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ABSTRACT 

Immersive sound has been developed for systems with multichannel loudspeakers arranged in three 

dimensions, such as the 22.2 multichannel sound system. Recently, more and more immersive sound content 

is being produced to be listened to with headphones and earphones so that the immersive sound content can 

be enjoyed in a simpler way. However, the differences between the spatial impression reproduced by 

multichannel loudspeakers and that reproduced by headphones or earphones have become a problem. 

Representative examples of research conducted to address this problem include the individualization of head-

related transfer functions used in binaural rendering and head tracking. Meanwhile, there has been less 

research on the physical acoustic characteristics required for earphones and headphones that reproduce the 

immersive binaural sound. We therefore investigated the physical acoustic characteristics of earphones and 

headphones required to reproduce the spatial impression of binaural sound aimed at by immersive sound 

content as faithfully as possible, and we found desirable characteristics. Subjective evaluation experiments 

showed that earphones and headphones designed according to these characteristics reproduce the spatial 

impression of the sound content more faithfully than devices designed on the basis of other characteristics. 
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1. INTRODUCTION 

People now listen to music mostly through earphones and headphones, and the younger generations 

have had little experience listening to music through loudspeakers. This paper uses the term 

“earphones” for listening devices used to enjoy music, whose tips are inserted into the outer ear canals. 

However, the recording, distribution, and reproduction of music in the field of audio engineering have 

been advanced mostly focusing on listening through loudspeakers. At professional recording studios, 

sound engineers and musicians still listen to music through loudspeakers with the expectation that the 

audience will do the same. There has thus been little research on the recording and reproduction of 

music with headphones and earphones. 

There has been wide technical research on headphones and earphones since the 2000s (1, 2). This 

research interest can be attributed to the growing market for headphones and earphones and growing 

popularity of portable devices such as smartphones. An important topic of such research is the 

preferred target response curves of headphones and earphones for enjoying music.  

Moreover, immersive audio has recently become popular. This paper uses the terms “immersive 

audio” and “immersive sound” for three-dimensional audio and three-dimensional sound respectively; 

e.g., the three-dimensional sound reproduced by a 22.2 multichannel sound system (3). An immersive 

sound system is designed basically to reproduce sound with loudspeakers. However, listening to 

immersive sound with headphones and earphones is becoming popular owing to the recent 
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development of binaural rendering (4). This paper uses the term “immersive binaural sound” for the 

binaural sound that reproduces the three-dimensional spatial sound through headphones and 

earphones; e.g., the binaural sound rendered from immersive sound created with multichannel 

loudspeakers and binaural sound recorded by a head and torso simulator (HATS). Such sound is clearly 

distinguishable from two-channel stereo sound, which is created with two-channel loudspeakers 

placed at the front left and front right of a listener at an angle of 60 degrees. 

This paper introduces new idea and concept of a target curve for headphones and earphones, which 

allows the reproduction of immersive binaural sound through headphones and earphones, and 

discusses the results of subjective evaluations that show how this target curve is appropriate 

comparing with the target curves for two-channel stereo sound in reproducing appropriately the spatial 

impression and generating good timbre from the immersive binaural sound.  

2. TARGET CURVES FOR EARPHONES AND HEADPHONES 

2.1 Target Curves for Earphones and Headphones 

Target curves or target response curves of headphones and earphones are used to ensure that the 

sound impression reproduced by the headphones and earphones is like that reproduced  by 

loudspeakers. The free-field target curve (FFTC) and diffuse-field target curve (DFTC) are most 

commonly used because they can be measured in an anechoic room and reverberation room, 

respectively. The FFTC and DFTC have been specified by technical standards and studied in the 

literature (5, 6, 7). This paper uses the FFTC and DFTC shown in Figure 1 according to one of the 

standards (5). 

 

Figure 1 – (Left) FFTC and (right) DFTC 

2.2 Target Curve for Two-channel Stereo Sound 

Many studies have proposed various preferred target responses of headphones and earphones for 

listening to the two-channel stereo sound of music (8, 9, 10, 11, 12). The sound image of two-channel 

stereo sound is basically localized by amplitude panning between left and right speakers in front of 

the listener. It is thus necessary to reproduce virtually these loudspeakers when listening with 

headphones or earphones to generate a spatial impression similar to that when listening with 

loudspeakers. As an example, to reproduce the impression of sound images of loudspeakers in a certain 

reference listening room, we measure the head-related transfer function (HRTF) from each 

loudspeaker to each eardrum of the listener and use these HRTFs as the target curves of headphones 

and earphones. Obviously, the reproduction of two-channel stereo sound by headphones and earphones 

is practically realized without signal processing such as binaural rendering to simulate listening to a 

loudspeaker in the room, and the HRTF to be applied to the target curve is thus obtained in a simple 

measurement that is the transfer function from the left loudspeaker to the left ear or from the right 

loudspeaker to the right ear. Additionally, the target curve based on this measurement is modified 

according to the results of subjective evaluation to satisfy the listeners’ preference in listening to the 

two-channel stereo music. The most important thing to note is that the target curve used for listening 

to two-channel stereo music contains spatial information related to the HRTF according to the 

loudspeaker position in front of the listener. 

2.3 Target Curve Required for the Reproduction of Immersive Binaural Sound 

2.3.1 Immersive Binaural Sound 
The available immersive audio content has increased in the entertainment market, and the most 

popular way to experience such content is listening with headphones and earphones. It is therefore 

important to study the physical acoustic characteristics required for earphones and headphones to 



 

 

reproduce immersive binaural sound that is faithful to the orig inal spatial impression. Immersive 

binaural sound already contains the three-dimensional spatial information for each sound object. Each 

sound object must be localized as the sound engineer or musicians created in the three -dimensional 

space in binaural listening. This is basically realized by the convolution of the HRTF according to the 

desired position with each sound object, and this is the fundamental technology of binaural rendering. 

As described before, the sound image localization of two-channel stereo sound is realized by 

amplitude panning and it is thus necessary to have the spatial information of the two-channel 

loudspeaker positions in the target curve of the headphones and earphones. However, spatial binaural 

sound already has the spatial information of each object sound, and it is thus unnecessary for the target 

curve to have the spatial information according to the positions of the loudspeakers. Moreover, if the 

target curve already has such spatial information, it affects the original spatial information of the 

immersive binaural sound and breaks the original spatial impression. Therefore, the target curve of 

the headphones and earphones for listening to immersive binaural sound should be neutral, or have 

white color, with respect to the spatial information. 

2.3.2 Target Curve Required for the Reproduction of Immersive Binaural Sound 
Günther Theile explained the operation of the hearing system under natural conditions as “The ear 

signals at the ear canal entrances arrive at the location-defining stage which interprets the spatial 

properties imprinted on the signal by the outer ear filters and undoes them. Therefore, the outer ear 

has no effect on the “Gestalt” of the auditory event, such as tone color.” (13) This indicates that the 

target curve required for the reproduction of immersive binaural sound must exclude the spatial 

properties created by the outer ear filters and must include information such that the Gestalt of the 

auditory event, such as the timbre, is the same as that of natural hearing. Thus, we can define a target 

curve comprising two functions, namely spatial properties and timbre properties. Therefore, the target 

curves of headphones and earphones for the immersive binaural sound must exclude spatial properties 

and include only timbre properties. 

From the above considerations, the target curve of the headphones or earphones required for the 

immersive binaural sound is obtained as follows. First, the amplitude frequency response (A) at the 

eardrum reference point of a participant using the headphones or earphones is measured in each 1/3 

octave band from 32 Hz to 16 kHz. The sound source for this measurement must be reproduced by the 

headphones or earphones. Second, the amplitude in each 1/3 octave band from 32 Hz to 16 kHz is 

adjusted by the participant so that the loudness is the same for all 1/3 octave bands using 1/3 octave 

band-passed pink noise played through the headphones or earphones. Adjustment results of the 

amplitude frequency response (B) are the series of data of increment or decrement of amplitude in 

each 1/3 band. The date in a specific 1/3 octave band is 0 if the participant makes no change of 

amplitude in the band. Third, the target curve of the headphones or earphones adequate for immersive 

binaural sound (TCAFIBS) is obtained as the amplitude frequency response, calculated as A + B.  In 

this paper, Figure 2 is used as the TCAFIBS for the subjective evaluation tests.  

 

Figure 2 – TCAFIBS obtained from the average of the results for many listening participants and various 

earphones where the sound pressure level of 1/3 octave band-passed pink noise at a center frequency of 

500Hz is set at 65 dB SPL 

3. SUBJECTIVE EVALUATION OF THE TARGET CURVE ADEQUATE FOR 

IMMERSIVE BINAURAL SOUND 

3.1 Subjective Evaluation 1: Perception of Static Sound Image Localization on Horizontal 

and Vertical Planes 

Subjective evaluation tests of the perception of static sound image localization on horizontal and 

vertical planes were carried out to compare the correctness of the spatial impression reproduced from 



 

 

the immersive binaural sound using earphones with different target curves. Three target curves are 

compared; i.e., the target curve adequate for the immersive binaural sound (TCAFIBS), FFTC, and 

the target curve designed through careful listening to obtain the best timbre in two-channel stereo 

music reproduction (TCFBT). The same earphones were used in the subjective evaluation for the three 

target curves. Each target curve was created through signal processing using a finite impulse response 

(FIR) filter on the same earphones. 

Participants in the subjective evaluation were 24 students who were studying acoustics and were 

trained in listening, aged 20 to 27 years. Sound stimuli were immersive binaural sounds created by 

the SPARTA binauralizer from three sound objects, which reproduced the sound image localization at 

different positions on horizontal and vertical planes around the listener as shown in Figure 3. The 

three sound objects were the sound of the playing of a violin, the sound of the playing of a shaker, 

and the sound of female Japanese speech. Participants were requested to report where they perceived 

each sound object image to be localized on both the horizontal and vertical planes when they listened 

to the stimuli. Each of the three sound objects was presented at 24 combinations of eight horizontal 

positions and three vertical positions. 

 

Figure 3 – Expected positions of sound images reproduced from the immersive binaural sound. Each sound 

object was presented at 24 combinations of eight horizontal positions and three vertical positions. 

Figures 4 present the results of the subjective evaluation for the three target curves. The vertical 

axes indicate the average percentage of correct answers for the 24 participants.  

The figures reveal significant differences between the three target curves in the perception of 

elevation of the sound of the shaker, a significant difference between the TCAFIBS and FFTC in the 

perception of the sound image localization of the shaker on both the horizontal and vertical planes, 

and a significant difference between the TCAFIBS and FFTC in the perception of the sound image 

localization of the violin on the horizontal plane, at the 5% level of significance. However, there is 

no significant difference between the three target curves in the perception of sound image localization 

of the female speech. 

 

Figure 4 – Average percentages of correct answers in localizing the sound of (left) the shaker on the vertical 

plane for each target curve, (center) the shaker on the horizontal and vertical planes for each target curve, 

and (right) the violin on the horizontal plane for each target curve. Error bars show the standard deviation, 

and brackets and asterisks indicate statistically significant differences at the 5% level of significance. 

3.2 Subjective Evaluation 2: Perception of Moving Sound Image Localization on 

Horizontal and Vertical Planes 

In subjective evaluation 1, several participants provided feedback that it was difficult to identify 

the direction of the sound source. It may be particularly difficult to determine the forward and 

backward positioning of stationary sound sources. Additionally, errors in perception between 45° and 

90° and between 135° and 90° were frequently observed. The second subjec tive evaluation thus 

investigated whether the accuracy of the perceived direction of the sound source increases when a 



 

 

moving sound source is used. 

Two sound objects were used for the stimuli in the subjective evaluation; i.e., a tone burst created 

from pink noise and the sound of the playing of a violin recorded in an anechoic chamber. Sound 

stimuli were immersive binaural sounds created by the SPARTA binauralizer, which moved the sound 

object in a circle around the listener on the horizontal plane. Three earphones with different target 

curves were evaluated by 28 students who were studying acoustics and were trained in listening to 

sound, aged 20 to 27 years. The participants were asked to tap a keyboard when they perceived the 

direction of the sound images in the target direction. A stimulus had a target direction of 0°, ±30°, 

±60°, ±90°, ±120°, ±150°, or 180°. The target direction of 0° was directly in front of the listener, the 

target direction of +30 degrees was 30 degrees to the right of 0°, and the target direction of −30 

degrees was 30 degrees to the left of 0°. The participants knew the target direction of each stimulus 

before listening, and they were asked to tap the keyboard when they perceived the moving sound 

object being in the target direction. For each sound stimulus, the initial position of the moving sound 

object and whether the object moved leftward or rightward were set at random.  

One of the target curves of the earphones used in the subjective evaluation was the TCAFIBS, and 

the other two target curves (target curve 1 and targe curve 2) were those of popular earphones available 

on the market. 

Figures 5 and 6 present the results of the subjective evaluation for the sound object of a tone burst. 

The figures show where the participants perceived the localization of the sound image for target 

directions of 30° and −30° (Figure 5) and 0° (Figure 6). The participants continuously pushed a key 

when they perceived the localization of the sound image to be in the target direction. In Figure 7, the 

orange line shows the results for the target direction of 30° and the blue line those for the target 

direction of −30°. In the case that the participant perceived the direction correctly, the line is in the 

target direction. Otherwise, the line shows how much the direction of localization perceived by the 

participant differs from the target direction. Figure 5 shows that target curve 1 has more error variation 

in the answered direction than the other two target curves. Additionally, the TCAFIBS has fewer 

forward/backward errors in perception than the other two target curves. Figure 6 shows that the 

TCAFIBS has far fewer forward/backward errors in perception than the other two target curves. 

However, regarding the sound object of a violin, there is no specific difference in the perceived 

direction among the three target curves. 

 

Figure 5 – Results from the sound of the tone burst in target directions of 30° and −30°: (left) TCAFIBS, 

(center) target curve 1, and (right) target curve 2 

 

Figure 6 – Results from the sound of the tone burst in a target direction of 0°: (left) TCAFIBS, (center) 

target curve 1, and (right) target curve 2 



 

 

3.3 Subjective Evaluation 3: Spatial Impression of Immersive Binaural Sound Recorded 

by a HATS 

As we have concerns that the results of subjective evaluations 1 and 2 depend strongly on the 

quality of the immersive binaural sound created by the binaural rendering algorithm and that it is 

difficult for the listener to perceive the localization of the immersive binaural sound, we used an 

immersive binaural sound recorded by a HATS (Bruel & Kjaer model 5128 High-frequency Head and 

Torso Simulator) for stimuli in this subjective evaluation test.  

Immersive sound as a stimulus was reproduced by a three-dimensional sound system that had 

loudspeakers with a 4+5+0 layout (Loudspeakers position C) in accordance with the ITU-R 

recommendation (14) and recorded by the HATS. Five immersive sound sources were used in the 

subjective evaluation; i.e., the sound of the playing of a pipe organ in a cathedral, the sound of a 

symphonic orchestra recorded in a concert hall, the sound of applause after the performance of a 

concert recorded in a concert hall, the sound of music with a soprano vocal, choir, and chamber music 

ensemble, and the sound of music with a male vocal and four-piece rhythm band. The participants 

evaluated the timbre, localization of sound images, listener envelopment, and sense of space by 

listening with headphones and earphones with the TCAFIBS, FFTC, and DFTC and by comparing 

with the hearing impression of the immersive sound reproduced by the 4+5+0 loudspeakers. The 

participants were asked to evaluate the three target curves on each attribute relative to the impression 

given by the loudspeakers. They gave a score to indicate the impression given by the headphones or 

earphones. A score of 100 indicates that the impression given by the headphones or earphones was 

exactly the same as that given by the loudspeakers. The same headphones and earphones were used in 

this subjective evaluation for the three target curves. Each target curve was created through signal 

processing using an FIR filter for the same headphones and earphones. The participants in the 

evaluation were 15 students who were studying acoustics and were trained in listening, aged 20 to 27 

years. 

Figure 7 presents the results of the headphones for the sound of applause and the sound of a soprano 

vocal with a choir, and Figure 8 presents the results of the earphones for the sound of a soprano vocal 

with a choir and the sound of a male vocal with a four-piece rhythm band. N is the number of 

participants for each result. Participants who seemed not to be able to evaluate appropriately on each 

stimulus were omitted in these figures. The figures show that the TCAFIBS is more highly rated than 

the FFTC and DFTC on each attribute both for headphones and earphones. However, the difference 

between the TCAFIBS, FFTC, and DFTC depends on the type of sound.   

 

Figure 7 – Results for headphones: (left) sound of applause and (right) sound of a soprano vocal with a 

choir. 

 



 

 

Figure 8 – Results for earphones: (left) sound of a soprano vocal with a choir and (right) sound of a male 

vocal with a four-piece rhythm band. 

3.4 Subjective Evaluation 4: Spatial Impression of Immersive Binaural Sound Recorded 

by a HATS 

In subjective evaluation 3, the participants were requested to evaluate four attributes, namely the 

timbre, localization of sound images, listener envelopment, and sense of space. However, the 

evaluation did not show significant differences between the four attributes. Some participants 

provided feedback that some attributes were not easy to evaluate for some sound sources, and a 

comparison of the three target curves on the four attributes was difficult. It is thus necessary to 

simplify the subjective evaluation and obtain evaluation results that are more reliable. In subjective 

evaluation 4, participants were asked to evaluate just two attributes, namely the spatial impression 

and timbre, and two target curves were compared, namely the TCAFIBS and preferred target responses 

for over-the-ear headphones (PTRFOE) (11, 12). The participants evaluated the two attributes using 

the same headphones for two target curves created through signal processing using an FIR filter. 

Immersive sound was reproduced using a three-dimensional sound system that had loudspeakers in a 

4+5+0 layout (Loudspeakers position C) in accordance with the ITU-R recommendation (14) and 

recorded by a HATS (Bruel & Kjaer TYPE 4128 Head and Torso Simulator). The participants were 

asked to compare the sound impression between loudspeakers and headphones for each target curve 

and to score how the impression given by the headphones was like that given by the loudspeakers on 

a scale from 0 to 10, with a score of 10 indicating that the two impressions were the same.  

The participants in the subjective evaluation were 10 students who were studying acoustics and 

were trained in listening, aged 20 to 27 years, and two audio professionals who were trained listeners, 

in their 20s and 60s. Figure 9 left presents the results for the sound of reverberation immediately after 

the tutti of an orchestra recorded in a concert hall, and Figure 9 right presents the results for the sound 

of classical music played by an orchestra recorded in a concert hall. These figures show a significant 

difference between the TCAFIBS and PTRFOE at the 1% level of significance.  

 

Figure 9 – (Left) results for the spatial impression of reverberation, and (right) results for the impression of 

the sound of an orchestra recorded in a concert hall. The impression of similarity to the sound of 

loudspeakers is given for each target curve. Error bars show the standard deviation, and brackets and 

asterisks indicate statistically significant differences at the 1% level of significance. 

4. CONCLUSIONS 

This paper proposed the target curve adequate for the immersive binaural sound (TCAFIBS). 

Subjective evaluations revealed that listeners experienced the sound image localization in three -

dimensional space more significantly like that for the original sound images when the TCAFIBS was 

used in comparison with the FFTC and the target curve for two-channel stereo sound at the 5% level 

of significance. Other subjective evaluations showed that the listeners experienced the spatial 

impression and timbre of immersive sound music through headphones and earphones more 



 

 

significantly like that through loudspeakers when the TCAFIBS was used in comparison with the 

target curve for two-channel stereo sound at the 1% level of significance.  

Recent studies have shown that the use of the personalized HRTF can improve the listener’s 

experience of immersive binaural sound. However, application of the personalized HRTF to consumer 

products requires accurate measurement and a specific system or platform. Meanwhile, the TCAFIBS 

is easily realized and can improve the listener’s experience of any type of immersive binaural sound 

content with any type of headphones or earphones. It is noted that the TCAFIBS gives a completely 

in-head localized spatial impression when listening to two-channel stereo sound through headphones 

or earphones because TCAFIBS is neutral, or has white color, with respect to the spatial information.  

Further study of the auditory model related to TCAFIBS is required to enable efficient signal 

processing in applying it to consumer products. 
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ABSTRACT
The synthesis of psychoacoustically accurate room impulse responses from room characteristics such as geometry
and materials is at the heart of many virtual acoustics systems. There are now a number of mature synthesis methods
available, including those based on ray tracing and the image method, finite element and finite difference schemes, and
modal techniques. Comparisons among these techniques are scarce, and here we compare the accuracy of impulse
responses synthesized using a number of these methods to ones measured in a 20ft x40ft x20ft (6.1m x 12.2m x
6.1m) racquetball court, a shoebox-shaped space comprised of pairs of orthogonal, flat surfaces. Room responses
synthesized using the image method, ray tracing, FEM, and scattering delay networks are compared with impulse
response measurements made using a Bose SoundLink Revolve+ loudspeaker and balloon pop sound sources and
a Core Sound TetraMic A-format microphone. Comparisons are made using the normalized echo density (NED)
profiles, and frequency-dependent early decay times and T30s estimated from the impulse responses. The timing and
arrival directions of reflections were clear during the measured impulse response onset, and reasonably well predicted
by the image method. The decay times and echo density profiles estimated from the measured impulse response were
consistent with that predicted by the Eyring/Sabine theory.

Keywords: Virtual Acoustics, Impulse Response Generation

1 INTRODUCTION
The applications of virtual acoustic technologies have grown substantially in past three decades, encompassing
artificial reverberation effects for creative applications, meticulous reconstruction of physical spaces no longer
accessible, to real-time spatial rendering in video game environments [1]. A variety of theoretical and practical
strategies can be implemented and combined to create virtual acoustic systems that fulfill the varied and complex
needs of these variations applications. However, the challenge of model selection can be particularly difficult
given the wide range of available choices and seemingly no structured comparison from which to make a
decision, resulting in a possible over-reliance on heuristics and previous experience. This project forms the
first step of developing a robust comparison of different artificial room impulse generation techniques to inform
model selection in future virtual acoustics projects. A shoebox-shaped room was selected as the basis for this
initial comparison work given it’s geometric simplicity. Recordings of various impulse responses of a shoebox-
shaped, in this case a racquetball court, were taken in a variety of positions to form a ground-truth against
which the synthesized artificial room impulse responses could be compared. Additional comparisons were also
made between two common methods of impulse generation, namely sineswave sweeps and balloon pops, to
provide a practical range of comparison values. The varied locations in the ground-truth recordings allows
for detailed comparisons to made, include the spatial accuracy of models. These detailed comparisons include
metrics such as half-octave T30, similarity of half-octave T30 decay curves, and normalized echo density.
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2 METHODS
2.1 Recording
A racquetball court measuring 20’ x 40’ x 20’ (6.1m x 12.2m x 6.1 m) was chosen as a simple “shoe-box
shaped” room. The walls and ceiling of the court were made of medium density fibreboard (MDF), the door-
section of the back wall was 0.5” thick glass, and the floor was varnished wood slats. Impulse were generated
by either popping a balloon or playing a 10s sinewave sweep using a Bose SoundLink Revolve Plus ii speaker.
Recordings were made at 48 kHz using a 4-channel Core Sound TetraMic using a Zoom F8n field recorded.
All equipment was characterized before recordings.

The recordings were made on a court with racquetball courts on either side at the Arrillaga Family Racquet-
ball Gymnastics Center on Stanford University campus. The recordings were taken during a single recording
session in March 2021 during which very little activity was present on campus. This led to the recordings
having no audible external sounds or interruptions. All sources (balloon or speaker) and receivers (TetraMic)
were placed 5ft (1.52m) above the ground from their respective acoustic centers. The height of the sources and
receivers remained constant during the recordings. The source and receiver were moved to 10 predetermined
locations in the room to adequately capture the effect of positional variation.

2.2 Synthesis Methods
Various methods of virtual room impulse response synthesis were considered for comparison and four were se-
lected for full comparison, namely: Image Method, Ray Tracing, Scattering Delay Networks, and Finite Element
Methods. These methods were selected to represent a variety of theoretical bases, computational complexity, and
implementation possibilities. This section provides a brief overview of each of the synthesis methods used.

2.2.1 Image Method
The image method, developed by Jeffrey Borish at Stanford University’s Center for Computer Research in Music
and Acoustics (CCRMA) in the 1980s, approximates the room impulse response between a source and listener
by generating a set of virtual sources or “images“ representing the effect of reflecting surfaces on the actual
source [2]. The approximation is valid when the wavelength of sound considered is significantly less than the
dimensions of the reflecting surfaces modeled. It is used to compute early reflections from large, flat surfaces
in a space.

The method may be described by considering that the sound field created by a single source in the presence
of an infinite reflecting surface is equivalent to that created by two sources, the original source and an “image“
source positioned and oriented by reflecting the original source through the surface. In an enclosed space, the
set of virtual sources is formed by first reflecting the source through each of the reflecting surfaces comprising
the space. In turn, each of these first-order source images is reflected through each of the reflecting surfaces
that has its interior facing the generating virtual source to generate second-order source images. This process
is repeated to generate a cloud of image sources that is sufficiently large to produce the desired room impulse
response duration.

The room impulse response is then found by summing the responses of the source and virtual sources
individually. This is done by first verifying whether each of the image sources is visible to the listener, and
then delaying and scaling an impulse emitted by each visible image source according to its distance to the
listener, applying any source radiation and listener antenna patterns, and filtering the processed pulse according
to the materials properties of the reflecting services encountered between the virtual source and listener.

The racquetball court is a case for which the image method is expected to produce a good approximation
to the measured impulse response. And in fact, the impulse responses generated by the image method closely
match the early reflection timing and late field energy profile of the measured impulse responses.

2.2.2 Ray Tracing
Several algorithms are used to ensure optimal computation and achieve higher precision in this measurement
method [3]. ODEON is a program used for this room modeling and is primarily suitable for geometric models
where high modal overlap occurs. For computing, early reflections, a combination of Ray tracing (which incor-
porates the Image Source method (ISM)) and the Early Scattering method (ESM) is used. The program then



Figure 1. Left: Mean NED of the first 300ms of the two recorded IRs (balloon pop and sine sweep) and three
synthesized IR techniques (Image Method, Ray Tracing, and SDN) Right: Comparison of mean RT30 per half-
octave of the two recorded impulse responses techniques and three synthesis techniques.

switches to the Ray Radiosity method (RRM) for calculating late reflections. While real measurement operates
in the pressure domain, these simulations operate in the energy domain. The transition order defines when the
program switches from the early-reflection calculation to the late-reflection part. For early reflections, which
have significant importance in locating the sound source, several rays are generated and emitted from the sound
source. Their specular reflection and corresponding attenuation based on material absorption are recorded until
they reach the transition order. Meanwhile, the Early Scattering Method creates a range of early secondary
sources that emit scatter rays from the image sources to account for the scattered sound energy. The late-
reflections part uses the Ray Radiosity method (RRM), a modified Ray tracing method that applies a detection
sphere around the receiver to capture late reflections.

2.2.3 Scattering Delay Networks
Scattering delay networks (SDNs) consist of delay lines connecting wall junctions, that are placed at the loca-
tion of first-order reflections [4]. The delay line lengths are chosen according to the source-listener positions
and room geometry. All the wall junctions are connected to each other via a scattering matrix, which introduces
recursion in the network. SDNs can render first-order reflections accurately, and approximate higher-order reflec-
tions coarsely. The design is ideal for real-time implementation within dynamic scenes, and generally provides
higher perceived naturalness than Feedback Delay Networks since early reflections are modelled correctly.

2.2.4 Finite Element Method
The Finite Element Method (FEM) is used to obtain the pressure field in the racquetball court [5]. In FEM, a
weak formulation is solved by integrating the Helmholtz equation with a weighting function. The integral is the
n-discretized with shape functions, and solved for specific wave numbers on a fine spatial grid. The boundary
conditions impose the wall absorption filters. Since the FEM is a wave-solver, it gives an exact solution of the
pressure field in the court.

3 COMPARISON
Various methods of impulse response synthesis were compared by analysing their spectral properties (RT30) and
temporal mixing properties (Normalized Echo Density).



Figure 2. Left: Mean Normalized Echo Density by Mode of Impulse Generation. Right: Mean RT60 by Mode
of Impulse Generation

3.1 Comparison of Synthesis Methods
Ray tracing had a similar NED profile whereas SDN and Image Method generated IRs produce a NED response
that takes 50-100ms longer to reach a well-mixed state (NED > 0.85), as shown in Figure 1. The T30 com-
parison illustrated that SDN generated IRs with longer T30s in the 100 – 200 Hz range. Both SDN and Ray
Tracing produced IRs with maximum T30s 500Hz higher than the measured impulse responses. Notably, the
T30s in the high frequencies from 5kHz onwards were higher for all synthesized methods with Ray Tracing
even producing a notably different high frequency profile.

3.2 Comparison of Mode of Impulse Generation: Balloon Pop vs Sine Sweep
Perhaps unsurprisingly, the mode of impulse generation impacts the recorded impulse response. As shown in
Figure 2, the balloon pops resulted in a higher NED, meaning that the balloon pops resulted in the impulse
response reaching a well-mixed state (NED > 0.85) faster than the sine sweep method. Additionally, the RT30
profiles have slight differences from 100 Hz - 2 kHz, with the balloon pop method generally producing higher
RT30s compared to the sine sweep method of impulse response generation. These differences are likely due
primarily to the difference in radiation patterns between the two methods of impulse generation as well as
spectral differences as the balloon pop contains relatively less high frequency information.

4 FUTURE WORK
Future work includes the generation of impulse responses with a greater variety of synthesis methods as well
as generating impulse responses at a great number of virtual locations. These responses will then be compared
using both listening tests as well as measures of spectral and echo density similarity.
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ABSTRACT 
Video game sound and music are now at the forefront of newly emerging spatial audio delivery formats 

for the mass market. Every developer is working toward 3D spatial audio as a default for players using 
headphones or loudspeakers. Music is one of the last areas in game sound to become truly ‘spatialized’. The 
research demonstrates how music can be experienced in an interactive 3D soundscape. The goal is to create 
a “proof of concept” demonstration within a game “scene”. As the player experiences music within a 3D 
environment, discrete solutions were adopted where a complete sound field is recorded at multiple locations 
around a source using stationary high order ambisonic (HOA) microphone arrays. These sound elements can 
be rotated and moved between points for a total of six degrees of freedom (6DoF). Other sources were 
implemented using object-based technology combined with a convolution reverb engine using impulse 
responses that were created from HOA measurements of live spaces. Subjects can navigate through the game 
scene while experiencing a high-quality immersive/3D audio sound field without the usual artifacts such as 
level drops and temporal artifacts, for example phase shift or blurring as sources travel between certain 
locations. 
 
Keywords: Spatial Audio, Video Games, Interactive Experience 

1. INTRODUCTION 
We have an opportunity to develop key advances in the creation and integration of interactive 

music systems into a newly arrived ‘spatial ready’ video game environment. This requires significant 
shifts in thinking about how music is conceived, recorded, and integrated into a spatial audio endpoint 
and delivered to the player. While head-locked stereo is common for music as presented in video 
games, it is now possible to move the music with the player in an immersive field, as is commonly 
done for sound effects. 

Since the game user must hear music sources in proper 3D sound perspectives, locations and 
movements, a solution is needed that allows for the capture of an entire sound field at multiple 
locations around a source. The in-between locations will then be generated by crossfading between 
the closest capture locations to the target. Crossfading locations using 3D mic arrays may produce a 
motion through the scenes, closer to one view, then farther away and into another. These complete 
sound fields can be rotated around a point in 3 degrees of freedom as well as moved between points, 
providing an additional 3 degrees of freedom. The music can then be molded into any spatial shape, 
thereby augmenting the players’ engagement in the game. This project disrupts the status quo by using 
simultaneous capture and processing of multiple sound fields with 6DoF in HOA. 
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The objectives of this project are as follows: (a) to apply the new 6DoF technology in recording of 
music combined with object-based audio elements, (b) to open existing barriers in realism and 
dynamism of 3D sound, and (c) to implement suitable cross-fade techniques allowing navigation 
between sound fields. Experiments were designed to deliver a proof of concept demonstrating new 
creative approaches to game music. An existing commercial third-party audio engine was used 
(Audiokinetic’s Wwise), due to its cross-platform relevance, the ability to implement HOA 
“crossfading” and rendering as well as support of all commonly known spatial endpoints in video 
game consoles (1). With these objectives in mind, an interdisciplinary collaboration between audio 
engineers, composers, game developers, and spatial audio researchers was organized to produce a 
compelling proof-of-concept demonstration. The following sections describe the planning, sound 
capture, post-production, and technical challenges involved in the creation of the virtual experience.  

2. PLANNING 

2.1 Basic description of the “game” environment 
A preliminary “map” of the game scene was designed to inspire the musical composition and help 

guide the planning of the recording process (see Figure 1). The name Forest Walk was assigned to the 
game. The general concept for the game was to avoid actions such as destroying targets, earning points, 
avoiding danger etc., rather the focus was placed on walking through the scene and experiencing the 
environment together with the music presented in a spatial manner. 

Several contrasting areas were established with interconnecting pathways and specific music was 
composed for each area. Decisions were then made as to how to present the music in conjunction with 
visual elements within the scene, hereafter called “emitters”. Each emitter has a sound source virtually 
attached to it that moves with the visual source as the player navigates throughout the game scene. 
Some simple sound design was added (footsteps of the player, wind, water, leaves etc.), but not so 
much that it distracted from the effect of the immersive music score. 

Maximum bandwidth was afforded to the audio assets rather than compromising quality using 
conversion settings that are usually needed in real world projects where the video quality takes priority. 
The scene was designed as a proof-of-concept "game” to test implementation. The most common 
approach is to have game designers create the environment and the sound team then supports the 
design. The opposite approach was applied here.  

 

 

Figure 1 – Preliminary design of the game scene Forest Walk. 



 

 

2.2 Music composition 
Music was written to correspond to the viewer's perspective and spatial sound was treated as a 

major element in the compositional process. The music is conceived and laid out in layers, linked to 
the actions of the player. It will be heard differently by each player, as each player creates their own 
orchestration and performance of music interactively by creating their own trajectory through the 
game. The listener-player is therefore conducting their own presentation of musical resources that 
were prepared and deposited into the game during the creative design process by the composer, 
recording producer, and game/sound designer. 

 Skillful navigators will use moving forward and backward, pausing, turning, accelerating, etc. to 
control how the music builds or thins out, and generally develops. This is a critical part of game 
programming and music design. Staying in one place may gradually accumulate a high density of 
objects and music structures, so their perceived weight becomes compounded by familiarization. 
Moving off the main path may thin out the orchestration as some music objects become eliminated; 
accelerating motion through a path may integrate the “leaving” and “arriving” music into a fusion of 
textures and movements. By skillfully timing the transition from a dense compositional texture into 
an “emptier” game zone, a climax and resolution may be created by the player when rendering the 
composition in real time.  

As each player learns to shape the music by navigating the musical landscapes and anticipating the 
auditory outcome, their actions become more consonant with the visual scenes of the game. A sparce 
flat open landscape, for example, may be an aural relief from a dense forest or tall mountain ridges 
covered with sharpened rocks. As in any nature that creates a unique sound signature, music may 
imitate or expand upon the veracity of this signature blurring the distinctions between them.    

3. SETUP 
A strategy was adopted for capturing each scene with ambisonic arrays of different spatial 

resolution and with channel-based arrays as well as support microphones. The inner sound of the 
group of musicians was captured in high resolution, with a pair of 3rd order (3OA) Zylia ZM-1 
microphones. Four units were used at intermediate distance covering the outside of the ensemble, two 
ZM-1 microphones and two 4th order (4OA) mh acoustics eigenmikes. Four units of 1st order (FOA) 
Sennheiser Ambeo VR were set up to capture the “room” sound of the ensemble. See Figure 3 for a 
visual illustration. Channel-based microphones were used to either amplify the near sound as 
stereophonic spot miking, or as overall spatial integrators of room sound into the mix. The layout of 
the microphones in the studio was dictated by compositional and sound design considerations 
determining how players may interact with each scene and which musical assets might play the most 
salient role in magnifying immersion.  

3.1 Recording, Phase I 
Initial tests were designed to capture potential instruments to be used for the various segments of 

the game environment, using FOA and HOA along with traditional recording techniques. Recordings 
took place in the Multimedia Room (MMR) at McGill University in Montreal (see Figure 2). This is 
a very large recording studio with a high amount of diffusion and an RT60 decay of around 1.4 sec. 
Various positions in the room were explored along with various microphone placements and 
combinations. As part of early testing, the HOA captures were then rendered and inserted into the 
game engine (Wwise) to investigate how the audio might be manipulated to best match the picture, 
while providing a realistic immersive field created by the music, rather than relying solely on the 
sound design. 



 

 

  

       Figure 2 - MMR room used for recording.           Figure 3 – Microphone layout for Circle scene. 

3.2 Recording, Phase II 
In this stage, newly composed music specific to each game scene was recorded in immersive/HOA 

capture in the MMR (McGill), using a microphone configuration optimized for each scene. For the 
Circle scene, as an example, the outer HOA microphones were placed equidistant from the centre of 
the ensemble. Their distances were scaled (either expanded or contracted) to suit the type of 
instruments being recorded, as in Figure 3. The 3OA microphones were consistently set to a height of 
1.2m. The inner 3OA pair were set at 25cm apart based on a recommendation in (2). For the Cliff Path 
scene recorded in an early experiment in Phase I, microphones were placed along one wall of the 
studio in an attempt to simulate the rock face next to the path (Figure 4). 

 

Figure 4 – microphones placed along room boundary (left) to simulate the rock face of the Cliff (right). 

3.3 Recording, Phase III 
Additional single instruments and voices were recorded at La Hacienda Creative (Montreal), to be 

used as stereo objects within the game engine. Impulse Response measurements (3,4,5) were taken of 



 

 

the MMR space, as sources for convolution reverb processing in the game engine together with the 
ambisonic captures and the single instrument objects recorded at La Hacienda. By using the MMR 
“signature” to shape the reverb, the objects could be made to sound as if they were recorded in the 
same space as the ensemble recordings. Given that some of the source material was recorded using 
traditional microphones at another recording venue, it was necessary to integrate those additional 
audio assets with the HOA recordings made in the MMR. To accomplish this, the MMR was measured 
using multiple ambisonic microphone arrays of various orders. Several source/receiver positions were 
measured so that the convolved sources could be rendered at various points in space as needed. During 
early post-production tests, it became clear that a more expansive reverberation would better suit the 
music in certain sections of the game. Since RIR convolution reverberation generally lacks parametric 
flexibility, another larger venue was also measured to meet this demand (Saint-Jean Baptiste Church 
in Montréal, Québec). 

4. POST-PRODUCTION PROCESS 

4.1 Perceptual intelligence in mixing 
It is at some point necessary to focus the user's attention on specific elements of the overall scene.  

The mix must anticipate what in the player’s mind is the most useful balance of all elements to move 
efficiently and successfully through the game. The player’s attention follows the foreground and 
background streams, which allow the player to identify targets and the context in which to move and 
plan actions. 

4.2  Mixing process 
Mixing was completed at Eidos Montreal in a room equipped with a Dolby Atmos 7.1.4 

loudspeaker configuration (6). Additional evaluation was completed at McGill University/Schulich 
School of Music’s Immersive Media Lab. Subsequent refining and adjustments were done at Eidos 
Montreal, with some team members viewing and listening remotely to binaural rendering of the 
immersive audio stream.  

A great deal of in-engine algorithmic and 3OA convolution reverberators were used. In this project, 
reverb is kept on an auxiliary mixing buss rather than the more common practice of “baking in” or 
combining the reverb with the assets. The positioning of the player and the emitter-listener distance 
affect the amount of signal sent to the reverb, in real time. 3D positioning of the music was 
implemented with more freedom and with a more conceptual mindset than what is normally done with 
environmental sounds. The intention was to spatialize the music so that it felt pleasing and integrated 
within the scene. Common attenuation tools were used, allowing in-engine music to be mixed 
according to emitter-listener distance, for example volume attenuation, low and high pass filter 
attenuation and speaker spread attenuation. In-game music with emitters spatialized around the scene 
allows the player to “walk through the music” and control both orientation and distance from the 
emitters.  

In the end, the implementation of HOA versus object-based assets was slightly different than 
expected. The First Path contains stereo assets “up-mixed” to 3OA within Wwise, using the Wwise 
Room reverb. Here the engine chooses from a randomised set of assets. The Main Circle consists of 
object-based stereo assets, using “baked” reverb within the assets. The vocal elements of the Main 
Circle are mono assets sending to a 3OA Wwise Convolution reverb using 3OA Impulse Responses 
recorded specifically for the project. The Second Circle employs the 3OA assets recorded in the MMR. 
The player can walk through a modal scale implemented in a circle with random flutes playing in the 
center of the circle. The Second Path also uses 3OA sources. Assets are played with 3D orientation 
enabled and the distance from a virtual starting point affects the music composition playback. 

5. DISCUSSION 
Audio processing is more difficult to manage when recording a single scene with multiple HOA 

microphones all at once. This is simply because each microphone captures the entire sound field, but 
from a different aural perspective. Reconciling so many perspectives observed from so many angles 
and directions is quite difficult without running into perceptual conflicts and confusion. It is best to 
reject so many simultaneous views and keep only the essential few or to filter portions of sound fields 
to prevent interference. 



 

 

5.1 6DoF compromise 
6DoF, in auditory terms, is said to facilitate for an observer both a single-position rotation, and a 

translation or movement between multiple positions. In both cases, the human perceptual system 
extracts relevant cues and compensates for variances not supporting perceptual constancy. Information 
is spliced together, merged, or fused into trajectories describing spatial relationship between the aural 
context and the observer, while tracking the objects. If in these trajectories of multiple objects there 
are audible discrepancies from what is expected, contradictions in direction of movement or intensity 
change, the observer may lose the sense of immersion and the veracity of impression of being there, 
the sense/illusion of actual presence.  

The experience of crossfading or interpolating between closely spaced positions of Zylia ZM-1 
microphones on a grid, while making interpolation algorithms function smoothly, did not show 
compelling auditory changes that would deliver the impression of auditory change in perspective and 
focus. While balances changed, the presence and focus of sources observer approaches was timid and 
lacking in perceptual intensity one expects from approaching a source with intent. One plausible 
explanation is that complete sound fields are too balanced and complete and lack focused preferential 
emphasis. The listener did not know who was being approached and could not hear it at first from a 
distance. Other instruments that were closer to the mic were equally loud or louder than the target of 
interest, and it was irritating to hear them masking the target. This would indicate that a successful 
6DoF movement requires crossfading between sound fields that contain built in focus, a purposeful 
emphasis of sources, while incorporating a full spatialized homogenous context. Focus of source 
image may be aided by mixing channel-based spot microphones with HOA arrays. In channel-based 
mixing, sources are captured independently by individual microphones, and the focus can be created 
specifically for the target and the context, to give a desired perceptual outcome within the scene. 
Microphones and mic arrays act as spatio-temporal filters and their choice is deliberately made to 
establish near-field timbre and shape the captured sound of each instrument. 

Ambisonic plugins can be used to affect the entire group (limiting, compression, eq, rotation-
panning, etc.) but this is costly in terms of channels dedicated for each ambisonic signal if signals are 
to be kept separate. Directional loudness processing provides directional shaping of ambisonic 
captures by attenuation or boosting of energy in certain directions, but this is qualitatively different 
from aiming independent microphones to capture specific qualities of each sound source from an 
optimal angle of incidence and distance. Consequently, a channel-based approach is more efficient in 
track-count, and more flexible in shaping a perceptually motivated 6DoF capture and rendering of 
auditory motion. By using automation and trajectory editing of each microphone, it is possible to 
render complex motion with focus and context adjusted independently. However, a complex 
multichannel approach will be needed to capture an intense continuum of spatial immersion, as is the 
case in ambisonics. 

5.2 Perceptual constancy across auditory perspectives 
When crossfading between reproduced sound-fields, there is a potential for disruption of 

perceptual focus and stability by many simultaneous changes of aural perspectives. Listeners can 
handle combining two and more simultaneous perspectives in the scene if these views create an 
expanded, enhanced image of the space and when they clarify the relationship between the listener, 
the sources, and the environment. It is best when the change of perspective approximates what may 
be interpreted as appropriate. When the sound fields move and the listener is stationary, contradictions 
may develop, and perceptual justification is frequently required. Movement also poses the danger of 
positional confusion when sources that were last heard on the left, then suddenly heard again on the 
right. There is a known requirement in film editing and shooting that the characters should always 
remain on the same side of the screen in crosscutting a scene, from the frontal viewpoint to the 
opposite one. The listener is constantly building an internal 3D image of the surrounding space relying 
on perceptual constancy.  

When the scene changes during crossfading, an algorithm or a person should always know to follow 
the primary sources of interest, with the aim of maintaining their perceptual focus. Their presence 
determines clarity and definition of the scene while secondary objects and ambience serve as context. 
Without an algorithm, a human mixer must rebalance sound fields to promote the focus of leading 
sound, while rejecting any detrimental effects and clashes. Perceptual streaming has a purpose and 
process that cannot be interrupted, otherwise there will be cognitive chaos. Rebalancing could be done 
using rotation, directional attenuation, gain and filter adjustment to blend the HOA scenes from 



 

 

appropriate parts of sound fields. Part of this process is to avoid overlapping equal energy of correlated 
signals with time offset, as this creates audible phasing of timbre and amplitude changes.  

5.3 Multiple trajectories: foreground and background, straight-on and peripheral 
Human auditory perception tracks two images simultaneously, the foreground and the background, 

meaning the source and the room, or the focused and the diffused components of the auditory image. 
The listener is continuously made aware of the changes going on in these two domains of spatial image 
so both the object and the context form a full description of an auditory situation. Efficient auditory 
communication of a scene requires that the listener hears and follows changes that occur in the source 
and context.   

When two HOA images are equal (mid-point in the crossfade between them) there is a potential 
for conflicting double-image, mutual interference from differing directional cues. The dual image is 
different than single images before and after the crossfade, a qualitative change. To reduce the 
conflicts, the ambisonic order of one of the HOA signals can be reduced even down to zero, so that 
the primary HOA signal (from perceptual standpoint) holds full resolution and dominates spatial 
awareness. At low levels in the mix, HOA mics can be at 0-order and behave as omnidirectional 
(direction agnostic), while their order can be increased when they become prominent in the mix.  

Again, in the mid-point of equal loudness in the crossfade, either only one HOA mic may dominate 
perception with higher order (usually the incoming rather than outgoing mic), or a single interpolated 
signal must be created numerically of the in-between position, and this signal designating a virtual 
position replaces the equal mix of the two. The bottom line is that HOA mics do not allow easy, 
flexible control of the foreground and background image because both are coupled to each other and 
cannot be adjusted independently. In channel-based capture, microphone systems are optimized to 
extract and adjust these two components independently. To achieve this 6DoF ability in HOA, one 
would need to have two independent HOA systems for the frontal and for the background image, and 
to control the trajectories of the two spatial images independently for the sake of optimization.  

6. SUMMARY 

6.1 Considering the future of game audio and spatial music 
Music should provide a stronger emotional connection of the player to the game by focusing on 

the true spatial and immersive nature of sound and music. Immersive musical sound hastens the 
player’s sensory connection to the game, where they are drawn in by both their physical and perceptual 
channels.  

The sound field is where the player receives full awareness of the game in 3 dimensions and of all 
spatial details through the physicality of perceived sound field. The player moves through music as it 
envelops the player with sonic textures, dynamic flows, movements of energy, not just a melody or a 
beat pattern from loudspeakers. Ideally, for the player there exists a physical sensation of the medium, 
not limited to cognition of musical messages. This is the future of immersive presence of the player 
in the game, one that harnesses the spatial power and immersive nature of musical sound and in its 
physicality. 

6.2 Channel-based, object-based, and ambisonic techniques need to coexist 
It becomes clear that each method provides aspects of improving interactive 3D aural experience 

that other methods cannot. Game designers have the flexibility to use channel-based methods, 
ambisonics and objects together, allowing them to balance the load between essential and less 
important components. Stereo music recorded by the composer, reverbs measured in stereo, plus music 
recorded with FOA, 3OA, 4OA, and stereo mics; and finally, IR convolutions with various channels 
of FOA and HOA were all working together in the mix. Each provided a specific capacity to efficiently 
improve the total outcome.   

HOA capture may also benefit direct sounds lending high spatial magnification sometimes desired 
for prominent sources in the mix. The best results are achieved for broadband sources with wide 
dynamic range. It is not confirmed that rotation and warping are perceptually flawless for direct 
sounds in HOA. Spatial stretching of the source works best when strong early reflections are present 
in abundance from all directions around the microphone.  

It should be noted that HOA signals compressed to mono are not as high in quality as a single 
omnidirectional microphone of studio/lab quality, which use superior low-noise transducers and 



 

 

tuning of mechanics and electronics. The same goes for virtual HOA microphones with directional 
patterns. Unwanted time domain effects due to interference when combining signals from multiple 
capsules and array processing with artifacts at low and high frequencies will always make HOA 
microphones only superior when transmitting over multiple channels. Again, tools for capturing music, 
sound, and emotion of auditory layer benefit from all technologies, according to the knowhow derived 
alongside their use.   

6.3 The importance of motion in immersive game design  
Our goal throughout the development of Forest Walk was to explore the capacity of music and 

auditory perception in augmenting immersive experience of players in a game. When navigating 
through the paths of any game, players often stop, and their immersive sensation then drops as motion 
ends. During music composing, recording, mixing, and sound design as well as development of 
navigation control, the focus remained on creating various degrees and dimensions of motion. Using 
technical and artistic means, a sense of delivering movement as well as stillness was explored. In 
walking through a real forest, immersive sensation remains regardless of whether we stop or keep 
moving. There is always the sense of air moving through trees and branches and the surrounding space 
is articulated by birds, water and moving leaves.  

7. FUTURE PLANS  
Next steps include the creation of an executable version for individual testing on any PC with a 

game controller, allowing for longer test trials and better feedback regarding improvements and 
refinements to the mix. Once the game is finalized, playable files will be rendered for use in consumer 
platforms such as X Box, PlayStation, etc. and the content will be shared with collaborators such as 
Audiokinetic. Making the game accessible to the general public is a priority, and as such efforts are 
underway to make the game available at various installations that specialize in spatial audio and 
interactive immersive video experiences.  

More detailed experimentation will follow, looking deeper into how ambisonic and channel-based 
recording techniques might be combined in the most effective and efficient manner. A video 
documentary will be released that follows each stage of the project, highlighting the various details 
of each step throughout the process. 
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ABSTRACT 
 The consumer market for immersive audio is steadily gaining ground, as various audio companies, record 
labels and streaming services develop and expand their catalogs of 3D music recordings. The greatest growth 
has been seen in the vast offerings of binaural listening experiences over headphone playback. More and 
more, production teams are required to deliver both stereo and immersive masters as part of classical music 
recording projects, even for smaller groups such as chamber music albums. This paper will explore the steps 
taken at the recording session during audio capture as well as the various techniques employed during the 
mixing stage to create both stereo and multichannel immersive masters. While object-based technologies and 
ambisonic capture offer great flexibility in post-production, channel-based techniques offer high quality 
sound and a good sense of envelopment for the listener. Microphone selection and placement will be 
discussed, as well as equalization and time alignment, use of delays and the use of multichannel reverberation 
as part of the process of building the immersive environment. Photos, measurements and diagrams from 
recent recordings will be used to justify and support the various techniques implemented during production. 
 
Keywords: Sound Recording, Music production, Immersive Audio 

1. INTRODUCTION 
Classical chamber music recording generally lends itself to techniques that use few microphones, 

relying on the musicians to balance themselves for the most part. As long as the ensemble is reasonably 
well balanced on stage, it should be possible to position a system of microphones that accurately 
portray that same balance over the loudspeakers. While a string quartet might be more immediately 
homogenous than other chamber music groups, there are usually a few adjustments required at the 
beginning of a recording session to refine the overall recorded balance of the four instruments. 
Ensembles where piano is included may require more time in addressing the sound in terms of balance 
and perspective. These issues are traditionally addressed through the practice of “playbacks”, where 
early on in the process the musicians are invited to the control room to listen to a test recording 
immediately after performing. A complete movement, or several informative sections of a piece might 
be used as test material for evaluation. This paper will focus on ensembles involving piano combined 
with single instruments such as violin or cello, and Piano Trio comprised of piano, violin and cello. 

1.1 Chamber music recording with piano - balance 
Balancing the piano with other instruments presents rather a great challenge. The piano, as an 

instrument and musical “partner” is relatively massive compared to the violin, cello, or voice that it 
is accompanying. Not only will the piano be heard as much louder, it will also excite the recording 
space much more than a smaller instrument, resulting in the strong presence of reflections onstage 
and of reverberation in the hall. A violin, for example, playing on stage with piano will sound much 
“smaller” and less reverberant as the sheer power of the piano playing into the room will mask a great 
deal of the violin’s own reverberation (1). 

1.2 Perspective 
Perspective, along with balance, plays a strong role in the presentation of chamber music 

recordings. Because the piano is generally placed behind the other instrument (violin), it will sound 
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more distant from the listener. While this is a natural phenomenon, the sense of depth will be 
exaggerated when using a standard microphone technique such as a spaced pair of omnidirectional 
microphones (2). Taking that into account along with the stronger room cues of the piano, the tendency 
is that the piano may sound too far away and overly diffuse as compared to the drier, clearer violin. 

2. STEREO RECORDING OF CHAMBER MUSIC GROUPS 
There are several scenarios for stage placement when recording Chamber Music. The following 

examples show violin and piano, although the violin could be substituted with cello, voice, or other 
instruments. 

2.1 Concert stage positions for violin and piano 
Quite commonly, in live concert performances, violinists prefer to stand to the left of the pianist 

(from the perspective of the audience), for best visual and aural communication. In this setting the 
two musicians are close together and the violinist can easily see the pianist’s hands on the keyboard 
(see position A in Figure 1). The disadvantage here for recording is that either the violin appears on 
the left and the piano is spread to the right, or the main microphones would need to be placed off to 
the left side to “center” the violin in the image, resulting in an uneven capture of the piano sound. 
Position B in Figure 1 is an alternative that is used commonly by singers but is rare for violin or cello. 

 
Figure 1 – Stage positions for violin in concert setting and possible microphone placement. 

 
Figure 2 – Stage position for violin in a recording session setting and possible microphone placement. 

Position A

Position B



 

 

2.2 Alternate stage position for recording session 
In a recording session, where there is no audience present, the violin can be placed in the center of 

the recorded image, facing the piano (see Figure 2). In this case the musicians have clear visual 
communication, and the main microphone system is placed between the two instruments and the 
instrument positions can be easily adjusted so that the piano will be less distant in perspective. The 
piano should of course appear to be slightly farther back than the violin so as to sound natural, but 
without an overstated sense of depth. With the perspective properly set, the balance can be easily 
refined with some adjustment of the main microphone position, as well as the implementation of the 
other “support” microphones. In this setup, the violin microphones face away from the piano and offer 
greater isolation of the violin capture, and as such, more control over the balance. 

2.3 Piano Trio 
Piano Trio (in this example piano, violin and cello) can be captured quite well in either formation 

– strings facing out to the audience or the strings facing the piano with the main microphones placed 
between the strings and the piano. While the latter setup may offer better control over perspective and 
balance in a stereo recording, having the strings face out from the piano is more ideal for immersive 
recording (see Figure 3). This placement differs slightly from traditional concert placement in that the 
cello, which normally seated in the center of the group, will be shifted slightly off to the right, to 
“mirror” the violin position on the left. 

 
Figure 3 –Stage position for Piano Trio in a recording session and possible microphone placement. 

 
The key to success here is to ensure that the piano is positioned as closely as possible behind the 

strings to minimize the depth of the ensemble. The main microphones will be adjusted to optimize the 
balance (normally favoring the strings, since the piano is a much louder instrument). In this 
configuration the piano is generally loud enough, although it may require a small amount of focus or 
clarity added from the supporting piano microphones – adding a filter (low frequency shelf of approx. 
-6dB @ 250Hz) to these microphones is quite effective when clarity is needed but not more volume. 
Support microphones for violin and cello can be oriented so that there is a minimum of piano captured 
at the same time. Microphones with a bi-directional (3) or figure-8 polar pattern can be used to great 
effect if the null side of the capsule is facing toward the piano for maximum rejection. 

3. SIMULTANEOUS STEREO AND IMMERSIVE RECORDING 
Current budgets for classical music production do not normally allow for separate stereo and 

immersive recording and mixing, so a methodology must be followed that can produce both stereo 
and immersive content at the same time, without creating a significant amount of extra cost. 

3.1 Optional techniques for recording stereo and immersive content in parallel 
There are several approaches to recording stereo and immersive content at the same time. One 

option is to employ separate microphone systems for each version, although it is possible that 



 

 

placement of the two microphone systems will physically interfere with each other on stage. 
Additionally, the stereo mix may sound quite different from the immersive version, in both balance 
and perspective. Another option is to use a technique where the immersive multichannel recording is 
“folded down” into a resulting stereo mix. Here the recording setup is optimized for the immersive 
version, thus the stereo version may be compromised in that it may be too diffuse or too ambient. 
There may also be some loss of purity or clarity when a three-channel (L/C/R) system is folded down 
to stereo (L/R), depending on the microphone placement. As such, a proper three-microphone main 
system such as a Decca Tree (4) should be implemented. A third option is to run parallel mixes on 
separate busses based on one microphone setup. In this case, the mixer can choose which signals 
(microphones, reverberation) go to the stereo and/or immersive mix buss. Some ambient microphone 
signals may not be needed in the stereo mix. This third option offers the most flexibility along with 
purity of sound and least compromise in creating the stereo mix. As the preferred approach, it will be 
the focus of this case study. 

3.2 AB vs. LCR (Decca) microphone techniques 
When the placement of an AB system (spaced pair of microphones) is optimized for stereo capture, 

the distance between the left and right microphones should be set such that there is sufficient “phantom 
center” or mono component - no need for a center microphone to fill in the middle of the lateral image. 
In this case, the addition of a third microphone in the center an immersive mix will be less effective, 
as only a very low level of signal can be introduced into the mix before the frontal image becomes 
too narrow. When a Decca tree is employed, it has a wider spacing than an AB, and the L and R 
microphones are typically angled out at least at +/-45 degrees. The microphones tend to be more 
directional as well, resulting in a weak phantom center in the L and R microphones, allowing for the 
center image to be “filled in” by a third microphone. The three signals can be combined for use in a 
stereo mix or used separately in an immersive mix utilizing separate front channels for LCR. While 
this offers good flexibility, The resulting stereo mix may sound less “pure” than the AB technique. 

3.3 Surround or rear microphones 
Additional microphones are added to the setup to capture signal to be reproduced in the side and 

rear loudspeaker channels of an immersive playback system. These channels may contain direct 
signals or ambience/reverberation, depending on the physical placement of the musicians. The closer 
surround microphones (LS and RS) may contain a combination of direct and diffuse signal as they are 
fairly near the ensemble and only slightly off-axis to the source (see figure 4). 

 

 

Figure 4 – Microphone layout for immersive capture of Piano trio (height microphones not shown). 



 

 

3.4 Height microphones 
Height microphones are employed above the main L/R system in order to introduce a sense of 

elevation into an immersive mix (5). Directional microphones were used here, facing away from the 
ensemble and placed 1meter above the main system (see Figure 5). A directional polar pattern helps 
to decorrelate the signal from the main microphone capture, so that the lateral image does not appear 
to “lift” when the height channel signals are added to the mix. An additional pair of height 
microphones may be placed above the rear surround microphones RLS and RRS. 

 

Figure 5 – Photo of a typical microphone layout including height microphones. 

3.5 Effectively capturing an immersive field with soloist facing piano  
As mentioned in section 2.1, a good stereo recording solution for duos in chamber music is to face 

the violin (or cello) toward the piano. This however presents challenges in the immersive capture. For 
instance, if the surround capture is placed behind the violin in Figure 2, the makeup of the surround 
signal will favor the violin over the piano. When the main microphone system is placed between the 
players, the best option is to place the rear capture microphones in roughly the same plane as the main 
system but with a wider spacing, facing +/-90 degrees away from the source (see Figure 6). Here we 
get good diffusion although the surround channels will be highly decorrelated due to the spacing of 
the microphones. Height microphones can be placed directly above the main system with good success.  

 
Figure 6 – Violin facing piano, surround microphones shown in green. 
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4. SIMULTANEOUS STEREO AND IMMERSIVE MIXING 
As in most classical music production, the actual mixing process tends to be very simple. For 

example, microphone signals are adjusted in level and applied the corresponding outputs. In this case 
study, a single microphone setup is used, and separate busses are employed for each of the stereo and 
immersive mixes. In all likelihood, the height microphones and rear channels may not be needed in 
the stereo mix at all. The balance should be mostly based on the microphone placement that was set 
during the recording process. Any adjustments of the balance will be focused in the front channels, as 
the close microphones on each instrument are raised and lowered as needed, to suit the music.  

A typical immersive playback system as used in this example might include seven loudspeakers in 
the main ring, four height channels and a subwoofer for low frequency effect, more commonly known 
as a 7.1.4 configuration (see Figure 7). 

4.1 Adjusting height and rear information 
In the immersive mix, delays can be used to virtually adjust the rear and height channel signals, in 

order to further decorrelate these signals from the main LCR channels, offering a greater sense of 
space and envelopment. Adjusting by only 1 or 2ms can make a big difference in perceived level of 
envelopment within the immersive environment. Too much delay applied may begin to cause blurring 
or doubling of attacks which may quickly become distracting to the listener. 

 
 

 

Figure 7 – Typical 12 channel 7.1.4 immersive playback system. 
 
