference (1–3). A three-dimensional (3D) microphones array is required 
to obtain both the azimuth and elevation of the coming wave. Spherical microphone array (SMA) 
attracts many scholars’ attention due to its symmetric configuration and scalability. Using SMA, the 
sound field can be effectively decomposed in the Spherical Harmonic (SH) domain. SH domain 
representation allows the sound field to be analyzed with equal resolution in all directions and leads 
to the algorithms independent of the specific array geometry (4–9). 

Several DOA estimation algorithms have been developed in the SH domain, including plane-wave 
decomposition (PWD) (10), minimum variance distortionless response algorithm (MVDR) (11), 
multiple signal classification algorithm (MUSIC) (12,13), MUSIC with direct-path-dominance test 
(DPD-MUSIC) (14), maximum likelihood (ML) method (7,15), and intensity based methods (16–19). 
Except for the computationally heavy ML method, the other methods require additional techniques to 
extract DOA from the spatial spectrum map. The extraction of multiple sources is not easy in a highly 
reverberant and noisy environment. Direct-path-dominance (DPD) test is widely accepted as an 
effective method (14,20), which identifies TF bins that are dominated by a single source and can be 
extended to extract multiple sources. Frequency smoothing involved in the DPD is beneficial to its 
robustness in reverberant environments (14). The main problem of DPD is that a threshold needs to 
be carefully and manually set. The threshold decides whether a time-frequency (TF) bin passes the 
DPD test according to the ratio between the largest and the second-largest singular values of a 
corresponding spatial correlation matrix. The ratio, however, usually decreases when the noise 
increases. Therefore in a highly noisy environment, a small deviation of the threshold highly likely 
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causes huge bias of the effective TF bins, which is significantly detrimental to the performance of 
DOA estimation (21).  

Independent component analysis (ICA) based methods estimate DOA by comparing the columns 
of the mixing matrix to the steering vectors of plane waves from all possible directions (22,23). The 
convolutive ICA model in the SH domain can be represented as the same instantaneous ICA model at 
all frequencies, making it possible to simultaneously estimate the DOA at all frequencies and thus 
saving computation of grid search in every TF bin. Earlier works of ICA based DOA estimation 
methods in the SH domain have been developed in (5,24), which do not take noise into account and 
overlook the situation where the number of spherical harmonics exceeds the number of sources, i.e., 
the overdetermined case. It is typical for a spherical microphone decomposition model to include 9 to 
25 harmonics, while in practical applications it is nearly impossible that so many sources would be 
active at the same time.  

In this paper, we propose a DOA estimation method based on the overdetermined ICA, where the 
principal component analysis (PCA) is utilized to reduce the influence of noise and reformulate the 
DOA estimation in a determined ICA framework. Moreover, a regularization technique is introduced 
to avoid the amplification of noise when building the ICA model. The proposed method is more robust 
to noise in a moderate reverberant environment compared to DPD-MUSIC. 

2. THEORY 

2.1 System Model with Regularization in SH Domain 
Assume a spherical microphone array of Q microphones with SH expansion order N, where Q ≥ 

(N + 1)2, and assume that L plane waves coming from directions ψl = (θl, ϕl), l = 1, 2, …, L, where θl

∈(0, π) represents the elevation, ϕl∈(0, 2π) represents the azimuth, and (N + 1)2 > L. p(k) = [p1(k), 
p2(k), …, pQ(k)]T represents the sound pressure vector captured by the spherical array at wave number 
k, whose spherical Fourier transform (SFT) leads to (12,25) 

 ( ) ( ) ( ) ( ) ( )Hkr kr k k= +nm nmp B Y Ψ s n  (1) 
where H represents conjugate transpose and 
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with Ym 
n (ψl) the spherical harmonic of order n and degree m. YH(Ψ) is a mixing matrix of dimension (N + 1)2 

× L, and the system model is usually overdetermined. 

 ( ) ( ) ( ) ( ) T
1 2 Lk s k s k s k=   s   (3) 

represents L plane waves at wave number k. nnm(k) is the SFT of the noise measured at the 
microphones, where the noise is 

 ( ) ( ) ( ) ( ) T

1 2 Qk n k n k n k =  n   (4) 

B(kr) in Eq. (1) is  

 ( ) ( ) ( ) ( )( )0 1diag Nkr b kr b kr b kr=   B   (5) 

and for a rigid spherical array 

 ( ) ( ) ( )
( ) ( )0

0

4 nn
n n n

n

j kr
b kr i j kr h kr

h kr
π

′ 
= −  ′ 

 (6) 

where jn is the spherical Bessel function, hn is the spherical Hankel function, nj′  and nh′  are their 
corresponding derivatives, r0 is the radius of the rigid sphere, and r is the distance between the 
microphones and the center of the sphere. When the microphones are placed on the surface of the 
sphere, r = r0. 

To get a model independent of the wave number, multiply both sides of Eq. (1)by B–1(kr) 
 ( ) ( ) ( ) ( ) ( )H 1kr k kr k−= +nm nma Y Ψ s B n  (7) 



 

 

If the noise term is neglected, Eq. (7) is the model derived in (5). In practical applications, noise is 
usually nonnegligible, and to make things worse, the multiplication of B–1(kr) may amplify the noise 
because bn(kr) is very small with large n and small kr. To alleviate the detrimental effect of the possible 
amplification, we introduce a regularization term and change Eq. (7) into 

 ( ) ( ) ( ) ( )( ) ( )1Hkr k kr kλ
−

= + +nm nma Y Ψ s B I n  (8) 
where λ is called the regularization factor. It can be seen that the same mixing matrix Y(Ψ) applies 
for all k, so Eq. (8) can be arranged in a matrix form as 

 ( )H= +A Y Ψ S N  (9) 
where A is a matrix with anm(kr) of different k as its column, S with s(k) as its column, and N with 
(B(kr) + λI)–1nnm(k) as its column. 

Eq. (8) in TF domain can be expressed as  
 ( ) ( ) ( ) ( ) ( )H 1, , ,v v kr vτ τ τ−= +nm nma Y Ψ s B n  (10) 

where τ is the time index and v is the frequency index. Arranging anm(τ, v) in columns leads to Eq. (9)
with the time index. 

2.2 Proposed DOA Estimation Method 
The proposed method is denoted as ICA-DOA hereafter. Note that Y(Ψ) is a matrix of dimension 

L × (N + 1)2, and the system model is usually overdetermined. Theoretically, Y(Ψ) has a rank of L, 
which is also the maximal rank of A without considering noise. The principal component analysis 
(PCA) is used in many signal processing methods to extract the main features of the given data. Here 
we use PCA preprocessing to reformulate the DOA estimation in a determined ICA framework in the 
SH domain. 

Assume that the collected signal is divided into K TF bins, and then A has a dimension of (N + 1)2 
× K, K > (N + 1)2. The first step is to center every row of A at zero, that is  

 0 = −A A A  (11) 
where A  is a matrix with the same dimension as A, and its entries in a row are the same as the mean 
value of each row of A. The covariance matrix of A0 is 

 ( )H
0 0 1K= −R A A  (12) 

Eigen-decomposition of R leads to 
 H=R QΛQ  (13) 

where Λ is a diagonal matrix containing elements λi in descending order, i = 1, 2, …, (N + 1)2, and Q 
is the eigenvector matrix with columns qi, i = 1, 2, …, (N + 1)2, as its eigenvectors. Since the source 
number is L, we let ΛL be the diagonal matrix containing the largest L eigenvalues and QL be the 
matrix containing the corresponding L eigenvectors with dimension of (N + 1)2 × L. The matrix used 
for PCA preprocessing would be 

 1/2 H
L L
−=P Λ Q  (14) 

whose dimension is L × (N + 1)2. The data used for ICA-DOA is 
 P

0=A PA  (15) 
The PCA preprocessing is described in Table 1. 

Table 1 – PCA preprocessing 
1: center A using Eq. (11) 
2: calculate the covariance matrix R using Eq. (12) 
3: eigen-decomposition of R using Eq. (13) 
4: calculate matrix P used for preprocessing with Eq. (14) 
5: obtain the preprocessed data AP using Eq. (15) 

 
After obtaining the preprocessed data AP, Eq. (9) is correspondingly transformed into 
 ( )P H= + −A PY Ψ S PN PA  (16) 

The mixing matrix is PYH(Ψ) with dimension L × L now. Then we can follow the FastICA algorithm 
(26) to solve the ICA problem in the SH domain and obtain the demixing matrix W of dimension L × 
L that satisfies 

 ( )H H =W PY Ψ I  (17) 



 

 

Denote the i-th column of W as wi, and then the FastICA algorithm for one column is 

 ( ) ( ){ } ( ) ( ){ }* 2 2 2 2P H P H P H P H P H PE Ei i i i i i ig g g+ ′= − +w A w A w A w A w A w A w  (18) 

and 
 i i i

+ +=w w w  (19) 
where g is a nonlinear function used for formulating the contrast function and g′  is its derivative, * 
is the conjugate operator, | | represents the absolute operator, and || || is the norm operator. The 
procedure of complex FastICA is summarized in Table 2. According to Eq. (17), we can obtain the 
mixing matrix in the SH domain as 

 ( ) ( )†H=Y Ψ P W  (20) 
where † denotes the pseudoinverse operation. As shown in Eq. (2), every row of Y(Ψ) represents a 
source direction. Denote Y(ψi) as the i-th row of Y(Ψ), i = 1, 2, …, L, which is the estimated steering 
vector of the i-th source. We can then plot a pseudo-spatial-spectrum of all possible source directions 
ψ for the i-th source by computing the inner product between Y(ψi) and the spherical steering vectors 
Y(ψ). Denote the spectrum as Mi(ψ), we have 

 ( ) ( ) ( )H
i iψ ψ ψ=M Y Y  (21) 

The ψ with the largest value among Mi(ψ) is considered as the i-th source direction. 
The overall procedure of the DOA estimation is summarized in Table 3. Note that ICA-DOA 

conducts grid search only once for every source in all TF bins instead of the computationally 
inefficient grid search in every TF bin. 

Table 2 – The complex FastICA algorithm 
1: initialize wi with random complex values  
2: update wi with Eqs. (18) and (19) 
3: if i = 1, go to step 6; else continue with step 4 

4: 1 H
1

i
i i i j jj

−+
=

= −∑w w w w w  

5: normalize with Eq. (19) 
6: if not converged, go back to step 2; else go back to step 1 with i = i + 1 until all components 

are extracted 
Table 3 – The proposed ICA-DOA method 

1: conduct STFT and SFT to obtain anm(τ, v) in Eq. (10) 
2: arrange all anm(τ, v) in columns and obtain matrix A 
3: process A as in Table 1 and obtain A0 
4: conduct FastICA according to A0 and obtain W 
5: calculate Y(Ψ) using Eq. (20) 
6: compute pseudo-spatial-spectrum Mi(ψ) for the i-th source using Eq. (21) 
7: choose the ψ with the largest value among Mi(ψ) as the i-th source direction. 

3. SIMULATIONS AND DISCUSSION 
The physical setting of the SMA is the same as the mh acoustics Eigenmike (27), which is a rigid 

sphere with 32 microphones. The order N of the SMA is 4. SMIR is used to generate room impulse 
responses (28). The room is of size 4 m × 5 m × 6 m, the SMA is located at [x, y, z] = [2, 2.5, 3], and 
the sources are placed 1.5 m away for the SMA center. The speech length for each DOA estimation is 
4 seconds with a sampling rate of 16 kHz. The used frequency band is 500 Hz ~ 3300 Hz. The signal-
to-noise ratio (SNR) is defined as the ratio between the signal power and the background noise power, 
and the reverberation time (RT) varies in different simulations. The simulations are divided into two 
parts, where the impact of regularization and the DOA estimation performance of the proposed ICA-
DOA method are investigated respectively. 

3.1 The Impact of Regularization 
The RT is 0.4 sec, and the SNR is 15 dB. Two independent speakers are placed at (50°, 190°) and 

(130°, 220°). Note that every row of Y(Ψ) represents a source direction, and we can plot a pseudo-
spatial-spectrum of the inner product between every row of Y(Ψ) and the spherical steering vectors 
Y(ψ) of all possible source directions. The grid for the spectrum calculation is with a resolution of 5°. 



 

 

The spectrum can be used to inspect the accuracy of the DOA estimation, as depicted in Fig. 1. It can 
be seen from Figure 1 (a) and (b) that the DOA estimation fails without regularization. When a 
regularization factor of 0.3 is utilized, the DOA estimation is significantly improved as shown in 
Figure 1 (c) and (d). 

 
(a) 

 
(b) 

 
(c) 

 
(d) 

Figure 1 – Pseudo-spatial-spectrum of the two sources. (a)Source 1 without regularization, (b) Source 2 

without regularization (c) Source 1 with regularization, and (d) Source 2 with regularization 

3.2 Robustness of ICA-DOA under Noisy Environment 
Speech segments of 5 male and 5 female speakers are used in the simulations. In each trial, choose 

one male speech and one female speech, and the corresponding speaker positions are randomly chosen 
from 4 candidate positions as shown in Figure 2. There are 150 trials in total and each trial gives two 
DOAs for every test condition. 

 
Figure 2 – Distribution of sources 

 

Figure 3 – RT = 0.2 sec, DOA estimation error with the DPD-MUSIC and ICA-DOA as a function of SNR 



 

 

DPD-MUSIC (14) is used for comparison. The DPD threshold is carefully chosen to select 5% of 
the total TF bins. The number of time frames and frequency bins used for frequency smoothing during 
the DPD test is 2 and 15 respectively. The Hanning window of length 512 with 0-sample overlap is 
used for both algorithms. The regularization factor used here is 2. The FastICA is determined to 
converge when the norm of W varies less than 1 × 10-4. 

The DOA estimation error is defined as the root mean of the sum of the square of the elevation and 
azimuth estimation error. When RT is 0.2 sec, the DOA estimation error of both DPD-MUSIC and 
ICA-DOA is presented in the box plot of Figure 3. The boxes represent the interquartile range, and 
the red line on each box denotes the median. The dashed lines outside the box indicate the non-outlier 
range. The outliers are shown by black dots. The black circle indicates and mean value of all the data, 
including outliers, and thus can be used as a rough outlier measure. It can be seen that DPD-MUSIC 
outperforms ICA-DOA when SNR is 20 and 10 dB. Except for several outliers, the estimation errors 
of DPD-MUSIC are almost 0 when SNR is 20 and 10 dB. When SNR is 0 dB, howe ver, ICA-DOA 
outperforms DPD-MUSIC. The performance of ICA-DOA barely changes in different SNR conditions. 
When RT is 0.4 sec, as shown in Figure 4, performance of both DPD-MUSIC and ICA-DOA 
deteriorates. Except for several outlies, ICA-DOA is still very robust to noise. 

We also compare the running time of ICA-DOA and DPD-MUSIC with different grid precision 
using MATLAB version R2017a on a ThinkPad with dual core 2.9 GHz Intel Core i7 and 8 GB of 
RAM. It can be seen that the computational cost of ICA-DOA is much lower than DPD-MUSIC, as 
listed in Table 4. Note also that the running time of ICA-DOA barely changes under different grid 
precision. This is because ICA-DOA searches for a DOA only once for all TF bins. The running time 
of DPD-MUSIC increases rapidly with the increase of grid density because it performs grid search for 
every TF bin. 

 
Figure 4 – RT = 0.4 sec, DOA estimation error with the DPD-MUSIC and ICA-DOA as a function of SNR 
Table 4 – Running time of ICA-DOA and DPD-MUSIC for two speakers of 4 sec length with SNR = 

20 dB and RT = 0.2 sec. 
Grid precision 10° 5° 1° 

Methods 
ICA-DOA 1.9 s 2.0 s 2.2 s 

DPD-MUSIC 7.4 s 14.0 s 153.1 s 

4. CONCLUSIONS 
Noise-robust overdetermined ICA based DOA estimation method in the SH domain is investigated 

in this paper. Regularization is introduced in this paper to avoid the amplification of noise. The ICA 
model presented in the SH domain is typically overdetermined, so PCA is introduced to both obtain 
both determined ICA model and noise reduction. The proposed ICA-DOA method is more robust to 
noise in a moderate reverberant environment compared to DPD-MUSIC in SH domain. Since ICA-
DOA in the SH domain deals with all TF bins at the same time, the computational cost of ICA-DOA 
is significantly lower than DPD-MUSIC. 
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The effect of a shunt loudspeaker array with limited area on indoor 
sound field 
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ABSTRACT 

The shunt loudspeaker has already been proven to be an effective sound absorber in low frequency; however, 
the sound field manipulation performance of the shunt loudspeaker array (SL array) with a limited area in a 
room is seldom studied. In this paper, a SL array with an area of 1.1 square meters and a sound absorption 
coefficient over 0.8 between 120 Hz and 160 Hz was designed, and its effect on the sound field in a room of 
37.3 cubic meters was investigated based on numerical simulations and experiment measurements. It is found 
that the SL array should be placed in the areas where large sound pressure level occurs to achieve good noise 
reduction.  

 

Keywords: Shunt loudspeaker array, Noise reduction 

1. INTRODUCTION 
The shunt loudspeaker is a resonant sound-absorbing structure composed of a loudspeaker and a 

shunt circuit. The loudspeaker diaphragm drives the coil to cut the magnetic field line to form a 
potential difference when the sound wave is incident on the loudspeaker diaphragm, and the incident 
sound energy will be converted into electrical energy and dissipated by the shunt circuit. The sound 
absorption performance of the shunt loudspeaker is decided by the coupling of the mechanical system 
of the loudspeaker and the characteristic of the shut circuit, and therefore effective low-frequency 
sound absorption can be achieved using a thin shunt loudspeaker. 

The use of shunt loudspeakers for low-frequency noise reduction has already been widely studied. 
Fleming et al. proposed to use shunt loudspeakers in the duct and obtained a noise reduction over 10 
dB at 3 different resonant frequencies (1). Pietrzko et al. developed an analytical state-space model to 
design shunt loudspeakers for noise control in a rectangular duct, used passive shunt circuit with RC 
parallel circuit reaching a 13.5 dB SPL drop in the first mode, and reduced the SPL of the first three 
modes by 10-14 dB through semi-active circuit with negative resistance, negative inductance in the 
RLC parallel circuit (2). 

The concept of electroacoustic absorbers was introduced to integrate all passive and active control 
techniques (3). The response surface methodology was investigated for the optimal constitutive 
parameters of electroacoustic absorbers, including the moving mass, the enclosure volume, the volume 
ratio of filler material and the internal resistance of the shunt circuit (4). The optimal parameters of 
the shunt circuit have also been studied. Zhang et al. made the sound absorption coefficient above 0.5 
in the frequency range of 150 Hz to 1200 Hz with negative inductance and negative resistance (5). Li 
et al. proposed a fully exhaustive backtracking algorithm to obtain the optimal sound absorption at 
100-450 Hz (6). A feedback control strategy based on PID control and phase compensation techniques 
was developed to mitigate the adverse effects due to high-order dynamics in the moving-coil system 
(7). On this basis, a microphone-based feedforward control method was given to broaden the sound 
absorption band (8), and a control approach applying three individual feedback gains on membrane 
velocity, displacement, acceleration showed an excellent control accuracy (9). 

To further widen the effective frequency range, one method is combing shunt loudspeakers with 
other sound absorbing materials. Tao et al. replacing the rigid wall in traditional micro-perforated 
structures with shunt loudspeakers to combine the two. In the range of 60 Hz to 383 Hz, the sound 
absorption coefficient reached more than 0.6 (10). An absorber composed of a perforated plate and a 
shunt loudspeaker has an absorption coefficient greater than 0.65 in the frequency range of 150-350 
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Hz (11). Another method is designing shunt circuit for several tonal components. Cong et al. proposed 
a parallel shunted loudspeaker array with four absorption peaks of 0.42, 0.58, 0.80 and 0.84 around 
100 Hz, 200 Hz, 300 Hz and 400 Hz (12). Rivet et al. designed a multi-degree -of- freedom resonator 
with different electroacoustic absorber coupled to a primary loudspeaker (13). Zhang et al. using an 
array of 64 shunt loudspeakers with optimal spacing to get a sound absorption coefficient of 1.04 at 
100 Hz and 0.93 at 200 Hz in a reverberation room (14).  

Shunt loudspeakers have already been used in indoor low-frequency sound field modal control. 
Lissek et al. put an array of 10 shunt loudspeakers in a reverberant chamber, successfully reduced the 
sound pressure level at the resonant frequency of the room field by 14 dB at 30-40 Hz (15). Further, 
they placed 4 shunt loudspeakers in different configurations, and got the highest global mode damping 
of 4.6 dB at 30 to 150 Hz when the shunt loudspeakers were located at the room corners and oriented 
against the corners (16). Through placing four shunt loudspeakers in the four corners of the room, the 
room modal decay time was reduced from 5 seconds to 1 second at several resonant modes in the 
frequency range of 20 Hz to 100 Hz (17). These proved the ability of shunt loudspeakers to control 
the room mode by adding damping like an acoustic absorber. 

Although the shunt loudspeaker has been proven as an effective modal damper, the effect of its 
placement on the suppression performance have not been systematically investigated, especially for a 
shunt loudspeaker array (SL array) with limited area. The design of a shunt loudspeaker is presented 
in section 2 and the effect of an array of shunt loudspeakers in a room is investigated based on 
numerical simulations in section 3. In section 4, experiments are conducted to validate the simulation 
results about the placement of the SL array. Finally, conclusions are given in section 5. 

 

2. DESIGN OF SHUNT LOUDSPEAKER 
The impedance of the shunt loudspeaker in Figure 1(a) is 
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where Rms is the equivalent force resistance of the loudspeaker, Mms is the mass of the voice coil, Cms 
is the force compliance of the suspension system, S0 is the effective area of the voice coil, Bl is 
electromechanical coupling factor, Cac is the equivalent acoustic capacitance of the back cavity, RE is 
the DC electrical resistance of the driver coil, LE is the voice coil inductance, and Zs represents the 
impedance of external shunt circuit. Figure 1(b) shows the equivalent circuit diagram of the shunt 
loudspeaker, where p represents the sound pressure incident on the loudspeaker’s diaphragm. 
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(a)                                      (b) 

Figure 1 – (a) The schematic of a shunt loudspeaker in the array, (b) the equivalent circuit diagram of the 

shunt loudspeaker 

 
The small signal parameters of shunt loudspeakers used in simulation and experiment are listed in 

Table 1, and the normal sound absorption coefficient of the shunt loudspeaker is presented in Figure 
2 when the loudspeaker terminals are open circuit. The coefficient is higher than 0.8 in the frequency 
range between 120 Hz and 160 Hz, and this frequency is chosen in the following investigation unless 
otherwise specified. 
 