Some multichannel reverberation may be added if required, and in this case, it is easy to implement 

an immersive reverb algorithm or convolution. Rear height information can be simulated if rear height 
microphones were excluded from the microphone setup. This is done by processing signal sourced 
from from the front height, or main L/R system and applying that signal to the upper rear channels, 
using an immersive reverberation program. This has been proven to be an effective method of 
production (6). 

4.2 Reducing phantom center in an immersive mix 
When it comes to sending a stereo and LCR front mix into separate busses, some additional 

processing may be needed. For projects that are primarily focused on the commercial release of a 
stereo product, the L/R microphones will be optimally positioned for stereo capture, i.e., too close 
together to necessitate the use of a center main microphone. As discussed in Section 3.2 above, this 



 

 

becomes an issue in the immersive mix, when an AB pair is preferred over a three-microphone system 
for the stereo version of the project. While the AB technique is ideal for the main microphone capture 
in the stereo mix, it does not allow for the appropriate use of the center channel in an immersive mix. 
A possible solution, for use in the immersive mix only, is to cancel a portion of the mono component 
in the AB system, creating a “hole” in the image that can then be “filled in” using the center 
microphone, by applying that signal to the center channel in the multichannel mix buss. The output of 
the AB with reduced center is then assigned to the L and R channels in the multichannel mix, along 
with signals from the support microphones for each instrument. This cancelling technique is a very 
pure and simple process with no artefacts. The perceived effect will be that the L and R microphones 
were seemingly placed farther apart, as the L+R component of the signal is reduced. The level of the 
reverse-polarity mono sum can be adjusted to taste. An example of this technique applied on a mixing 
surface is shown in Figure 8. 

 
Figure 8 – Screen shot of mixer showing reduction of L+R content in a stereo signal. Image is provided 

courtesy of Avid Technology, Inc. 

5. CONCLUSIONS 
The position of the piano relative to the strings is very important and it is very difficult to adjust 

the overall perspective after the fact. Piano commonly sounds too distant/diffuse, or “roomy” in the 
mix if it is placed too far behind the strings. Once an optimal perspective is achieved, the balance 
should fall into place, with the cooperation of the musicians and with the practice of playbacks so that 
the musicians are aware of any differences in the recorded balance as opposed to the natural balance 
heard on stage, at their various seating positions. It is always good practice to have the musicians 
listen to the recorded sound immediately after performing a “test take”. 

Using one microphone setup to derive both the stereo and multichannel immersive mix is an 
efficient, time saving methodology. Budgets for Classical Music recording sessions rarely allow much 
time for experimentation with the sound capture. Projects that are prioritized for stereo delivery do 
not normally allow for extended soundchecks, where the immersive capture might be carefully 
evaluated separately from the stereo balance. In this case, deriving the immersive mix balance from 
the stereo capture becomes a good methodology, along with the addition of a few extra microphones 
for surround and height capture.  

Reducing the phantom center (L+R mono component) of a stereo microphone system allows for 
the appropriate use of a center channel to be incorporated into a multichannel immersive mix so that 



 

 

it properly fills out the middle of the lateral soundscape. A center microphone is used to enhance the 
immersive mix only, as this signal is not needed in the stereo mix. 
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ABSTRACT 

In this research, we investigated the influence of congruent visual media on the recognition of spatial audio 

attributes in a multimodal virtual reality context. For the immersive auditory data, we recorded solo piano 

music using three multichannel microphone techniques: a 5-channel conventional surround microphone 

technique, and a 7-channel and a 9-channel immersive microphone array that both include height-channel 

microphones. In total, 38 normal-hearing participants were invited to the experiment and separated into two 

groups for presenting immersive audio with and without congruent visual media. The visual data was 

collected using a 360-degree camera and projected to a 250-degree wraparound screen for immersive visual 

rendering. Participants were asked to rate the timbral and spatial attributes for each of the three immersive 

auditory presentations (solo piano music via the three multichannel recording techniques), and to provide an 

overall preference rating by using a continuous quality scale (CQS). Experiment results show that the 

presentation of congruent visual media modulates reported perceptions of auditory attributes from 

simultaneously presented immersive audio. The experiment demonstrated that the presence of a realistic 

visual image congruent to the presented auditory material made listeners require higher spatial auditory 

fidelity in the immersive multimodal context. Consequently, this study’s findings can be used to inform 

immersive and holistic audiovisual and interaction design. 

 

Keywords: audiovisual congruence, immersion, auralization, multimodality, multichannel audio 

1. INTRODUCTION 

For this study, the authors designed an experiment to study audiovisual congruence in a context of 

immersive media representation. Specifically, our interest was to investigate the influence of realistic 

congruent visual media on perceived quality of reproduced soundfields. In the sound-recording 

literature, many previous sound-quality evaluations have been conducted without the presentation of 

equivalent visual information. Considering that the music industry has been producing audio -only 

formats for consumers, those evaluations are not only reasonable but also legitimate. However, the 

larger media industry has been adapting visual information as content pertinent to musical 

performances; for example, via YouTube and social media platforms. We wanted to study the dynamic 

influence of audiovisual congruence on the perception and recognition of specific information about 

reproduced music.  

Previous studies have demonstrated such a dynamic influence for various applications. For 

example, Bartel and Chon observed a perceptual asymmetry that audio quality had a significant 

unilateral effect on perceived audio and video quality [1]. Kitagawa et al. investigated audiovisual 

interactions and found an asymmetric relation: the auditory aftereffect occurs from adaptatio n to 

visual motion in depth, but not a visual aftereffect from auditory intensity change [2]. On the other 

hand, Maempel and Horn [3, 4] suggested methodological criteria for audiovisual experiments, and 

reported that most unimodal features were rated similarly across environments under both optical 
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and/or acoustic conditions [4]. A multimodal presentation of audiovisual stimuli also influences a 

participant’s cognitive process. Nittrower and Lowenstein [5] investigated how the lack or presence 

of visual stimuli influences the memory function for different audio stimuli, and concluded that 

additional presentations indeed help in the memory process.  

One of the limitations of these previous studies lies in their use of 2-channel reproduction of audio 

information. While a 2-channel audio system provides a successful illusion of a target auditory image, 

its spatial resolution is limited to the frontal region without allowing listeners to experience immersive 

soundfields. Chabot and Braasch created a system that puts an equal emphasis on the visual and audio 

information, utilizing a panoramic display and high-resolution spatial soundfield with multiple 

loudspeakers [6]. With this kind of system, we can further investigate audiovisual interactions, and 

particularly the influence of coherent presentations on user experience, especially for a near-

immersive presentation of audiovisual information.  

2. AIMS 

With the advent of interactive media formats including virtual and extended reality (VR and XR), 

audiovisual congruence has become an important topic for sound recording and reproduction. It is 

evident that classical music representation –– due to its emphasis on fidelity –– is a prime target for 

audiovisual congruence, anticipating that its audiences will seek the most holistically satisfying 

experience. To provide the appropriate multimedia congruence, can we simply combine immersive 

auditory and visual information? Or do we need to better understand underlying interactions between 

auditory and visual information in order to specify the parameters required? This study explored the 

particular audiovisual interaction scenario of classical music performance for the immersive 

representation of a concert hall music experience, summarized by the following research question:  

Would the presence of realistic and congruent visual information affect perceived fidelity 
of timbral and spatial attributes of a three-dimensional (3D) reproduced soundfield? 

3. EXPERIMENT 

For the experiment stimuli, solo classical piano music was recorded in the McAfee Concert Hall 

of Belmont University in Nashville (TN, USA), using three multichannel microphone techniques: a 

5-channel conventional surround microphone technique (5ch) [7], and a 7-channel (7ch) and a 9-

channel (9ch) microphone array that both include height-channel microphones [8] (Fig. 1, top). Three 

microphone techniques were mixed to represent the engineers’ assessments of the best tonal and 

spatial quality when reproduced through 0+5+0, 2+5+0, and 4+5+0 formats respectively. This 

‘U+M+B’ channel format indicates the number of Upper, Middle and Bottom loudspeakers (ITU-R 

BS.2051-0 [9]).  

Thirty-eight self-identified normal-hearing participants from Rochester Institute of Technology 

(RIT) were invited to the experiment, and randomly separated into two groups for presenting 

immersive audio with and without visual immersion. The visual data was collected using a 360 -degree 

camera (Ricoh Theta V) and projected to a 250-degree wraparound screen for immersive visual 

presentation (Fig. 1, bottom).  

Three timbral attributes (Clarity, Brightness, Low Frequency Definition (LFD)) and three spatial 

attributes (Acoustic Energy Spread (AES), Depth, Immersion) as well as Overall Preference were rated 

by participants using a continuous quality scale (CQS). The participants were also encouraged to 

report perceived auditory characteristics using their own descriptive adjectives if needed.   

 

 



 

 

 

Figure 1. Piano recording in McAfee Concert Hall, Belmont University, using three microphone arrays (top); 

visual reproduction of the recording via a 250-degree wraparound screen, with 24 loudspeakers for 3D 

immersive audio reproduction in the RIT immersive experience laboratory (bottom). 

4. RESULTS AND DISCUSSION 

4.1 Results 

A two-way repeated-measures analysis of variance (ANOVA) shows a significant difference in the 

interaction between the auditory stimuli (3D audio presentation of three different recording 

techniques) and the condition (the presentation or absence of congruent visual information): F(2, 72) 

= 5.4962, p < .01. Subsequent analyses show that the three auditory stimuli were perceived 

significantly different from each other only with the congruent visual information (F(2,36) = 5.1988, 

p < .05) but not without the visual information (F(2,36) = 2.3004, p = .018). This indicates that audio-

visual interaction in this experiment influenced listeners’ auditory cognition. In other words, listeners 

could not differentiate between the three different audio-only stimuli (i.e., the recordings using 
different microphone arrays) without the presence of congruent visual information.  

A significant difference was also found between the two conditions at 5ch (F(1,36)= 5.4237, p 



 

 

< .05), whereas no significant difference was observed for either 7ch and 9ch stimuli between 

conditions. Subsequently, we analyzed five attribute ratings. For the 5ch-reproduced piano sound 

(audio alone, without visual media), listeners gave higher values in all five attributes. In contrast, for 

the presentation of piano sound with congruent visual information, the mean score of 5ch attributes 

(Mean = 3.16, SD = 0.88) was significantly lower than without visual information (Mean = 3.52, SD 

= 0.83). Specifically, listeners recognized the 5ch-reproduced piano music as more “immersive, spread, 

and deep,” without the corresponding visual image. It is important to note that ratings for the 5ch-

reproduced piano music alone were comparable with those of the two other formats without visual 

media; in other words, the presence of congruent visual media significantly changed listeners’ auditory 

spatial recognition. 

To better illustrate the previous inferential statistics from the ANOVA test, we generated 

descriptive spider plots (Fig. 2). These figures visually contrast the difference between with and 

without the congruent visual presentation. Without the visual information, a significant difference was 

observed only in Immersion: F(2, 36)= 3.7005, p < .05; whereas with visual information, a significant 

difference was observed in Clarity (F(2, 36)= 2.6611, p < .10), AES (Acoustic Energy Spread) (F(2, 

36)= 6.9575, p < .01), Depth (F(2, 36)= 3.3429, p < .05) and Immersion (F(2, 36)= 2.7820, p < .10). 

 

4.2 Discussion 

Study results showed that the presence of realistic and congruent, near-immersive visual information 

modulates perceived magnitudes of auditory attributes for immersive audio reproduction of multichannel-

recorded concert piano music. For example, listeners reported that the 5-channel reproduced piano sound 

brought enhanced impression over its counterparts (7- and 9-channel reproduction) including Overall 
Preference and Brightness without corresponding visual information. However, mean ratings of 9-channel 

reproduction are significantly higher than for those of the 5-channel reproduction with congruent visual 

presentation. This result may indicate that the visual information adjusted listeners’ satisfactory thresholds 

for auditory quality. Of interest is that these preference changes mostly happened for spatial attributes, but 

not for timbral attributes (Brightness and LFD). Thus, the presence of congruent visual media might have set 

a new quality standard for the listeners to assess required immersion, and the 5-channel reproduced 

soundfield did not meet this adjusted requirement. One possible alternate explanation is that this result might 

relate with the idiosyncratic difference of the two specific listener groups in the study. It was possible that 

participants in the listener group who were not presented with the congruent visual media were, for some 

reason, able to distinguish spatial attributes between the 5ch and the others (7ch and 9ch) while those in the 

other group were not. Therefore, to explore how this finding generalizes across more listeners, we plan to 

conduct a follow-up experiment with listener-groups from diverse backgrounds (e.g., different types of 

musical training, audio engineering, and 3D sound experience [10], etc.). 

5. CONCLUSIONS 

In this multimodal virtual reality study, perceived magnitudes of three auditory spatial attributes 

(Acoustic Energy Spread, Immersion and Depth) were shown to be influenced by the presence of the 

realistic and congruent, immersive presentation of the visual image of a solo piano. Study results 

demonstrate that the presentation of congruent visual media along with the multichannel recorded 

audio made listeners require higher spatial auditory fidelity in this immersive multimodal context. 

This finding suggests that for optimal audiovisual presentation of classical music performance, 

engineers and producers should consider the influence of audio recording techniques in terms of 

spatial auditory reproduction in order to create holistic immersive audiovisual experiences.  Further 

research could support the proposed extensibility of study findings to other virtual reality contexts. 
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Figure 2. Spider plots illustrating the ratings for the two conditions (with (top) and without (bottom) the visual 

image). AES stands for Acoustic Energy Spread, and LFD for Low Frequency Definition. The presence of visual 

information can be seen to have modulated the perceived magnitude of three attributes: Clarity, AES and Depth. 
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ABSTRACT 
Room impulse response (RIR) measurements provide essential spatio-temporal information about the 
acoustical quality of the room and the conditions of the measurement. Having access to high quality RIRs 
facilitates music and multimedia productions because RIRs are the essential building blocks of spatial sound 
design. Elements of music recorded closely or separately (isolated in space or time) can be convolved with 
ambient environments that lend them new aural perspectives and spatial dimensions having immersive 
quality of 3D realism. Using convolution, aural dimensions of space can be changed in time to accommodate 
interactive and dynamic control. This paper considers channel-based and Ambisonics-based techniques of 
capturing and auralizing RIRs to review their utility and efficacy in music production processes. Criteria of 
comparison include quality of ambient immersion, signal processing load, accessibility to RIRs, and 
considerations of dynamic adjustability and interactive use. We conclude that both techniques offer distinct 
advantages and valuable reasons for being chosen. We note that each technique requires sophisticated 
implementation if it is to deliver maximum of benefits. Both methods will likely coexist. 
 
Keywords: Spatial Audio, Impulse Response, Ambisonics, Electroacoustic Measurement, Music Production 

1. INTRODUCTION 
Artificial reverberators are among the most ubiquitous and versatile signal processing tools used 

in music production. They are classified as ‘time-based’ effects, meaning that they alter the original 
time structure of the incoming signal by adding temporally sequential iterations of that signal with 
variations of amplitude, spectral contour, and phase-coherence. Other examples of time-based effects 
include delays, chorusing, phasing, and flanging. In the case of artificial reverberators, these 
temporally sequential iterations of the signal are meant to simulate reflections produced by an 
enclosed space. When a sound wave encounters a boundary, its energy is partly reflected, absorbed, 
and scattered, depending on the physical properties of the boundary (its density, absorption coefficient, 
porosity, shape, etc.). This creates a complex response in a performance space, involving frequency-
dependent absorption and decay times, modal resonances, spatial distribution of reflections, and time-
variance (produced by, for example, temperature fluctuation). ‘Algorithmic’ reverberators grounded 
in delay lines, feedback, and allpass filtering cannot yet precisely synthesize this complex response 
for a given space.  

RIR convolution is another viable approach to producing artificial reverberation through digital 
signal processing. In this method, a room’s complex response is measured rather than synthesized. 
This can be done in the time domain directly by recording an acoustic impulse in the room, such as 
starter pistol shots or balloon pops. This is not ideal for the purpose of acoustic measurement since it 
is not possible to guarantee identical impulses for each measurement. Acoustic impulses tend to be 
band-limited which results in an incomplete description of the room’s response. However, this 
approach simplifies the measurement process greatly, making RIR capture accessible to audio 
engineers with limited expertise in electroacoustic measurement, however it requires a sophisticated 
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digital restoration methodology to achieve good results [1]. For high-fidelity RIR capture, the 
exponential sine-sweep method is recommended. The details of the method have been described by 
Angelo Farina in [2]. After measurement, the room’s response must be deconvolved to be represented 
in the time domain for use in convolution. The method can produce RIRs with an extremely low noise-
floor and distortion. 

Another core consideration in the measurement of RIRs centers on receiver(s) used to capture the 
impulse response. For measurement of room acoustic parameters according to international standards, 
a single omnidirectional measurement microphone is recommended, along with a binaural receiver to 
derive spatial measures [3]. For creative applications in stereophonic reproduction, many formalized 
microphone techniques used in music recording may be used, such as ORTF, X/Y, and spaced A/B for 
example. The push toward three-dimensional playback formats in broadcast and music production has 
led to a proliferation of microphone techniques proposed for recording spatial information in acoustic 
spaces. A review of multichannel 3D microphone arrays is given by Hyunkook Lee in [4]. These arrays 
have not been specifically designed for the purpose of RIR measurement, though they provide a basis 
for understanding the considerations of audio engineers working with three-dimensional sound 
capture and reproduction. Another approach to capturing three-dimensional RIRs is to use ambisonic 
microphone arrays. Like spaced-microphone arrays, several types of ambisonic-microphone arrays 
exist, each delivering varying degrees of fidelity, spatial resolution, and perceived ‘colour’. 
Ambisonics has historically been regarded as an academic research topic with little practical 
applicability. However, the commercialization of spatial audio, interactive media, and virtual reality 
have garnered ambisonics a new status in three-dimensional audio production. 

The goal of this paper is to provide the reader with a survey of RIR capture techniques used in the 
context of three-dimensional music production. The discussion is split between channel-based 
‘spaced-microphone arrays’ and ‘ambisonic-microphone arrays’, as these are two leading methods by 
which three-dimensional RIRs can be captured and auralized for this specific purpose. Practical 
considerations for each approach are discussed, and the two are compared. 

2. CAPTURE 
The considerations for RIR capture outlined in section 1 regarding excitation sources are applicable 

to both ambisonic and spaced-microphone arrays. The following section focuses on both receiver 
types, presenting selected examples of each. 

2.1.  Spaced Arrays 
2.1.1.   Objectives 

Spaced microphone arrays are used to obtain a discrete sparce-sampling of a given reverberant 
sound field in two or three dimensions. The spaced sensors, working in tandem, are recording acoustic 
waves moving through the space in all directions. They are largely used within a ‘channel-based’ 
paradigm, where the number of input and output channels are fixed from the outset of the production. 
The output channels are intended to feed loudspeakers in specific spatial positions in reference to the 
listener, and adhere to given standardized broadcast and commercial specifications. 

2.1.2.   Examples of Spaced Array Designs 
Though many array configurations have likely been used experimentally, few have been formally 

described in publication. In 2016 Mori et. al. describes the development of an RIR capture array 
specifically designed for use in the 22.2 multichannel audio format [5]. The RIRs were meant to be 
used in a purpose-built artificial reverberator for 22.2 production at NHK, Japan’s national 
broadcasting corporation. The microphone array positions approximate the angular distribution of the 
loudspeaker positions of the 22.2 format, though with a much greater spacing. A combination of omni-, 
bi-, and uni-directional microphone receivers were used at each position, likely for adjustability in 
post-production similar to the variable microphone directivity made possible in ambisonics. A similar 
approach was used by Kelly et. al. in 2019. Also working in the 22.2 format, the authors proposed a 
spaced microphone array which matched the angular distribution and radial distances of the 
loudspeaker positions. The array’s design was grounded in immersive recording techniques, which are 
fully described at the following reference [6]. Woszczyk et. al. [7,8] have developed several spaced 
RIR capture arrays that are intended to offer flexibility regarding channel count. At each location they 
measure in 3 elevations (heights) with 4 omnidirectional and 4 orthogonal bidirectional microphones 
sampling the sound field volume within a cube of 2m x 2m x 2m at 24 discrete locations. A compact  



 

 

 
Figure 1 – (Left) Omni-Square microphone array showing 4 omnidirectional and 4 orthogonal 

bidirectional microphones. (Right) In-plane compact spaced array, using coincident back-to-back 
cardioid microphones in one dimension. 

 
version of the array, in-plane array, uses coincident back-to-back cardioid microphones in one 
dimension, and spaced positioning in the other two dimensions. Examples of these array designs can 
be seen in figure 1. A highly comprehensive Japanese study of ambient microphone arrays used in 
orchestral recordings found that “omni-square” and “Hamasaki-square” (having bidirectional 
receivers) produce the best impressions of “powerfulness”, “width”, and “spaciousness” in 3D 
recordings [9]. 

2.1.3.   Benefits 
Spaced microphone arrays allow engineers to use high quality microphones that are commonly 

found in recording studios. Condenser microphones with high sensitivity are recommend, however in 
practice any microphone may be used with the knowledge that its frequency and transient response 
will impact the resulting RIR. Using traditional microphones also allows for RIRs to be captured and 
processed at high sampling rates. Ambisonic microphones can be recorded at equally high sampling 
rates, however the majority of ambisonic post-production tools today operate at a maximum of 48kHz.  

One of the primary aspects that differentiate spaced-array from ambisonic RIRs is the notion of 
inter-channel correlation. Physically spaced microphones sample a given wave at different phase 
degrees defined by the distance between microphones and the wavelength being measured. For long 
wavelengths (low frequencies), microphone distances must be greater to have any meaningful phase 
difference between channels. When these channels are reproduced via spaced loudspeakers in a room, 
a sensation of auditory spaciousness will be introduced. In acoustic music recording, spaced 
microphone arrays can improve a listeners’ sense of spaciousness and sound-scene externalization 
over loudspeakers, and are generally preferred over coincident microphone techniques. Inter-channel 
decorrelation at low frequencies is thought to contribute to this preference. B. Wagener working in 
Goettingen showed that increasing the spacing of 4 omnidirectional microphones in a reverberation 
chamber resulted in a substantial ‘enlargement’ of the corresponding synthetic sound field reproduced 
by 4 spaced loudspeakers in anechoic chamber [10]. 

2.1.4.   Limitations 
Spaced-microphone RIR capture requires a considerable amount equipment to realize. The 

situation has improved in recent years thanks in part to the proliferation of audio interfaces that feature 
many high-quality preamplifiers and integrated A/D conversion. Modern computing power makes 
recording RIRs using a laptop possible. Still, the number of microphones, stands, and analog cables 
needed make this approach difficult to implement quickly. One could measure each array position 
sequentially using a single microphone, at the expense of greatly extending measurement time. Lastly, 
RIRs measured with spaced-arrays do not inherently lend themselves to interactive audio experiences 
where sound-scene rotation is required. Methods to overcome this limitation are discusses in section 
4. 



 

 

 
Figure 2. 3rd-order rigid-sphere (top), tetrahedral design (middle), and 4th-order rigid-sphere 

design (bottom). 
 

2.2. Ambisonics Microphone Arrays 
2.2.1.   Objectives 

In contrast to spaced microphone arrays, which capture sound field information at a limited number 
of discrete points related to each other, ambisonic microphone arrays capture a complete continuous 
three-dimensional sound-field at a single point in space. These microphone arrays are necessarily 
coincident. 

2.2.2.   Examples of array designs 
Currently, the most common ambisonic microphone array designs are based on Platonic solids such 

as the tetrahedron (after Peter Craven and Michael Gerzon’s original ‘Soundfield’ design [11]) or on 
sampling the surface of a rigid sphere [12]. For a deeper understanding of the underlying design 
principles for higher-order Ambisonics microphones based on the rigid-sphere design, the reader is 
referred to [13]. Figure 2 shows and example of a tetrahedral and two rigid-sphere designs.   

2.2.3.   Benefits 
The most obvious benefit to using ambisonic microphone arrays for RIR capture is their compact 

design. Modern ambisonic microphones such as Sennheiser’s VR Ambeo, CoreSound’s Octomic, 
Zylia’s ZM-1, and mh acoustic’s em32/64 eigenmike are examples of ‘all-in-one’ solutions where all 
microphone capsules are mounted onto a single enclosure [14-17]. This makes them a practical choice 
for remote situations where measurement time is limited. Sound-fields captured in ambisonics are 
format-agnostic, meaning that they can be rendered or ‘decoded’ to an arbitrary number of 
loudspeakers with varying degrees of accuracy. Because they represent a continuous sound-field, the 
resulting RIRs lend themselves well to operations such as 3D-rotation and warping which are useful 
in interactive audio applications. 

2.2.4.   Limitations 
One of the main criticisms of ambisonic recording stems from the coincident nature of the 

microphone arrays. Upon playback over loudspeakers, listeners may experience a narrow listening 
area or ‘sweet spot’, though higher-order processing and decoding strategies can greatly improve this 
shortcoming [18]. Decoded loudspeaker feeds from near-coincident capsules have a high degree of 
phase/time coherence, particularly at low frequencies. Upon auralization, this can produce a sound-
scene that is perceptually unstable in response to the listeners’ movements. Source localization may 
also be less precise compared with object-based panning strategies (for example, vector-based 
amplitude panning, known as VBAP) for channel-based signals. For the purposes of RIR convolution 
in a music production context, where artificial reverberation plays a supportive role as ambience and 
is seldom the main feature of the experience, these drawbacks may be less critical. 



 

 

3. PRE-PROCESSING 
3.1.  Spaced Arrays 
3.1.1.   Time alignment 

When recording RIRs with spaced microphone arrays, one will quickly notice that the waveform 
onsets of the direct component will be slightly offset among the channels depending on the azimuth 
and elevation of the source signal. The gap between the beginning of the audio file and the onset of 
the direct component represents a combination of the delay produced by the physical distance between 
the source and each receiver, and the hardware latency of the recording interface. The later may be 
compensated for and is generally fixed for all channels (though many USB sound cards will have 
inconsistent hardware latencies across a measurement session).  

The engineer or sound designer may decide to leave the onset delays as recorded, with inter-
channel offsets remaining. The first arrival of a sound the listener will then hear in the control room 
will correspond directionally to the first arrival of sound at the microphones. A single-channel source 
convolved with each RIR registered by the spaced microphones will be recreated in the control room 
by the corresponding loudspeakers spaced around the listener. For example, sound reaching the left-
front microphone first will be radiated first by the left-front loudspeaker. The spatio-temporal order 
of first sound arrivals at the microphones will be matched by the spatio-temporal order of reproduced 
first arrivals of sound. When input signals sent to this RIR convolution are not time aligned, for 
example they are generated by spaced-array capturing the sound source, spatio-temporal order of first 
arrivals at the output will be affected. 

The second option is for the engineer to time-align the RIR channel files to have the same onset 
moment of direct component, the first sound arrival. The initial gap prior to the onset of the direct 
component can also be trimmed or be entirely removed as most convolution plugins offer a ‘pre-delay’ 
function to make this gap variable through a delay line. This is a matter individual aesthetic choice. 
In this case the multichannel RIRs will become more ‘coincident’ in nature, as the listener will 
experience the direct sound arriving once from all channels simultaneously. The result is similar to 
what is obtained by measuring RIRs with coincident microphone arrays. It should be noted that the 
alignment will only remain for monophonic or coincident input signals. Also, listener who 
simultaneously receives signals from left-front-right-back speakers may have an impression that 
sound originates above, not at frontal direction. This is when input signal should be properly structured 
to implant a desirable perceived source direction. Removing the RIR’s inter-channel offsets 
neutralizes its directional strength and allows the input signal to force audibility of a new directional 
orientation. Figure 3 gives a visual illustration of the difference. 

As mentioned above, retaining the originally recorded inter-channel time delays in the RIR can 
make spatial impression and source localization stronger in convolution. Even after time-alignment 
the original source position may still be localized in the resulting auralization if inter-channel 
amplitude differences strongly support direct sound localization. Microphones closer to the source 
will produce a stronger direct component than those farther away. Inter-channel onset delays only 
become problematic for microphone arrays that are spaced apart far enough to produce audible echoes 
in the resulting auralization. In music production, whether to align multichannel RIRs or not can be a 
matter of aesthetic choice. One could image a variable pre-delay time control per channel being a 
useful feature in such a tool.  

3.1.2.   The Direct Component 
Another important decision in spaced-array RIR pre-processing is whether to include the direct 

component or remove it. In music post-production, it is a standard practice to provide independent 
control of mono/stereo direct-sound streams to be mixed in parallel with artificial reverberation (the 
“wet/dry” mix).  When the direct component of the measurement source embedded in the RIR is 
convolved and mixed with the new direct sound, it can produce conflicting source-localization cues 
or timbre effects. A process sometimes known as RIR ‘shaping’ addresses this by either removing the 
direct component entirely or attenuating it until it no longer interferes with the localization of the 
direct-sound stream. This process can also affect perceived spatial impression, and anecdotally can 
somewhat degrade the clarity and brilliance of the auralized reverberation. The impression of source 
localization is not produced by the direct component alone but a fusion of several percepts including 
those of very early reflections. Shaping can also be extended into the first reflections of the RIRs, at 
the cost of perceived spatial impression and overall sound quality. Neutralizing the distinct spatial 
character of any RIR can brings negative returns. 



 

 

 
Figure 3. Deconvolved RIR measurements taken using a 5-channel spaced microphone array. The 

left-hand image shows the measured time structure, while the right-hand image shows the result of 
time-alignment. 

3.2.  Ambisonic Microphone Arrays 
3.2.1.   A/B Conversion 

Before the output signals of most ambisonic microphone arrays can be used, A to B-format 
conversion is required. This process uses the raw capsule outputs to encode the measured RIR into a 
collection of spherical harmonics (SH), the number of which is determined by the order n according 
to SH = (n + 1)2. This is a complex process for which a detailed description is beyond the scope of 
this paper. For more information, the reader is referred to [13]. How A/B conversion is implemented 
can have a significant impact on the timbre and resolution of the resulting RIR. It is often 
recommended to record ambisonic RIRs in A-format directly, without conversion, as A/B conversion 
tools are constantly improving. 

3.2.2.   Spherical Harmonic Synthesis 
Higher-order ambisonic RIRs can be produced from first-order microphones thanks to spherical 

harmonic synthesis systems such as the High Angular Planewave Expansion (HARPEX) method 
whose details are described by Berge and Barrett [19]. 1st-order Ambisonics (FOA) is known to 
provide low angular resolution, which for RIRs obscure the angle-of-arrival precision of early 
reflections that form the basis of early spatial impression [20]. In a controlled listening test, HARPEX 
decoding has been shown to improve localization accuracy of 1st-order sound-scenes, making them 
comparable to a 3rd-order reference [19]. 

3.2.3.   The Direct Component 
As with RIRs captured using spaced microphones, we must consider how to handle the direct 

component of ambisonic RIRs. Since ambisonic microphones are nearly coincident by nature, the 
direct component will occur simultaneously across all SH channels. Therefore, the question of inter-
channel time alignment does not apply. Source localization information will be encoded into the RIR 
as a function of amplitude differences between the direct components of the spherical harmonics. This 
reality poses a challenge in music production context where again, direct sound is mixed in parallel 
with artificial reverberation. There needs to be a match between directional information presented by 
the direct sound at the input of RIR convolution, and the directional information contained in the RIR 
itself. 

One solution is to measure many RIRs with unique source positions and convolve each source with 
its corresponding directionally aligned RIR. If needed, ambisonic signals can be rotated to seek 
precise alignment of both room and source. This may be feasible for small ensemble recording but 
cannot be easily scaled up for large ensembles due to limited CPU resources and high channel counts, 
when assuming that each source or group would require a unique ambisonic RIR convolution. Another 
option is to apply the shaping process discussed in 3.1.2. to neutralize directional information of early 
sound embedded in the RIR. The energy of the direct component may be preserved in the RIR if it has 
a consistent amplitude across all SH channels, as this condition removes many of the source 
localization cues in the RIR without needing to remove the direct component entirely. Whether or not 
this works will depend on the program material and aesthetic preferences of the mixing team. 



 

 

4. CONVERSION BETWEEN CHANNEL-BASED AND AMBISONIC FORMATS 
4.1.  B-Format Encoding of Spaced Arrays 

A B-format file can be used as an intermediary spatial audio format into which monophonic audio 
streams can be encoded at specific locations in 3D space. The details of this process can be found in 
[18]. RIRs recorded with spaced microphone arrays can therefore be encoded into spherical harmonics, 
which simplifies operations such as sound-scene rotation that are challenging in a channel-based 
paradigm. While feasible, this indirect solution may degrade the directional precision and resolution 
of the auralized sound-scene when compared to direct-to-speaker channel-based convolution. In the 
latter case, all loudspeaker channels are mutually exclusive and can be manipulated independently 
without affecting the overall stability and readability of the scene. Given that RIRs made with spaced-
arrays are format-specific and are often spherically asymmetrical, sound energy may become unevenly 
distributed within the encoded B-Format. This may cause noticeable amplitude peaks and dips around 
the listener as the scene is rotated, particularly over non-ideal hemispherical loudspeaker arrays.  

4.2.  Virtual Microphones 
Ambisonic RIRs can likewise be converted into channel-based speaker feeds through the formation 

of virtual microphones. Virtual microphones can be synthesized from any B-format signal. The user 
can define the orientation and polar pattern of an arbitrary number of virtual microphones. These 
rendered microphone signals are no longer represented by spherical harmonics and can be 
implemented directly in a channel-based mixing environment. Virtual microphones made from a single 
ambisonic RIR measurement will all be coincident, relying on intensity / spectrum rather than time 
differences to separate channels spatially. Here, inter-channel correlation at low frequencies can result 
in a perceived ‘narrowing’ of the sound field compared to RIRs produced by spaced arrays that tend 
to be rich in decorrelated low frequency energy, as previously discussed.  

Virtual microphones are effective in the mid-range of the audio spectrum. Typically, spherical 
microphone arrays will not have sharper directivity beyond that of a cardioid below 500Hz. At the 
lowest audio frequencies, the directivity is effectively Zero-order, omnidirectional. At high 
frequencies, spatial aliasing limits the coherent addition of signals from individual capsules so 
consistent directivity cannot be achieved. Therefore, the increased spatial resolution can be only 
claimed in the range of roughly 800Hz to 3000kHz. This is not a wide range, two octaves, but the 
directional effect is audible given that the human ear is sensitive within this range.  

4.3.  Channel-Based Rendering of HOA RIRs 
Ambisonics RIRs can be rendered to speaker feeds using parametric rendering processes such as 

Higher-Order Spatial Impulse Response Rendering (HOSIRR) [21]. This approach gives a user the 
ability to balance the amount of direct vs. diffuse information and define the loudspeaker positions. 
This process results in a stable auralization with an even distribution of sound energy. Using this 
method and others like it precludes sound-scene rotation and other Ambisonics DSP processes, but 
anecdotally may improve sound quality compared to direct B-format decoding. Given that music 
production is still largely bound to specific playback formats, an approach employing channel-based 
convolution should be considered when developing 3D RIR convolution tools.  

5. SUMMARY 
Three-dimensional RIRs can be measured and auralized using a variety of capture and rendering 
techniques, however the most suitable technique is dictated by the intended use of the RIR. Through 
this non-exhaustive survey, key considerations for the implementation of RIRs produced using 
channel-based spaced-microphones and coincident ambisonic arrays are outlined for the design of 
artificial reverberators used in immersive music productions. Choice of excitation source, inter-
channel correlation (particularly at low frequencies), temporal alignment, direct component shaping, 
and ambisonic encoding / conversion strategies all contribute to the aesthetic qualities of auralized 
RIRs and should be carefully considered. 

ACKNOWLEDGEMENTS 
This work was supported by the Social Sciences and Humanities Research Council of Canada 

(SSHRC), The Centre for Interdisciplinary Research in Music Media and Technology (CIRMMT), and 
the Schulich School of Music at McGill University. 



 

 

REFERENCES 
1. Abel J, Bryan N, Huang P, Kolar M, and Pentcheva, B. Estimating room impulse responses from recorded 

balloon pops. Audio Engineering Society 129thConvention, November 4–7, San Francisco, CA. 2010 
2. Farina A. Advancements in impulse response measurements by sine sweeps. AudioEngineering Society 

122nd Convention, May 2007. 
3. ISO 3382-1: Acoustics - Measurement of Room Acoustic Parameters. Part 1 : Performance Rooms. 2009 
4. Lee H. Multichannel 3d microphone arrays: A review. J. Audio Eng. Soc., vol. 69, pp. 5–26, Feb. 2021. 
5. Mori C, Nishiguchi T & Ono K. Measurement and generation method of many impulse responses for 22.2 

multichannel sound production. IEEE International Symposium on Broadband Multimedia Systems and 
Broadcasting (BMSB), Nara, Japan, 2016. 

6. Kelly J, King R & Woszczyk W. A novel spatial impulse response capture technique for realistic artificial 
reverberation in the 22.2 multichannel audio format. Audio Engineering Society 147th Convention, 
October 2019. 

7. Woszczyk, W, Ko, D, & Leonard, B. (2012). Virtual Acoustics at the Service of Music Performance and 
Recording, Archives of Acoustics, Technical Note, Vol. 37, No. 1, pp. 109-113 (2012) 

8. Woszczyk W, Begault D & Higbie A. Comparison and contrast of reverberation measurements in Grace 
Cathedral San Francisco. Audio Engineering Society 137thConvention, October 2014. 

9. Kamekawa, T, Marui, A, and Irimajiri, H. Correspondence Relationship between Physical Factors and 
Psychological Impressions of Microphone Arrays for Orchestra Recording, Presented at the AES 
Surround Recording Experiments Project, 2006-2007 AES Japan Section Surround Study Group Report, 
Part 2. 

10. Wagener, B. Räumliche Verteilung der Hörrichtungen in synthetischen Schallfeldern, in: Acustica 25, S. 
203-219. (“Spatial distribution of the directions of hearing in synthetic sound fields”), 1971. 

11. Craven P & Gerzon M. Coincident microphone simulation covering three dimensional space and yielding 
various directional outputs. US Patent, no. 4,042,779, 1977. 

12. Zotter F & Frank M. Higher-Order Ambisonic Microphones and the Wave Equation (Linear, Lossless). 
In: Ambisonics: A Practical 3D Audio Theory for Recording, Studio Production, Sound Reinforcement, 
and Virtual Reality (J. Benesty and W. Kellermann, eds.), ch. 6, pp. 131–151, Cham, Switzerland: 
Springer Open, 2019. 

13. Elko G, Kubil R, and Meyer J. Audio System Based on at least Second-Order Eigenbeams. in US Patent, 
no. 7,587,054, 2009. 

14. Sennheiser. Ambeo VR Mic. Available from: https://en-ca.sennheiser.com/microphone-3d-audio-ambeo-
vr-mic. Accessed: 2022-08-03 

15. CoreSound. Octomic. Available from: https://www.core-sound.com/products/octomic. Accessed: 2022-
06-06 

16. Zylia. ZM-1 Microphone.Available from : https://www.zylia.co/zylia-zm-1-microphone.html. Accessed: 
2022-06-06 

17. mh Acoustics. Eigenmike. Available from: https://mhacoustics.com/products#eigenmike1. Accessed: 
2022-08-03 

18. Zotter F & Frank M. Ambisonic Amplitude Panning and Decoding in Higher Orders. In: Ambisonics: A 
Practical 3D Audio Theory for Recording, Studio Production, Sound Reinforcement, and Virtual Reality 
(J. Benesty and W. Kellermann, eds.), ch. 4, pp. 53–96, Cham, Switzerland: Springer Open, 2019. 

19. Berge S & Barrett N. High angular planewave expansion. Proc. of the 2nd International Symposium on 
Ambisonics and Spherical Acoustics, Paris, France, May 6-7, 2010. 

20. Griesinger D. Spaciousness and envelopment in musical acoustics. J. Audio Eng. Soc., November 1996. 
21. McCormack L, Pulkki V, Politis A, Scheuregger O & Marschall M. Higher-Order Spatial Impulse 

Response Rendering: Investigating the Perceived Effects of Spherical Order, Dedicated Diffuse 
Rendering, and Frequency Resolution. J. Audio Eng. Soc., vol. 68, pp. 338–354, May 2020. 



Spatial Audio Technologies for Music, Gaming, and XR - A Primer

Kaushik Sunder(1), Kapil Jain(2)

(1)EmbodyVR Inc., USA, kaushik@embodyvr.co
(2)EmbodyVR Inc., USA, kapil@embodyvr.co

ABSTRACT
In recent years, there has been a surge of interest in creating immersive 3D content for music, and gaming includ-
ing extended reality (XR) formats. This paper acts as a primer of all the cutting edge and state-of-the art research
in the field of 3D Audio. In this scientific review, we first lay out the fundamental aspects of 3D Audio render-
ing for XR applications, which encapsulates augmented, virtual, and mixed reality. XR experiences require a
first-person experience coupled with six-degree-of-freedom, which entails a “procedural audio” environment to
facilitate it. Sound scene based spatial audio formats such as Ambisonics and object based audio are discussed
in detail that have become an integral part of game engines. Ambisonics, unlike traditional surround formats,
does not require any knowledge of the loudspeaker layout. When rendered over headphones, both ambisonics
and object based audio need to go through a binaural renderer, where the source audio is convolved with the
respective head-related transfer functions (HRTFs). Personalization of HRTFs and listener head-tracking im-
proves externalization and enhances the realism of the virtual acoustic environment. In this scientific review,
different state-of-the art and more recent methods for personalization of HRTFs is also discussed.

Keywords: 6DOF Audio, XR, Spatial Audio, Ambisonics, Binaural Audio

1 INTRODUCTION
There is a huge volume of scientific research, especially in the recent years, stimulated by a surge of advance-
ments in the field of Spatial Audio. Cinematic Music, Gaming are in evolution, and binaural playback is poised
to pervade mainstream headphone listening with the advent of several technologies such as Sony 360 Reality
Audio, and Dolby Atmos. With the availability of extensive computational abilities and inexpensive hardware
trackers, headtracking is a viable solution to enhance binaural playback. Several headphones and earbuds such
as Apple Airpods Pro, Audeze Mobius, JBL Quantum have in-built gyroscopes to have headtracked binaural
audio.

Development of Ambisonics by Michael Gerzon in the 1970s can be described as a seminal moment in
3D Audio. Ambisonics has experienced a great surge in research, interest, primarily through its deployment
in virtual reality and gaming applications. Audio in six degrees of freedom (6DOF) or otherwise known as
6DOF audio is especially critical for extended reality (XR) applications. In 6DOF mode, the listeners not only
experience surround and elevation, but are free to navigate through the real world and expect whatever audio
is superimposed on their ears to respond to it (Figure 1). This paper serves as a primer to all these key
technologies that would shape the field of spatial audio in the near future.

2 6DOF AUDIO
Traditional audio content for loudspeakers or headphone reproduction is typically authored to be consumed in
a linear fashion, providing the same experience for every listener. Audio for extended reality (XR) devices
provides a non-linear experience, allowing listeners to direct their attention throughout the content wherever
they please in complete 6-degrees-of-freedom movement. Available perceptual and cognitive dimensions of the
experience are also extended due to the multi-modal and interactive nature of XR.
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Figure 1. 3DOF Vs 6DOF

In 2017, Qualcomm coined the term XR that encapsulates Augmented Reality, Virtual Reality, Mixed Real-
ity, and everything in between. 6DOF is essential for the feeling of presence, as it determines what direction
you are looking at as well as where you are in the Virtual world. In terms of the overall user experience, the
difference between 3DOF and 6DOF is huge. While in 3DOF, the users feel like they are watching a story
from the outside, in 6DOF, the users can become part of the story, allowing them to interact and change the
story for a totally immersive experience.

To facilitate XR listening experience with 6DOF, several existing audio capturing as well as rendering tech-
niques need to be rethought. XR audio have non-linear or "procedural-audio" requirements, that considers sound
as a process rather than data. In a 6DOF audio experience, the listener is absolutely free to move around the
sonic space in all six degrees, and that the rendered audio conforms to the translation and orientation of the
listener’s head in relation to the space. "Procedural Audio" is created at runtime, it is generated algorithmically
in real time according to a predefined set of rules. Procedural audio can although contain linear elements such
as samples, complete playback of sessions etc, it also encompasses synthetically generated real-time audio and
audio effects that are all created and brought together at runtime.

According to Llewellyn et al. [1], there are two main things to be considered for 6DOF audio.

1. The Audio has to conform in real-time to the listener’s physical movement through an environment, either
real or simulated.

2. Sounds and acoustic phenomena observed in real-world environments would need to be present or syn-
thesized with sufficient detail and quality.

Several scientific studies have attempted to obtain true 6DOF audio experience. Rivas Mendez et al. [2]
carried out a case study comparing 6DOF workflows with a jazz ensemble. This study primarily compared
object-based using spot microphones,diffuse field capture microphones, and Ambisonics with multiple-placed
sound-field microphones. In this study, users traversed the sound fields in a game engine model of the iconic
Abbey Road Studio 3 in VR. Plinge et al. [3] proposed a binaural 6DOF method using parametric modelling of
first order ambisonics recorded at a single point in space. The ambisonics field is then rotated and a distance-
dependent gain relative to the source and listener is applied. Lee et al. [4] developed Perspective Control
Microphone Array (PCMA) - a multichannel microphone technique to synthesize virtual microphones for hori-
zontal surround and produce multiple listener perspectives. This approach employs five coincident microphone
pairs, which can be transformed into virtual microphones with different polar patterns and directions depending



on the mixing ratio. Bates et al. [5] took the PCMA approach and replaced the five coincident microphone
arrays with four first order ambisonic microphones. Using fifth-order ambisonics, the researchers then pro-
duced four virtual microphone response patterns. In this experiment, listeners navigated the sonic space using
a head-mounted display. This study used a unique approach to change the aural perspective, where for exam-
ple, virtual patterns were morphed from rear-facing cardioid to an omnidirectional and then a forward facing
cardioid. In addition, the virtual microphone positions were moved to change the distance cues. Southern et al.
[6] demonstrated a real-time dynamic auralization using wave-based approaches. The paper precomputed room
impulse responses (RIRs) at defined points in the listener’s path to achieve acoustical walk-through auraliza-
tion. Kearney et al. [7] developed a real-time walk-through by combining real-world acoustic and architectural
measurements with computational based auralization. In this study, a hybrid reverberation was utilized where
early reflections were synthesized using image source modeling, and the late reflections comprised of real-world
diffuse field measurement.

There are several different techniques that render a 6DOF audio experience. The following are some of the
most promising methods [1]:

1. Physical Speaker Setup : An expensive and impractical method is to place speakers everywhere in the
sonic environment of the 6DOF experience. The approach can incorporate pairs of speakers or 3D speaker
arrays along with multiple individual speakers for point sources, to create a navigable 6DOF audio envi-
ronment with several sweet spots. Although this method can lead to highly pleasing spatial results, there
are several technical, commercial, and aesthetic issues.

2. Wave Field Synthesis (WFS) : WFS is a sound reproduction technique using loudspeaker arrays that
redefines the limits set by conventional surround techniques (stereo, 5.1, 7.1 etc.). WFS relies on stereo-
phonic principles allowing the creation of an acoustical illusion (as opposed to an optical illusion) over
a very small area in the center of the loudspeaker setup, generally referred to as "sweet spot". WFS,
however, aims at reproducing the true physical attributes of a given sound field over an extended area of
the listening room. WFS uses the Huygens-Fresnel principle, which means that it is feasible to synthe-
size wavefronts from numerous spherical waves coming from an array of loudspeakers, thereby recreating
the sounds of an individual sound source in a acoustic environment. The unique advantage of WFS for
6DOF audio experience is that the localization is not dependent on the listener position. WFS can in-
deed create realistic listening environments with rich spatial cues, and is beginning to see a widespread
adoption in TV soundbars and automatives. Both WFS, and Ambisonics, suffers extensively from issues
with calibration, phase coloration, and issues. In addition, WFS is both computationally and financially
expensive.

3. Compensated Amplitude Panning (CAP) : CAP is a system developed by Menzies et al. [23] that adjusts
individual speaker gains in response to head tracking. This method enables dynamic localization by mod-
ulating the interaural time and level differences, and can produce stable images with just two speakers.
CAP is agnostic to anthropometric features of the head or the ears unlike binaural techniques.

4. Binaural headphone reproduction : With the help of headtracking, and head-related transfer functions,
procedural audio can efficiently recreate soundscapes for a 6DOF experience. The following sections will
describe in detail about binaural audio and its applications in various aspects of immersive media.

3 AMBISONICS
Ambisonics is a 3D recording and playback method that is based on the representation of the sound field
excitation as a decomposition into spherical harmonics (SH). The biggest advantage of ambisonics is that the
spherical harmonic representation facilitates spatial sound production that is independent of the playback system.
This makes Ambisonics extremely well suited for AR, VR, and MR applications. This review paper first gives
a brief overview of Ambisonics in terms of its basics, signal flow, and perceptual aspects.

The maximum order (N) of Ambisonics often determines the spatial resolution, the number of SH chan-
nels, and the minimum number density of loudspeakers required for reproduction. The SH channels are then



Figure 2. Ambisonics Signal Flow

weighted and summed together to spatially sample the sound field with a specific directivity, and directionality.
These result in polar patterns often referred to as "virtual microphones". The channel weightings are known as
Ambisonic decoders and are often used to determine the loudspeaker signals of the playback array.

Figure 2 shows the Ambisonics signal flow. The input can be generated either by encoding a mono source to
spherical harmonics or by capturing the sound field directly in ambisonics domain using ambisonic microphone
arrays. The spherical harmonics representation of the sound scene allows for the application of a bus system
and can be processed together. It is important to understand that the channel count (N +1)2 is determined by
the maximum order N and does not depend on the number of sources. For a single source panned at a direction
θ , the Ambisonic spectrum is calculated independent of the frequency by evaluating the spherical harmonics at
θ .

All inputs are summed up in the Ambisonics bus and can be modified by multichannel effects. When using
object-based formats, the application of spatial effects is rather simple, because it is accomplished by changing
the parameters of the object. In the same manner, spatial effects can be applied directly to the ambisonics bus.
The spherical harmonics representation as a combination of basis functions facilitates for some basic spatial
effects such as phase-reversal, scaling, equalization, and delays. Inverting (phase-reversing) certain channels
mirrors the virtual sound scene along the Cartesian coordinate axes (front/back, up/down, left/right). Reordering
and scaling of the Ambisonic channels can be employed in order to convert into different Ambisonics formats



[8].
Other advanced effects such as warping can also be applied that moves all sources of a sound scene away

or towards the poles or the equator. This is often useful for the adjustment of main microphone recordings. The
Ambisonic widening algorithm presented in [9] is an efficient way of doing so by filtering without introducing
much coloration. It provides a larger sweet spot compared to the 2-channel stereo version [10] using the same
loudspeaker spacing, and it can also be adjusted to create early reflections. One of the simplest mechanisms to
create convincing 3D reverberation is the convolution of the source signal with measured Ambisonic impulse
responses of well-sounding locations. OpenAIR lib4 is one such open-source impulse response library available
that can be used for creating a reverberant soundfield.

Perhaps, the biggest advantage of using Ambisonics is the ease of rotating the sound field. Rotation of the
sound field is as simple as multiplying the ambisonics bus with a rotational matrix. This makes the ambisonics
workflow highly suitable for headtracked spatial audio especially with head-mounted AR/VR/MR headsets.

Using a decoding matrix [11], the ambisonic bus can be converted to loudspeaker based signals to be played
back from any particular layout. The signals can either be played back from physical loudspeakers or with vir-
tual speakers binaurally on a pair of headphones. Mode-matching and Sampling are some of the most common
strategies of calculating decoders for loudspeaker playback. These strategies are typically suited for regular ar-
ranged loudspeaker arrangements covering the full sphere. For irregular arrangements, they display large errors
in localization, as well as source width, and loudness fluctuations. Moore et al. [12] introduced Non-linear op-
timization to optimize perceptual parameters. Zotter et al. [13] developed one of the most flexible and popular
decoders called the ALLRAD. It decodes the spherical harmonics signal to an optimal virtual t-design loud-
speaker arrangement by sampling, resulting in a mode-matching and energy-preserving decoder matrix. It then
uses VBAP to map the virtual loudspeakers to the real speakers similar to a panning application.

The loudspeaker decoded signals can be played over headphones using binaural rendering techniques. Con-
volution of each of the decoded signal with the corresponding head-related impulse response (HRIR) or binaural
room impulse responses (BRIR) is carried out to give the same spatial impression as with real loudspeakers.
Head-tracking that follows the head movements further improves the localization and plausibility of the spatial
experience [14]. The incorporation of head movements in an object-based implementation requires sophisti-
cated interpolation of the HRIRs/BRIRs [15]. By contrast, using Ambisonics for headphone playback provides
a simple way to involve head movements using rotation matrices. Binaural audio and the need for personalized
HRTFs is explained in further detail in the next section.

4 BINAURAL AUDIO
In free-field conditions, the sound radiated from a sound source reaches the ears after undergoing complex inter-
actions, like diffractions and reflections with the anatomical structures (head, torso, and pinnae) of the listener
[17]. The resultant signal at the eardrum encapsulates important perceptual cues, such as the interaural time
differences (ITD), interaural level differences (ILD) and the spectral cues (SC). The characteristics of a HRTF
depends on the ear geometry to a large extent and thus is unique for every individual. HRTF is also some-
times referred to as an Acoustic fingerprint due to its idiosyncratic nature. In order to have true personalized
spatial audio, there is a need to accurately measure head-related transfer functions (HRTFs) uniquely for every
listener. In this section, the need for personalized HRTFs along with the different state-of-the-art techniques for
personalization is presented. Wenzel et al. [16] conducted an elaborate study on the localization with generic
HRTFs. Azimuth perception was very much accurate, while both the elevation, frontal localization, and exter-
nalization was poor. The front-back and elevation confusions with generic HRTFs rendered over headphones
increased from 19% and 6% to 31% and 18%, respectively. Some of the main drawbacks of generic HRTFs
are as follows :

Front-Back confusions: When the HRTF used is not personalized, the frontal directional sources are per-
ceived to be coming from the rear directions. This is referred to as front-back confusions and is commonly
found in headphone playback of binaural audio.

Elevation localization errors: Using generic binaural filters affects elevation perception the most. Confu-
sions in the form of up-down reversals are common. Primary reason for this is the differences in pinna spectral



Figure 3. Table of Personalization Techniques

features of the individual’s HRTF and a generic HRTF.
Externalization: Conflict between the interaural levels leads to in-head localization of the sound.
Tonal coloration: As the spectrum at the eardrum deviates from the subject’s true spectrum, tonal coloration

is very noticeable when generic HRTFs are used.
Use of dynamic HRTFs with generic HRTF generally improves the localization performance but the con-

fusions were still not completely resolved. An important caveat to remember is that even with personalized
HRTFs, the localization accuracy with virtual sources is poorer than real sources. In the study by Wenzel et
al. [16]. front-back confusion rates almost doubled (11%) for the virtual sources compared to that with real
sources (6%). In Figure 3, a list of all HRTF personalization techniques available in the literature are pre-
sented. Broadly these can be divided into four categories : Acoustical measurements, Anthropometric data,
Perceptual feedback, and Neural Networks. The modeling of HRTF cues mainly involves the identification of
the appropriate parameters that completely define the idiosyncratic features in the spectral cues.

Acoustical measurements: The most common personalization technique is to measure HRTFs for every
subject at different locations throughout the 3D sphere. This solution, although highly accurate, is extremely
tedious and involves highly precise measurements. Measurements also require subjects to remain remain seated
with fixed orientation and remain relatively motionless for long periods. Reciprocity technique was introduced
by Zotkin et al. [18], where a micro-speaker is placed into the ear and several microphones are placed around
the listener to capture the impulse responses. A faster and more accurate method was also designed at the Air
Force Research Laboratory [19], which allows the entire collection of HRTFs in just 6-10 minutes.

Perceptual feedback: Subjects choose HRTFs based on detailed listening tests comparing different HRTFs.
In some studies, listeners adapted to the generic HRTFs by modifying the HRTFs in order to suit his or her



perception. Middlebrooks et al. [20] observed that the peaks and notches of HRTFs are frequency shifted for
different individuals and that the extent of the shift is related to the size of pinna. These perceptual based
methods are much simpler in terms of the required resources, and effort compared to other personalization
methods, however these are not robust and accurate enough. Another drawback of these sessions is that they
can be quite long and can result in listener fatigue.

Anthropometric data: Personalized HRTFs can also be modeled as weighted sums of basis functions per-
formed either in the frequency or space domain. The HRTFs are essentially expressed as a weighted sum of
a set of eigen-vectors, which can be derived from PCA or ICA. The individual weights are derived from the
anthropometric parameters that are captured by optical descriptors either by directly measuring or derived from
pictures or by obtaining a 3D mesh of the morphology. The solution to the problem of diffraction of an acous-
tic wave with the listener’s body results in individual HRTFs. This solution may be obtained by analytical or
numerical methods, such as the boundary element method (BEM) or the finite element method (FEM). The
inputs in these methods can be a simple geometrical primitive (a sphere, cylinder or an ellipsoid), a 3D mesh
obtained from MRI or laser scanner or a set of 2D images [22]. An important advantage of these techniques is
that the relative effects of a particular morphological element (pinna, torso, head) and their variation with size,
location and shape can be independently investigated.

Neural Networks: Perhaps the most cost and time effective technique that is scalable to masses is the use
of neural networks and machine learning to predict the personalized HRTFs. Shahid et al. [21] develop an
artificial neural network that generates personalized HRTFs with a 2D image of the ear as an input. The neural
network extracts all the anthropomorphic data from the images and computes the HRTF on the cloud all within
30 seconds. The evolution of machine learning in audio applications is primed to have a promising impact in
the accuracy and immersion with spatial audio.

5 DISCUSSION
This paper acts as a primer for spatial audio technologies especially for XR, gaming, and music applications.
The concept of 6DOF audio is first introduced in this article and explained how it is different from 3DOF
audio. 6DOF being interactive, allows the user to be part of the story thereby accomplishing a total immersive
experience. XR listening experience with 6DOF needs the audio to be "Procedural", where the audio experience
is created at run-time according to a predefine set of rules. Two of the most common 6DOF audio rendering
techniques is using Ambisonics, and Binaural Audio. In Sections 3, and 4, both Ambisonics and Binaural
Audio technologies are explained in detail. Ambisonics is a format that is highly efficient in rendering sound
scenes and particularly suited for applications that involves tracking of head movements. Binaural audio has
several applications and plays an integral role in any application that is focused on rendering over headphones.
Personalized binaural audio with custom HRTF is key in making sure that the rendered spatial audio is accurate
and realistic. Personalized spatial audio is critical for 6DOF audio rendering for XR applications. In this section,
the different HRTF personalization techniques are outlined along with their pros and cons. With the increasing
immersive content, the right path forward is to utilize modern technologies like machine learning in order to
improve the spatial audio experience for multimedia consumption.
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ABSTRACT
Many sound recording methods have been proposed for recording 3D audio. Typically, these methods require at
least as many microphones, or more, than the number of playback channels. In this study, the authors propose
an upmixing method that allows for using fewer microphones. Two methods of upmixing are described, one
referring to the MS (mid-side) method and the other generating coherent and diffuse sound components. The
3-AFC method was used to compare the original 20-channel sound with material converted from 5, 7, and 9
channels to 20 channels using the aforementioned up-mixing technique. The results showed that the proposed
method was “slightly different” compared to the original 20-channel material. Furthermore, from the comments
received on the comparison with the original 20 channels, it can be expected that converting a 9-channel or
7-channel signal to 20 channels using the proposed method will result in a higher sense of spaciousness and
envelopment.

Keywords: 3D Audio, upmix, MS method, diffuse sound, top layer

1 INTRODUCTION
Several three-dimensional immersive audio formats that include height channels have been proposed, such as
NHKs 22.2 channel system and the Auro 3D system, which are included in ITU-R BS.2159 standardized in
2012 [1].

Although the 22.2 multichannel system has many advantages over conventional five or nine-channel systems
[4], significant time and effort are required to setup and properly evaluate 22 microphones, which is often
not practical when recording in concert halls. Therefore, in this research, we aim to investigate the minimum
necessary number of microphones needed to reproduce to reproduce the sense of the original space regarding
3D Audio playback.

2 UPMIXING METHOD
Several studies on upmixing have been proposed so far. Upmixing techniques for 2-channel to 5-channel or
binaural reproduction have achieved good results as in Jot et al. [2][3]. Bai et al. compared different types of
downmixing and upmixing methods and concluded that the reverb-based technique had attained the best spatial
quality and overall preference [5]. However, using additional reverberation often causes undesirable impressions
when added to recordings that have already captured a unique acoustic signature, such as those made in a
concert hall. On the other hand, Ando proposes a method to extract diffuse sound so that the IACC (interaural
correlation coefficient) is the same as that of the original source[6]. Therefore, in this study, the upmixing
method based on Ando’s and the MS method described in the next chapter were considered to generate multiple
channel signals from the original microphone signals.
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Figure 1. Image of converting two channels to 3 channels by MS method.

2.1 MS method
The MS method has long been used as a recording method for 2-channel stereo. By placing a bi-directional
microphone facing sideways (S: Side) at approximately the same position as the front-facing unidirectional
(cardioid) microphone (M: Mid), the left and right signals can be generated from these signals by the process
L=M+S, R=R-L. The authors attempted to use this method to convert from two signals, L and R, to three
channels, L, C, and R, including the center channel, as shown in Figure 1. The signals reaching the left and
right ears in the two-channel (EL2,ER2) and three-channel (EL3,ER3) cases are strictly different due to head
effects. However, if the correlation between the left and right signals is sufficiently low, as in diffuse sound,
these differences are expected to be small.

By applying this concept also to the lateral and backward directions, we can generate an 8-channel signal
(FL, FR, FC, BL, BR, BC, SiL, SiR) from a 4-channel signal (FL, FR, BL, BR). Since the front L, C, and R
signals (FL, FR, FC) are significant in actual recordings, this MS method was used only laterally and backward
in the middle layer in this study. In the case of the top layer, nine channels, including the overhead channel
(TpC), were generated from a 4-channel signal.

Furthermore, the upmixing sound sources were compared to the original source based on signals from a
total of nine channels: a five-channels in the middle layer (three forward and two backward) and a four-channel
in the top layer (two forward and two back channels).

2.2 A rendering method for diffuse sound
Ando proposed this method to preserve the sound inputs to both ears instead of the sound direction[6]. It uses
a conversion matrix that converts the original sound signal into the converted sound signal with a different
number of channels. The least squares method optimizes the matrix to minimize the difference between the
input signals to both ears by the original signal and those by the rendered signals. This experiment used this
technique to generate four channels from the original two-channel signal: two channels of coherent signals and
two channels of residual components (diffuse sound). Namely, for a 7-channel case with five channels in the
middle layer (FL, FR, FC, BL, BR) and two channels in the top layer (TpFL and TpFR or TpBL and TpBR),
TpFL and TpFR were generated from TpBL and TpBR, or TpBL and TpBR were generated from TpFL and
TpFR. See the next chapter and Table 1 for details.

3 LISTENING EXPERIMENT
3.1 Sound materials used in the experiment
The sound materials used in the experiment were recorded in the 22.2 multi-channel playback format using 20
microphones in Studio A (floor area= 160m2, ceiling height= 7m, reverb time=ca.1.0 s at 500 Hz) at the Senju
campus of Tokyo University of the Arts. Mozart’s Clarinet Quintet in A Major (K.581) for clarinet and string
quartet was recorded using a spaced-array recording technique. It comprises eight omnidirectional microphones
for the middle layer, eight cardioid microphones for the top layer, three cardioid microphones for the lower
layer, and one omnidirectional microphone for the top center (Fig. 2).
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Figure 2. Layout of microphone setting for sample recording. The top panel indicates the horizontal direction,
and the bottom panel indicates the section. The italic characters indicate the model names of microphones.
Symbols such as FL (Front Left) correspond to the channels of the 22.2 multi-channel audio system. “Tp”
indicates the top layer, and “Bt” indicates the bottom layer [1].



The materials for the listening experiment were created as 20 channels. The left channel between the left-
center channel (FLc) and the right center (FRc), the right channel between the right and the center, and the
low-frequency effect (LFE1, LFE2) were not used. Also, 9-channel material used the 9-channel signals from
these 20 microphones at the corresponding positions.

The following nine different sound materials were compared to the original 20 channels.

• 20_9: The middle layer’s eight channels were generated from five channels (FL, FR, FC, BL, BR), and
the top layer’s nine channels were generated from four channels (TpFL, TpFR, TpBL, TpBR) using the
MS method. The bottom layer’s three channels were the same as in the original.

• 20_7TF: The middle layer’s eight channels were generated from five channels (FL, FR, FC, BL, BR)
using the MS method, and the top layer was generated by the rendering method from TpFL and TpFR
and converted to nine channels using the MS method. The bottom layer’s three channels were the same
as in the original.

• 20_7TB: The middle layer’s eight channels were generated from five channels (FL, FR, FC, BL, BR)
using the MS method, and the top layer was generated by the rendering method from TpBL and TpBR
and converted to nine channels using the MS method. The bottom layer’s three channels were the same
as in the original.

• 20_5FB: The middle layer’s eight channels and the top layer’s nine channels were generated by the
rendering method from FL, FR, BL, and FR and converted using the MS method. The bottom layer’s
three channels were the same as in the original.

• 9ch: Nine channels of the original 20-channel signal (FL, FR, FC, BL, BR, TpFL, TpFR, TpBL, TpBR).

• 9_7TF: Generated nine channels from 7 channels (FL, FR, FC, BL, BR, TpFL, TpFR). The four channels
in the top layer were generated by the rendering method from TpFL and TpFR.

• 9_7BF: Generated 9 channels from 7 channels (FL, FR, FC, BL, BR, TpBL, TpBR). The four channels
in the top layer were generated by the rendering method from TpBL and TpBR and converted to 9.

• 9_5FB: Generated 9 channels from 5 channels (FL, FR, FC, BL, BR). The four channels in the top layer
were generated by the rendering method from FL, FR, BL, and BR.

• 5ch: Five channels of the original 20-channel signal (FL, FR, FC, BL, BR).

Details of each channel of each material are shown in Table1. The prime symbol on the right shoulder
indicates the sound generated by Ando’s diffuse sound rendering program[6]. For example, TpFL’ indicates the
coherent component, and TpFL” indicates the residual component.

3.2 Environment and method of the listening experiment
Figure 3 indicates the layout of the loudspeakers of the listening experiment. Twenty-four loudspeakers were
placed in a listening room (floor area= 42m2, ceiling height= 2.4m, reverb time= ca.0.18 s at 500 Hz) via
Revox Piccolo S60 speakers, and they were corresponding to the ITU-R BS. 2051 [7]. All speakers were
driven by Innosonix 32/D digital amplifier via RME MADI face pro. FLc, FRc, LFE1, and LFE2 were not
used.

The original 20-channel material was compared with nine materials generated by up-mixing techniques based
on the 3-AFC (alternative forced choice) method[8]. All materials were adjusted to approximately 74 dBLAEq
at the listening position. Participants compared three stimuli (A, B, Ref) using a tablet designed using Cycling
74s Max 8 software (Figure 4). First, participants judged whether the same material was assigned to either A
or B to Ref (reference=original 20 channel). Next, they used the slider to answer how much the A or B differs
from the “Ref.”

Nine university students and a faculty staff (mean=25.9 years, sd=13.6) participated in both experiments.
They all reported normal hearing and had technical ear training for more than two years. If the difference
could be seen as more than “slightly different” compared to the Ref, we asked the participants to describe the
difference.



Table 1. The channel list used for upmix. The prime symbol on the right shoulder indicates the sound generated
by Ando’s diffuse sound rendering program[6]. For example, TpFL’ indicates the coherent component, and
TpFL” indicates the residual component.

Ch 20org 20_9MS 20_7TpF 20_7TpB 20_5FB 9ch 9_7TpF 9_7TpB 9_5FB 5ch

1 FL FL-BL FL-BL FL-BL FL’-BL’ FL FL FL FL’ FL

2 FR FR-FL FR-BL FR-BL FR’-BR’ FR FR FR FR’ FR

3 FC FC FC FC FC FC FC FC FC FC

4 (LFE1)

5 BL BL-FL-BR BL-FL-BR BL-FL-BR BL’-FL’-BR’ BL BL BL BL’ BL

6 BR BR-FR-BR BR-FR-BR BR-FR-BR BR’-FR’-BR’ BR BR BR BR’ BR

7 (FLc)

8 (FRc)

9 BC BL+BR BL+BR BL+BR BL’+BR’

10 (LFE2)

11 SiL FL+BL FL+BL FL+BL FL’+BL’

12 SiR FR+BR FR+BR FR+BR FR’+BR’

13 TpFL TpFL-TpFR-TpBL
-
√

2TpBR
TpFL’-TpFR’-
TpBL” -

√
2TpBR”

TpFL”-TpFR”-
TpBL’ -

√
2TpBR’

FL”-FR”-BL”
-
√

2BR”
TpFL TpFL’ TpFL” FL”

14 TpFR TpFR-TpFL-TpBR
-
√

2TpBL
TpFR’-TpFL’-
TpBR” -

√
2TpBL”

TpFR”-TpFL”-
TpBR’ -

√
2TpBL’

FR”-FL”-BR”
-
√

2BL”
TpFR TpFR’ TpFR” FR”

15 TpFC TpFL+TpFR TpFL’+TpFR’ TpFL”+TpFR” FL”+FR”

16 TpC
√

2(TpFL+TpFR
+TpBL+TpBR)

√
2(TpFL’+TpFR’+

TpBL”+TpBR”)

√
2(TpFL”+TpFR”

+TpBL’+TpBR’)

√
2(FL”+FR”

+BL”+BR”)

17 TpBL TpBL-TpFL-TpBR
-
√

2TpFR
TpBL”-TpFL’-
TpBR” -

√
2TpFR’

TpBL’-TpFL”-
TpBR’ -

√
2TpFR”

FL”-FR”-BL”
-
√

2BR”
TpBL TpBL” TpBL’ BL”

18 TpBR TpBR-TpFR-TpBL
-
√

2TpFL
TpBR”-TpFR’-
TpBL” -

√
2TpFL’

TpBR’-TpFR”-
TpBL’ -

√
2TpFL”

FR”-FL” -BR’
-
√

2BL”
TpBR TpBR” TpBR’ BR”

19 TpSiL TpFL+TpBL TpFL’+TpBL” TpFL”+TpBL’ FL”+BL”

20 TpSiR TpFR+TpBR TpFR’+TpBR” TpFR”+TpBR’ FR”+BR”

21 TpBC TpBL+TpBR TpBL”+TpBR” TpBL’+TpBR’ BL”+BR”

22 BtFC BtFC BtFC BtFC BtFC

23 BtFL BtFL BtFL BtFL BtFL

24 BtFR BtFR BtFR BtFR BtFR

r=2.5m

FL

FC
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BL BR
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45º
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Figure 3. The layout for the listening experiment. The left panel shows a top view, and the right panel shows a
section view of the playback system. The distance from each loudspeakers is equal (2.5m) except BtFL, BtFC,
BtFR, TpFC, TpBC, and TpC. Playback level and latency for these channels are adjusted according to distance
differences.



Figure 4. A GUI for the experiment created in MAX 8

4 EXPERIMENT RESULTS
4.1 Results of 3-AFC
Figure 5 shows the results of the experiment. The values on the vertical axis of the figure indicate the degree
to which each material differs from the original 20-channel material, with 100 points corresponding to “can’t
tell the difference”, 75 points to “slightly different”, 50 points to “somewhat different”, 25 points to “quite
different”, and 0 points to “completely different”. On the horizontal axis, the labels represent the respective
materials listed in section 3.1. Ref was incorrectly chosen in only two cases, 20_9 and 20_7TB. Those also
gave 75 points or more to the Ref; 100 points were given. The figure shows that the materials converted from
9 or 7 channels to 20 channels by the proposed method (20_9, 20_7TB) are generally judged to be “slightly
different” from the original sound. On the other hand, material that was converted to 20 channels by generating
top-layer components from the mid-layer signals (20_5FB) was judged “somewhat different”. From this, it can
be said that the proposed method is more effective when the top layer microphones are used. The signals in the
top front include more direct sound than in the back, suggesting that the difference in rendered sound is more
significant.

Even when 20 channels were generated from the same seven channels, it was harder to tell the difference
using the top back channels than the top front channels. It can be inferred that the proposed method is more
effective for generating signals that contain primarily diffuse sound.

4.2 Comments raised as to the differences between each material
Table 2 shows a list of the differences described by the experiment participants from the original 20 channels.
Comments were raised that the proposed method has a sense of spaciousness, although some pointed out that
the mid-range is slightly increased. Compared to 20 channels, 9- and 5-channel signals have a reduced sense of
spaciousness and envelopment, suggesting that the effect of converting a 9-channel signal to a 20-channel signal
for playback is highly effective.



Figure 5. Results of the listening experiment. The values on the vertical axis indicate the degree to which
each material differs from the original 20-channel material, with 100 points corresponding to “can’t tell the
difference”, 75 points to “slightly different”, 50 points to “somewhat different”, 25 points to “quite different”,
and 0 points to “completely different”. On the horizontal axis, the labels represent the respective materials listed
in section 3.1.

Table 2. Comments on each piece of material, describing differences from the original 20-channel material used
as reference.

20_9MS Wide sound image. The sound image width is wide in the lateral direction. Sense
of spaciousness

20_7TpF The sound image is wide. 500~1kHz seems to be increased a little.

20_7TpB The midrange seems to have been increased. Just a little more reverberation.

20_5FB Narrow sound image width. Less envelopment. The sound of each instrument
sounds blurred due to a lot of reverberation.

9ch Narrow sound image. Less sense of envelopment. Relatively weak bass.

9_7TpF Sound image is narrower and less enveloping.

9_7TpB The sound image is closer to the center. Less envelopment

9_5FB Narrow sound image.

5ch Very narrow sound image width. No sense of envelopment



5 CONCLUSIONS
Two methods of up-mixing were used, one referring to the MS (mid-side) method and the other generating
coherent and diffuse sound components. The 3-AFC method was used to compare the original 20-channel sound
with material converted from 5, 7, and 9 channels to 20 channels using the aforementioned upmixing techniques
and from 5 and 7 channels to 9 channels. The results showed that the proposed method was “slightly different”
compared to the original 20-channel material. It was also demonstrated that the proposed method is more
effective when using more diffuse sounds. From the comments received on the comparison with 20 channels, it
can be expected that converting a 9-channel or a 7-channel signal to 20 channels using this method will result
in a higher sense of spaciousness and envelopment.

In the future, we will test the validity of the proposed method using material recorded at various locations
and songs with different instrumentation.
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ABSTRACT
Parametric array loudspeaker (PAL) can achieve a sharp directivity utilizing the straightness of ultrasounds.
A carrier wave in the ultrasonic range is modulated with target sound and emitted intensely. Then the target
sound is self-demodulated due to the nonlinearity of the air. PALs suffer from a problem of low demodulated
sound pressure because the reproduced audible sound is generated as a secondary wave. In practical use, the
low sound pressure leads to difficulty in hearing clearly in a noisy environment. We have previously proposed a
sound pressure enhancement based on amplitude-modulation (AM) utilizing square-wave carrier. By converting
the sinusoidal carrier into square-wave, the energy held by the modulated wave is increased, which results in
an improvement of demodulated sound pressure. The enhancement is insufficient for outdoor applications,
therefore, in this paper, we focus on frequency-modulation (FM) and proposed a sound pressure enhancement
based on FM utilizing square-wave carrier. Generally, FM brings higher sound pressure but lower sound quality
than AM. In this paper, the sound pressure takes priority over the sound quality. Combing FM with square-wave
carrier, the sound pressure can be further enhanced. Experimental results have demonstrated the effectiveness
of the proposed method in enhancing the sound pressure.

Keywords: Parametric array loudspeaker, Demodulated sound pressure, Frequency-modulation, Square-
wave carrier

1 INTRODUCTION
Nowadays, electro-dynamic loudspeakers are widely utilized to reproduce audible sounds like music and speech.
A typical electro-dynamic loudspeaker owns wide directivity, therefore, the spreading sound may bother non-
target listeners as noise. Recently, parametric array loudspeaker (PAL)[1, 2], which is an application of para-
metric array [3], has been attracting attentions due to its sharp directivity. When two ultrasounds f1 and f2
are emitted intensely, the difference frequency | f1− f2| is generated due to the nonlinearity [4]. Utilizing this
principle, it is able to reproduce a target sound fd by emitting a modulated ultrasound consisting of ultrasound
components fc and fd + fc. The demodulated sound inherits the straightness of the emitted primary ultrasounds,
therefore, it can realize a much sharper directivity than conventional electro-dynamic loudspeakers.

However, the PAL suffers from problems in low demodulated sound pressure and degradation of sound
quality. The demodulated sound is generated from the nonlinear interactions, so the sound pressure is much
lower than the emitted ultrasounds [2]. In additions, the self-demodulation is a frequency-dependent process,
which leads to the poor reproduction of PAL [5, 6]. The nonlinear interactions also brings nonlinear distortions
such as harmonic distortions, into demodulated sound [7]. Technologies based on signal processing [7, 8] have
been developed to counteract the low sound quality of PAL, however, the demodulated sound pressure is caused
by the physical principle.

For small-scale PALs, the low sound pressure becomes a significant bottleneck in practical use, as it leads
to difficulty in hearing clearly in a noisy environment. Raising the driving voltage seems to be a solution
of low demodulated sound pressure, however, it brings more nonlinear distortion which degrades the sound
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Figure 1. Basic concept of proposed method.

quality [8]. In addition, the finite amplitude wave effect [9] and the risk of ultrasound exposure [2] should also
be concerned when raising the voltage for a powerful sound. Moreover, the ultrasound transducers’ durability
under high voltage should be also taken into consideration. Therefore, a considerable solution to the low sound
pressure is to carry more energy of primary ultrasound in a certain range of voltage.

We have previously proposed a demodulated sound pressure enhancement method by converting the sinu-
soidal amplitude-modulated (AM) wave into square wave [10]. The power of square wave is twice as that of
sinusoidal wave with the same maximum amplitude, so the primary ultrasound can carry more energy and the
demodulated sound pressure can be enhanced. To improve the energy efficiency further, in this paper, we focus
on the frequency-modulation (FM) of PAL. The FM wave has a constant envelope, while the envelope of AM
wave varies with the target sound, therefore, the FM wave can carry much more energy than the AM wave.
In the proposed method, we regularize the sinusoidal modulated wave into square wave to enhance the demod-
ulated sound pressure of small PAL. The basic concept of the proposed method and the comparison to other
methods are shown in Fig. 1.

2 PRINCIPLES OF PARAMETRIC ARRAY LOUDSPEAKER
2.1 Basic principles of parametric array loudspeaker
When a pair of ultrasounds f1 and f2 are emitted from the PAL with initial pressure P1 and P2, the emitted
primary wave can be expressed by

u(t) = P1 cos(2π f1t)+P2 cos(2π f2t), (1)

where t denotes the time index. And the primary wave observed at distance r can be expressed by

ur(t) = P1e−α1r cos(2π f1(t− r/c))+P2e−α2r cos(2π f2(t− r/c)), (2)

where α1 and α2 denote the attenuation rate at frequency f1 and f2.
The intensity of virtual source generated by the nonlinearity can be expressed by

q(r, t) =
β

ρ2c4
∂

∂ t
u2

r (t), (3)

where β , ρ and c denotes nonlinear coefficient, intensity and the sound speed of the medium. By expanding
Eq. (3) with Eq. (2), it can be noticed that the virtual source contains multiple frequency components. And the
intensity of virtual source at the different frequency | f1− f2| can be expressed by

qd(r, t) =
2π| f1− f2|
e(α1+α2)r

βP1P2

ρ2c4 sin(2π| f1− f2|(t− r/c)). (4)



The demodulated sound observed at an on-axis point in far field can be expressed as a volume integral of
virtual sources at difference frequency. The volume distribution in V can be approximated with a line distribu-
tion in l multiplied with area S, which can be given as follows:

v(t) =
∫

V

ρe− j2π| f1− f2|r/c

4πr
∂qd(r, t)

∂ t
dV

≈
∫

l

Sρe− j2π| f1− f2|r/c

4πr
∂qd(r, t)

∂ t
dl.

(5)

2.2 Amplitude-modulation for parametric array loudspeaker
Based on the mentioned principle, it is able to reproduce a target sound at | f1− f2| by emitting primary wave
including f1 and f2. Double sideband (DSB) modulation can be expressed by

uDSB(t) = (1+mAMs(t))c(t), (6)

s(t) = As cos(2π fst), (7)

c(t) = Ac cos(2π fct), (8)

where mAM(0 < mAM ≤ 1) denotes modulation factor, As and fs denote amplitude and frequency of the target
signal s(t), Ac and fc denote amplitude and frequency of carrier wave c(t). The envelope function of DSB-
modulated wave can be given by

EDSB(t) = 1+mAMs(t), (9)

which explains the reason that DSB modulation is categorized as amplitude-modulation.
Expanding Eq. (6), it can be noticed that DSB-modulated wave contains three frequency components: carrier

wave at fc, lower sideband wave at fc− fs, and upper sideband wave at fc + fs. Therefore, fs can be self-
demodulated as the difference frequency between fc and fc− fs, and as the difference frequency between fc
and fc + fs.

2.3 Frequency-modulation for parametric array loudspeaker
In AM, the envelope of carrier wave varies with the target sound, however, in FM, the instantaneous frequency
of carrier wave varies with the target sound. FM wave can be expressed as

uFM(t) = Ac cos

(
2π fct + k

t

∑
τ=0

s(τ)

)
, (10)

where k denotes the frequency sensitivity. Replacing s(τ) with the expression in Eq. (7), Eq. (10) can be
expanded into the follows:

uFM(t) = Ac cos
(

2π fct +
kAs

2π fs
sin(2π fst)

)
. (11)

The FM wave can be further expanded into a series expression as

uFM(t) = Ac

∞

∑
i=−∞

Ji (mFM)cos(2π( fc + i fs)t) , (12)

mFM =
kAs

2π fs
, (13)

where Ji(·) denotes the i-th order Bessel function of the first kind. It can be confirmed from Eq. (12) that the
FM wave includes carrier wave at fc, upper sideband waves at f c+ i fs(i = 1 ∼ ∞), and lower sideband waves
at f c+ i fs(i =−∞∼−1). Therefore, fs can be self-demodulated as the difference frequency.



3 PROPOSED DEMODULATED SOUND PRESSURE ENHANCEMENT BASED ON
FREQUENCY-MODULATION UTILIZING SQUARE-WAVE CARRIER

In this paper, we propose a demodulated sound pressure enhancement based on FM utilizing square-wave carrier
for small PAL. The overview of the proposed method is shown in Fig. 2. First, FM is carried out as same as
expressed in Eq. (10). Then, the FM wave uFM(t) is rectangularized into square-wave uSQFM(t), which can be
expressed as

uSQFM(t) =
2
D
· uFM(t)
|uFM(t)|

·
⌈

D
2
· |uFM(t)|

⌉
, (14)

where D denotes square division factor which determines the precision of the rectangularization, d·e denotes
ceiling function which outputs the greatest integer less than or equal to the input.

The concept of the modulated wave rectangularization is shown in Fig. 3. It can be noticed that the
modified FM wave becomes a square-wave totally when D = 2. When the value of square division factor D is
small, the rectangularization error is larger, however, the modified modulated wave can carrier more energy. In
contrast, a larger value of square division factor D brings a smaller rectangularization error but less energy in
the modulated wave. There is a trade-off between the sound pressure and the sound quality which is dependent
on square division factor D. Therefore, we can control the square division factor D to reach a desired balance
of the sound pressure and sound quality.

Figure 2. Overview of proposed method.

Figure 3. Concept of modulated wave rectangularization.



4 EVALUATION EXPERIMENTS
4.1 Experimental conditions
To demonstrate the effectiveness of the proposed method, we evaluated sound pressure and sound quality of
demodulated sounds. The experiment on demodulated sound pressure are described in Section 4.2, and the
experiment on demodulated sound quality are described in Section 4.3.

The experimental conditions are summarized in Table 1, and the experimental equipment is listed in Table
2. The arrangement of the experimental equipment is shown in Fig. 4. As shown, the microphone is set at 1
m away from the PAL to observe the demodulated sound.

For comparison, we prepared conventional AM with sinusoidal carrier (Case AM) which can be expressed
by Eq. (6), and our previously proposed AM with square wave carrier [10] (Case SQAM). We also prepared
conventional FM with sinusoidal carrier (Case FM) which can be expressed by Eq. (10), and the proposed
method described in this paper. As shown in Table 1, the square division factor D in the proposed method is
set as 2, 8, and 16.

4.2 Experiment on demodulated sound pressure
In this experiment, we evaluated the demodulated sound pressure of comparison cases. Sinusoidal waves which
can be expressed by Eq. (7) with fs = 1,2, · · ·8 kHz were utilized as the sound sources. The sound pressure of
the demodulated sound can be calculated with the following:

Lobv = Lcal−10log10

(
σ2

obv

σ2
cal

)
, (15)

Table 1. Experimental conditions.

Environment Office room (T60 = 0.65 s)

Ambient noise level LA = 21.0 dB

Temperature / Humidity 18.8 ◦C / 48.7 %

Sampling 192, 768 kHz / 32 bits

Carrier frequency fc = 38.4 kHz

Modulation factors mAM = 1.0 / mFM = 1.0

Table 2. Experimental equipment.

Parametric loudspeaker MITSUBISHI, PS-60E

Microphone SONY, ECM-88B

Microphone amplifier RME, OctaMic II

Power amplifier VICTOR, PS-A2002

A/D, D/A converter RME, Adi-2 pro fs

Figure 4. Experimental setup.



Figure 5. Experimental results on demodulated sound
pressure (192 kHz sampling).

Figure 6. Experimental results on demodulated sound
pressure (768 kHz sampling).

where Lobv denotes the sound pressure of observed demodulated sound, Lcal denotes the sound pressure of
acoustic calibrator, σ2

obv denotes the variance of the observed demodulated sound, σ2
cal denotes the variance of

the observed sound of the acoustic calibrator.
The experimental results on demodulated sound pressure under sampling frequency at 192 kHz are shown

in Fig. 5, and those under sampling frequency at 768 kHz are shown in Fig. 6. It can be confirmed that when
fs ≥ 3 kHz, the proposed method achieved higher sound pressure than conventional methods. When fs ≤ 2
kHz, Case SQAM achieves the highest sound pressure. It can be confirmed that in Figs. 5 and 6, the proposed
method reaches higher sound pressure when the square division factor D is smaller, which is same as predicted.
Based on the above experimental results, it is able to confirm the effectiveness of the proposed method in
demodulated sound enhancement.

4.3 Experiment on demodulated sound quality
As discussed in Section 3, a smaller square division factor D leads to a higher sound pressure but more distor-
tions. Therefore, in this experiment, we confirmed the sound quality of the comparison cases. Speech signals
from ATR Japanese speech database [11] were utilized as sound sources. The frequency band of the sound
sources are 0∼ 8 kHz, so that the experimental results on sound pressure shown in Section 4.2 can be referred.
Perceptual evaluation of speech quality (PESQ) [12, 13] and short-time objective intelligibility (STOI) [14] were
utilized as metrics. PESQ indicates the sound quality of speech signals in a range of -0.5 ∼ 4.5, and a higher
value of PESQ suggests a better sound quality. STOI indicates the intelligibility of speech signals in a range of
0 ∼ 1, and a higher value of STOI suggests a better intelligibility.

The experimental results on PESQ are shown in Figs. 7 and 8. In both Fig. 7 and Fig. 8, the proposed
method shows lower PESQ scores than conventional methods. Moreover, among three cases of the proposed
method, the case with larger square division factor D achieves higher value of PESQ score. Therefore, it can
be confirmed that the proposed method leads to a degradation of sound quality. The rectangularization error can
be considered as a reason for the low sound quality. Moreover, since the modulated wave is rectangularized,
more harmonic components are brought in the primary wave. This may lead to more harmonic distortion in the
demodulated sound, which degrades the demodulated sound quality.

The experimental results on STOI are shown in Figs. 9 and 10. Similar as the results on PESQ, the
proposed method shows lower STOI scores than conventional methods. In addition, the case with larger square
division factor D achieves higher value of STOI score. Although the proposed method shows a significant
degradation in PESQ, the decrease in STOI compared with Case FM is acceptable. Especially, the proposed
method with D = 16 reaches almost a same level with Case FM. The above results suggest that the proposed
method’s degradation in sound quality does not effect the intelligibility too much.



Figure 7. Experimental results on PESQ (192 kHz sam-
pling).

Figure 8. Experimental results on PESQ (768 kHz sam-
pling).

Figure 9. Experimental results on STOI (192 kHz sam-
pling).

Figure 10. Experimental results on STOI (768 kHz sam-
pling).

5 CONCLUSIONS
In this paper, we proposed demodulated sound pressure enhancement based on FM utilizing square-wave carrier
for small PAL. The FM tends to achieve higher sound pressure but lower sound quality compared to AM.
Moreover, rectangularizing the sinusoidal modulated wave into square-wave can further improve the demodulated
sound pressure, which is essential for small PAL that is difficult to reproduce an audible sound with a very
high sound pressure. We also introduce a parameter square division factor into the proposed method to control
the trade-off between the sound pressure and the sound quality. The experimental have demonstrated that the
proposed method is effective to enhance the demodulated sound pressure with a cost of degradation in sound
quality.

In the future, we will consider adjusting the square division factor according to the frequency characteristics
to reduce the sound quality degradation when improving the demodulated sound pressure. We will also consider
to combine the proposed method with other methods to achieve an enhancement of sound pressure in a wider
frequency band.
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ABSTRACT
We present a short review of models for the dynamics of the conventional moving-coil loudspeaker and a data set
with which we quantitatively compare their predictive errors. The models include the effects of viscoelasticity
and nonlinear stress-strain relation in the suspension, eddy-current losses in the magnet system, a finite air gap
and nonlinear inductance. Vibrational wave propagation within the diaphragm is not considered. We present a
model fitting technique and benchmark the loudspeaker models on the data set to establish baselines for future
work. A Python implementation is made available at https://github.com/fhchl/quant-comp-ls-mod-ica22.

Keywords: electro-dynamic loudspeaker, modelling, dynamical systems, parameter estimation

1 INTRODUCTION
This paper reports work-in-progress on establishing baseline models that predict the nonlinear dynamics of
electro-dynamic moving-coil loudspeaker drivers. We focus on time-invariant lumped-element models that pre-
dict the voice-coil displacement and velocity, as well as the current passing through it, from the voltage signal
applied to the driver terminals. These models are typically used when attempting to (input-output) linearize the
loudspeaker dynamics in order to reduce nonlinear distortion in audio reproduction [1, 2, 3, 4]. Arguably, the
more accurate these models are in predicting the dynamics, the more effectively the linearization approaches
will reduce nonlinear distortion. This is especially relevant if the linearization is based on a feedforward esti-
mation of the state (as proposed e.g. by Klippel [1]) in contrast to state-feedback (as is custom in the control
literature [5]).

The simplest loudspeaker model includes an electric resistance Re and inductance L of the voice coil of
length l, coupled via a magnetic field of strength B to the mechanical system of total moving mass M, suspen-
sion stiffness K and mechanical resistance Rm. An externally applied voltage u induces a current i through the
coil leading to a change in displacement x. The dynamics of this system are described by the linear differential
equations

u = Blẋ+Rei+
d
dt

[iL] Bli = Kx+Rmẋ+Mẍ, (1a,b)

where ẋ and ẍ indicate velocity and acceleration. This model has since been extended to include many other
effects and properties including viscoelasticity of the suspension [6, 7, 8], lossy inductance due to eddy currents
[9], the magnetic reluctance force [10, 11], nonlinear stress-strain of suspension and spider, inhomogeneous
magnetic field strength in the air-gap, and an inductance that varies with displacement [12] and current [13].

To measure research progress in the area of loudspeaker modelling, it is important to quantitatively compare
the predictive errors of these models on a wide spread of loudspeaker drivers. This leads us to the main
contributions of the present work: 1) We compare loudspeaker models on data gathered from 6 moving-coil
loudspeaker drivers. Our analysis gives insight into the impact of including above effects and highlights some
of the shortcoming of existing models. 2) We review how loudspeaker models are fitted to data and provide the
data set and an implementation of the procedures in Python.

The paper is structured as follows: Section 2 reviews the implemented models. Section 3 presents the model
fitting procedure. Section 4 presents the data set and section 5 the results of the model predictions on that data.

ABS-0272
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Model Description
linear Equations (1)
linear SLS linear with standard linear solid element term
linear L2R2 linear with L2R2 term
linear L2R2+SLS union of two above
full w/o reluctance above with nonlinear terms (4, 5) for d = 4 and f = 2
full above with reluctance force term of Risbo et al. [11]
full reluctance as [13] above instead with reluctance term by Klippel [13]
full w/o L(i) full without current-dependent inductance term (5)
full w/o SLS full without standard linear solid element term
full w/o L2R2 full without L2R2 term

Table 1. Electro-dynamic loudspeaker models compared in this study.

2 LOUDSPEAKER MODELS
This section reviews extensions of the basic linear differential equation model (1) of the electro-dynamic loud-
speaker driver. An overview over the tested models is given in table 1.

2.1 Linear models
Eddy currents are known to decrease the inductance at high frequencies and introduce additional losses. The
effect can be modelled by a fractional-order derivative model [14]. To avoid some of the computational chal-
lenges of such a model, it can be approximated over a limited bandwidth with the L2R2 model, which adds,
in series to the inductance, an additional inductance L2 in parallel with an electrical resistance Re,2 [15]. This
effectively introduces the additional electrical damping term R2(i− i2) in the right hand side of (1a), where i2
is the auxiliary current through L2 which satisfies

d
dt
[i2L2] = (i− i2)R2. (2)

The surround of many loudspeakers is made of rubber polymers that are viscoelastic: their stiffness and
damping varies with frequency [16]. In loudspeakers, this linear effect is also well modelled by a fractional-
order derivative model [6, 14]. This can be modelled in analogy to the L2R2 model, here called the standard
linear solid (SLS) model, which consists of the original spring in series to an additional stiffness K2 in parallel
to a resistance Rm,2. It adds the additional force term K2x2 to the right hand side of (1b), where x2 is an
auxiliary state with evolution

ẋ2 = ẋ− x2K2/Rm,2. (3)

2.2 Nonlinear models
A common way to introduce nonlinearity into (1) is to model Bl, K, and L as polynomials of the displacement
x,

Bl(x) = ∑
d
n=0Blnxn, K(x) = ∑

d
n=0K′

nxn, L(x) = ∑
d
n=0L′

nxn, (4)

where Bln, K′
n and L′

n are the polynomial coefficients of the displacement dependence up to some order d.
The magnetic field generated by the voice coil can change the magnetic permeability (operating point) of the

iron structure and thus the magnetic flux through the coil. This current-dependent inductance can be modelled
via separable polynomials, i.e. the inductance in (4) is replaced by

L(x, i) = (∑d
n=0Lnxn)(1+∑

f
n=1Fnin), (5)

where Fn are the polynomial coefficients of the current dependence up to some order f .
Dodd, Klippel, and Oclee-Brown [17] show that the lossy inductance effect is also state dependent and

model it by varying the parameters L2 and Re,2 as scaled functions of L(x, i), i.e. Re,2(x, i) = Re,2L(x, i)/L(0,0)
and L2(x, i) = L2L(x, i)/L(0,0). Similar extensions of the SLS model may be useful but are not investigated
here.



It is well known that a displacement dependent inductance implies the existence of an additional force term
in the rhs of (1b), − 1

2 i2∂L(x)/∂x, sometimes called reluctance force, flux-modulation or Cunningham force [10].
Risbo et al. [11] described the integration of the L2R2 model with the reluctance force, leading to the force
term − 1

2 i(i∂L/∂x+ i2∂L2/∂x). This was modelled previously as − 1
2 (i

2∂L/∂x+ i22∂L2/∂x), e.g. by Klippel [13].
In summary, the "full" model including all the mentioned extensions is given by equations 3-5 and

u = Bl(x)ẋ+Rei+Re,2(i− i2)+
d
dt

[iL(x, i)] , Bl(x)i = K(x)x+K2x2+Rmẋ+Mẍ− 1
2

i
(

i
∂L(x, i)

∂x
+ i2

∂L2(x, i)
∂x

)
.

(6)
with the state variables x′ = [i,x, ẋ, i2,x2].

3 PARAMETER ESTIMATION OF DIFFERENTIAL EQUATION MODELS
This section describes the estimation of the parameters of above differential equation models from data. The
loudspeaker state trajectory for a given input voltage signal and a given model is the solution of the initial
value problem

ẋ′ = fθ (t,x′) x′(t = 0) = 0
y = h(x′),

(7)

where f is the vector field (e.g. from the differential equations (1)) containing the time derivative of the state
vector x′ (e.g. x′ = [i,x, ẋ]), θ are the parameters (e.g. θ = [Bl,K,L,R,Re,M]), y is the measurement vector of
size Q (e.g. y = [i, ẋ], Q = 2), and h selects the measured states from the state vector x′.

In practice, the input voltage and the measurement signals of duration T are only given at N = fsT discrete
samples gathered at a rate fs, i.e. ũn = u(n∆t), ỹn = y(n∆t) for n = 0, . . . ,N −1. Let’s define our parameterized
forward model Fθ : RN → RN×Q that implements the map ũ 7→ ŷ from the discrete input voltage sequence to a
prediction of the measured states. The forward model consists of three steps: 1) interpolate the sampled input
sequence ũ with cubic splines to get a continuous-time signal u, 2) solve the initial value problem (7) for the
state sequence x̃′n, and 3) compute the output sequence ỹn using h.

3.1 Nonlinear system identification via maximum likelihood
We assume that the state measurement is corrupted by zero-mean Gaussian noise and that all measurements
have the same signal-to-noise ratio. The maximum likelihood estimate of the parameters for a given signal pair
(ũ, ỹ) is then the minimizer of the weighted sum of squared errors:

θ̂ = argmin
θ∈C

M

∑
i=1

1
Var[ỹ]i

||[ỹ−Fθ (ũ)]i||2, (8)

where [·]i indexes the components of the measurement vectors, the variance is taken over the time samples,
and C denotes non-negative constraints on the linear parameters (the parameters that are not multiplied by a
state variable in (4,5)). This is equivalent to minimizing the normalized mean-squared-error. Equation (8) is a
box-constrained nonlinear least-squares problem that can be solved with a dedicated solver.

A good initial parameter guess for the above least-squares problem is important. Assuming that the loud-
speaker is weakly nonlinear, we can use an estimate of the parameters of the model linearized around the state
x′ = 0 as a starting guess, while initiating all other parameters with zeros.

3.2 Linear system identification via matching of cross-spectral spectral densities
The parameters of the linearized systems, θlin, can be estimated by matching the transfer functions of the
linearized model to an estimate of the transfer-functions from data [18]. For the persistently exciting input-
output pair (ũ, ỹ), the transfer function of the linearized system is computed from data at discrete frequencies
ω via estimates of the corresponding cross- and auto-spectral densities:

Ĝiu(jω) =
Ŝiu(jω)

Ŝuu(jω)
Ĝxu(jω) =

Ŝxu(jω)

Ŝuu(jω)
Ĝẋu(jω) =

Ŝẋu(jω)

Ŝuu(jω)
. (9)



Linear parameter Bl0 [N/A] Re [Ω] Rm [Ns/m] K0 [N/m] L0 [H] M [kg] L2 [H] Re,2 [Ω] K2 [N/m] Rm,2 [Ns/m]
initial value 1 1 1 103 10−3 10−3 10−3 1 103 103

Table 2. Initial guesses for the parameters θlin of the linearized systems.

Both densities are here estimated using Welch’s method [19] with a window size of 214 samples. Let’s assume
we have only measurements of current i, the applied voltage u and the velocity ẋ. The linear parameters can
be estimated by solving the nonlinear least-squares problem

min
θlin

∑
k

(
Ĝiu(jωk)−Gθlin

iu (jωk)
)2

+
(

Ĝvu(jωk)−Gθlin
vu (jωk)

)2
(10)

The transfer-function estimates in (9) have high variance at frequencies where Ŝuu is small. A more robust
estimate of the parameters can be found by weighting the above residuals by Ŝuu, thereby giving more emphasis
to those frequencies where the input signal has high power. Thus, we use the estimate

θ̂lin = min
θlin

∑
k

1
Varω [Ŝiu]

(
Ŝiu(jωk)−Gθlin

iu (jωk)Ŝuu(jωk)
)2

+
1

Varω [Ŝvu]

(
Ŝvu(jωk)−Gθlin

vu (jωk)Ŝuu(jωk)
)2

, (11)

where we weight by the variances of the cross-spectral densities over frequencies. The initial guesses for
estimation of the linear parameters are given in table 2.

3.3 Implementation
A Python implementation of the parameter estimation routines and the data set of this study are made available
at https://github.com/fhchl/quant-comp-lsmod-ica22. We use diffrax [20, 21] to solve the initial value problem
(7) and JAX [22] to compute the Jacobians of the cost functions (8,11) through automatic differentiation. If not
noted otherwise, the initial value problems are solved by a fourth-order Runge-Kutta scheme (Dopri5 with con-
stant step size 1/ fs). The least-squares problems are solved with the algorithm of [23] with adaptive parameter
scaling [24] as implemented in SciPy [25].

4 DATA SET AND EXPERIMENTAL SETUP
The models are tested on data gathered from the six driver units displayed in figure 1. Each loudspeaker
was driven by two different realizations of 10 s bandpassed (10 Hz-10 kHz) Gaussian-distributed pink-noise [26]
generated at 4 different gains (0 dB, -6 dB, -12 dB, -18 dB). One realisation is used for model training, while the
second is used for model validation. The maximum output RMS voltages (0 dB) for each driver are listed in
the caption to figure 1 and were chosen manually to be reasonably large while not damaging the loudspeaker.
For each excitation we recorded the input voltage ũ at the loudspeaker terminals and the two system outputs ỹ:
the current via a 0.5Ω shunt resistor and the velocity of the diaphragm at a single point on the diaphragm via
a Doppler-laser vibrometer. Each measurement was repeated 5 times over which the median was taken. The
signals were created and recorded via a digital interface (National Instruments USB-4431) at a sample rate of
96 kHz. The input voltage was amplified with a low-distortion power amplifier (Purify 1ET400A).

Every model was trained separately on each training realization and used to predict both the training and
the validation realizations, leading to 6× 4× 4 = 96 predictions in the training set and 96 predictions in the
validation set for each of the 23 models (10 models + 7 other orders d + 6 other solvers for the initial value
problem). Errors between measurements and predictions are given as relative errors, i.e. the normalized root-
mean-squared-error, in percent. Total error refers to the value where each state is normalized by its variance and
then the root-mean-squared error of the concatenated states is taken. The solution of the differential equations
diverged for some combination of model parameters and input voltage signals (see below). These data points
were removed from the results.

5 RESULTS AND DISCUSSION
Table 3 compares the models introduced above at maximum input level. The results can be coarsely clustered
into linear models with 11%− 16% error and polynomial models with around 6%− 7% error. Interestingly,

https://github.com/fhchl/quant-comp-ls-mod-ica22


Figure 1. Loudspeakers used for data set. The maximum RMS voltages used for each driver from left to right
are 4 V, 4 V, 6 V, 6 V, 6 V and 8 V.

training error validation error
Model i ẋ total i ẋ total
full 5.8±2.3 6.9±2.7 6.5±1.9 6.0±2.7 6.2±3.1 6.3±2.5
full w/o L(i) 5.9±2.5 6.9±2.6 6.6±2.0 6.2±2.9 6.2±3.1 6.4±2.6
full reluctance as [13] 6.3±2.2 6.8±2.5 6.6±2.0 6.5±2.6 6.2±3.0 6.4±2.6
full w/o reluctance 6.6±2.5 6.8±2.5 6.8±2.3 6.9±2.8 6.1±3.0 6.5±2.8
full w/o SLS 5.9±2.4 7.5±2.2 6.9±1.7 6.1±2.7 6.9±2.7 6.7±2.3
linear SLS+L2R2 9.7±0.7 11.9±4.8 11.0±2.9 10.0±1.1 11.8±4.2 11.1±2.4
linear L2R2 9.3±1.6 12.4±4.6 11.1±2.8 9.6±2.0 12.3±4.0 11.1±2.4
full w/o L2R2 15.7±1.9 7.0±1.8 12.2±1.3 16.0±2.1 6.2±2.3 12.2±1.9
linear SLS 16.9±1.5 12.6±4.6 15.1±1.9 17.2±1.7 12.5±4.0 15.2±1.6
linear 17.1±1.6 13.4±4.1 15.5±1.8 17.4±1.8 13.3±3.5 15.6±1.5

Table 3. Comparison of model performance at maximum level (0 dB): relative error in percent (mean ± standard
deviation over loudspeakers).

leaving out the L2R2 term leads to a much larger drop in accuracy in comparison to all other terms, which
highlights the importance of modelling a lossy inductance. Including a current-dependent inductance, the reluc-
tance force term or a simple model of viscoelasticity only has a small impact on the predictive accuracy of the
full model. Figure 2 shows the averaged error spectra for the "full" model, which highlights error contributions
from cone breakups at higher frequencies.

Table 4 compares the full model with varying polynomial orders d for the displacement dependency, again
at maximum level. We observe a significant improvement in prediction accuracy for d ≥ 2, but orders above
d = 2 show practically the same error.

Table 5 compares the prediction errors over the levels of the input voltage (last column is the same as last
column of table 3). For models trained at maximum level (0 dB), the relative error increases significantly when
predicting at lower levels. This suggests that the current polynomial models do not generalize well over input

training error validation error
Model i ẋ total i ẋ total
full with d = 5 5.8±2.3 6.9±2.7 6.5±1.9 6.0±2.7 6.2±3.1 6.3±2.5
full with d = 6 5.8±2.3 6.9±2.6 6.5±1.9 6.0±2.7 6.2±3.1 6.3±2.5
full (d = 4) 5.8±2.3 6.9±2.7 6.5±1.9 6.0±2.7 6.2±3.1 6.3±2.5
full with d = 3 5.8±2.3 7.0±2.6 6.6±1.9 6.1±2.7 6.4±3.1 6.4±2.5
full with d = 2 5.9±2.3 7.1±2.6 6.7±1.9 6.2±2.7 6.4±3.1 6.4±2.5
full with d = 7 6.6±2.5 6.8±2.5 6.8±2.2 6.9±2.8 6.2±3.0 6.6±2.8
full with d = 1 8.5±1.5 11.6±4.8 10.3±3.1 8.7±1.9 11.4±4.1 10.3±2.6
full with d = 0 9.2±1.5 12.0±4.8 10.8±3.0 9.4±1.9 11.9±4.2 10.9±2.5

Table 4. Comparison of polynomial order d of position dependence at maximum level (0 dB): relative error in
percent (mean ± standard deviation over loudspeakers).
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(i− î)/σi
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Figure 2. Power spectral densities of normalized measurements (i, ẋ), predictions (î, ˆ̇x) and errors (i− î, ẋ− ˆ̇x)
for model "full" averaged over loudspeakers at maximum level (i.e. spectra on the left integrate to 1 and spectra
on the right integrate to validation error of table 3).

total validation error
training level -18 dB 0 dB
validation level -18 dB -18 dB -12 dB -6 dB 0 dB
model
full 5.4±2.7 11.6±3.6 8.7±2.1 8.0±3.1 6.3±2.5
full w/o L(i) 5.9±3.8 11.7±3.6 8.8±2.0 8.0±3.1 6.4±2.6
full reluctance as [13] 5.4±2.7 11.7±3.6 8.8±2.1 8.1±3.2 6.4±2.6
full w/o reluctance 5.4±2.7 11.8±3.6 9.0±2.2 8.3±3.2 6.5±2.8
full w/o SLS 6.2±1.9 12.0±3.5 9.1±1.9 8.4±3.0 6.7±2.3
linear SLS+L2R2 5.6±2.6 9.9±2.5 8.9±3.3 9.7±5.7 11.1±2.4
linear L2R2 6.3±1.7 10.1±2.4 9.1±3.2 9.9±5.6 11.1±2.4
full w/o L2R2 11.9±1.6 16.4±3.4 14.1±2.1 13.8±1.6 12.2±1.9
linear SLS 12.1±1.4 14.7±1.4 14.1±1.7 14.8±3.9 15.2±1.6
linear 13.0±1.4 15.2±1.4 14.7±1.8 15.3±3.9 15.6±1.5

Table 5. Comparison of input levels during training and prediction: relative error in percent (mean ± standard
deviation over loudspeakers).

level ranges. Note that this does not imply an increase in absolute error. Low errors at low input levels can be
obtained by training the models on low level data (leftmost column).

Training at low and predicting at high input levels can lead to divergent solutions of the system of differen-
tial equations. This observation is summarized in table 6 which shows the number of divergences over training
and prediction level. Generally, for polynomial models, training at high and predicting at low input levels leads
to stable predictions, while doing the opposite can lead to unstable predictions. Linear models never diverged
in this study.

Table 7 compares different differential equation solvers implemented by [21] for the "full" model. They
were used here with a constant step size 1/ fs due to computational reasons. Higher-order Runge-Kutta solvers
tend to give better results compared to Euler discretization, but the difference is not large at a signal bandwidth
of 10 Hz-10 kHz at a sampling rate of 96 kHz. At larger bandwidths or lower sampling rate, the Euler method
gave considerably worse results (not shown) and we advice to use higher-order solvers in such cases.



level at model prediction -18 dB -12 dB -6 dB 0 dB
level at model training
-18 dB 1 19 59 76
-12 dB 0 1 22 50
-6 dB 0 0 0 24
0 dB 0 0 0 1

Table 6. Total number of diverging model predictions over input voltage level during training and prediction:
models fitted at low input level can diverge when predicting at large input levels. In total, 311 of 2304 predic-
tions diverged, all of them from nonlinear models. The model "full with d = 7" diverged most often (30 times)
while "full with d = 1" diverged least often (3 times).

total training error total validation error
Solver for model "full"
Dopri5 5.7±2.1 8.4±4.4
Tsit5 5.8±2.4 8.6±4.6
Heun 5.6±2.5 8.6±4.7
Ralston 5.7±2.6 8.6±4.7
Midpoint 5.8±2.6 8.8±4.7
Bosh3 6.0±2.7 8.9±4.7
Euler 6.8±3.0 9.2±4.2

Table 7. Comparison of solvers implemented in [21] for initial value problem (7) with constant step size:
relative error in percent (mean ± standard deviation over loudspeakers, training and validation levels).

6 CONCLUSION
This work compared lumped-element models for loudspeakers on a small data set. For this data set, the re-
sults suggest that including simple models for the effect of current-dependent inductance, the reluctance force
or viscoelasticity of the suspension only lead to small improvements of predictive accuracy. The generalized
Cunningham force of [11] did not lead to a significant change in prediction error in comparison to the previous
model. The L2R2 model of a lossy inductance, on the other hand, improves errors similarly well as including
nonlinear stiffness, inductance, and force factor. A larger than quadratic order of the displacement dependence
did not improve results significantly. Also, existing nonlinear loudspeaker models do not generalize well over
changing input levels.

As a community, in order to make effective progress on the predictive performance of loudspeaker models,
we need quantitative benchmarks on a shared and public data set. To this end, we have published implemen-
tations of the models and fitting procedures of this work together with the data set as an invitation for fellow
researchers to collaborate on this enterprise.
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ABSTRACT
We will present experimental characterization of receiver vibrations, based on bidirectional exterior and in-
terior laser vibrometer measurements. The receiver is placed in mechanically well-defined boundary condi-
tions, and measurement points are precisely focused on the external surface of the receiver housing, as well
as internally on the moving armature tip and sound producing diaphragm. The results are validated against
fitted and simplified mechanical lumped element models. We discuss how well these different lumped ele-
ment models can predict the external and internal receiver vibrations, and outline which modifications are
useful to accurately capture the physical behavior of the devices.

Keywords: vibrations, balanced armature receiver, lumped element model

1 INTRODUCTION
The balanced armature receiver is the technology of choice for acoustic actuators in hearing aids and high-
end hearables. Sound is produced by an electrodynamically excited armature that is mechanically connected
to a diaphragm, cf. figure 1. However, structural vibrations of the receiver are inherently coupled to the
overall system, and therefore constitute a potential source of distortion and noise that is largely unexplored.
Understanding and predicting the mechanical motion of each element of the receiver is fundamental for
our research towards a complete physical description of the electrical, magnetic, mechanical, and acoustic
behavior and interaction of these miniature devices.

With the receiver constituting a vital component in hearing aids, there is a prominent demand within the
industry for predictive, light weight and precise models of these structural vibrations. Since the structural
vibrations are difficult to characterize analytically, most lumped element models rely on parameter fitting a
generic mechanical circuit to measurements of the specific receiver type. Previous academic work addressing
structural vibrations is limited and based on methods such as Newtonian mechanics in the Lagrange-Hamilton
formulation[3] and the theory of fuzzy structures[2].

This study presents a predictive, physics-based lumped element model to describe the vibration pattern of
a balanced armature receiver. The model is coupled with bidirectional exterior and interior laser vibrometer
measurements, as well as electrical impedance measurements, presented in section 3. The model parameters
are analytically calculated in section 2.3 except losses, which are estimated from the measurements.

2 MODELING AND METHODS
The receiver is an electromagnetic transducer, which implies that the coil position is fixed and does not
follow the moving mass of the system. A generalized receiver design/construction is schematically depicted
in figure 1. The electromagnetic circuit consists of the armature (2) balanced by the static magnetic field of
a set of permanent magnets (4). A magnet housing (5) short-circuits the flux path to reduce the flux in the
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Figure 1. Schematic representation of the balanced armature receiver. (1) Membrane (blue) on top of mem-
brane suspension (red), (2) armature - moving arm, (2’) armature - static arm, (3) drive pin, (4) permanent
magnets, (5) magnet housing, (6) coil, (7) chassis. This receiver is illustrated with a U-shaped armature.

armature and thereby reduces the nonlinear effects. The armature is free to move within the coil (6), which is
held suspended by mechanical attachment to the magnet housing and chassis. The coil provides an alternating
current around the armature, inducing a magnetic field as described by Faraday’s law. The resulting net flux
in the armature unbalances the magnetic potentials in the air gaps, which deflects the armature according to
the polarity of the AC signal. The motion of the armature is translated to the membrane (1) via a drive pin
(3) connection.

Figure 2. Mechanical sketch

.

2.1 Lumped element model
The dynamic behavior of the receiver is modeled by five rigid body
masses connected by springs and dampers, cf. figure 2. The losses of
the armature and membrane hinge are estimated from the velocity re-
sponse curves of the laser vibrometer measurements. We expect the pri-
mary losses to arise from the bending armature. An input force F acts on
the armature, generating reaction forces on the magnetic circuit, chassis
and membrane. The input force is generated from the drive voltage in the
electrical circuit and translated to a mechanical force via a transduction
factor, cf. figure 3.

In this study, we have lumped together the ideally "static" masses,
which include the chassis (7), coil (6), magnets (4) and housing (5) along
with the mechanically fixed parts of the armature (2’). In short we denote
this Mchassis, as it is ultimately the motion of the chassis, we are inter-
ested in. The dynamic parts include the moving arm of the armature (2),
the drive pin (3), the membrane and membrane suspension (1). To cap-
ture the movement of the membrane and armature, these are represented
as separate masses in our model. In addition, we have a separate mass for
the membrane area that is partially decoupled from the rest of the mem-
brane by two slits running on either side of the pin connection point. We expect this mass to work as a
mechanical cross-over filter and denote it Mhinge, due to the way it dynamically couples the armature and
membrane movement. The membrane is connected to the chassis by a Mylar foil suspension; i.e. a compli-
ant plastic sheet that covers the entire back-side of the membrane. The membrane is fixed along the short
axis at the end opposite the drive point and rotates around the short axis of the receiver. Since our sample



Figure 3. Mechanical circuit, impedance analogy. The transduction factor relating the domains is denoted T.

only exposes area adjacent to the the pin connection, cf. figure 4a, the velocity response of the membrane
must be compared against simulated membrane hinge velocity. The drive pin mass is very small and there-
fore contained in the mass of the membrane and armature. The velocity of the pin compliance and damping
yields the velocity difference between the armature and membrane. Finally, we have a separate mass denoted
Mboundary to account for boundary conditions of the receiver during measurements. A mechanical sketch of
the system and corresponding analog circuits are depicted in figure 2 and 3.

2.2 Measurement set-up
In this study we have used a Knowles sample TEC30087 with pre-manufactured holes (vents) to expose the
tip of the armature and the corresponding action point on the membrane, cf. figure 4a. For this sample, we
have measured the electrical impedance and the velocity response.

The velocity frequency response was measured for mechanically fixed boundary conditions to obtain the
internal vibrations of the armature and membrane. The fixed boundary conditions were created by taping the
receiver onto a heavy, plane mass with double sided tape (Advance, Leicester England). The measurements
were performed with a scanning laser vibrometer (PSV-400, Polytec). To focus the laser beam onto the tiny
armature beam, we used a close-up lens with 4x magnification. The laser vibrometer setup is schemati-
cally illustrated in figure 6. We measured the electrical impedance measurement with an impedance analyzer
(MF-IA, Zurich Instruments). The sample was taped to the table on the membrane side. The impedance
measurements were made in four terminal mode, where we measured both voltage and current for increased
measurement accuracy.



(a) Receiver sample seen from the membrane side
(left) and armature side (right).

(b) Disassembled receiver unit, illustrating the membrane
shape and internal structure. The membrane area between
the slits, we denote the membrane hinge.

Figure 4. Knowles TEC30087 single receiver. The dimensions are (l ×w× h) is (7.9× 4.1× 2.8)mm3 ex-
cluding the spout, which is 1.6 mm in length [5]. The membrane is not merely a flat plate, but bevelled at
the center, presumably to add stiffness to the structure to make it move as a stiff plate. Two parallel slits
run on either side of the pin point, creating a hinge for the membrane. A red metal ring is mounted along
the walls of the chassis and holds the Mylar foil suspended. The membrane is adhered to the suspension
and mechanically "hinged" by virtue of being placed flush with the metal ring at the short axis opposite the
drive point.

Figure 5. Images of the laser beam focused on the armature tip (left), the membrane (middle) and the chassis
center (right). The grid illustrated to the right helped focus the laser on the same spot for each measurement.
While the chassis was fixed, measuring its velocity showed us that the boundary compliance was indeed stiff,
since the chassis velocity was zero at low frequencies. Additionally it showed us that while the holes had
significantly vented the receiver, the chassis started to vibrate with a resonance peak around 6 kHz.

Figure 6. Schematic representation of the measurement setup.



2.3 Initial Parameter Estimates
Initial estimates of the receiver circuit parameters are primarily calculated analytically and listed in table 1.
The mass parameters are obtained in two ways: Firstly, by disassembling a receiver unit and weighing each
part by sequentially adding them to the scale (WVR), thus reducing measurement uncertainties. Secondly,
by calculating the mass parameters from component dimensions obtained from CT scan images and the
respective material densities. Each method has associated uncertainties and the results will consequently
vary. However, using two approaches provides an indicator for the order of magnitude and relative scaling
for the values when fitting model and measurements. The Mchassis parameter is estimated by weighing the
sample, which is lighter than the regular TEC30087 due to the holes in the chassis and subtract the mass of
the moving parts. Disregarding the pin, which we did not weigh, the total mass of membrane and armature
was estimated to be 19 to 20 µg by calculation and weighing, respectively. Since the membrane is not plane,
but elevated in the middle, we calculated the volume of a flat plate and added the cost of this simplification
found by Pythagoras. Nevertheless, the very thin membrane gives rise to a high measurement uncertainty,
which became evident by a factor two difference between the weighed and calculated membrane mass. For
the model parameter Mmem, we used the weighed value for the membrane. For the effective mass of the
moving arm of the armature Marm we must keep in mind that it is not a static entity, but is expected to
decrease at higher frequencies, at which mostly the tip moves. In this study, we assume the mass of the
armature to be static.

The compliance parameters are found by using the internal dimensions obtained from CT scan images.
The drive pin compliance is estimated using the simple relation of Young’s modulus and a straight rod. The
compliance of the armature is estimated analytically by modeling it as a bending cantilevers, calculating the
deflection δ at the drive pin point of action xpoa from a single point load, F. The deflection of the armature
at a distance x from the pivot for an input force F at position a is,

CM =
δ

F
=

a2

6E I
(3x−a) at a ≤ x ≤ L (1)

where E is Young’s modulus and I = bh3/12 is the area moment of inertia, where b is the base width
and h is the height of the cantilever cross section. Losses in the armature and hinge are estimated from
the measured velocity response curves. The remaining loss parameters are estimated in the fitting process.
While the mutual coupling between components make it impossible to completely separate the origin of the
individual losses, we expect the primary mechanical losses to occur as a consequence of the bending of the
armature and membrane hing and maybe the pull on the membrane suspension. From the resonance peaks
of the velocity response curves, we can estimate the damping of the armature and membrane hinge by using
the following expression: R = ζ 2

√
M/C = ζ cc where cc is the critical damping coefficient, ζ = (2Q)−1 is

the damping ratio and Q is the quality factor.
The values used in the model were adjusted to obtain the best model fit and the final parameter values

are listed in table 2. We estimated these values by manual fitting followed by computational fitting based on
a weighted cost function.

3 Results
In this section we discuss the matching of our analytically obtained frequency response to the measured
frequency response, both in the electric and the mechanical domain. By making a two-way comparison, we
are able to more accurately compare the model response and fit the analytically estimated circuit parameters
with the measured frequency response. Since we consider the impedance measurements to be more accurate
than the velocity measurements, we use a weighted cost function to fit parameters to the measurements.

In the electric domain, the applied voltage induces a current in the coil that surrounds the armature. As
predicted by Faraday’s law, this induces a net flux in the armature, unbalancing the magnetic potentials in the
two air gaps. This imbalance results in a net mechanical force on the armature and the induced mechanical
movement implies a moving magnetic field, which in return creates Eddy currents in the soft magnetic ma-
terials, whose associated magnetic field counteracts the magnetic field created by the coil current (back-emf).



Initial parameter estimates

Parameter Components Value Unit

Mchassis Chassis, coil, permanent magnets, mag-
net housing, armature (static arms)

2.99×10−4 kg

Marm Armature (moving arm) 1.40×10−5

Mmem Membrane 6.0×10−6

Mboundary Heavy adhesive plate 1.6

Carm Armature (moving arm) 2.47×10−4 m/N

Chinge Membrane hinge 5.22×10−5

Cpin Drive pin 2.34×10−5

Rarm Damping of bending armature 4.47×10−2 kg/s

Rhinge Damping of bending membrane hinge 0.35×10−2

Table 1. Initial parameter estimates, calculated analytically apart from the damping parameter.