 

 

 

Table 1 – Small signal parameters of the loudspeakers 

Parameter Notation Value Unit 

DC resistance RE 6.24 Ω 

Voice coil inductance LE 0.42 mH 

Electromechanical coupling factor Bl 6.71 N A-1 

Force resistance Rms 1.69  N m-1 s 

Mass of the voice coil Mms 7.75 g 

Force compliance Cms 0.51  mm/N 

Effective area S 78 cm2 

 

 
Figure 2 – Absorption coefficient of the shunt loudspeakers 

 

3. NUMERICAL SIMULATIONS 
To study the effect of the placement of the SL array on the sound pressure level in a room, a finite 

element simulation model is established in COMSOL Multiphysics as shown in Figure 3(a). The size 
of the room is about 4.0 m × 3.3 m × 3.0 m in x, y and z directions, and the sound absorption coefficient 
of room walls and roof are set to 0.01. A monopole acoustic source is located in the corner to excite 
room modes as many as possible. The intensity of the acoustic source is calculated by 
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where p   is the average sound pressure at a distance r from the acoustic source, f represents 
frequency and ρ0 represents air density. In the simulation, p  is obtained by measuring the sound 
pressure at a distance of 1 m from the acoustic source in an anechoic chamber in the frequency range 
below 400 Hz, ρ0 is set as 1.21 kg/m3, and the measured acoustic source intensity in this case is shown 
in Figure 3(b). The SL array on the rigid room floor consists of 8 × 5 units with the impedance of ZSL, 
and the size of the array is 1.32 m × 0.84 m × 0.12 m. 

The room floor was divided into 9 areas, as the room length is 3.0 times the size of the array in the 
x direction and the width is 3.9 times of the size of the array in the y direction. The room floor shown 
in Figure 3 are divided into 9 areas labelled as A1 ~ A9, and the SL array can be placed in each area 
except A3, where a room corner exists and the area is not sufficiently large. 

The average sound pressure level inside the room SPLR(f) and the average sound pressure level on 
the surface of the SL array SPLS(f) can be obtained by the following formulas 
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where pR(f) is the sound pressure at finite element mesh points in the room, pS(f) is that on the surface 
of the SL array, f represents frequency, NR and NS are the number of mesh points in the room and on 
the SL array respectively, and pref = 2 × 105 Pa. In the simulation, the maximum element size is set 
as 21.4 cm and the geometric model is divided into 71,515 domain elements, 13,014 boundary 
elements, and 1,976 edge elements for numerical calculation, and ρ0 and c0 are set as 1.21 kg/m3 and 
343 m/s. The value of SPLR(f) is 105.0 dB without the SL array and SPLS(f) is 107.9 dB when the SL 
array is placed on A1 when the frequency range is chosen between 120 Hz and 160 Hz. 
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Figure 3 – (a) Finite element model in COMSOL, (b) acoustic source frequency spectrum 

 
The value of SPLS(f) and the reduction of SPLR(f) when the SL array is placed in different areas on 

the floor is shown in Table 2. It is seen that placing the SL array where the average SPL is high would 
result in more significant noise reduction in the room. The reason is that higher SPL drives the SL 
diaphragm to absorb more acoustic potential energy. 
 

Table 2 – The total average sound pressure level between 120 Hz and 160 Hz 

Average SPL and 

its reduction (dB) 

Placement of the SL array 

A1 A2 A4 A5 A6 A7 A8 A9 

SPLS 107.9 104.4 103.3 100.6 103.4 103.7 99.5 105.5 

ΔSPLR 4.1 1.2 0.8 0.5 0.8 0.8 0.4 1.6 

 
Based on the simulation results, it is found that the noise reduction performance of the SL array 

with limited area is determined by the array placement. To achieve good global noise reduction, the 
SL array should be placed close to the area where large sound pressure response occurs in its effective 
absorption frequency range.  
 

4. EXPERIMENTAL RESULTS 
To valid the results in Section 3, experiments with the same parameters were conducted in the real 

room as shown in Figure 4(a). The performance of the SL array is evaluated by measuring the 
frequency response of SPL with 42 microphones. The B&K OmniPower sound source 4292-L and the 
power amplifier 2734-A are worked as the sound source. The sound source delivered a 400 Hz lowpass 
white noise, and the signal is acquired by the B&K PULSE system. As Figure 4(b) shows, the sound 
source is placed in the corner of the room, and the microphones are placed 0.5 m, 1.5 m and 2.5 m 
above the corners of each area.  
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Figure 4 – (a) The SL array in the room, (b) the placement of the sound source and microphones 

 
To compare with the simulation results, the SL array is placed in A2, A8 and A9 respectively. SPLR(f) 

is measured with all 42 microphones, and SPLS(f) is represented by the average SPL of 4 microphones 
near the SL array at 0.5 m. In the experiment, the value of SPLR(f) is 104.7 dB without the SL array, 
the value of SPLS(f) and the reduction of SPLR(f) in the target frequency band (120-160 Hz) is shown 
in Table 3. The results are similar to Table 2 in the simulation. 

 

Table 3 – The total average sound pressure level between 120 Hz and 160 Hz 

Average SPL and its reduction (dB) 
Placement of the SL array 

A2 A8 A9 

SPLS 103.2 99.2 104.1 

ΔSPLR 1.2 0.4 1.5 

 
In this section, an experiment is used to prove the correctness of the simulation results. To achieve 

a good global noise reduction, the SL array should be placed in the Areas with high SPL. The Areas 
near the acoustic source and the corners of the room are all good placement options. 

 

5. CONCLUSIONS 
In this paper, the effect of the placement of a SL array with limited area on the sound field in a 

room was investigated. It is found that placing the array near the acoustic source or near the room 
corners can achieve good noise reduction because higher sound pressure on the surface of the SL array 
leads to more acoustic potential energy absorbed by the array. Future work includes optimal placement 
of the shunt speaker array for local sound absorption in the room and studying the influence of room 
boundary conditions on the noise reduction of the array. 
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ABSTRACT 

Reverberation time is an objective index to characterize the reverberation and is also one of the most 

important parameters in room acoustics. Numerous methods for single-channel blind reverberation time 

estimation have been proposed and have achieved promising results. However, estimating reverberation time 

using single-channel speech only utilizes the spectro-temporal characteristics. As a matter of fact, the direct 

and early reflected sounds and the late reverberation have quite different spatial properties: the former is 

directional, while the latter is more diffused. Therefore, estimating reverberation time blindly using multi-

channel speech recorded with microphone arrays can utilize the information in the spatial domain, which can 

be expected to improve the performance of the reverberation time estimation. In this work, a multi-channel 

blind reverberation time estimation method was proposed. The complex spectra of multi-channel speech 

recordings were used as the input features of the neural network and the framework of neural network was 

designed to extract the spatial information. The estimation methods using single-channel, 2-channel and 3-

channel speech recordings were evaluated in noisy environments at different SNRs. Experimental results 

showed that multi-channel estimation methods outperformed single-channel methods. 

Keywords: Reverberation time estimation, Multiple channels, Deep learning 

1. INTRODUCTION 

As sound travels from the source point to the observation point in an enclosure, it not only contains 

the direct path but also its multiple reflections [1]. This makes the sound generated in the room remain 

audible for some time even when the sound source has been switched off. The time that it takes for 

the sound to decrease by 60 dB is defined as the reverberation time (𝑇60), which is mainly determined 

by the geometry of the room and the reflectivity of the surfaces [2]. Reverberation time is one of the 

most important room acoustic parameters, which can be measured using two methods as described in 

the ISO standard, including the interrupted noise method and the integrated impulse response method. 

These two methods require professional measurement tools and skills, spending a lot of time and effort 

for large-scale measurements. A more convenient method is to estimate 𝑇60 blindly, which estimates 

𝑇60 directly from recorded speech. 

In the last two decades, many blind estimation methods have been proposed for blind reverberation 

time estimation [3]–[7]. These approaches can be mainly classified into two categories:  methods based 

on statistical signal processing [3]–[5] and those based on deep learning [6], [7]. In 2015, the ACE 

Challenge workshop was held to evaluate blind methods for estimating 𝑇60 using recorded noisy and 

reverberant speech [8]. With the rapid development of deep learning, several deep learning-based 

methods have been proposed after the ACE workshop [7], [9], some of which have surpassed 

traditional estimation methods. 

In most previous works, single-channel reverberation speech was used for blind reverberation time 

estimation, and only time-frequency domain features of speech were utilized. However, direct sound 

and reverberation sound have totally different spatial characteristics. Specifically, the direct sound is 

directional while the late reverberation is close to diffusion. Nowadays, the mobile devices and IoT 

devices are usually equipped with multiple microphones. Therefore, multi-channel reverberation 

speech can be easily recorded through a microphone array, and reverberation time may be better 

estimated with this additional spatial information. Some multi-channel blind reverberation time 

estimation methods have been proposed and it seemed that multi-channel information is helpful for 
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reverberation time estimation [10], [11]. However, the comparison results of different numbers of 

channels have not been presented and the effects of noise and reverberation time on the performance 

of the network have not been thoroughly studied. In this paper, the complex spectra of multi-channel 

speech recordings were used as the input features of the neural network and the framework of the 

neural network was designed to extract the spatial information as the supplementary feature. The 

estimation methods using single-channel, 2-channel and 3-channel speech recordings were evaluated 

in noisy environments with different SNRs and reverberation times. 

The rest of this paper is organized as follows. In Section 2, the problem of 𝑇60 estimation is 

formulated and the proposed architecture is discussed in detail. Section 3 introduces the data sets and 

presents the experimental results. Some conclusions are drawn in Section 4. 

2. PROPOSED METHOD 

2.1 Signal Model 

The multi-channel reverberant speech signals can be presented using the following formula: 

𝑦𝑖(𝑡) =  ℎ𝑖(𝑡) ∗ 𝑠(𝑡) + 𝑛(𝑡), (1) 

where 𝑦𝑖(𝑡), 𝑠(𝑡) and 𝑛(𝑡) refer to the noisy and reverberant speech for channel 𝑖, the clean speech 

and the additive noise, respectively, in the time index 𝑡. ∗ denotes the convolution operation and 

ℎ𝑖(𝑡) is the room impulse response from the speech source point to the observation point for channel 

𝑖. The noise-free reverberant speech for the ith channel 𝑥𝑖(𝑡) =  ℎ𝑖(𝑡) ∗ 𝑠(𝑡) can be viewed as the 

convolution of the clean speech and RIR. In realistic scenarios, noise also has reverberation. 

The time-domain signal can be transformed into time-frequency domain by short-time Fourier 

transform (STFT): 

𝑌𝑖(𝑘, 𝑙) =  𝐻𝑖(𝑘, 𝑙) ∗ 𝑆(𝑘, 𝑙) + 𝑁(𝑘, 𝑙), (2) 

where 𝑌𝑖(𝑘, 𝑙) , 𝑆(𝑘, 𝑙)  and 𝑁(𝑘, 𝑙)  denote the time-frequency representations of the noisy and 

reverberant speech for channel 𝑖 , the clean speech and the additive noise, respectively, with the 

frequency bin index 𝑘  and the time frame index 𝑙 . 𝐻𝑖(𝑘, 𝑙)  denotes the time-frequency 

representation of the RIR for channel 𝑖 

2.2 Proposed Framework 

The architecture of the network is similar to the RE-NET in our previous work [12]–[14]. To utilize 

the multi-channel information, the original RE-NET was modified as follows: (1) The complex spectra 

were used as the input features instead of using the magnitude spectra after considering that the spatial 

information consists in the phase difference of a pair of microphones. (2) The input channels were 

designed to be changeable so that the same architecture could be used for 𝑇60 estimation tasks with 

different numbers of channels. 

Figure 1 depicts the architecture of the proposed framework. The framework contains a decoder, a 

temporal modeling module, and some linear layers. The decoder is used to extract the high-

dimensional features of the input, which is composed of 5 gated convolutional layers. Temporal 

modeling module is used for time-sequence modeling, which is composed of 5 gated convolutional 

layers. The linear layers are used to map the features to the estimated reverberation time.  

The parameters of this framework are summarized in Table 1. 

  



 

 

 

Table 1– Parameters of the proposed framework 

Module Layer 

Input  

dimension 

parameters Output  

dimension kernel stride channel 

Encoder 

Conv2d_1 （2× 𝒄𝒉, T, 161） （2, 5） （1, 2） 10 （10, T, 79） 

Conv2d _2 （10, T, 79） （2, 3） （1, 2） 10 （10, T, 39） 

Conv2d _3 （10, T, 39） （2, 3） （1, 2） 10 （10, T, 19） 

Conv2d _4 （10, T, 19） （2, 3） （1, 2） 10 （10, T, 9） 

Conv2d _5 （10, T, 9） （2, 3） （1, 2） 10 （10, T, 4） 

MG-TCNs 

Reshape （10, T, 4） —— —— —— （T, 40） 

MGTCN_1 （T, 40） （5, 1, 40） （T, 40） 

MGTCN _2 （T, 40） （5, 2, 40） （T, 40） 

MGTCN _3 （T, 40） （5, 4, 40） （T, 40） 

MGTCN _4 （T, 40） （5, 8, 40） （T, 40） 

MGTCN _5 （T, 40） （5, 16, 40） （T, 40） 

Linear 

layers 

Linear_1 （T, 40） （40, 20） （T, 20） 

ReLU （T, 20）  （T, 20） 

Linear_2 （T, 20） （20, 1） （T, 1） 

 

Similar to [12], the kernel size was set to 2 × 3 (𝑇𝑖𝑚𝑒 × 𝐹𝑟𝑒𝑞𝑢𝑒𝑛𝑐𝑦) for Conv-GLUs except for 

the first layer with 2 × 5. Each Conv-GLU block is followed by an instance normalization layer and 

a PReLU activation function. the MG-TCNs. 3 groups of MG-TCN were stacked to get a larger 

receptive field, and each group contains five MG-TCN units, which were designed for temporal 

modeling. For each MG-TCN, the dilation rate of each MG-TCN unit increased exponentially from 1 

to 16. The parameters are specified with (𝐾𝑒𝑟𝑛𝑒𝑙𝑠𝑖𝑧𝑒, 𝐷𝑖𝑙𝑎𝑡𝑖𝑜𝑛𝑟𝑎𝑡𝑒, 𝑂𝑢𝑡𝑐ℎ𝑎𝑛𝑛𝑒𝑙𝑠) format in Table 1.  

2.3 Loss Function And Parameter Configurations 

The loss function of RE-NET can be expressed as: 

𝐿 =
1

𝑇
∑(�̂�60,𝑙 − 𝑇60)2

𝑇

𝑙=1

(3) 

where 𝑙  is the frame index. An estimated reverberation time �̂�60,𝑙  is the learning output for each 

frame, and all the estimated reverberation times and the ground truth reverberation time are used for 

calculating the Mean Square Error (MSE) loss. During the evaluation stage, only the estimated value 

of the last frame was used as the estimated reverberation time since the estimation result in the last 

frame could utilize the whole information of the utterance. 



 

 

 

Figure 1 – The architecture of the proposed framework. 

 

All the utterances were resampled at 16 kHz and split into chunks of 4 seconds for training stability 

as in [7]. For STFT configuration, the 20 ms Hanning window was used with 10ms overlap. 320-point 

FFT was used, resulting in 161-D spectral features. Adam with a 0.001 learning rate was used as the 

optimizer. For better convergence, the learning rate was halved if the validation loss did not decrease 

during 3 consecutive epochs. The number of epochs was set to 60. The batch size was set to 8 at the 

utterance level. 

 

3. EXPERIMENTS 

3.1 Training Sets and Validation Sets 

The clean speech samples were taken from the WSJ0-SI84 dataset [13], which consists of 7138 

utterances by 83 speakers (42 males and 41 females), to generate the dataset for training the deep 

neural networks. 5428 and 957 clean utterances were chosen for training and model validation, 

respectively. The image-source method was used to generate the 2119 synthetic three-channel RIRs 

with different room sizes and different absorption coefficients. The 3-channel mobile phone array with 

the microphones arranged in a right-angled triangle with a base of 45mm and a side of 100 mm as in 

[8] was used. Channel 1 is at the intersection of the base and the hypotenuse, channel 2 is at the other 

end of the base, and channel 3 is at the other end of the hypotenuse The distance between the sound 

source and microphone was randomly chosen from 0.7m, 1m, 1.7m, 2m, or 2.5m. The angle of 

placement between the sound source and microphones was randomly chosen from the angle of -45 

degrees to 45 degrees with an increment of 10 degrees. All the sources and microphones simulated by 

the image-source method were set as omni-directional. The range of 𝑇60 was from 0.3 s to 1.5 s. The 

ground truth of 𝑇60 was calculated using the method in [15]. 

6303 environmental noise processes from the Interspeech 2020 DNS-Challenge dataset [16] were 

chosen as the noise set to improve the noise robustness of different networks. 5358 and 945 noise files 

were randomly separated into the training set and the validation set. The speech and the noise were 

convolved with different RIRs from the same room. The amplitude of the noise was adjusted according 

to a predefined SNR randomly chosen from 0 dB, 10 dB, and 20 dB. Each utterance was truncated to 

four seconds duration. This results in a total of 60,000 and 8000 four-second noisy reverberant 

utterances for training and validation, respectively.  

In this work, single-channel, 2-channel and 3-channel models were trained for comparison. Only 

the first channel was used when training the single-channel model. Only the first channel and second 

channel were used when training the 2-channel model. 



 

 

3.2 Test Sets 

To evaluate the models in situations with different reverberation times, three rooms with small, 

medium, and large reverberation times were simulated using the image-source method. Table 2 shows 

the three dimensions and reverberation time of each room. 90 clean speech samples longer than 4 s 

were chosen from the TIMIT dataset. The simulated RIRs were created with the same procedure as 

the training set except that the room sizes were simulated to be different from those in the training 

sets. The 14 unseen noise processes taken from NOISEX92 [17] were used. For each utterance, SNR 

was randomly chosen from 0 dB, 5 dB, 10 dB, 15 dB and 20 dB. 

Table 2– Sizes and reverberation times of three simulated rooms 

Room L (m) W (m) H (m) Vol. (m) 𝑇60 (s) 

Room 1 6.1 4.7 2.8 81.41 0.324 

Room 2 12.4 6.9 2.6 229.81 0.822 

Room 3 6.2 4.6 2.7 80.60 0.838 

 

3.3 Effect of Noise Level on Estimation Accuracy 

The performance of single-channel, 2-channel and 3-channel models were evaluated to investigate 

the estimation accuracy in different noisy scenarios. Table 3 shows a comprehensive comparison of 

the proposed methods. Similar to previous works [6], [7], the RMSE and Pearson correlation 

coefficient were used as the objective metrics. In general, the estimation accuracy of each method 

increased with SNR, implying that noise has detrimental effects on the estimation results. This result 

coincided with the previous observation from other researchers [18], [19]. 

From the results, the 2-channel and 3-channel models outperformed the single-channel method in 

all situations. This observation indicated that the spatial information from the microphone array is 

helpful for reverberation time estimation. For the 5 dB and 10 dB situations, the 2-channel model 

outperformed the 3-channel model while the 3-channel model outperformed the 2-channel model for 

other situations. This result showed that increasing the number of channels naively may not improve 

the estimation performance. This may be caused by the data mismatch, because these models were 

evaluated by unseen speakers, unseen noise processes and unseen rooms. The 2-channel model may 

be more robust to the data mismatch than the 3-channel model. 

 

Table 3– The performance of three models in different noisy scenarios 

Metric RMSE (ms) 𝜌 

SNR （dB） 0 5 10 15 20 0 5 10 15 20 

1 channel 180 218 169 164 141 0.890 0.849 0.915 0.892 0.918 

2 channels 130 117 92 124 109 0.944 0.962 0.978 0.956 0.969 

3 channels 118 135 112 103 65 0.955 0.945 0.962 0.959 0.984 

 

 

3.4 Effect of Reverberation Time on Estimation Accuracy 

To investigate how reverberation time affects the estimation results, three rooms with the small, 

medium and large reverberation times were simulated. The detailed parameters of the three rooms are 

shown in Table 2. Figure 2 shows the performance of the single-channel, 2-channel and 3-channel 

models in different rooms. 

The models performed better in the room with small 𝑇60 (Room 1) than in the rooms with medium 



 

 

and large 𝑇60  (Room 2, Room 3). Among the three methods, the single-channel method had the 

largest deviation and variation. And 3-channel model slightly outperformed the 2-channel model in 

the room with medium 𝑇60 (Room 2). The results further showed that using multi-channel models 

could improve the performance of blind reverberation time estimation.  

 

 

Figure 2 – The boxplot of the estimation error of the single-channel, 2-channel and 3-channel models in 

different rooms. 

4. CONCLUSIONS 

In this paper, a multi-channel blind reverberation time estimation framework was proposed. 

Different from the previous single-channel methods that only utilize the time-frequency domain 

characteristics, the complex spectra of multi-channel speech recordings were used as the input features 

of the neural network and a framework for extracting the spatial information was designed. The single-

channel, 2-channel and 3-channel methods were implemented under the same framework and 

evaluated in environments with different speakers, room sizes and noise processes. Experimental 

results showed that 2-channel and 3-channel methods outperformed the single-channel method in all 

situations, indicating that the proposed framework can use the information from the microphone array 

to improve the estimation accuracy. 
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ABSTRACT 

Room geometry inference (RGI) aims at estimating room shapes from measured room impulse responses 

(RIRs) and has received lots of attention for its importance in environment-aware audio rendering and virtual 

acoustic representation of a real venue. A lot of estimation models utilizing time difference of arrival (TDoA) 

or time of arrival (ToA) information in RIRs have been proposed. However, an estimation model should be 

able to handle more general features and complex relations between reflections to cope with various room 

shapes and uncertainties such as the unknown number of walls. In this study, we propose a deep neural 

network that can estimate various room shapes without prior assumptions on the shape or number of walls. 

The proposed model consists of three sub-networks: a feature extractor, parameter estimation, and evaluation 

networks, which extract key features from RIRs, estimate parameters, and evaluate the confidence of 

estimated parameters, respectively. The network is trained by about 40,000 RIRs simulated in rooms of 

different shapes using a single source and spherical microphone array and tested for rooms of unseen shapes 

and dimensions. The proposed algorithm achieves almost perfect accuracy in finding the true number of walls 

and shows negligible errors in room shapes. 

 

Keywords: Room Geometry Inference, Room Impulse Response, Deep Neural Network 

1. INTRODUCTION 

Information on the room geometry helps solve various acoustic problems, such as spatial audio 

reproduction (1), sound source localization (2), and spatial audio object coding (3). Modeling accurate 

virtual acoustic environments and room geometry plays a crucial role in spatial audio  reproduction 

for virtual reality and augmented reality (4, 5). A room impulse response (RIR) consists of many 

delayed impulses, including direct sound and early reflections, so it can be utilized to characterize the 

room shape. Many RGI techniques utilizing the time of arrival (TOA) (6-9), time difference of arrival 

(TDOA) (10-12), and direction of arrival (DOA) (13) have been proposed. Recent studies (4, 14) 

successfully adopted neural networks to infer room geometry and room-acoustical parameters in 

shoebox-shaped rooms. Yu and Kleijn (4) demonstrated that a model trained by simulated RIRs can 

be adapted to real-world RIRs using transfer learning (15). 