The result is a reduced electrical current in the RL-circuit (figure 3), which means that a smaller mechanical
force is created in the mechanical circuit. The effect of this interaction is included by the coupling of the
blocked impedance of the respective domains linked by a transduction factor,

Zte =
Ze T 2

ZM +ZA
(2)

For our study, the acoustic impedance is disregarded, since we consider the sample to be acoustically short-
circuited by the holes, as seen in figure 4a. We account for the effect of Eddy currents by decreasing the
effective inductance in the blocked electrical impedance, Ze = Re +LnL

e , where nL usually ranges between 0.5
and 0.7. The electric resistance of the coil Re = 48 Ω is based on the measured DC resistance of the sample
and matches quite well with the data sheet value 46 Ω of TEC30087[5]. For the electric inductance, we
used the data sheet value of Le = 10 mH. This was found to give the best slope match between model and
measurements in the total electric impedance plotted in figure 7. The value of the electrical inductance is
highly influential on the slope of the total electric impedance plotted in figure. We found that for smaller
values of Le and nL the slope of Zte becomes too small. The measured electrical impedance curve begins at
the value of the measured DC resistance and increases slowly until the beginning of the first resonance peak
at 1350 Hz, whereupon the slope becomes approximately linear with another resonance and anti-resonance
pair at 5350 Hz and 6200 Hz respectively. The coupling of domains is accounted for by the use of controlled
voltage sources, cf. figure 3. The transduction factor T relating the electric driving voltage to the mechanical
input force, is empirically fitted to match the measurements. We set this parameter to T = 3.3 independent
of whether you go from the mechanical to the electrical domain or vice versa, i.e. T = Tme = Tem. In reality
the transduction coefficient T (x) depends on the armature deflection x, but for the sake of simplicity this
dependency will not be included in our analysis [1].

In the mechanical domain, the measured internal receiver vibrations are visualized by the velocity re-
sponses depicted in figure 8. It shows two resonance peaks of the armature ( fa1=1550 Hz, fa2=5700 Hz)
and membrane ( fm1=1500 Hz, fm2=6550 Hz) respectively. In the low frequency range until around 1 kHz,
we see a linear relationship between amplitude and frequency, where the armature and membrane move with
the same velocity. In this region the amplitude increases from around 1.3 µm/s to 0.3 mm/s. That is an
increase in frequency by a factor of 10, increases the amplitude by a factor 230. Finally, at fa1 and fm1 the
amplitude peaks with 0.6 mm/s and 0.37 mm/s, respectively.



Figure 7. Electrical impedance of the receiver with fixed boundary conditions and a driving voltage of 0.01
V. The green dashed curve is the measured data, the blue solid curve is the analytically calculated electrical
impedance with manually fitted parameters and the red dotted curve is the subsequently fitted to minimize
the mean square error between the analytical and experimental curve. The manually obtained fitting values
are listed in table 2.

Figure 8. Measurements of the armature and membrane hinge velocity for fixed boundary conditions. In
the low frequency range the armature and membrane move with the same velocity, but start to decouple at
around 500 Hz. Measurement points below 100 Hz have been omitted due to measurement uncertainties.

As the armature and membrane hinge start to decouple around 700 Hz, the electrical impedance starts to
increase and around the first resonance peaks of the armature and membrane hinge, the electrical impedance
approaches its first anti-resonance dip. The second resonance dip is around 5850 Hz, which coincides fairly
well with the second resonance peak of the armature and the resonance peak of the chassis at 5759 Hz.
We expect that this is when the armature decouples from the chassis. So when the electrical impedance



Figure 9. Velocity measurement of the fixed chassis shows a resonance where the chassis wall bulges due to
the internal sound pressure, despite the acoustic vents. The measurement position is seen on figure 4a.

is minimal, the velocity is maximal. That is the resonance peaks of the velocity response should match
approximately with the resonance (dips) of the electrical impedance measurements.

Around the second resonance peaks we see that the membrane hinge velocity exceeds that of the armature
and the membrane velocity. This might suggest that the armature exits the fundamental mode of vibration,
and enters higher order bending modes, such that the armature velocity becomes lower in the higher order
mode at the measurement point. According to the simulation results presented in figure 10 and 11, the
membrane exceeds the membrane hinge velocity, which we expect is due to constructive interference between
the smaller membrane hinge and the whole membrane.

Shortly before the second resonance peak of the armature at 5700 Hz, the membrane exhibits an anti-
resonance dip at 5200 Hz followed by a resonance peak at 6550 Hz. Hereafter, the two masses recouple.
In the velocity response of the center point of the fixed chassis, measured at the armature side, cf. figure
5 and 9, we see a resonance peak around 5750 Hz. This coincides quite well with the second resonance
peak of the armature, which could suggest that the vibrations of the armature might strike or even move the
resonance frequency of the chassis at the "cost" of a lower amplitude. Another consideration could be that
the chassis wall vibrates due to the internal sound pressure in the front chamber, despite the acoustic vents
created by the holes. These vibrations of chassis wall alternately decrease and increase the acoustic load
on the armature. If they move in phase, this allows it to move faster, thus enhancing the second resonance
peak. Since the model treats the chassis as a rigid body, this could explain why the amplitude of the second
resonance of the armature is underestimated by the model.

Another factor to keep in mind is uncertainty of the measurement position of the laser beam. That is if
the laser beam is focused a bit further in from the armature tip, we do not measure the velocity at the pin
connection point, but at a point with lower velocity. However, since the two masses follow each other quite
nicely in the linear region, we believe the measurements of both armature and membrane were focused quite
well at the pin connection point. It is also important to remember that the measurements with fixed boundary
conditions were performed with oriented such that one hole was taped to the boundary surface. This restores
the acoustic load of one chamber to some degree. It also decreases the ability of the case to bulge out,
further increasing the impedance of the armature or membrane, depending on the measurement orientation.
Additional measurements with the receiver taped on the side perpendicular to the membrane, could provide
further insight on this.



Figure 10. Velocity response curves of the armature and membrane hinge with fixed boundary conditions
and a driving voltage of 0.01 V. The dashed curves are the measurement curves and the solid curves are the
analytically calculated velocities with manually fitted parameters.

Figure 11. Velocity response curves of the armature and membrane hinge with fixed boundary conditions
and a driving voltage of 0.01 V. The dashed curves are the measurement curves and the solid curves are
the subsequently fitted parameters minimizing the nonlinear least square error between the analytical and
experimental curve.



Fitted parameter estimates

Parameter Components Value (Zte fit) Value (velocity fit) Unit

Re Electrical resistance 48 no change Ω

Le Electrical inductance 10×10−3 no change H

nL Eddy current factor 0.84 no change

T Transduction coefficient 3.3 no change -

Mchassis Chassis, coil, permanent magnets, magnet
housing, armature (static arms)

3.38×10−4 no change kg

Marm Armature (moving arm) 1.40×10−5 no change

Mmem Membrane 7×10−6 6×10−6

Mhinge Membrane hinge 7.8×10−7 5.9×10−8

Mboundary Heavy adhesive plate 1.6 no change

Carm Armature (moving arm) 6×10−4 no change m/N

Chinge Membrane hinge 1×10−5 5.8×10−5

Cpin Drive pin 2×10−4 1×10−4

Cboundary Adhesive surface (fixed) 5×10−8 no change

Rarm Damping of bending armature 4.37×10−2 8.43×10−2 kg/s

Rhinge Damping of bending membrane hinge 0.35×10−2 0.05

Rsus Damping of suspension 1×10−2 no change

Rpin Damping of drive pin 2×10−4 0.001

Rboundary Damping of boundary surface (fixed) 1×10−2 no change

Table 2



4 CONCLUSIONS
We have presented a lumped element model that captures the electromechanical behavior of the balanced ar-
mature receiver. Experimental exploration of both the electric and mechanical response under fixed boundary
conditions has given useful insight into the internal vibrations of the receiver. We have shown that the model
is able to capture the overall behavior of the obtained measurements, though different sets of parameter val-
ues were needed to obtain the best fit between model and measurements in the two domains. Since the
experiments were performed with the receiver mounted on its front and back side, consequently covering one
of the two holes, the acoustic boundary conditions were not consistent throughout our measurements. That
is the acoustic load of the front chamber was mostly preserved during the armature velocity measurements,
while the acoustic load of the back chamber was mostly preserved during the membrane velocity measure-
ments. In addition, the mechanical fixation would also increase the stiffness of the fixed chassis wall, further
increasing the acoustic load in the adjacent chamber. For this reason, our future work includes measurements
with the receiver preserved acoustic properties. This type of study will include exploring the bending modes
of the membrane by using a sample with the entire membrane area exposed. In addition, this measurement
setup required the receiver sample to be turned over in order to perform both measurements of armature
and membrane. Apart from the issue with inconsistent acoustic boundary conditions of the front and back
chamber, the act of physically repositioning the receiver might slightly change the boundary conditions, such
as the compliance of the adhesive surface. If the sample was placed on its side, the assumption of acoustic
short circuit is likely a more valid assumption. Another important aspect, which we did not discuss in this
paper is the aspect of magnetic saturation of the armature, which means that an increase in drive voltage
gives no additional deflection of the armature.
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ABSTRACT
In-room loudspeaker equalization requires a significant number of microphone positions in order to characterize
the sound field in the room. This can be a cumbersome task for the user. This paper proposes the use of artificial
intelligence to automatically estimate, without user interaction, the in-room response for equalization purposes.
To learn the relationship between loudspeaker near-field response and total sound power, or energy average over
the listening area, a neural network was trained using room measurement data. Loudspeaker near-field SPL at
discrete frequencies was the input data to the neural network. The approach has been tested in a subwoofer and a
full-range loudspeaker. Results showed that the in-room sound field can be estimated within 1–2 dB average
standard deviation.

Keywords: Room equalization, Neural networks, Room acoustics

1 INTRODUCTION
When a loudspeaker radiates sound in a room, its response gets severely altered. The frequency response at
the listening position can show peaks and valleys up to 20 dB, especially in the frequency range where the
wavelengths are comparable with the room dimensions. These variations can cause audible artifacts based on
their width, center frequency and gain [1]. This frequency response is due to the interaction of sound waves
with the boundaries of the room, building distinct zones with high sound pressure level (SPL), related to the
room resonances, and zones with low SPL related to zones where the sound is self-canceling. The effect in the
perceived sound is boominess related to excessive low-frequency energy that causes exaggerated sustain at some
frequencies in the room.

In order to equalize the loudspeaker in-room response for a restricted listening area (LA), it is required to
obtain the energy average (EA) over LA (EALA) in dB, or if one desires to equalize the entire room, the total
sound power (TSP) needs to be acquired. This is normally measured with a number of microphones spaced over
the target listening area in the room [2, 3]. This study explores the use of machine learning to solve and learn
the relationship between near field microphones attached to extra loudspeakers to the sound field in the LA, and
in a subwoofer, to learn the relationship between its near field response to the TSP in the room.

The paper proposes a computer-implemented method to automatically estimate the EALA without user
interaction for room equalization purposes. The main focus of the paper is proper sound field prediction by
machine learning. A subwoofer and a multichannel loudspeaker system application were tested. The error analysis
is presented. Issues such as proper evaluation of the models and data variety are discussed, followed by the
results and conclusions.
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2 METHODS
2.1 Impulse response acquisition
The proposed method includes, acquiring sound pressure data at one or more discrete frequencies, obtained from
a frequency response of a loudspeaker in the room, via at least one microphone. The sound pressure data is
input into an artificial intelligence (AI) model, which incorporates a relationship between the near-field (NF)
frequency response, and the EALA.

The loudspeaker system is connected with an equalization filter. At least one microphone is configured to
acquire the impulse response of the loudspeaker in a room. The swept-sine technique to obtain the impulse
response has been used in this study [4]. An AI model designed as a neural network (NN) is connected with the
NF microphone. The sound pressure data is input into the NN model. The NN model incorporates a relationship
between the NF frequency response and the EALA or the TSP produced by the loudspeaker in the room. A
basic block diagram for a speaker system is shown in Fig. 1, which includes, an NF microphone input to the NN
model, an EQ-filter design block linked to the NN output, and a equalization filter block connected before the
loudspeaker, that compensates the frequency response towards a desired target. This approach can be extended to
a system with multiple loudspeakers including multiple microphones. Each microphone is configured to acquire
an impulse response from each of the multiple loudspeakers in the room.

(7) Solution(s) 

Neural NetworkEQ

Input OutputMic

EQ-Filter 
Design

Loudspeaker

Figure 1. Basic block diagram to estimate the in-room sound field.

2.2 Energy average
To obtain the TSP radiated by the loudspeaker into the room, the mean-squared sound pressure level at a number
of microphones randomly distributed in the room can be computed as:

T SP( f ) =

√
1
n

n

∑
i=1

|pi( f )|2, (1)

where pi is the sound pressure in dBs at the n number of microphones randomly located in the room at discrete
frequencies f . Concerning the number of microphones needed to obtain a reliable measurement, in [3] Pedersen
has found that by using from 9 to 10 random microphone positions in the room, the RMS deviation from a
reference estimate of the energy in the 3D sound field of 20 random microphone positions gets down to 1 dB.
Alternatively a moving microphone (MM) technique can be utilized to obtain the TSP [5]. To compute the
EALA produced by the loudspeaker, the sound pressure level at discrete frequencies is measured according to
Eq. 1, but the n number of microphones are distributed over an area where the listeners normally are.

2.3 Neural Networks
Typically, the term artificial intelligence (AI) is used when a machine emulates cognitive functions that humans
associate with other human minds, such as learning and problem solving. In this study we explore the use
of machine learning to solve and learn the relationship between near-field pressure of a loudspeaker and the
produced sound field in the room. More specifically we used neural networks in MATLAB’s Deep Network
Designer application [6], to automatically estimate the energy average in the room without user interaction. The
sound pressure data was input into the model. Training was performed with dB SPL data measured in rooms
using the NF response at discrete frequencies, the TSP, and EALA.



2.3.1 Feed-forward Neural Network
The Feed-forward neural network (FFNN) is one of the first successful artificial neural networks and is known
for its simplicity. The information is only processed forward in the network. As the universal approximation
theorem describes, using one single hidden layer with enough hidden neurons can approximate any continuous
function [7]. The FFNN applied here consists of one input layer, one output layer, and one hidden layer (see
Fig. 2a). The input layer consists of neurons that receive inputs and pass them on to the other layers. The
number of neurons in the input layer is equal to the attributes or features in the data set. In between the input
and output layer, the hidden layer contains a number of neurons which apply transformations to the inputs before
passing them to the output layer. The output layer puts out the predicted features. As the network is trained, the
weights and biases are updated to learn the relationship between loudspeaker near-field response and total sound
power, or energy average over the listening area.

2.3.2 Generalized Regression Neural Network
A generalized regression neural network (GRNN) can be categorized into the probabilistic neural networks. As
described by Specht [8], a GRNN is a four-layer feed-forward neural network, consisting of an input layer, a
pattern layer, a summation layer, and hidden layers, (see Fig. 2b). A GRNN is often used for continuous function
approximation. More specifically, the architecture for the GRNN consists of an input layer, a radial basis function
(RBF) as an “activation” layer, and an output linear layer [9]. A GRNN can be used in different applications as
system identification, modeling, and control of online dynamic systems. The training of a GRNN consists of
a single-pass learning with no back propagation involved. At the same time, a GRNN requires high memory
capacity and can be computationally expensive; the number of the hidden neurons is usually equal to the number
of the training samples, since the hidden layer consists of at least one neuron for each pattern in the training set
[8]. In MATLAB, the function newgrnn was used to design and test a GRNN [6]. The parameter value “spread”
of the radial basis functions was optimized in the GRNN tests to give the minimum prediction error.

(a) (b)

Figure 2. a) Feed-forward neural network (FFNN). b) Generalized regression neural network (GRNN), adapted
from [8].

2.4 Application Cases
In this section, the audio application cases studied in this paper are presented. A closed-box subwoofer and a
full-range loudspeaker 7.1 setup were used in this study. In the first case study the TSP was the target output.
In the second case the weights to estimate the EALA was the target output.

2.4.1 Subwoofer
The first study case was a subwoofer prototype built to test a former method presented in [10]. The data obtained
in the preceding study was used to train the network. A measurement microphone was attached to the prototype
in front of the driver for the experiments. The subwoofer was measured in 11 typical US living rooms. In each



room, the subwoofer was placed at 4 to 6 positions completing a data-set of 60 typical subwoofer positions.
In each room at least one corner position was included. The near-field pressure was obtained via the attached
microphone and the actual TSP in the room was obtained using nine microphones randomly positioned in the
room as detailed in Eq. 1.

An FFNN, configured with one hidden layer and one output layer was used. In this experiment, 15 neurons
were employed in the hidden layer. The NF frequency response was the input to the FFNN, and the expected
output was the TSP in the room. The training process was performed in dB scale; the produced result was in
dB SPL. The overall data set was divided randomly into three subsets: training set (70%), test set (15%), and
validation set (15%). The mean squared error was computed to evaluate the training performance. Bayesian
regularization was employed in the training process to acquire better generalization. Figure 3, shows the prediction
error for the subwoofer case. An averaged standard deviation of 1.4 dB (20–200 Hz) was accomplished.

Figure 3. FFNN subwoofer in-room prediction error.

2.4.2 Full-range loudspeaker
A full-range loudspeaker was used to predict its sound field in the room. A 7.1 multichannel loudspeaker system
was set up in five rooms at Samsung Audio Lab.

2.5 Multichannel loudspeaker setup
Seven 11 × 11 × 11 cm sealed boxes with a 51 mm full-range driver each, and a 0.6 L volume, were set up with
individual multichannel amplification in five rooms at Samsung Audio Lab., including three standard listening
rooms. Each loudspeaker prototype included a MEMS microphone mounted with a fixture in proximity of the
driver as seen in Fig. 4. An ITU 7.1 loudspeaker layout was established as an initial setup for testing. Twenty
different loudspeaker setups variants, starting from the ITU 7.1 reference setup were measured for a total of 700
cases, (see Fig. 4). The different loudspeaker placement variations in the room were chosen somewhat randomly,
keeping in mind typical home loudspeaker placement challenges; the loudspeakers were always located around
the listening area and the loudspeaker height was set to ear level (112 cm). A transfer function measurement

LA

NF2
NF3

NF4

NF6

NF1

L
C R

RS

LS
NF5

NF7
RB

LB

Figure 4. Left, training setup. Middle, initial ITU 7.1 setup. Right, loudspeaker with NF microphone.



from each loudspeaker terminals to each near-field microphone was obtained. At the same time, the transfer
functions from each loudspeaker to 3 × 5 microphones laid over a 0.65 × 1.3 m listening area at ear height
(112 cm) were acquired, completing 15400 impulse responses. After computing an FFT (size of 19200 samples)
on each impulse response, the magnitude responses were 1/8-octave smoothed.

2.6 Loudspeaker sound field prediction
In a previous study by the authors the sound field produced by the loudspeaker was predicted using an FFNN
and a GRNN [11]. The input to the network was the EA of all NF microphones excluding the active loudspeaker,
and the output was the EALA. In this paper the prediction was performed slightly differently. The EALA was
estimated using free-field measurement data from the loudspeaker, frequency responses around the listening area
(NF microphones), and information about the placement of the speaker with respect to a corner. By optimizing
the weights w(1...n+4) in the weighted sum described in Eq. 2 of these frequency responses in dB, an estimation
of the sound field over the listening area produced by e.g. the left loudspeaker can be obtained as

SFL( f ) = w1CE( f )+
[

w2FR( f )+w3T SP+w4LW ( f )+w5NF1( f )+ ...w10NFn−1( f )
]
+w(n+4), (2)

where the NF curves correspond to the frequency responses measured in the room at the NF microphones on
each loudspeaker excluding the active one, n is the total number of loudspeakers, and w1...(n+4) are the weights
for each frequency curve in dB. It is worth mentioning that since the NF microphone’s sensitivity pattern was
influenced by the loudspeaker baffle and the waveguide surrounding the driver (right plot, Fig. 4), the NF curves
were smoothed from about 1.2 kHz to 10 kHz (left plot, Fig. 5), otherwise an artifact notch about of 8 dB
amplitude, around 4–5 kHz will be present in the NF frequency responses.

By computing the cross-correlation between the NF impulse response of the speaker in free-field and the
NF impulse response of the same loudspeaker but in the room, three perpendicular distances from potential
boundaries are found; then the CE “Corner Effect” which is the relative power output ratio in dB between loading
a loudspeaker in free-field and in a corner can be found, [see 12, Eq. (26)]. FR represents the “First Reflections”
and is the energy sum of first reflections from the floor, ceiling, sidewalls derived from the appropriate anechoic
off-axis responses. T SP is the total radiated sound power, calculated from a weighted sum of measurements
made on 360◦ equatorial and polar orbits around the loudspeaker. LW or “Listening Window” represents the
direct sound for listeners located within a reasonable distance from a conventional stereo setup, it is computed
with the mean of the on-axis and the four 15° off-axis measurements [13]. In left plot of Fig. 5, an example of
the loudspeaker frequency response curves used to predict the sound field in the listening area are presented. The
NF and EA curves have been offset by -40 dB and -20 dB respectively for visualization purpose. In the right
plot of Fig. 5 the optimized weights average to predict the sound field at the LA and the ”true” or measured
EA are presented, as well as the error. The optimal weights are found using fminsearch which is a nonlinear
solver that finds the minimum of an unconstrained multi-variable function using a derivative-free method in
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Figure 5. Left, free-field and in-room curves of the loudspeaker. Right, optimized weights average to predict the
sound field in listening area (blue curve), measured EALA (dotted red), error (orange).
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Figure 6. Left, optimized weights prediction error 700 cases. Right, GRNN weights prediction error test data.

MATLAB. In this fashion, the sound field over LA has been estimated by optimizing the weights w1:(n+4) on
the 700 cases. Left plot, in Fig. 6 shows the estimation error. The optimal weights w1:(n+4) have been saved as
the target output data. The set of six NF frequency responses (excluding the active loudspeaker) for each case,
including the free-field loudspeaker responses have been saved as the input data for the neural network.

A GRNN network has been used to predict the weights and estimate the sound field at the LA. The data was
split into 80% for training (560 cases), and 20% for validation test (140 cases). The input to the GRNN of each
case is a vector array containing each of the frequency responses (125 logarithmically spaced frequencies from
45 Hz to 10 kHz) one after another as p = [CE;FR;T SP;LW ;NF1;NF2;NF3; ...NFn−1], where n is the number of
loudspeakers, completing a total of 1250 values in dB. Right plot, in Fig. 6 shows the prediction error.

3 RESULTS
For the subwoofer application, a new network with the same structure was trained, but excluding room 8 and 10
in the training set, then the network model was reevaluated with these two rooms. The result of the prediction
error of this experiment is shown in left panel of Fig. 7. As it can be seen, the 95% confidence interval is about
±4–5 dB. In Fig. 8, eight TSP subwoofer predictions in rooms 8 and 10 are presented.

For the full-range loudspeakers, a new GRNN network was trained with all the data including the five rooms
(700 cases), then ten 7.1 loudspeaker setups variants were measured in another room (“Office Room”), which
was not included in the training. In the right panel of Fig. 7 the prediction error on this room is shown. It is
observed the average STD (100 Hz–10 kHz) achieved was 1.4 dB, but the confidence interval extends to ±4–5
dB below 200 Hz and above 200 Hz is about ±2 dB. In Fig. 9 some examples of the predicted sound field in the
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Figure 7. Left, FFNN subwoofer prediction error for rooms 8 and 10, network retrained without these rooms.
Right, GRNN full-range loudspeaker sound field prediction validation in “Office Room” (not included in training).
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Figure 8. FFNN subwoofer in-room prediction. Upper row, room 8, lower row, room 10.
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Figure 9. GRNN full range loudspeaker in-room sound field prediction in “Office Room”. Upper row, results
with STD lower than 2 dB, lower row, results with STD higher than 2 dB.

“Office Room” are presented, in the upper row four examples with a STD below 2 dB are shown, and in the
lower row result examples with STD above 2 dB are presented.

4 CONCLUSIONS
The sound field produced by a subwoofer and a full-range loudspeaker in rooms has been predicted using neural
networks. In the subwoofer application data, consisting of 60 cases does not seem to be enough to predict the
sound field in rooms that were not used in the training set. It appears that there is less of a relationship between
the near-field response and the sound field in the room. For the multichannel loudspeaker setup, the sound field
in the room was predicted using a GRNN. An average STD from 100Hz to 10kHz of 1.4 dB was obtained. Still
the most problematic region to estimate is below 200 Hz; above this frequency a CI of ±2 dB was reached. The
process of acquiring the right amount of data for a loudspeaker setup can be overwhelming due to the number
of loudspeaker positions and variety of rooms needed. So far with the amount of data obtained in this study,



reliable sound field prediction can be achieved from 200 Hz to 10 kHz. More tests need to be done in order to
verify if a network can be trained to generalize the prediction on several rooms with a limited amount of data.
So far the approach gave good results in a typical office room which was not present in the training.

Future research work will be to learn how the performance of the prediction may be influenced by the
number of NF microphones, and to focus on data augmentation using loudspeaker room simulation. This will
help to find out what is the minimum amount of data to generalize the problem and predict the sound field with
acceptable errors in several room sizes and shapes. It seems that a GRNN can give acceptable results in this
kind of audio applications, but the network has to be trained with enough variety of cases.
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ABSTRACT
Microelectromechanical microphone systems are acoustic sensors that can be mass-produced by taking ad-
vantage of advances in silicon fabrication technology. These devices come in different sizes and types and
are used extensively in a vast number of mobile devices, such as mobile phones and hearing aid devices.
Especially in devices that combine microphones with vibrating transducers, it is important that their response
to different types of vibrations is known. As newer microphones have lighter diaphragms they are relatively
insensitive to vibration. This fact poses the problem in measuring their response to vibration as the micro-
phone will be much more sensitive to the excited sound from the vibration rather than the vibration per se.
We tackle this issue by using a reference microphone to measure the relative response with the device under
test prior to the vibration measurement. We use this to later on subtract the voltage response related to sound
capturing from the induced vibration. In our differential measurement method we apply harmonic excitation
to an analog microelectromechanical microphone system and quantify the effect of vibration and sound trans-
mission comparing our measurements in open air and vacuum. Our setup does not require specially designed
fixtures and uses standard equipment, making it easier to implement and obtain results from.

Keywords: Sound, Vacuum, Vibration, Measurements, MEMS Microphones

1 INTRODUCTION
Microelectromechanical microphone systems are complex devices that, in their most simple configuration,
incorporate a sensory element, for the transduction of sound to an electrical signal, along with its packaging
and analog and possibly digital circuitry that afford signal conditioning, conversion, and read-out capability.
With the increased usage of smart devices that host both loudspeakers and microphones, vibrations originating
from the speaker can interfere with the ability of the microphone to capture sound accurately, affecting the
overall systems performance. In smart speakers, for instance, it can affect their ability to distinguish trigger
words when the receiver is playing sound (barge-in performance) [2]. In hearing aids, high amplification can
cause internal sound, and vibration feedback as vibrations from the receiver can cause the shell of the device
near the microphone inlets to vibrate, ultimately affecting the subsequent processing of the electrical signal
[4]. Therefore methods that can precisely measure how sensitive a microphone is to vibration are needed.

Previous work on vibration response of capacitive microphones has indicated that it is directly related to
the effective mass of the diaphragm per unit area [3, 5, 6]. As technology advances newer microphones with
lighter diaphragms are becoming less and less sensitive to vibration. This fact poses the problem that the
microphone will be very sensitive to the excited sound from the vibration even at very low amplitudes. In
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our method we tackle this issue by using a B&K Working Standard Type 4192 pressure field microphone
and measure the relative response of both microphones prior to the vibration measurement. We use this to
later on subtract the voltage response related to sound capturing from the induced vibration. We present
the voltage response per unit acceleration of a microphone obtained by Knowles, the MM20-33601, from
100 Hz up to 10 kHz, and compare the result in the same range from measuring the response of the same
microphone in vacuum. The deviation of the obtained response relates to the fact that in vacuum the effect
of the air masses, which have been shown to play an important role to how sensitive such a microphone is
to vibration, is negligible [1]. We believe that our setup is relatively easier to implement and use in relation
to other setups present in literature.

2 THE SETUP
In this section we present the two methods used to obtain the voltage response to vibration of the MEMS
microphone. The first method is done in an environment with normal ambient pressure in the range of 1
bar, whereas in the second method a vacuum chamber was used to reduce the ambient pressure down to 2-3
mbar.

2.1 Air
In figure 1 a sketch of the measurement setup in open air is given. The signals from the MEMS microphone
(MM20-33601, Knowles Electronics, LLC) (e), the working standard microphone (Type 4192, Hottinger Brüel
& Kjær A/S), and the vibrometer (PDV100, Polytec GmbH) (c) are connected to the inputs, the loudspeaker
(BM6, Dynaudio) (a) and the shaker (Mini-shaker Type 4810, Hottinger Brüel & Kjær A/S) (b) to the output
of the soundcard (USB-4431, National Instruments corp.). The externally (battery) powered MEMS micro-
phone is placed on top of the shaker facing up, with the lid glued on the surface of the shaker with the
adhesive (bee-wax). Reflection tape is placed on the microphone, bellow the sound-port opening to measure
the out of plane vibration by which the microphone is excited. The laser vibrometer is placed in such a way
so that the laser point is targeted at the area where the tape is placed and properly adjusted so that it does
not go through the inlet. The obtained signals include both the measured signal from the microphone and
the velocity measurement from the laser vibrometer.

Since this measurement is done in the open air the effect of acoustics cannot be assumed insignificant,
and the acoustic propagation has to be considered as part of the system. To account for the sound originating
from the vibrations the working standard microphone is placed very close to the MEMS microphone without
its grid to increase the signal to noise ratio of the obtained signals. It is also placed in such a way so that its
membrane is facing laterally to the direction of the excited vibrations so that it has more linear response in
the frequency range we are interested (see figure 2). A loudspeaker, placed so that it faces both microphones
laterally, is used at a previous stage to excite the system with sound signals at the same frequencies of the
intended vibration measurements to obtain their relative response to sound pressure.

The signals from the microphones and the laser-vibrometer are acquired and are further post-processed
to obtain the amplitude of their voltage response in each frequency. Assuming that the system is linear and
time invariant for the applied vibration, we now define the voltage response of the MEMS microphone due
to vibration (acceleration), Saccel., as the total voltage response of the MEMS microphone when vibration is
applied excluding the amount of voltage due to acoustic pressure as measured by the reference microphone
to include only the response that relates to vibration:

Saccel.( f ) = SMEMSM( f )
PMEMSM( f )−PWSM( f )

A( f )
(1)

where SMEMSM( f ) is the magnitude of sensitivity to sound pressure of the MEMS, PMEMSM( f ) is the
amplitude of the total pressure as measured by the MEMS that also includes the equivalent response to vi-
bration, PWSM( f ) the amplitude of pressure measured by the reference microphone, and A( f ) is the amplitude
of acceleration of the shaker as measured by the laser vibrometer. The amplitude of the measured quanti-
ties is obtained by performing FFT to the acquired time signals exluding any transient effects in the system.



Figure 1. Vibration Response Measurement Setup:
(a) loudspeaker, (b) shaker, (c) laser vibro-meter, (d) WS reference microphone, (e) MEMS microphone.
Arrows that are pointed towards a sketch of a device indicate that the device is effectively driven, i.e. by
a soundcard, as is the case for the loudspeaker and the shaker, whereas arrows that originate from a sketch
of a device and pointed outwards indicate that the device outputs a voltage signal, i.e. to be captured by a
soundcard.

Then the equation used to obtain the voltage response of the MEMS microphone per unit acceleration, Saccel.,
follows from equation 1:

Saccel.( f ) = HMEMSM( f )−HWSM( f ) ·Hacoustic( f ) (2)

where HMEMSM( f )=VMEMSM( f )/A( f ) is the amplitude of the total voltage response of the MEMS micro-
phone to vibration per unit acceleration, HWSM( f ) =VWSM( f )/A( f ) is the amplitude of the voltage response
of the reference microphone during vibration per unit acceleration, and Hacoustic( f ) = SMEMSM( f )/SWSM( f )
is the relative voltage amplitude response to sound of the MEMS to the voltage amplitude of the reference
microphone for each measured frequency.

2.2 Vacuum
In figure 3 a sketch of the setup for the vacuum measurements is given. It consists of a vacuum chamber
(custom made from Gugliotta & co) connected to a pump, a laser vibrometer sensor head (OFV 353, Polytec
GmbH) and controller (OFV 3001, Polytec GmbH), (c), a shaker (Mini-shaker Type 4810, Hottinger Brüel
& Kjær A/S) (a), and the MEMS microphone under test (MM20-33601, Knowles Electronics, LLC) (b). A
vacuum meter (VD85, Thyracont Vacuum Instruments GmbH) attached to the chamber allows measuring the
ambient pressure in the latter.

The input and output signals for the microphone and the shaker respectively are connected through special
connections in the vacuum chamber to the analog input and output of the soundcard, along with the laser
vibrometer, which is connected to one of the remaining analog inputs. The air is continuously pumped from
the chamber using the vacuum pump as to maintain low pressure conditions inside in the range of 1.9 to
2.9 mbar. The microphone inside the vacuum chamber is placed on top of the shaker facing up, with the lid
glued on the surface of the shaker with an adhesive. The same microphone as in the measurement in air is
used here. The laser vibrometer is placed in such a way so that the laser point is targeted at the point where
the tape is, through the plexiglass lid of the chamber. The plexiglass lid seals the chamber and allows for
measuring the excited vibrations. The obtained signals include both the measured signal from the microphone
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Figure 2. Sensitivity of the reference microphone without the protection grid at 0o and 90o relative to the
soundfield direction.

Figure 3. Vibration Response in Vacuum Measurement Setup Sketch:
(a) shaker, (b) MEMS microphone, (c) laser vibrometer. Arrows that are pointed towards a sketch of a device
indicate that the device is effectively driven, i.e. by a soundcard, as is the case for the shaker, whereas arrows
that originate from a sketch of a device and pointed outwards indicate that the device outputs a voltage signal,
i.e. to be captured by a soundcard.



and the velocity measurement from the laser vibrometer which are then used for post-processing.
In the vacuum environment inside the chamber we assume that sound propagation originating from the

vibrations is negligible and is not getting captured from the microphone and that we are effectively only
measuring the response to vibration. Thus, if a hypothetical reference microphone would be placed close to
the shaker and the MEMS microphone inside the chamber at low ambient pressure, a negligible amount of
sound would be captured and the voltage response per unit acceleration, HWSM( f ), in equation 2 would be
very close to zero:

HWSM( f )→ 0 (3)

Of course in such a condition the response of the reference microphone would also be affected by the low
ambient pressure but we can assume that even if that was not the case, the measured sound pressure would
be negligible. Essentially, the vacuum chamber allows us to control the effect of acoustics by minimizing the
sound pressure response compared to the equivalent pressure response to vibration, PWSM, in equation 1. This
allows us in turn to obtain the response to vibration as the measured voltage from the MEMS microphone
per unit acceleration as measured by the laser vibrometer, and equation 2 becomes:

Saccel.( f ) = HMEMSM( f ) (4)

3 RESULTS & DISCUSSION
In this section we present and discuss our measurement results in air and vacuum. Multiple measurements
were performed to verify that the results are repeatable for a given relative positioning of the shaker, the
loudspeaker, the laser vibrometer, and the microphones with a standard deviation in the order of microns.
The measurement process is being done in two steps as already discussed. In a first step the loudspeaker is
used to measure the response of the microphones when they are exposed to the same sound-pressure field.
In figure 4 we show the sensitivity of the MEMS microphone as calculated with the use of the reference
microphone normalized at the value at 1 kHz which we measured to be 18.19 mV / Pa or -34.80 dB re 1 V
/ Pa.
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Figure 4. MEMS and reference microphone sensitivity normalized to their nominal value at 1 kHz.

In this step the relative response of the MEMS and the reference microphone is evaluated at the same
frequencies of the intended vibration measurement. By obtaining the relative response for the frequency range
of interest we can verify that the sensitivity of the MEMS is within 1 dB of the nominal value as provided
by the manufacturers datasheet (-35 db re 1 V / Pa or 17.8 mV / Pa at 1 kHz). This measurement step



is performed every time the relative position of the microphones is changed. In the figure we can observe
that over 3 kHz the sensitivity of the microphone diminishes. This means that the MEMS microphone does
not capture a sound pressure as high as the reference microphone does when the system is excited at those
frequencies. After this step we are able to calculate the vibration response by subtracting the equivalent
voltage response due to sound when the MEMS is vibrated with the shaker as described in the previous
section.

In figure 5 the vibration as measured by the laser vibrometer is plotted in both setups, for normal ambient
pressure and in vacuum. At around 100 Hz the measurement indicates that there is a resonance at that point
and another small jump in the vibration response around 700Hz. None of these affect the final calculations as
higher vibration levels excite the rest of the system relatively in a similar manner, i.e. higher sound pressure
levels measured by the reference microphone etc., and we are interested in the relative response to vibration.
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Figure 5. Acceleration as measured by the laser vibrometer in air (blue curve) and vacuum (red curve).

In figure 6 the sound pressure level is plotted as measured during the second part of the measurement to
give a more complete view of the acoustical conditions.
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Figure 6. The sound pressure level as measured by the reference microphone during measurement.

In figure 7 the total voltage response of the MEMS along with the equivalent voltage response due to
sound and the calculated response solely due to vibration as well as the response in vacuum are plotted.



From the graphs we can identify that voltage response due to sound takes up approximately half of the
total response to vibration in the current setup for frequencies up to 5 kHz, with the vibration response
deteriorating over that frequency. The response of the same device in vacuum is nearly three times less than
that on the same range. This fact indicates that when the microphone is operating in normal ambient pressure
the air masses of the device significantly affect its response to vibration [1].
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Figure 7. Voltage response to vibration: the blue curve is the total response of the MEMS in air, HMEMS( f ),
the red curve is the equivalent voltage response due to acoustics in air, HMEMS( f ) ·Hacoustic( f ), the yellow is
the calculated vibration response, Saccel.( f ), and the purple is the response of the MEMS in vacuum per unit
acceleration, HMEMS( f ).

The vibration response estimates produced using this method are more accurate than vacuum chamber
data due to the acoustic mass and stiffness of air, which are present under standard operating conditions. As
a consequence of that the vibration response with the whole acoustic path to the device’s inlet would give
more realistic results in this range.

Nonetheless, the vibration response in vacuum can reveal other important nonlinear electromechanical
effects that can lead to a more complete understanding of the transduction mechanism and to more accurate
modeling of the capacitive microphone device. Finally, the fact that the microphones can be vibrated in
different directions when they are in use depending on their relative placement in the final product, motivates
methods to obtain their vibration response in different directions.

4 CONCLUSION
In this paper we describe the implementation of a method for obtaining the voltage response to vibration of
microelectromechanical microphone systems for normal ambient pressure conditions and in vacuum. Newer
microphones have lighter diaphragms and are relatively insensitive to vibration. This fact poses the problem
that the microphone will be much more sensitive to the excited sound from the vibration rather than the
vibration per se. With the present differential method we tackle this issue by using a reference microphone
to measure the relative response with the device under test prior to the vibration measurement. We use
this to later on subtract the pressure response related to sound capturing from the induced vibration. Our
results show that in the lower frequencies nearly half of the total microphone response per unit acceleration
is related to the capturing of sound originating from the shaker. A comparison with the response to vibration
of the same microphone in vacuum indicates that in the same frequency range the effect of the air inside
the microphone combined with the radiation impedance at the inlet is significant. Our setup is easier to
implement and obtain results from than other similar setups present in literature for the cause, as it does not
require specially designed fixtures and uses standard equipment.
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ABSTRACT 

High directivity is required for a microphone in some applications. One way of achieving high directivity 

would be to place a horn-shaped structure in front of the microphone as horn loudspeakers have high 

directivity. In this work we designed several different shapes of horns that are to be mounted on a rigid sphere, 

and conducted computer simulations as well as experiments. The results show that high directivity can be 

obtained with these structures in high frequency range compared to that of a microphone mounted on the 

surface of the sphere, and double flaring horn shapes mitigate directivity variation with the frequency. 

 

Keywords: horn-shaped structure, high directivity, microphone directivity 

1. INTRODUCTION 

High directivity of a microphone is required in some applications. For example, in the area of 

sound field recording, there were some studies that attempt to overcome spatial aliasing effect at high 

frequencies by increasing the directivity of microphones of a spherical array. Epain and Daniel noted 

the limitation of conventional recording and attempted to increase the directivity of microphones [1, 

2]. Large-membrane microphones and microphones at the ends of wave-guides (called as cavities in 

these studies) within a Styrofoam sphere were considered, and their directivities were measured. The 

results indicated increased directivity, and the directivity correlation was improved at high frequencies 

in comparison with the conventional method. However, no further study has been conducted on wave-

guide design and the encoding method. 

The present study aims at designing horn-shaped structures that can be mounted in front of a 

microphone to improve the directivity. In general, the directivity varies with the frequency, so we 

attempted to reduce the variation with frequency. We designed several different shapes of horns based 

on horn theory [3-7] as this theory can be a good baseline. The target property was that the response 

is frequency invariant and -6 dB beam-width of the main-lobe is 60, 90, and 120 degrees. We 

conducted computer simulations and experiments. 

Section 2 shows the design of the horn-shaped structures, Section 3 presents the setup of the 

simulations and the experiments, and Section 4 shows the results of computer simulations and 

experimental results. This work is concluded in Section 5.  

 

2. DESIGN OF THE HORN-SHAPED STRUCTURE 

We designed the structure based on the horn theory [3-7]. This theory was developed to design 

horn loudspeakers, but it can also be applied to microphones according to the acoustical reciprocity  

 

2.1 Conical horns 

Conical horns are known to be effective to make a desired directivity because the -6 dB beam-

width tends to follow the geometrical opening angle of the horns at high frequencies [5-7]. We 

designed three types that have 60, 90, and 120 degrees. Figure 1 shows the top view, the side view, 

and the cross-section Y-Y of the conical horn that has the opening angle of 90 degrees. The mouth has 
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the shape of a square whose side is 7 cm as shown in Fig. 1(left). These waveguides are mounted on 

the surface of a sphere of which the radius is 12 cm. The sphere is shown in Fig. 4(a).  

  

Figure 1. Conical horn with an opening angle of 90 degrees  

(left: top view, middle: side view, right: cross section Y-Y) 

 

2.2 Double-flaring horns 

Conical horns have been known to have the polar narrowing effect [5-7]. This effect was shown to 

be considerably reduced by an added flaring on mouth of conical-exponential horn [5]. Inspired by 

this result, we designed two double-flaring horns that have another wider flaring angle around the 

mouth as depicted in Fig. 2. One has the opening angles of 60 and 120 degrees (Fig.2(left and middle)), 

and the other has 90 and 150 degrees (Fig.2(right)). The former is referred to as the shallow horn, and 

the latter is the deep horn in what follows.  

  

Figure 2. Double-flaring horns with coverage angle of 60/120 degrees (left: top view, middle: cross section 

Y-Y, referred to as the deep horn) and 90/150 degrees (right, the shallow horn). 

 

3. Measurement setup  

3.1 Computer simulations 

The directivities of the designed structure were calculated with the finite element method (FEM) 

by using a simulation software, Comsol multiphysics. Based on the acoustical reciprocity, a sound 

source was placed on the microphone position, and sound pressure was measured at the loudspeaker 

position. Figure 3 depicts the simulation setup. the detailed simulation setup. The sound source is 

modeled by a circular plate exhibiting a time-harmonic vibration in the normal direction, and the 

source diameter is set to be the same as that of the microphone used in the experiments (1/4 inch). 

Perfectly matched layers (PMLs) are employed to completely enclose the computational air domain 

to simulate a free space without any unwanted reflection. The thickness of air domain is set to be 

about half a wavelength, which varies with the frequency. The frequency range was 1 to 20 kHz. The 
boundary condition called exterior field calculation is imposed on the exterior surfaces of the air 

domain to conduct the Kirchhoff-Helmholtz integral and calculate pressure at the distance of 2.5 m 



 

 

away from the sphere center beyond the computational domain.   

 

Figure 3. Simulation setup 

 

3.2 Experimental setup 

The directivities of the horns were measured in an anechoic chamber (4.5 x 4.5 x 7.0 m, cutoff 80 

Hz). Each horn was mounted at a position on the equator of a rigid sphere (0.12 m of radius), and a 

loudspeaker was placed as shown in Fig. 3 (left). The transfer function between the input signal into 

the loudspeaker and the microphone was measured using the deconvolution method with a sweep 

signal [8]. This measurement was conducted at every 15 degrees from 0 to 360 degrees using a turn 

table that rotates the sphere. The loudspeaker was designed to have only twitter unit and round edges 

(30 mm radius) as demonstrated in Fig. 3(b), to minimize the diffraction effect  

(a)   (b)  

(c)  



 

 

Figure 4. (a) Wave-guided microphone on the sphere, 

 (b) Loudspeaker with rounded edges (c) Experimental setup 

 

4. Results 

This section presents the results of the computer simulations and experiments.  

4.1 Conical horns 

Figure 5 shows sound pressure level at different angles at 1, 5, 10, and 15 kHz. The measured 

values with the experiments are shown as marks, and those with the FEM simulations are shown as 

lines. Sound pressure level was measured at every 15 degrees up to 120 degrees, and at 30 degrees 

above it. To validate the measurement, the surface pressure was also presented: ‘△’ indicates the 

measured values, and the dark solid line is the theoretical values. The measurement setup is 

symmetrical along 0 degree, and thus the measured values at negative and positive angles are averaged. 

Note that the magnitude and the phase are separately averaged to avoid the decrease of the magnitude. 

Either part was shown in Fig. 5.  

In general, the measured surface pressure agrees well with the simulated and the theoretical values, 

and as the frequency increases, the difference also increases. This can be due to the shadowing effect 

by the sphere: the influence of the measurement error increases as the signal -to-noise ratio (SNR) is 

low.  

At 1 kHz, all the wave-guided microphones have the similar directivities to that of the surface 

pressure. The wavelength is much longer than the horn sizes, so the effect of the horn shape is almost 

negligible. At 5, 10, and 15 kHz, horn structures increased the directivity comparing to that of the 

surface pressure. The widths of the main-lobes are significantly reduced at 5 and 10 kHz. At 15 kHz, 

the values fluctuate with the angle.  

Figure 6 shows the -6 dB beamwidth with frequency. Up to about 6 kHz, -6 dB beamwidths of the 

three horns almost agree. In this frequency range, the directivity is mainly determined by the size of 

the mouths of the horns, which is consistent with what is shown in [5]: 
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However, above 6 kHz, the -6 dB beamwidth fluctuates with the frequency, and does not converge to 

the opening angle of the horns. The reason is that the sidelobes have high levels: the sidelobes are 

occasionally merged with the main lobe, leading to abrupt increase of the -6 dB beamwidth. In addition, 

sidelobe levels are sometimes higher than the value at 0 degree.  



 

 

 

Figure 5. Directional response of conical horns at 1, 5, 10, and 15 kHz 

   

Figure 6. -6 dB beamwidth of conical horns 

 



 

 

4.2 Double-flaring horns 

Figures 7 and 8 demonstrate the results with the double-flaring horns. The normalized sound 

pressure level with angles is shown in Fig. 7, and -6 dB beam-width with frequency is presented in 

Fig. 8. Again, the simulated values are plotted as lines together  with the measured values. Note that 

the sidelobe levels are significantly reduced, and consequently the sound pressure decreases more 

gradually with the angle. The -6 dB beamwidth also gradually changes with the frequency. The shallow 

horn has wider beamwidth than the deep horn. These horns have better performance than the conical 

horns in terms of flatness of the directivity in the frequency domain.  

  

Figure 7. Directional response of the double-flaring horns at 1, 5, 10, and 15 kHz 

   

Figure 8. -6 dB beamwidth of double-flaring horns 

 



 

 

4.3 Discussions 

Figure 6 shows fluctuations of the beamwidth with the frequency. These fluctuations can be 

explained using Fig. 9. This figure shows the normalized sound pressure level (SPL) by the value at 

0 degree of the conical horn with 90 degrees. The blue marks are at 6.2 kHz, whereas the red marks 

are at 7 kHz. At 6.2 kHz, side lobes can be clearly seen at +/- 60-70 degrees around the main lobe. 

However, at 7 kHz these side lobes disappeared, and the width of the main lobe increased. This is 

counter-intuitive because as the frequency increases, in general the width of the main lobe decreases 

and the side-lobes approach the main-lobe. The reason is that the sidelobes are combined with the 

main lobe at 7 kHz. As a result, the width of the main lobe occasionally increased whilst it decreased 

otherwise. This makes the fluctuations with the frequency in Fig. 6. To decrease this effect, the side-

lobe levels have to be lowered, and the double-flaring shape played that role.  

 

Figure 9. The normalized SPL with the conical horn with opening angle of 90 degrees  

 

In this study we designed basic shapes according to the horn theory for loudspeakers. More 

advanced design methods can be applied, for example, topology and shape optimization, to obtain 

desired properties. Deep learning-based methods could also be applied.  

Using a spherical array of microphones with this structure, the maximum frequency of sound field 

recording could be extended by overcoming the spatial aliasing effect that array technologies 

inherently have.  

 

5. CONCLUSIONS 

This paper designed horn-shaped structures for a microphone to increase the directivity. Conical 

horns are designed according to the horn theory for loudspeakers, and double-flaring horns were 

designed to solve the fluctuations of the beam width with frequency. Computer simulations and 

experiments were conducted, and those results agreed well. Compared to the conical horn, the double -

flaring horns had relatively flat response at high frequencies.  
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Acoustic ergonomics: importance of hand-device acoustic 
interaction to the design of portable audio devices 

Juha BACKMAN1 
1 AAC Technologies Solutions Finland, Finland 

ABSTRACT 

The paper discusses improving the design and measurement of portable electroacoustic devices, with focus 
on mobile phone type of devices, using models of real user hands, both as physical measurement devices 
and as parts of the computational acoustics model. The research is based on a user study of the effects of 
users’ hands on the frequency response of the devices. The experimental data presented in this paper shows 
that the hand effect is strong and highly variable between the users, especially at the highest frequencies. 
These findings prompted us to develop a test hand and a related numerical simulation model based on a 
scan of a user’s hand, which can be for simulation purposes also be scaled using generally known 
anthropometric data. The physical hand emulator can be used also for measurements with a head and torso 
simulator (HATS) to increase the realism of the measurements needed during the telephone design process. 
The hand-device interaction has also a significant effect on the wind noise generation, which is discussed 
through computational models for both devices held in a free flow field and near a HATS simulation model. 
The research strongly encourages further development and possible standardization of realistic hand 
acoustics models for the development of portable devices. 
 
Keywords: Electroacoustics, Measurements 

1. INTRODUCTION 
The target for any designer of audio devices is achieving a pleasant user experience with natural 

timbre, good stereo image, and good speech intelligibility. The practical challenge of the design of 
any portable audio device, such as smartphones, tablets, handheld microphones, etc. is that the 
user’s hands form a significant part of the acoustical system, and taking this into account needs 
attention, The effects are well-known for performance microphones, as discussed by Schneider (1) 
and Brixen (2), but the effects on portable audio devices such as smartphones and tablets have 
received attention only recently (3) (4). This study examines the measured effects of user’s hands, 
the acoustical causes of the observed results, and modelling and measurement methods for both 
acoustical responses and wind noise. 

2. HANDSFREE MODE USER STUDIES 

2.1 Definitions and test methodology 

The first tests on the hand effects were done using a mockup device with a size of a typical 
smartphone (150·80·10 mm3) with a loudspeaker at each end and with an omnidirectional miniature 
microphone attached on a boom at a distance that corresponds to a typical distance from the device 
to the user’s ears (350 mm), Figure 1a. The 16 test subjects at AAC Technologies offices in Finland 
and Nanjing, China were instructed to grab the device in a manner that resembles the way they 
normally use a smartphone in portrait (Figure 1b) and landscape (Figure 1c) orientations. An exact 
replication of normal usage, however, was not possible because the device had to be be kept as far 
from the user’s body as possible, since the reflections from the torso needed to be gated out using as 
long a time window as possible. 

The following tests were made: 
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1) Frequency response change when the device is held in one hand (both left and right hands 

tested) in either landscape or portrait orientation. 

2) Channel balance when the device is held in landscape orientation with two hands. 

The measurements were made with Room Eq Wizard software. The tests were done by measuring 
the impulse response of the hand and test device system, compensating the measured response with 
the reference response, and gating out the reflections from the user’s torso and from the test 
environment. Since the distance between the device and user’s torso, which defines the length of the 
gating window, was shorter than the distance to any boundaries in a typical environment it was 
possible to do the tests in a normal office environment instead of an anechoic chamber. The short 
distance, and the resulting short analysis window, does, however, limit the accuracy of low-
frequency analysis. 

a) b) c)  

Figure 1 – a) structure of the telephone mockup used in the hands-free mode measurements, hand and 

device positions in portrait (b) and landscape (c) orientations. 

2.2 Hands-free mode results 

The results (Figure 2) show that the hand effects are quite large, and the variation between 
individuals is quite high, especially at higher frequencies, although some general trends, such as 
midrange and high-frequency boosts separated by a wide dip, can be identified. 

a) b)  

c) d)  

Figure 2 – Individual (grey) and average (black) responses for different hands and device orientations. 
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Figure 3 – An example of one test subject’s response measurements for both hands and orientations. 

When the user is watching media content or playing a game the device is quite often held with 
two hands. The position of the hands is slightly different from the single-hand grip, so the frequency 
response of a single loudspeaker changes, and as the high-frequency response is highly sensitive to 
hand position the channel balance is not maintained. Thus, any spatial processing that relies on a 
precise channel balance is likely to be less successful with hand-held devices. 

a) b)  

Figure 4 – a) responses when the phone is held in landscape orientation with one hand (blue dotted line) or 

two hands (red solid line), b) individual and average channel balance. 

2.3 Handsfree responses and the telecommunications standard requirements 

Since the presence of user’s hands causes strong variation on the frequency responses it is 
interesting to test whether an ideal response in free air would still conform to the 
telecommunications standards (e.g., 3GPP, reference (5)). The response change is the same for an 
omnidirectional loudspeaker and an omnidirectional microphone in similar positions, so the results 
above can be used also for evaluating the microphone (send) response. 

a) b)  

Figure 5 – Average responses as compared to 3GPP hands-free telephony requirements for a) send (i.e. 

microphone) and b) receive (i.e. loudspeaker) responses. 
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The results show that it would be possible to fit the average responses to narrow- and wideband 
requirements, but the actual average handheld would fail the wideband window, let alone actual 
individual responses (Figure 2), which would mostly fail all the response windows for any 
bandwidth. Also the tolerance range for send loudness rating is quite narrow, ±3 dB, so the hand 
effect is likely to take the actual loudness rating outside the allowed tolerance. 

3. TELEPHONE HANDHELD HANDSET MICROPHONE RESPONSE 

3.1 Handheld microphone response test method 

The effect of user’s hand on the telephone was measured using a telephone (dimensions 159·73 9 
mm3) placed on a Brüel&Kjær 4128-D Head and Torso Simulator with the B&K positioner, and a ½" 
measurement microphone placed on the telephone between the telephone and the HATS, using the 
spectrum analyzer function of the ARTA software. The hand effect was measured for three different 
users standing behind the HATS and placing their right hand on the phone gripping the phone in a 
manner resembling normal phone use. One measurement was made using a 3 D printed test hand, 
scanned from the hand of one of the test subjects. Also, one test was made with one hand holding 
the phone and one hand cupped in front of the HATS mouth, as occasionally seen done by users who 
want to increase the privacy of their conversation. 

3.2 Handheld microphone response test results 

Just as observed for the hands-free mode, the response variation caused by the user’s hand is 
quite large and has high variability both between the users and between individual tests (Figure 6). 
The response change is quite smooth and consistent between both the tests and the subjects up to 
about 3 kHz, but the differences increase above that frequency, so the handheld performance follows 
the same general trends as the hands-free performance. 

a)  b)  

Figure 6 – Effect of the user’s hand on the handheld microphone response, a) an example of different tests 

with a single subject, b) a comparison of the averages of three test subjects (4 tests each). 

A commonly observed behavior is that the user covers his or her mouth with the other hand while 
holding a phone, in order to either provide additional privacy or to shield the phone from wind or 
noise. This provides a quite strong boost (Figure 7), but also causes very irregular response above 3 
kHz (the test was done with only once). 

 
Figure 7 – Frequency response when the user holds phone with one hand and covers the mouth with the 

other hand. 
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During this test also a prototype test hand was available. The hand is based on a scan of one of 
the test subjects and manufactured as a 3D print from PLA plastic. The results from a measurement 
from the plastic test hand and the real hand of the test subject whose hand was scanned have very 
similar characteristics and the small observed differences are likely to be due to slightly different 
hand positions (Figure 8). 

 

Figure 8 – Comparison of response measurements made using a test hand and a real user’s hand. 

3.3 Handheld responses and the telecommunications standard requirements 

If a telephone is designed to yield an essentially flat send response in a HATS, then comparing 
the measured responses against the 3GPP tolerance windows (Figure 9) indicates that, just like was 
observed in the hands-free study, the average response would meet all but superwideband 
requirements, but individual responses would fail any window with just a few exceptions, and the 
send loudness rating is likely to increase outside the tolerance range. 

a) b)  

Figure 9 – Average (a) and individual (b) effect of a single hand on the send (i.e. microphone) response as 

compared to different 3GPP standard handheld send response windows. The average response would meet 

narrow- and wideband requirements, but fail the superwideband requirements, but individual responses, 

with a few exceptions, would fail all the requirements. 

 

4. HAND SIMULATION RESULTS 
The physical causes of the observed behaviour can be analyzed using a simulation model of the 

hand. A FEM model appears to capture the essential features of the frequency response, including 
the fairly smooth boost up to about 2 kHz, and the increasingly irregular high-frequency response. 
An observation of the sound field behavior at different frequencies suggests that the smooth mid-
frequency boost from a few hundred Hz is due to a wideband reflection from the hand, and the 
increasingly irregular high frequency response is explained by interference between the direct and 
reflected sound and the creation of a highly focused sound beam from the curved shape of the palm 
(Figure 11). 
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a) b)  

Figure 10 – a) phone and hand simulation model, b) an example of a simulated response. 

a) b)  

Figure 11 – a) sound pressure level distribution on the phone and the user’s hand at 10 kHz, b) sound 

pressure level distribution around the phone and the user’s hand at 20 kHz. 

5. WIND NOISE SIMULATION AND TESTING 

5.1 Wind noise simulation model 

The wind noise effects were simulated using COMSOL Multiphysics 5.4 CFD Module. The 
computation was done using the k- turbulence model. The geometry consisted of a HATS model 
(COMSOL tutorial model, Reference (6)), a scanned hand model, and a simple block with 
chamfered edges representing a phone in a channel with dimension shown in Figure 12. The inlet 
was a homogeneous flow velocity source, and the outlet was terminated with a boundary condition 
resembling locally reacting acoustical termination, corresponding to a normal flow with pressure 
boundary condition with p = u·ρc, where p is the pressure difference from ambient pressure, ρ the 
density of the air (1.2 kg/m3), c the speed of sound (343 m/s) and u the normal velocity. 

 

a)  b)  
 

Figure 12 – a) Head and torso simulator, phone, and test hand geometry, b) entire simulation geometry and 

boundary conditions 
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5.2 Wind noise simulation results 

The simulations were done at 10 m/s input speed, which corresponds to a fairly strong wind and 
is likely to be often encountered outdoors. This velocity is known from practical experience and 
wind tunnel measurements to cause audible wind noise in unshielded microphones and telephones. 
The challenge of simulations, as well as measurements in good quality wind tunnels, is that the 
incident flow field is perfectly laminar, and so the onset of the wind noise occurs at higher flow 
speeds than in actual outdoor conditions, where the incident flow field is fluctuating and can already 
contain turbulence, and so the wind noise levels predicted for the no hand or no HATS situations are 
lower than in reality. 

The simulations were done for four different situations (Figure 13), each with the same incident 
wind direction with respect to the phone. 

a)  b) c) d)  

Figure 13 – Test case configurations used in the flow simulation: a) device only, microphone position at the 

center of the lower edge indicates the point where the pressure fluctuations are computed, b) hand and 

phone, c) phone with HATS, and d) phone, test hand, and HATS 

 
The wind velocity distribution at the plane of the microphone position is shown in Figure 14. 

a) b) c) d)  

Figure 14 – Velocity magnitude spatial distribution in xy-plane in different test cases (see Figure 13). The 

colour range in each plot corresponds to a different velocity range. This scaling choice was necessary to 

make the velocity variation visible in also the no-HATS situations (a, b). 

 
The distribution of turbulent kinetic energy, which is a good indicator of the random flow noise, 

is shown in Figure 15. The interesting feature of this result is that the spatial distribution of 
turbulence is different from the velocity minimum distribution of Figure 14, and that the hand 
causes quite significant increase in turbulence and moves the maximum turbulence further away 
from the head. 



 

 

a) b) c) d)  

Figure 15 – Turbulent kinetic energy spatial distribution in xy-plane in different test cases (see Figure 13). 

Also in this figure the color range is different for each plot. 

The wind noise spectra were computed using a time-dependent model, using a stationary solution 
as an initial condition. The model was run for 2000 1 ms time segments, and only the last 512 
samples were used for computing the spectra to eliminate the effect of the initial transients. The 
significant difference of both noise levels and the characteristics of the noise indicate the 
importance of using a hand model in simulations, and it is expected that similar differences could be 
observed also in wind tunnel measurements. 

 
Figure 16 – Simulated wind noise for the different test cases. 

6. CONCLUSIONS 
The findings reported in this study indicate that the hand effects are a significant factor in the 

acoustical behaviour of a handheld device, affecting greatly the user experience, and they should be 
taken into account both in setting the design targets and in simulating and measuring the devices and 
in the development of future testing standards. 
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ABSTRACT
In this study, we aim to generate a Quiet Zone in the center of a target area while reproducing a masking sound in
the rest of the area using the Multi-point Control Method (MPCM). To improve the performance of the Quiet Zone,
we apply the Genetic Algorithm (GA) to optimize the placements of control points and loudspeakers. Furthermore,
the control points are also weighted by GA to adjust the suppression magnitude in the desired Quiet Zone. Results of
simulations show that the average sound pressure level (SPL) difference between the audible area and the Quiet Zone
of the proposed method improved by about 2 dB over that of the conventional rectangle arrangement. In particular,
the placement and the weight coefficients of control points, both determined by GA, improved performance by about
7 dB.

Keywords: Sound Field Control, Multi-Point Control Method, Genetic Algorithm

1 INTRODUCTION
The creation of personal sound zones without any physical isolation for multiple listeners in an open space
has attracted much interest in recent years[1, 2, 3, 4, 5]. Such sound zone systems can be expected to create
individual sound spots in vehicles [6], reduce noise from external environments[7], etc. A number of research
studies have been pursued to generate personal sound zones by various methods, including the Acoustic Contrast
Control[8, 9, 10], the Wave Field Synthesis[11, 12, 13] and the Pressure Matching method[14, 15, 16]. While
the main focus has been on improving the performance of the reproduction area, little attention has been paid
to the effectiveness of the suppression area.

The present paper focuses on generating a Quiet Zone that can provide an environment for conversations
while simultaneously reproducing a masking sound in the other areas (Figure 1). Such a Quiet Zone is expected
to protect speech privacy by applying the masking sound in the rest of the target area to cover the conversation
inside the Quiet Zone.

To achieve this, we use the Multi-point Control Method (MPCM) to generate the filter coefficients of the
loudspeakers and thus generate the desired Quiet Zone. In addition, to improve the performance of the Quiet
Zone, we propose to optimize the parameters of the control points and loudspeakers in the Genetic Algorithm
(GA).

2 METHODOLOGY
2.1 Multi-Point Control Method
The MPCM, also known as the Pressure Matching (PM) method, is a sound field control technology that gen-
erates the desired filter using a loudspeaker array to reach the sound pressure characteristics of control points
arranged in the target area. The MPCM is one of the most important technologies in sound field control. How-
ever, the performance of MPCM significantly depends on the placement of loudspeakers and control points.
The placement of loudspeakers and\or control points is usually arranged empirically[17, 18]. Recently, to im-
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Figure 1. Definition of Quiet Zone in a shared space

prove the performance of MPCM, several optimization methods have been proposed for loudspeakers or control
points[19, 20, 21].

In this paper, we optimized the placements of control points and loudspeakers using the GA to generate a
Quiet Zone. Moreover, to adjust the magnitude of suppression in the target area, we also weighted the control
points in GA.

The control points set where they are expected to be audible are defined as reproducing control points,
and the control points set where they are expected to be quiet are defined as suppressing control points. The
correlation between the characteristics of control points and the filter coefficients of the loudspeaker array is
given as

GW = D, (1)

where W is the M-element column vector of the filter coefficients of loudspeakers, G is the N×M matrix of the
transfer function, and D is the N-element column vector of the desired characteristic of control points. Equation
(1) also can be written as 

G11 G12 · · · G1M

G21 G22 · · · G2M
...

...
. . .

...

GN1 GN2 · · · GNM




W1

W2
...

WM

=


D1

D2
...

DN

 . (2)

G is given by

Gnm(ω) =
1

4πrnm
e− jω rnm

c , (3)

where m, n is the index of loudspeakers and control points, respectively. ω is the angular frequency, rnm is
the distance from the m-th loudspeaker to the n-th control point, j is the imaginary unit, and c is the speed
of sound. If the n-th control point is set as a reproducing control point, the value of Dn is 1. Otherwise,
it’s 0. Due to we assumed that there are fewer loudspeakers than control points in this study, the problem is
ill-conditioned, and the Least-squares method can be used to calculate the filter coefficients as

W = (GHG+δ (ω)I)−1GHD, (4)

where (·)H is a complex conjugate transpose, δ is the regularization parameter (δ > 0), and I is a unit matrix.
As seen in equation (4), to obtain the optimizing filter coefficients for a desired Quiet Zone, it is necessary

to have a suitable transfer function G, which is determined by the distance from each loudspeaker to each



control point. Furthermore, the suppressing control points can be weighted to adjust the suppression magnitude
at some specific points in the Quiet Zone to improve performance. The weighted MPCM is given by

W = (GHAG+δ (ω)I)−1GHAD, (5)

where A = diag(a), a = [a1, ...an], and an is the weight coefficient given to the n-th control point. Hence, to
generate a high-performing Quiet Zone in the desired area, determining the placement of loudspeakers, control
points, and the weight coefficients of control points becomes a fundamental problem.

2.2 Genetic Algorithm
GA is a metaheuristic inspired by Darwin’s natural selection theory, in which the optimization result of the
desired solution is selected after crossover and mutation during each generation[22]. GA results are influenced
by the definition of its evaluation function, which is also called fitness. In this study, the eventual goal is
to optimize the placement of control points and loudspeakers to generate a Quiet Zone. Therefore, fitness is
defined as the average sound pressure level (SPL) difference between the reproducing area and the desired Quiet
Zone (suppressing area).
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Figure 2. Evaluation points with a 0.25 m interval for fitness calculation in target area (•: evaluating points for
suppression, ◦: evaluating points for reproduction)

The distribution of evaluating points in the target area is shown in Figure 2. The evaluation function can be
written as

F =
1
|J|∑j∈J

10log10|Pj|−
1
|K| ∑k∈K

10log10|Pk|, (6)

where J, K is the set of evaluating points of reproduction and suppression, respectively. Pj and Pk represent the
sound pressure level at each evaluating point in the reproducing evaluation area and the suppressing evaluation
area. The purpose of GA algorithm is to maximize fitness in this study, which amounts to maximizing the mean
difference between the reproducing and suppressing evaluation areas.

The process of GA is detailed as follows.

1. Initialization: generating an initial population of t chromosomes randomly

2. Evaluation: computing the fitness of each chromosome

3. Selection: selecting t/2 pairs of chromosomes based on the fitness by roulette selection

4. GA Operation: applying crossover and mutation operations to generate new t chromosomes



Each chromosome represents a potential solution of GA. In this study, if GA only determines the parameters of
control points, the chromosome is comprised by

Ccp =


xcp1 xcp2 . . . xcpN

ycp1 ycp2 . . . ycpN

acp1 acp2 . . . acpN

 , (7)

if the GA determines the parameters of both the control point and loudspeaker, the chromosome is comprised
of

Ccpsp =


xcp1 . . . xcpN xsp1 . . . xspM

ycp1 . . . ycpN ysp1 . . . yspM

acp1 . . . acpN 1 . . . 1

 , (8)

where xcpN and ycpN are the coordinates, and acpN is the weight coefficient of the N-th control point. In
particular, if the control points are not weighted， acpN =1. Similarly, xspM and yspM are the coordinates of the
M-th loudspeaker. Since the loudspeakers are not given weight in this study, their weight coefficients are 1.

In step 1, t chromosomes are randomly initialized in the first generation of GA. Steps 2 ∼ 4 are repeated
until the termination criterion is reached. The termination criterion in this paper is the condition where the
chromosome with the maximum fitness has not been updated for a fixed number of successive generations.

3 SIMULATIONS
The evaluating experiments were performed by computer simulation to verify the effectiveness of the proposed
method. Here, we discussed the determination for loudspeakers and control points by GA. Furthermore, the
situation of GA gave both the position and the weight of each control point.

This simulation assumed the aim of generating a 1 m × 1 m Quiet Zone in the center of a 3 m × 3 m
area. The number of loudspeakers was M = 32, and the number of control points was N = 38 (consisting of 2
reproducing control points and 36 suppressing control points). The regularization parameter δ was determined
as 0.1, regardless of the angular frequency, according to the preliminary experiments. The performance of GA
could be influenced by the probabilities of GA’s operators, mutation, and crossover. In this study, the rates of
mutation and crossover operators were 0.4 and 0.6, respectively, determined through pre-research. The number
of chromosomes, t was 30. The termination criterion of GA was that the chromosome with the maximum
fitness has not been updated for 50 successive generations. White noise was used as the processing audio in
simulations.

3.1 Conventional placement
The linear loudspeaker arrays and rectangle control point arrangements were compared with the placement de-
termined by the proposed algorithm as a conventional placement. As shown in Figure 3(a), the loudspeakers
were uniformly located with a 5 cm interval at the two boundaries of the target area. The center of the down-
side loudspeaker array was the origin. The reproducing control points were located at (-1, 1.5) and (1, 1.5),
and the suppressing control points were located at the target Quiet Zone with a 2 cm interval.

3.2 Placements optimized by GA
For the positions of loudspeakers or suppressing control points optimized by GA, the minimum distances be-
tween them were 5 cm and 2 cm, respectively. First, the placement of suppressing control points optimized
by GA was discussed (CP by GA). In this situation, the loudspeaker arrays and two reproducing control points
were located at fixed positions, in the same manner as the conventional method. In addition, we attempted to
weight the suppressing control points with 1~10 coefficients to improve the performance in the Quiet Zone (CP
by GA, a =1~10). The positions of weighted control points and their weight coefficients were also determined
by GA. When only the loudspeaker’s positions were optimized by GA, the placement of control points was the



same as in the conventional arrangement, which is a rectangle distribution (SP by GA). At last, we discussed
that the loudspeakers and control points were simultaneously arranged by GA (SPCP by GA and SPCP by GA,
a =1~10).

4 RESULTS
Previous studies have confirmed that the placement of loudspeakers and control points can strongly influence
the performance of the desired sound zone. In this paper, the combination of MPCM and GA was proposed
to generate a Quiet Zone in the central area. Performance of the proposed methods were verified by numerical
simulations. Each pattern of GA was implemented in 10 runs.

Table 1. The mean fitness in each condition (a indicates weight coefficients of control points)

Name Control points Loudspeakers Fitness (dB) 95% Confidence Generations

Conventional Square Linear 11.225 - -

CP by GA GA Linear 13.207 0.09391 423.6

CP by GA, a = 1~10 GA Linear 18.045 0.15168 477.6

SP by GA Square GA 9.922 0.46124 341.5

SPCP by GA GA GA 10.751 0.49136 434

SPCP by GA, a = 1~10 GA GA 14.542 0.73921 364.5

Table 1 shows the fitness, the average sound pressure level (SPL) difference between the suppressing and
reproducing evaluation points (as shown in figure 2) in the conventional method, and the mean fitness across 10
runs in proposed optimization by GA methods. The 95% confidence interval is represented to show the stability
of GA results. As can be seen, the proposed control point arrangement determined by GA out-performed the
conventional rectangle placement when the loudspeaker arrays are linear, with an improvement by about 2 dB
SPL difference. Furthermore, after weighting the suppressing control points by GA, the SPL difference was
improved even higher by about 7 dB over the conventional placement.

As shown in the table, the placement of the weighted control points and loudspeaker both optimized by
GA out-performed the conventional placement. However, when determining the loudspeakers by GA with non-
weighted control points, the performance was slightly lower than that of the conventional method. Due to the
linear placement of loudspeakers is one special result of GA, it is evident that the GA process is still terminated
even when at least one better choice is available. In this situation, initializing the loudspeaker’s position for all
chromosomes in the same way as the conventional placement, instead of randomly, and increasing the ratio of
mutation can possibly solve this problem; this will be confirmed in future work.

The placement of the conventional method and the best-performed placement across 10 runs of the other
methods using GA are displayed in Figure 3. As can be seen in Figure 3(b), when the linear loudspeaker
arrays are set, the arrangement of suppressing control points determined by GA resembles a circle with a line
through its center. After weighting the suppressing control points, they have a tendency that is barely arranged
at the center of the Quiet Zone as shown in Figure 3(c) and 3(f).

To confirm that the improvements shown in Table 1 are also achieved in the entire target area, the distri-
bution of relative SPL in the target area with each measurement at a 0.025 m interval is given in Figure 4.
The relative SPL is obtained by referring to the SPL value at the left reproducing control point (-1, 1.5) as 0
dB. The color distribution on the heatmap represents the relative SPL value related to the reference point. The
darker the color it shows, the lower the relative SPL it has.
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(f) SPCP by GA, a = 1~10

Figure 3. Placements of control points and loudspeakers in each condition (a indicates weight coefficients of
control points, •: Reproducing control point, ◦: Suppressing control point, ×: Loudspeaker)

(a) Conventional (b) CP by GA (c) CP by GA, a = 1~10

(d) SP by GA (e) SPCP by GA (f) SPCP by GA, a = 1~10

Figure 4. Distribution of relative SPL in each condition (a indicates weight coefficients of control points)
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Figure 5. Relative SPL at the lines of x = 0 m, y = 1.5 m

In particular, the relative SPL, where x = 0 m and y = 1.5 m, of each condition is compared with the
others in Figure 5. As seen in Figure 4 and Figure 5, with the conventional placement, the desired suppression
area was unevenly generated, especially at the center of the desired Quiet Zone. On the other hand, with the
positions of the suppressing control points optimized by GA, the Quiet Zone was steady and well-suppressed.
Furthermore, when loudspeakers are optimized by GA, the desired Quiet Zone was better suppressed than the
conventional placement, even though its numerical performance was somewhat poor in Table 1. Moreover, with
the weighted suppressing control points optimized by GA, the desired Quiet Zone was markedly suppressed
without reducing the performance of the reproduction area. It is evident that the optimization of positions and
weight coefficients of control points by GA is valid for improving the effectiveness of the Quiet Zone.

5 CONCLUSIONS
In this paper, we investigated the problem of how the placement of loudspeakers and control points in MPCM
affects its effectiveness. We proposed an optimization strategy for the parameters of MPCM using GA to
improve the performance of generating a Quiet Zone in the center of the target area. Evaluation experiments
for the positions of loudspeakers, control points, and weight coefficients of the control points were performed
by computer simulation. The computer simulations demonstrated that the proposed optimization method by GA
improved performance in the Quiet Zone. In particular, the optimization of positions and weight coefficients
of the control points outperformed the conventional method. The simulations also showed the situation when
GA optimized only the loudspeaker’s positions and did not reach the expected performance. Further work such
as adjusting the initial population and the mutation ratio, might be helpful for resolving this. In addition,
the present regularization parameter value was determined in preliminary experiments only for the conventional
placement; therefore, it would be necessary to discuss it further in future work.
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ABSTRACT 

An important source of distortions in sound systems is the non-linearity of the loudspeaker processing. 

Reduction of distortion may be obtained by using filters that adapt to a specific state of the transducers. The 

paper presents a proposal for obtaining parameters of a loudspeaker’s movement without additional sensors, 

using measurement of voltage and current in loudspeaker circuits only. The method uses the variability of 

impedance to predict a model of distortions.  

The resonance frequency and the maximum value of impedance characteristics obtained by the swept-sine 

method depend on the excitation power. The system under design should be able to work in real-time and use 

music or speech signal as excitation. Non-stationary signals, for example, music, do not include all 

frequencies in the acoustic band. The algorithm has to acquire data only if the required frequencies are 

available. If not, it has to make a prediction based only on the power of the signal. The paper presents 

experimental results on the measurement of voltage and current feedback signals aimed at characterizing the 

diaphragm distortion. The variability of impedance characteristics is associated with the signal distortion 

level. 

 

Keywords: Loudspeakers, Processing, Distortions 

1. INTRODUCTION 

The greatest influence on the sound quality of sound systems, when working with high signal levels, 

are distortions, which occur when the signal is converted from electrical to acoustic form. An 

important cause of distortions is the nonlinearity of loudspeaker processing, which has its sources for 

example in finite dimensions of the magnetic gap, mechanical properties of the elastic elements of the 

vibrating system, phenomena in the magnetic system of the drive of diaphragm.  For low frequency, 

distortions are caused mainly by the nonlinearity of inductance of voice coil (𝐿𝑒). In paper (1) the 

authors show that the nonlinear parameter which crates the most important second harmonic is the 

nonlinearity of inductance. The second harmonic, generated as a consequence nonlinearity of 𝐿𝑒, is a 

predominant distortion among all nonlinear parameters.  

Another important phenomenon which is of great importance for second-order distortion is the 

reluctance force. The breakthrough was the paper of Cunningham in 1949 (2), who analyzed the 

nonlinear response of dynamic loudspeakers, considering two aspects. First, magnetic attraction force 

connected with an energy stored in the magnetic field. Second, a nonuniform magnetic field, although 

this problem seems to be solved by building motors entirely from permanent magnets (3, 4, 5). 

2. METHODOLOGY 

2.1 Mathematical model of linear movement  

The linear model of the loudspeaker is adequate for small displacement of the coil. The electrical 

impedance can be described by equation: 
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𝑍𝑒(𝜔) = 𝑅𝑒 + 𝑗ω𝐿𝑒 +
𝐵𝑙2

𝑅𝑚𝑠 + 𝑗ω𝑀𝑚𝑠 +
1

𝑗ω𝐶𝑚𝑠

    , (1) 

where: 

𝐵𝑙 – coefficient of electromechanical coupling [N·s· m-1], 

𝑅𝑚𝑠 – mechanical damping [N·s· m-1], 

𝐶𝑚𝑠 – mechanical compliance of the suspension [N-1· m], 

𝐿𝑒 – inductance of the blocked voice coil [H], 

𝑀𝑚𝑠 – equivalent mass of the moving voice coil, cone, and air [kg], 

𝑅𝑒 – electrical resistance of the voice coil [Ω], 

𝜔 – angular frequency [rad·s-1]. 

The eddy current resistance (𝑅𝜇) is deliberately not included, this approach enables compensation of 

impedance grow at higher frequency (6, 7, 8). 

Bright's work (9, 10) shows that the parameters of the linear model can be determined and only 

a moving mass is required.  

2.2 Reluctance force 

According to papers (2, 11, 12, 13) alternating current (AC) present in the coil will cause constant 

force and the sinusoidal force frequency will be twice the current frequency. For the linear model of 

the loudspeaker, where coil current 𝑖𝑐 = 𝐼𝑐𝑜𝑠(𝜔𝑡), the total force applied to the cone will be given by 

the formula: 

𝐹 = 𝐵𝑙𝐼𝑐𝑜𝑠(𝜔𝑡) +
1

4
𝐼2 𝑑𝐿

𝑑𝑥
(1 + cos(2𝜔𝑡))  , 

(2) 

As you can see, Equation (2) consists of steady force: 

𝐹𝑠 =
1

4
𝐼2 𝑑𝐿

𝑑𝑥
  , 

(3) 

which is proportional to the amplitude of the current.  

The movement of the loudspeaker coil is described by the equation:  

𝐵𝑙𝐼𝑐𝑜𝑠(𝜔𝑡) +
1

4
𝐼2 𝑑𝐿

𝑑𝑥
(1 + cos(2𝜔𝑡)) = 𝑀𝑚𝑠�̈� + 𝑅𝑚𝑠�̇� + 𝐾𝑥 , 

(4) 

where: 

 𝐾 =
1

𝐶𝑚𝑠
, 

 𝑥 – displacement. 

The constant force produces the constant displacement, which can be determined by a formula: 

𝑋𝑠 ≅
1

4
𝐼2 𝑑𝐿𝑒

𝑑𝑥
𝐶𝑚𝑠 . 

(5) 

This all leads to the conclusion that constant or slow change of displacement is present in the moving 

loudspeaker parts; this was confirmed in the paper (13). Furthermore, a part of the force acting at the 

coil described by (1/4)𝐼2(𝑑𝐿/𝑑𝑥)cos (2𝜔𝑡) generates second harmonic.   



 

 

2.3 Conception  

The goal of the author’s work is to find out the method for measuring dynamic loudspeaker 

nonlinearities and variability by using music signals without additional sensors.  The main question is: 

is the musical signal sufficient to determine the parameters of the model in such a way as to improve 

the processing parameters for the processed sound? 

As presented in Figure 1 ratio of the current and voltage as a function of frequency depends on the 

voltage of excitation. The impedance characteristic shows the change of the peak value and the 

resonance frequency, which is dependent on the power of the excitation signal.  

Comparison of the measured coil current with the current estimated by the linear model allows for 

the assessment of the distortion level. The decrease of the resonance frequency follows the growth of 

power. This is inconsistent with the decline of compliance of the loudspeaker suspension (Cms) as a 

result of reluctance force growth and steady displacement.   

 

Figure 1 - Impedance characteristics, excitation swept-sine, three voltage amplitudes: 35mV; 346mV; 3.462V 

3. EXPERIMENTAL SETUP 

The mathematical model and the accompanying calculations will be performed on a 

microcontroller with an architecture specifically adapted for digital signal processing (DSP). Such 

systems are characterized by the ability to perform fast Fourier transform operations on registers 

specialized for this purpose, which allows for a significant reduction in the computation time.  The 

laser displacement sensor measures  displacement of the loudspeaker cone, but measurement 

bandwidth is limited, so the microphone is used additionally. The measurement system is equipped 

with the sensor measuring current in the circuit. Information about voltage, current, and displacement 

is passed to the DSP. This ensures the control of both parameters and that the impedance 

characteristics are measured continuously. This approach facilitates the control of current using a 

voltage amplifier. Figure 2 shows the experimental setup. 

 

 

4. CONCLUSION 

The paper presents the problem of loudspeaker distortions as related the impedance. However, 

there are other sources of distortion that do not affect the impedance characteristics, such as reluctance 

force. The paper also proposes the conception of a measurement system that allows to analyze the 

displacement of moving loudspeaker parts and coil current. The author is planning to implement the 

presented system in the future. 
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Figure 2 - Diagram of experimental setup 

 



Characterization of a biomechanically compliant liquid-metal loudspeaker

Prachee PRIYADARSHINEE(1), Cindy Ming Ying LIN(1), Christopher Johann CLARKE(1), Balamurali BT(1), Ivan Fu Xing

TAN(1), Nicole CHIAN(2), Kento YAMAGISHI(2), Michinao HASHIMOTO(2), Jer-Ming CHEN(1)

(1)Audio Research Group, Singapore University of Technology and Design, Singapore, prachee@sutd.edu.sg
(2)DManD, Singapore University of Technology and Design, Singapore

ABSTRACT
In this experimental study, we characterize a novel 3D-printed biomechanically compliant loudspeaker design
featuring liquid-metal coils, developed for potential biomechanical applications. The electromagnetic inter-
action between the permanent magnet and the liquid-metal contained in microchannels behave as a dynamic
loudspeaker (although, arguably it is the magnet here that moves more than the coil). Microchannel design,
magnets and materials are chosen to facilitate mechanical deformation based on the electro-magneto-mechanical
response of the liquid-metal coils, magnets and the overall 3D-printed compliant substrate. Design parameters
in this study include the channel dimensions (quantity of liquid-metal available for deformation, conduction and
driving the coils to generate sound), the number of coils, the quantity, size, strength, and relative placement of
magnets, the input current, and the substrate on which the device is attached. These parameters are then charac-
terized for the output sound pressure level, frequency response, and overall efficiency. The fabricated device is
compact, lightweight, and efficient in a broad range of audio frequencies, somewhat stretchable and conforms
easily to a desired shape when affixed using adhesive. Hence, it can be deployed in various bio-mechanical
contexts.

Keywords: Acoustic Characterization, Loudspeaker, Liquid metal, Frequency response

1 INTRODUCTION
Recent developments in liquid-metal based lightweight and stretchable devices have shown promise in several
important next-generation emerging acoustic technologies such as stretchable and wearable electronics [1, 2, 3],
bone-conduction hearing aids, bio-signals sensors [4, 5], and flexible microphones and loudspeakers [1]. The
stretchable liquid-metal loudspeakers have been developed using the flexible 3D printing technique, the Direct
Inkjet Writing (DIW), by our colleagues and co-authors Yamagishi et al. [6] and Ching et al. [7]. Their
expertise in developing highly deformable and tissue-adhesive liquid-metal based wearable devices using DIW
gives rise to the current study. Unlike the conventional dynamic moving coil loudspeakers, these flexible 3D
printed liquid-metal coil loudspeakers of this study generate sound due to electro-magneto-mechanical interac-
tions that affect its acoustic output. The use of non-toxic liquid metal coils in the loudspeakers of this study,
instead of the metal-wire coils of the conventional dynamic moving coil loudspeakers, improves their flexibility,
stretchability, tissue-adhesiveness and bio-compatibility.

In this paper, we present an acoustic characterization methodology for a biomechanically compliant liquid-
metal loudspeaker. Such a device has never been investigated and characterized solely from an acoustic perspec-
tive. The major challenge of characterizing such a stretchable device is it’s structural flexibility, and considerably
deformable and compliant design. The device in the present study behaves effectively as an electro-magneto-
mechanical device akin to a loudspeaker due to the interactions between the current through the liquid metal
channels/coils and the magnetic field of the permanent magnet in the setup.

For meaningful characterization of a flexible speaker that is unconstrained, we chose to mount it on a rigid
substrate. To constrain the 3D print at the bottom, we printed directly on a glass slab, as shown in Figure
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(a) Samples of differing turns and channel widths. (i) 6-turns:
0.53 mm channel width, (ii) 6-turns: 0.86 mm channel width,
(iii) 6-turns: 1.37 mm channel width and (iv) 15-turns: 0.53mm
channel width.

(b) Schematic of cross-sectional view of the 3D printed loud-
speaker is shown. The micro-channels are filled with Galinstan,
a conductive liquid metal.

Figure 1. Schematic of 3D print designs and the loudspeaker characterization setup is shown.

1b. Although this is not the actual use case, mounting it on a rigid substrate allows us to make effective
comparisons across different 3D printed coil designs and different magnets, which is the focus of this study.

Such soft and compliant devices allow for transduction of mechanical signals through the skin, which facil-
itates the collection of physical mechano-acoustic signals [8] for medical treatments, communication, language
development systems, and in biocompatible hearing and speech systems [9]. These wearable acoustic devices
are not limited to assisting or enhancing sound perception, but also recording mechano-acoustic signals from the
body through the skin for various applications like heart murmur detection, ventricular assist device monitoring,
human-machine interfaces and more [8].

The sound produced by a loudspeaker is a combination of interactions between mechanical, electrical and
magnetic forces. In a conventional dynamic moving-coil loudspeaker, the permanent magnet is tightly secured
and the coil is attached to the cone. The permanent magnet has a magnetic field. When the alternating current
passes through the coils, it induces a magnetic field of its own and the interaction (repulsion and attraction) be-
tween these two magnetic fields causes the coils attached to the cone to move, which generates sound. However,
in the case of the liquid-metal speaker, the magnet is not tightly secured and the coils are flexible. The vibra-
tions that are emitted from the liquid-metal loudspeaker is both from the permanent magnet and and Galinstan
coils. Factors contributing to the intensity of the vibrations are mass and stiffness of the materials.

Fcoil =
∫

Icoildl ×Bmagnet (1)

In the liquid-metal loudspeakers, sound is generated by the repetitive vibration caused due to the electro-
magneto-mechanical interaction [10] between the current flowing in the electrically conductive liquid-metal chan-
nels, and the presence of a permanent magnet [11]. Equation 1 shows the vertical Lorentz force generated when
current Icoil flows through the infinitesimal length dl of the liquid metal coil, interacting with the permanent
magnet’s magnetic field. Based on the direction of input current from the amplifier into the coil, attractive or
a repulsive forces, perpendicular to both the direction of inlet current and the direction of magnetic field, are
generated repetitively.

2 METHODOLOGY
In this section, we demonstrate a method of acoustic characterization of a flexible and bio-mechanically compli-
ant speaker. We investigate the effect of five design parameters: (i) channel width, (ii) number of turns of the
coil, (iii) number of magnets, (iv) size of magnets, and (v) configuration of magnets on the frequency response
of the loudspeakers of this study.



(a) Schematic of experimental set up.
(b) Close-up photo of experimental setup performed in an acous-
tically quiet room.

Figure 2. The experimental setup is shown here.

In Figure 1b, the liquid metal coils/channels are coming out of the plane on the left side of the axis of
symmetry, whereas the liquid metal coils are going into the plane on the right right of the axis of symmetry.

2.1 Fabrication of microchannels
DIW 3D printing process was used by our colleagues [6] to print a spiral shaped microchannel in silicone
on a thick glass slab of dimensions 120 x 70 x 14 mm. As the loudspeaker is meant to be compact, the
total diameter of the loudspeaker is kept constant at 20 mm, as shownn in Figure 1a. Although this design was
meant to be used on a stretchable material and designed to be applied to the skin, measurement on a stretchable
film is less repeatable.

The use of direct ink writing (DIW) is a popular method of printing flexible electronics as it is inexpensive,
a simple process and ideal for use with conductive fillers which do not oxidize readily with heat [12]. Aside
from being able to print structures of higher complexities, good extrusion efficiency and accuracy, DIW is more
importantly suitable for printing onto conformal substrates making it an ideal choice for printing onto flexible
and wearable devices [13]. Galinstan, a eutectic metal alloy comprising of 68.5% gallium, 21.5% indium, and
10.0% tin, is a liquid at room temperature which is recognized for its non-toxicity, low vapour pressure, high
electrical conductivity and is ideal for DIW printing [14]. In order to develop flexible and wearable acoustic
devices, utilization of materials with superior electrical, mechanical and thermal properties [15] is essential.

Our 3D print behaves effectively as an electro-magneto-mechanical device akin to a loudspeaker, except our
3D print s constrained at the bottom. The current in the liquid metal coil supplies the magnet an electric field
to interact with. For a meaningful characterization of this flexible loudspeaker that is unconstrained, we chose
to mount it on a rigid substrate. To do so, we 3D printed directly on a glass slab. Although this is not the use
case, mounting it to a rigid substrate allows us to make effective comparisons across the different 3D printed
designs and different magnet configurations, which is the focus of this study.

After the 3D printed structure was cured, the micro-channels were injected with the liquid metal gallinstan.
The top of the micro-channels were then sealed off with a layer of ecoflex, as shown in Figure 1b. A silver
wire of diameter 30 gauge, 0.25 mm was used to connect the circuit.

2.2 Experimental Setup
Our aim was to (1) characterise the effect of changing the design of printed samples and (2) study the effect
of the magnets. To do this, we tested using 4 speaker designs for the part (1) seen in Figure 1a and for (2)
we have 3 different magnet sizes - Small (φ 6 x 3 mm), medium (φ 12 x 3 mm) and large (φ 20 x 3 mm)
of grade N50. The pull strength of the magnets are 1.40, 1.95, 4.67 kg and are magnetised through the height
of the magnet. Surface Gauss which is the gauss reading at the surface of a magnet is 5197, 3287, 2112 G



respectively.
The first experiment compared three specimens of differing Galinstan channel widths (0.53, 0.86 and 1.17

mm, Figure 1a (i), (ii) and (iii)) and the second compared two specimens of differing density of channels,
naming the specimens using the number of coils (6-turns and 15-turns, shown in Figure 1a (i) and (iv). There
were 2-3 samples of each specimen.

In the second part of the study, three experiments were conducted with the magnets - comparing the number
of magnets, size of magnet, and location of magnet. For the size of magnet study, we compared all three sizes
(Figure 5a). We used one, two and four medium magnets (Figure 4a) for the number of magnet study. The three
types of measurements were taken for location of magnet – center, eccentric and circumference (Figure 6a) and
measurements were made in four different quadrants to eliminate possibilities of favouring one direction. For
all the experiments except the size of magnets study, we used the medium-size magnet. For all the experiments
except the number of magnets study, we used only one magnet.

The experiments were conducted in an acoustically quiet room. The sample was placed on a layer of
isolation to isolate the sample from the table. The microphone was set up on a mic stand and the diaphragm
was positioned on axis to the speaker and situated 20 mm from the sample. The magnet(s) were secured to the
top of the channels using silicone glue of industrial strength. MiniDSP Umik-1 is an electret microphone, which
was chosen because it shouldn’t couple with the magnetic field. A distance of 20 mm was chosen between the
microphone and the magnet, as this distance is one diameter away (the 3D print φ= 20 mm). We do not use a
broadband signal owing to its poor Signal to Noise Ratio (SNR). The measurement was conducted using Room
EQ wizard (REW) software using which a sinusoidal sweep signal was generated due to its higher SNR. We
ensured that the output signal had no clipping and used REW to ensure no clipping occurred. We focused on
the fundamental frequency while ignoring the distortion harmonics. The samples were powered using a Lepy
LP-2020A Class-D Amplifier. We made sure there was no audible clipping or distortion from the samples, and
maintained the same output levels throughout the experiment. The output was then recorded into REW using
the Umik-1 with calibration. The setup can be seen in Figure 2

In contrast with earlier reported work [1], this study focuses on the acoustic characterization of speakers and
the challenges associated with characterizing a flexible device.

3 RESULTS AND DISCUSSION
The characterization of the liquid metal loudspeaker, in terms of the frequency response, measured from 500
Hz to 10 kHz, is presented in this section. The frequency response in dB vs frequency was recorded for each
measurement. At least three measurements were taken for each sample, and the spectra presented this section
are their logarithmic average.

3.1 Channel widths
In Figure 1a (i)-(iii), we show the channel widths of 0.53 mm (thinnest coil), 0.86 mm, and 1.37 mm (thickest
coil) for the 6-turns design. The pitch of the three designs is constant. This is to investigate the effect of
increasing the amount of liquid metal (or channel width akin to coil diameter) on the loudspeaker’s frequency
response. The thickest coil of 1.37 mm is shown in yellow, the 0.86 mm coil is shown in red whereas the
thinnest coil of 0.53mm is shown in blue.

Upon inspection of Figure 3a, the three channel widths have different frequency spectra. However, the blue
and red curves share a similar contour below 6 kHz. In fact, they are so similar that they both share a peak
at 1.5 kHz of at least 66 dB. The corresponding peak in the yellow (the thickest coil of 1.37 mm) is now
somewhat lower at 1.1 kHz with a SPL of about 62 dB. In fact, for the yellow curve, below 1 kHz it is a
good 10 dB louder than the blue and red lines. However, above 1.2 kHz the yellow curve turns out to be the
poorest performing possibly because it has the most mass amongst the three, while keeping all other parameters
the same. At higher frequencies (>7 kHz), the three curves diverge significantly with the blue curve enjoying a
30 dB advantage over the yellow curve at 10 kHz. There is a second peak accompanied by a sharp dip only
in the red. Above 5 kHz, three curves are wildly diverging. In conclusion, it may be safe to surmise that for
frequencies below 5 kHz, there is somewhat good agreement regardless of the channel width. If low frequencies



(a) A comparison of channel widths of the loudspeaker is shown.
Blue, red and yellow curves represent the channel widths of 0.53
mm (thinnest), 0.86 mm, and 1.37 mm (thickest), respectively.

(b) A comparison between 6-turns (blue line) against 15-turns
(red line) is shown here and further elaborated in §3.2. In both
designs, the channel widths are 0.53 mm.

Figure 3. A comparison of the parameters of the liquid-metal loudspeaker design is shown. (a) A comparison
of the channel widths of the Galinstan coils is shown. (b) A plot comparing the number of turns in the
loudspeaker.

are crucial for the reader, the thickest channel width of 1.37 mm is a good choice. However, if high frequencies
are important, then thinner channel width is preferred.

3.2 Number of turns
In Figure 3b, we compare the effect of increasing the number of turns (in other words, increasing the number of
liquid metal coils) while keeping the channel width constant. Two loudspeaker designs of 6 and 15 number of
turns each are characterized by keeping channel widths in both designs constant at 0.53 mm. The total external
diameter of both 3D prints at 20 mm. Figure 1a(i) shows the 6-turns design whereas Figure 1a(iv) shows the
15-turns design.

The blue and red curves in Figure 3 represent the 6-turns and 15-turns designs, respectively. Generally, both
curves have good agreement, however, the 15-turns spectra is more uniform/homogeneous across frequencies
than 6-turns (which shows considerable bias towards higher frequencies). However, the differences in SPL are
not significant between the two curves, and they are never more than 10 dB apart. In fact, there is no difference
observed between both designs between ∼850 Hz to ∼1.4 kHz. It is worth pointing out that the 6-turns design
has less mass and more stiffness, while the 15-turns design has comparatively more mass and is less stiff. As
the width of the Galinstan channels were fixed for both 6-turns and 15-turns at 0.53 mm, the coil length is
longer in the 15-turns coil in comparison with the 6-turns coil. Consequently, 15-turns has more mass due to
more liquid-metal contained in larger number of channels. that the 6-turns design has more stiffness because
of more silicon in the 3D print and consequently lower mass due to less liquid-metal. Overall, the 15-turns
specimen has a more even frequency response compared to the 6-turns specimen.

3.3 Number of magnets
In Figure 4, we compare the performance of the speaker by progressively increasing the number of medium
sized magnets from one, to two and four. The two and four magnets are stacked on top of each other, to
experimentally investigate the effect of magnetic flux lines. All other parameters are unchanged, and the number
of channels are fixed at 15-turns in all three cases of Figure 4a.

The three curves in Figure 4b have similar overall structure, featuring a pronounced peak and trough before
rising again. Above 1.8 kHz, the trends of all three spectra are in good agreement. However, the peak frequency
and the peak sound levels vary significantly with number of magnets: with increasing number of magnets the
peak frequency falls but the loudness increases. This is reminiscent of a mass-spring resonance, where the peak
frequency decreases with increasing mass. We notice that the frequency response peak at ∼51 dB loudness in



(a) A side view schematic of number of magnets is
shown. Figure is not drawn to scale. (b) Effect of number of magnets on SPL

Figure 4. Characterisation of speaker with respect to the number of magnets is shown here.

the 1-magnet (shown in blue curve) case is at ∼1.4 kHz. For 2-magnets (red curve), the peak of ∼57dB is at
1 kHz and for 4-magnets (yellow curve), the frequency peak is at ∼700 Hz at ∼70 dB loudness. The trough
frequencies of blue and red curves are remarkably similar at ∼1.8 kHz, followed closely by the yellow curve at
∼1.9 kHz. Further, the 4-magnet scenario is the loudest because the four magnets offer the greatest magnetic
force interactions. Hence, it is the loudest at lower frequencies. Although it has the greatest force, 4-magnets
case also has the greatest mass, which might account for similar frequency response above 1.8 kHz.

We observe that an increased number of magnets improve the performance/SPL. This is especially noticeable
at lower frequencies when the the line for 4-magnets is up to ∼20 dB higher than the next best line from 2-
magnets. It should be noted that the difference between 1-magnet and 4-magnets is even higher, reaching up
to 35 dB at ∼700 Hz. Overall, the increase in the number of magnets is crucial for better low- to low-mid
frequencies, in the range of 500 Hz to 1 kHz.

3.4 Size of magnets
In Figure 5, we compare and characterize the loudspeaker with respect to the diameter of neodymium cylinder
magnets. The diameters of small, medium and large magnets are: 6, 12, and 20 mm, respectively, as shown in
Figure 5a. As the thickness/height of all three cylinder magnets are 3 mm, the strength of the magnets increases
in proportion to their diameters.

Interestingly, all three curves in Figure 5b share a similar contour including the same peak and trough at
∼1.4 kHz and ∼1.8 kHz, respectively. However, the large magnet represented by the blue curve shows the
best overall frequency response. Conversely, the small magnet has the worst response. This may be because
the largest magnet offers the best force interaction despite the increased mass of the magnet. From ∼1.3 kHz
onward, the medium magnet shown in red generates a higher SPL than the small magnet, of up to ∼10 dB.
In contrast, the difference in the measured frequency response vs SPL above ∼1.6 kHz for blue and red lines
is only ∼5 dB. We notice a dip in the 2 kHz range for the small magnet shown by the yellow line and
it is reasonably flat at ∼30 dB, and acknowledge that the sound level captured by the microphone for this
measurement does not have enough SNR to truthfully report the performance of the specimen.

3.5 Configuration of magnets
Figure 6a (i) and (ii) show the schematic of a medium sized magnet placed at the centre axis and between the
centre axis and the circumference. In Figure 6a (iii), the medium magnet is aligned such that its circumference
is at the periphery of the 3D print. This experiment was designed to investigate the effect of asymmetric



(a) A top view schematic of Small (φ = 6 mm),
Medium (φ = 12 mm) and Large (φ=20 mm) size
of magnets (shown in peach colour for contrast), as
discussed in Section §3.4. The thickness of all mag-
nets are constant. (b) Effect of size of magnets on SPL

Figure 5. Effect of magnet size and strength on the frequency response of the speaker.

placement of the magnet with respect to the liquid metal channels, such that the magnet’s flux lines may not
interact in a symmetric manner with the current flowing in the channels.

In Figure 6b, centre (shown in blue) and eccentric (shown in red) have practically similar response (similar
peak frequency and loudness), whereas the circumference (shown in yellow) position of the magnet has the
poorest response. This reflects the efficiency of electric field (due to current in liquid-metal coils) and magnetic
field (due to permanent magnet) interaction in the three configurations. In Figure 6b, the frequency response of
the magnet position with respect to the circumference and centre of micro-channels/coils is presented. There is a
noticeable degradation of SPL when the magnet is placed at the circumference. The yellow line (circumference)
is up to 15 dB lower than the other two graphs at 1.2 kHz.

4 CONCLUSION

Table 1. Factors deduced from experimental results for possible speaker optimizations.

Frequency Response / SPL Optimization Factor/Design Parameter

Increase SPL @ < 1 kHz Increase number of magnets

Increase channel width

Increase number of turns

Increase SPL @ > 5 kHz Decrease channel width

Increase number of magnets

Increase magnet size

The characterization of a novel 3D-printed biomechanically compliant loudspeaker design has been exper-
imentally conducted in this paper. A comparison of results across five parameters, namely, channel width,
number of turns, numer of magnets, size of magnets and position of magnets, was successfully made. For
channel width, across a comparison limited to 6-turns, a higher channel width performed better (up to 10 dB)
for low frequencies. This was observed up to ∼1.1 kHz. Above this frequency range, it was observed that



(a) A side view schematic of the position of a
medium magnet, positioned progressively away
from the axis. (b) Effect of placing magnets at the center of the coils vs away from the center

Figure 6. Effect of location of magnet on the coil

the 0.86 mm channel width performed better from ∼2 kHz to 3kHz. However this was proceeded by a steep
decline at frequencies above ∼3 kHz. The thinnest channel width of 0.53 mm performed the best above 3 kHz.

When comparing across the number of turns (6 vs. 15) in Section §3.2, it was observed that the 15-turns
speaker performs better at the regions of about 500 Hz to 800 Hz. The 15-turns specimen was perceived to
have more even frequency response when compared to the 6-turns specimen.

Separately, there was a characterization across different magnet configurations. In these characterizations, the
parameters surveyed were the number of magnets (Section §3.3), size of magnet (Section §3.4), and location
of magnet (Section §3.5). The comparison across the number of magnets provides the system with more low
frequency response the range of about 500 Hz to 1 kHz. In the comparison across the size of magnets, it was
shown that the magnets performed similarly up to about 1.7 kHz. However above this range the largest magnet
provided the highest SPL. When comparing across the frequency response caused by the change in the location
of the magnet placement, as illustrated in Figure 6, frequencies below about 1.5 kHz were more affected than
frequencies above. Below 1.5 kHz, the magnet placed at the circumference performed poorly.

The dynamic speakers and its parameters surveyed in this study demonstrated the ability to produce a broad-
band signal, which is impressive given its compact size. Despite the field lines not being orthogonal, the
loudspeaker in this study still generate sound. Hence, we are interested in investigating only their acoustic
characterization. Therefore, the geometry of the device is out of the scope of this paper, as the current work
is based on an already designed and fabricated loudspeaker. This speaker’s design may be further optimized to
increase SPL performance at various frequency ranges by controlling different design parameters and by using
numerical tools such as the finite element method (FEM) to improve the understanding behind the mechanism
of sound generation and to further optimize magnetic flux-electric field interaction, this is beyond the scope of
this paper. Based on the experimental results, the Table 1 lists possible optimizations and the respective factors.

This lightweight, flexible, biomechanically compliant, and non-toxic device, capable of producing broadband
signals has potential applications in extra-tympanic [16] audio devices. This device may be applied directly
onto skin due to the ability to conform to the human body. We understand that the limitation of using the glass
slab in this study is that it doesn’t reflect the actual use case of the loudspeaker conforming and adhering to a
human tissue. To address this, we will report the signals obtained by 3D printing the structure on a piezo in
our upcoming work.
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ABSTRACT
The balanced armature receiver is an electromagnetic transducer used in hearing aids and high-end hearables. The
electromagnetic circuit is determining of the inherently nonlinear behavior of the receiver. We will present a scale
model of the magnetic circuit that preserves the physical behavior of the original system. The resulting magnetic
field of the circuit is experimentally measured to capture how fringing flux and magnetic leakage affect the effective
mechanical motion of the armature. We investigate and compare how well a lumped element model can predict
the magnetic behavior and validate against a finite element model as well as three sets of measurements: Electrical
impedance, magnetic flux and armature velocity.

Keywords: magnetic circuit, balanced armature receiver, lumped element model

1 INTRODUCTION
The electromagnetic circuit consists of an armature that is balanced in an air gap between two permanent
magnets, which are connected by a magnet housing, cf. figure 1. An alternating current in a coil suspended
around the armature induces a magnetic flux, unbalancing the magnetic potentials in the circuit. The resulting
force deflects the armature, which further unbalances the air gap potentials. This nonlinear force counteracts
the mechanical stiffness of the armature. The alternating current in the coil and the mechanical movement
of the magnetized armature implies a changing magnetic field, which becomes the source of Eddy current in
the soft magnetic materials. The magnetic fields created by these Eddy currents counteract the magnetic field
of the coil (back-emf). The results is a reduction of the electrical current flowing through the coil, which
means that a smaller mechanical force is created. This deeply integrated coupling between domains illustrates
the importance of understanding each domain and their coupling. Since the magnetic circuit is the generator
of the armature input force, understanding the behavior of the magnetic fields is important for correctly
estimating the mechanical and by extension the acoustic behavior of this transducer. When explaining the
working principles of the receiver, we concern ourselves with the "useful" flux running in the intended paths
as illustrated in figure 1. That is the flux in the armature, the uniform flux in air gaps between the permanent
magnets and in the magnet housing. However, the electrons in a coil travel in traverse circular paths and
the resulting magnetic field has a toroidal shape [1]. The field of the permanent magnets exhibit the same
general shape, originating from the bound current loops of the atoms. This means that we have repelling
field lines bulging out around the air gaps. We refer to this as the fringing field. The magnetic flux leakage
refers to the field lines outside the intended paths. This study will present experimental results of a receiver
scale model and compare the results with simulations of a lumped element model to assess the effects of
neglecting fringing fields.



(a) Balanced state of the receiver with no net flux in the
armature. The field of the permanent magnets magnetize
the armature to form equal, opposite domains, yielding a
zero net magnetization.

(b) Unbalanced state of the receiver. The current induced
magnetic field Bcoil expands the magnetic domains aligned
with it (green arrows) at the expense of the domains oriented
opposite to it (blue arrows), yielding a net flux in the arma-
ture.

Figure 1. Schematic illustration of the magnetic circuit in a "real" receiver with an E-shaped armature (light
blue), connected to the permanent magnets (yellow) by a magnet housing (grey). In our scale model we do
not have a magnet housing, but instead much wider static armature arms. Adding the blue and green vectors
in figure 1b reveals a small net flux in the lower static arm and an enhanced flux in the upper static arm.

2 MODELING AND METHODS
2.1 The scale model
The small size of the receiver makes is very difficult to measure the magnetic field in and around the air gap.
To verify our analytical lumped model we built a scale model, illustrated in figure in 2. The scale model
includes only the components necessary to estimate the relation between the input voltage, the generated
flux and corresponding force on the armature; i.e. the armature, coil and permanent magnets. The armature
is milled from C45U steel, the coil is a 0.5 mm copper wire hand-wound on a custom 3D printed plastic
core with 800 windings. The resistance and inductance of the coil was estimated to be 4.874 Ω and 5.662
mH, respectively. The permanent magnets are neodymium (NdFeB) magnets. The overall size of the scale
model is chosen to accommodate for the size of our Hall-probe within the air gap. The dimensions of the
armature was subsequently determined based on the requirement that the restoring force of the mechanical
stiffness Fr must always be larger than the attraction force to the permanent magnets FΦ, yet small enough to
minimize the necessary drive voltage. That is the condition Fr +(−FΦ) > 0 must be fulfilled. We estimated
the restoring force Fr by treating the armature as a bending cantilever. For an armature deflection ζ at a
distance x from the pivot, the restoring force Fr at position a is given by,

Fr =
δ 3E I

a2 for x = a (1)

where E is Young’s modulus and I = bh3/12 is the area moment of inertia, where b is the base width and
h is the height of the cantilever cross section. Equation (1) is basically Hook’s law for bending cantilevers.
The magnetic force on the armature is estimated from the relation in equation (2) [2],[3]. The relation states
the force between two magnetized surfaces of area S under the assumption that the effect of fringing fields
is negligible.

FΦ =
B2 S
2 µ0

=
Φ2

2 µ0 S
(2)



(a) Photograph of the finished scale model (b) Technical drawing

Figure 2. The scale model

where B is the flux density and Φ is the flux. The resulting force on the armature is the difference between
the forces of the air gaps, FΦ = FΦ,g1 +(−FΦ,g2). In the static case FΦ = 0.

2.2 Simulations
The magnetic circuit of the scale model is simulated in LTSpice with the lumped element model depicted
in figure 3a. In addition, a finite element simulation is created in the software "FEMM", cf. figure 3b. The
permeability of the armature material is set to a very high value for the sake of comparability of the two
model results. The fringing effect was accounted for using the Schwarz-Christoffel transformation [4],[5] to
calculate fringing factors that are multiplied with the expression for the reluctance assuming no fringing.

(a) Magnetic circuit for lumped element model of the scale
model.

(b) Finite element simulation for DC coil current to visualize
the flux imbalance.

Figure 3



2.3 Measurement set-up
To characterize the scale model three different types of measurements were performed: Electrical impedance,
air gap flux and armature velocity. The electrical impedance was measured with an impedance analyzer
(MF-IA, Zurich Instuments) at a driving voltage of 300 mV. The flux measurements are performed with a
magnetometer hall probe (612.002, Unilab Blackburn England) that is inserted into the air gap. The voltage
source consisted of a signal generator in series with an amplifier. An oscilloscope is used to measure the
input voltage and the voltage output from the magnetometer. The magnetometer is set to output 1 V per 100
mT. Lastly, the armature velocity measurements is performed with a scanning laser vibrometer (PSV-400,
Polytec), cf. figure 4. Reflective tape has been mounted on the armature and a grid of scanning points were
defined, and the system is driven with a constant voltage frequency sweep.

Figure 4. Schematic representation of the measurement setup for the armature velocity

3 Results
The measurement and simulation results are plotted in figure 5 and 6. The impedance plots in figure 5 show
the isolated impedance of the air core, i.e. the impedance of the coil without the armature structure. The
resistance of the coil is measured to 5.6 Ω and the inductance estimated to 45 mH based on the coil dimen-
sions and number of windings. From the plots we see that the impedance matches well at low frequencies,
but at higher frequencies the effect of the armature permeability should be taken into account. The general
trends of the simulated flux density and velocity matches well with the measurements, although the slope of
the flux density is too steep at high frequencies. However, in terms of magnitude, we see a mismatch of
approximately two decades in the velocity response. We expect this to be due to saturation of the armature.
This can be tested by steadily increasing the driving voltage to see at which value, additional driving voltage
no longer produces additional output amplitude. In all four plots of figure 5, 6, we see a resonance around
400 Hz, which is the first resonance mode of the armature. This resonance frequency matches well with nat-
ural frequency of a cantilever beam of identical dimensions. The coinciding resonances in the plots show the
coupling between the three domains. As the velocity and flux response of the armature peaks, the electrical
impedance dips, due to the effect of back-emf discussed in section 1.

4 CONCLUSIONS
The results show a mismatch in magnitude, but a fairly good match in trend. We believe this off-set might
be caused by saturation of the armature during measurements, which we will investigate in future work. In



Figure 5. Comparison between measured and simulated electrical impedance.

(a) Comparison between measured (blue, solid) and simulated
(orange, dashed) flux density.

(b) Comparison between measured armature velocity (blue,
solid) and simulated armature velocity (orange, dashed).

Figure 6. Measurement and simulation results.

addition we see the effect of the mechanical resonance in the flux density. The inclusion of fringing factors
that reduce the reluctance did not improve the flux density simulations. We attribute this to this to the fact
that the model presented in this preliminary study is still very simple, combined with assumptions of a linear
hysteresis curve, negligible displacement and disregard of Eddy currents. In future work, we will build upon
these learnings and expand the simulation models.
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ABSTRACT 
In this contribution, we present a deep learning-based method for quantifying non-contact boundary 
conditions in a virtual manner. The acoustic beamforming method is a spatial filtering technique based on 
microphone array measurements, which can be beneficial for visualizing strength distributions of sound 
sources. However, it is widely known that the beamforming maps physically induce poor resolution at low 
frequencies, while severe side-lobe patterns occur at high frequencies. Acoustic beamforming has been 
studied from the standpoint of ‘sound source localization,’ which identifies locations and strengths of the 
sound sources. Recently, deep learning-based methods have been introduced to the field of acoustic 
beamforming, with promising results for overcoming the physical resolution limitations of conventional 
beamforming maps. In this study, beyond localizing the sound source’s positions or strengths, we propose a 
novel method for quantifying certain boundary conditions that may arise in mechanical systems. We 
demonstrate that boundary conditions such as the plate’s spring stiffness can be virtually quantified using our 
proposed deep learning approach without measuring them physically. 
 
Keywords: Acoustic beamforming, Deep learning, Boundary condition quantification 

METHODOLOGY 
In this study, we estimate boundary conditions from acoustic beamforming maps by exploiting the 

fact that the radiation characteristics of the exciting plate vary depending on the different boundary 
conditions imposed on the plate. Since the vibration of the plate under complex boundary conditions 
is difficult to analyze theoretically, we develop a data-driven method to discover its patterns. The 
simulation setup for data generation process, as shown in Fig. 1 (a), is given as follows. First, we 
assign a total of 8 boundary condition points to the edge of the squared steel plate. Targeting the 
boundary conditions of bolt tightening/loosening, the state of each bolting point is expressed as a 
spring stiffness value. Damping factor of the plate material is set to be 0.01. While the excitation 
frequency is set to be 1500 Hz, each spring stiffness value corresponding to a different bolting point 
is randomly generated from logarithmic random distribution between 10−7 and 10−1. Regarding the 
microphone array, the array system with an aperture size over 1 m is considered., and the distance 
between the plate and the array is set to be 50 cm. A total of 13,000 random cases are generated in 
this configuration of plate radiation and microphone array measurement. As shown in Fig. 1 (b), one 
can find that different beamforming patterns are produced according to various combinations of 
imposed boundary conditions.  

We propose a deep fully convolutional autoencoder network to achieve exact boundary condition 
quantification from the acoustic beamforming patterns. The methodologies based on the convolutional 
neural networks have been widely utilized in the field of sound source localization using acoustic 
beamforming [1-5]. Fig. 2 (a) visualizes the schematic description of the proposed neural network 
model. Given the acoustic beamforming maps as input, our proposed model is comprised of successive 
convolutional neural operations to extract high-level spatial feature maps from the input. The output  
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Fig. 1. System configuration and several examples of obtained dataset. (a) schematic diagrams that 
show the simulation setup of the steel plate boundary conditions and microphone array system. (b) 
several examples of acoustic beamforming patterns corresponding to different combinations of 
boundary conditions. 
 
 

 
Fig. 2. (a) Schematic description of the proposed neural network model, (b) qualitative examples of 
boundary condition quantification from the plate vibration-induced acoustic beamforming maps. 
 



 

 

layer, where we aim at estimating exact boundary conditions, the specific boundary conditions to 
predict are represented by the form of two-dimensional map. The proposed model is constructed in a 
fully convolutional neural network to learn spatial features without going through any dimensional 
flattening from two-dimensional acoustic beamforming maps. As a result, our proposed model is 
trained in a supervised manner to predict boundary conditions from the measured acoustic 
beamforming maps accurately. 

RESULTS 
Qualitative examples of boundary condition quantification results from the plate vibration-induced 

acoustic beamforming maps are shown in Fig. 2 (b). 

CONCLUSIONS 
In this study, we investigate the possibility of deep learning-based method for precisely quantifying 

boundary conditions from the plate vibration-induced acoustic beamforming maps. This approach 
provides considerable promise to discover various boundary conditions of sound-radiating structures 
in a non-contact fashion, utilizing the data-driven framework.  
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ABSTRACT 

Sound source localization (SSL) is consistently gaining attention since it can be employed in various fields 

where it is difficult to use visual information for object detection, such as surveillance, military, industrial 

safety, lifesaving, etc. 

Beamforming is a spatial filtering technique based on sensor array measurements. It is advantageous for 

sound source localization because applying the optimal algorithms can improve the signal-to-noise ratio 

(SNR) with many microphones, spatial resolution, and localization accuracy [1]. Therefore, the beamforming 

method is widely used for source localization. Furthermore, with the help of deep learning recently, industrial 

applications are expected to improve performance and efficiency [2]. However, the background noise, such 

as cooling fan noise or reverberation, makes it difficult to locate the sound source, and the beamforming 

pattern is extremely complicated for deep learning to learn. 

In this study, we propose a data-driven deep learning method that is applicable to a low SNR by recognizing 

the underlying pattern of the beamforming result. The microphone array layout and source plane are shown 

in Fig. 1, where a monopole source generates a pure tone sound. The proposed self-supervised representation 

learning-based method is depicted in Fig. 2. We utilize a pretext task to learn different beamforming patterns 

depending on the different levels of SNRs. Through a transfer learning process, a model that understands 

SNR is trained to precisely determine the position of a sound source as a downstream task.  

Fig. 3 demonstrates that when a -10 dB SNR is applied to an 8 kHz monopole source, the proposed method 

provides an excellent approximation of the source's location, despite the complexity of the side robe. To 

verify the model's robustness in real-world situations, the model's generalization performance would be 

evaluated using artificial background noise environments representative of those seen in real-world situations.  

The test result shows that the proposed method accurately localizes the sound source even when the SNR is 

low. One can expect that the method can be applied to conduct source localization for a noisy mechanical 

system such as a drone. 
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Figure 1. (a) Configuration of a simulation setup, (b) microphone array. 

 

 
 

Figure 2. (a) Pretext task learns representation that identifies the SNR of each beamforming to learn 

that image patterns differ depending on the SNR (b) downstream task learns the source position 

localization representation based on pre-trained pretext task.  

 

                 

  
Figure 3. Localization result of the proposed method for -10 dB SNR at 8 kHz monopole source 

beamforming map. 
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ABSTRACT 

This paper utilizes an adaptive species-based particle swarm optimization (ASPSO) algorithm in conjunction with the 
multi-signal classification (MUSIC) algorithm to track multi-source in a reverberant environment. In order to alleviate the 
impact of reverberation on source localization, this work proposes a dereverberation algorithm based on the autoregressive 
(AR) model. In finding the local maxima in the MUSIC pseudo-spectrum, ASPSO requires much less processing time than the 
uniform search method. The update rule of ASPSO consists of a single inertia weight and two acceleration coefficients. A 
progressively decreasing inertia weight is employed to update particle velocity. Adaptive coefficients based on different 
evolutionary states are dynamically adjusted to accelerate ASPSO in tracking drastic source movements. In multi-source 
tracking, ASPSO exploits crowding and species procedures. ASPSO equipped with AR-based dereverberation (ASPSO-AR) is 
investigated via numerical simulations. In adverse acoustic conditions, the results demonstrate that the ASPSO-AR algorithm is 
robust in tracking multiple moving sources. 

1. INTRODUCTION 

Microphone array signal processing can deal with practical issues such as source localization, speech enhancement, 
and source separation (1). Among these problems, the source localization algorithm plays an important role in 
source separation and enhancing the target signal. Source localization methods can be mainly divided into direct 
methods and indirect methods. Multiple signal classification (MUSIC) (2), delay and sum (DAS), and minimum power 
distortionless response (MPDR) (3) belong to direct methods. Indirect methods utilize two stages to estimate the 
direction of sources, such as the time difference of arrival (TDOA). The TDOA method first calculates the delay of 
microphone pairs and then estimates the source direction. In this paper, the MUSIC algorithm is employed for source 
localization because of its superior localization resolution. However, the MUSIC algorithm requires a lot of time when 
using the grid-search to find local maxima in its pseudo-spectrum. To decrease the processing time when using the 
MUSIC algorithm, the adaptive species-based particle swarm optimization (ASPSO) algorithm is developed in this 
work. The ASPSO algorithm deploys a progressively decreasing inertia weight and two adaptive coefficients (4) to 
draw the particle swarm close to the source directions. In addition, crowding (5) and species techniques (6) are utilized 
for multi-source detection. Nevertheless, reverberation deteriorates the results of source localization when using 
MUSIC. This paper proposes a multichannel online dereverberation algorithm in light of the autoregression (AR) 
model (7, 8) and the MVDR beamformer. The simulation results show that the ASPSO with the AR dereverberator 
(ASPSO-AR) algorithm can improve the performance in multi-source tracking under a reverberant environment. In 
comparison with the two benchmarks, uniform search (US) and uniform search with AR dereverberator (US-AR), the 
ASPSO-AR algorithm has superb performance in terms of root mean square error in tracking multiple sound sources 
under reverberant conditions. 
2. SOURCE LOCALIZATION IN REVERBERANT FIELDS 

2.1 Array Signal Model and MUSIC Algorithm 

The received signals of M microphones from D sound sources with room reverberation and additive noise in the 
time-frequency (T-F) domain can be formulated as 

                          ( , ) ( ) ( , ) ( , ) ( , ),t f f t f t f t f  y A s r u                               (1) 
where t and f represent the time frame and frequency bin, respectively. The source vector 

 1 2( , ) ( , ) ( , ) ( , )
T D

Dt f S t f S t f S t f s    is assumed to be partly correlated with the reverberation vector 

( , ) Mt f r   and uncorrelated with the noise vector ( , ) .Mt f u   The steering matrix 

 1 2( ) ( , ) ( , ) ( , ) M D
Df f f f    A a a a   with the steering vector ( , ),  1, 2,df d D a   in the free-field 
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plane-wave model can be explicated as 

                            1 2( , ) exp exp exp ,
T M

d d d d Mf j j j           a k p k p k p                 (2) 

where , 1, ,m m Mp   denotes the position vector of the mth microphone. The wave vector ( )d d k fk   is 

composed of the unit vector 
d  and the wave number ( ) 2 / ( ).s FFTk f ff N c  

sf  refers to the sampling rate in Hz. c 

is the speed of sound. 
FFTN  is the size of the Fast Fourier Transform. 