Nevertheless, most RGI techniques require prior information on the number of walls and have 

focused on finding the size (4, 14) or acoustical parameters (4) of walls in simple-shaped rooms such 

as convex shoebox rooms. Lovedee-Turner and Murphy (13) considered complex-shaped rooms such 

as non-convex L-shaped and T-shaped rooms; however, they used multiple RIRs measured for various 

source positions to satisfy the first-order reflection visibility for all walls. In this work, we 

demonstrate that the proposed network can infer the room geometry without prior knowledge of the 

number of walls, even in rooms with complex shapes where some of the first-order reflections cannot 

be measured by a microphone array. The DNN model is trained by RIRs between a spherical 

microphone array and a sound source centered at the array. The model is designed to produce two 

outputs involved with wall parameters and existence probability. Through the joint training using the 

wall parameter and existence losses, we show the possibility to infer the geometry of rooms with 

various shapes and numbers of walls.  

                                                        
1 iyeon@kaist.ac.kr 
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2. ROOM GEOMETRY INFERENCE 

2.1 Problem Statement 

RGI problem can be defined as finding W  different planes by utilizing the RIRs measured in the 

room enclosed by W  walls. Each wall constituting a room can be represented as a set  of points 

 , , ,1
T

x y zr  described in homogeneous coordinates and satisfying the plane equation given by: 

 4 | 0T  rr a  (1) 

where the vector  1 2 3 4, , ,
T

a a a aa  expresses coefficients of the plane equation. Accordingly, the 

goal of RGI is to find W  wall parameter vectors 
Wa  for true walls ( )(1, ,Ww ). 

2.2 Deep Neural Networks 

The proposed network consists of three sub-networks to infer room geometry (Figure 1): a feature 

extractor, a wall parameter estimator (WPE), and an evaluation network. The feature extractor based 

on ResNet (16) is responsible for extracting the features related to the room geometry from 

multichannel RIRs. The output of the feature extractor is fed into the wall parameter estimator and 

evaluation network. The WPE is a combination of 1 1  convolution and global average pooling 

(GAP) layers and estimates a wall parameter matrix   4

1, ,
T W

W



 A a a  for W  wall 

candidates. The WPE strives to minimize the difference between A  and the ground truth (GT) wall 

parameter matrix 4 ( )1 , ,, W

T

W W 
   A a a 0 . Here, the GT parameters for non-existing walls are set 

to zero, so the model is trained to produce zero outputs for such walls. However, even when the WPE 

is well-trained, there can be residual values in A  for non-existing walls. To accelerate the 

convergence and promote parameter suppression for non-existing walls, the evaluation network 

predicting a wall presence probability is introduced.  

The evaluation network takes the same input and has a similar layer structure as the WPE but 

generates only W  wall existence probabilities  1
ˆˆ ˆ , , W

W

T
pp



 p  whose values are limited 

within  0, 1  by a sigmoid activation function. The final estimation of the wall parameter matrix is 

made by weighting the estimated wall parameters in terms of the wall existence probability: 

ˆ ˆDiag( )A p A .  

Two loss functions are defined to train networks. First, the wall parameter loss is defined as the 

angular loss  
2 2 2ˆ ˆ1 /T   b b b b  between ˆˆ flatten( )b A  and flatten( )b A , where )flatten(  

represents the flattening operator reshaping a matrix into a vector. The second loss is the decision loss 

 , which is defined as binary cross entropy of the predicted wall presence probability p̂  and the GT 

presence probability  1 ,, W

T
p p p  ( 1wp   for true walls, 0wp   otherwise). These two losses 

are summed to calculate the total loss as 0.1   . To circumvent the order permutation problem 

between the GT and estimated walls, the permutation invariant training technique (17) is adopted.  

Figure 1 – Overview of the proposed network architecture (W : the maximum number of inferred walls). 



 

 

3. EXPERIMENTAL RESULTS 

3.1 Dataset 

To build datasets using simulated RIRs, we considered an acoustically transparent spherical 

microphone array with 32 omnidirectional microphones arranged on a hypothetical sphere of 0.042 m 

radius. A single loudspeaker was then positioned at the center of the spherical microphone array to 

simulate a single device with an embedded loudspeaker and microphones. As shown in Figure 2, the 

device was positioned at the center of rooms having four different shapes: shoebox-, pentagonal-, 

hexagonal-, and L-shaped rooms. The walls were all planar, and the floor and ceiling were parallel to 

each other but perpendicular to the side walls. The size and aspect ratio of rooms were varied by 

randomly populating the size of a rectangular box that t ightly encloses rooms in Fig. 2. The edge 

lengths of a rectangular box in x-, y-, and z-directions were sampled from a uniform distribution 

within the range  4, 10 ,  4, 10 , and  3, 5  m, respectively. 

Note that the shoebox-, pentagonal-, and hexagonal-shaped rooms are convex while the L-shaped 

rooms are non-convex. The first-order reflection visibility was satisfied for all walls in the convex 

rooms but was not fulfilled for some walls in the case of the non-convex rooms. 

Multichannel RIRs were simulated by considering up to sixth-order reflections through the image 

source model (ISM). The length of each RIR was 1024 taps (approximately 0.1 s) at a sampling rate 

of 8 kHz. Finally, the dataset with 40k multichannel RIRs was constructed including 39k train data 

and 1k validation data. Another dataset with 500 RIRs was simulated from unseen rooms and used as 

a test dataset. 

3.2 Results 

Table 1 – Geometry inference performance of the proposed network 

Metric Total Shoebox Pentagonal Hexagonal L-shaped 

WACC (%) 100 100 100 100 100 

d (m) 0.01 0.01 0.01 0.01 0.01 

 (degree) 0.07 0.05 0.08 0.08 0.07 

 

Three performance metrics were used to evaluate the geometry inference performance of the 

proposed network. The first one is the accuracy in the number of estimated walls (
WACC ), defined as 

(

( ) ( )
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L p p W
 










 
   







p p p p  (2) 

Here,  and L  denote the indices and the total number of rooms in the dataset, respectively. The 

second measure is the error in the shortest distance from the device to the wall ( d ) (8, 9), and the 

third one is the acute angle between surface normal vectors of the estimated and GT walls (  ) (9, 

13). 

Table 1 demonstrates that the proposed network can infer the number of true walls perfectly and 

Figure 2 – Examples of simulated rooms including convex and non-convex shapes. (a), (b), (c), and (d) represent 

shoebox-, pentagonal-, hexagonal-, and L-shaped rooms, respectively. In particular, in (d), the first-order 

reflections of some walls are not visible from the microphone array. 



 

 

can estimate wall parameters with negligible errors on both metrics d  and  . The best 

performance is shown in the shoebox-shaped rooms, but the error level in the L-shaped rooms where 

the first-order reflections of some walls are not visible is not significantly different compared with 

other rooms. The proposed network shows excellent inference performance without prior assumptions 

for all convex and nonconvex rooms.  

Despite the superior performance of the proposed method, the adaptation to various real RIR data 

remains a challenge. Even with techniques applied to prevent overfitting in this work, such as early 

stopping and GAP, overfitting could have occurred due to the same RIR simulation framework used 

for both the training and test dataset. In the real world, there are various factors that affect RIR, such 

as sound-occluding objects, diffractions and scatterings, and background noises, which were not 

considered in this simulation data. However, the ability to infer complex room shapes using a simple 

DNN model demonstrated in this work stresses that room geometry inference through real RIRs can 

be realized when proper fine-tuning or noise reduction model is implemented. 
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ABSTRACT
The acquisition of the spatio-temporal properties of a sound field over large spatial domains is a challenging
task that requires a large number of transducers. Alternatively to these classical approaches, sound field
reconstruction methods utilise fewer measurements and enable the interpolation and extrapolation of the
measured data. This study exploits the spatio-temporal characteristics of the room impulse response (RIR)
to reconstruct the sound field over large spatial apertures. The direct sound field and the early reflections
are reconstructed using block-sparsity techniques, and therefore no assumption is made upon the wavefronts.
Finally, the late reverberation of the RIR is evaluated using kernel ridge regression, taking advantage of the
generalisable stochastic properties of random wave fields. The proposed model reconstructs accurately the
RIRs and outperforms classical approaches that are based on the use of plane waves, which are used here as
a benchmark for comparison.

Keywords: Sound field reconstruction, room impulse response, kernel ridge regression

1 INTRODUCTION
The room impulse response (RIR) plays a central role in the field of room acoustics when describing a sound
field in a given enclosure. Knowing the spatio-temporal properties of the RIR is crucial for the analysis and
reconstruction of the sound field within the domain of interest. Therefore, applications including source
localisation [1, 2], sound field control [3, 4, 5], virtual reality [6, 7] or sound field reconstruction [8, 9] rely
on the study of RIRs.

According to the classical sampling theory, the reconstruction of an entire sound field requires a vast
amount of measurements when working with three-dimensional domains. This is a direct consequence of
the Shannon-Nyquist theorem, which establishes that the microphones need to be placed closer than half a
wavelength to one another [10]. As an alternative to this direct measurement approach, multiple methods
aim at reducing the required number of measurements. This is typically done by using reconstruction meth-
ods to interpolate and extrapolate the sound field to points that have not been measured. To improve the
reconstruction it is common practice to use any available knowledge of the problem, or to incorporate an
acoustic physical structure in the reconstruction models. Some examples are elementary wave decomposi-
tion [11], modal decomposition [12], spatio-temporal sparsity [13] or the general time structure of the RIR
[14, 15, 16]. More recently, other methods such as deep learning models [17], generative adversarial networks
[18] or local representation via dictionary learning [19] have also been applied to sound field reconstruction.

This study examines a reconstruction method based on generalisable properties of the sound field in a
room, specifically exploiting the general time structure of the RIRs. In most rooms the RIR presents three
identifiable parts: the direct sound, the early reflections and the late reverberation. For the reconstruction of
the first two we initially localise the position of the source and virtual sources, and then reconstruct based on
block-sparse methods. Finally, the late reverberation is modelled as a dense ensemble of reflections, thereby
exploiting the stochastic properties of the RIR. Here, we choose kernel ridge regression to interpolate and

ABS-0361



Time

RIR
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Figure 1. Sketch of the typical time structure of a RIR: direct sound (DS) in blue, early reflections (ER) in
red and late reverberation (LR) in yellow.

extrapolate the sound field. The reconstruction is cast as an inverse problem, relying solely on the measured
data and not on the properties of the room. The performance of the proposed RIR reconstruction model is
evaluated by comparing it with a classical reconstruction approach based on plane waves.

2 THEORETICAL FRAMEWORK
In a reverberant environment, the sound field represents a solution to the Helmholtz equation with unknown
boundary conditions. In a room of dimensions (Lx,Ly,Lz), the acoustic pressure p at a point r produced by
a point source placed at r0 can be written as [20, 21, 22]

p(r,r0) = jωρQ(G+gN) (1)

for a given angular frequency ω . Here, ρ is the density of the medium, Q is the volume velocity, G is the
free-field Green’s function

G(r,r0) =
e jk||r−r0||

4π||r− r0||
(2)

with wavenumber k, and gN(r,r0) is a function that accounts for the influence of the boundaries. A simple
case for gN(r,r0) is used in the image source method [23], where only planar, rigid boundaries are consid-
ered (Neumann boundary condition). Although widely used in the field of acoustics for its simplicity and
efficiency, the image source method accounts exclusively for specular reflections.

In this paper, we cast the reconstruction of the sound field as an inverse problem. The influence of the
boundaries gN(r,r0) is therefore modelled based on a set of measurements and prior knowledge of the sound
field which, in the present case, relies on the general time structure of the room impulse response. This
structure can be found in most rooms, and consists of the direct sound, the early reflections and the late
reverberation (cf. Figure 1). Additionally, the RIR often contains energy that corresponds to diffracted and
scattered sound introduced by both objects in the room and the domain boundaries. This paper models each
of the aforementioned parts independently. According to this, the proposed sound field model is

p(r, t) =
D

∑
d=1

Qd(t)∗
δ (t −||r− rd ||/c)

4π||r− rd ||
+

Q

∑
q=1

Sq

∑
s=1

Aq,s(t)∗
δ (t −||r− rq,s||/c)

4π||r− rq,s||
+

∞

∑
l=1

Bl(t)∗δ (t −⟨r,rl⟩/c), (3)

where c is the speed of sound in the medium. The first term corresponds to the direct sound, where the
source is characterised using an equivalent source model with a cluster of D point sources of volume velocity
Qd(t) placed at rd [24, 25, 26]. For the second term, the model considers Q early reflections, and shapes
their wavefronts following the same approach as with the direct field; that is, for the reflection q, a cluster
of Sq equivalent sources model the wavefront. Consequently, we do not assume a specific type of wavefront,
accounting instead for both specular and non-specular reflections. Lastly, the third term in Eq. 3 represents
the late reverberation. As the number of reflections increases with t2, the sound field becomes more and
more dense. This late decay is thereby modelled as an expansion of a large number (infinity, in the ideal
case) of plane waves scaled to the plane rl with an amplitude of Bl(t).



3 METHODOLOGY
3.1 Block-sparse reconstruction
Consider a sound field in a domain Ω ∈ R3 measured at M different positions rm. At a specific frequency,
we can assume that the measured sound pressure p ∈CM can be decomposed into a set of N basis functions
that constitute the so-called sensing matrix H ∈ CM×N , allowing the measured data to be expressed as

p = Hx+n, (4)

where n ∈CM is the noise at each microphone, and x ∈CN is the complex amplitude of each wave. Equation
4 represents a general acoustic inverse problem, where the coefficients x are estimated depending on the
choice of the basis functions. Since typically N > M, the inversion of Eq. 4 is an ill-posed problem and
optimisation techniques are required. The coefficients x̃ can then be estimated as [27]

x̃ = min
x
∥Lx∥q

q subject to ∥p−Hx∥2
2 ≤ ε, (5)

where ε corresponds to the variance of the noise and the matrix L can be chosen as either the identity
matrix, a derivative operator or a weighting matrix. The norm operator ∥·∥q promotes different solutions
depending on the value of q. In particular, sparse solutions are promoted with q = 1 (LASSO or sparse
reconstruction such as Compressive Sensing), or low-energy coefficients are sought when q = 2 (Tikhonov).

In order to reconstruct the direct sound and the early reflections accurately, and to avoid assumptions on
the physical structure of the sound field, we propose a method that treats each reflection independently. This
is possible given that the early part of the RIR is sparse in the time domain (cf. Figure 1) [28], and each
event can be modelled using a cluster of equivalent sources that are sparse in the domain Ω. The set of
clusters represents a block-sparse distribution of point sources placed around the position of the source and
virtual sources [29]. Thus the estimated source position is needed to place the clusters.

For the direct sound we estimate first the Direction-of-Arrival (DOA) by making use of a dictionary of
plane waves and Tikhonov regularisation in Eq. 5. Subsequently, an estimation of the range is obtained using
a dictionary of point sources along the estimated DOA, and the optimisation problem is solved by applying
the Total Variation method, for which the matrix L in Eq. 5 represents the second order derivative operator
and q = 1 [30]. We follow a similar rationale for modelling the early reflections.

Once the position of the source is obtained, we place a set of point sources around the estimated source
position and calculate the corresponding coefficients via Eq. 5. Since a low number of waves is desired, a
sparse reconstruction framework is chosen (q = 1) [13]. It is worth noting that, even in the case when the
wavefront of a given reflection is planar, this methodology accounts for it by placing the cluster far from the
microphone array.

3.2 Kernel ridge regression
The late part of the RIR is characterised by an increasing number of reflections where a statistical approach
is more suitable for describing the sound field, accounting for its stochastic nature. Rather than modelling
the acoustics in a room as a perfectly diffuse field, a more realistic model is that of a sound field comprised
of coherent plane waves arriving from all directions with random phase. Such a sound field can be described
via Gaussian process regression, where a kernel function κ(r,r′) is to be determined to describe the spatial
covariance [25]. Conveniently, the covariance for isotropic sound fields is well known and presents a closed-
form expression, and at a given frequency is [10]

κ(r,r′) = σ
2 sinkr

kr
, (6)

commonly referred to as the Bessel kernel, where r = ∥r− r′∥ and σ2 is a variance factor.
Once the kernel function is defined, the sound field at the reconstructed points p• can be estimated as as

[31]
p• = KT

MN(KMM +λ I)−1p, (7)



(a) Panoramic view of the classroom.

(b) Sketch of the experimental setup.

Figure 2. Experimental setup or the classroom (V = 175 m3, T30 = 0.6 s). (a) Panoramic view of the room.
Robotic arm and source can be seen on the left and centre. (b) Diagram of the measurement setup. Position
of the source, spherical array and reference line are depicted.

where KMN ∈ RM×N and KMM ∈ RM×M are the Gram matrices for the kernel mapping the M measurement
points with the N reconstruction points, λ is a regularisation parameter, and I ∈ RM is the identity matrix.
Note that Eq. 7 expresses directly the reconstruction p• as a function of the Bessel kernel and the measured
data p, allowing for an efficient interpolation or extrapolation of the sound pressure.

4 RESULTS
4.1 Measurement setup
Experimental measurements were carried out to assess the performance of the proposed model. The room
where the reconstruction method is tested is a classroom of dimensions (6.2,9.4,3.0)m at the Technical
University of Denmark (DTU, Kongens Lyngby, Denmark). As can be seen in Fig. 2, the room is furnished
and therefore contains several scattering elements, such as tables, chairs, whiteboards, among others. One of
the walls is mainly comprised of windows, having a very irregular surface. The averaged reverberation time
is T30 = 0.6 s within the frequency range 125 Hz to 4 kHz.

To perform the reconstruction, a total of 156 room impulse responses were measured uniformly along
the surface of a sphere of radius 25 cm. Additionally, to evaluate the performance of the method, 152 RIRs
were measured along a line of 1.5 m and are used here as the true data. In order to reduce the uncertainty
in the position of the microphones, the measurements were performed using a robotic arm (UR5, Universal
Robots). A 10 s long logarithmic sine sweep was used to measure the RIR, covering the range 20 Hz to



(a) True sound field. (b) Sound field reconstruction via the proposed method.

Figure 3. Sound pressure as a function of time and space along a reconstruction line of 1.5 m. The aperture
of the measurement is depicted with straight black lines (50 cm). (a) True sound field. (b) Reconstruction
using the proposed method.

20 kHz. The signal was sent to a two-way loudspeaker (BM6, Dynaudio), and the microphone used was a
1/2 inch measurement microphone (4192, Höttinger Brüel & Kjær). The sampling rate was set to 48 kHz,
and the background noise was measured every 20 measurements.

4.2 Experimental results
The model represented by Eq. 3 is used to reconstruct the sound field. Around the estimated position of the
source, 25 point sources are distributed in a cube of side 50 cm. The coefficients of the point sources are
obtained under a sparse optimisation framework. For the reflections, 422 point sources are placed in a cube
of side 75 cm.

The results of the reconstruction can be seen in Fig. 3, where the reconstruction covers an aperture of
1.5 m along the x-axis. The maximum frequency reconstructed is 2 kHz for direct sound and early reflections,
and 8 kHz for the kernel ridge regression. The results show the first 25 ms of the RIR reconstruction. It can
be seen that the proposed method reconstructs the sound field reasonably well within the 50 cm measure-
ment aperture. Outside the measurement domain, the proposed method is able to extrapolate the curvature
of the direct sound almost perfectly. Nevertheless, the model faces difficulties with extrapolating the early
reflections. More precisely, the method localises three main early reflections (at approximately 10 ms, 12 ms
and 18 ms), but since the modelling of the equivalent sources is not performed accurately enough the ex-
trapolation is inadequate. This can be improved by extending the number of equivalent sources and refining
the source localisation algorithm. The Bessel kernel predominates from approximately 20 ms onwards, in
agreement with the model of isotropic sound fields described by Eq. 6. Consequently, the kernel is not only
able to interpolate but also to extrapolate fairly planar wavefronts. However, the energy of the reconstruction
decays as the kernel extrapolates the sound field further away from the measurements as predicted from Eq.
6. It is worth noting that since the Bessel kernel presents a closed-form solution, the computation complexity
of the model is significantly lower.

In order to compare the performance of the proposed model with a well-established method, the sound
field is reconstructed using a plane wave expansion (PWE). To be able to compare the two methods within



(a) Reconstruction via plane wave expansion. (b) Normalised Mean Squared Error.

Figure 4. (a) Reconstruction of the sound field using PWE up to 2 kHz. (b) Comparison between the
proposed and PWE models using normalised mean square error (cf. Eq. 8) as a function of time up to
25 ms.

the same range, the reconstruction via PWE is performed up to 2 kHz. Figure 4 (a) depicts the results of the
PWE, where it can be seen that while the interpolation is done successfully, the method fails at extrapolating
the data. Specifically, the direct sound and early reflections are not extrapolated correctly as the physical
structure of the waves is not kept. In Fig. 4 (b) the normalised mean squared error (NMSE) assesses the
performance of the PWE method and the proposed model, measuring the discrepancy between the estimation
and the true value of the sound field. The NMSE is defined as

NMSE =
1
M

M

∑
m=1

∥p−p•∥2

∥p∥2 , (8)

and is commonly expressed in decibels. As Fig. 4 (b) shows, the errors from the proposed and the PWE
models as a function of time are fairly similar, with PWE performing slightly better. In both cases the error
is higher around the direct sound, due to the complexity of the wavefront. Despite higher errors the proposed
model shows promising results for further development, in particular in regards to the extrapolation of data,
where the PWE model fails.

5 CONCLUSIONS
This study proposes a sound field reconstruction method based on the general time structure of the room
impulse response. For the direct sound and early reflections, the reconstruction is cast as an inverse prob-
lem, where the apparent origin of the wave is localised and the wavefront is reconstructed using block-sparse
methods. Experimental results show that the direct sound can be successfully extrapolated, whereas improve-
ments are needed to obtain a faithful extrapolation of the early reflections. For the late part of the impulse
response, the reconstruction is performed relying on isotropic kernel regression, exploiting the stochastic
properties of the increasing number of reflections and reducing the computational load greatly. Though the
results here presented are preliminary, the proposed method provides a simple and intuitive model of the
sound field that shows promising experimental results in realistic room conditions.
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ABSTRACT 
Personal sound zones systems have attracted significant research interest recently due to its broad potential 
applications in car cabins, mobile devices and public spaces etc. Most existing studies focus on optimal 
performance in stationary environments assuming that accurate plant from loudspeakers to microphones are 
known a priori. However, in practical applications, the acoustic environments may change over time and the 
accurate plant may not be available. This paper presents an adaptive personal sound system with online plant 
modeling for non-stationary environments. The control filters are updated based on the filtered-x least mean 
squares algorithm and the plant models are adapted with the recursive least squares algorithm. Simulations 
with measured impulse responses are performed to evaluate the performance of a ten-loudspeaker array for 
the creation of two sound zones. Simulation results demonstrate that an adaptive system with online plant 
modeling converges to the solution with an ideal plant model for both stationary and non-stationary 
environments.  
 