The pseudo-spectrum of the MUSIC algorithm is obtained from the following equation: 

                                   1
( , ) ,

( , ) ( ) ( , )MUSIC H
u

S f
f f f


 


a P a

                                 (3) 

where ( )u fP  is the projection matrix onto the noise subspace. 

To account for the effect of reverberation on source localization, this paper designs an AR approach for speech 
dereverberation, as detailed next.  

2.2 Autoregression Array-inspired Online Dereverberation 

The online dereverberation algorithm is developed based on the AR model and the MVDR beamformer. The late 

reverberation ˆ ( , )lateX t f  can be estimated in light of linear prediction: 

                                         ,
ˆ ( , ) ,H

late t fX t f  w y                                        (4) 

where “H” refers to the Hermitian operator. 1
1 2

T

T

T K
Kw w w    w    is the estimated linear prediction 

weight vector with .TK MK  K is the number of the late reverberation frame at each channel. Δ represents the number 

of the early reflection frame at each microphone. The vector 1
, 1 2

TT T T MK
t f M


    y y y y    contains the late 

reverberation components with    1( , ) ( 1, ) ( 1, ) .
T K

m m m mY t f Y t f Y t K f           y    The linear 

prediction error of the mth microphone can be calculated as 

                                        ˆ( , ) ( , ) ( , ) ,H
m m late m me t f Y t f X t f  w y                           (5) 

where ( 1) 1
0 1

T

T

T K
m Kw w w     w    is used to estimate the direct and early signals. 

( 1) 1
1 2( , )

TT T T MK
m m MY t f     y y y y   is a vector that concatenates the observation signals of the mth 

channel and the late reverberation signals. 
( 1) 1

0 1, TKH
m i iw    w u u   with   ,  1, 1,2, , ( 1)i ij Tj

i j K   u   being 

a one-hot vector. In order to minimize 2 ( , ) ,mE e t f    the weighting coefficients can be formulated as the MVDR 

beamformer (3): 

                                         argmin ( , )   st. 1,
m

H H
m m m m it f 

w
w R w w u                            (6) 

where ( 1) ( 1)( , ) ( , )H H MK MK
m m m mt f E t f       R y y R   is the covariance matrix. 

The solution to Eq. (6) can be explicated as 

                                  
1

1
1

( , )
( , ) ,

( , )
m i i

m m i H H
i m i i i

t f
t f

t f





  
R u v

w R u
u R u u v

                        (7) 

where 1
1 2 ( 1)( , ) .m MKt f

   R v v v  The dereverberated signals for each channel can be estimated by using Eqs. 

(5) and (7). Table 1 shows the complete procedure of the AR online dereverberation algorithm. 

Table 1 – The online dereverberation algorithm using the AR model (8).  
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In Table 1, two parameters (α and β) represent the forgetting factor applied in the adaptive recursive least square 

(RLS) filter (8). fN  and tN  denote the total number of frequency bins and time frames, respectively. The inverse 

matrix 1( , )m t fR  is derived using the Sherman-Morrison formula (9). The processed signals 

 1 2( , ) ( , ) ( , ) ( , )
T

Mt f e t f e t f e t fe   are utilized in the MUSIC algorithm to enhance the accuracy of the source 

localization. 

3. PARTICLE SWARM OPTIMIZATION-BASED MULTI-SOURCE TRACKING 

3.1 Adaptive Species-based Particle Swarm Optimization 

In order to speed up the processing time when searching for the directions of multiple sources using the MUSIC 
algorithm, the adaptive species-based particle swarm optimization (ASPSO) algorithm is proposed in this paper. The 
particle swarm position can be expressed as (10) 

                                      ( , ) ( , 1) ( , 1),x t i x t i v t i                                           (8) 

where ( , )x t i  represents the position of the δth particle at the tth time frame and the ith iteration. ( , )v t i  denotes the 

velocity. Here, the “particle position” refers to the θ in this work. 
The velocity of each particle is updated as follows: 

                               3 1 1, 2 2,( , ) ( , 1) ( , ) ( , ) ( , ) ( , ) ,i i iv t i b wv t i bc l t i x t i b c s t i x t i                      (9) 

where ( , )l t i  and ( , )s t i  represent the local-best position and the species-best position, respectively. 1 2 3, , [0,1]b b b   

are uniformly distributed random numbers for producing the momentum of particles. 
1i

iw a   is a progressively 

decreasing inertia weight with a being between 0 and 1. 1,ic  and 2,ic  are adaptive acceleration coefficients to draw 

particles close to the directions of multiple sources. 
The stopping criterion of the particle swarm is as follows: 

                                       0
1

( ( , )) ( ( , 1)) / ( ( , )) ,
D

f s t i f s t i f s t i D  





                         (10) 

where 0  denotes the threshold to stop the search. The fitness function ( ( , ))f s t i  can be obtained by the following 

frequency-averaged MUSIC spectrum:  

                                      
,( ( , )) ( , ( , )) / ,

stop

start

f

MUSIC f avg
f f

f s t i S f s t i N 


                             (11) 

in which , 1f avg stop startN f f    being the frequency range from the frequency bin startf  to .stopf  

The local-best position ( , )l t i  is estimated using the crowding technique in Table 2. 

 Table 2 – The pseudo-code of the crowding technique (5). 
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In Table 2, allN  denotes the total number of particles. local  refers to the radius to find the local-best position. 

( , )p t i  represents the personal-best position of each particle, which can be estimated in Table 3. 

Table 3 – The pseudo-code of searching for the personal-best position. 
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For 1:

       if  ( ( , )) ( ( , 1)) 

           ( , ) ( , )

       End if

End for  

all

p t x t

N

f x t i f p t i

p t i x t i

 

 

 






 


 

In Table 3, if the fitness value of the current position ( , )x t i  is greater than that of the previous iteration of the 

personal-best position ( , ),p t i  then the data of the current personal-best position of the particle will be updated. In 

addition to searching for the local-best position, the ASPSO algorithm searches for the species-best position. Table 4 



 

 

describes the procedure of searching for the species-best position.  
Table 4 – The pseudo-code of searching for the species-best position (6). 
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In Eq. (9), the adaptive acceleration coefficients [ 1, 2,, i ic c ] are calculated based on the evolutionary schemes, as 

detailed next. 

3.2 Adaptive Acceleration Coefficients 

The adaptive acceleration coefficients are estimated based on exploration, exploitation, convergence, and 
jumping-out states (4).  
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                     (12) 

where [0.05,0.1]u   is a uniformly distributed random variable. An evolutionary factor (fe) can be used to decide the 

four evolutionary states, as shown in Fig. 1. 

 
Figure 1 – The correspondence between the evolutionary factor and four evolutionary states (4). 

Figure 1 signifies that the acceleration coefficients can be obtained due to the evolutionary factor (fe) and its 
corresponding evolutionary state. The evolutionary factor (fe) is computed as follows: 

                                             min

max min
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where 
1,

1
( , ) ( , )

1

sN

k k k
k k ks

d x l t x l t
N


 

 
   is an average distance between the kth particle and other 1sN   particles. 

sN  is the total number of particles of each species. sd  is the average distance when the kth particle is the species seed. 

maxd  represents the maximum average distance. mind  denotes the minimum average distance. Furthermore, the ELS 

technique (3) is utilized in the convergence state to search for the potential local maxima:   



 

 

                                              ( , ) ( , ) ,ELSs t i s t i e                                         (14) 

where (0,1)e N  is a Gaussian random variable. ELS  is the value to control the search range of ELS. The complete 

ASPSO algorithm is summarized in Table 5. 
Table 5 – The pseudo-code of the ASPSO algorithm 
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    )                 

             Update the personal-best position (Table 3)                                 

             Find the local-best position using crowding procedure (Table 2)

             Find the species seed position using species procedure (Table 4)

             Calculate the inertia weight and acceleration coefficients            

             Update the velocity ( , ) in Eq. (9)

      

v t i

       Check the stopping criterion. Exit the iteration if the stop criterion is met.

End for

End

     

 for

 

The simulation results for demonstrating the performance of source tracking for three different methods (US, 
US-AR, ASPSO-AR) are detailed next. 

4. SIMULATIONS 

4.1 Parameter Settings 

In the simulation, the utterances of source signals are male and female speech. The sampling frequency is 16 kHz. 
To meet the far-field plane-wave model, the distance between source signals and the center of the uniform circular 
array (UCA) is 1 m. The FFT size and Hanning window are 512-point with 75% overlap. The image source method (11, 

12) is used in the simulation to produce the reverberant signals. startf  and stopf  in Eq. (11) are set to 585 Hz and 3500 

Hz, respectively in this work. The values of local  and s  are set to 30 degrees. The value of ELS  is set to 7 degrees. 

The total numbers of particles ( allN ) and iterations ( iterN ) are set to 20 and 40, respectively. 0  in Eq. (10) is set to 

0.01 for stopping criterion. The value of a for the progressively decreasing inertia weight ( iw ) is set to 0.9. In Table 1, 

0  is set to 0.2256. α and β are set to 0.9999 and 0.5, respectively. The angular resolution of the US method is 1 

degree. 

4.2 Simulation Settings 

The dimensions of the simulated room are L4.6m × W5.0m × H2.6m. The signal-to-noise ratio (SNR) is set to 40 
dB. In this study, we only consider azimuthal angles. In order to assess the tracking ability of the ASPSO-AR 
algorithm in a reverberant field, two moving sources are conducted. The trajectory of the two moving sources can be 
divided into five stages. Within 0-5 s, the first and the second sources will be stationary at 40° and 130°, respectively. 
After 5 s, the first source begins rotating counterclockwise with a constant angular speed (0.1 rad/s) from 40° to 130° 
and stops at Time = 20 s. Similarly, the second sound source rotates counterclockwise at Time = 5 s with a constant 
angular speed (0.1 rad/s) from 130° to 220° and stops at Time = 20 s. During the period of Time = 20-25 s, both sources 
are at rest. In Time = 25 s, the first source rotates clockwise from 130° to 40° at 0.1 rad/s and stops in Time = 40 s. 
Similarly, from Time = 25 s, the second source rotates clockwise at constant angular speed (0.1 rad/s) from 220° to 
130° and stops at Time = 40 s. In the period between Time = 40-50 s, both sources remain at rest. The trajectory of the 
two moving sources is depicted in Fig. 2. 

 
Figure 2 – The ground truth of the two moving sources. 



 

 

The simulation assumes a 6-microphone UCA with a diameter of 7 cm, positioned in the center of a room with a T60 
of 0.25 s. Based on the ASPSO-AR algorithm, the following root-mean-square error (RMSE) is caculated: 

      
2

1 1

1 ˆ ( ) ( ) ,
tND

RMSE d d
d t

t t
DL

  
 

                                  (15) 

where ˆ ( )d t  is the estimated azimuthal angle, ( )d t  is the ground truth azimuthal angle. The following are the 

results of tracking performance. 

 

Figure 3 – The tracking results of two sources. (a) The estimated directions, (b) RMSE, and (c) processing time. T60 = 0.25 s 

and SNR = 40 dB. 

This simulation compares the algorithm without the AR dereverberator (US) to the two tracking algorithms with 
the AR dereverberator (US-AR, ASPSO-AR). Figure 3(b) shows the tracking results of RMSE by using different 
algorithms. In comparison with the US method, the RMSE of US-AR is reduced by 15 degrees, suggesting that the 
AR method is effective at improving the tracking performance. The performance of these three methods can be 

ranked as ASPSO-AR ( RMSE = 2.81°), US-AR ( RMSE = 9.04°), and US ( RMSE = 24.22°). The ASPSO-AR method 

outperforms the US and US-AR methods. In addition to the AR method for dereverberation, the results explain that 
the ESE procedure in adjusting acceleration coefficients and the ELS technique can improve the resolution of source 
tracking. Based on 6247-time frames, Figure 3(c) compares the processing time required for the MUSIC localization 
algorithm with and without various AR methods. The comparison is conducted on a Swift SFX14-41G laptop with a 
Core AMD Ryzen 7 5800U processor. R2018b (MATLAB 9.5) is used. From Fig. 3(c), the result shows that the 
ASPSO-AR algorithm spends about one-third the processing time of the US-based algorithms, which is suitable for 
real-time implementation. The processing time required by the three algorithms can be ranked as ASPSO-AR (0.139 
s), US-AR (0.388 s), and US (0.391 s). 
5. CONCLUSIONS 

Under reverberant conditions, the ASPSO algorithm with the AR method has been presented for tracking 
dynamically moving sources. Simulation results indicate that the ASPSO-AR algorithm can reduce the processing 
time by two-thirds compared to the US algorithm. Furthermore, the AR method aimed at dereverberation improves 
tracking performance. The simulations of the US and US-AR illustrate that the AR method has the ability to alleviate 
the reverberant reflections on source tracking. Concerning ESE and ELS procedures, the ASPSO-AR algorithm 
performs better than the US and US-AR algorithms. 
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Acoustic source localization has been practiced for structural health monitoring in industries, speaker 

recognition in ASR, etc. Due to the recent algorithmic and application advance of artificial intelligence, the 

limitations of conventional localization techniques have been overcome technically, e.g., using multiple 

hidden layers1. However, the physical limitation, such as the irregular directional response of the microphone 

array, remains a problem to be solved.  

The three-dimensional acoustic intensimetry (3DAI) is suitable for estimating the DoA of the sound source 

using a compact probe module, thus useful for mechanical systems involving narrow space. Even though its 

history is rather long, it has not been popularly used due to the significant inherent bias errors, which depend 

on the actual DoA of the source. Recent research showed ways to overcome the spatial bias error by using 

double tetrahedron modules2. However, the double-module compensates for irregularity of array directional 

response (ADR) for specific directions by increasing the number of microphones, which causes a shadow 

zone in the source localization. In this work, a method for enhancing the precision in source localization is 

suggested by using multiple probe modules to go beyond the capacity of the double modules.  

A fractal tetrahedron array is designed to possess four sub-layouts with different ADR, and an array 

combination method3 is applied to compensate for the spatial bias error. Figure 1 shows the layout of the 

designed microphone array and exhibits the ADR for kd=3.0, where d is the distance between adjacent 

microphones. Because the gradient of ADR is proportional to the localization error, one can think that the 

combined module has less error than the single module. Also, one can estimate the position of the source by 

estimating the source distance by calculating the nearest intersection point between the 3D intensity vectors4.  

A fractal tetrahedron array implementing the 3DAI using 10 microphones (B&K 4958) is constructed, fitting 

into the ABS frame fabricated using the 3D printer. Here, the microphone spacing is d=0.08 m. A localization 

test is conducted in an anechoic chamber to estimate the DoA and distance of the source. A band-limited 

white noise in the range of 0.5<kd<3.0 is generated by a loudspeaker (Tannoy DVS4).  

Figure 2 shows the test result on five actual source directions, in which the results of a single module and 

integrated combined modules are compared. One can find that the integrated module yields a minor error at 

the high kd range compared to the single module. The estimated RMSE of azimuth angle and elevation angle 

of the source measured by the combined module for all kd ranges is 4.6° and 3.8°, respectively; contrastingly, 

those errors are far more significant in using a single module which yields 8.0° and 9.9°, respectively. Figure 

3 depicts the test result of estimating the source distance. As shown in Fig. 1(a), sub-layouts of the fractal 

tetrahedron array are used for the localization of the source positioned within the 1-m range from the center 

of the array module. The test result yields a mean absolute error of 0.03 m, which is far smaller than the 

speaker size.  

The present experimental result reveals that one can use the fractal tetrahedron array for estimating the DoA 

of the source with high precision by applying the array combination method. Also, one can estimate the 

distance of the sound source by calculating the nearest intersection point between the measured 3D intensity 

vectors. If multiple fractal modules are used further with good synchronization, one can expect the precise 

localization of the source even at a far distance. 
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Figure 1. (a) Configuration of a fractal tetrahedron microphone array, (b) array directional response of a 

single module, (c) array directional response of combined module when kd=3.0. Here, , position of the 

microphones; , center of the fractal tetrahedron array; , acoustic center of sub-layout of the module. 

 

 

 

Figure 2. Experimental result of source localization for the range of 0.5<kd<3.0 using different types of 

modules: (a)(c)(e)(g)(i) single module, (b)(d)(f)(h)(j) combined module. Here, ‘ ’ denotes the actual DoA of 

the source, and the sidebar indicates the kd value. 

 

 

Figure 3. Experimental result of source distance estimation. Here, ‘ ’ denotes the actual position of the source, 

and ‘ ’ the estimated position. 
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ABSTRACT
A sound field reproduction method called weighted pressure matching is proposed. Sound field reproduction is
aimed at synthesizing the desired sound field using multiple loudspeakers inside a target region. Optimization-
based methods are derived from the minimization of errors between synthesized and desired sound fields, which
enable the use of an arbitrary array geometry in contrast with integral-equation-based methods. Pressure match-
ing is widely used in the optimization-based sound field reproduction methods because of its simplicity of
implementation. Its cost function is defined as the synthesis errors at multiple control points inside the target
region; then, the driving signals of the loudspeakers are obtained by solving a least-squares problem. However,
in pressure matching, the region between the control points is not taken into consideration. We define the cost
function as the regional integration of the synthesis error over the target region. On the basis of the kernel in-
terpolation of the sound field, this cost function is represented as the weighted square error of the synthesized
pressures at the control points. Experimental results indicate that the proposed weighted pressure matching
outperforms conventional pressure matching.

Keywords: Sound field reproduction, Kernel interpolation, Weighted pressure matching

1 INTRODUCTION
Sound field reproduction is aimed at synthesizing spatial sound using multiple loudspeakers (or secondary
sources). Such a technique can be applied to virtual/augmented reality audio, generation of multiple sound
zones for personal audio, and noise cancellation in a spatial region.

Sound field reproduction methods can be classified into two major categories: integral-equation-based and
optimization-based methods. The integral-equation-based methods are developed from the boundary integral
representations derived from the Helmholtz equation, such as wave field synthesis and higher-order ambison-
ics [3, 19, 17, 1, 24, 12]. The optimization-based methods are derived from the minimization of a certain
cost function defined for synthesized and desired sound fields in a target region, such as pressure matching and
mode matching [16, 9, 7, 17, 4, 21, 11]. Many integral-equation-based methods require the array geometry of
loudspeakers to have a simple shape, such as a sphere, plane, circle, or line, and driving signals are obtained
from a discrete approximation of an integral equation. In optimization-based methods, the loudspeakers can be
placed arbitrarily, and driving signals are generally derived as a closed-form least-squares solution. In particular,
pressure matching is widely used among the optimization-based methods because of its simplicity of imple-
mentation. Pressure matching is based on synthesizing the desired pressures at a discrete set of control points
placed over the target region.

An issue of pressure matching is that the region between the control points is not taken into consideration
because of the discrete approximation. Therefore, its reproduction accuracy can deteriorate when the distribution
of the control points is not sufficiently dense. However, the smaller the number of control points, the better in
practice, because the transfer functions between the loudspeakers and control points are generally measured in
advance. We propose an optimization-based sound field reproduction method called weighted pressure matching.
We define the cost function as the regional integration of the synthesis error over the target region. On the
basis of the kernel interpolation of the sound field [20, 22], this cost function is represented by the pressures
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: Target region

Secondary source

Figure 1. The desired sound field is synthesized in the target region Ω using multiple secondary sources.

at the control points with the regional integration of kernel functions. When the same kernel functions are used
for interpolating primary and secondary sound fields, i.e., the desired field and the sound field of each loud-
speaker, respectively, the driving signal is obtained as the solution of weighted least squares problem with the
weighting matrix defined by using the kernel functions. Experimental evaluation comparing pressure matching
and weighted pressure matching is performed.

2 PROBLEM STATEMENT AND PRIOR WORKS
2.1 Problem formulation
Suppose that L secondary sources (loudspeakers) are placed around a target region Ω ⊂ R3 as shown in Fig. 1.
The sound field usyn(rrr,ω) at the position rrr ∈ R3 and angular frequency ω ∈ R synthesized using the secondary
sources is represented as

usyn(rrr,ω) =
L

∑
l=1

dl(ω)gl(rrr,ω), (1)

where dl(ω) is the driving signal of the lth secondary source (l ∈{1, . . . ,L}), and gl(rrr,ω) is the transfer function
from the lth secondary source to the position rrr. The transfer functions gl(rrr,ω) are assumed to be known by
measuring or modeling them in advance. Hereafter, the angular frequency ω is omitted for notational simplicity.

The goal of sound field reproduction is to obtain {dl}L
l=1 of the L secondary sources so that usyn(rrr) coincides

with the desired sound field, denoted by udes(rrr), inside Ω. We define the cost function to determine the driving
signal {dl}L

l=1 as

J =
∫

Ω

∣∣∣∣∣ L

∑
l=1

dlgl(rrr)−udes(rrr)

∣∣∣∣∣
2

drrr. (2)

The optimal driving signal can be obtained by solving the minimization problem of J.

2.2 Pressure matching
Since it is difficult to solve the minimization problem of J owing to the regional integration over Ω, several
methods based on the approximation of J have been proposed. A simple strategy for solving it is to discretize
the target region Ω into multiple control points, which is referred to as the pressure matching. Assume that N
control points are placed over Ω and their positions are denoted by rrrc,n (n ∈ {1, . . . ,N}). The cost function J is
approximated as the error between the synthesized and desired pressures at the control points. The optimization
problem of pressure matching is written as

minimize
ddd∈CL

∥GGGddd −uuudes∥2 +η∥ddd∥2, (3)



where ddd = [d1, . . . ,dL]
T ∈ CL is the vector of the driving signals, uuudes = [udes(rrrc,1), . . . ,udes(rrrc,N)]

T ∈ CN is the
vector of the desired sound pressures, and GGG ∈ CN×L is the matrix consisting of the transfer functions gl(rrrc,n)
between L secondary sources and N control points. The second term is the regularization term to prevent an
excessively large amplitude of ddd, and η is a constant parameter. The closed-form solution of Eq. (3) is obtained
as

d̂dd =
(

GGGHGGG+ηIII
)−1

GGGHuuudes. (4)

Another strategy to approximately solve Eq. (2) is to represent the sound field by spherical wavefunction
expansion [23, 14], which is referred to as mode matching [17]. The driving signal is obtained so that the
expansion coefficients of the synthesized sound field coincide with those of the desired sound field. The mode
matching method is generalized by introducing a weighting matrix consisting of the regional integration of the
spherical wavefunctions, which is called weighted mode matching [21]. Instead of empirical truncation of the
expansion order in mode matching, optimal weights on the expansion coefficients are applied in weighted mode
matching.

3 WEIGHTED PRESSURE MATCHING
Since pressure matching is based on the discrete approximation of the target region, the region between the
control points is taken into consideration. We consider incorporating a sound field interpolation method into
pressure matching. First, we introduce the kernel interpolation method for sound fields. Then, the weighted
pressure matching is formulated by representing the sound field using the kernel interpolation.

3.1 Kernel interpolation of sound field
The goal of the sound field interpolation is to estimate the pressure distribution u(rrr) from the discrete set of
pressure measurements sm at rrrm (m ∈ {1, . . . ,M}). This interpolation problem is formulated as

minimize
u∈H

M

∑
m=1

|u(rrrm)− sm|2 +λ∥u∥2
H , (5)

where H is a function space for which we seek a solution, ∥ · ∥H is a norm on H , and λ is a constant
parameter. When H is a function space called a reproducing kernel Hilbert space, the optimization problem
(5) corresponds to kernel ridge regression, for which a closed-form solution can be obtained [15]. Here, H
is assumed to be a reproducing kernel Hilbert space with the inner product ⟨·, ·⟩H and the positive-definite
reproducing kernel κ : H ×H → C. On the basis of the representer theorem [18], the solution for Eq. (5) is
obtained as

u(rrr) = κκκ(rrr)T (KKK +λ III)−1 sss, (6)

where

κκκ(rrr) =
[
κ(rrr,rrr1) . . . κ(rrr,rrrM)

]
(7)

KKK =


κ(rrr1,rrr1) · · · κ(rrr1,rrrM)

...
. . .

...

κ(rrrM,rrr1) · · · κ(rrrM,rrrM)

 (8)

sss =
[
s1 . . . sM

]
. (9)

Next, it is necessary to define appropriate H and ⟨·, ·⟩H , as well as κ . The pressure field u inside the
source-free simply connected region Ω can be modeled as a solution of the homogeneous Helmholtz equation
as

(∇2 + k2)u = 0, (10)



where ∇2 is the Laplacian and k = ω/c is the wavenumber defined with the sound velocity c. Any solution of
Eq. (10) can be well approximated by the superposition of plane waves, i.e., the Herglotz wavefunction [6, 22],
as

û(rrr) =
1

4π

∫
S2

ũ(ξξξ )e−jkkkTrrrdξξξ , (11)

where S2 is the unit sphere, ũ(ξξξ ) is the (square-integrable) complex amplitude of the plane wave of arrival
direction ξξξ ∈ S2, and kkk = −kξξξ is the wave vector. Using this representation, we define the inner product and
norm over the Hilbert space H as

⟨u1,u2⟩H =
1

4π

∫
S2

1
γ(ξξξ )

ũ1(ξξξ )∗ũ2(ξξξ )dξξξ , (12)

∥u∥H =
√
⟨u,u⟩H , (13)

respectively. Here, γ(ξξξ ) is a directional weighting function, which is introduced to incorporate prior knowledge
on source directions. We set the kernel function κ(rrr1,rrr2) as

κ(rrr1,rrr2) =
1

4π

∫
S2

γ(ξξξ )e−jkkkT(rrr1−rrr222)dξξξ . (14)

It can be confirmed that κ(rrr1,rrr2) is the reproducing kernel of H because the inner product of κ(rrr,rrr′) and
u(rrr) equals u(rrr′).

We define the directional weighting function as

γ(ξξξ ) = eρξξξ T r̂rr, (15)

where ρ ≥ 0 is a constant parameter and r̂rr ∈ S2 represents the prior arrival direction of the source. This function
is derived from the von Mises–Fisher distribution in directional statistics [13]. For ρ > 0, one can find that the
smaller the ρξξξ Tr̂rr is, the larger the norm ∥u∥H becomes, and vice versa. Therefore, the regularization term in
Eq. (5) becomes larger when the difference between the prior arrival direction r̂rr and the direction of ξξξ becomes
larger. When ρ = 0, the weighting function becomes uniform (γ(ξξξ ) = 1). The shape of γ(ξξξ ) becomes sharper
with increasing ρ .

By substituting Eq. (15) into Eq. (14), we can derive the kernel function with directional weighting as

κ(rrr1,rrr2) =
1

4π

∫
S2

eρξξξ T r̂rr · e−jkkkT(rrr1−rrr222)dξξξ

= j0

([
(jρ sinθ cosϕ − kx12)

2 +(jρ sinθ sinϕ − ky12)
2 +(jρ cosθ − kz12)

2
] 1

2
)
, (16)

where j0(·) is the 0th-order spherical Bessel function of the first kind, ϕ and θ are the azimuth and zenith
angles of r̂rr, and rrr1 − rrr2 = [x12,y12,z12]

T. By setting ρ = 0, we can simplify Eq. (16), and obtain the kernel
function of uniform weighting as

κ(rrr1,rrr2) =
1

4π

∫
S2

e−jkkkT(rrr1−rrr222)dξξξ

= j0(k∥rrr1 − rrr2∥). (17)

Thus, the kernel interpolation of a sound field is achieved by using Eq. (6) with the kernel function in Eq. (16)
or (17). These kernel functions are derived for a three-dimensional (3D) sound field, but similar kernel functions
can be derived for a two-dimensional (2D) sound field [10].



3.2 Weighted pressure matching based on kernel interpolation
We apply the kernel interpolation in the sound field reproduction to accurately approximate the cost function J
in Eq. (2) from the pressures at the control points. A similar idea has been applied in the context of spatial
active noise control [8, 10, 2] and multizone sound field control [5]. The transfer functions gl(rrr) and desired
sound field udes(rrr) are interpolated from those at the control points as

ĝl(rrr) = κκκ l(rrr)T (KKKl +λ III)−1 gggl := zzzl(rrr)Tgggl (18)

ûdes = κκκdes(rrr)T
(

KKKdes +λ III
)−1

uuudes := zzzdes(rrr)Tuuudes, (19)

where gggl ∈ CL is the lth column vector of GGG, and κκκ l(rrr),κκκdes(rrr) ∈ CN and KKKl ,KKKdes ∈ CN×N are respectively
the vectors and matrices consisting of the kernel function defined with the positions {rrrc,n}N

n=1. Then, the cost
function J can be approximated using ĝgg(rrr) = [zzz1(rrr)Tggg1, . . . ,zzzL(rrr)TgggL]

T as

J ≈
∫

Ω

∣∣∣∣∣ L

∑
l=1

dl ĝl(rrr)− ûdes(rrr)

∣∣∣∣∣
2

drrr

=
∫

Ω

∣∣∣ĝgg(rrr)Tddd − zzzdes(rrr)Tuuudes
∣∣∣2 drrr

= dddHWWW ggddd −dddHWWW guuuudes +C, (20)

where

WWW gg =
∫

Ω
ĝgg(rrr)∗ggg(rrr)Tdrrr (21)

WWW gu =
∫

Ω
ĝgg(rrr)∗zzzdes(rrrT)drrr, (22)

and C is the term not including ddd. Therefore, the optimal driving signal ddd is obtained by solving

minimize
ddd∈CL

dddHWWW ggddd −dddHWWW guuuudes +η∥ddd∥2. (23)

Again, the regularization term is added. This minimization problem also has the closed-form solution as

d̂dd = (WWW gg +ηIII)−1 WWW guuuudes. (24)

Since the directions of the secondary sources are generally known, the kernel functions for interpolating gl(rrr)
as well as zzzl(rrr) can be defined in advance by using Eq. (16). When the desired sound field is set with the
parameters of source directions and positions, r̂rr for udes(rrr) can also be given. When it is difficult to set r̂rr in
advance, the kernel function of uniform weighting Eq. (17) will be appropriate for defining zzzl(rrr) and/or zzzdes(rrr).

When using the same kernel function for interpolating gl(rrr) and udes(rrr), e.g., the kernel function of uniform
weighting Eq. (17), the cost function J in (20) can be further simplified. By defining zzz(rrr)T = κκκ(rrr)T(KKK+λ III)−1,
we can obtain J as

J ≈
∫

Ω

∣∣∣zzz(rrr)T
(

GGGddd −uuudes
)∣∣∣2

=
(

GGGddd −uuudes
)H

WWW
(

GGGddd −uuudes
)H

, (25)

where

WWW =
∫

Ω
zzz(rrr)∗zzz(rrr)Tdrrr. (26)
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Figure 2. Experimental setup. The target region was set as a 2D square region. Red dots and blue crosses
indicate loudspeakers and control points, respectively.

Thus, the optimal driving signal is derived as

d̂dd =
(

GGGHWWWGGG+ηIII
)−1

GGGHWWWuuudes. (27)

This driving signal can be regarded as the solution of the weighted mean square error between synthesized and
desired pressures at the control points. Therefore, we refer to the proposed method as weighted pressure match-
ing. The weighted pressure matching enables the increase in the reproduction accuracy of pressure matching
only by introducing the weighting matrix. Note that the matrices WWW , WWW gg, and WWW gu can be computed only with
the positions of the control points and the target region Ω by defining the kernel function using Eq. (16) and/or
(17).

4 EXPERIMENTS
We conducted numerical experiments to evaluate the proposed method. Pressure matching and weighted pres-
sure matching are hereafter denoted as PM and WPM, respectively. We also evaluated WPM with directional
weighting, which is hereafter denoted as WPM (directional). In the experiments, we assumed a 2D free field.

As shown in Fig. 2, 12 loudspeakers were placed at the same intervals along the border of a square with
dimensions of 2.0 m× 2.0 m. The target region Ω was set as a square region of 1.0 m× 1.0 m. The centers
of these squares were at the origin. Sixteen control points were placed at the same intervals over the target
region. In Fig. 2, the loudspeakers and control points are indicated by red dots and blue crosses, respectively.
Each loudspeaker was assumed to be a point source. The desired sound field was set to be a single plane-wave
field, whose propagation direction was π/4 rad.

uuudes and GGG were given as pressure measurements at the control points. In WPM, the kernel function was
set to be uniform, i.e., Eq. (17). The kernel function in WPM (directional) was the directional kernel given
by Eq. (16), where the direction r̂rr was set as the true directions of primary and secondary sources, and the
parameter ρ was 5.0. The regularization parameter λ in Eq. (6) and η in Eqs. (4), (24), and (27) were set as
10−6. For evaluation measure, we define the signal-to-distortion ratio (SDR) as

SDR(ω) =

∫
Ω |udes(rrr,ω)|2drrr∫

Ω |usyn(rrr,ω)−udes(rrr,ω)|2drrr
, (28)

where the integration was computed at the evaluation points regularly distributed over the target region. The
intervals of the evaluation points were 10−2 m.

The SDR with respect to the frequency is plotted in Fig. 3. The SDRs were larger than 20 dB at frequencies
below 390 Hz. Above 400 Hz, the SDRs of WPM and WPM (directional) were larger than that of PM. In
particular, WPM (directional) maintained a large SDR at high frequencies. In Figs. 4 and 5, the synthesized
pressure distribution and square error distribution at 450 Hz of each method are shown. The region of small
errors in WPM was larger than that of PM. The SDRs of PM, WPM, and WPM (directional) were 11.9, 17.3,
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Figure 3. SDR with respect to frequency.
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Figure 4. Synthesized pressure distributions at 450 Hz.
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Figure 5. Square error distributions at 450 Hz. The SDRs of PM, WPM, and WPM (directional) were 11.9,
17.3, and 18.3 dB, respectively.



and 18.3 dB, respectively. It can be considered that these differences are the effect of the interpolation. By
taking into consideration the region between the control points, we can improve the reproduction accuracy.
Since the interpolation accuracy of the directional kernel is high because of the use of prior information on the
source directions, WPM (directional) achieved the highest reproduction accuracy.

5 CONCLUSION
We proposed a sound field reproduction method called weighted pressure matching. Pressure matching is a
widely used optimization-based sound field reproduction method because of its simplicity. Since pressure match-
ing is based on the synthesis of desired pressures at a discrete set of control points distributed over the target
region, the region between the control points is not taken into consideration. Our cost function is defined as
the regional integration of the synthesis error over the target region. On the basis of the kernel interpolation of
sound fields, the driving signal of weighted pressure matching is obtained as the weighted least squares solu-
tion with the weighting matrix consisting of the regional integration of the kernel functions. In the numerical
experiments, the weighted pressure matching achieved high reproduction accuracy compared with conventional
pressure matching, especially at high frequencies. By introducing the directional weighting for interpolating the
sound field, we can further increase the reproduction accuracy.
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ABSTRACT
Speech enhancement aims to improve the perceptual quality and intelligibility of speech in the presence of additive
noise, reverberation, competing speech, background music etc., while audio enhancement is an extension of this
concept to full bandwidth audio signals, e.g., music, animal vocalization etc. Formerly, these problems have been
tackled using classic methods, such as Wiener filtering, beamforming and time-frequency masking. However,
in recent years, solutions using data-driven techniques, e.g., machine and deep learning, artificial intelligence
etc., have become increasingly popular. Still, only a handful of these solutions incorporate array processing,
making spatial audio enhancement a problem that, to large extent, remains open. In this paper, we survey recent
publications on multi-channel speech and audio enhancement using machine and deep learning techniques to
find trends in applications, system formats, signal modelling, datasets, solution types, learning methods, feature
extraction techniques, model architectures, loss functions, objective and subjective metrics, as well as looking into
the recent rise of data challenges on these and related topics. All so that, researchers can easily analyze if they’re
beating on a dead horse, trying to reinvent the wheel, or actually contributing to their field of research.

Keywords: speech and audio enhancement, array processing, machine and deep learning.

1 INTRODUCTION
Inspired by the fact that people can selectively pay attention to sound sources in noisy environments while filtering
out the rest of the auditory stimuli based on associated binaural cues, i.e., as in the cocktail party effect, array
processing can be incorporated into microphone technology, in which different arrays with multiple microphones
and different geometries can be used to capture sound scenes, thus improving the spatial information of sound
recordings. However, to extract underlying features from each microphone channel, detect onsets and offsets of
sound events, estimate their Direction of Arrival (DOA), and enhance sound scenes aiming at a more intelligible
representation of sound fields, still is a harder task for machines than for humans, even with more than two
“electronic ears” (1, 2).

This is where machine and Deep Learning (DL) techniques come to the rescue of applications such as Acous-
tic Echo Cancellation (AEC), audio inpainting, dereverberation, noise suppression, Speech Recognition (SR),
Speech Enhancement (SE), Speech Separation (SS), Sound Event Localization and Detection (SELD), among
others. While some authors might argue that these techniques require vast amounts of training data (specially
for the multi-channel case), training a Machine Learning (ML) model once is still more reasonable than having
to continuously estimate both signal and noise features while running speech enhancement algorithms, e.g., as
recently presented in the works of (3–5).

Lately, multi-channel speech and audio enhancement have become hot topics, both in academia and audio
industry, due to the fact that they seem to be a good fit for sound processing in applications such as interactive
broadcasting, augmented and virtual reality (XR) services etc., which could be regarded as one of the main
reasons for a newly rise in spatial audio data challenges, e.g., as in (6–9). These challenges, in turn, usually
provide access to State-of-the-Art (SOTA) baseline models and custom training datasets, stimulating research on
these and related topics, while also popularizing science and technology. Submitted results usually surpass baseline
metrics, promoting advances in the field.
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Considering these aspects, and inspired by other surveys that focused on specific ML and DL architectures,
e.g., as in (10), on this paper, we survey recent ML and DL applications related to multi-channel speech and audio
enhancement, regardless of model specifications. Our main goal is to find trends in applications, system formats,
signal modelling, datasets, solution types, learning methods, feature extraction techniques, model architectures,
loss functions and objective and subjective metrics. The remainder of this paper is organized as follows: Section
2 details the methodology adopted in this survey, Section 3 presents our results, Section 4 presents some pertinent
discussions and Section 5 concludes this paper.

2 METHODOLOGY
For this survey, we searched for articles published in English language, from January to December 2021, matching
the search strings “audio enhancement” OR “dereverberation” AND in the context of “machine learning” OR
“deep learning”, from various databases, e.g., the AES E-Library, ACM Digital Library, Google Scholar, IEEE
Digital Library, JASA, MDPI, ResearchGate, ScienceDirect, Springer, arXiv etc., being selected 117 articles.

It’s important to mention that not all of the chosen articles account for multi-channel scenarios. As illustrated
in Figure 1(a), only 23% of the articles reviewed explicitly specify that they are dealing with multi-channel
scenarios, in contrast with 24% explicitly specifying that they are dealing with single-channel scenarios. Other
scenarios include binaural, Ambisonics and stereo signals. However, most part of these articles don’t even specify
this information.

Since authors in (11–14) suggest that single-channel ML and DL solutions can be extended to multi-channel
applications by simply processing each channel independently, this has not been regarded as an exclusion criterion
in our survey, which may indicate the reason why so many articles don’t even mention the number of input
channels intended for their applications. Thus, references (15–45) only account for articles in which it is explicitly
specified that they are dealing with multi-channel scenarios. For the complete list of articles reviewed, please refer
to this external link.

3 RESULTS
In order to achieve the main goal of this survey, 24 questions were initially formulated for data extraction, as
illustrated in Figure 1. The main take-outs from this analysis are presented in this section.

3.1 Article origins
Most part of the articles reviewed was published by the IEEE Digital Library, followed by arXiv and Springer.
Other publishers include Elsevier/ScienceDirect, ACM Digital Library, JASA, MDPI, AES E-Library, Research
Square and university repositories for M.Sc and Ph.D dissertations, as illustrated in Figure 1(b). It’s important to
mention that arXiv is an open-access repository of electronic pre- and post-prints, which are approved for posting
after moderation, but not peer-reviewed.

Author’s affiliations are somewhat divided between higher education institutions, e.g., academies, institutes of
technology, universities, etc., and subsidiary research departments of corporations, e.g., Adobe, Facebook, Google,
IBM, Microsoft, Samsung, Sony etc., as illustrated in Figure 1(c). Other affiliations include semi-private research
institutions, and government fully financed research institutions.

The countries of origin of these institutions and corporations totaled the amount of 28, being the United
States of America (USA), China and Japan the main contributors, as illustrated in Figure 1(d). Other countries
include South Korea, Germany, United Kingdom (UK), India, Switzerland, France, Denmark, Netherlands, Canada,
Ireland, Italy, Norway, Spain, Taiwan, Vietnam, Austria, Brazil, Chile, Greece, Hong Kong, Israel, Malaysia,
Pakistan, Poland and Singapore.

3.2 Article types and details
Most articles are conference papers, followed by pre-prints and journal articles, as illustrated in Figure 1(e). Other
studies include M.Sc dissertations, Ph.D thesis, book chapters, extended abstracts and technical notes.

Conferences include ISCSLP, EUSIPCO, International Workshop on MLSP, ASRU workshop, DSLW, ICSIPA,
SLT workshop, WASPAA, ICAIIC, ICTC, ICASSP, Interspeech, and the AES convention.

https://www.aes.org/e-lib/
https://dl.acm.org/
https://scholar.google.com/
https://ieeexplore.ieee.org/
https://ieeexplore.ieee.org/
https://asa.scitation.org/journal/jas
https://www.mdpi.com/
https://www.researchgate.net/
https://www.sciencedirect.com/
https://link.springer.com/
https://arxiv.org/
https://drive.google.com/file/d/1rpRiSjyNpHIF9GzNzy8qTQEmKHLMzDkN/view?usp=sharing
https://ieeexplore.ieee.org/
https://arxiv.org/
https://link.springer.com/
https://www.sciencedirect.com/
https://dl.acm.org/
https://asa.scitation.org/journal/jas
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https://www.researchsquare.com/
https://www.researchsquare.com/
https://arxiv.org/
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https://2021.ieeemlsp.org/
https://ieeexplore.ieee.org/xpl/conhome/9687821/proceeding
https://conferences.ece.ubc.ca/dslw2021/
https://sps.ieeemy.org/icsipa2021/
http://2021.ieeeslt.org/
https://waspaa.com/
http://2021.icaiic.org/
https://ieeexplore.ieee.org/xpl/conhome/9620727/proceeding
https://ieeexplore.ieee.org/xpl/conhome/9413349/proceeding
https://www.interspeech2021.org/
https://aes2.org/events-calendar/aes-fall-online-2021/


Figure 1. Simplified pie-charts for all information retrieved in this survey.



Journals include Applied Acoustics, Computer Speech & Language, Digital Signal Processing, Electronics,
EURASIP Journal on Audio, Speech, and Music Processing, Hearing Research, IEEE Access, IEEE/ACM Trans-
actions on Audio, Speech, and Language Processing, International Journal of Speech Technology, Multimedia
Tools and Applications, Neural Computing and Applications, Neural Networks, Research Square, Sensors, Speech
Communication, JASA, and ACM Transactions on Asian and Low-Resource Language Information Processing.

Challenges include (along with various editions of) CEC, AEC and DNS. Book chapters include parts of the
AISC and CCIS book series. Proceedings include WebMedia ’21 and the ACM on Interactive, Mobile, Wearable
and Ubiquitous Technologies. M.Sc dissertations include one submitted to ZHAW and another to the Iowa State
University. Finally, Ph.D thesis include one submitted to Unimore.

The articles’ average number of pages is 8, varying from 2 to 30 (except for the M.Sc and Ph.D dissertations,
which are 31, 35 and 118 pages, respectively). The most frequently used keywords are speech enhancement,
neural network and dereverberation, as illustrated in Figure 1(f).

3.3 Applications
Applications are often joint, and include, but are not limited to, SE, dereverberation, noise suppression, SR and
SS, as illustrated in Figure 1(g). Other applications include AEC, audio enhancement, speaker identification,
speech processing, audio separation and audio restoration.

Application’s contexts, when provided, are mostly directed to communications, hearing aids and Audio-Visual
Speech Enhancement (AVSE), as illustrated in Figure 1(h). Other include suppressing non-linear distortions, en-
hancing heavily compressed signals in both speech and musical domains, audio inpainting applied to both speech
and music signals, law-enforcement and forensic scenarios, acoustic-to-articulatory inversion, input-to-output map-
ping of auditory models, studio recordings and selective noise suppression.

3.4 Problem formulation
Most articles consider speech as signal of interest, as illustrated in Figure 1(i), while other either consider music
or do not specify this information. In contrast, most articles consider noise as additive, followed by convolutive
and competitive, as illustrated in Figure 1(j). Other include either non-linear distortion, or did not specify this
information. As far as acoustic signal modelling goes, all articles consider far-field conditions.

Regarding system’s format or configuration, for articles in which this information is completely specified,
most are Single-Input-Single-Output (SISO) systems, followed by both Multiple-Input-Multiple-Output (MIMO)
and Multiple-Input-Single-Output (MISO) systems. Other formats are Multiple-Input systems without a specified
output format (MIXX), Single-Input systems without a specified output format (SIXX) or are systems with com-
pletely unspecified input-output formats (XXXX), as illustrated in Figure 1(k).

3.5 Datasets
Concerning datasets, we identified 3 main categories: naturally recorded, synthetically produced and jointly pro-
duced, e.g., datasets obtained by processing combinations of natural recordings with synthetic sounds. Some
articles used purely natural datasets, in contrast with purely synthetic ones, as illustrated in Figure 1(l). Yet, the
majority of these studies used joint combinations, by either adding different types of noise with signals of inter-
est at various Signal-to-Noise Ratios (SNR), or convolving sounds with naturally recorded or synthesized Room
Impulse Responses (RIR) etc.

Datasets include (along with various versions of) the WSJ corpus, LibriSpeech ASR corpus, TIMIT, DE-
MAND, CHiME, VoxCeleb, AudioSet, MUSAN, LibriVox, AISHELL, NOISEX-92, VCTK, VoiceBank corpus,
QUT-NOISE, DAPS, THCHS-30, VOiCES, YouTube Audio Library, FSD50K, WHAMR!, Aurora-2, AVSpeech,
CREMA-D, FreeSound, Greek Harvard Sentences, LibriTTS, MS-SNSD, MUSDB18, UrbanSound8K, AIR databa-
se, Albayzín database, AMI corpus, Audio MNIST, British National corpus, BUT Speech@FIT Reverb database,
CIPIC database, the corpus of Spontaneous Japanese, EchoThief, ESC-50, ESTER, Free Music Archive, FUSS,
GTZAN, Harvard Sentences, LibriCSS, LOCATA, the Oxford-BBC LRS2, MARDY, MaSS, MAVIR, Million Song
dataset, MIRD database, MIT IR survey, Mixer 6 Speech, Mozilla Common Voice, OpenSTT, RAVDESS, Sound-
Bible, the Spoken Wikipedia corpora, TAU Urban Acoustic Scenes, TC-STAR, TED-LIUM, TED-talks dataset,
VocalSet and the VoiceHome-2 corpus.
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Datasets related to (and various editions of) data challenges include DNS, REVERB, F2SV, AEC, DCASE,
ConferencingSpeech, CEC and L3DAS MLSP. Moreover, other datasets are considered custom, for being either
acquired or synthesized by the paper’s authors.

The choice for either natural, synthetic or joint datasets directly impacts in-the-wild applicability, since models
trained on purely synthetic data usually don’t generalize well when being tested with naturally acquired data.
Most articles are not suitable for in-the-wild applications, followed by some who claim that, when trained on a
specific corpora, can produce fair results, as illustrated in Figure 1(m). Following that, only a few affirm they
can be used in-the-wild, while others did not specify this information.

3.6 Approaches and learning methods
Most articles reviewed present either ML or DL solutions, i.e., End-to-End (E2E) applications, followed by joint
ones, i.e., those that either require pre- or post-processing modules, as illustrated in Figure 1(n). These pre- and
post-processing techniques are listed in Table 1, sorted by category.

Category Techniques

Adaptive filtering Iterative Signal Enhancement (ISE), Kalman filtering, Minimum Mean Square Error (MMSE) filtering, Weighted Prediction Error (WPE)
filtering.

Auditory-based Cochlear models, Equivalent Rectangular Bandwidth (ERB) filterbanks.

Beamforming Binaural beamformers, Convolutional Beamformers (CBF), Minimum Variance Distortionless Response (MVDR) beamformers, Minimum-
Power Distortionless Response (MPDR) beamformers, Steering Vector Estimation (SVE), Weighted Power minimization Distortionless (WPD)
response beamformers.

Dimensionality re-
duction

Anchor segment mining, cepstral smoothing, conjugate symmetry.

Encoding D-vector and X-vector.

Inverse filtering Non-linear Spectral Subtraction (NSS), Spectral Magnitude Inverse Filtering (SMIF), Spectral Subtraction (SS), Wiener filtering.

Sparsification Complex Gaussian Mixture Models (CGMM), Sparse Split Bregman (SSB) dereverberation.

Subspace Mel-warped spectral basis vectors (DCTCs), pitch-related fine detail spectral basis vectors (PRCCs).

Vocoders Griffin Lim, MelGAN, WaveGlow.

Table 1. Categorized pre- and post-processing techniques.

Regarding low-level feature extraction methods, which can be used by either ML, DL or joint solutions, the
most used ones are Short-Time Fourier Transform (STFT), Mel spectrogram, Log-Power Spectrogram (LPS), and
Mel Frequency Cepstral Coefficients (MFCC), as illustrated in Figure 1(o). Other features are listed in Table 2,
sorted by category.

Category Features

Acoustic Loudness, pitch.

Auditory-based ERB-based STFT, Gammatone Filterbank in Time-Frequency (GF-TF).

Compression Discrete Cosine Transform (DCT).

Harmony Chroma energy normalized (CENS), chromagram.

Spectral Complex Compressed Spectra (CCS), Constant-Q Transform (CQT), Log-Filterbank Energy (LFBE), magnitude spectrogram, phase informa-
tion, power-law compressed spectrogram.

Subspace Mel-warped spectral basis vectors (DCTC), pitch-related fine detail spectral basis vectors (PRCC).

Vocal Fundamental frequency (F0).

Table 2. Categorized low-level features.

Between learning methods, most part of them are trained in a supervised manner, as illustrated in Figure 1(p).
Other include unsupervised, self- and semi-supervised manners.

https://www.microsoft.com/en-us/research/academic-program/deep-noise-suppression-challenge-icassp-2021/
http://reverb2014.dereverberation.com/
http://www.interspeech2020.org/index.php?m=content&c=index&a=lists&catid=407
https://www.microsoft.com/en-us/research/academic-program/acoustic-echo-cancellation-challenge-icassp-2022/
https://dcase.community/challenge2021/index
https://tea-lab.qq.com/conferencingspeech-2021
https://claritychallenge.org/clarity_CEC1_doc/docs/cec1_submission
https://www.l3das.com/


3.7 Model architectures and training details
As for model architectures, the most used ones are 1-D and 2-D Convolutional Neural Networks (CNN), followed
by uni- or bi-directional Long Short-Term Memory (LSTM) block, U-net, Fully Connected (FC) architectures,
attention network, Recurrent Neural Network (RNN) and Temporal Convolutional Network (TCN), as illustrated
in Figure 1(q). Other architectures are listed in Table 3, sorted by category.

Category Architectures

Adversarial Generative Adversarial Network (GAN).

Convolutional Deep Complex Convolution Recurrent Network (DCCRN), Dilated Convolutional Network (DCN), Time-Dilated Convolutional Network
(TDCN).

Encoder / Decoder Autoencoder (AE), wav2vec.

Feedforward Gated Linear Unit (GLU) block, Global Residual Connection (GRC), Residual Neural Network (ResNet), Sequential Memory Network (SMN),
Time Delay Neural Network (TDNN).

Geometrical Graph Neural Network (GNN).

Neural beam-
former

Transform Average Concatenate (TAC).

Recurrent Convolutional Recurrent Neural Network (CRNN), Gated Recurrent Unit (GRU) block, Modified Deep Complex Convolutional Recurrent
Network (MDCCRN), Recurrent Neural Network Transducer (RNN-T).

Reinforcement
learning

Deep Q-Network (DQN).

Seq2Seq Conformer network, Gated Residual Network (GRN), Transformer network.

Statistical / Proba-
bilistic

Gaussian Mixture Model (GMM), Hidden Markov Model (HMM).

Table 3. Categorized model architectures.

With respect to loss functions, the most used one is the Mean Squared Error (MSE), as illustrated in Fig-
ure 1(r). Other are listed in Table 4, sorted by category.

Category Loss functions

Auditory-based ERB-based cochlear loss.

Perceptual-based Global Variance Equalization (GVE), modified Perceptually Optimized Speech Denoising Autoencoder (POS-DAE) loss, Perceptual Evaluation
of Speech Quality (PESQ), Short-Time Objective Intelligibility (STOI).

Signal quality Optimal Scale-Invariant SNR (OSI-SNR), Scale Invariant SNR (SI-SNR), segmented SI-SNR, signal-to-noise ratio (SNR).

Spectral Complex compressed spectral loss, complex spectral loss, Frequency-Domain (FD) loss, magnitude spectral loss, magnitude-based loss, Multi-
Scale Spectrogram (MSS) loss, Phase- and Harmonics-aware Speech Enhancement Network (PHASEN) loss, Real and Imaginary (RI) loss,
spectral correlation loss, spectral distance, spectral loss.

Statistical / Proba-
bilistical

Binary cross-entropy, categorical cross-entropy, clustering loss, Connectionist Temporal Cost (CTC), cross-entropy, Evidence Lower Bound
(ELBO), Kullback Leibler (KL) divergence, Mean Absolute Error (MAE), Mean Absolute Logarithmic Error (MALE), negative-log posterior
Probability Density Function (PDF) loss, Root Mean Squared Error (RMSE), Scale Invariant MSE (SI-MSE), scaled-MSE.

Target distance Average absolute difference, Cepstral Distance (CD), Convolutive transfer function Invariant SDR (CI-SDR), cosine similarity, feature matching
loss, frame-level PIT (tPIT), L1-norm, L1-norm waveform loss, L2-norm, Mixture Invariant Training (MixIT), Permutation Invariant Training
(PIT), reconstruction loss, reverb-visual matching loss, Scale Invariant SDR (SI-SDR), Scale Dependent SDR (SD-SDR), signal approximation,
Signal-to-Distortion Ratio (SDR), Structural Similarity (SSIM) index, Sum of Squared Residuals (SSE), utterance-level PIT (uPIT), Weighted
Progressive (WP) loss, weighted-SDR loss.

Target matching Adversarial loss, Automatic Speech Recognition (ASR) loss, Boundary Equilibrium Generative Adversarial Network (BEGAN) loss, General-
ized E2E eXtended-set (GE2E-XS) loss, triplet loss, Wasserstein loss.

Threshold-based Equal Error Rate (EER), minimum value of the Detection Cost Function (minDCF).

Table 4. Categorized loss functions.

For the choice of optimizer, the Adam algorithm was the most used one, followed by its variant, AdamW,
as illustrated in Figure 1(s). Other include AdaBelief, AdaGrad, Noam, RMSprop and pure Stochastic Gradient
Descent (SGD). A remaining of 37% did not specify this information. Learning rates, when specified, varies
wildly from 0.00005 to 1, with a mean value of 0.021885. Number of free parameters, when specified, also
alters significantly from 0.38M to 189.82M, with a mean value of 21.85M. Number of epochs trained, when



specified, also changes wildly from 1 to 1M, with a mean value of 49.6k. For the choice of back-end, most
articles reviewed used PyTorch, as illustrated in Figure 1(t). Other include TensorFlow and Keras. A remaining
of 69% did not specify this information. Moreover, most articles are not related to any challenges, as illustrated
in Figure 1(u), while 12% are either challenge baselines or submissions.

3.8 Objective metrics and real-time factor
For performance assessment, most articles used the Perceptual Evaluation of Speech Quality (PESQ), followed by
by Short-Time Objective Intelligibility (STOI) and Signal-to-Distortion Ratio (SDR), as illustrated in Figure 1(v).
Other objective metrics are listed in Table 5, sorted by category.

Category Objective metrics

Accuracy Character Error Rate (CER), Phase-Difference Signs accuracy (PDS Acc), Phone Error Rate (PER), Word Acceptance rate (WAcc), Word Error
Rate (WER).

Computational ef-
ficiency

Floating Point Operations per Second (FLOPS).

Intelligibility Extended STOI (ESTOI), Hearing-Aid Speech Perception Index (HASPI), Modified Binaural STOI (MBSTOI), overlap ratio, Speech Intelligi-
bility In Bits (SIIB).

Signal quality Echo Return Loss Enhancement (ERLE), frequency weighted SNR, frequency weighted SSNR, Noise Reduction Factor (NRF), peak SNR
(pSNR), Perceptual Objective Listening Quality Assessment (POLQA), recommendation P.862 of the international telecommunication union’s
standardization sector (ITU-T), Scale Invariant SIR (SI-SIR), Segmental SNR (SSNR), Signal Distortion Index (SDI), Signal-to-Artifacts Ratio
(SAR), Signal-to-Interference Ratio (SIR), Signal-to-Interferer and Noise Ratio (SINR), SI-SNR, SNR, Virtual Speech Quality Objective Lis-
tener (VISQOL), Wide-Band PESQ (WB-PESQ).

Spectral Distortion Index (DI), Log-Spectral Distortion (LSD), Mel Cepstral Distortion (MCD), speech Envelope Power Spectrum Model (sEPSM).

Statistical / Proba-
bilistic

MAE, Log-Likelihood Ratio (LLR), MSE, neurogram MSE, Normalized Root MSE (NRMSE), Pearson’s Correlation Coefficient (PCC), scales
of Signal distortion (SIG), Background intrusiveness (BAK) and the mean Opinion score (OVL), unwrapped Root MSE (unRMSE).

Target distance CD, conditional FDSD, cosine similarities, Fréchet Deep Speech Distance (FDSD), Linear Correlation Coefficient (LCC), Objective Difference
Grade (ODG), Scale Invariant SDR (SI-SDR).

Threshold-based EER, minDCF.

Table 5. Categorized objective metrics.

The Real-Time Factor (RTF) can be regarded as another objective metric, which determines real-time applica-
bility. Regarding this metric, only 21% of all articles explicitly specify that their solutions can be categorized as
"online", whereas 21% explicitly specify that their solutions are either "latent" or "offline". A remaining of 66%
did not specify this information.

3.9 Invasive and non-invasive subjective metrics
In some cases, performance assessment was also conducted by means of subjective tests. Among intrusive subjec-
tive metrics, i.e., those in which human subjects directly participate, MOS was the most used one, as illustrated in
Figure 1(w). Other subjective metrics include recommendations P.808 and P.835 of the ITU-T, MUltiple Stimuli
with Hidden Reference and Anchor (MUSHRA), Differential MOS (DMOS), sentence recognition score, Speech
MOS (SMOS), recommendation BS.1161 of the ITU radiocommunication standards (ITU-R), Keyword Accuracy
Rate (KAR), Kruskal-Wallis test and Noise MOS (NMOS). However, most articles (56%) did not conducted any
kind of subjective tests, while a few (6%) did not specify this information.

In contrast, non-invasive subjective metrics, i.e., those in which data-driven methods are used to estimate
human evaluations, were used in 28% of articles reviewed, as illustrated in Figure 1(x). Models include PESQNet,
pMOS, AECMOS and DNSMOS. Moreover semi-intrusive subjective tests, i.e., by means of online platforms, like
Amazon Mechanical Turk and Azure services, were also conducted in a few articles, as illustrated in Figure 1(y).

4 DISCUSSION
From the aforementioned results, some pertinent discussions are in place:

• Regarding Figure 1(a), it’s important to question why so many authors do not specify whether they are
considering single- or multi-channel scenarios. Perhaps future contributions are on demand to verify whether

https://pytorch.org/
https://www.tensorflow.org/
https://keras.io/
https://www.itu.int/rec/T-REC-P.808/en
https://www.itu.int/rec/T-REC-P.835/en
https://www.itu.int/dms_pubrec/itu-r/rec/sa/R-REC-SA.1161-3-201908-I!!PDF-E.pdf
https://www.mturk.com/
https://azure.microsoft.com/pt-br/services/cloud-services/


single-channel SE is in fact applicable to multi-channel scenarios, for this may reduce the effort of related
solutions.

• Regarding Figures 1(b)-(e), although the high percentage of pre-prints could be worrisome, since this kind
of contribution may not be properly peer reviewed, it’s interesting that so many articles were not properly
published back in 2021, and yet, their contributions could still have an impact in their research’s field.
However, some of these became published in 2022. The balance between academic and private research
seems to be a nice feature, however the same cannot be said about where in the world most research is
conducted, since it concentrates in North American, Asian and European countries.

• Regarding Figures 1(f)-(j), it’s no surprise that most authors chose to deal with speech enhancement, since
this type of signal is considered band-limited, which reduces complexity of both problem formulation and
solution derivation. The fact that most research are focused on communications can somehow justify the
importance of single-channel SE, since edge devices are mostly equipped with single microphones with the
purpose of capturing voice signals. Another important factor is that, during the COVID-19 pandemic, lots
of researches were also being conducted on conferencing and meeting scenarios. However, when dealing
with hearing aids technology, further contribution regarding multi-channel full bandwidth audio enhancement
may be on demand, since this could directly benefit the hearing impaired community w.r.t. SELD tasks.
The balance between additive and convolutive consideration of noise signals seem to be fair, since the
intelligibility of sounds is usually affected by either overlapping sound sources and reverberation, yet when
additive noise is of the same type as the signal of interest, i.e., competitive, the performance of data-driven
solutions is usually lower, which indicates another possible demand for further contributions.

• Regarding Figures 1(k)-(m), it’s interesting that even when authors consider multi-channel scenarios, most
solutions usually perform a signal down-mix, i.e., after processing multi-channel audio, the number of chan-
nels is drastically reduced, which may discard spatial information. The fact that most datasets are jointly
produced with natural and synthetic sounds seems not to be a good feature, since the performance of mod-
els trained on synthetic data is usually lower for real scenarios, i.e., in-the-wild applications. Also, w.r.t.
multi-channel scenarios, there seems to be a disparity between diversity of microphone array configurations
and variety of datasets. Usually, the number of channels of audio samples in datasets is low (up to 8 chan-
nels), and yet, current microphone technology can go further (up to 64 channels). Thus, contributions on
real and spatial audio dataset acquisition are on urgent demand.

• Regarding Figures 1(n)-(p), it’s good for the reputation of data-driven solutions that so many are E2E.
However, the majority of them seem to depend on spectral feature extraction methods, which indicates
that most architectures are based on image processing techniques instead of audio. Furthermore, although
transforming time-series audio signals into a Time-Frequency (T-F) representation is regarded as a reversible
operation, transforming T-F representations back to time-domain usually entails audible artifacts. Also, w.r.t.
learning methods, it’s clear that contributions on unsupervised learning are highly demanded. And, since
data-driven solutions usually require vast amounts of data to increase their performance, it would be better
if data needed not to be tagged.

• Regarding Figures 1(q)-(t), it’s evident that classical ML and DL architectures, e.g., 1-D and 2-D CNN,
(Bi)LSTM and FC, are still the go-to models for most authors, although some recently proposed models,
e.g., U-net and attention network, are gaining some space, indicating that there’s still a margin for technique
development. Focusing on the CNN architecture, which is the most used one, it is still entangled with image
processing techniques. But on the other hand, TCN brings some advantages to audio processing, for this
kind of architecture is able to process phase information from the get-go which, in turn, needs no audio
reconstruction processes, i.e., conversion from frequency- to time-domain. Loss function types varies wildly,
although classic MSE is still the most used one, while for the choice of optimizer, it seems that SGD
algorithms are canonical. For no apparent reason, most authors prefer not to discuss which back-end was
used in their work, yet Python related ones seem to be quite popular.



• Regarding Figure 1(u), besides most research being not related to any challenges at all, a vast number of
articles make use of challenge related datasets, baseline models as benchmarks and also specially developed
metrics, such as data-driven non-intrusive subjective metrics for performance assessment.

• Regarding Figures 1(w)-(x), it’s clear that most research do not conduct any kind of subjective performance
evaluation. Some authors argue that subjective metrics are still the golden standard for audio enhancement
techniques in general, yet, in practice, it seems to be easier said than done. In 2021, we were all still
dealing with lockdown, remote work etc., which can be regarded as an impacting factor w.r.t. listening
tests. Even when analysing the most used objective metrics, there’s an evident trend in which it’s clear
the importance of perceptually-inspired objective metrics. Moreover, to circumvent this need for perceptual
evaluation, some authors resorted to Neural Network (NN) predictions based on human ratings, i.e., non-
intrusive subjective evaluations. Another option was to conduct online subjective tests, which saw little
engagement, perhaps due to testing environment and hardware issues.

5 CONCLUSIONS
Although most research on speech and audio enhancement using ML and DL techniques is still concentrated in
North American, Asian and European countries, some contributions from other locations prove that there’s room
for diversity and inclusion improvements in the field of research.

Also, it is evident that full bandwidth audio enhancement is still less favored compared to SE, especially on
multi-channel applications. However, spatial audio enhancement is becoming a highly demanded solution in the
context of immersive audio, and ML and DL techniques have shown to be well suited approaches.

Moreover, while most researchers prefer to travel safely, there are uncharted areas of knowledge to be inves-
tigated, by those who dare to take the off-road path. The most urgent contributions seems to be on:

• Verifying whether single-channel enhancement can really be extrapolated to multi-channel scenarios;

• Expanding enhancement techniques to full bandwidth audio signals;

• Increasing performance robustness against competitive noise,

• Deriving solutions in which spatial audio information is preserved;

• Producing a greater variety of real and multi-channel datasets;

• Investigating unsupervised learning for the sake of big-data; and

• Disentangling model architectures from image processing techniques.

Finally, while anticipating the end of the COVID-19 pandemic, it is expected to see an increase in subjec-
tive tests by future publications. Yet, the perspective of using NN to circumvent the human factor on audio
enhancement performance assessment remains daunting, to say the least.
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ABSTRACT 

This work proposed a method to achieve a compact source array constituted by the open-ended, flexible tubes 
connected to the loudspeakers as elementary sources. For the removal of the effects of pipe resonances caused 
by a finite length and the distortion of the transferred sound due to the area difference between tube and 
loudspeaker, a tube-connected source is modelled analytically by employing the measured source parameters. 
The calculated transfer matrix based on the model is used to obtain the inverse filter between the source plane 
and tube aperture. The tube resonances below 5 kHz are well suppressed except for the increasing 
discrepancies at high frequencies. The directivity index remains below 0.5 dB for the frequency range lower 
than 5 kHz on the aperture plane of the tube, indicating the achievement of a pseudo point source. The 
controlled test with a tetrahedral array reveals the capability of sound beam steering in the desired direction 
by employing the tube-connected pseudo point sources. 
 
Keywords: Tube-connected source, Pseudo point source, Inverse filter, Compact array, Beamforming 

1. INTRODUCTION 
In designing an acoustic array system for sound field control, an elementary acoustic source in the array 

should be a point source having ideal radiation characteristics. However, due to its dimension and structure, 
the loudspeaker in a practical source array is often not a perfect point source. It causes deviation from the 
designed target sound field. Various theoretical and experimental methods have been suggested to 
compensate for the discrepancy [1-4]. However, a source characteristic approaching a perfect point source is 
still preferable to minimize the required efforts. In this background, an open-ended tube system connected to 
a loudspeaker is designed and developed as an elementary source of an array, which becomes a pseudo point 
source in a compact form, radiating the spherical wave for the effective frequency range. 

2. DESIGN PRINCIPLE 
One can assume the sound radiation from an open-ended tube is omnidirectional if the Helmholtz number 

ka is significantly less than 1. Here, a denotes the radius of the tube, k is the wavenumber  0c ,  the 

radial frequency, and c0 the speed of sound. If a flexible tube with small open ends, of which an opening is 
connected to the actual loudspeaker, the opposite open end can be assumed as the point source for the 
frequency range satisfying the aforementioned condition of Helmholtz number. 

The most challenging issue of this tube-connected speaker system is the pipe resonances due to the finite 
length and end impedances. Such a configuration has been adopted in some applications, but it is not easy to 
find the study results for the systematic design methodology based on the theoretical analysis. In this regard, 
one may quickly conceive that the acoustic transfer function, directly measured between the source and 
aperture sides of the tube, can be used for estimating an inverse filter to suppress the pipe resonances. It can 
be definitely instrumental if the operating environment does not change from the tuning condition. Because 
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the resonance condition is susceptible to the change in the working environment, like the medium temperature, 
the laboratory tuning condition can be different from the actual values, particularly in the possible outdoor 
usage. Therefore, an adaptive tuning method to the environmental change is needed, for which the theoretical 
modelling of the tube-source combined system is functional. One can predict the acoustic response of the 
tube by the excitation of the speaker. By convoluting the source signal to the inverse of the transfer function 
obtained for a given tube length at a temperature, one can expect a flat output spectrum eliminating the pipe 
resonances.  

Figure 1 shows the equivalent circuit model of a loudspeaker connected with an open-ended tube. For 
estimating the inverse filter based on the tube model, it is necessary to characterize the acoustic source 
parameters such as source impedance ZS and source strength pS. One can use the multi-load method as an 
indirect determination technique [5-8], but also the multiple microphone method [9] for a one-port source 
can be employed to measure them directly. Using the equivalent circuit model and estimated source 
parameters, the sound pressure at the tube opening, pe, can be obtained as 

 ,      (1) 

where pL and ZL denote the sound pressure supplied to the load and the acoustic load impedance, respectively. 
By using the forward transfer matrix method, one can model the overall tube system with length l as 
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where   denotes the propagation constant defined as 0k j    , Zc means the characteristic 
impedance, and  is the attenuation constant. The inverse filter to remove the pipe resonances is given by  

 .     (3) 

 

 
Figure 1 – Equivalent circuit model of a loudspeaker connected with an open-ended tube. Here, r is the 

distance from the tube opening to the observation field point, and pr means the field pressure. 

3. TEST EXAMPLES 

3.1 Validation as a simple source 

A system designed by the proposed method is experimentally tested to validate the present technique. The 
horn driver attached to a flexible polymer tube with an 8-mm diameter is employed, and the sound pressure 
at 20 mm from the tube opening is measured by a flush-mounted 1/4-inch microphone (B&K 4958). Figure 
2(a) shows the jagged sound level spectrum measured by the microphone at the tube opening due to pipe 
resonances. Applying the estimated inverse filter shows that a relatively flat response can be achieved, as 
depicted in Fig. 2(b). No appreciable resonance effect can be seen. 

The directional characteristic of the radiated sound from a tube opening is also checked to ensure a point 
source. Figure 3 shows the measured directional pattern in the horizontal and vertical planes crossing the 
tube aperture. The measured angular deviation of the directivity index on the horizontal plane is less than 0.5 

dB up to 5 kHz (ka ≤ 0.37). In the vertical plane, the directivity index is relatively larger (< 2 dB) than in 
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the horizontal plane. Because the tube aperture is perfectly symmetric, the radiation into the vertical plane 
should be the same as in the horizontal plane. It is thought that the deviation from the uniform radiation 
pattern is due to the scattering effect from the jig structure for tube fixing and the tube itself. Owing to this 
reason, one can regard the directivity in the horizontal plane as a standard one. The measured result suggests 
that one can regard the present tube-connected loudspeaker as a pseudo point source. 

 
(a) (b)  

Figure 2 – (a) Measured SPL at the tube opening for a white noise input with a 5 kHz cutoff before 

applying the inverse filter, (b) measured SPL at a 1-m position away from the tube opening applying the 

estimated inverse filter. 

(a) (b)  

Figure 3 – The measured directivity index of a single tube-connected speaker source (inner tube 
diameter, d=8 mm): (a) horizontal plane, (b) vertical plane. 

3.2 Tetrahedral array for the beamforming 

As a test example of the source array applications, the acoustic beamforming from a 4-source array 
arranged as a tetrahedral configuration is considered. The fixture to position the open-ended tubes in a 
tetrahedral arrangement is constructed to set 27 mm spacing between the tube apertures. The delay-and-sum 
beamforming technique [10] is adopted in generating and steering the sound beam. 

Figure 4 shows the measured directivity patterns for the four intended target directions. For example, one 
can observe in Fig. 4(a) that, with the center frequencies above 2 kHz in the 1/3-octave band, the radiated 
energy concentrates at the 0° angle. However, as the frequency becomes lower than 2 kHz, the radiated sound 
approximates an omnidirectional one. This difference in directivity is caused by the fundamental 
characteristic of the delay-and-sum beamformer. For increasing the directivity index at lower frequency 
bands, one needs a larger separation distance between the sources. 

4. CONCLUSION 
A tuning method is suggested for a tube-connected speaker system to achieve a pseudo point source. 

The pipe resonances and the resulting distortion of the radiated sound from the tube aperture are 
eliminated by using the inverse filter estimated from the calculated transfer function, which can adapt 
to the temperature change of the environment. Building such a pseudo point source as an elementary 
source of an array is essential in overcoming the problems of the large array with conventional loudspeakers. 
It is seen that the pipe resonances are well suppressed at less than 5 kHz. The directivity index remains 
below 0.5 dB for the frequency range lower than 5 kHz on the opening plane, indicating a pseudo 
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point source. The beamforming test with a tetrahedral array with four tube-connected speakers 
exhibits the capability of sound beam steering in the desired direction. 
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(a)  (b)  

(c) (d)  

Figure 4 – The measured directivity of the tetrahedral array according to the target azimuth angle when the 

elevation angle is 90°: (a) 0°, (b) 45°, (c) 90°, (d) 120°. 
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ABSTRACT
The increasing use of Unmanned Aerial Vehicles (UAVs) for several purposes can bring some concerns around
sensitive sites. It is thus necessary to be able to locate drones when they become a threat. Thanks to many
recent studies, the use of acoustical methods exploiting the sound emitted by UAVs enables to estimate the
position or direction of the source. Sound produced by drones is still predominant and hence is a good way to
compensate technological difficulties of other methods like optical, electromagnetic, or radar. Some sensitive
sites could be situated around noisy environment where perturbing sources can be present. These perturbing
sources can be produced by planes, cars, birds, etc. Experimental measurements have been conducted for this
study to evaluate the performance of temporal beamforming coupling with the time-frequency representation of
the focused signal. This enables us to take into account the UAV’s acoustic signature. These measurements were
carried out in an environment where some noise sources were present such as birds chirping and car passing.
Beamforming with time-frequency representation has the advantage of providing a DOA estimation with only a
few spectral contents considered, which can be particularly helpful in this kind of situations.

Keywords: Drones, Acoustic Source Localization, Beamforming, Microphone Array, Time-Frequency
Representation

1 INTRODUCTION
During recent years, Unmanned Aerial Vehicles (UAVs) have been increasingly used to achieve various pur-
poses. Among the multiple possible applications for these vehicles, some popular uses are: aerial filming,
package deliveries, surveillance, inspection, and victim search and rescue. A recent study have shown several
applications of UAV in the context of future smart cities[1]. These smart cities will use emerging technologies
like Internet of Things, robotics, and others to get a better management of their cities. In this study, the con-
tribution of UAVs along these technologies is addressed as well as the possible challenges that could appear.
Besides the numerous benefits of UAVs, their use can also be threats in lots of ways. There could be safety
threats on sensitive sites like airports [2] where an UAV could collide with an airplane. Nuclear facilities are
also concerned by safety and privacy threats [3]. Two types of situations can occur with an UAVs’ attack. In
the first situation the drone is simply controlled by the pilot. But in the second situation, an ordinary flying
UAV can be hacked and controlled by another pilot to perform an attack. In [4], the second situation is ad-
dressed as well as other issues with UAVs’ security and privacy issues. In order to react to these threatening
behaviors, it is necessary to know the UAV’s position or direction of arrival. Many methods exist and can be
used either separately or simultaneously[5, 6]. Optical methods use cameras to detect and track a drone but
can be limited by meteorological conditions[7]. Electromagnetic methods use the detection of signals exchanged
between the UAV and the controller but are not usable with autonomous drones[8]. Sound emitted by UAVs
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can also be exploited by using a microphone antenna to obtain its direction of arrival (DOA) but these methods
can be limited in noisy environment. A good way to enhance the possibility of locating a UAV is to combine
multiple methods. In [9], an optronic system is combined with an acoustic system to perform the detection and
the localization of drones using a deep learning approach. The work presented here will focus on an acoustic
system to perform the UAV’s direction of arrival estimation. Several studies have shown that UAVs produce
a significant and particular noise [10, 11]. It is thus possible to use the acoustic signature to filter signals
measured by a microphone array to enhance the DOA estimation [12]. An alternative presented here uses a
time-frequency representation of a beamformer’s output to select time-frequency bins associated to the UAV
[13]. The aim of this work is to evaluate the performance of this process with perturbing sources like birds
chirping or car passing.

The work is presented as follows: Part 2 presents Delay and Sum Beamforming and the use of the time-
frequency representation approach. Part 3 describes the measurement set-up with the array geometry and the
trajectories performed by the drone. Part 4 presents the results of DOA estimation for the situations considered.
Part 5 conclude and presents some perspectives.

2 PRESENTATION OF THE DOA ESTIMATION METHODS
2.1 Delay and Sum Beamforming
Delay and Sum Beamforming (DSB) [14] is a well known method exploiting signals from a microphone array.
Given the different positions of the microphones, the signal produced by the UAV will arrive at different times
to the microphones. By realigning in time all these signals, it is possible to focus the signal in one direction. A
reference microphone is chosen to calculate delays in regards to this reference. The 3D space is sampled with
a spherical coordinate system, ϕ is the azimuth, θ is the elevation, and r is the distance between the origin
and the source. In far field, a simplification can be made by considering a plane waveform. For this study, this
plane wave model will be used which enables to search the source’s DOA among the directions Ω = (ϕ,θ). For
one direction Ω, a set of delays is calculated and the focused signal is obtained by summing all the delayed
signals. The DOA is given by the direction which gives the maximum energy of the focused signal.

2.2 Time-frequency Representation
In order to take into consideration the UAV’s acoustic signature, the time-frequency representation (TFR) ap-
proach transforms the focused signal in one direction into a time-frequency plane. This time-frequency transfor-
mation is carried out with the Short Time Fourier Transform (STFT). It is then possible to select time-frequency
bins associated with the UAV. The acoustic signature of UAVs have the particularity of having an harmonic
structure. Two phenomena are present in this type of signals, the rotors’ rotation which gives odd harmon-
ics in the case of a two-blade drone, and the blade passing which gives even harmonics[12]. Because of the
noise, only even harmonics are generally presents. A pitch tracking algorithm is thus used to detect the blade
passing frequency of the drone. A number of even harmonics nh is chosen to compute the energy of the cor-
responding time-frequency bins. To have more time-frequency bins, a bandwidth is defined to take bins around
harmonics. This bandwidth is defined to be varying with the harmonic frequency such as ∆ f = fdetect

Q , with Q
a factor determining the width, and fdetect the blade passing frequency. In this way, all the time-frequency bins
in [ fdetect ∗ i∗ (1− 1

2Q ); fdetect ∗ i∗ (1+ 1
2Q )] are selected, i = 1, . . . ,nh.

The pitch tracking algorithm chosen to detect the blade passing frequency is called the Spectral Harmonic
Correlation (SHC)[15]. This algorithm calculates the correlation between one frequency and a chosen number
of multiple of this frequency. It is thus possible to obtain multiple candidates of the blade passing frequency.
The frequency that has the maximum harmonic correlation is the estimation of the blade passing frequency.
However, in some cases, computing energy with the content selected using the SHC maximum does not ensure
continuity between two estimations. In this case, another candidate is chosen until the continuity with the
previous DOA estimation is reached.



3 MEASUREMENT SET-UP
3.1 Array Geometry
The microphone antenna used is a 10 microphone array designed in [12] to obtain a bandwidth of [220.5, 3430]
Hz. Figure 1 shows the disposition of microphones and also the coordinate system used to position a source
in the 3D space. The reference microphone is placed at the center and three microphones are distributed on
three axes with three different spacings (Equation 1). The first spacing is l1 = 5 cm which is linked to the high
frequency limit. The second spacing is l2 = 20 cm, and the last is l3 = 110 cm which is linked to the low
frequency limit.

Figure 1. Microphone array disposition and coordinate system used.

||x1||= ||x4||= ||x7||= l1,

||x2||= ||x5||= ||x8||= l2,

||x3||= ||x6||= ||x9||= l3.
(1)

3.2 TFR Parameters and Trajectories
DOA estimation is performed on sections of 3000 points, using 2048 points for beamforming. Spatial sampling
is carried out with a resolution of (4°, 2°), which corresponds to the azimuth and elevation, and with a dis-
tance of r=1 m between the source and the reference microphone. SHC is performed with 8192 points and 5
harmonics for the correlations. TFR is operated by selecting 5 harmonics with a factor Q=8. Two trajectories
have been performed by a DJI Phantom IV to evaluate the performance of the TFR approach. In the first con-
figuration, the drone performs three horizontal flights at heights of around 6, 10 and 14 m. During this flight,
many bird chirps can be heard. Figure 2 shows the spectrogram of the reference microphone for this trajectory.
The harmonic structure of the drone is visible particularly below 2 kHz. Above 2 kHz, all the bird chirps are
noticeable by vertical lines around 3 kHz and above. In the second configuration, the drone performs a small
and a large circle above the antenna at a height around 15 m. Figure 3 shows the spectrogram of the reference
microphone. Bird chirps are present in the same frequency range but are less noticeable. The spectrogram also



shows a car passing at the end of the trajectory.

Figure 2. Spectrogram of the reference microphone for the first trajectory between 2 kHz and 8 kHz (top) and
between 0 and 2 kHz (bottom) (red points are blade passing frequencies detected with SHC).

4 RESULTS
Azimuth and elevation vs time results are presented in Figure 4 for the first trajectory, with classical DSB and
the TFR approach in comparison with a GPS embedded in the drone. Results in azimuth for classical DSB
show several fluctuations around the GPS reference and particularly at the beginning, estimations are far from
the GPS. Between 10 s and 30 s, estimations are fluctuating with a symmetry centered on 0. This symmetry
is due to the fact that the main lobe and the secondary lobe are symmetric with respect to 0 and their level is
very close. The TFR approach performs better than classical DSB with less fluctuations overall. However, the
confusion between the two symmetrical lobes is still present between 10 s and 28 s. The GPS has an incertitude
around 3 meters which can explain the constant bias between the GPS and the results. In elevation, classical



Figure 3. Spectrogram of the reference microphone for the second trajectory between 2 kHz and 8 kHz (top)
and between 0 and 2 kHz (bottom) (red points are blade passing frequencies detected with SHC).

DSB performs better than in azimuth with still some fluctuations. The TFR approach gives better estimations
globally with some fluctuations around 20 s and 40 s. As said before, bird chirps are above 2 kHz so taking
harmonics between around 150 Hz and 1 kHz enables to select only content from the drone without the noise.
According to the spectrogram in Figure 2, the signal is less strong in the intervals [10, 30] s and [38, 45] s so
the signal to noise ratio is lower. This could explain the fluctuations for both methods.

Figure 5 shows the azimuth and elevation vs time for the second trajectory, for classical DSB and the TFR
approach. Azimuth and elevation results for classical DSB show lots of bias but globally follow the trajectory
until around 24 s. The TFR approach performs much better with only small fluctuations despite noise like bird
chirps or car passing at the end of the trajectory. Car passing is below 100 Hz so as for the previous trajectory,
taking harmonics above 150 Hz enables to select only content from the drone without the noise. Table 1 shows
the mean errors and standard deviations for both trajectories and for the two methods used. Errors in elevation
are lower than in azimuth and for both trajectories all values are lower with the TFR approach.



Table 1. Mean errors µ and standard deviations σ for classical DSB and TFR approach in azimuth and elevation
for the two trajectories.

First Trajectory Second Trajectory

Azimuth (°) Elevation (°) Azimuth (°) Elevation (°)

µ σ µ σ µ σ µ σ

Classical DSB 85.9 69.7 12.6 12.1 63.7 42.7 29.1 21.4

TFR 49.7 30.3 8.3 6.9 53.3 14.5 8.9 4.9

Figure 4. Azimuth and Elevation vs time for classical DSB and TFR method with Q=10, for the first trajectory.



Figure 5. Azimuth and Elevation vs time for classical DSB and TFR method with Q=10, for the second
trajectory.

5 CONCLUSION
The purpose of this work is to evaluate the performance of a method exploiting a time-frequency representation
of beamforming’s output in a noisy environment. Two measurements were carried out, one with birds chirping
and another with also a car passing. The time-frequency approach was compared with the classical delay and
sum beamforming. The former approach enables to select time-frequency bins corresponding to the UAV to
enhance the signal to noise ratio. Results show that for both trajectories, the time-frequency approach gives
better DOA’s estimations. Indeed, the content selected for energy calculation is not in the frequency range
of the types of noise considered which increases the signal to noise ratio and enhances the performance of
beamforming. There are still some bias for particular very noisy signal’s sections, thus it could be useful to
apply some filters like a Kalman filter to smooth those bias. It could also be interesting to know what is the
limit signal to noise ratio where the time-frequency approach can still performs well.
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ABSTRACT 
Personal sound zones system has attracted considerable attention in the past decades due to its potential for 
private audio generation in public spaces. Various methods have been explored to optimize the driving signals 
of loudspeakers that are placed to form a regular array, such as circular, linear, and arc-shaped arrays. Recently, 
loudspeaker placement optimization has been investigated by researchers to reduce the number of 
loudspeakers without remarkable sacrifice in performance. Existing loudspeaker placement optimization 
algorithms have been designed in the frequency domain and the optimized loudspeaker arrangements depend 
on frequency, which is undesirable in practical applications. To overcome this problem, this paper explores 
broadband loudspeaker placement optimization for multizone sound field reproduction based on a time-
domain evolutionary array optimization method. Simulations with measured room impulse responses are 
performed to select a smaller number of loudspeakers from 60 candidate loudspeakers that are uniformly 
placed along a circle. Simulation results demonstrate the optimized array achieves a higher acoustic contrast 
with a lower array effort than the empirical arc-shaped array, when the same number of loudspeakers are 
selected.  
 
Keywords: Multizone sound, Personal audio, loudspeaker placement 

1. INTRODUCTION 
Personal Sound Zones (PSZ) systems, also known as personal audio systems, aim to generate 

independent listening zones for multiple users in a shared physical space, using an array of 
loudspeakers instead of headphones (1). Since its first proposal by Druyvesteyn and Garas (2) in 1997, 
numerous research have been carried out to optimize the driving signals of loudspeakers, and many 
methods have been developed, such as the acoustic contrast control (3), pressure matching (4), mode 
matching (5), variable span trade-off filtering (6), and tangent line (7) methods etc. 

Loudspeaker placement optimization for PSZ systems have also been studied, and existing 
techniques can be categorized into sparse regularization and iterative methods (8). The sparsity 
regularization approaches apply a l1-norm regularization term in the cost function to approximate the 
l0-norm regularization motivated by the compressive sampling theory, including the Lasso (9) and the 
elastic net methods (10), which were originally proposed for single-zone sound field reproduction. 
The Lasso-based method was extended to multizone sound field reproduction in combination with 
pressure matching method to form a two-stage Lasso-LS scheme (11,12).  

Different from the sparse regularization approaches, iterative methods select a loudspeaker from 
the candidate set in each iteration based on certain criteria. In the Gram-Schmidt Orthogonalization 
(GSO) method (13), the loudspeakers were added one by one based on the linear independence of the 
acoustic transfer functions. By contrast, the Singular Value Decomposition (SVD) method constructs 
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a so-called ideal acoustic transfer function first, and then finds the candidate locations that best match 
the ideal acoustic transfer function one by one (14). The Constrained Matching Pursuit (CMP) method 
approximates the target sound field by iteratively adding the loudspeaker whose acoustic transfer 
function is the most correlated with the reproduction error (15). 

Recently, Evolutionary Array Optimization (EAO) techniques have been developed to optimize 
loudspeaker placement in PSZ systems (16,17). In contrast to the iterative methods that select a 
loudspeaker from the candidate set at each time, the EAO method removes a loudspeaker from the 
candidate set in each iteration. Experimental results demonstrated the superiority of the EAO method 
over both the sparse regularization and the iterative methods (17). However, existing studies have 
been performed in the frequency domain and the optimized loudspeaker arrangements depend on 
frequency, which is undesirable in practical applications.  

This paper investigates the time-domain EAO method for loudspeaker placement optimization in 
PSZ systems, based on the Broadband Acoustic Contrast Control (BACC) method (18). Conventional 
BACC method maximizes the contrast of the average acoustic potential energy between the bright and 
dark zones; however, it suffers from uneven frequency responses (19) and nonuniform sound field 
distribution (20), leading to non-satisfactory sound quality in the bright zone. To flatten the frequency 
responses, various constraints have been proposed, including the response differential (21) and 
Response Trend Estimation (RTE) terms (22). To improve the spatial sound field distribution in the 
bright zone, a Spatial Uniformity Constraint (SUC) has been proposed recently (23). This paper 
optimizes loudspeaker placement in PSZ systems based on the BACC method with the RTE and SUC 
(BACC-RTE-SUC) terms. Simulations with measured Room Impulse Responses (RIRs) are performed 
to compare the performance of the optimized array with that of the empirical arc-shaped array, and 
the results demonstrate the advantages of the time-domain EAO method. 

2. METHOD 

2.1 BACC-RTE-SUC method 
A PSZ system utilizes an array of loudspeakers to generate an acoustic bright zone and a dark zone, 

as illustrated in Figure 1. The input signal x[n] (n denotes the time instant) is filtered with a Finite 
Impulse Response (FIR) filter wl (l = 1, 2, …, L, L is the total number of loudspeakers) with a length 
of I before reproduced through each loudspeaker. The RIR from the l-th loudspeaker to the m-th 
microphone in the control zones is modelled as a FIR filter hml with a length of K.  

To investigate the frequency response of the system, the input signal x[n] is assumed to be a Dirac 
delta function, hence the sound pressure at the m-th microphone due to the l-th loudspeaker is written 
as (23) 
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where the subscript B denotes the bright zone. Arranging the sound pressure of all the time index into 
a vector, i.e., pB,ml = [pB,ml[0], pB,ml[1], …, pB,ml[I + K – 2]]T, Eq. (1) can be expressed concisely as  
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is a matrix of dimension (I + K – 1) × I. It should be noted that PB,ml in Eq. (1) is in fact the global 
impulse response with a length of (I + K – 1). 

Summing up the contribution from all the L loudspeakers to the m-th microphone, one obtains (23) 
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where w = [w1T, w2T, …, wLT]T and HB,m = [HB,m1, HB,m2, …, HB,mL]. Denoting the sound pressure at 
all the MB microphones in the bright zone in a vector form, i.e., pB = [pB,1T, pB,2T, …, pB,MBT]T, one 
obtains pB = HBw, where HB = [HB,1T, HB,2T, …, HB,MBT]T is a MB(I + K – 1) × IL matrix of the impulse 



 

 

responses from the loudspeaker array to the bright zone. Similarly, the sound pressure in the dark zone 
can be obtained as pD = HDw with HD being the MD(I + K – 1) × IL impulse response matrix from the 
loudspeaker array to the dark zone. 

The cost function for the BACC-RTE-SUC is defined as (23) 
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where RB = HB
THB/MB, RD = HD

THD/MD, λ is the regularization parameter, α, β, γ are the weighting 
factors that add up to 1, and the two matrices CRTE and CSUC apply constraints to improve the flatness 
of frequency responses and increase the spatial sound pressure level uniformity in the bright zone, 
respectively. The detailed formulations of CRTE and CSUC can be found in (22) and (23), respectively, 
and are not shown here for brevity. The optimal solution to Eq. (5) is proportional to the eigenvector 
corresponding to the largest eigenvalue of the matrix (γRD + αCRTE + βCSUC + λI)−1RB (23).  

 
Figure 1 – Illustration of a PSZ system with a circular loudspeaker array.  

2.2 Evolutionary Array Optimization 
The idea of EAO is intuitive and straightforward. The performance of the system with the candidate 

set is evaluated in each step, and the loudspeaker that has the least contribution to the performance is 
removed; this process is repeated until the desired number of loudspeakers is retained. Various criteria 
in the frequency domain have been employed to evaluate the performance (16,17). In this paper, the 
Broadband Acoustic Contrast (BAC) is defined below to evaluate the system performance 
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where wo denotes the optimal solution to Eq. (5) in each iteration.  
With the performance criterion in Eq. (6), the EAO method selects the desired N loudspeakers 

from L candidates iteratively. In each iteration, a loudspeaker is muted in sequence, and the optimal 
filter coefficients and the performance criteria are calculated; the loudspeaker that corresponds to the 
largest BAC is removed from the candidates. The complete description of the time-domain EAO 
method is summarized in Table 1.  
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Table 1 – Time-domain EAO based on the BACC-RTE-SUC method: select N out of L loudspeakers 

Inputs L candidate loudspeakers with transfer function matrices HB and HD; 
the desired number of loudspeakers N; and L’ = L. 

Step 1 Mute the l-th loudspeaker from the candidates and calculate the optimal filter 
coefficients wo(l) based on Eq. (5);  

Step 2 Calculate the performance criterion BAC(l) based on Eq. (6);  

Step 3 
Repeat Steps 1-2 for l = 1, 2, …, L’ and find the l0-th configuration with the 
maximum performance criterion, i.e., ( )0 arg max

l
l BAC l=    ; 

Step 4 Remove the l0-th loudspeaker to select the (L’ − 1) loudspeakers from the 
original L’ loudspeakers and update L’ = L’ – 1; 

Step 5 Repeat Steps 1-4 to remove more loudspeakers until the desired number of N 
loudspeakers are selected from the original L loudspeakers.  

 

2.3 Evaluation Metrics 
The performance of the array optimized with the EAO method is compared to that of the arc-shaped 

array in terms of Acoustic Contrast (AC) and Array Effort (AE), which are defined as  

 ( ) ( ) ( )
( ) ( )

H
B B

10 H
D D

ˆ ˆ
10log

ˆ ˆ
f f

AC f
f f

=
p p

p p
 (7) 

and 

 ( ) ( ) ( )
( )

H
opt opt

10 2
ref

ˆ ˆ
10 log

ˆ

f f
AE f

w f
=

w w
, (8) 

respectively. ( )Bˆ fp  and ( )Dˆ fp  in Eq. (7) are the sound pressure in the bright and dark zones at 
frequency f, obtained by Fourier transforming the time series of pB and pD, respectively. Similarly, 

( )optˆ fw  in Eq. (8) denotes the optimized source strengths at frequency f, obtained by Fourier 
transforming the time series of the filter coefficients, and refŵ  is the source strength that a single 
reference loudspeaker needs to generate the same acoustic potential energy in the bright zone. It is 
noted that the frequency-domain metrics in Eqs. (7) and (8) are only used to evaluate the performance 
of the optimized and arc-shaped arrays, and are not used in the EAO optimization process.  

3. SIMULATIONS AND DISCUSSIONS 
Simulations with measured RIRs are performed to evaluate the performance of the time-domain 

EAO method for broadband loudspeaker placement optimization. 

3.1 RIRs measurements 
RIRs were measured in the hemi-anechoic chamber at UTS Tech Lab, as shown in Figure 2, where 

L = 60 loudspeakers were placed along a circular truss with a radius of 1.5 m. The loudspeakers were 
1.4 m above the ground. An 8×8 square microphone array with a dimension of 0.28 m (0.04 m interval 
between microphones) was used to capture the sound signals. The distance between the bright and 
dark zones were 0.8 m.  

 



 

 

 
Figure 2 – Photo of the RIRs measurement system with 60 loudspeakers placed along a circular truss. 
 
In the measurements, four Yamaha RIO1608-D2 and four Yamaha RIO8-D audio interfaces were 

daisy chained to form a 64-input-64-output audio system that communicates with a computer through 
a Dante virtual sound card. Both the loudspeaker and microphone arrays were connected to the audio 
interfaces for simultaneous sound generation and acquisition. During the measurements, a 3 s long 
logarithmic sine sweep signal from 20 Hz to 22 kHz was generated in MATLAB with a sampling rate 
of 48 kHz and reproduced through each loudspeaker, and the sound pressures in each zone were 
captured by the microphone array. 

3.2 Simulation results 
Simulations with the measured RIRs were performed to select different number of loudspeakers 

from the original L = 60 loudspeakers. To save computational burden, only the RIRs measured by 32 
microphones were used in each zone, and the measured RIRs were down sampled to 2 kHz and 
modelled with 64-tap FIR filters. The length of the control filters was 32. The regularization parameter 
was set to 10-10 times the largest eigenvalue of the matrix RD, and the weighting factors α, β and γ 
were 0.83, 0.083 and 0.087, respectively.  

The simulated BAC for the EAO-optimized array and the arc-shaped array are compared in Figure 
3. It is clear that, when the same number of loudspeakers are used, the performance of the EAO-
optimized array is superior over the arc-shaped array in terms of BAC. For example, when 10 
loudspeakers are used, the EAO-optimized array achieves a BAC of 42.7 dB and the arc-shaped array 
32.3 dB. Similarly, when 30 loudspeakers are selected, the BAC for the EAO-optimized array and the 
arc-shaped array are 50.4 and 40.2 dB, respectively. With the number of loudspeakers increasing, the 
differences in the performance of the EAO-optimized and arc-shaped arrays decrease. For example, 
when 50 loudspeakers are chosen, the BAC for the EAO-optimized and arc-shaped arrays are 50.8 
and 45.5 dB, respectively. This is expected because only 10 loudspeakers are removed from the 
original 60 loudspeakers.  



 

 

 
Figure 3 – Simulated BAC for the EAO optimized array and the arc-shaped array. 

 
The configurations of the arc-shaped and the EAO-optimized arrays are compared in Figure 4 when 

10, 30 and 50 loudspeakers are retained from the circular array. It can be observed that the 
loudspeakers in the EAO-optimized array spread over the circle when 10 and 30 loudspeakers are 
selected. This is different from the frequency dependent configurations obtained in (16,17), where the 
selected loudspeakers tend to gather around the bright zone. This demonstrates the need for broadband 
optimization instead of frequency dependent configuration for practical applications.  

The AC and AE achieved by the EAO-optimized and arc-shaped arrays are compared in Figure 5 
when 10, 30 and 50 loudspeakers are utilized. It can be seen that, when 10 loudspeakers are selected 
from the original 60 loudspeakers, the EAO-optimized array achieved a higher AC (by approximately 
10 dB) and a lower AE (by over 10 dB) than the arc-shaped array, in the frequency range between 200 
Hz and 800 Hz. With the increase in the number of the loudspeakers, the difference between the EAO-
optimized and arc-shaped arrays becomes small. This is consistent with the broadband results in 
Figure 3.  

The above results demonstrate that the EAO-optimized array is advantageous over the empirical 
arc-shaped array in terms of both AC and AE when the same number of loudspeakers are used. It is 
noted that the arc-shaped array is used as the comparison benchmark here because existing 
optimization methods, as summarized in (8), work in the frequency domain and cannot readily adapt 
to time domain.   
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               (a)                      (b)                       (c) 

 
               (d)                      (e)                      (f) 

Figure 4 – Comparison of the arc-shaped array with (a) 10, (b) 30 and (c) 50 loudspeakers and the EAO-

optimized array with (d) 10, (e) 30 and (f) 60 loudspeakers.  
 

 
(a)                      (b)                      (c) 

 
               (d)                      (e)                      (f) 
Figure 5 – Comparison of the Acoustic Contrast (AC) when (a) 10, (b) 30, and (c) 50 loudspeakers are used 

and the Array Effort (AE) with (d) 10, (e) 30, and (f) 60 loudspeakers are used. 

4. CONCLUSIONS 
This paper investigates loudspeaker placement optimization for personal sound zones systems 

based on the time-domain acoustic contrast control method, aiming to select a smaller number of 
loudspeakers from a large set of candidates. The recently proposed evolutionary array optimization 
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technique is extended to the time domain for broadband loudspeaker placement optimization. Room 
impulse responses measured in a hemi-anechoic are used in simulations to evaluate the performance 
of the optimization method. Simulation results show that, when 10 loudspeakers are selected from the 
60 candidates, the optimized array obtains a higher acoustic contrast by approximate 10 dB and a 
lower array effort by over 10 dB than the empirical arc-shaped array. Future work includes 
investigating the effect of room reverberation on the performance of the optimization algorithm.  
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ABSTRACT 

2-D ultrasonic transducer arrays are able to provide beamforming power distribution in 3-D space. In case of 

larger size of transducer element than array pitch, random sparse array design should be considered. 

Optimization on random position of transducer elements prohibiting from spatial aliasing has to be exploited. 

Genetic algorithm is made use of optimizing randomly distributed transducers for frequency domain 

beamforming. The algorithm is aim to minimize the maximum side-lobe level (MSL) by keeping main-lobe 

width. The optimized array is verified with corresponding simulation model, and the optimized one results 

in good localizing performance within the imaging region of interest. Being with the geometric constraints, 

size and number of elements, spatial resolution is inevitably limited. In this paper, a high-resolution imaging 

scheme based on functional beamforming with the optimal sparse array is introduced. Moreover, the 

optimized array was fabricated, and ultrasonic images were observed in the air. Experiments demonstrate 

that the array successfully show the location of ultrasound emitted from air-borne sources. 

 

Keywords: random sparse array, ultrasound, high resolution, functional beamforming 

 

1. INTRODUCTION 

Abnormal ultrasound emitted from machinery can be regarded as an incipient signature of faults. 

Ultrasound detectors are widely used to find out where ultrasound is generated. Recently, visualizing 

devices, also usually called ultrasound camera, are introduced to show ultrasound source locations. 

Sampling theorem for sensor distance needs less than half wavelength between them preventing from 

aliasing effect. However, ultrasonic transducers sensing in the air are almost larger than the 

wavelength corresponding to frequency they usually detect. Random sparse array design should be 

considered if not available of putting sensors each other less than half wavelength. 

Lots of study on the random sparse array has mainly done in the field of electro-magnetic wave 

over a decade, and now it spread out into medical ultrasound, noise and vibration and so on. Diarra et 

al. [1] suggested a design method to reduce number of elements from regular 2-D medical ultrasound 

array keeping array performance using simulated annealing. Li et al. [2] introduced an optimized 

algorithm to design sparse array for transcranial color-coded duplex ultrasonography. On the other 

hand, Bjelić et al. [3] tried to get optimal microphone array that minimizes Maximum Side-lobe 

Level(MSL) by maintaining main-lobe width using a mini-max algorithm for analyzing traffic noise. 

Sound in the air usually has larger wavelength than the size of microphone, but most ultrasound 

sensors are not smaller their wavelength corresponding to their operating frequency mainly due to 

receiving sensitivity. 

Designing a random sparse array is a kind of combinatorial problem that find out an optimal 

combination of sensors’ position with desired beampattern. Genetic algorithm is a combinatorial 

optimization [4], and the algorithm was employed to design an electro-magnetic sensor array by Haupt 

[5]. The previous researches are limited to find optimal elements out of regular grid array, which is 

effective to fabricate but has low degree of freedom to optimally locate elements. 

This paper presents random sparse array design and performance evaluation. Genetic algorithm is 

exploited to find optimal array sensor combination within restricted area. In addition, functional 
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beamforming is adopted to make high resolution image for clear and exact ultrasonic localization. 

 

 

2. Random sparse array optimization 

2-D array to be optimally designed is for ultrasound visualization in the air. [6] The ultrasound has 

been widely used in industry to detect machinery faults or mal-functions. The frequency range mostly 

used is from 30 to 50 kHz. The number of sensor elements is 112, which is the maximum number for real-

time visualization. The design radius is set to 50 mm excluding 10 mm diameter for optical camera. 

Initial 200 populations are randomly generated; the sensor positions are therefore 22,400. The cost 

function is set to minimize MSL for a target frequency. The optimized combination of sensor position 

is depicted in Fig. 1(a), and the blue circles represent individual ultrasonic sensor. The optimized 

beam pattern is shown in Fig. 1(b). The yellow lines are for the optimized array, which show low side- 

lobe distribution with respect to angle. Moreover, the optimized array has more sharp main-lobe width 

than the regular grid array that has same number of sensors. 

 

 

Figure 1 – An optimized random sparse array for ultrasound visualization in the air, (a) Sensor element 

position, (b) array beam pattern (blue: regular array, red: initial, yellow: optimized) 

 
 

3. A high-resolution imaging method 

Being with the constraints of size and number of elements, spatial resolution of imaging is 
inherently limited. A lot of researches on improving the resolution has been done by using various 

signal processing methods. (e.g. see Refs. [7-9]) Functional beamforming [8] is a simple but effective 
beamforming algorithm to increase spatial resolution and reduce side-lobe level as well. Functional 

beamforming is a generalized form of beamforming by employing parameter ν as 

 
 

 1 


 

BP   = WC W   , 
  

 
(1) 

 

where W is steering vector and C is cross spectral matrix. When we have ν=1, conventional 

beamforming formula can be derived. Main-lobe width and side-lobe levels are improving by 
changing the parameter as shown in Fig. 2. Fig. 2(a) shows a 1-D case estimating direction; 
conventional beamforming in blue and functional beamforming in red. We can see both case is exactly 

same when ν=1, and functional beamforming gives narrower main-lobe width and lower side-lobes 

when the parameter is 10. 



 

Figure 2 – Conventional beamforming and functional beamforming, (a)1-D , (b) 2-D 

 
We can also observe that functional beamforming works well with 2-D case as in Fig. 2(b). The 

two figures have a single source at θ = 90°, φ = 0° and same color level, and functional 

beamforming improves imaging quality as is in the 1-D case. 

 

4. Conclusion 

This research presents 2-D random sparse array design using genetic algorithm and an approach to 

make images obtained from the array high spatial resolution. Ultrasonic sensors in the air needs sparse 

array due to their geometric limitation. The random array designed shows good source localization 

results and improved array performance. Functional beamforming as a way to make better spatial 

resolution and low side-lobe levels also works well to the array designed and fabricated as well. 
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ABSTRACT 

This paper proposes a neural network-based end-to-end multi-channel speech enhancement model that 

operates in time domain. To this end, a triple-path transformer network (TPTN) is proposed to extract clean 

speech features by replacing the attentive recurrent neural networks (RNNs) with transformers in the triple-

path attentive recurrent network (TPARN) framework. The proposed TPTN is composed of an intra-chunk 

transformer, an inter-chunk transformer, and an inter-channel transformer. Thus, a series of TPTNs are 

applied to the speech features converted from multi-channel speech signals so that extracted features are 

represented with local and global temporal dependencies as well as spatial dependencies. The performance 

of the proposed TPTN-based multi-channel speech enhancement model was evaluated on the CHiME3 

dataset by measuring the short-time objective intelligibility (STOI) score and perceptual evaluation of speech 

quality (PESQ) score. It was shown from the experiment that the proposed TPTN-based model achieved 

similar STOI score to and higher PESQ score by 0.15 than the TPARN-based model, while the number of 

parameters of the proposed model was smaller than that of the TPARN-based model. 

 

Keywords: Multi-channel Speech enhancement, Deep Learning, Transformer, End-to-end model 

1. INTRODUCTION 

Multi-channel speech enhancement aims to estimate clean speech from noisy mixtures that are 

captured from multiple microphones in noisy environments. In recent years, deep learning (DL)-based 

methods have shown significant improvements in single-channel speech enhancement [1, 2], which 

has promoted deep neural network (DNN)-based research for multi-channel speech enhancement [3]. 

With the development of the DNN-based approach, multi-channel DNNs have shown competitive 

performance by incorporating spatial filtering techniques, such as the minimum variance 

distortionless response beamformer [4], to extract spatial features. However, neural beamforming 

techniques that combine DL with spatial filtering limit the performance due to the linear spatial 

filtering in the beamforming process [3]. Consequently, recent research works focus on developing 

DNN-based end-to-end multi-channel speech enhancement to model nonlinear relationships among 

microphones and extract spatial features implicitly [5]. 

With the success of time-domain approaches in single-channel enhancement [6, 7], multi-channel 

speech enhancement in the time domain has been explored [3, 8]. The triple-path network, which 

extends the dual-path framework [9] by sequentially connecting an additional path that processes 

along the spatial dimension, has been proposed for multi-channel speech enhancement in the time 

domain [10]. It has shown superior performance to other DL-based multi-channel speech enhancement 

methods. Nevertheless, it embedded recurrent neural networks (RNNs), which limited the capability 

of parallelization. 

In this paper, we propose an end-to-end multichannel speech enhancement model, called a triple-

path transformer network (TPTN). The TPTN is proposed on the basis of the triple-path attentive 
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recurrent network (TPARN) framework in [10] by replacing RNNs with transformers. The proposed 

TPTN is composed of an intra-chunk transformer, an inter-chunk transformer, and an inter-channel 

transformer. Thus, the speech features converted from multi-channel speech signals are transformed 

by considering local and global temporal dependencies as well as spatial dependencies. 

Following this Introduction, Section 2 proposes a TPTN-based multi-channel speech enhancement 

model, focusing on the network architecture of the proposed TPTN. Then, Section 3 evaluates the 

performance of the proposed speech enhancement model on the CHiME3 dataset and compares it with 

that of the TPARN-based model. Finally, Section 4 concludes this paper.  

2. METHOD 

2.1 Network Architecture 

Figure 1 shows the network architecture of the proposed TPTN-based speech enhancement model. 

As shown in the figure, the proposed speech enhancement model consists of an encoder, TPTN blocks, 

and a decoder. The encoder and decoder of the TPTN are based on those in [10]. First, for a given 

multi-channel input speech signal, 𝑋 ∈ ℝ𝑀×𝑁, the encoder converts the input signal into the set of E 

frames with a frame size of W, Xframed ∈ ℝ𝑀×𝐸×𝑊, where M denotes the number of microphones and 

N is the number of time steps of the signal in the time domain.  Then, the E frames are grouped with a 

size of C to produce a set of K chunks, Xchunked ∈ ℝ𝑀×𝐾×𝐶×𝑊. Note here that all conversion processes 

are performed independently for each channel of the signal. Next, a linear layer followed by layer 

normalization is applied to Xchunked for the dimension change from W to H, resulting in Xproj ∈
ℝ𝑀×𝐾×𝐶×𝐻. 

The output of the encoder, Xproj, is then inputted to the first TPTN block. After that, the outputs of 

the first TPTN block and the encoder are concatenated along the feature dimension, and the 

concatenated output is used for the input of the second TPTN block. Lastly, the third TPTN block is 

processed by using the concatenated output of the two lower TPTN blocks and the encoder, resulting 

in the feature, Z ∈ ℝ𝑀×𝐾×𝐶×𝐻 . Note that the concatenation shown in the figure includes a layer 

normalization and a linear layer. 

The first processing of the decoder normalizes the output of the TPTN blocks, Z, by a layer 

normalization, which is projected to the frame size W with a linear layer and converted to Y ∈
ℝ𝑀×𝐾×𝐶×𝑊. By applying the overlap-add method as chuck-wise and further frame-wise to estimate 

the enhanced multi-channel speech signal. 

 

Figure 1 – Network architecture of the proposed TPTN-based speech enhancement model 

 

Figures 2 shows the block diagram of a TPTN block that is composed of three transformers such 

as an intra-chunk transformer, an inter-chunk transformer, and an inter-channel transformer. Actually, 

the TPTN block is devised by replacing an attentive recurrent networks in [10] with transformers. The 

input feature of each transformer is reshaped to be processed independently over other dimensions, 

thus the shapes are Zintra ∈ ℝ(𝑀×𝐾)×𝐶×𝐻, Zinter ∈ ℝ(𝑀×𝐶)×𝐾×𝐻, and Zchannel ∈ ℝ(𝐾×𝐶)×𝑀×𝐻 for the intra-

chunk transformer, inter-chunk transformer, and inter-channel transformer, respectively. The reshaped 

input has a shape of (A×B)×C×D, where (A×B) is treated as the first dimension, C as the second 

dimension, and D as the third dimension like batch, sequence, and feature dimensions [10].  



 

 

 

Figure 2 – Block diagram of a TPTN block in Figure 1 

 

Figure 3 shows the network architecture of the transformer in the TPTN block. The transformer is 

identically composed of R times repetition of a multi-head attention layer and a feed-forward network, 

as proposed in [11]. Additionally, the transformer has residual connections followed by a linear layer.  

 

Figure 3 – Network architecture of each of intra-chunk, inter-chunk, and inter-channel transformers  

 

2.2 Loss Function 

To train the proposed TPTN-based speech enhancement model, a joint loss function in [12] is used 

by combining a time-frequency domain loss and a time domain loss. The time-frequency domain loss 

regards as the performance of the model in terms of speech intelligibility and perceptual quality  [13], 

and it is defined as 
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where 𝑆𝑚(𝑡, 𝑓) = 𝑆𝑟
𝑚(𝑡, 𝑓) + 𝑗𝑆𝑖

𝑚(𝑡, 𝑓)  and �̂�𝑚(𝑡, 𝑓) = �̂�𝑟
𝑚(𝑡, 𝑓) + 𝑗�̂�𝑖

𝑚(𝑡, 𝑓)  are the spectrogram of 

clean speech and estimated speech at the m-th channel. Here, 𝑀, 𝑇, and 𝐹 indicate the numbers of 

channels, time frames, and frequency bins, respectively.  

The time-domain loss regards as the speech quality in time, and it is represented as the mean 

squared error (MSE) between the clean speech signal and enhanced one, such as 
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where 𝑠𝑛
𝑚  and �̂�𝑛

𝑚  denote the n-th clean and enhanced speech sample at the m-th channel, 

respectively, 𝑁 is the total number of speech samples. Consequently, the joint loss function used in 

this paper is defined as 

 

TFT
losslossloss  ) (1   (3) 

 

where 𝛽 is a parameter to trade off the contributions of the time domain loss and time-frequency 

domain loss, and it is set to 0.4 in the paper. 

3. Experiment 

3.1 Dataset 

The proposed speech enhancement method was evaluated using the publicly available CHiME-3 

dataset [14]. Many multi-channel speech enhancement methods have used this dataset [3, 15, 16]. The 

utterances in the dataset were generated by mixing the clean speech with four different kinds of noise, 

including noise from cafés, buses, pedestrian areas, and streets. Each speech signal was recorded using 

six-channel microphones installed on a tablet device at a sampling rate of 16 kHz. Consequently, the 

dataset contained 7138, 1640, and 1320 utterances for training, development, and evaluation, 

respectively. 



 

 

3.2 Experimental Setup 

During training, a segment of length N = 64,000 (4 seconds) was randomly selected from the 

utterances and was zero-padded if its length was shorter than N. We used the following experimental 

settings: the number of microphones M = 6, frame size W = 16, frame shift A = 8, chunk size C = 128, 

chunk shift U = 64, and feature dimension H = 128. The number of repetitions in each transformer 

block was set to R = 2. The dimension of the feed-forward network in the transformers was set to 256. 

The proposed model was trained for 60 epochs using the ADAM optimizer with the batch size of 

2. The learning rate was set to 0.0004 at the beginning of training, but it was scaled to half this size 

if the best validation score was not updated for five consecutive epochs. All the experiments were 

done on a single NVIDIA RTX A6000-48GB. To compute the time-frequency domain loss, a 512-

point short-time Fourier transform with a window shift of 256 was applied to the enhanced speech 

signal. 

The performance of the proposed TPTN-based speech enhancement model was evaluated by 

measuring the short-time objective intelligibility (STOI) score [17] and perceptual evaluation of 

speech quality (PESQ) score [18], and it was compared with that of the TPARN-based speech 

enhancement model [10]. Note that STOI and PESQ scores were measured with respect to channel 5, 

in accordance with previous studies [3, 15, 16]. It was also noticed here that the source code for 

TPARN-based speech enhancement was unavailable, thus we implemented it by following the training 

strategy in [10], except for the batch size and the number of microphones. In other words, the batch 

size and the number of microphones were set to 2 and 6, respectively, to align our experiment setup. 

3.3 Results 

Table 1 compares the average STOI and PESQ scores of unprocessed noisy speech signals and 

their enhanced versions by the TPARN-based and TPTN-based speech enhancement models on the 

CHiME-3 dataset. As shown in the table, the TPTN-based speech enhancement model achieved a 

significantly higher PESQ and STOI score than the unprocessed speech, as we expected. In addition, 

the TPTN-based model provided a higher PESQ score than the TPARN-based model, while the STOI 

scores of both models were similar. However, the number of parameters and processing time of the 

proposed TPTN-based model were lowered than those of the TPARN-based model, which implies that 

our proposed model was lightweight with competitive performance with respect to the TPARN-based 

model. 

Table 1 – Comparison of the proposed model with TPARN-based model on the CHiME-3 dataset 

Model No. of parameters 
Average inference time 

per segment 
PESQ STOI 

Noisy/Unprocessed – – 1.27 0.870 

TPARN  6.1 M 142.4 ms 2.31 0.962 

TPTN 2.6 M 129.5 ms 2.47 0.962 

4. CONCLUSION 

In this paper, we proposed the TPTN-based speech enhancement model by replacing the RNNs 

with the transformers in the conventional triple-path framework. The proposed TPTN was composed 

of an intra-chunk transformer, an inter-chunk transformer, and an inter-channel transformer. Thus, 

three TPTNs were sequentially applied to represent speech features with local and global temporal 

dependencies as well as spatial dependencies. The performance of the proposed TPTN-based multi-

channel speech enhancement model was evaluated on the CHiME3 dataset by measuring the STOI 

and PESQ scores. It was shown from the experiment that the proposed TPTN-based model achieved 

similar STOI score to and higher PESQ score than the TPARN-based model, while the number of 

parameters of the proposed model was smaller than that of the TPARN-based model.  
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ABSTRACT 

An abnormal sound source can be detected by using an ultrasonic microphone array. It can prevent or reduce 

the occurrence of safety accidents in public safety fields as well as industrial sites. The array can detect 

scream, explosion, accident, gas leaks and electric discharges. The ultrasonic microphone array used in this 

paper has 112 ultrasonic microphones and one optical camera. The camera acquires acoustic data from the 

FPGA at 96 kS/sec sampling, and captures optical image data from the embedded controller. The acquired 

data is delivered to the server. The server analyzes and processes in various forms, and provides the processed 

results to users in the form of a dashboard. The ultrasonic camera uses a beamforming method to display an 

overlayed image of an actual optical image, which indicates the location of the sound source. The developed 

ultrasonic microphone array can be used for surveillance and monitoring. It can be applied in various forms 

by installing it on a robot, an unmanned vehicle, or a drone. This paper explains the configuration and 

development history of an ultrasonic microphone array. This paper introduces the case study of abnormal 

sound source monitoring. 

 

Keywords: Ultrasonic, Microphone array, Beamforming, Abnormal sound source 

1. INTRODUCTION 

Various safety accidents that occur around us start with the occurrence of small problems. If we 

catch these small signs, we can prevent or reduce the occurrence before an accident occurs. The most 

common method for monitoring accidents occurring in industrial sites or the public sector is video 

surveillance using a closed-circuit television (CCTV). It allows monitoring of intrusion, fire, and 

safety accidents like a human guard does. However, one thing we need to notice is that current CCTV 

uses only video data. Surveillance absolutely needs sound monitoring too in many cases. In the market, 

there exists one or two microphone systems for audio surveillance. The inform the user some sound 

events. However, when a small number of sensors are used, it is impossible to find the location of 

sound sources. 

This paper introduces the development of an ultrasonic microphone array that can detect ultrasonic 

sound events. A total of 112 channel microphone array collects audio data from audible range to 

ultrasonic range. It acquires signals of various frequency bands and tracks the location of sound 

sources by using a delay-sum beamformer. In addition, the developed array display results intuitively 

by combining the detected location with the acquired video image data. Ultrasonic microphone array 

can be applied not only to safety monitoring in industrial sites such as gas leaks or electric discharge, 

but also to public safety fields to prevent or reduce the occurrence of safety accidents in advance. 
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2. ULTRASONIC MICROPHONE ARRAY 

2.1 Microphone array design 

The ultrasonic microphone array consists of 112 digital MEMS microphones and one optical 

camera. It measures and analyzes the sound and video in various environments. The ultrasonic 

microphone array acquires 96,000 samples per second. The array covers from audible range to 

ultrasonic range. The array has a FPGA module for high-speed processing. The array uses a delay-

sum beamformer algorithm to localize the sound source. 

 

 

Figure 1 - Microphone array design for narrow bandwitdth and high maximum side lobe 

2.2 Surveillance and monitoring process  

The results obtained from the ultrasonic microphone array are delivered to the server through the 

network. Online surveillance and monitoring are possible using the transmitted data. The transmitted 

results are displayed in real-time on a dashboard and saved at the same time, so that the user can 

manage history. 

 

 

Figure 2 – Schematics of surveillance and monitoring using ultrasonic microphone array 

3. APPLICATIONS 

The ultrasonic microphone array can detect gas leakage or electric discharge. It also can be used 

to monitor the occurrence of various sound events such as impact noise and explosions. It can be used 

in connection with the safety management in the public sector through various network services.  