Keywords: Personal audio systems, Personal sound zones, Multizone sound, Online plant modelling 

1. INTRODUCTION 
Personal sound zones systems (1), aiming to generate independent listening zones for multiple 

users in a common physical space, have been studied intensively in the past two decades due to their 
wide ranging applications. Various methods, such as acoustic contrast control (2), pressure matching 
(3), mode matching (4) and variable span linear filtering (5), have been proposed to optimize the 
driving signals of loudspeakers. Optimization of the placement of those loudspeakers has also been 
investigated (6,7). These various approaches focus on performance in stationary environments based 
on the assumption that accurate plant is known a priori. In practice, however, acoustic environments 
may be time-varying, hence adaptive systems are required to track changes in the plant. 

Recently, the Filtered-x Least Mean Squares (FxLMS) algorithm has been explored to adapt 
personal sound systems (8). This paper extends that work to include Online Plant Modeling (OPM) 
for non-stationary environments (9). OPM has been investigated in multichannel Active Noise Control 
(ANC) systems and two main approaches are found in the literature. The first approach involves the 
injection of additional random noise (10) while the second uses control filter output signals directly 
(11). This paper will employ the second approach to avoid interference of the injected noise to 
personal sound systems. It is noted that personal sound systems differ from ANC systems in that the 
microphones measure the reproduced sound only, rather than the error signals. To the best of the 
authors’ knowledge, OPM has not been studied in the context of personal sound systems. This paper 
presents a theoretical formulation of the adaptive personal sound systems with OPM first, and then 
validates the algorithm by simulations with measured impulse responses.  
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2. THEORY 

2.1 Problem formulation 
Figure 1 illustrates a personal sound system with an arc-shaped array of L loudspeakers and two 

control zones, i.e., the bright and dark zones. The input signal x[n] at time instant n is filtered by a K-
tap Finite Impulse Response (FIR) filter wl (l = 1, 2, …, L) before being sent to the l-th loudspeaker 
for reproduction. The filters are designed to generate the bright and dark zones with high and low 
sound pressure levels, respectively. The plant from the l-th loudspeaker to the m-th microphone in the 
bright zone is modelled as a FIR filter hB,ml with a length of J. Similarly, the definition hD,ml is used 
for the plant model to the dark zone.  

 
Figure 1 – Diagram of the personal audio systems 

 
The output signal of the l-th loudspeaker is  
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which can be written in vector form as 

 [ ] [ ]T
l lu n n= x w , (2) 

where x[n] = [x[n], x[n−1], …, x[n−K+1]]T and wl = [wl(1), wl(2), …, wl(K)]T.  
The sound pressure at the m-th microphone in the bright zone is 
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where hml(j) is the j-th coefficient of the acoustic path from the l-th loudspeaker to the m-th 

microphone ( ) ( ) ( ) T
B, B, B, B,0 , 1 , , 1ml ml ml mlh h h J = − h  and ul[n] = [ul[n], ul[n−1], …, ul[n−J+1]]T.  

Substituting Eq. (2) into Eq. (3) yields 
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where X(n) = [x[n], x[n−1], …, x[n−J+1]]T. By vectorizing the sound pressure at all the microphones, 
the sound pressure in the bright zone is 
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where T
B, B,ml ml=r h X are the filtered input signals based on the slow adaptation assumption.   

Similarly, the sound pressure in the dark zone can be written as 
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 [ ]D Dn =p R w  (6) 

with T
D, D,ml ml=r h X being the (m, l)-th element of the matrix DR . 

The cost function of the weighted pressure matching method is 

 ( ) ( ) ( ) ( ){ }T T
B T B T D D1J κ κ= − − + −w p p p p p p , (7) 

where κ is the weighting factor and pT the target sound field in the bright zone, which is defined as  
 T

T T=p H x , (8) 
where HT = [hT,1, hT,2, …, hT,MB]T with hT,m being the target impulse responses from a virtual source 
to the m-th microphone in the bright zone.  

Substituting Eqs. (5), (6) and (8) into Eq. (7) yields  

 ( ) ( ) ( )T T T
B D B B T1J yκ κ κ κ= + − − + +  w w Z Z w w y y w , (9) 

where { }T
B B B=Z R R , { }T

D D D=Z R R , { }T
B B T=y R p and { }T

T T Ty = p p .  
Applying the Stochastic Gradient Descent (SGD) algorithm to Eq. (9), the control filter update 

equation is derived as 

 ( ) ( ) ( ) ( )T T
B B T D D1 1n n µ κ κ + = − − + − w w R p p R p  , (10) 

where µ is the step-size and BR and DR are the estimated filtered reference signals based on the plant 
model for the bright and dark zones, respectively, since true plants are usually not available. Online 
modelling of the plants will be discussed in next section. It is clear that Eq. (10) is a modified 
multichannel FxLMS algorithm with an extra term ( ) T

D D1 κ− R p for sound energy suppression in the 
dark zone. When κ = 1, Eq. (10) degenerates to the standard multichannel FxLMS algorithm for sound 
pressure matching in the bright zone without any control for the dark zone; when κ = 0.5, Eq. (10) is 
equivalent to the standard multichannel FxLMS algorithm for sound pressure matching in both bright 
and dark zones with zero target sound pressure in the dark zone.  

2.2 Online Plant Modeling 
As mentioned above, the plants between the loudspeakers and microphones are changing in non-

stationary environments and accurate plants are not available for control filter update in Eq. (10); 
therefore, online plant modeling based on the Recursive Least-Squares (RLS) algorithm is utilized. 
The block diagram of the system is illustrated in Figure 2, where the FxLMS algorithm (green blocks) 
is used to update the control filters while the two RLS algorithms are employed to model the plants 
from the loudspeakers to the bright (blue blocks) and dark (yellow blocks) zones, respectively.  

In the RLS algorithms, the control filter outputs are used as the inputs while the differences 
between the microphone measurements and the modelled results are used as the error signals. The cost 
function for the plant model from the loudspeakers to the m-th microphone in the bright zone is defined 
as (12) 
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where λ and δ are the forgetting factor and regularization parameter, respectively, 
T T T T

B, B, 1 B, B,[ , ..., , ..., ]m m ml mL=h h h h     , and [ ] [ ] [ ] [ ] TT T T
1 , ..., , ...,l Ln n n n =  u u u u  . Following the RLS derivation 

process (12) and collocating the update equations for different microphones, the bright zone plant 
model is updated via 

 [ ] [ ] [ ] [ ]H
B B B1 1n n n n= − + −H H k ξ  , (12) 

where
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with the matrix Q being updated as 

 [ ] [ ] [ ] [ ] [ ]1 11 1Hn n n n nλ λ− −= − − −Q Q k u Q . (14) 

It has been shown in (13) that, as long as the control filter coefficients w are not all zeros, BH

will converge to the true plant BH . A similar procedure can be followed to update the plant model for 
the dark zone, i.e., 

 [ ] [ ] [ ] [ ]H
D D D1 1n n n n= − + −H H k ξ  , (15) 

where [ ] [ ] [ ] [ ]D D D 1n n n n= − −ξ p H u . It is noted that the control filter output u[n], the matrix Q[n], 
and the intermediate vector k[n] are independent of the microphone positions and hence are the same 
for both the bright and dark zones.   

 
Figure 2 – Block diagram of the adaptive weighted pressure matching method 

 
The complete algorithm for adaptive personal sound zone systems with online plant modeling is 

illustrated in Figure 2 and summarized in Table 1.  
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Table 1 – Algorithm for adaptive personal sound zone systems with online plant modeling 

Initialization 
[ ] [ ]0 1, 0, ..., 0 T

l =w for l = 1, 2, …, L;  

[ ]B 0 =H 0 ; [ ]D 0 =H 0 ; [ ] 10 δ −=Q I . 

Control filter update Step 1 Update the control filters based on Eq. (10); 

Online plant modeling 

Step 2 Update k[n] according to Eq. (13); 

Step 3 Update bright zone plant model based on Eq. (12);  

Step 4 Update dark zone plant model based on Eq. (15); 

Step 5 Update the matrix Q according to Eq. (14); 

 Step 6 Repeat Steps 1 – 5. 

3. SIMULATIONS 

3.1 System Setup 
Simulations with measured room impulse responses were performed to validate the proposed 

algorithm for both fixed and time-varying plants. The system setup is shown in Figure 3, where ten 
loudspeakers are placed along an arc with a radius of 1.5 m to create two listening zones that are 
separated by 0.8 m. The interval distance between loudspeakers is 0.15 m. Eight microphones with an 
interval of 0.04 m are used in both the bright and dark zones. The microphones are moved from 
Position 1 to Position 2 to investigate the tracking performance of the algorithm for non-stationary 
plants. 

 
Figure 3 – Simulation system setup.  
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Figure 4 – Photos of (a) the loudspeaker array and (b) the microphone array (not to scale). 
 

The impulse responses were measured in the hemi-anechoic chamber at UTS Tech Lab, with sound 
absorbent materials on the ground, as depicted in Figure 4. In the experiment, sixty loudspeakers were 
uniformly placed along a circular truss (Figure 4(a)) and an 8 × 8 array of 64 microphones (Figure 
4(b)) were used in both the bright (green square in Figure 4(a)) and dark (red square in Figure 4(a)) 
zones to measure the impulse responses. However, only the impulse responses from ten loudspeakers 
that are within the yellow rectangles in Figure 4(a) to eight microphones that are within the red 
rectangles in Figure 4(b) were used in the simulations to reduce computational burden. The impulse 
responses were measured at a sampling rate of 48 kHz but were down sampled to 4 kHz for the 
simulations in this paper. 

In the simulations, the target impulse responses were a delayed version of the impulse responses 
from the center loudspeaker (the 5-th loudspeaker from left in the yellow rectangle in Figure 4(a)) to 
the bright zone. The filter length is 128 for all the impulse responses, plant models and control filters 
in the simulations. The step size in the FxLMS algorithm for control filter update is µ = 0.001. The 
forgetting factor and regularization parameter in the RLS algorithm for the online plant modeling are 
λ = 0.99995 and δ = 10-5, respectively. The input signals are bandpass (100 Hz – 1 kHz) filtered white 
Gaussian noise. 

3.2 Evaluation metrics 
The performance of the algorithm is evaluated based on two metrics, i.e., the Mean Square Error 

(MSE) in the bright zone and the Acoustic Contrast (AC) between the bright and dark zones, which 
are defined as 
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respectively. 

3.3 Simulation Results 
Simulations for the stationary case, with the bright and dark zones fixed at Position 1, are 

performed first, and the results for ideal plant model and OPM are compared in Figure 5. Figure 5(a) 
and (b) show that, for the ideal plant model (accurate plants are used for control filter update), the 
MSE decreases and the AC increases with time as the algorithm converges, consistent with 
expectations. In addition, as the weight factor κ increases, both the MSE and AC decrease, meaning a 
better sound quality in the bright zone but lower sound energy suppression in the dark zone. This 
agrees with the designed cost function in Eq. (9). At a time of 100 s, the MSEs are approximately 
−16 dB (κ = 0.2), −19 dB (κ = 0.5) and −20.5 dB (κ = 0.8), and the AC are 18 dB (κ = 0.2), 16.5 dB 
(κ = 0.5) and 13 dB (κ = 0.8), respectively. Similar results can be observed in Figure 5(c) and (d) for 
the online plant modeling algorithm. It is clear that, without any a priori knowledge of the plant, the 
algorithm converges to the optimal solution although the convergence is slow over the first few 
seconds.  

The results in Figure 5 demonstrate the convergence of the proposed algorithm in stationary 
environments. To investigate the performance in non-stationary environments, the microphones were 
placed at Position 1 initially, and then moved to Position 2 at a time point of 30 s. This is similar to 
head movement or seat adjustment in car cabins or home theatres. The results for κ = 0.5 without and 
with OPM are shown for comparison in Figure 6. It is clear that the algorithm without OPM diverges, 
with the MSE approaching infinity and the AC becoming around 0. In contrast, with OPM, the 
personal sound system tracks the changes in the plant and adapts to the new environment with 
satisfactory performance in terms of both MSE and AC. Similar results are obtained for other values 
of κ but are not shown here for brevity. 
 

 
Figure 5 – (a) MSE and (b) AC for ideal plant model; (c) MSE and (d) AC for OPM. 
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Figure 6 – Comparison of (a) MSE and (b) AC for the adaptive personal sound systems without and 

with OPM when κ = 0.5.  
 

The above results demonstrate the efficacy of the proposed adaptive personal sound system with 
online plant modeling for non-stationary environments. However, several challenges need to be 
tackled before the systems can be deployed for practical applications. Firstly, in practice, it may be 
infeasible to place the monitoring microphones near the listeners’ ears, hence remote sensing (14) or 
virtual sensing (15) techniques may be required for sound acquisition. Secondly, the computational 
burden of the multichannel FxLMS and RLS algorithms are too high for real time processing; therefore, 
computationally efficient adaptive algorithms are desirable for practical applications. Finally, 
algorithms with faster convergence properties are needed to reduce audible interference when the 
acoustic environments change. These issues will be further investigated in the future.    

4. CONCLUSIONS 
This paper presents an adaptive personal sound system with online plant modeling for non-

stationary environments, where the FxLMS algorithm is used for control filter update and the RLS 
algorithm for plant model adaptation. Simulation results with measured impulse responses for a ten-
channel system demonstrate that the proposed system works well in both stationary and non-stationary 
environments. Future work will investigate computationally efficient adaptive algorithms with faster 
convergence speed for multichannel personal sound systems and employ remote sensing and head-
tracking techniques for listener position tracking.  
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ABSTRACT
Parametric array loudspeakers (PALs) are known for their ability of generating highly directional sound beams.
Existing research focuses on the generated sound field in free field but pays little attention to the wave prop-
agation in a room. This paper aims to investigate the audio sound generated by a PAL in a two-dimensional
rectangular room with lightly damped walls. An expression of the audio sound is derived first based on the
normal mode analysis and the quasilinear solution of the Westervelt equation. The nonlinear local effects are
then included by adding an algebraic correction to the solution. The simulation results are presented and com-
pared to the audio sound field generated by a PAL in free field. Unlike the PAL in free field, it is found that the
local effects cannot be neglected when the PAL is placed in a room. It is also observed that the audio beam still
focuses along the radiation axis of the PAL in a room albeit there are fluctuations in the propagating direction.

Keywords: Parametric array loudspeaker, Directional sound beams, Modal analysis, Room acoustics

1 INTRODUCTION
Parametric array loudspeakers (PALs) have been widely used in many audio applications due to their ability
of generating highly directional audio beams at low frequencies (1). In recent years, their applications have
been explored in areas such as active noise control (2) and multi-beam design (3, 4). When a PAL generates
two intensive ultrasonic beams at two different frequencies, the audio sound at the difference frequency is
demodulated due to the nonlinear interaction between the beams. Extensive literatures have been published to
investigate the propagation of sound waves generated by a PAL in free field (5, 6). The audio sound field
generated by a PAL in free field is quite different from that generated by a conventional dynamic loudspeaker
due to the nonlinear nature of PALs (6). PALs might be used in a room (7), yet little publication was found
concerning on modelling sound generated by a PAL in a room. This will be addressed in this paper.

The generation of the audio sound from ultrasonic waves is a complicated process, so that the governing
equation is more difficult to solve than that for a linear radiation problem. Because the ultrasound level gener-
ated by a PAL is limited due to safety concerns, the nonlinearity is weak and the quasilinear approximation can
be assumed to simplify the calculations (1). Under this framework, the audio sound can be considered as the
linear radiation from a volume source with its source density proportional to the product of ultrasound pressure
(6). Based on the quasilinear solution, many numerical models have been proposed to predict the audio sound
in free field, such as the Gaussian beam expansion (8), the spherical wave expansion (9), and the convolution
model (10). For the sound propagation in a room, the modal analysis was a classical model to obtain the sound
field (11). However, it has not been used to model the sound generated by a PAL in a room.

In this paper, the quasilinear solution based on the Westervelt equation is presented first. An algebraic
correction is used to correct the obtained solution to include the local effects which are found to be significant
in the near field (12). The ultrasound field in a two-dimensional (2D) rectangular room with lightly damped
walls is derived using the normal mode expansion. The audio sound is then obtained by substituting the normal
mode expansion into the quasilinear solution. Numerical results are presented and discussed.
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2 METHODS
Figure 1 shows the physical model to be investigated in this paper. A PAL is modelled by a line source with
a half-width of a, and is placed in a 2D rectangular room with dimensions of S = Lx ×Ly. A rectangular
coordinate system Oxy is established with its origin at the left corner. The centroid of the PAL is located at
ρs = (xs,ys). The radiation direction of the PAL is determined by a vector ns = (ns,x,ns,y). For example, the
vector ns = (0,1) means the radiation direction is in the positive y axis. The walls are denoted by ∂S and it
is assumed that they have a normalized specific acoustic admittance of χ(ρ) at the location ρ = (x,y). The
PAL is assumed to generate two ultrasonic waves at frequencies of f1 and f2 ( f1 < f2), and the audio sound
generated is at the frequency of fa = f2 − f1.

y

x

O

Lx

Ly

2a

ρs

y′x′

O′
ns

PAL

Figure 1. Sketch of a PAL in a 2D rectangular room.

2.1 Quasilinear solution
The radiation of sound from a PAL is governed by the Westervelt equation (5, 6)

∇2 p− 1
c2

0

∂ 2 p
∂ t2 =− δ

c2
0

∇2 ∂ p
∂ t

− β
ρ0c4

0

∂ 2 p
∂ t2 , (1)

where p is the sound pressure, δ is the sound diffusivity parameter, β = 1.2 is the nonlinearity coefficient in
air, ρ0 is the air density, c0 is the sound speed in air, and t is the time.

By using the quasilinear approximation and the successive method, the Westervelt equation can be de-
composed into two coupled linear wave equations. Under this framework, the ultrasound field is solved as
the linear radiation from an ultrasonic source. The audio sound field is generated by a virtual source with
the source density proportional to the product of ultrasound pressure, which reads (5, 6)

qa(ρv) =
βka

iρ2
0 c3

0
p∗1(ρv)p2(ρv), (2)

where i is the imaginary unit, ρv = (xv,yv) are the coordinates of the virtual source point, the superscript
“∗” denotes the complex conjugate, ka is the wavenumber of audio sound, and pi(ρv) denotes the ultrasound
pressure at ρv and frequency of fi with the ultrasound index i = 1,2. The audio sound pressure at a field
point ρ= (x,y) based on the Westervelt equation is obtained as (13)

pa(ρ) =
ρ0c0ka

4

∫∫
S

q(ρv)H0(ka|ρ−ρv|)d2ρv, (3)

where H0(·) is the first kind Hankel function of order 0. The local effects cannot be captured in Westervelt
equation given by Eq. (1), which can be included by adding an algebraic correction to Eq. (3) (12)

p̃a(ρ) = pa(ρ)−
[

ρ0

2
v∗1(ρ) ···v2(ρ)−

(
ω1

ω2
+

ω2

ω1
−1

)
p∗1(ρ)p2(ρ)

2ρ0c2
0

]
, (4)

where ωi = 2π fi is the angular frequency, and vi(ρ) is the particle velocity of ultrasound at the frequency of
fi. It can be obtained by using the linear relation to the ultrasound pressure as

vi(ρ) =
∇pi(ρ)

iρ0c0ki
. (5)



2.2 Ultrasound field
The ultrasound pressure in a 2D rectangular room with lightly damped walls can be obtained by using the
normal mode expansion as (14)

pi(ρ) =
∞

∑
mi=0

ψmi(ρ)Qmi(ρs,ψ)

Λmi(k
2
i − k2

mi
+ ikiDmi)

, (6)

where ki is the wavenumber at the frequency fi, the eigenfunctions are

ψmi(ρ) = cos
(
kmi,x x

)
cos

(
kmi,yy

)
, (7)

with kmi,x = mi,xπ/Lx,kmi,y = mi,yπ/Ly, mi denotes the index set of mi,x and mi,y, k2
mi

= k2
mi,x

+ k2
mi,y

Λmi ≡
∫∫

S
|ψmi(ρ)|

2d2ρ=
S

εmi

, (8)

Dmi ≡
1

Λmi

∫
∂S

χ(ρ)|ψmi(ρ)|
2dρ, (9)

εmi = εmi,x εmi,y is the Neumann factor, the modal source function is

Qmi(ρs,ψ) = iρ0c0ki

∫∫
S

qi(ρs,ρ)ψmi(ρ)d
2ρ, (10)

and qi(ρs,ρ) is the source density at the frequency fi.
The particle velocity for ultrasound required in Eq. (4) can be obtained by substituting Eq. (6) into Eq. (5)

vmi,x(ρ) =
1

iρ0c0ki

∞

∑
mi=0

−kmi,x sin
(
kmi,x x

)
cos

(
kmi,y y

)
Qmi(ρs,ψ)

Λmi(k
2
i − k2

mi
+ ikiDmi)

vmi,y(ρ) =
1

iρ0c0ki

∞

∑
mi=0

−kmi,y sin
(
kmi,yy

)
cos

(
kmi,x x

)
Qmi(ρs,ψ)

Λmi(k
2
i − k2

mi
+ ikiDmi)

.

(11)

For further calculation, it is convenient to rewrite Eq. (6) as

pi(ρ) =
∞

∑
mi=−∞

ϕmi(ρ)Qmi(ρs,ψ)

S(k2
i − k2

mi
+ ikiDmi)

, (12)

where we define the exponential function set

ϕmi(ρ)≡ exp(ikmi ···ρ) = exp
[
i(kmi,x x+ kmi,yy)

]
. (13)

Alternatively, Eq. (6) can be rewritten as

pi(ρ) =
∞

∑
mi=−∞

ψmi(ρ)Qmi(ρs,ϕ)
S(k2

i − k2
mi
+ ikiDmi)

, (14)

where the modal source function given by Eq. (10) is revised to

Qmi(ρs,ϕ)≡ iρ0c0ki

∫∫
S

qi(ρs,ρ)ϕ ∗
mi
(ρ)d2ρ. (15)

2.3 Audio sound field
The source density for audio sound in a 2D rectangular room is obtained by substituting Eq. (12) into Eq. (2)

qa(ρv) =
βka

iρ2
0 c3

0

∞

∑
m1,m2=−∞

Q∗
m1
(ρs,ψ)Qm2(ρs,ψ)ϕ ∗

m1
(ρv)ϕm2(ρv)

S2(k2
1 − k2

m1
+ ik1Dm1)

∗(k2
2 − k2

m2
+ ik2Dm2)

. (16)

The audio sound pressure can be expanded similar to the modal expansion given by Eq. (14)

pa(ρ) =
∞

∑
ma=−∞

ψma(ρ)Qma(ρs,ϕ)
S(k2

a − k2
ma + ikaDma)

, (17)



where ψma(ρ) has the same form given by Eq. (7), ma denotes the index set of ma,x and ma,y, kma,x =

ma,xπ/Lx, kma,y = ma,yπ/Ly, k2
ma = k2

ma,x +k2
ma,y , and the modal source function for the audio sound is obtained

by Eq. (15)

Qma(ρs,ϕ) = iρ0c0ka

∫∫
S

qa(ρv)ϕ ∗
ma(ρv)d2ρv. (18)

Substituting Eq. (16) into Eq. (18) yields

Qma(ρs,ϕ) =
βk2

a

ρ0c2
0

∞

∑
m1,m2=−∞

Q∗
m1
(ρs,ψ)Qm2(ρs,ψ)I(m1,m2,ma)

S(k2
1 − k2

m1
+ ik1Dm1)

∗(k2
2 − k2

m2
+ ik2Dm2)

, (19)

where the integral can be calculated analytically

I(m1,m2,ma)≡
1
S

∫∫
S

ϕ ∗
m1
(ρv)ϕm2(ρv)ϕ ∗

ma(ρv)d2ρv = δm2,m1+ma , (20)

with the Kronecker delta function δm,n = 1 when m = n and δm,n = 0 otherwise. Then Eq. (19) reduces to

Qma(ρs,ϕ) =
βk2

a

ρ0c2
0

∞

∑
m1=−∞

Q∗
m1
(ρs,ψ)Qm2(ρs,ψ)

S(k2
1 − k2

m1
+ ik1Dm1)

∗(k2
2 − k2

m2
+ ik2Dm2)

, (21)

with m2,x = m1,x +ma,x and m2,y = m1,y +ma,y.
Equation (17) is the main result of this paper, which represents the audio sound pressure generated by a

PAL in a 2D rectangular room. In Eq.(17), the eigenfunctions ψma(ρ) is obtained by Eq. (7), and the modal
source function Qma(ρs,ϕ) is calculated by Eq. (21). The substitution of Eqs. (17), (6), and (11) into Eq. (4)
yields the more accurate predictions of the audio sound pressure containing the local effects,

2.4 Modal source function
To obtain the sound field, the modal source function for the ultrasound given by Eq. (10) is required to
calculate. Many literatures have given the explicit form of the modal source function for a point source (14),
but paid little attention for a line source as shown in Fig. 1, so it will be derived in this subsection. The
source density of the line source can be presented under the primed coordinates O′x′y′ as

qi(ρs,ρ) =
Q0

2a
Π
(

x′

2a

)
δ (y′), (22)

where Q0 is a constant with the unit of m2/s, the denominator 2a is to ensure the line source has a total
surface velocity of Q0, δ (y′) is the Dirac delta function, the rectangle function Π(ζ ) = 1 when −1/2 < ζ <
1/2, and Π(ζ ) = 0 otherwise.

The primed axes x′y′ in Fig. 1 can be seen as rotating the unprimed axes xy counterclockwise through
an angle ϑs = atan2(ns,x,ns,y) followed by a translation of ρs. Therefore, the coordinates of a point in the
primed system ρ′ = (x′,y′) can be represented by the coordinates in the unprimed one ρ= (x,y) by

ρ′ = R(ϑs)(ρ−ρs), (23)

where the elementary rotation matrix is

R(ϑs) =

cosϑs −sinϑs

sinϑs cosϑs

. (24)

The substitution of Eq. (24) into Eq. (23) yields the explicit relations{
x = x′ cosϑs + y′ sinϑs + xs

y =−x′ sinϑs + y′ cosϑs + ys.
(25)

The modal source function is then calculated by substituting Eq. (25) into Eq. (10)

Qmi(ρs,ψ) =
iρ0c0kiQ0

2a

∫ 0+

0−

∫ a

−a
cos

[
kmi,x(x

′ cosϑs + y′ sinϑs + xs)
]

× cos
[
kmi,y(−x′ sinϑs + y′ cosϑs + ys)

]
δ (y′)dx′dy′,

(26)



which has a closed form with some straightforward derivations

Qmi(ρs,ψ) =
iρ0c0kiQ0

2
{

cos
(
kmi,x xs + kmi,y ys

)
sinc

[
(kmi,x cosϑs − kmi,y sinϑs)a

]
+ cos

(
kmi,x xs − km,yys

)
sinc

[
(kmi,x cosϑs + kmi,y sinϑs)a

]}
,

(27)

where sinc(ζ )≡ sin(ζ )/ζ is the sinc function. For a special case with ns = (0,1), Eq. (27) reduces to

Qmi(ρs,ψ) = iρ0c0kiQ0 sinc(kmi,x a)ψmi(ρs). (28)

3 Simulations
In the following simulations, the average ultrasound frequency fu = ( f1 + f2)/2 is set to 40kHz. The audio
sound frequency is set to fa = 1kHz. The sound attenuation coefficients due to the atmospheric absorption
are calculated according to ISO 9613 with a temperature of 20◦C and a relative humidity of 70% (15). The
half-width of the source is set to a = 5cm. The surface velocity amplitude is set to Q0 = 0.01m2/s and
Q0 = 2×10−5 m2/s for the PAL and the conventional dynamic loudspeaker, respectively. The dimensions of
the room are Lx ×Ly = e/π× 1m2. The sound field generated by a PAL in free field is obtained using the
cylindrical wave expansion method (13). The normalized specific acoustic admittance is set to a constant
χ(ρ) = 0.01 at all frequencies.

Figure 2 compares the linear sound field generated by a line source in free field and in the 2D rectangular
room, where Fig. 2(c) represents the audio sound field generated by a conventional dynamic loudspeaker in
a room. It is clear that the ultrasound waves at 40 kHz are highly directional in free field, since the aperture
size (5cm) is much larger than the ultrasound wavelength (8.6mm). In the rectangular room, it is shown in
Fig. 2(b) that the major energy of the ultrasound waves is still focused around the radiation axis x = Lx/2.
This is because the side length in the x direction, Lx, is much larger than the ultrasound wavelength, so that
the walls at x = 0 and x = Lx have little effects. However, many local peaks and valleys are presented in the
sound pressure level (SPL) in the y direction, which is resulted from the multiple reflections of the walls at
y = 0 and y = Ly. At the audio frequency of 1kHz, it can be observed in Fig. 2(c) that there are fluctuations
and no directional beams are presented.
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Figure 2. (a) Sound field at 40kHz in free field with the source centroid at ρs = (Lx/2,0). Sound field at
(b) 40kHz and (c) 1kHz in the rectangular room with the source centroid at ρs = (Lx/2,0.1m).

Figure 3 compares the audio sound field at 1 kHz generated by a PAL in free field and in the rectangular
room. As expected, the audio sound field is highly directional in free field even the aperture size (5cm)
is much smaller than the audio wavelength (34.3cm). In the rectangular room, it is found in Fig. 3(e) that
the audio sound appears to be still directional despite some fluctuations in the y axis direction. The distance
between adjacent peaks (or valleys) is found to be around half wavelength of the audio sound (17.15cm). By
comparing to the sound of a conventional loudspeaker in a room as shown in Fig. 2(c), it is clear that the
advantage of generating directional audio beams is retained for a PAL in a room. It is also found in the top
row of Fig. 3 that the SPL difference with and without local effects is negligible except at some locations
close to the PAL. This is the reason why most literatures use the Westervelt equation to model the PAL in
free field, which is simpler but does not include the local effects (6, 12). However, the SPL difference is
significant in the full field when the PAL is placed in a rectangular room as shown in Fig. 3(f). This means
the local effects cannot be neglected when modelling the PAL in an enclosure, so the following results are
presented with local effects.

Figure 4 shows the sound field generated by a PAL and a conventional loudspeaker when the source
centroid is moved close to the left corner of the room. It is observed in Fig. 4(a) that the major part of
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Figure 3. Audio SPL generated by a PAL at 1 kHz. Top row, in free field and ρs = (Lx/2,0); bottom row,
in a rectangular room and ρs = (Lx/2,0.1m); left column, without local effects; middle column, with local
effects; right colulmn, SPL difference with and without local effects.
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Figure 4. (a) Ultrasound field at 40kHz and (b) audio sound field at 1kHz generated by a PAL in a room.
(c) Audio sound field at 1kHz generated by a conventional loudspeaker in a room. The line source centroid
is located at ρs = (0.1m,0.1m) and the radiation direction ns = (0,1).
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Figure 5. (a) Ultrasound field at 40kHz and (b) audio sound field at 1kHz generated by a PAL in a room.
(c) Audio sound field at 1kHz generated by a conventional loudspeaker in a room. The line source centroid
is located at ρs = (0.1m,0.1m) and the radiation direction is ns = (0.3,1).



ultrasound waves is located below x = Lx/2. By comparing Fig. 4(b) to Fig. 3(e), it is clear that audio sound
beam is focused on the radiation direction and the SPL is relatively low above x = Lx/2. However, the audio
sound field generated by a conventional loudspeaker as shown in Fig. 4(c) does not present any directional
beams in the radiation direction.

Figure 5 shows the sound field generated by a PAL and a conventional loudspeaker when the line source
is not perpendicular to the walls. It can be observed in Fig. 5(a) that the ultrasound waves propagate roughly
along the radiation axis and reflect after impinging the walls. Consequently, the audio sound field presented
in Fig. 5(b) appears to be still directional in the radiation direction, but with some fluctuations in space.
However, the audio sound generated by a conventional loudspeaker shown in Fig. 5(c) is similar to that
shown in Fig. 4(c) indicating that the sound field is insensitive to the radiation direction. It is clear that the
room has large effects on the radiation of PAL, but in a different way with that on conventional loudspeakers.

4 CONCLUSIONS
An analytical model is developed in this paper to obtain the audio sound field generated by a PAL in a
2D rectangular room with lightly damped walls based on the quasilinear solution and the normal mode
expansion. The PAL is modelled by a line source with a finite length and the numerical results are presented
and discussed. The results show that the nonlinear local effects are significant in the room which is only
observed in the near field when a PAL is placed in free field. This means the nonlinear local effects must
be taken into account when modelling the sound generated by a PAL in a room. The simulation results
also show that the audio sound field generated by a PAL is still directional in a room. However, the sound
pressure level experiences fluctuations along the propagation direction due to the multiple reflections between
walls. The model and results presented in this paper bring new insights for the audio applications of using
PALs in a room. Although the audio sound is solved in a 2D rectangular room in this paper, the theory can
be readily extended for the three-dimensional case which will be investigated in future.
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ABSTRACT
Spectral enhancement methods have been widely used for noise and reverberation suppression, which how-

ever most of time result in speech distortions. As demonstrated in recent works for noise suppression, the per-
formance in terms of the trade-off between noise reduction and speech distortion can be improved by exploiting
the inter-frame correlation. In this paper, we propose to incorporate the inter-frame correlation into reverbera-
tion suppression, based on the assumption that late reverberation is uncorrelated to the desired speech signal.
Firstly, we present the inter-frame correlation model of the multi-channel noisy-reverberant signals, which are
separated into the components of the desired signal, uncorrelated late reverberation and noise. Secondly, we dis-
cuss the multi-channel filters for reverberation suppression by exploiting the inter-frame correlation. The power
spectral density of late reverberation and noise are estimated separately to design the final suppression filter.
As shown in the experimental results, the proposed method can reduce the speech distortion while maintaining
robust performance in terms of reverberation suppression in the reverberant and noisy scenarios.

Keywords: Coherent-to-diffuse power ratio (CDR), spectral enhancement, inter-frame correlation, rever-
beration suppression

1 INTRODUCTION
In acoustic environment, speech signals picked up by distant microphones are often distorted by both room

reverberation and background noise. Reverberation, which is the process of multi-path propagation of an acous-
tic signal from its source to one or more microphones inside a room, typically has detrimental effects to the
speech quality and intelligibility [1]. The received signal generally can be divided into three parts, i.e., the
direct sound, early reflections and late reverberation [2]. Early reflections mainly contribute to spectral coloura-
tion, while late reverberation changes the temporal waveform. Therefore, the speech fidelity and intelligibility
are mostly degraded by late reverberation [3].

A number of dereverberation algorithms utilizing signal processing techniques to mitigate the detrimental
effect of late reverberation have been developed. Broadly, these methods can be classified into four basic cate-
gories: channel equalization based methods [4], suppression based methods [2, 5, 6], spatial processing [7], and
linear prediction [1, 8, 9]. Among these approaches developed in the literature, the one based on multichannel
spectral enhancement has demonstrated great potential for joint reverberation and noise suppression [4, 10]. By
treating the late reverberation as uncorrelated noise, this method first estimates late reverberation spectral vari-
ance (LRSV) and noise spectral variance, and then designs the suppression filter to suppress late reverberation
and noise, respectively.

In terms of noise suppression, the work in [11] developed a single-channel minimum variance distortionless
response (MVDR) filter that exploits the inter-frame correlation of speech short-time-Fourier-transform (STFT)
coefficients. The algorithm improves signal-to-noise ratio (SNR) and also avoids speech distortion. Based on
the same principle, the MVDR filter that exploits multi-frame signal correlation is proposed for echo suppresion
[12].
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In this paper, we consider the late reverberation as an independent additive component, and we propose to
exploit the inter-frame correlation into reverberation modelling and suppression. An MVDR filter is designed
for reverberation suppression while maintaining speech intelligibility by reducing the speech distortion. In con-
clusion, firstly, we present the inter-frame correlation model of the noisy-reverberant signals, which are divided
into the components of the desired signal, uncorrelated late reverberation and noise, respectively. Secondly,
the design of the MVDR filters for reverberation suppression is addressed by utilizing inter-frame correlation.
Thirdly, the practical implementation for estimating the correlation coefficients and design parameters are given.

The rest of this paper is organized as follows. Section 2 describes the signal model and formulates the
problem. The MVDR filter employing the inter-frame correlation for reverberation suppression is derived in
Section 3. In Section 4, the implementation of the proposed algorithm in practical is discussed. Performance
evaluation is presented in Section 5. The conclusion follows in Section 6.

2 SIGNAL MODEL AND PROBLEM FORMULATION
We consider the scenario in which one source is present inside a reverberant room, an M-element mi-

crophone array captures the signal with uncorrelated noise. The received signal at the mth (m = 1,2, · · · ,M)
microphone is expressed as

ym(t) = hm(t)∗ s(t)+ vm(t)

=
Ld−1

∑
l=0

hm(t)S(t− l)+
Lh−1

∑
l=Ld

hm(t)S(t− l)+ vm(t)

= dm(t)+ rm(t)+ vm(t),

(1)

where ym(t) and s(t) is the observed signal and source speech signal, respectively, hm(t) denotes the acoustic
impulse response from the source to the mth microphone. The received signal is divided into three parts, i.e.,
dm(t) the direct signal plus early reflections, rm(t) the late reverberation, and vm(t) the addtive noise at the mth
microphone. It is assumed that vm(t) is a zero-mean random process. The time-index Ld and Lh denotes the
length of the early reflections and late reverberation, respectively. Here, t denotes the discrete-time index, ∗
stands for the linear convolution operation.

In the STFT domain, as the STFT analysis window is shorter than the length of the acoustic impulse re-
sponse, we adopt the convolutive transfer function (CTF) model, then the received signals can be approximated
as [13]

Ym(n,k) =
Lh−1

∑
l=0

Hm(n,k)S(n− l,k)+Vm(n,k)

=
Ld−1

∑
l=0

Hm(n,k)S(n− l,k)+
Lh−1

∑
l=Ld

Hm(n,k)S(n− l,k)+Vm(n,k)

= Dm(n,k)+Rm(n,k)+Vm(n,k),

(2)

where n is the time-frame index, k is the frequency-bin index, Hm(l,k) is the counterpart of hm(k) of length Lh
in the STFT domain. Ym(n,k), S(n,k), Dm(n,k), Rm(n,k) and Vm(n,k) are the STFT domain representation of
ym(t), s(t), dm(t), rm(t) and vm(t), respectively. The desired signal in the STFT domain is the direct sound plus
early reflections. It is assumed that the desired signal of the current frame is correlated with the desired signal
in the previous frame and uncorrelated with the late reverberation and noise in the previous frame.

By taking the inter-frame correlation into account, the estimate of the desired signal is obtained by applying
a filter to the observation signal vector of length C which consist of the signal in the current frame and C−1
previous frames, i.e.,

D̂(n,k) =
C−1

∑
c=0

W ∗c (n,k)Ym(n− c,k)

= wH(n,k)y(n,k),
(3)



where w(n,k) = [W0(n,k) · · ·WC−1(n,k)]T , y(n,k) = [Ym(n,k) · · ·Ym(n−C+ 1,k)]T are vectors of length C. (·)T ,
(·)H and (·)∗ denote the transpose, transpose conjugate and complex conjugate operation, respectively.

Orthogonal signal decomposition by exploiting the inter-frame correlation has been successfully applied to
many applications, such as noise reduction [11, 14] and echo suppression [12]. In this paper, the observed
signal vector y(n,k) is decomposed into two orthogonal parts, i.e., dd(n,k), which is correlated with the desired
signal, and dy

′(n,k), which is considered as interference and uncorrelated with the desired signal. The relation
is further represented with respect to the desired signal of the current frame D(n,k) which is shorthand for
Dm(n,k) [15–17], that is

y(n,k) = dd(n,k)+d′y(n,k) = D(n,k)γ∗D(n,k)+y′(n,k), (4)

where

γD(n,k) = [γD(n,k,0) · · ·γD(n,k,C−1)]T =
E [D(n,k)y∗(n,k)]

E
[
|D(n,k)|2

] , (5)

is the correlation vector of length C between D(n,k) and y(n,k). And γD(n,k,c) is the correlation coefficient
between the desired signal D(n,k) in the current frame and the observed signal Ym(n− c,k) in the previous
frame. That is,

γD(n,k,c) =
E [D(n,k)Y ∗m(n− c,k)]

E
[
|D(n,k)|2

] . (6)

And the vector of dd(n,k), dy
′(n,k) can be written as

dd(n,k) = [Dd(n,k) · · ·Dd(n−C+1,k)]T , (7)

dy
′(n,k) =

[
DY
′(n,k) · · ·DY

′(n−C+1,k)
]T

= d′(n,k)+dr
′(n,k)+dv

′(n,k)

= y(n,k)−D(n,k)γ∗D(n,k),

(8)

where the latter consists of d′(n,k) that is uncorrelated with the desired signal D(n,k), the reverbearant compo-
nent dr

′(n,k), and the noise component dv
′(n,k), respectively.

Equation (4) builds the relationship between the desired signal and the observations. From (3) and (4), the
estimate of D̂(n,k) can be obtained by applying a filter wH , that is

D̂(n,k) = wH(n,k)y(n,k)

= wH(n,k)
[
dd(n,k)+dy

′(n,k)
]

= D(n,k)wH(n,k)γ∗D(n,k)+wH(n,k)dy
′(n,k)

= Dfd(n,k)+Dri(n,k),

(9)

where Dfd(n,k) is the filtered desired signal, and Dri(n,k) is the residual reverberation plus noise interference.
Based on (8), Dri(n,k) can be written as

Dri(n,k) = wH(n,k)dy
′(n,k)

= wH(n,k)
[
d′(n,k)+dr

′(n,k)+dv
′(n,k)

]
= D(n,k)wH(n,k)γ∗D(n,k)+wH(n,k)dy

′(n,k).

(10)

3 DESIGN OF MVDR FILTER
In order to design the filter which makes Dfd(n,k) approaching D(n,k) and in the same time minimizing

Dri(n,k), we first define the error signal between the estimated and desired signal

e(h,k) = D̂(n,k)−D(n,k) = ed(n,k)+ er(n,k), (11)



where
ed(n,k) = Dfd(n,k)−D(n,k) (12)

er(n,k) = Dri(n,k) (13)

The mean-square error (MSE) is define as follows,

E
[
|e(n,k)|2

]
= E

[
|ed(n,k)|2

]
+E

[
|er(n,k)|2

]
= σ

2
D
∣∣wH(n,k)γ∗D(n,k)−1

∣∣2 +wH(n,k)Φinw(n,k),
(14)

where σ2
D = E

[
|D(n,k)|2

]
is spectral variance of the desired signal. Φin is the interference covariance matrix,

which can be written as
Φin = Φd′ +Φdr

′ +Φdv
′ . (15)

Then, we derive the MVDR by minimizing the MSE of the residual reverberation-plus-noise interference,
E
[
|er(n,k)|2

]
, with the constraint that the desired signal is not distorted. The mathematical expression is for-

mulated as,
min

w(n,k)
wH(n,k)Φinw(n,k) subject to wH(n,k)γ∗D(n,k) = 1 (16)

The solution of (16) is written as [11],

wMV DR(n,k) =
Φ
−1
in γ∗D(n,k)

γT
D(n,k)Φ

−1
in γ∗D(n,k)

=
Φ−1

y γ∗D(n,k)

γT
D(n,k)Φ

−1
y γ∗D(n,k)

,

(17)

where Φy = E
[
y(n,k)yH(n,k)

]
is the correlation matrix of the observed signal vector y(n,k).

4 SUPPRESSION OF LATE REVERBERATION AND ADDITIVE NOISE
The implementation of the MVDR filter to suppress the late reverberation and noise requires the estimation

of the correlation matrix Φy, the correlation vector γD and the signal variance σ2
Y , σ2

V and σ2
R . In the following,

we show the specific procedure to estimate these values.
Based on the assumption that the desired signal is uncorrelated with the late reverberation and noise of the

previous frames, given (6) and (2), the estimated correlation coefficient γ̂D(n,k,c) can be rewritten as,

γ̂D(n,k,c) =
E [D(n,k)Y ∗m(n− c,k)]

E
[
|D(n,k)|2

]
=

E [{Ym(n,k)−R(n,k)−V (n,k)}Y ∗m(n− c,k)]

E
[
|Ym(n,k)−R(n,k)−V (n,k)|2

]
=

E [Ym(n,k)Y ∗m(n− c,k)−R(n,k)Y ∗m(n− c,k)−V (n,k)Y ∗m(n− c,k)]

E
[
|Ym(n,k)|2

]
−E

[
|R(n,k)|2

]
−E

[
|V (n,k)|2

]
=

E [Ym(n,k)Y ∗m(n− c,k)]−E [R(n,k)R∗(n− c,k)]−E [V (n,k)V ∗(n− c,k)]
σ2

Y (n,k)−σ2
R(n,k)−σ2

V (n,k)
.

(18)

The noise spectral variance σ2
V is estimated from the observed noisy reverberant signal Ym(n,k) by using

noise power spectrum estimation method in [18]. The correlation of the reverberant components E [R(n,k)R∗(n− c,k)]
is represented as follows [16, 19]

E [R(n,k)R∗(n− c,k)] = σ
2
R(n,k)e

α(k)cN , (19)



Figure 1. Structure of the proposed reverberation suppression system.

where, α(k) = 3loge(10/{T60(k) fs}) denotes the decay rate and N is the discrete time shift.
The late reverberation spectral variance σ2

R is obtained based on the Coherent-to-diffuse power ratio (CDR)
estimation from multi-channel observations [20]. Specifically, the CDR is estimated from a pair of microphones
m,m′ ∈ {1, · · · ,M} using the method proposed in [10], where

ĈDRm,m′ =

1−Γ
(m,m′)
r cos

(
arg
(

Γ
(m,m′)
d

))
Γ
(m,m′)
r −Γ

(m,m′)
d

∣∣∣∣∣∣∣∣
(

Γ
(m,m′)
d

)∗ [
Γ
(m,m′)
r −Γ

(m,m′)
x

]
ℜ

{(
Γ
(m,m′)
d

)∗
Γ
(m,m′)
x

)}
−1

∣∣∣∣∣∣∣∣ . (20)

Here, the source is assumed to be located in the far field with the desired sound components modeled as plane

waves. Then, the spatial coherence of the desired signal D can be written as Γ
(m,m′)
d =

AmA∗m′
|Am||Am′ |

, with Am the

relative transfer function (RTF) between the microphone pair. Γ
(m,m′)
x is the spatial coherence of the reverberant

signal X =Y−V , defined as Γ
(m,m′)
x = Φ̂

(m,m′)
x√

Φ̂
(m,m)
x Φ̂

(m′,m′)
x

with Φ̂
(m,m′)
x =Φ

(m,m′)
y −Φ̂

(m,m′)
v . The cross-power spectral

density (PSD) matrix Φ
(m,m′)
y = E

{
Ym(n,k)Y ∗m′(n,k)

}
, and Φ̂

(m,m′)
v is typically obtained by recursive averaging

[21]. And Γ
(m,m′)
r is the spatial coherence matrix of late reverberation which is modeled as the diffuse noise.

So, Γ
(m,m′)
r =

sin(2π fsdm,m′/c)
sin(2π fsdm,m′/c) , where dm = dm− dm′ is the distance between the mth microphone and the m′th

microphone.
To take advantage of multiple microphone observations, we average the CDR estimates across all microphone

pairs

ĈDR(n,k) =
1
|M | ∑

m,m′∈M

ĈDRm,m′(n,k)
|Am(n,k)| |Am′(n,k)|

, (21)

where the set M contains all microphone pair combinations.
Given an estimate of the CDR, and by exploiting the diffuse homogeneity, the late reverberation PSD is

calculated as

σ̂
2
R(n,k) =

1
M tr

{
Φ̂y(n,k)−Φv(n,k)

}
1
M aH(n,k)a(n,k)ĈDR(n,k)+1

, (22)



where a(n,k) is the RTF vector, and Φ̂y(n,k) = E
{

ymic(n,k)yH
mic(n,k)

}
the PSD matrix of the observed signal.

Figure 1 plots the structure of the proposed reverberation suppression system. The system output signal
D̂(n,k) is produced by applying the MVDR filter (17) considering the inter-frame correlation to multi-channel
observation signals y(n,k).

5 PERFORMANCE EVALUATION
In the simulation, we evaluate the performance of the proposed algorithm in comparison with the conven-

tional spectral subtraction based method [10].
The clean source signal which is 10s long and recorded with a sampling rate of 16kHz from the TIMIT

database. The acoustic channel impulse responses from the source to the microphones are generated using the
image source method inside a room of size 7× 7× 4 (in meters), with T60 = {400,600,800} ms. A uniform
linear array of 8 omnidirectional microphones with an inter-element spacing of 8 cm is positioned horizontally
in the center of the room. The source is placed at the endfire direction and 2 m away from the array center.
The observed signals are transformed into the STFT domain with 75% overlapping. The Kaiser window of 512
samples is used. The number of frame for the inter-frame correlation is C = {2,8}, respectively. The input
signal to noise ratio (SNR) is set to = {5,15,25} dB.

The performance is evaluated using three objective measures, i.e., perceptual evaluation of speech quality
(PESQ) [22], frequency-weighted segmental SNR (SNRseg) [23], and log spectral distance (LSD) [2]. Table 1
shows the improvement of the PESQ, SNRseg and LSD compared to that of the original reverberant and noisy
speech. As we can see from Table 1, the improvements of PESQ, SNRseg and LSD by the proposed method
have better performance than the amplitude spectral subtraction method. And the performance of the proposed
method tends to improve as the value of C increasing. Figure 2 shows the spectrogram of the clean speech,
observed reverberant and noisy speech, the speech dereverberated by the spectral subtraction method and the
proposed method. T60=600ms, SNR=25dB and C=8. It can be observed from the dereverberated spectrogram
that proposed method shows less speech distortion and greater ability to dereverberation.

From the simulation results given in Table 1 and Figure 2, it is confirmed that the proposed algorithm
consistently outperforms the amplitude spectral subtraction method described in [10].

Table 1. The improvement of the PESQ, the SNRseg and the LSD using the spectral subtraction method and
the proposed method.

spectral subtraction
proposed

c=2 c=8

SNR T60 ∆PESQ ∆SNRseg ∆LSD ∆PESQ ∆SNRseg ∆LSD ∆PESQ ∆SNRseg ∆LSD

25

400 1.572 5.329 0.143 1.662 6.317 0.163 1.721 7.204 0.402

600 1.436 3.356 0.214 1.561 4.527 0.307 1.632 5.806 0.671

800 1.143 2.861 0.352 1.241 3.671 0.492 1.326 4.326 0.932

15

400 1.467 6.341 0.097 1.524 7.450 0.136 1.583 8.103 0.362

600 1.286 5.468 0.127 1.361 6.293 0.298 1.442 7.199 0.545

800 1.027 4.817 0.268 1.196 5.891 0.473 1.384 6.032 0.893

5

400 1.231 7.435 0.103 1.358 8.363 0.116 1.435 8.769 0.307

600 1.087 6.231 0.166 1.175 7.412 0.279 1.264 8.012 0.503

800 0.864 5.942 0.368 1.027 6.768 0.497 1.163 7.351 0.902



Figure 2. Comparison of the clean speech, reverberant and noisy speech (T60=600ms, SNR=25dB), and the
dereverberated speech signal using the spectral subtraction method and proposed algorithm (C=8).

6 CONCLUSIONS
In this paper, we design a MVDR filter for reverberation suppression by utilizing the inter-frame correlation.

We propose and implement an efficient method to estimate the inter-frame correlation parameter. Experimental
results demonstrate that the proposed method can reduce speech distortion while preserving robust reverberation
suppression performance compared to the conventional spectral subtraction-based method.
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ABSTRACT
In the field of binaural audio, as in other areas of acoustics, listening tests are nowadays widely used to evaluate
perceptual differences between highly confusable sound stimuli. Great efforts are made, in general, to ensure
that the stimuli used in these tests are accurate and representative of the confusable difference under assessment.
However, the protocol employed to present these stimuli to the participants and to question them about the
perceived differentiation varies greatly among studies, even when the purposes are similar. This fact has been
highlighted in different works to justify similar research yielding highly differing results. Surprisingly, few
studies exist about the influence of the protocol on the precise differentiation between confusable stimuli. In
addition, not many software toolboxes are available that aid researchers to run listening tests in a homogeneous
way. This paper summarizes the results of comparing the same confusable stimuli through several difference-
testing protocols, on the basis of the unbiased objective metric d’. We also present an own-designed toolbox that
simplifies the design, performance and analysis of listening tests, based on difference testing, and that is aimed
at helping researchers to conduct more precise, comparable and collaborative subjective evaluations through
listening tests.

Keywords: Listening Test, Room Acoustics, Operational Power, Difference Testing, Toolbox

1 INTRODUCTION
Listening tests are experimental procedures designed to evaluate how the human auditory system experiences
a stimulus or a collection of stimuli [1, 2]. Based on their results, researchers are able to draw conclusions
concerning our perception of sound. This, in turn, allows to take certain actions so that the sounds of everyday
life are centered on human beings and their perception (e.g., acting on the city to get more pleasant soundscapes
[3], on the sound insulation of building materials to reduce indoor background noise [4], on the behaviour of
mechanical or electrical systems so they sound less annoying [5], among many others).

In room acoustics, listening tests are also extensively used, mainly for the binaural and spatial evaluation of
venues. Among the main aims, highlighted can be: the description of the perceptually relevant room acoustical
and spatial parameters [6]; the determination of just-noticeable differences (JNDs) of these parameters [7, 8];
the enhancement of virtual acoustic models for more realistic binaural immersions [9]; the comparison of highly
confusable stimuli, such as those arising from HRTF angular precision [10] or the source-receiver position [11].

The design of listening tests is not trivial and both the conclusions to be drawn and the reliability of the
results depend on it. Among the most important test features are the stimuli to be used, the protocol (i.e., how
the stimuli are presented to the participants and how they are questioned on each trial) and, for some purposes,
such as the determination of JNDs, the iterative test procedure (i.e., how the test proceeds depending on the
detection ability of the participants on each trial) that works in conjunction with the protocol.

Iterative procedures have been thoroughly studied in the past and several variants, such as the best PEST
or QUEST, exist depending on the purpose of the test [12]. However, interestingly, the protocol, which is the
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ultimate link between the participant and the evaluated stimuli, has not been the subject of detailed study.
Probably due to this lack of study and consensus, the protocols used to carry out listening tests in room

and spatial acoustics have been too heterogeneous, as pointed out in [13], even so when similar studies have
been conducted by different researchers. This heterogeneity hinders progress since, usually, different protocols
lead to distinct analysis methods and metrics, which give rise to non comparable studies. However, even more
relevant is the fact that several investigations on the same topic, carried out by means of different protocols,
have led to very differing results, causing uncertainty [14].

Performing listening tests manually can be very tedious and may lead to mistakes and unintentional biases
from the experimenter’s side. For this reason, several open-source software tools have been developed in the
last decade to aid researchers in the conductance of their tests [15, 16, 17, 18, 19, 20]. While the availability of
these toolboxes is usually very helpful, some of their peculiarities may sometimes lead to inaccurate listening
tests. Among these, two key factors can be highlighted: • They usually allow to conduct listening tests following
several protocols but they do not normally come with proper explanations of each protocol’s adequacy and
effectiveness. • Most of these toolboxes do not feature analysis modules, except for [18].

These reasons may have led researchers, even with the help of these programs, to arbitrarily select the
protocols based on their familiarity with them and their simplicity of analysis.

Perceptual experiments equivalent to listening tests are daily employed in other fields. For example, as
pointed out in [1], in food theory these tests are used to discriminate subtle differences between food products.
In that field, the protocol has been found to have a significant influence on the detection ability of the partic-
ipants [21] and operationally powerful protocols have been presented. In addition, analysis metrics have been
described that are protocol-independent, more accurate and less biased than those commonly used in acoustics.
In particular, the Thurstonian measure of sensory distance d-prime (d′) [21] stands out. This metric allows not
only a more accurate characterization of the perceptual difference, but also an unbiased comparison between
studies performed with different protocols.

In the view of the above, this communication has three main objectives: 1. to show the results of a ex-
periment, conducted over a population of 134 participants, which was aimed at determining and comparing
the operational power of several listening test protocols. In particular, it was investigated whether a protocol
exists with a significantly higher operational power than others (i.e., a protocol that allows a higher probabil-
ity of detecting a true sensory difference during a tests with the lower number of participants). A listening
test was conducted, in which seven protocols were tested in total, including some commonly used in acous-
tics (i.e., Triangle, ABX and SD) and others which have proven to be operationally powerful in food theory
(i.e., CR-SD and A/NotA-R, CR-DTF and CR-DTFM); 2. to highlight the suitability of the d′ metric for the
analysis of listening tests. This fact will be exemplified by using it to determine the perceptual difference that
exists between the stimuli compared by the participants using the different protocols, which will allow us to
quantify their operational power; 3. to outline the key characteristics and make our custom software toolbox
available. This software, which was created to perform our experiment, allows not only to run the tests, but
also to automatically analyze them by using Thurstonian models, which are part of the toolbox.

The rest of this communication is organized as follows: Section 2 briefly summarizes the experimental
design, pointing out the main characteristics of the conducted listening test. Then, Section 3 shows the main
outcomes of the experiment, showing the differences in terms of operational power across protocols. Section 4
highlights the main features of the Difference Testing in Architectural Acoustics (DiTAA) toolbox, designed for
our experiment. Finally, the main remarks of the study are presented in Section 5.

2 METHODOLOGY
This section summarizes the main aspects of the experimental design. A detailed description and justification of
the chosen protocols and their features, the listening test design and the analysis methods, can be found in [2].

A listening test was designed to compare the operational power of the seven protocols. In our experiment,
all protocols had the same goal: to determine the overall perceptual difference between three binaural stimuli.

The three compared binaural stimuli were obtained by auralization using Odeon®, as the convolution of an
anechoic piano sound sample (i.e., a 12 s. excerpt of an interpretation of Autumn Leaves) with the impulse



response of the same venue, for the same emitter and receiver positions, but with different levels of accuracy
in the 3D models (see Figure 1) and simulations. In particular, stimulus S1 was obtained as the convolution of
the sound sample with the impulse response of the medium model, S2 with the impulse response of the rough
model and S3 with the impulse response of the detailed model.

Figure 1. Degrees of detail of the employed 3D models. Left: Rough; Middle: Medium; Right: Detailed

Performing the experiment following all seven protocols for each participant was unfeasible in terms of
time and fatigue. Therefore, the total number of participants (i.e., 134) was divided into six groups with equal
sensitivity. To determine these groups, all participants first performed the experiment using the Triangle protocol
and then, according to their results, were assigned to a particular group. This ensured that each group had
similar sensitivity. Each group then repeated the test following one of the six remaining protocols. A much
more detailed explanation of this procedure can be found in [2].

Additionally, taking into account that each protocol required a different number of total listenings for com-
pletion, a numerical equalization process was performed. This ensured that, regardless of the protocol, partici-
pants always listened to the same number of stimuli and, therefore, that the number of listenings had no impact
on discrimination. To this end, for protocols that required a lower number of listenings, several replications
were performed, which also allowed us, during the analysis stage, to evaluate learning effects.

Several actions were taken to control for experimental biases not purely related to the test protocol: • par-
ticipants were given written instructions prior to conducting the tests; • experiments were conducted in anechoic
chambers to avoid undesired background noises, as well as to ensure an aseptic visual environment; • all trials
in each test for each participant were automatically randomized by our own-designed listening test software, en-
suring independence; • each test’s progress was fully guided through our software, to prevent participants from
modifying experimental conditions such as the protocols procedure, the number of listenings, etc.

3 RESULTS
This section briefly summarizes the main results of the experiment. A much more deep and detailed explanation
both on the analysis methods and on the results, as well as further results, can be found in [2].

First, the d′ metric and its standard error SE are depicted in Figure 2 for each of the studied protocols.

Figure 2. Parameter d′ with its confidence intervals for the evaluated protocols. Blue dashed line: Highest lower
bound of d′ across all protocols. Red dashed line: Lowest upper bound of d′ across all protocols.



A direct comparison of the protocols in this figure allows to observe that the seven protocols reported signif-
icantly different d′ when comparing the same stimuli. In particular, it can be observed that the Triangle test, as
well as the ABX test, the latter being strongly used in room and spatial acoustics, have a very low operational
power. In contrast, CR-DTF and CR-DTFM protocols, which were found to be operationally powerful in food
theory, stood out against the rest also when employed with auditory stimuli. This result is very interesting, due
to the strong similarity between CR-DTF and the protocol employed in the ITU BS.1116–3 [22] for preference,
if the use of scales is neglected, as in our experiment.

However, for a more statistically precise determination of the significant difference, the numerical values of
d′ and SE, as well as the results of a post-hoc analysis are presented in Table 1.

Table 1. Number of participants (N), d′, standard errors (SE) and post-hoc a comparison results for each
protocol.

Protocol Triangle CR-DTF CR-DTFM ABX SD CR-SD A/NotA-R

N 134 23 23 22 22 22 22

d′ 1.13 1.90 1.75 1.04 1.52 1.31 1.34

SE 0.07 0.14 0.16 0.18 0.17 0.16 0.12

Post-hoc c a ab c ac bc ac

aprotocols with different letters show significant differences in terms of d′ (under Wald test with p-value < 0.05).

As it can be seen in Table 1, the statistical results confirm the visual evaluation. It can be observed that
the post-hoc analysis reports several groups of discriminability, hence confirming that the protocol is extremely
relevant when subtle auditory differences are being evaluated. Furthermore, it can also be stated that in the
Triangle protocol, which for reasons of experimental design was performed on the 134 participants (see Table 1),
the confidence intervals are significantly smaller than for the rest of the protocols. This suggests that increasing
the number of participants for the rest of the protocols might also reduce their confidence intervals. This
situation would make inter-protocol differences even more apparent.

For a protocol it is not only important that its operational power is high, but also that its experimental
effects, such as those of sequence and learning, are low or, even, negligible. A protocol with a strong sequence
effect would be one in which presenting the stimuli in different order on a trial with the same stimuli would
routinely generate mismatched results. On the other hand, a protocol prone to learning effects would be one
in which presenting the same trial several times would lead to an increase in discrimination with increasing
number of identical trials. Due to the experimental design, both effects are evaluated for four of the protocols
(i.e., CR-DTF, CR-DTFM, ABX and SD) in the Table 2, in terms of the p-value of a Cochran-Mantel-Haenszel
analysis. Refer to [23] for more information on the Cochran-Mantel-Haenszel analysis and to [2] for more
details on its application to this experiment.

Table 2. Protocol, combined p-values a for the effects of Sequence and Learning.

Protocol CR-DTF CR-DTFM ABX SD

p-value (Sequence) 0.64 0.43 0.18 1.00

p-value (Learning) 0.90 0.51 0.19 0.20

aobtained through Cochran-Mantel-Haenszel test by fixing the opposite effect.

As can be seen in the Table 2, none of these four protocols have been significantly affected by sequence or
learning effects, with all of them obtaining a p-value greater than 0.05 in both. However, it can be seen that
the ABX protocol is much closer to significance than the others for both effects. It is likely that, with a higher
population, these effects would tend to become significant. Again, the CR-DTF protocol seems to be the most



robust, with a good balance between the results for the sequence and learning effects, which are far away from
significance.

Lastly, Figure 3 shows the sequence effect for the Triangle protocol and the learning effects for the CR-
SD and A/NotA-R protocols. As it can be seen, different sequences for the same stimuli reported significantly
different results in the case of the Triangle protocol, which is not desirable when conducting listening tests. Re-
garding learning effects, no significant differences were observed for the CR-SD and A/NotA-R for subsequent
replicates of the test, though a certain trend towards significance is observed for A/NotA-R.

Figure 3. Experimental effects for the Triangle, the CR-SD and the A/NotA-R protocols. Left: Sequence effect
in the Triangle protocol. Right: Learning effect in CR-SD and A/NotA-R protocols.

4 DITAA TOOLBOX
Several software toolboxes exist to ease researchers in the conductance of listening tests. Among them, Whisper
[15], BeagleJS [16], Scale [18] and the recent GoListen [17] stand out.

While some of these toolboxes support the design and performance of listening tests based on difference
testing, such as those evaluated in our experiment, they are very limited regarding overall difference testing. In
fact, most of them only support the ABX procedure [15, 16, 20] and the method described by the ITU-R Rec.
BS.1116-1 [22], which mixes overall difference testing with scaling [15, 18]. Some also allow the design of
listening tests based on the common attribute-related n-AFC protocols [15, 18, 19]. Lastly, most of them allow
the performance of listening tests based on scaling procedures, such as MUSHRA, Absolute Category Rating
and scaling procedures to conduct the SAQI test [15, 16, 17, 18].

However, none of these toolboxes allow the design and performance of listening tests through more advanced
overall difference testing protocols, such as those based on a constant reference, whose study and remarkable
operational power have been a strong contribution in this investigation. For this reason, for our experiment, it
was necessary the development of an own-designed listening test toolbox.

In addition, and although it may seem odd, none of these toolboxes allow powerful automatic analysis of the
tests performed by them, with the exception of SCALE [18]. The latter features the extraction, for some tests,
of simple metrics such as mean of scores (MOS). In general, all toolboxes provide an export of the results, for
their processing in other statistical software such as SPSS® or Matlab®, which can lead researchers to analyze
the results in a homogeneous way. It is worth to mention that none of them support the analysis of experiments
using the precise, protocol-independent, but rather complex, d′ metric highlighted in this research.

All these particulars led to the development of the DiTAA (Difference Testing in Architectural Acoustics)
toolbox. This platform was designed to carry out our experiment and analyze its results automatically, but also
with the intention of making this software available to the rest of the scientific community. A current version
of the software is available on Github at https://github.com/DPrida/DiTAA-box.

Below are shown the main features of the DiTAA toolbox. This toolbox, being highly flexible and user-
friendly allows listening tests to be carried out following a large number of difference testing protocols with
ease and minimum bias.

The suite of tools, which was programmed in Matlab® and is currently available in English, is divided into
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three main applications: one for the design of the listening tests (Figure 4); another for the performance (Figure
5); and the last, for the organization of the judgments and the analysis of the results.

Figure 4. GUI interface of the design tool for the experimenter.

The graphical user interface (GUI) of the first application (see Figure 4) allows listening tests to be designed
according to seven different types of overall difference testing protocols (i.e., CR-DTF, CR-DTFM, ABX, Tri-
angle, SD, CR-SD and A/NotA-R) and six attribute-related difference testing protocols (i.e., n-AFC and n-AC
with n = 2−4) which provides great versatility when conducting listening tests. In addition, for each of these
protocols, the application supports the design of tests with only one or several replications per trial, depending
on design parameters such as the relevance of replication effects for the selected protocol or the desired length
of the test. It also allows the input of the question to be displayed to the participants, which enables a high
degree of customization. In this application, the experimenter must give the stimuli to be used during the test
as input and the software, based on the protocol and selected options, assembles the groups of stimuli to be
presented. These groups of stimuli are then randomized for each participant during the performance to guaran-
tee independence, an essential condition to obtain reliable judgments. Once a design has been implemented, the
second tool (i.e., the performance application) can be executed according to the selected design or the design
can be saved for later. This simplifies and speeds up the loading of the test for each participant. Furthermore,
this application contains a help menu with a user’s manual and a guide of suggested protocols, based on their
main features.

Figure 5. Examples of the GUI for two different protocols. Left: 2-AC. Right: CR-DTF.

The second application (see Figure 5) allows the participants to carry out the tests at their own pace, by
giving them buttons to control the stimuli playback. However, it does not allow participants to deviate from the



pre-established protocol procedure. For this, all the buttons in the screen are blocked with exception of the one
required at each step. When the participants finish the test, the application automatically saves their results in
a folder selected by the experimenter, indicating the type of test as well as the date and time of completion, to
ease the subsequent identification of the results.

Lastly, the third application manages the data from all the participants and trials for an specific experiment
for subsequent processing and analysis. First, the application organizes the trials, given the fact that each par-
ticipant performs the experiment in a different random order. Then, on the basis of all participants’ judgements,
it arranges the variables that will be used as input by the integrated Thurstonian models calculator. Lastly, this
calculator allows the computation of d′ and its SE.

In summary, by making available this user-friendly toolbox we expect to contribute to a more efficient
progress of research in the perceptual evaluation in room and spatial acoustics, by providing not only applica-
tions that ease the performance of listening tests with high operational power and low bias but also that allow
these tests to be easily analyzed by means of a very informative and complex descriptor, as d′. It is hoped
that the availability of this software will encourage other researchers to replicate our experiment to see if our
conclusions continue to hold true for other stimuli and under other acoustical situations.

5 CONCLUSIONS AND FUTURE LINES OF WORK
Regarding the operational power of the protocols, the results allowed us to determine that: • the protocol does
matter, given that the operational power of the seven evaluated protocols was different; • protocols historically
employed in acoustics (i.e., ABX, SD and Triangle test) have medium to low operational power, and tend to be
prone to experimental effects. This is specially relevant given the fact that ABX continues to be used regularly
in room acoustics, being this protocol supported by most of the software toolboxes; • the CR-DTF protocol was
found to yield the highest operational power and the lowest tendency to experimental effects associated with
fatigue and learning.

Based on these findings, it should be emphasized that the appropriate selection of the protocol is funda-
mental when designing listening tests, being the accuracy of the test results extremely dependant on its careful,
non-arbitrary, selection. Also, that, giving the outstanding characteristics of CR-DTF (i.e., highest operational
power and lowest tendency to experimental effects), we recommend its use whenever possible, if the purpose
of the study is the determination of subtle differences between auditory stimuli.

Regarding the d′ metric, which could be extracted through the DiTAA toolbox for all the protocols, it
can be summarized that: • while its calculation for each protocol is not trivial, it is a very recommendable
analysis metric, giving that it is continuous, precise and protocol-independent; • it has, therefore, been found as
a convenient measure of the perceptual difference between confusable auditory stimuli in room acoustics; • it
is convenient for the experimental comparison of protocols. This can be really helpful in shedding light over
the most appropriate protocols in room acoustics, by replicating the study presented in this communication for
other populations, other situations and stimuli.

Lastly, regarding the DiTAA toolbox, it is expected that it: • pushes the realization of similar studies for
other acoustical conditions, with the aim of continuing to deepen in the relevance of the protocol; • assists in
the homogenization of protocols in listening tests with similar purposes; • eases the comparison between studies
by providing a convenient tool for the calculation of the perceptual difference in terms of the d′ metric.

Regarding the main lines of future work, these include: • increasing the test population to reduce the con-
fidence intervals of d′ for all protocols, which is expected to further increase the significance of the results;
• providing a server where other researchers can upload, at their convenience, the results of similar experi-
ments; • continuing to add enhancements to the DiTAA toolbox, such as other types of complex analyses (e.g.,
post-hoc and Cochran-Mantel-Haenszel analyses), iterative top-down procedures and additional languages. Mi-
gration of the toolbox to Python is also being considered, to further facilitate its accessibility.
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ABSTRACT 

The research on diffusive surfaces has posed several challenges on the well-known acoustic parameters of 

ISO 3382-1. Very few parameters seem to be affected significantly by the presence of these surfaces and no 

general rules could be drawn so far. Going beyond the existing evaluation methods and parameters could be 

an opportunity to reach a milestone on this aspect. Therefore, the effects of these surfaces on the acoustic 

design parameters have been investigated in a real shoebox concert hall with variable acoustics (Espace de 

Projection, IRCAM, Paris, France). Acoustic measurements have been carried out in sixteen hall 

configurations by varying the location and extension of the diffusive surfaces and controlling the absorptive 

and reflective boundaries in two different volume sizes of the hall. Binaural and monaural measurements 

have been carried out at different positions in the hall, using an artificial head and an array of omnidirectional 

microphones. Conventional ISO 3382 objective acoustic parameters have been evaluated in all conditions.  

 

Keywords: Shoebox concert hall, Diffusive surfaces, Binaural acoustic parameters. 

1. INTRODUCTION 

The spatial impression is affected by sound reflections generated from the surfaces within a sound 

field, which influence changes in a series of subjective attributes. In the case of diffusive surfaces, it 

has been found that they contribute to the perception of a wider apparent source width (ASW), of a 

longer distance between the sound source and the listener, of a more enveloping sound but tend to 

hinder the sound source localization (1, 2). In addition to real scale measurements, other techniques, 

such as computer simulations and measurements in scale models, have been used to recreate complex 

reflections from diffusive surfaces, to study their effects on sound localization and listener temporal 

envelopment (2, 3) and to determinate the guidelines for their effective placement regions and 

quantities (4).  

Diffusive surfaces are considered one of the most critical aspects in the acoustic design and 

renovation of concert halls since there is a lack of knowledge on how their effects on the sound field 

are related to practical design choices, that is,  their location and extension. Thus, this experimental 

study aims to give more insight on the former aspect, by investigating the  sensitivity of monaural and 

binaural parameters to the diffusive surfaces location and extension. 

Different investigations have focused on the ISO 3382-1 (5) parameters since these are used as 

design parameters at a larger scale. Ryu and Jeon (6) found that diffusers on the sidewalls in a shoebox- 

hall decrease reverberation time (RT) and early decay time (EDT) and affect clarity (C80) and the 

Inter-Aural Cross Correlation coefficient (1-IACCE) at most seats, compared to reflective surfaces. 

Shtrepi et al. (7) showed that the effects on the ISO 3382 objective parameters are related to the 

scattering coefficient values higher than 0.70 are located on the ceiling, lateral walls and rear wall 

simultaneously. The volume of the room was showed to be important since the effects are more evident 

in the smaller volume. In a more comprehensive study, Jeon et al. (8) showed limited differences of 

the ISO acoustic parameters through simulations in 12 performance halls of various shapes (shoebox, 

fan-shape, and other complex shapes) for increasing scattering coefficient of the walls and ceiling. 

However, they showed that despite small changes in the objective parameters, the presence of the 

diffusers made a clear and positive contribution to the overall impression of the listeners, which was 
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mainly related to intimacy and envelopment. Perceptual investigations have shown that perceptual 

differences between reflective and diffusive surfaces are related to the listening distance from the 

surface itself (9) and to the difference of scattering coefficient between the compared surfaces (7, 10). 

Singh et al. (11) showed that the perceived diffuseness is related to the Inter-Aural Cross Correlation 

(IACC), which is an important parameter in the design process.  

Although these results highlight the importance of the location and extension of the diffusive 

surfaces and their configuration combined to the size and shape of the hall, there is still need for clear 

and generalized guidelines useful for acousticians and practit ioners alike.  

The present study investigates the influence of diffusive surface location and extension on the 

objective parameters by means of in-situ measurements. A flexible environment, that is, the hall 

Espace de Projection at IRCAM (Paris), has been used as a case study. Sixteen configurations have 

been created by varying the location and extension of the diffusive surfaces over the ceiling al walls. 

Two different room volumes are tested and created by lowering the ceiling of the room. Moreover, 

three reference conditions, that is, fully absorptive, reflective and diffusive boundaries of the hall 

have been tested. The ISO 3382 objective acoustic parameters, such as reverberation time (T 30), early 

decay time (EDT), clarity (C80), definition (D50), and Inter-Aural Cross Correlation (IACC) have been 

estimated from the measured impulse responses.   

 

 
 

Figure 1 – a) Schematic of the two different measured volumes (V1 and V2) and b) measurement set-up 

 

2. METHODOLOGY 

2.1 Case study configurations 

A variable-acoustic environment, the Espace de Projection (ESPRO) at IRCAM in Par is (Figure 

1), has been used for in-field measurements. The hall characteristics have been extensively described 

in Shtrepi et al. (9, 10, 12, 13) and here only a brief overview of the context of the experiment has 

been provided. 

The passive variable-acoustics system has been used to test different configurations by varying the 

room volume setting the ceiling at two different heights, i.e. 7.5 m (V1=2790 m3) and 10 m (V2=3720 

m3), and by varying the surface acoustic properties location and extension. This has been possible 

since the prisms located in panels of 2.3x2.3m over the ceiling and walls have three faces with 

different acoustic properties that are reflective, diffusive, and absorptive . As shown in (9, 12, 13), the 

data at 500–1000 Hz for the absorptive surfaces present a mean absorption coefficient of a = 0.80, 

while the diffusive surfaces are characterized by a mean scattering coefficient of s = 0.75 and a 

diffusion coefficient of d45° = 0.52.  

Sixteen hall configurations (32 in total) have been considered in this study by varying the location 

and extension of the diffusive surfaces over the walls and ceiling. They have been subdivided in four 
groups for an easier presentation of the results (Figure 2 and Table 1). Moreover, three reference 

conditions, that is, all variable surfaces set in the absorptive (A), reflective (R) and diffusive (D) mode 

have been considered in order to investigate the overall absolute effect of the presence of a diffusive 



 

 

surface. Table 1 shows the percentage of the area of the extension of the absorptive, diffusive and 

reflective surfaces evaluated over the total area of the room for V1 and V2.  

Since the eye-level panels can be set only at fixed conditions, they have been set in absorptive 

mode in all the measurements in order to avoid the strong reflections from the lower parts of the wall . 

 

 

Figure 2 – Measured configurations for V2 and locations and extension of the acoustic materials. The 

ceiling position for V1 has been indicated with a dotted line. Note: the reflective floor has been left white 

for simplicity of the schemes 

 

2.2 Measurements 

A detailed description of the measurement set-up is presented in (9). The measurements have been 

performed in order to evaluate the ISO 3382-1 (5) objective parameters in unoccupied room conditions 

using the ITA-Toolbox (14). Monaural measurements have been performed with twenty-four 

omnidirectional microphones (Sennheiser KE-4). Two artificial heads (ITA Head) have been used for 

binaural measurements (Figure 1). The microphones have been set at a height of 3.7 m in a crossed 

array with 24 microphones, while the artificial heads (H1 and H2) have been placed in the middle of 

the microphone array at the same height. Head 1 was located close to the central symmetry axis of the 

room and Head 2 was closer to the lateral wall.  

The stage area hosted two omnidirectional sound sources. Each source consisted of a three-way 

system of low, medium, and high-frequency sources, which were positioned at different heights (0.40, 

3.70, and 3.90 m) (9). An exponential sine sweep has been used with a sampling rate of 44.1 kHz, a 

length of 16.8 s, and a frequency range separated for each speaker of the sources. Three Octamic II 

by RME (Haimhausen, Germany) served as microphone preamps and an ADA8000 Ultragain Pro-8 

by Behringer (Willich, Germany) served as DA-converter. Loudspeaker, artificial head, and amplifier 

were custom made devices by the former Institute of Technical Acoustics, Aachen, Germany (now 

IHTA-Institute for Hearing Technology and Acoustics). 

 

 



 

 

Table 1 – Percentage of the area of the extension of the absorptive, diffusive and reflective surfaces 

evaluated over the total area of the room for V1 and V2 

   V1 V2 

Group Configuration Absorptive Diffusive Reflective  Absorptive  Diffusive Reflective  
 

1 
A 45 0 0 48 0 0 

R 9 0 36 8 0 40 

D 9 29 0 9 31 0 

 

 

2 

Dc-A 27 18 0 33 16 0 

Dcl-A 16 30 0 18 31 0 

Dl-A 34 11 0 34 15 0 

Dcf-A 23 23 0 27 22 0 

Df-A 41 4 0 43 5 0 

 

 

3 

Dlu-R 9 6 31 8 10 30 

Dll-R 9 5 31 8 5 36 

Dlu-A 40 6 0 39 10 0 

Dll-A 41 5 0 45 4 0 

 

 

4 

Dlf-R 9 4 33 8 5 35 

Dlm-R 9 3 33 8 8 36 

Dlf-A 41 4 0 44 5 0 

Dlm-A 42 3 0 44 5 0 

 

2.3 Objective acoustic parameters 

The ISO 3382-1 (5) parameters have been considered as a measure of reverberance and liveness 

(Early Decay Time, EDT and Reverberation Time, T30), clarity and balance between early and late 

energy (Clarity, C80 and Definition, D50), and perceived spaciousness (Inter-Aural Cross Correlation, 

IACC). This last parameter has been evaluated only for the binaural measurements at the head 

locations and to determine both (1 – IACCE3) and (1 – IACCL3), defined as the average of IACC for 

the three octave bands with centre frequencies 500, 1000, and 2000 Hz integrated, respectively, from 

0 to 80 ms, and from 80 to 1000 ms, respectively. Averaged data at 500 and 1000Hz have been used 

for the EDT, T30, C80, and D50 parameters. The JND values of each parameter have been used to 

compare the results for different configurations (JNDT30,EDT=5%, JNDC80=1dB, JNDD50=5%, 

JNDIACC=0.075) 

3. Results 

Figure 3 shows the results of the measured values for Early Decay Time (EDT), Reverberation 

Time (T30), Clarity (C80) and Definition (D50) for two source positions (S1 and S2) and sixteen 

configurations reproduced in two different volumes (V1 and V2). The data have been presented as 

average values over the 24 receiver positions and error bars have been used to indicate the standard 

deviation of the parameters.  

The EDT showed to have a higher difference between the two volumes in the configurations with 

diffusive and reflective surfaces (R, Dlu-R, Dll-R, Dlf-R, and Dlm-R). The same behavior results also 

for T30. For group 1, it should be noticed that EDT and T30 result shorter in the D configuration 

compared to the R one. This might be due to a higher degree of redirection of the reflections to the 

more absorptive surfaces in the case D. This difference is observed for both volumes resulting higher 

for the V2. Little difference resulted between the two source positions (S1 and S2).  Nevertheless, this 

can be noticed to be higher for the above-mentioned configurations including reflective surfaces (-R). 

Group 2, 3 and 4 present comparable results for diffusive surfaces applied to the lateral walls (Dl-A, 

Df-A, Dlu-A, Dll-A, Dlf-A, and Dlm-A). The values result slightly higher when the diffusive surfaces 

are located over the ceiling (Dc-A) or when the surfaces are extended over the ceiling and walls. 

However, this last variation is mainly due to the variation of the extension of the diffusive panels and 

reduction of the absorptive ones for both volumes. 



 

 

 

 

Figure 3 – Early Decay Time (EDT), Reverberation Time (T30), Clarity (C80) and Definition (D50) for two 

source positions (S1 and S2) and sixteen configurations reproduced in two different volumes (V1 and V2) 

 

 

Figure 4 – Inter-aural Cross Correlation results for two head positions (H1 and H2), two source positions 

(S1 and S2) and sixteen configurations reproduced in two different volumes (V1 and V2) 

 

 



 

 

The C80 showed to have a higher difference between the two volumes in the configurations with 

diffusive and reflective surfaces (R, Dlu-R, Dll-R, Dlf-R, and Dlm-R). These differences were higher 

in the Group 3 and 4 that considered variations over the lateral walls. Group 2 showed less differences 

between the two volumes in the conditions with diffusive ceiling (Dc-A and Dcf-A). The highest 

differences are noticed when the diffusive surfaces are located over the whole lateral walls  (Dl-A). 

The same behavior results also for D50.  

Inter-aural Cross Correlation (Figure 4) showed more variable results for the IACCE3 compared to 

the IACCL3. The highest values for IACCE3 resulted in Head 2 for Source position 1 (S1) in both 

volumes. These positions are on the path of the reflections which emphasizes the differences between 

the two ears at the most asymmetric orientations (90° and -90°). The results seem less scattered and 

lower for source position 2, which is closer to the lateral wall. In this case it seems that for locations 

of the diffusive surfaces over the ceiling (Dc-A and Dcl-A) the IACCE3 values are independent on the 

volume and head location becoming comparable to the data of the D configuration.  

Some further considerations can be made considering the comparable results between different 

extensions of the diffusive surfaces (Dl-A and Dlf-A, Dlu-A and Dll-A) showing that the extension of 

the diffusive surfaces can be limited to more efficient locations.  

 The most dispersed data resulted for A configuration, where it was expected to have a less uniformity 

of the sound field compared to the R or D configurations. These differences are more evident in the 

IACCL3.  

4. CONCLUSIONS 

The present study aimed to investigate the influence of diffusive surface location and extension on 

the objective monaural and binaural acoustic parameters in a flexible environment, the hall Espace de 

Projection at IRCAM (Paris). Sixteen configurations have been presented considering two different 

volumes of the room. Moreover, three reference conditions, that is, fully absorptive, reflective and 

diffusive boundaries of the hall have been included. The ISO 3382 objective acoustic parameters, such 

as Reverberation Time (T30), Early Decay Time (EDT), Clarity (C80), Definition (D50), and Inter-Aural 

Cross Correlation (IACC) have been estimated from the measured impulse responses. The monaural 

parameters showed a less significant sensitivity to the location of the diffusive surfaces, while the 

variation of their extension could lead to differences above the JNDs. However, this is more related 

to the variation of the sound absorption in the room. 

The measurements of the binaural acoustic parameters showed that IACCE3 is more sensitive to 

the parameters related to the source, head and volume variations. These could show at some extent 

also the diffusivity conditions within each configuration. Conversely, IACC L3 showed less variability 

among the configurations except for the totally absorptive condition (A). Some further considerations 

on the IACCE3 showed that comparable results could be obtained between different extensions of the 

diffusive surfaces (example over the whole lateral wall or over a small portion close to the head 

location) showing that the extension of the diffusive surfaces can be limited to more efficient locations.  

Further investigations through listening test could be performed and verify  the perceptual effects. 

It might be also considered that more generalizable results could be obtained considering the 

possibility to map through binaural measurements a higher number of locations. Thes may result one 

of the limitations of this study. 
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A rotationally invariant isotropy measure 

for directional room impulse responses 

Tatsuhiro TANAKA1; Makoto OTANI2 
1,2 Graduate School of Engineering, Kyoto University, Japan 

ABSTRACT 
An isotropy of a sound field is a theoretical assumption underlying the measurements of absorption coeffi-
cient and the psychological models of spatial auditory perception in room acoustics. Recent studies have 
attempted to model an isotropic sound field or develop a quantitative measure for estimating the extent of the 
isotropy of a sound field. However, especially for the isotropy of directional room impulse responses (RIRs), 
an appropriate measure has not been provided yet. This study proposes an isotropy measure for estimating 
the uniformity of a directional distribution. The proposed measure is based on the ratio of zeroth-degree 
component in the total angular power spectrum, which is rotationally invariant, of a directional distribution 
in the spherical-harmonics domain. It is numerically shown that the proposed isotropy measure is also rota-
tionally invariant, which is suitable for estimating the isotropy of a sound field, indicating that the proposed 
measure appropriately estimates the uniformity of a Schroeder-integrated directional distribution. 
 
Keywords: Isotropy measure, Angular power spectrum 

1. INTRODUCTION 
A diffuse sound field [1] and diffuseness of a sound field are theoretical assumptions widely used 

in acoustics. For example, sound absorption coefficient measurements in a reverberation room [2] 
assume the diffuse sound field. The physical properties of the diffuse sound field are summarized as 
(i) homogeneity: uniform distribution of acoustic energy in a room and (ii) isotropy: statistical uni-
formity of the directional properties (e.g., amplitudes and phases of arriving sound waves) of the 
sound field observed at a point in a room. This paper discusses the isotropy of a sound field. 

Recent studies focus on the isotropy. Examples include evaluating the isotropy of a reverberation 
room [3] and investigating the relationship between spatial auditory perception and the isotropy by 
psychophysical experiments [4]. A problem in conducting such research is how to quantitatively eval-
uate the isotropy of a sound field. Some measures evaluating the isotropy have been proposed, much 
of them evaluate the extent of the isotropy of sound fields using the following physical quantities: (i) 
covariance of the spherical harmonic expansion coefficients (SHECs) of the time-domain sound field 
[5]; (ii) deviation of the energy decay curves calculated for select directions [6, 7]; (iii) ratio of the 
zeroth-degree SHEC of a sound field [8]. 

The measure by Epain and Jin [5] assesses the (strict) isotropy of sound fields, that is, it evaluates 
whether the amplitudes and phases of the arriving sound waves are mutually uncorrelated. Although 
it is appropriate for the evaluation of a steady-state sound field, it is questionable whether it can be 
applied to directional RIR. The approaches by Gover et al. [6], Berzborn and Vorländer [7], and Nolan 
et al. [8] do not assume amplitudes and phases of the plane waves are random. Therefore, they can be 
applied to the evaluation of the isotropy of the directional RIR. It should be noted that these measures 
do not evaluate a strict isotropy, but instead assess the uniformity of the directional distribution of 
physical quantities of a sound field. Since the approach by Nolan et al. [8] is the most concise, this 
study focuses on the isotropy indicator [8]. 

This study formulates the isotropy measure based on the angular power spectrum (APS) by extend-

 
1 tanaka.tatsuhiro@icloud.com 
2 otani@archi.kyoto-u.ac.jp 

ABS-0156



 

 

ing the isotropy indicator [8], and numerically shows that the APS-based isotropy measure has rota-
tionally invariant nature. 

2. CUMULATIVE DIRECTIONAL DISTRIBUTION 

2.1 Sound field composed of plane waves 
Here, a sound field composed of sinusoidal plane waves is considered. The sound field is written 

as 

𝑃(𝒓, 𝑘, 𝑡) = )𝐴!(𝑘, 𝑡)
"

!#$

∙ 𝑒%&𝒏!∙𝒓, 

where 𝒓 = (𝑥, 𝑦, 𝑧) is an observation point; 𝒏! is a unit vector pointing at direction of arrival (DoA) 
of qth plane wave; 𝐴!(𝑘, 𝑡) is a complex amplitude of qth plane wave at the origin. k [rad/m] and 𝜔 
[rad/s] are the wavenumber and the angular frequency of the plane waves, respectively. t [s] is the 
time when the sound field is observed. 

2.2 Cumulative directional distribution 
Since the isotropy of a sound field is a statistical (or cumulative) property, it is more reasonable to 

evaluate the isotropy using cumulative directional distributions than instantaneous ones. Cumulative 
(Schroeder-integrated) directional distribution in the spherical-harmonics domain is given as 

𝐷*+ (𝜃, 𝜙, 𝜔) = ) ) 𝑎,,.+ (𝜔) ∙ 𝑌,,.(𝜃, 𝜙)
,

.#/,

*

,#0

, 

where 𝑌,,.(∙) is the complex-valued spherical harmonics; 𝑛 = 0,1,2, … and 𝑚 = 0,±1,… ,±𝑛  are 
the degree and the order, respectively. 𝜃 and 𝜙 are the angular coordinates in the spherical coordi-
nate system. The spherical harmonic expansion coefficients (SHECs) of the cumulative directional 
distribution are given as 

𝑎,,.+ (𝜔) =)>
1
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1𝑑𝑡
2

0
C

"
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where (∙)DDD represents complex conjugate; (𝜃! , 𝜙!) is the DoA of qth plane wave. 

3. ISOTROPY MEASURE 

3.1 Isotropy indicator 
Nolan et al. [8] proposed an isotropy indicator for assessing the uniformity of the directional dis-

tribution of sound fields composed of plane waves. The isotropy indicator evaluates the uniformity of 
the directional distribution by the ratio of the absolute value of the zeroth-degree SHEC of the sound 
field to the sum of the absolute values of the SHECs of that from zeroth to 𝑁th degree. The isotropy 
indicator is given as 

𝜈*+ (𝜔) =
A𝑎0,0+ (𝜔)A

∑ ∑ A𝑎,,.+ (𝜔)A,
.#/,

*
,#0

, 

where 𝑁 is the truncation degree. 

3.2 Numerical experiment 
This subsection numerically demonstrates a simple example to show the rotationally variant nature 

of the isotropy indicator. Consider a sound field composed of a single plane wave. The SHECs of the 
cumulative directional distribution of the sound field is given as 

𝑎,,.
+,345 = 𝑌,,.(𝜃6,, 𝜙6,)DDDDDDDDDDDDDDDDD 

where	 (𝜃%,, 𝜙%,) is the DoA of the single plane wave. For simplicity, the square mean of the amplitude 
of the plane wave is set to 1, and is given as 

lim
2→8
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It is reasonable to assume that the uniformity of the cumulative directional distribution of this sound 
field is constant regardless of the DoA of the plane wave. Therefore, it is desirable that the numerical 
value of the isotropy indicator calculated using the SHECs of this sound field 

𝜈*
+,345 =

A𝑎0,0
+,345A

∑ ∑ A𝑎,,.
+,345A,

.#/,
*
,#0

 

is constant regardless of the DoA of the plane wave. 
Figure 1 shows the numerical values of the isotropic indicator calculated for several DoAs and the 

truncation degrees. The numerical value of the isotropy indicator varies with the DoA of the plane 
wave, indicating that the isotropy indicator is not rotationally invariant.  

3.3 APS-based isotropy measure 
To overcome the rotationally variant problem of the isotropy indicator, this study proposes an 

isotropy measure based on angular power spectrum (APS). The APS-based isotropy measure is for-
mulated as 

𝜇*+ (𝜔) =
A𝑎0,0+ (𝜔)A

∑ N∑ A𝑎,,.+ (𝜔)A1,
.#/,

*
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is the nth-degree APS of the cumulative directional distribution of a sound field. Since it has been 
mathematically proven that the APS is rotationally invariant [9], the APS-based measure is also rota-
tionally invariant.  

3.4 Numerical experiment 
The APS-based isotropy measure is also applied to SHECs for a sound field consisting of a single 

plane wave 

𝜇*
+,345(𝜔) =

A𝑎0,0
+,345(𝜔)A

∑ N∑ A𝑎,,.
+,345(𝜔)A

1,
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*
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Figure 2 shows the numerical values of the APS-based isotropy measure. Unlike the results for the 
isotropy indicator, the numerical value is constant regardless of the DoA of the plane wave. These 

Figure 1. Numerical values of the isotropy indicator applied to the SHECs for a sound 
field composed of a single plane wave. For the DoA of the plane wave, 𝜃!" increases 
logarithmically from 1° to 90°, while 𝜙!" varies randomly from −180° to 180°, re-
spectively. Truncation degree 𝑁 increases logarithmically from 1 to 1000. These condi-
tions also apply to Fig. 2. 



 

 

results indicate that the APS-based isotropy measure can appropriately assess the uniformity of the 
cumulative directional distribution.  

4. SUMMARY 
This study proposed the APS-based isotropy measure for evaluating the uniformity of the cumula-

tive directional distribution of a sound field. Numerical experiments have shown that by extending 
the isotropy indicator [8], the proposed isotropy measure can appropriately evaluate the isotropy of a 
sound field. The APS-based measure does not evaluate a strict isotropy but evaluates the uniformity 
of the cumulative directional distribution of a sound field. Further research is needed to assess the 
strict isotropy of a sound field in wavenumber domain. 
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High-frequency attenuation of neonatal intensive care unit incubators 

Brian B. MONSON1 
1 Speech and Hearing Science, University of Illinois Urbana-Champaign, USA 

ABSTRACT 
Noise exposure in the neonatal intensive care unit (NICU) may contribute to the increased risk for hearing 
loss and other auditory dysfunction observed with infants born premature. Additionally, speech and language 
exposure for preterm infants is low. NICU infants often spend days and weeks housed in NICU incubators. 
We sought to characterize the sound transmission characteristics of NICU incubators to investigate how they 
might impact on auditory experience for preterm infants. Incubators provided 10-25 dB of attenuation for 
frequencies between 400 Hz and 20 kHz. This may serve to protect the premature auditory system from 
noxious noise levels in the NICU, but may also degrade valuable speech information for the developing brain. 
 
Keywords: preterm, infant, incubator 

1. INTRODUCTION 
Infants born premature are at increased risk for hearing loss and other auditory dysfunction. High 

noise levels in the neonatal intensive care unit (NICU) have been well documented, and such noise 
exposure may contribute to this increased risk. At the same time, low exposure to speech and language 
for preterm infants in the NICU may also be a contributing factor. NICU infants often spend days and 
weeks housed in NICU incubators. We sought to characterize the sound transmission characteristics 
of NICU incubators to investigate how they might impact on auditory experience for preterm infants. 

2. METHODS 
Using white noise and running speech as external sound sources, we measured the external-to-

internal incubator transfer function for several sound source locations relative to the incubator. 
Measurements were conducted for two modern widely-used incubator models in a realistic NICU 
setting. 

3. RESULTS 
Incubators provided 10-25 dB of attenuation for frequencies between 400 Hz and 20 kHz. Level 

gains were observed for frequency below 100 Hz. Incubators may serve to protect the premature 
auditory system from noxious noise levels in the NICU, but may also degrade valuable speech 
information for the developing brain (1). 
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ABSTRACT 

The room acoustic theory is based on the reverberation theories of Sabine and Eyring. The important physical 
quantities derived from these theories are the average sound pressure level (sound energy density) and the 
reverberation time (sound energy decay). However, the theories of Sabine and Eyring are incompatible in 
these aspects and are not an integrated and consistent theoretical system. In particular, in Eyring’s theory, the 
sound energy density in the steady state and the energy decay from the steady state contradict each other. The 
purpose of this study was to integrate the theories of Sabine and Eyring and construct a consistent room 
acoustic theoretical system. In this work, first, the theoretical framework for a consistent system is presented, 
and the contradictions in the current room acoustic theory are discussed. Furthermore, to resolve these 
contradictions, theoretical solutions that consider the mean free path of direct sound are proposed. 
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1. Introduction 
The room acoustic theory is based on Sabine’s (1) and Eyring’s (2) reverberation theories. Over 

the years, it has been improved from various points of view, such as the concept of averaging 
absorption (3), air absorption (4), directional reverberation (5,6), uneven absorption (7,8), distance 
attenuation of reverberation (9,10), and consideration of sound scattering (11–13). However, even in 
present times, Sabine’s and Eyring’s theories are the most important theoretical frameworks for room 
acoustics. The important physical quantities derived from these theories are the average sound 
pressure level (sound energy density) and reverberation time (sound energy decay). Nevertheless, 
Sabine’s and Eyring’s theories are incompatible in these aspects, and are not an integrated and 
consistent theoretical system. In particular, Eyring's theory has contradictions regarding the sound 
energy density in a steady state and energy decay from the steady state. 

The purpose of this study is to integrate the theories of Sabine and Eyring and construct a consistent 
room acoustic theoretical system. First, the theoretical framework for a consistent system is presented, 
and the contradictions in the current room acoustic theory are clarified. Furthermore, to resolve these 
contradictions, theoretical solutions that consider the mean free path of direct sound are proposed. 

2. Framework of room acoustic theory 

2.1 Theoretical framework 

It is assumed that a sound source with sound power W emits sound during a very short time ∆𝑡 in 
a room with volume V, and that the sound energy density E exponentially decays with a decay 
parameter 𝜆. This is expressed using Equation (1). It is construed that this equation expresses the 
average impulse response in the room. 
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Equation (2) is obtained by setting ∆𝑡 → 0. 
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The Schroeder integration (14) of Equation (2) yields the following equation, which expresses the 
sound energy decay from the steady state of the sound fields. 
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In Equation (3), 𝑊/𝑉𝜆 is the sound energy density 𝐸 , and exp 𝜆𝑡  denotes the reverberation 
decay. In this theoretical framework, exp 𝜆𝑡  is construed as the time variation of the probability 
that the emitted sound energy remains in a room. Based on these equations, using 𝜆, the sound energy 
density 𝐸  in the steady state can be defined using Equation (4), and the reverberation decay from 
the steady state can be expressed using Equation (5).  
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In the theoretical framework, the sound energy density of the steady state and reverberation decay 
are determined by the identical parameter 𝜆. The parameter λ is a key factor in room acoustic theory. 
Thus, to achieve a consistent theoretical system, λ in the sound energy density 𝐸   and in the 
reverberation decay exp 𝜆𝑡  should be identical. 

2.2 Reverberation time and average sound pressure level in the theoretical framework 

The reverberation time and average sound pressure level are defined using 𝜆 according to the 
theoretical framework. The reverberation time T is defined as the time in which the sound energy 
density becomes 10 𝐸 . This is expressed as follows:    

 610 exp T   . (6) 

Solving for T provides a definition of the reverberation time using 𝜆 as follows. 
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Using 𝐼 𝑐𝐸, Equation (4) can be transformed into 𝐼 𝑐𝑊/𝑉𝜆 where c is the speed of sound. 
Therefore, when the sound power level is 𝐿 , the average sound pressure level 𝐿  can be calculated 
using Equation (8) as follows:  
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As shown in Equations (7) and (8), important physical quantities in room acoustics are determined 
using the identical parameter 𝜆. 

3. Theories of Sabine and Eyring regarding the framework 

3.1 Sabine’s theory 

In Sabine’s theory, the reverberation decay from the steady state can be expressed using Equation 
(9), where S and 𝛼  are the total surface area and average absorption coefficient of the room, 
respectively. 
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From Equation (9), 𝜆 becomes 𝑐𝑆𝛼/4𝑉 identically both in the sound energy density of the steady 
state and in the reverberation decay. Therefore, Sabine’s theory is consistent in this aspect. If 𝜆
𝑐𝑆𝛼/4𝑉 is substituted into Equations (7) and (8), the well-known definitions of T and 𝐿  can be 
obtained using Equations (10) and (11), respectively, where A is an equivalent absorption area. 
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As mentioned above, Sabine’s theory is consistent with the theoretical framework described in 
Section 2. However, the reverberation time in Sabine's theory does not become zero even if 𝛼 1.0. 

3.2 Eyring’s theory 

As shown in Figure 1, in Eyring’s theory, the reverberation decay from the steady state becomes 
𝐸 𝑛 𝐸 1 𝛼  where n is an order of reflection. When the mean free path of room ℓ is defined 
as ℓ 4𝑉/𝑆 (15–19), the average reflection order 𝑛 becomes 𝑐𝑆𝑡/4𝑉. Using these relations, the 
decay 1 𝛼  and sound energy density of the steady state 𝐸  can be expressed using Equations 
(12) and (13), respectively, as follows: 
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Figure 1. Conceptual diagram of Eyring’s theory. 

 
Therefore, according to Eyring’s theory, the reverberation decay from the steady state can be 

expressed using Equation (14) as follows: 
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From Equation (14), 𝜆 in the reverberation decay becomes 𝑐𝑆ln 1 𝛼 /4𝑉. Upon substituting 
𝜆 𝑐𝑆ln 1 𝛼 /4𝑉 into Equation (7), Eyring’s reverberation time, can be obtained as follows. 
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However, from Equations (13) and (14), 𝜆 in 𝐸  becomes 𝑐𝑆𝛼/4𝑉 similar to that in Sabine’s 
theory. Therefore, 𝐿  is defined using Equation (11).  

In Eyring’s theory, the reverberation time becomes zero when 𝛼 1.0. Thus, the contradiction in 
Sabine's theory can be resolved. However, from Equation (14), 𝜆 in 𝐸  and in the reverberation 
decay are different. Therefore, Eyring’s theory is inconsistent with the theoretical framework 
described in Section 2. To solve this inconsistency, Equation (14) needs to be changed to the 
following: 
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However, Equation (16) has a contradiction: when 𝛼 1.0, 𝐸  = 0 and the sound energy vanishes 
completely, ignoring the existence of the direct sound. This implies that the effects of direct sound 
should not be included in Eyring’s reverberation theory. 

4. Mean free path of a direct sound 
To resolve the inconsistencies in the aforementioned theories, the mean free path is reconsidered, 

particularly in the case of direct sound. Figure 2 illustrates the concept of the mean free path of the 
direct sound. It is assumed that a line segment that passes through a certain point (a sound source) at 
angle θ and extends from one wall surface to another. When the line segment is internally divided by 
the sound source, the average length of the two internally divided line segments is always ℓ/2 , 
regardless of the internal division ratio 𝑛:𝑚 . This always holds regardless of the sound source 
position and angle θ of the line segment. The line segment represents the free path of the sound wave 
propagating in the room, and the average of the line segments at every point and angle θ in the room 
is equal to the mean free path ℓ. Furthermore, the average of the line segments connecting the wall 
surfaces internally divided by the sound source is ℓ/2. This means that the mean free path of direct 
sound is half of the mean free path of reflected sounds. 
 

  

Figure 2. Concept of mean free path of direct sound. 

5. Revision of Sabine’s theory: revised theory (1) 
Sabin’s theory is revised based on the mean free path of direct sound. Figure 3 shows a conceptual 

diagram of the revised theory (1).  
In revised theory (1), reverberation is defined as “a decay of average sound energy density, which 

includes both direct sound and reflected sounds.” According to Equations (4) and (5), the parameter 
𝜆  can be determined from either the sound energy density or reverberation decay. Herein, 𝜆  is 
determined from the sound energy density. Based on Figure 3, the sound energy density 𝐸   is 
expressed using Equation (17).  
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Comparing Equation (17) to (4), 𝜆 in revised theory (1) can be derived as 𝑐𝑆𝛼/4𝑉 1 0.5𝛼 . 
Using this 𝜆, the reverberation decay from the steady state can be expressed using Equation (18), 
where R is the room constant, 𝑅 𝑆𝛼/ 1 𝛼 .   
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From Equation (7), the reverberation time in revised theory (1) can be defined using Equation (19).  
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The reverberation time from Equation (19) is equal to Sabine’s reverberation time multiplied by 
1 0.5𝛼  and is shorter than Sabine’s reverberation time. Stephenson (20) clarified that for small 
𝛼, Eyring’s reverberation time is nearly equal to Sabine’s reverberation time multiplied by 1 0.5𝛼 . 
Therefore, Equation (19) corresponds to Eyring’s reverberation time for a small 𝛼 . Stephenson 
considered that the difference between the Eyring and Sabine formulas could be explained by the 
transition from stepwise to continuous absorption. He derived the factor (1-0.5a) based on this 
assumption. 

However, the factor (1-0.5a) in this revised theory (1) is derived based on the fact that the mean 
free path of the direct sound is ℓ/2. Revised theory (1) contains elements of both direct and reflected 
sounds. This is clearly expressed in the third variation in Equations (18) and (19). The terms 1/R and 
1/2S represent the effects of reflected and direct sounds, respectively. According to Equation (19), the 
reverberation time can be divided into reverberation times of reflected and direct sounds. Equation 
(19) clearly differs from Eyring’s equation because of the following reason: similar to Sabine's theory, 
the reverberation time does not become zero even if 𝛼 1.0. Because the direct sound propagates at 
an average distance of ℓ/2 before being absorbed by the wall surface, the reverberation in the case 
of 𝛼 1.0 can be interpreted as the reverberation of the direct sound. There is no contradiction when 
considering the energy density of the entire space, including direct sound.  

Although the reverberation of direct sound cannot be obtained by the measurement of a single 
source-receiver combination in the room, it can be obtained by synchronized averaging of the energy 
decays, which includes direct sound over multiple source-receiver combinations in the entire space. 
According to this interpretation, Sabine’s theory is also not contradictory when 𝛼 1.0. 

Substituting 𝜆 𝑐𝑆𝛼/4𝑉 1 0.5𝛼   into Equation (8), the average sound pressure level 𝐿   in 
revised theory (1) can be expressed using Equation (20). According to Equation (20), 𝐿  includes 
components of the direct (2/𝑆) and the reflected (4/𝑅) sounds. 
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Figure 3. Conceptual diagram of revised theory (1). 

6. Revision of Eyring’s theory: revised theory (2) 
Eyring's theory is modified as revised theory (2), which deals only with reflected sounds. In revised 

theory (2), the reflected sounds arrive after ℓ/2𝑐  on average after the sound source emits sound 
waves. Therefore, Equation (16) is only applicable after ℓ/2𝑐. Substituting 𝑡 ℓ/2𝑐 into Equation 
(16), the sound energy density of the reflected sounds 𝐸  becomes approximately 4𝑊/𝑐𝑅, as shown 
in Equation (21).    

 
 

 
 

ln 14 2
exp

2 4ln 1

4 14 1 4

ln 1

r

cSW V V
E E

c V V cScS

WW W

cRcScS








       
     


  
 



. (21) 

Using this result, the reverberation decay in Eyring's theory can be reinterpreted as reverberation 
decay owing to the reflected sound only, as in Equation (22), based on Equation (16) instead of 
Equation (14). 
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Figure 4 shows a conceptual diagram of revised theory (2) based on Equation (22). Term 𝐸  in 
Figure 4 represents the sound energy density of only the reflected sounds in the steady state, and 𝐸
4𝑊/𝑐𝑅. In the steady state, the reflected sound energy density begins to decay ℓ/2𝑐 seconds after 
the sound source is turned off.  

As the parameter 𝜆 of the energy decay in Equation (22) is 𝑐𝑆ln 1 𝛼 /4𝑉, the reverberation 
time in revised theory (2) remains the same as that in Eyring’s Equation (15). However, here, the 
reverberation decay in revised theory (2) should be defined clearly as “a decay of the average sound 
energy density of only reflected sounds”. 

The energy density of the direct sound is expressed by distinguishing it from the reflected sounds, 
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as shown in Equation (23), considering the distance attenuation, where r is the distance between a 
sound source and a receiving position and Q is the directivity factor of the sound source.   
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The average sound pressure 𝐿  in revised theory (2) can be calculated using Equation (24). 
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Figure 4. Conceptual diagram of revised theory (2). 

7. COMPARISON OF THEORIES 
Table 1 presents a comparison between the existing and revised theories from the perspectives of 

the treatment of the direct sound and reflected sounds, mean free path, and absorption factor.  
The existing Sabin and Eyring theories deal with direct and reflected sounds stochastically, and 

the mean free path of the direct sound and reflected sounds is 4V/S without distinction. Only the 
absorption factors differ between the two theories.  

Revised theory (1) treats direct and reflected sounds stochastically, as in the existing theory. 
Regarding the mean free path, the direct and reflected sounds differ. The absorption factor is 
𝛼/ 1 0.5𝛼 , which differs from other theories.  

Revised theory (2) treats direct sound deterministically considering distance attenuation. The direct 
sound is not included in reverberation. The idea of the mean free path is the same as that in revised 
theory (1), and the sound absorption factor ln 1 𝛼  is the same as that in Eyring’s theory. 
 

Table 1. Comparison of existing and revised theories. 
Theory Treatment of direct sound Treatment of reflected 

sounds 
Mean free path Absorption 

factor 

Sabine Stochastic (included in reverberation) Stochastic 4V/S: No distinction between a 
direct sound and reflected sounds 



Eyring Stochastic (included in reverberation) Stochastic 4V/S: No distinction between a 
direct sound and reflected sounds 

-ln(1-) 

Revised 
theory (1) 

Stochastic (included in reverberation) Stochastic 2V/S: direct sound 
4V/S: reflected sounds 

 /(1-0.5) 

Revised 
theory (2) 

Deterministic (excluded from 
reverberation) 

Stochastic 2V/S: direct sound 
4V/S: reflected sounds 

-ln(1-) 

 

To clarify the difference in the sound absorption factor that characterizes each theory, the changes 
in each absorption factor with respect to Sabine's absorption factor, 𝛼, are plotted in Figure 5. As 
shown in Figure 5, there is no difference between each absorption factor in the range where 𝛼 ≤ 0.2, 
but when 𝛼 > 0.2, the difference between 𝛼 and other sound absorption factors begins to increase. 
When 𝛼  < 0.5, 𝛼/ 1 0.5𝛼   is approximately the same as Eyring's absorption coefficient 

ln 1 𝛼 . This means that the reverberation time according to Equation (19) in revised theory (1) 
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coincides with the reverberation time in Eyring theory according to Equation (15) in the range of 𝛼
0.5, that is, in most actual sound fields.  

When 𝛼 > 0.5, ln 1 𝛼  gradually becomes larger than 𝛼/ 1 0.5𝛼 . This is because of the 
difference in whether the reverberation decay includes direct sound. With respect to revised theory 
(1), when 𝛼 = 1.0, 𝛼/ 1 0.5𝛼  becomes 2.0. This indicates that the reflected sound energy in the 
room becomes zero, but the direct sound energy does not. However, in revised theory (2), which does 
not include the direct sound in the reverberation, ln 1 𝛼   approaches infinity when 𝛼 
approaches 1.0, and the reflected sound energy in the room becomes zero. 

  

Figure 5. Absorption factors of revised theories vs Sabine’s absorption coefficient. 

8. CONCLUSIONS 
The reverberation theory should be constructed without contradictions regarding the sound energy 

density in a steady state and energy decay rate from the steady state, that is, the reverberation time. 
However, most of the former discussions on the differences between Sabine's and Eyring's theories 
have focused only on the reverberation time. The fact that the reverberation time does not become 
zero even if 𝛼 1.0  is considered a shortcoming of Sabine’s theory. Sabine’s formula for 
reverberation time is confirmed to be accurate only when 𝛼 is low. Eyring’s formula is considered a 
more general formula and describes Sabine’s formula as a special case for “live” rooms. However, as 
mentioned in Section 3.2, Eyring’s theory contradicts the relationship between the sound energy 
density in the steady state and energy decay rate in the reverberation. 

The objective of this study is to integrate Sabine’s and Eyring’s theories without contradiction 
rather than to assess which theory was appropriate. In this paper, reverberation theories without 
contradictions concerning the sound energy density in the steady state and energy decay rate in 
reverberation are discussed. The framework for a consistent theory is examined along with the 
contradictions contained in the existing theories of Sabine and Eyring. To resolve these contradictions, 
it is shown that the mean free path of direct sound is half that of reflected sounds. Based on this, two 
new theories are proposed hereby. Revised theory (1) includes the direct sound and reflected sounds 
in the reverberation, and revised theory (2) includes only the reflected sounds, excluding the direct 
sound in reverberation. Both revised theories satisfy the requirements of the theoretical framework, 
and there are no contradictions between these theories.  

Revised theory (1) is suitable for stochastically calculating the reverberation of the entire sound 
field, including a direct sound, whereas revised theory (2) is suitable for calculating the sound field 
by separating the effects of direct and reflected sounds. 

In the future, it will be necessary to verify these revised theories using computer simulations of 
sound fields. 
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