 

 

 

Figure 3 – Gas leak detection using the ultrasonic microphone array 

 

Figure 4 – Partial discharge detection using the ultrasonic microphone array 

4. CONCLUSION 

An ultrasonic microphone array that can be used for real-time surveillance and monitoring in 

industrial sites and public fields has been developed. It can measure sounds and images using an 

optical camera and 112 channel ultrasonic microphones. It transmits the analyzed results to a web 

server using a network. Users can check results through a dashboard and intuitively. The performance 

of the ultrasonic microphone array was tested through a leakage simulator and a partial discharge 

generator. Test results verifies that the array could be used to various environments. 
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ABSTRACT
Sound field reconstruction aims at estimating acoustic fields over space from a limited number of measurements,
typically in connection to the analysis, control, and reproduction of the measured fields. While the existing lit-
erature has focused on developing suitable acoustic models and estimation algorithms, less attention has been
paid to the positioning of measurements. The present study investigates the optimal sensor placement for re-
constructing sound fields over space. The reconstruction problem involves estimating a set of parameters used
to describe the sound field. In this study, an optimization problem is formulated, in which the sensor positions
that minimize the Bayesian Cramer-Rao bounds for the estimated parameters are chosen from a collection of
candidates, while a constraint on the number of active sensors is imposed. An approximate solution to this
problem is found via convex relaxation. Numerical results show that tight bounds can be obtained, thus the
optimized positions can effectively reduce the mean-squared-error of the estimated parameters. Additionally,
a bound on the best achievable performance by a selection of sensors can be calculated, making it possible to
assess the optimality of the approximate, convex-relaxed solution. Experimental results indicate lower errors
when the positions are optimized as compared to other selection methods.

Keywords: Sound field reconstruction, Sensor selection, Optimization

1 INTRODUCTION
The sampling and reconstruction of sound fields over space is a fundamental problem in acoustics, audio and
noise control. Applications such as sound field analysis [1, 2, 3, 4], control [5, 6, 7], and reproduction [8,
9, 10] require distributed measurements of a pressure field over space. However, acquiring samples across
space is costly, and thus optimizing the position of measurements is central to those applications. Optimal
sensor placement consists of finding the measurement positions that yield the most information. To this end,
a common approach is to define N potential measurements from which K are selected based on an optimality
criterion. The optimization can lead to a higher reconstruction accuracy for a given budget of sensors, or to a
reduction in the number of measurements required to achieve certain accuracy level.

A typical approach is to regularly sample the domain of interest with uniformly spaced measurements [11].
The spacing between sensors depends on the highest frequency sampled and thus, uniform sampling normally
results in a large number of measurements, particularly at mid and high frequencies. Chardon et al. [12]
investigated the optimal sampling of solutions to the Helmholtz equation with respect to the stability of the
solution, and showed that it is beneficial to place most of the sensors on the boundary of the measured domain.
Some microphones, however, must be placed inside the domain as to avoid instabilities at the natural frequencies
of the aperture [13, 14]. Kernel regression has been proposed in recent years to estimate the sampled sound
field [15, 16]. In this framework the measured data is projected onto spatial correlation functions called kernels,
which are effective at describing the sound field over space. Several sensor placement methods based on kernel
regression have recently been proposed for the sampling of acoustic fields [17, 18].

A problem related to the optimal sensor placement for sound field reconstruction is the optimization of
microphone and/or loudspeaker positions for sound field control [19, 5]. Koyama et al. [20] surveyed several
methods for selecting the optimal combination of sources and control points. They compared different methods,
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including algorithms based on Gram-Schmidt orthogonalization, optimal experimental design and information
theory, and proposed a method based on empirical interpolation.

The general problem of optimizing the position of N sensors out of K candidates is a N-choose-K combi-
natorial problem, and finding the exact solution by exhaustive search is intractable even for moderately large K
and N. Different approaches to obtain an approximate solution have been proposed, including convex relaxation
[21, 22, 23, 24], greedy methods [25, 26, 27], and heuristic algorithms [28].

In this study we investigate the use of convex relaxation techniques to optimize the sensor positions for the
problem of sampling and reconstructing acoustic fields over space.

2 PLANE WAVE MODEL
Let us define the pressure field y(r)e jωt , with r ∈ Ω, and Ω ⊂ R3 (Ω ⊂ R2 in the 2D case). Initially, pure-tone
sound fields of frequency ω are considered. Assuming that no sound sources are inside Ω, arbitrary acoustic
fields can be expressed as a linear combination of propagating and evanescent plane waves [29]. In this study
only propagating waves are included in the expansion. This is a suitable model when Ω is relatively far from
any sound source and scattering elements, so that the evanescent field can be disregarded. The pressure field is
then expressed as

y(r)≈
L

∑
l=1

xlejkl ·r +n(r), (1)

where xl is the complex amplitude and kl = [kx,ky,kz]
T is the wavenumber vector of the lth plane wave in

the expansion. The term n(r) represents the measurement noise. The convergence of this approximation when
y(r) is a solution of the homogeneous Helmholtz equation and Ω is convex is guaranteed for a large enough L,
which depends on the size of Ω and the frequency ω [30, 31, 32]. In order to account for waves propagating in
every direction, the wavenumber components kx, ky and kz are uniformly sampled on the surface of the radiation
sphere with radius ω/c, where c is the speed of sound (in 2D, kx and ky are sampled on the circle of radius
ω/c). The time dependency term, e jωt , is omitted without loss of generality.

The pressure field y(r) is discretized in N candidate positions, ri, i = 1, . . . ,N, which results in the vector
y ∈ CN . Equation (1) can then be written algebraically as

y = Ax+n, (2)

where A ∈ CN×L, with elements ai, j = ejk j ·ri , is the representation matrix, and x ∈ CL is the vector of wave
coefficients, x = [x1, . . . ,xL]

T . The term n ∈ CN accounts for the noise. The additive noise is assumed to be
independent and identically distributed, following a circularly symmetric complex normal distribution of variance
σ2.

Sound field reconstruction consists of estimating the coefficients x from a limited set of available measure-
ments, and then calculating the pressure field y(r) over the entire domain—including the positions that have not
been measured—from the estimated coefficients.

In this study, waves traveling in every direction are included in the expansion of Eq. (1) in order to ap-
proximate y. It is important to note that the discretization of the radiation sphere results in a redundant repre-
sentation, in which the columns of A are not linearly independent. As a result, the matrix A is almost certainly
ill-conditioned, and the stability of a frequentist estimation of x (i.e., based solely on the likelihood) is not
guaranteed.

3 SENSOR SELECTION
The candidate positions are the N points in space in which the sound pressure can potentially be measured.
However, only K out of the N candidates, where K < N, are actually measured, i.e., there is a limit in the
number of sensors that can be used. The sensor selection problem consists in selecting the K sensor positions
that are optimal to estimate the wave coefficients x. In order to represent the selection, we introduce the
activation vector z = [z1, ...,zN ]

T , with zi ∈ {0,1}. Each element of z is either one or zero, indicating whether



the sensor is selected or not. The sensor budget is the number of active sensors, ||z||1 = K. We define an
activation matrix, Z ∈ {0,1}K×N , which is the submatrix of diag(z) where the zero-rows have been removed.
The activation vector and matrix are related by diag(z)=ZT Z. The selected measurements yz are then expressed
as

yz = Zy = ZAx+Zn. (3)

The sensor selection problem can be cast as an optimization problem, in which we seek to determine the best
subset of sensors, i.e. find z, subject to a constraint on the number of active sensors K.

3.1 Estimation
The problem of estimating the wave coefficients x from the K available measurements is almost certainly ill-
posed due to the linear dependency between the columns of A (see Sec. 2). In the Bayesian framework, this
is addressed by including prior knowledge in the form of a probability distribution, which is defined for the
coefficients to be estimated, x, in order to arrive to a unique, stable solution. We choose the coefficients to be
independent and normally distributed—leading to the standard ℓ2-norm regularization. This results in the x with
the minimum energy that fits the data, effectively stabilizing the solution. The prior is then x ∼ C N (0,ν2IL),
where ν2 is the variance and IL is the L×L identity matrix. The posterior, i.e. the distribution of coefficients
given the likelihood (measurements) and the prior, is calculated via Bayes’ theorem. Since both n and x are
normally distributed, the posterior is also normal [33],

p(x|yz,σ
2,ν2) = C N (x̃,ΣΣΣ), (4)

where x̃ is the maximum a posteriori (MAP) estimate,

x̃ = ΣΣΣAHZHyz, (5)

and ΣΣΣ is the estimation error covariance matrix,

ΣΣΣ = (σ−2AHZHZA+ν
−2IL)

−1. (6)

Given these assumptions, the statistical behavior of the MAP estimator is completely determined by the co-
variance matrix ΣΣΣ. Furthermore, as may be noted, ΣΣΣ depends on the chosen sensor positions via the selection
vector z. Thus, as to optimize the estimation performance, we herein consider optimizing functionals of ΣΣΣ with
respect to z, as described next.

3.2 Bayesian Cramér-Rao bound
In the Bayesian framework, the Fisher information matrix (FIM) for complex-valued coefficients is defined as
[34, 35, 36]

F ≜ Ey,x

{
∇x∗ log p(y,x) [∇x∗ log p(y,x)]H

}
. (7)

The FIM provides a measure of the amount of information that a typical observation y carries about x, as it
relates to the rate of change of p(y,x) with respect to x. In other words, if the gradient with respect to x of
p(y,x) is large, an observation y will provide significant information about x.

For a linear model like the one in Eq. (2), the Bayesian FIM coincides with the inverse of the covariance
matrix:

F = ΣΣΣ
−1 = σ

−2AHZHZA+ν
−2IL. (8)

The importance of the FIM lies in that it provides a lower bound for the performance of any estimator x̃ of x.
The Bayesian Cramér-Rao bound (BCRB) is [37]

R(x̃)⪰ F−1 ≜ BCRB, (9)

where R(x̃) is the mean-squared-error (MSE) matrix,

R(x̃) = Ey,x
{
(x− x̃)(x− x̃)H} . (10)



The inequality in Eq. (9) means that the matrix R(x̃)−F−1 is positive semidefinite, implying that the MSE of
the ith coefficient, Ey,x

{
(xi − x̃i)(xi − x̃i)

H
}

, is lower bounded by the ith element in the diagonal of F−1. The
problem of selecting the optimal set of sensors seeks to maximize or minimize some criteria related to the FIM
subject to a constraint in ||z||1.

It is important to remark that the BCRB is a lower bound on the error when using the selected sensors z
to estimate x. However, F−1(z) is not a lower bound for every combination of sensors. In other words, if the
sensor selection z is sub-optimal there can be other combinations of sensors that result in a lower error.

3.3 Optimization criteria
Several optimization criteria can be used to obtain an optimal set of sensor positions. From Eq. (9), we can
observe that the trace of F−1 is the sum of the diagonal elements of the BCRB. Thus, minimizing the trace of
F−1 is equivalent to minimizing the expected mean-squared-error when estimating x, assuming that the BCRB
is tight [22, 23, 24]. The optimization problem is expressed as

zT = argmin tr(F−1) s.t. ||z||1 = K , zi ∈ {0,1} , (11)

where tr(F−1) denotes the trace of the matrix F−1. The minimization of tr(F−1) is related to A-optimal de-
sign. Other criteria exist, such as D-optimality [which corresponds to maxlogdet(F)], E-optimality [which
corresponds to maxλmin(F), where λmin is the smallest eigenvalue of F], T -optimality [which corresponds to
maxtr(F)], etc. [38]

The objective function of Eq. (11) is convex, making the problem Boolean-convex [21]. The only non-
convexity stems from the constraint zi ∈ {0,1}. This optimization problem is K-choose-N combinatorial, and
finding an exact solution by trying all possible combinations is intractable for moderately large K and N.
Nonetheless, the solutions can be approximated by convex relaxation.

3.4 Convex relaxation
The problem (11) is non-convex due to the constraint zi ∈ {0,1}. Relaxing the constraint zi ∈ {0,1} to zi ∈ [0,1]
makes the problem convex, and therefore it makes it possible to approximate a solution via convex optimization.
The relaxed problem for Eq. (11) is

ẑT = argmin tr(F−1) s.t. ||z||1 = K , zi ∈ [0,1]. (12)

The elements in the activation vector ẑT take values between zero and one, i.e., they are not binary anymore.
In order to select an integer number of sensors, the K largest entries of ẑT are set to one (corresponding to the
selected sensors) and the rest are set to zero. The resulting binary vector is denoted as z̃T .

The optimality of the approximate solution, z̃T , can be examined by observing that the set of all possible
solutions that satisfy the constrains of the relaxed problem [Eq. (12)] contains the set of the possible solutions
for the original problem [Eq. (11)]. Therefore, the optimal objective value of the relaxed problem, tr[F−1(ẑT )],
cannot be larger than the optimal value of the original problem, tr[F−1(zT )]. Additionally, the optimal value of
the approximate solution, tr[F−1(z̃T )], cannot be smaller than the objective value of the original problem [21].
More concisely,

tr[F−1(z̃T )]≥ tr[F−1(zT )]≥ tr[F−1(ẑT )]. (13)

The difference between upper and lower bounds,

δ = tr[F−1(z̃T )]− tr[F−1(ẑT )], (14)

gives an indication of how far from the optimal sensor selection is the approximate solution. If δ = 0, the
approximate solution is also the solution of the original selection problem, Eq. (11).

Being able to assess the optimality of the obtained solution is of great value—especially when compared
with greedy methods—since it provides insight on how far we are from the sensor configuration that results in
the optimal objective function, or how much we can benefit from adding additional sensors.



Figure 1. Error (normalized RMSE in %) as a function of the sensor budget K. The RMSE is obtained for
a uniform sampling, a selection that minimizes the trace based on random draws, and the optimized sensor
selection based on convex relaxation.

4 EXPERIMENTAL STUDY
The optimization of sensor positions for reconstructing sound fields over a 2D domain is examined in a numer-
ical study. A uniform grid of 20×20 candidate positions is defined over a 1×1 m2 planar aperture (N = 400).
The number of coefficients is L = 50, and the studied frequency is 750 Hz. A uniform sampling of the domain
would require a minimum of 25 measurements for the studied frequency, according to the Nyquist theorem. A
Monte Carlo simulation is conducted, where S = 10000 realizations of the coefficient vector x are computed.
The coefficients are drawn from a i.i.d. normal distribution with ν2 = 10−3, and the measurements are computed
using Eq. (2). The variance of the additive noise is set to σ2 = 10−2, resulting in a SNR of approximately 7
dB (note that the columns of A are not normalized). As a prior, we choose the coefficients to be independent
and normally distributed. In this numerical study, the exact values of σ2 and ν2 are assumed to be known.
This assumption is made in order to evaluate the sensor selection problem by itself, without the influence of
other sources of uncertainty.

The estimated mean-squared-error matrix is computed as

R̃ =
1
S

S

∑
s=1

(xs − x̃s)(xs − x̃s)
H , (15)

where xs is the true value and x̃s is the estimated value for the coefficients of the sth realization.
The numerical study examines the optimal sensor selection based on the minimization of the trace of F−1,

Eq. (12). The problem is solved using the CVX toolbox for convex optimization [39].
Figure 1 shows the root-mean-squared error, computed as

RMSE =

√
tr(R̃)/L, (16)

normalized over the expected value for the norm of x, as a function of the sensor budget K. The optimized
sensor selection is compared with a uniform sampling and with a sub-optimal selection in which K sensors
are randomly drawn 1000 times, tr(F−1) is then calculated for each draw, and the set of sensors resulting in
the minimum trace is chosen. The optimized sensor selection based on convex relaxation achieves the lowest
error of the three configurations (yellow line in Fig. 1). The improvement with respect to the uniform sampling
(blue line in Fig. 1) is largest when the sensor budget is below or equal than 25 sensors, i.e., the minimum
required by the Nyquist theorem. On the other hand, the improvement with respect to the sub-optimal selection



Figure 2. Difference between upper and lower bounds of the objective value, δ , normalized over tr[F−1(ẑT )]
(in percentage) as a function of the sensor budget K.

Figure 3. Selected sensors from (a) a uniform sampling, (b) minimization of the trace based on random draws,
and (c) optimized selection based on convex relaxation. The sensor budget is K = 25.

(red line in Fig. 1) grows as more sensors are available. The error of the optimized selection levels off after
approximately K = 35 measurements, showing that not much benefit is obtained from additional measurements.

Together with the RMSE, Fig. 1 shows the square root of the BCRB (computed as
√

tr(F−1)/L) for the
optimized selection. RMSE and BCRB coincide, indicating that a tight bound is attainable [Eq. (9)] and thus,
minimizing the trace of F−1 can reduce the estimation error.

Figure 2 shows the difference between upper and lower bounds of the objective value, δ [Eq. (14)], as a
function of the sensor budget. As the number of available sensors increases the value of δ decreases, indicating
that the approximate solution for the sensor selection problem, z̃T , is close to the solution of the original
problem, zT .

Figure 3 shows the sensor positions when K = 25 for the uniform sampling [Fig. 3(a)], the selection based
on random draws [Fig. 3(b)], and the selection based on convex relaxation [Fig. 3(c)]. The optimized selection
places all of the sensors on the boundary of the domain. One can note that the selected sensors are not equally
spaced along the boundary and that no sensors are placed inside the domain. The selection based on random
draws [Fig. 3(b)] does not present a clear pattern, although it achieves an estimation performance comparable



Figure 4. Selected sensors from (a) a uniform sampling, (b) minimization of the trace based on random draws,
and (c) optimized selection based on convex relaxation. The sensor budget is K = 64.

to the optimized selection. When compared with the uniform sampling, the optimized positions achieve lower
error.

Figure 4 shows the sensor positions when K = 64. Most of the optimized positions [Fig. 4 (c)] are placed
on the boundary of the domain, with a higher sensor density towards the corners. The rest of the positions are
distributed within the domain. It is interesting to observe that the distribution within the domain seems uniform
although the selected sensors are not equally spaced. The sub-optimal distribution [Fig. 4 (b)] seems to place a
large portion of the sensors on the boundaries of the domain, although no clear pattern can be observed.

5 Conclusion and discussion
The optimization of sensor positions for sampling and reconstructing sound fields over space has been exam-
ined. The sensor selection is cast as an optimization problem subject to a constraint in the number of selected
positions. The optimization objective chosen is a metric of the Bayesian FIM. A relaxation of the constraint
makes the problem convex, which enables to approximate the solution via convex optimization. A numerical
study shows that tight bounds can be obtained by the selected positions, and that a lower error is achieved
when compared with other sampling schemes.

The results indicate that generally sensors placed on the boundary of the domain are more informative. This
is particularly relevant when the number of available sensors is smaller than or similar to what is required by
the Nyquist theorem. For larger sensor budgets, some of the sensors are selected within the domain and the
improvement with respect to a regular sampling is not as pronounced.

The optimization for several frequencies simultaneously is proposed as a future line of research, as the
optimal selection is likely to be different for each frequency. Preliminary results show that the optimization is
relevant for a frequency band that depends on the size of the sampled domain and the number of sensors.
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ABSTRACT
Acoustic beamforming enables us to record a distant talker’s speech signal from a certain direction while re-
jecting simultaneous interfering speech signals from other directions in the presence of noise using an array
of microphones. It finds application in directional speech enhancement, 3-D sound/speech separation, video
or teleconferencing, speech recognition in smart home devices etc. The most popular beamformer is the mini-
mum power distortionless response (MPDR) beamformer which minimizes the power of the beamformer output
while putting a distortionless constraint in the desired direction. To improve the performance of the MPDR
beamformer, sparse beamformers which minimize the ℓ1-norm of the beamformer output while having the same
distortionless constraint have been proposed. In this work, we propose a sparse beamformer based on a cus-
tomized merit function for sparsity that provides a better approximation to the sparsity inducing ℓ0-norm than the
ℓ1-norm thereby reducing the bias of the ℓ1-norm based sparse beamformers. The formulation of the proposed
beamformer and the algorithm to solve the resulting sparse optimization problem are presented. Using various
objective measures, simulation results show that the proposed acoustic beamformer performs better in rever-
berant room environments in eliminating interfering residuals and performs better in distant speech recognition
applications.

Keywords: Acoustic beamforming, Speech enhancement, Speech separation, Microphone arrays

1 INTRODUCTION
Acoustic Beamforming is a means of filtering acoustic signals in the spatial domain by designing specialized
beam patterns in the 3D space using an array of microphones. One of the major applications of beamforming
is to capture speech signals only from a desired direction while filtering out or rejecting interfering speech sig-
nals from other directions in the presence of noise and reverberation. Conventional beamformer (CBF) is the
simplest beamformer and uses the delay and sum technique to orient the main-lobe peak of its beam pattern
towards the desired direction [1]. The most common beamformer is the minimum variance distortionless re-
sponse beamformer (MVDR) [2] and its variants [3] which reduces the variance of the interference-plus-noise
part of the beamformer output or in practical cases, the power of the entire beamformer output (making it the
minimum power distortionless response beamformer (MPDR)) while placing a distortionless constraint in the de-
sired direction. However, most beamforming techniques are unable to remove the interfering signals completely
and there are always some undesired residual elements in the beamformer output. These elements degrade the
speech separation performance of the beamformers. To tackle this, an ℓ1-norm minimizing distortionless beam-
former was proposed in [4] which performed better in removing the residual elements. Since, minimizing the
ℓ1-norm is sparsity inducing, it was shown to enhance the target speech signals that are generally sparse in the
time-frequency domain. The advantage of ℓ1-norm minimization is the technical simplicity in solving it owing
to its convexity (ℓ1-norm is a convex relaxation of ℓ0-norm). However, since the proximal operator of the ℓ1-
norm is the soft-thresholding operator [5], it attenuates not only small components but also larger components.
This results in the attenuation of the target speech. On the other hand, solving ℓ0-norm minimization is NP-hard
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and its proximal operator is the hard-thresholding operator [5], minimizing which is strenuous because of its
discontinuous nature. To address the bias issue of ℓ1-norm, in [6], a sparse distortionless beamformer based on
a nonconvex sparsity-inducing objective function was proposed.

Due to the NP-hardness of the ℓ0-norm minimization problem, there is little hope in approximating the
ℓ0-norm to any degree of accuracy using convex functions. However, there exist numerous concave functions
that can approximate the ℓ0-norm to any degree of accuracy [7]. Infact, concave functions appear more suited
to finding sparse solutions as the ‘bulged’ feature of convex functions may prevent the finding of sparse solu-
tions [7]. In this work, we propose using a concave merit function for sparsity as the objective function of a
sparse beamformer along with the distortionless constraint. The proposed method performs better zero-attraction
and effectively sparsifies the beamformer output which is shown to perform better in removing the residual
elements of interfering signals. This leads to better spatial filtering and enhancement of speech captured from
the desired direction. We present the formulation of the proposed beamformer and a method to solve it using
the reweighted ℓ1-norm minimization technique [8] and run simulations to demonstrate the effectiveness of the
proposed beamformer. Notations: (.)H , (.)∗ and (.)T denotes the conjugate transpose operator, the conjugate op-
erator and the transpose operator, respectively. Bold lowercase letters are column vectors while bold uppercase
letters are matrices. C represents the set of complex numbers. ||.||p represents the ℓp norm of a vector. E[.]
represents the mathematical expectation operator. diag(x) is a diagonal matrix with x as its diagonal.

2 PRELIMINARIES
2.1 Array Signal Model
Let us consider a planar microphone array with M microphones. Let D speech signals impinge on the array
from different directions. The signal captured by the mth (1≤ m≤M) microphone is then given by

ym(t) =
D

∑
d=1

hmd(t)∗ sd(t)+nm(t), (1)

where ∗ represents the convolution operation. hmd represents the acoustic transfer function (ATF) from the dth

source sd(t) to the mth microphone. In an anechoic room, the ATF is close to an impulse function which
includes only the direct paths. However, in reverberant rooms, the impulse response consists of direct path
sounds, early reflections and late reflections due to multi-path propagation [9]. Also, nm(t) is the uncorrelated
noise at the mth microphone. The reverberation and noise make the acoustic environment very challenging to
perform beamforming. We will deal with beamforming in the STFT domain. Let l be the frame index and let
ω represent the frequency bin. Then, the mth microphone signal in the STFT domain can be written as

Ym(l,ω) =
D

∑
d=1

Hmd(ω)Sd(l,ω)+Nm(l,ω). (2)

Here, Ym(l,ω), Hmd(ω), Sd(l,ω) and Nm(l,ω) are the STFTs of ym(t), hmd(t), sd(t) and nm(t), respectively.
The signals captured by all the M microphones can now be written in a vector form as

y(l,ω) =
D

∑
d=1

hd(ω)Sd(l,ω)+n(l,ω), (3)

where,

hd(ω) = [H1d(ω),H2d(ω), · · · ,HMd(ω)]T , (4)

n(l,ω) = [N1(l,ω),N2(l,ω), · · · ,NM(l,ω)]T , (5)

y(l,ω) = [Y1(l,ω),Y2(l,ω), · · · ,YM(l,ω)]T . (6)

To perform beamforming on the signal received by the array to capture/extract speech from a particular direction
(while rejecting speech from other directions), a complex weight is applied to the output of the array as

Z(l,ω) = wH(l,ω)y(l,ω) (7)



where w(l,ω) = [W1(l,ω),W2(l,ω), · · · ,WM(l,ω)]T ∈ CM×1 is the vector of beamforming weight coefficients.
The beamforming output in the time domain is obtained by applying inverse STFT on Z(l,ω).

2.2 Conventional Beamformer
Conventional beamformer is the simplest beamformer that uses the steering vector - a vector that stores the
phase delays of a plane wave arriving from a particular direction to all the microphones with regards to a
reference microphone - as its weights [1, 10, 11]. In practical cases, the estimate of the desired relative transfer
function (RTF) is used as the steering vector. RTF is defined as the ratio of the acoustic transfer function
(ATF) from the desired source to a microphone and the ATF from the same source to the reference microphone
[12]. Suppose, a(ω) = hd(ω)

H1d(ω) = [a1(ω),a2(ω), · · · ,aM(ω)]T is the estimated RTF, the weight of the conventional
beamformer is then given as

w =
1
M

a(ω), (8)

Since, the conventional beamformer operates on the principle of delay-and-sum which relies heavily on the
phase information of the direct path, it does not perform well in reverberant environments due to the cluttering
of phase information in multi-path environments.

2.3 MPDR Beamformer
MPDR beamformer minimizes the power of the beamformer output while putting a distortionless constraint to-
wards the target direction. So, the weight vector of MPDR beamformer is given as the solution to the following
optimization problem

min
w

∥∥wH(l,ω)y(l,ω)
∥∥2

2 s.t. wH(l,ω)a(l,ω) = 1, (9)

whose close form solution is

w(l,ω) =

(
R−1

y (l,ω)a(l,ω)
)(

a(l,ω)HR−1
y (l,ω)a(l,ω)

) (10)

where Ry(l,ω) = E[y(l,ω)yH(l,ω)] is the spatial covariance matrix of the array signal. MPDR beamformer is
susceptible to the mismatch in the RTF estimate and suffers from a phenomenon known as subspace swap [1]
in low SNR scenarios.

2.4 ℓ1-norm based Sparse Distortionless beamformer (ℓ1-SDB) [4]
The distortionless constraint preserves the speech signal from the desired direction after applying the MPDR
beamformer weight to the array output. But, the weight acting to minimize the power of the interfering signals
does not eliminate them completely. The residuals of the interfering signal remain in the beamformer output.
This degrades the speech separation performance of MPDR beamformers. In [4], assuming that the target speech
is sparse in the time-frequency domain, an ℓ1-norm minimization based distortionless beamformer was proposed.
It was hypothesized that making the beamformer output sparse would reduce the residual signals. Its weights
are given by solving the following problem

min
w

∥∥wH(l,ω)ŷ(l,ω)
∥∥

1 s.t. wHa = 1, (11)

where ŷ(l,ω) = [y(l−L+1,ω), · · · ,y(l,ω)] and L is the length of a block of time indices. (11) being a convex
optimization problem can directly be solved using any widely available programming toolbox like CVX [13].

3 PROPOSED SPARSE DISTORTIONLESS BEAMFORMER
The intuitive reasoning for incorporating sparsity in the beamforming output is that a single clean speech signal
is undoubtedly sparser than the mixture of different speech signals arriving from different directions. It is even
more so in noisy and reverberant scenarios. Also, it has been shown that speech is better modelled with a
super-gaussian sparse prior like the Laplacian distribution [14] than non-sparse priors. So, enforcing sparsity
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Figure 1. Plot showing the atan penalty function for different ε as well as the ℓ1-norm function.

to the beamformer output is justified. The ideal sparse beamformer should solve the following highly sparsity
inducing ℓ0-norm minimization problem

min
w

∥∥wH(l,ω)ŷ(l,ω)
∥∥

0 s.t. wHa = 1. (12)

However, solving (12) is NP-hard. In literature, numerous sparsity inducing concave function that approximates
the ℓ0-norm have been used as the objective function in ℓ0-norm minimization problems [7, 8, 15, 16]. Using
the same principle, we propose the following sparse beamformer

min
w

ψε

(
wH(l,ω)ŷ(l,ω)

)
s.t. wHa = 1. (13)

where ψε() is a real-valued sparsity inducing function that approximates the ℓ0-norm in some sense. In this
work, we use the atan-sum penalty function to approximate the ℓ0-norm function. That is, we set ψε(z) =
∑

L
u=1 atan(|zu|/ε). Here, zu represents the uth element of the vector z and ε > 0 is a constant used to regu-

larize the level of approximation. To justify this approximation, we show how the atan-sum penalty function
approximates the ℓ0-norm. Defining the Kronecker delta function as

δ (z) =

{
1, if z = 0,
0, otherwise.

(14)

Then, the ℓ0-norm of vector z can be written as ||z||0 = ∑
L
u=1 (1−δ (zu)). So, any function f (z) ( f : R→ R)

that approximates (1−δ (z)) can approximate the ℓ0-norm [17]. Now, looking at the following property of the
arctangent function

2
π

lim
ε→0+

atan
(
|z|
ε

)
=

{
0, if |z|= 0,
1, if |z| ̸= 0,

(15)

we can conclude that limε→0+ atan
(
|z|
ε

)
converges in a pointwise manner to 1−δ (z) with some normalization.

So, ∑
L
u=1 atan(|zu|/ε) approximates ℓ0-norm by extension. Figure 1 shows the plot of ψε(z) = atan(|z|/ε) for

different values of ε . From the figure, we can see that as ε approaches zero, the approximation to ℓ0-norm gets
better. In the figure, the ℓ1-norm is also plotted for comparison with the atan penalty function. We can see the
bias of the ℓ1-norm resulting in the attenuation of not only the smaller values but also the larger values which
in our application, suppresses the target speech signal and is undesirable. The atan penalty function has no
such bias against larger values. So, the performance of the proposed sparse beamformer using the atan function
should be improved. The proposed algorithm is summarized in Algorithm 1. The reweighted ℓ1-norm technique
is used to solve (13). The diagonal weight update matrix W have weights that are inversely proportional to
the beamformer output. This is how the proposed sparse beamformer eliminates the bias of the ℓ1-norm against
larger values. Because for the proposed beamformer, the weights for larger values would be smaller and the



Algorithm 1 Proposed Sparse Distortionless Beamformer

Choosing ψε(z) = ∑
L
u=1 atan(|zu|/ε)

inputs: array signal ŷ(l,ω), estimate of the RTF â(ω), ε .
initialize: iteration j = 0, initial weights W( j=0) = I
while stopping criteria false do

ŵ( j)(l,ω)←minwnm

∥∥∥W( j)wH(l,ω)ŷ(l,ω)
∥∥∥

1
s.t. wH(l,ω)â(l,ω) = 1

W( j+1)← diag
((

ŵ( j)H ŷ
)2

+ ε2
)−1

j← j+1
end while
output: beamforming weights ŵ(l,ω)
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Figure 2. Spectrograms of the clean and the output signals (row 1 → speaker 1; row 2 → speaker 2) of
various beamformers in anechoic environment (SNR = 35 dB). The red boxes point to the residual elements of
the interfering speech in the beamformer output.

weights for smaller values would be larger which leads to a better zero attraction performance and enhances
the sparsity of the beamformer output. Note that in Algorithm 1, the square of a vector (·)2 means the square
of the individual elements of the vector.

4 SIMULATION RESULTS
In this section, we compare the performance of the proposed beamformer with the ℓ1-SDB and the MPDR
beamformer. For the simulation, we chose an M = 10 circular array of radius 10 cm placed at the centre of a
reverberant room. The dimensions of the room were chosen to be 6× 4.5× 3 m3. Two speech sources were
placed at the azimuth and elevation angles of (45◦,60◦) (speaker 1) and (135◦,55◦) (speaker 2), respectively
and at a distance of 2 m from the centre of the circular array. The anechoic speech signals were taken from the
Librispeech corpus [18] which is a standard dataset of speech signals based on publicly available audio books.
We selected a male speaker and a female speaker. Each speech signal was 4 seconds long and sampled with a
frequency of 16 kHz. The anechoic signals were convolved with the ATFs generated using the image method
[19]. In the simulations, the length of STFT was taken to be 2048 corresponding to 128 milliseconds of the
speech signals. The Hamming window of length 1024 samples was chosen with an overlap of 50% between



consecutive frames. For, the MPDR beamformer, each frame was further divided into 8 milliseconds segment
with 80% overlap to construct the spatial covariance matrix in each frame. In all the simulations, the sensor
noise was set to 35 dB. The reverberation time (RT60) was varied from 0 to 250 milliseconds. The source
separation performance of the beamformers are shown in Figure 2 for the anechoic case (no reverberation).
From the figure, we can see that the proposed beamformer performs the best in removing the residual interfering
elements and leads to a better separation of the two speech signals.

Table 1. Objective measures for perceptual evaluation of speech signals obtained from the beamforming meth-
ods. The numbers in row S refer to the speaker treated as the target speaker. AE refers to anechoic environment.

Methods MPDR ℓ1-SDB Proposed
RT 60 S 1 2 1 2 1 2

AE

LLR 0.5299 0.4738 0.5251 0.4702 0.3727 0.2925
WSS 43.5174 59.6514 35.9565 46.9245 29.1552 32.5520
PESQ 1.3079 1.0964 1.9168 1.7995 2.2992 2.5668

CD 4.3651 4.1595 4.3433 4.1316 3.6873 3.0563

150
ms

LLR 0.6294 0.5266 0.5511 0.4755 0.3966 0.3138
WSS 50.6107 67.5736 42.4972 54.2696 33.5063 38.8124
PESQ 1.2661 1.1078 1.7039 1.5099 2.0290 2.1120

CD 4.5708 4.3874 4.4425 4.1088 3.7797 3.1601

250
ms

LLR 0.8470 0.4987 0.5459 0.4497 0.4113 0.3133
WSS 68.1891 72.0606 48.4551 59.6486 37.8019 46.6631
PESQ 1.2730 1.1092 1.3701 1.2916 1.7543 1.5543

CD 5.3038 4.2120 4.4396 3.9963 3.8356 3.1526

Table 1 shows the beamforming performance of the various methods in terms of perceptual evaluation using
objective measures. The objective measures used were Log Likelihood Ratio (LLR), Weighted Slope Spectral
(WSS) distance, Perceptual Evaluation of Speech Quality (PESQ) and the Cepstral Distance (CD) [20]. From
the table, it is once again clear that the proposed beamformer outperforms the others as it has higher PESQ
values and lower LLR, WSS and CD values even in reverberant environments. The better objective measures
again highlight the superior spatial separation ability of the proposed beamformer.

Table 2. WER and SDR comparison to evaluate DSR performance of the different beamformers

RT60 MPDR ℓ1-SDB Proposed

S 1 2 1 2 1 2

W

E

R

AE 58.65 53.47 22.13 7.87 19.13 7.87

150 ms 65.35 70.17 32.29 21.67 22.13 14.67

250 ms 78.51 82.33 45.41 21.67 26.74 14.67

S

D

R

AE 4.285 4.728 14.923 14.421 19.657 20.781

150 ms 2.965 3.876 8.427 9.133 9.848 10.625

250 ms 2.365 3.687 6.870 7.098 7.971 9.729



One of the major applications of beamforming is in automatic distant speech recognition (DSR). Table 2
shows the DSR performance of the various beamformers in terms of word error rate (WER) and signal-to-
distortion ratio (SDR). The WER is calculated as

WER = 100− (Nw− (Dw +Sw + Iw))

Nw
×100, (16)

where Nw is the total number of words, DW , Sw and Iw are the total number of deletions, substitutions and
insertions, respectively. From Table 2, it can be seen that the proposed beamformer results in lower WER
leading to better DSR performance and is also less prone to distortion with higher SDR values.

5 CONCLUSIONS
Acoustic beamforming is a major application of microphone arrays and enables us to collect speech signals from
one direction while rejecting other signals coming from other directions. Usually, beamformers are designed by
minimizing the power of the beamformer output while a distortionless constraint is put towards the desired
direction. However, speech signals are generally sparse in the time-frequency domain, and the clean speech
from one direction is sparser than the combined speech from every direction. So, techniques that sparsify the
beamformer output are desirable. In this work, we proposed a sparse distortionless beamformer using a penalty
function that approximates the ℓ0-norm more precisely than the ℓ1-norm. The resulting non-convex optimization
problem was then solved using the reweighted ℓ1-norm minimization technique. Various simulations were then
performed to show the superiority of the proposed beamformer in removing the interfering residuals from the
desired speech and spatially separating speech signals.
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ABSTRACT

Piezoelectric composites composed of a piezoelectric ceramic and a polymer have been studied for 
underwater sonar and medical diagnostic ultrasonic transducer applications. Recently, 2-2 composites based 
on single crystal were studied that they can have superior hydrostatic Figure of Merit for hydrophone 
applications (Lili Li et al., Applied physics, 2014). In this study, a high frequency thickness-mode hydrophone 
with piezoelectric composites based on PIN-PMN-PT single crystals was studied. The sensitivities of the 
composite hydrophones having different configurations of 1-3 or 2-2 connectivity and different piezoelectric 
materials of PZT or PIN-PMN-PT crystals were compared by finite element method simulation. Among them, 
the 2-2 composite with [011] poled PIN-PMN-PT was shown to have the merits of high sensitivity and wide 
bandwidth. The 2-2 composite hydrophone based on [011] poled PIN-PMN-PT was designed to have quarter 
wavelength thickness-mode resonance at the operating frequency. The hydrophone was fabricated and tested 
to verify the acoustic characteristics.

Keywords: 2-2 piezoelectric composites, single crystals, PIN-PMN-PT

1. INTRODUCTION
Relaxor-PT single crystals, such as Pb(Mg1/3Nb2/3)O3-PbTiO3 (PMN-PT) and Pb(Zn1/3Nb2/3)O3-

PbTiO3 (PZN-PT) have been widely studied for underwater acoustic transducers because of their 
superior piezoelectric properties compared to piezoelectric ceramics such as PbZrTiO3 (PZT). High 
piezoelectric coefficients (d > 1500 pC/N) and high electromechanical coupling factors (k ~ 0.90) 
enable high sensitivity and high source level of acoustic transducers in broadband frequency. In 
addition, single crystal transducers demonstrate size reduction because of high mechanical compliance 
of the single crystals.1,2

Recently, 2-2 piezoelectric composites, which are lamellar stacks of [011] poled PMN-PT single 
crystal layers and passive polymer layers, were studied that they can have superior hydrostatic Figure 
of Merit for hydrophone applications.3,4 Anisotropic characteristics of [011] poled PMN-PT single 
crystals, in which the d33 and d31 coefficients are both positive, while d32 is negative, can have 
advantage of using for 2-2 composites. Since the polymer layers, which are perpendicular to the 2 
direction, greatly reduce the destructive influence from negative d32 coefficient, 2-2 composites based 
on [011] poled PMN-PT single crystals can have high hydrostatic piezoelectric coefficient dh 
(dh=d33+d31+d32) and hydrostatic figure of merit (dh ×  gh). The hydrostatic figure of merit 
demonstrates signal to noise ratio of the hydrophone at frequency below the resonance frequency. 
Further studies are needed for using the 2-2 composites for resonance-mode driving hydrophones.

In this study, a high frequency thickness-mode hydrophone with piezoelectric composites based on 
PIN-PMN-PT single crystals was studied. The sensitivities of the composite hydrophones having 
different configurations of 1-3 or 2-2 connectivity and different piezoelectric materials of PZT or PIN-
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PMN-PT crystals were compared by finite element method simulation. The 2-2 composite with [011] 
poled PIN-PMN-PT having advantage of high sensitivity and wide bandwidth was designed to have 
quarter wavelength thickness-mode resonance at the operating frequency. The designed hydrophone 
was fabricated and tested to verify the acoustic characteristics.

2. Sensitivity analysis
The sensitivity of various hydrophones having different configurations and different active 

materials were investigated by the Finite Element simulation. 2-2 composite with [011] poled PIN-
PMN-PT single crystal, 1-3 composite with [001] poled PIN-PMN-PT single crystal, 1-3 composite 
with PZT5 ceramics, block with [001] poled PIN-PMN-PT single crystal, and block with PZT5 
ceramics were investigated. All the elements were designed to have quarter wavelength thickness 
mode at 200 kHz by clamping bottom surface in the simulations. Figure 1 shows the simulated 
receiving voltage sensitivities of the hydrophones. The composite hydrophones show higher 
sensitivity and wide frequency bandwidth compared to the block hydrophones. Among the composite 
hydrophones, 2-2 composite with [011] poled single crystals shows higher sensitivity near and below 
the resonance frequency. High material and hydrostatic piezoelectric coefficients and acoustic
impedance matching with media leads to high sensitivity in wide frequency bandwidth.

Figure 1 – Simulated receiving voltage sensitivities of the hydrophone elements

3. Fabrication and Test
The 2-2 composite hydrophone based on [011] poled single crystal was designed and fabricated to 

verify its acoustic characteristics. The composite element having quarter wavelength thickness was 
attached on the hard baffle in order to clamp the bottom surface. The outer surface of the hydrophone 
was molded with polyurethane for waterproof. Figure 2(a) shows the fabricated hydrophone.

The sensitivity of the fabricated hydrophone was measured by acoustic experiments in water tank. 
Figure 2(b) shows the measured receiving voltage sensitivity of the 2-2 composite hydrophone based 
on [011] poled PIN-PMN-PT single crystal. The hydrophone shows the receiving voltage sensitivity 
over -180 dB re 1V/uPa at the resonance frequency around 220 kHz. -3dB bandwidth of the receiving 
voltage sensitivity was more than ± 25 kHz. The lower measured sensitivity compared to the simulated 
sensitivity in Figure 1 may come from the difference between ideal clamping and hard baffle clamping. 



Figure 2 – (a) Fabrication and (b) Measured receiving voltage sensitivity of the single crystal 2-2 composite 

hydrophone

4. Conclusion
In this study, the thickness-mode driving hydrophone with 2-2 composite based on [011] poled 

single crystal was designed, fabricated and tested. The fabricated hydrophone showed high sensitivity 
and wide bandwidth near its thickness-mode resonance.
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ABSTRACT
Active Diffraction Gratings (ADG) are an alternative approach recently reported that allows the generation of
airborne structured acoustic beams, in the ultrasonic range, using flat and vibrating surfaces with geometries
that adopt the form of binary gratings. This active approach has the capacity to be operated in a wide range of
frequencies and the dynamic control of the generated beams is enabled due to the properties of the ferroelectret
material used. In this work we present two ADG prototypes fabricated with spiral geometries: the Archimedean
spiral and the Spiral Fresnel Zone Plate (SFZP). The former has the capacity to generate higher order Bessel
beams, while the latter produce sharp acoustic vortex beams. One of the most important advantages of these
prototypes is that the focal length can be finely and continuously tuned by setting the operation frequency.
Moreover, we investigated the role of the design parameters in the generation of enhanced vortex beams. These
devices play an important role in the development of new acoustic transducers with potential in holography,
acoustic imaging, and non-contact manipulation, e.g., acoustic tweezers based on ultrasonic vortex beams.

Keywords: Active Diffraction Gratings, Acoustic Device, Vortex Beams

1 INTRODUCTION
Diffraction grating is a concept that was initially introduced in optics as a passive approach that consists in a
periodical structure adopting a special geometry that is engraved on a plate with transparent and opaque zones
[1]. When an incident beam is forced to impinge against the grating, both the amplitude and phase of the
incident wave is modified and the resulting beam adopts a new structure due to diffraction effects. Recently,
in acoustics, this concept has been used to fabricate acoustic gratings with the capacity to generate several
structured acoustic fields [2, 3, 4, 5, 6, 7].

More recently, the concept of Active Diffraction Grating (ADG) was introduced as an innovative approach
[8, 9] that allows the generation of structured acoustic beams using flat geometries whose surface uniformly
vibrates to generate acoustic fields in the ultrasound range. The utilization of the ferroelectret technology ([10,
11, 12, 13]) allows the ADG to be operated in a wide range of frequencies and this feature has enabled the
capacity to dynamically control the structure and position of the generated beams.

In particular, diffraction gratings with spiral geometries have demonstrated the capacity to generate acoustic
vortex beams [14, 4, 15]. Acoustic Vortices (AV) are helical and progressive wavefronts that have an axial
phase singularity along the beam axis with a phase distribution that linearly varies between 0 and 2π with σ

jumps on a close contour around the singularity [16]. The number of jumps σ is known as the topological
charge. The singularity is a dislocation in the phase where the value of the phase is not determined. As a
consequence, a null pressure zone on the magnitude distribution along the propagation axis is generated. AV
have shown the capability to transport and transfer angular momentum to matter [17, 18, 19, 10, 20, 21] , as
acoustic tweezers to trap small particles [22, 23], for high speed underwater communication [24], subwavelength
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Figure 1. (a) Spiral Fresnel Zone Plate (SFZP) with a single arm (σ = 1). The black zones represents the
reflection zones and white zones the transmission zones. The zones depend on the number of arms (σ ) and
the angular variation φs. (b) Path lengths difference of the transmission zones. Two new terms considering φs
and σ are added to the condition. (c) Sketch of the two-arm spiral source illustrating all the relevant geometric
parameters. Each arm can be operated independently.

imaging [25], superresolution [26], among others. Although there are different types of beams able to synthesize
vortex beams, such as, the Hermite-Gauss [18], the Laguerre-Gauss [17, 27, 28, 21], and the Bessel beams
[29, 23, 30, 14, 31, 32, 33], the latter has been generated using spiral-diffraction gratings [14, 4, 15].

In this work, we present an extended version of the active approach we reported in previous works [8, 15, 9]
for the generation of acoustic vortex beams using ADG and demonstrate the capacity to dynamically control the
position of the beam. Two prototypes are presented: the Spiral Fresnel Zone Plate (SFZP) and the Archimidean
Spira to generate focused vortex beams and Bessel vortex beams, respectively. Moreover, we discuss some
geometric parameters that play an important role in the generation of these beams.

2 FORMULATION OF THE ACTIVE SPIRAL GRATINGS
The aim in this section is to define an active spiral gratings to generate acoustic vortex beams. For this, the
formulation to design any spiral grating is based on the total pressure radiated by a flat spiral source with
uniform velocity profile v(rs) on all its active surface S. According to the Rayleigh integral, the total radiated
pressure field at an arbitrary point R in space is given by

p(R) =−iρ0ν

∫
S

v(rs)
exp(ik|R− rs|)

|R− rs|
dS. (1)

Here R= (r,θ ,z) denotes the position vector in cylindrical coordinates, the propagation direction is set along
the z-axis, normal to the plane of the source, and rs = (rs,θs) is a point on the radiating surface S, located at
z = 0. We assume a time dependence of the form exp(−i2πνt), where ν is the frequency. The wavelength of
the acoustic field is λ and k = 2π/λ = 2πν/c0, while ρ0 and c0 represent the density and the speed of sound
in the medium (air).

2.1 Formulation of the Spiral Fresnel Zone Plate (SFZP)
Considering a spiral with σ arms turning around the centre of the FZP, the Fresnel Zone Plate does not have
symmetric circular rings, but spirals, as shown in Fig. 1(a). The path lengths difference, depicted in Fig. 1(a),
is determined by Eq. 2, such that:
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where r =
√

x2 + y2 and φ = arctan [sign(σ)(y/x)] are at the plane of the source, with −π ≤ φ ≤ π , λ

denotes the wavelength and f is the focal length. The active zones m can be either the even or the odd zones
and the total number of zones is N = 2M, where N/2 corresponds to white zones an the other half to black
ones. The initial angle for the q-th arm is φq = 2π(q−1)/σ , in order to preserve angular symmetry.

In Eq. 3 only the real values of r can contribute to form the spiral source, implying that the negative values
of r2

m should be excluded. For the sake of symmetry when σ > 0 and σ < 0, the range of the angular variable
should be defined as −π ≤ φ ≤ π . This means that there are always some values of m for which the factor
(m+σφ/π) takes negative values, regardless of the sign of σ . This happens, for instance, if m < |σφ |/π and
either σ or φ is negative. Therefore, in order to guarantee only real values of r, it is necessary that m > |σ |.
Noteworthy, this does not mean that some zones at the centre of the SFZP have to be excluded.

If we consider an excitation frequency ν2 different to the design frequency ν1, then the new focal length f2,
considering Eq. 3 is:[
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]2

− f 2
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− f 2
2 , (4)

replacing φs = π and m = M−|σ |, the focus length is then:

f2 = α f1 +
Mλ1

4

(
α − 1

α

)
, (5)

where α = λ1/λ2, and λi = c/νi, with i = 1,2 is the corresponding wavelength for each frequency, and c is the
sound velocity in air or in the medium the source is immerse. The dependence is exactly the same for SFZP
than for FZP.

The design parameters used are f = 50 mm, ν = 250 kHz, N = 13, and σ = 2.

2.2 Formulation of The Archimedian Plate
We have considered a two-armed spiral as depicted in Fig. 1(c). For the general case of an m-armed spiral
radiator with pitch am = a1/m (a1 being the pitch of each arm), width to pitch ratio (∆r/am), and initial radius
r0, the radius rc of the spiral with N turns in each arm is

rc = r0 +

(
σ

mθs

2π
+

(mN −σ)

2

)
am, (6)

If the rolling direction of the spiral is clockwise (counterclockwise), then σ = −1 (σ = 1). We will take
σ =−1, corresponding to our experimental prototype.

The geometric parameters used are a1 = 5 mm, a2 = 2.5 mm, ∆R = 1 mm, r0 = 5 mm, M = 4, and m = 2.

3 METHODOLOGY
The fabrication and characterization of the two ADG prototypes are briefly described as following:



Figure 2. (a) Steps for the design, development and fabrication of active diffracting gratings. (b) Experimental
setup to measure the acoustic field generated by the ADG.

3.1 Fabrication process
The fabrication process of any ADG is divided into five steps, as depicted in Fig. 2(a) and briefly explaining
as following:

(1) Geometry Design : corresponds to the geometry as well as the specific parameters of the grating.

(2) Electronic Design : Since the ferroelectret material is composed of two electrodes, one of the electrodes
must have the geometry of interest of the grating. Thus, and induced mechanical vibration on the ferrolectret
film is obtained when an electrical signal is provided between electrodes. The manufacture of the electrode with
the geometry of interest is obtained by the use of a printed-circuit-board (PCB).

(3) Materials : the ADG is composed of three fundamental materials: the PCB, the ferroelectret film, and
the adhesive tape to join the geometry engraved on the PCB and the ferroelectret film. Also, two electrodes are
required to excite the device.

(4) Manu f acturing : The ferroelectret film is composed of two surfaces, the lower and upper surfaces. One
of them is continuous and conductive along the xy surface, and the another surface is only conductive in the z
direction. In order to glue the electrode from the PCB, a z− conductive adhesive tape must be used to facilitate
the adhesion. The conductive surface of the ferroelectret must be the upper electrode, while the lower electrode
is defined by the spiral printed on the board. Because the ferroelecret film must be glued to the lower electrode
geometry of the grating, the z− conductive tape is used between the z− conductive direction of the ferroelectret
and the PCB. The fabrication method using Ferroelectret films is completely described in [34].

(5) Product : The process before mentioned provide guidance for the design, development, fabrication, and
operation of any active diffraction grating working as an active acoustic device for emission.

3.2 Experimental setup
The prototypes were mounted on a motorized XY-stage unit (Newmark Systems, CA, USA), which moved
over a square grid with a spacing of 0.1 mm, over transverse planes. To measure azimuthal planes, the same
experimental setup was used but the prototypes were mounted perpendicular to the y−axis. The acoustic field
was measured by a calibrated microphone (1/8 inch, Model 40DP, GRAS, Denmark) with its respective amplifier
system (Nexus 2690-OF2, Bruel Kjaer, Denmark), and finally captured by an oscilloscope connected to a PC.
To increase the spatial resolution, a conical pinhole with a hole of 0.5 mm of diameter was located at the tip of
the calibrated microphone. As a result, the actual pressure values are not directly available, but the acoustic field



Figure 3. (a) Comparison of the analytical solution, experiments and simulations for the axial steering of the
focused vortex beams for 140 kHz≤ ν ≤ 320 kHz. (b) Simulation of azimuth planes for ν = [180,250,320]
kHz. (c) Experimental results of focal planes at z = [30,50,70] mm.

is spatially sampled with great accuracy. The acoustic signals were processed using the Fast Fourier Transform
(FFT).

To excite the source prototype at different frequencies, burst signals of 5 pulses of 100 Vp were applied
using a signal generator (Model AFG3022C,Tektronix, USA) connected to a high-frequency power amplifier
(WMA-300, Falco System, Netherlands), as depicted in Fig. 2(b).

Because the two prototypes operates at different frequencies, sinusoidal chirp signal of 20 pulses with fre-
quencies between 68 and 350 kHz were used as excitation. While for the Archimidean Spiral, the range of
frequencies was between 70 kHz and 230 kHz, for the Spiral Fresnel Zone Plate the range was between 150
and 350 kHz, to measure pressure at azimuthal planes. For transverse planes, pressure was measured at planes
Z = [10,32,75] mm, for the Archimidean Spiral, and Z = [30,50,70] mm, for the SFZP.

4 RESULTS
4.1 Spiral Fresnel Zone Plate (SFZP)
When our active SFZP is operated at an arbitrary frequency ν , different from the design frequency ν0, the
position of the focal plane shifts according to Eq. 5. Therefore, the focused AV can be axially steered by
properly controlling the excitation frequency applied to the source. As α increases, the variation of f with α

becomes approximately linear. In our case this happens for ν >∼ 140 kHz.
A comparison between the analytical solution, simulations and experimental measurements is shown in Fig.

3(a). The experimental linear dependence of the frequency vs the focal position was obtained by acquiring the
Full-Width Half Maximum (FWHM) across one of the vortex beam lobes on azimuthal planes. The focal shift
can be appreciated in Fig. 3(b) where for ν = 180 and 320 kHz, the active SFZP acts as a spiral lens of
focal length f = 30 and 70 mm, respectively, whereas for the design frequency ν0 = 250 kHz, f0 = 50 mm, as
expected. The experimental amplitude and phase profiles of the field at the focal planes are shown Fig. 3(c).

From Fig. 3(b) it can be observed that the focused vortex diameter as well as the focal depth presents a
nearly constant behaviour as was reported in [9].

The inner radius Ri, defined by the occlusion of a number Ni of inner zones, allows the control of the focal
depth independently of the vortex diameter D. Namely, the larger the number of occluded zones, the larger
the focal depth, whereas the beam diameter remains practically constant. This is observed in Fig. 4, which
presents: (a) some examples of SFZP for different values of Ni, (b) the respective simulations of the field along



Figure 4. (a) Numerical results for the magnitude of the acoustic field in the azimuthal plane, Y = 0, at fre-
quency ν = 230 kHz. (b) Experimental results of transverse planes at z = [10,32,75 mm. (c) Comparison of
P/Pmax and the absolute value of the Bessel function, Jn(krr), along a line at Y=0 for the diffraction orders
n=1 (top), n=2(middle), and n=3 (buttom) using a single-armed spiral transducer of pitch a1 = 5 mm.

a azimuthal plane, and (c) experimental results of the magnitude and phase profile at the focal planes. When
central zones of the SFZP are occluded, as depicted in Fig. 4(a), the outer zones tends to be constant. As a
result, the generated acoustic field approximates to a vortex Bessel beam [4, 14, 8] characterized by a large
focal depth [35], as shown in Fig. 4(b), and a number of symmetric rings around the null core (Fig. 4(c)).

4.2 Archimedian Spiral)
The Archimidean spiral source can be operated and emits over a wide range of frequencies than enables the
appearance of several diffraction orders along the same propagation axis associated to higher order Bessel vortex
beams. As the frequency increases, the appearance of the first diffraction order (vortex of topological charge
σ = 1) emerges and shifts upwards with an approximated linear behaviour, as shown by the red squared marks
in Fig. 5(a). This is similar to the behaviour previous described for the focal length of the SFZP (Fig. 3(a)).
However, for the Archimidean Spiral there is an evident appearance of higher diffraction orders associated to
the operating frequency of the ADG. When the pitch to wavelength ratio a1/λ = 1, the first diffraction order
(in the case of single armed spiral it is a vortex beam of σ = 1) emerges. Thus, there is only one diffraction
order for 1 ≤ a1/λ < 2, two orders for 2 ≤ a1/λ < 3, three orders for 3 ≤ a1/λ < 4, and so on, and each
diffraction order shifts away from the source as the frequency, or the ratio a1/λ , increases. Hence, as the
frequency increases, more diffraction orders appear for a given pitch and each concentric diffraction order shifts
upwards from the source plane. A comparison between simulation and experiments is shown in Fig. 5(a) for
a single-armed spiral. The diffraction order shifting is shown in Fig. 5(b), and the measured acoustic vortex
beams at the planes Z = [10,32,75] mm are presented in Fig. 5(c).

The experimental pattern of the magnitude along the line Y = 0 is compared with the absolute value of the
Bessel function, Jnm(krr), where nm represents the diffracction order n times the number of arms of the spiral
m. Fig. 6(a)-(c), shows the comparison for a single spiral (m = 1) and diffraction orders obtained n =1, 2,
and 3, respectively. Although a slight degradation near X = 0 is observed for n = 3, experiments and theory
presents a good matching in all cases. These results validate the capacity of the proposed grating to generate
higher-order Bessel beams with good quality.

5 CONCLUSIONS
We presented an active approach for the generation of acoustic vortex beams using active flat surfaces we have
called Active Diffracting Gratings (ADG). Two prototypes were fabricated: the Spiral Fresnel Zone Plate (SFZP)



Figure 5. (a) Comparison between numerical and experimental results. As the frequency increases, the integer
values of the ratio a1/λ define the emergence of higher diffraction orders, which shift upwards for higher
frequencies. (c) experimental results for the magnitude (top) and phase (bottom) of the vortex beam generated
in a transverse plane at Z = [10,32,75] mm. The different vortices in each case correspond to three diffraction
orders, n =1, 2 and 3, measured for ν = 73,156,230] kHz, respectively, using a single-armed spiral transducer
of pitch a1 = 5 mm.

Figure 6. (a) Comparison of the normalized magnitude distribution of the pressure, P/Pmax, and the absolute
value of the Bessel function, Jn(krr), along a line at Y=0 for the diffraction orders (a) n=1, (b) n=2, and (c)
n=3.



and the Archimedean Spiral. The geometries of the diffraction gratings were engraved on two vibrating plates
and the acoustic fields generated resembled focused acoustic vortex beams and Bessel vortex beams of higher
order. These beams had been generated using passive devices that were firstly reported by [30, 14, 7], but the
dynamic control of them had not been exploited due to the narrow band of the transducers used. The main
contribution of this methodology proposed is the capacity to dynamically and finely control the position of the
beams generated by varying the excitation frequency. The utilization of a broadband material used allowed us to
enabled the dynamic position control of spiral diffraction gratings that can be easily adapted to a wide variety
of grating geometries.

We demonstrated that there is a linear dependence of the axial steered position with frequency in a range
between 140 kHz and 320 kHz. Also, we studied the influence of some geometric parameters of the spiral
gratings, e.g., the suppression of inner zones of the SFZP, on the conformation of the generated vortex beams
and reported the capacity to: 1) generate sharp or Bessel vortex beams preserving the diameter and the focal
plane of the beams generated, and 2) set the focal depth of the focused vortex beams. This types of structured
beams are of interest in recent applications, such as, particle manipulation, holography and acoustic imaging.

In contrast with the use of passive diffraction gratings, the active approach presented minimizes the amount
of acoustic energy blocked/lost because there is no reflection effects on the gratings from any incident beam.
Finally, this work paves the way for a wide variety of airborne ultrasonic applications due to the exploitation
of the broadband characteristic of the ferroelectret film.
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ABSTRACT 

A new method is presented for acoustic measurement of a panel type sensor module in open water tank. The 

method utilizes the data from the hydrophones, which have in-plane three different positions, of the sensor 

module. It provides an estimation of the edge-diffracted pressure field as well as the sensor receiving field 

(incident/reflected pressure) for the finite-sized module. The method is applied on the synthetic and 

experimental data to confirm the validity. Diffraction effects on the measurement of the acoustic 

characteristics are examined, and distribution characteristics of scattering sound field around panels 

according to sample size and composition of the panel materials are also analyzed. 

 

Keywords: Panel, Diffraction, Acoustic measurement 

1. INTRODUCTION 

In order to realize a significant sensing system on large-area of a platform, hull-mounted arrays 

for passive sonar typically have been employed panel type sensor modules, which are composed of 

multi-layered composite materials as well as hydrophone elements. Their acoustic performance is 

often required to be experimentally determined or verified, in which case acoustic characteristics such 

as receiving sensitivity or reflection/transmission coefficients can be measured via a conventional 

measurement configuration in an open water tank as shown in Fig. 1. However, since the size of water 

tank for test is limited, the measurement should be performed on a partial array or unit module having 

a finite size. For this reason, the results can be affected, especially at low frequency, by acoustic 

boundary conditions varying with the size of the test sample.  

 

 
Figure 1 – (a) Conventional setup for sonar array measurement in an open water tank, 
(b) Acoustic pulse interacting with finite-sized panel [Image source: Reference (1)]. 

 

In this paper, a method is presented for acoustic measurement of the panel type sensor module in 

open water tank. The method is based on the recent study of the panel measurement method, called 

the three-point method, presented by Roux et al. (2), but this method considers in-plane three different 

positions utilizing the hydrophone placement of the sensor module. This method provides an 
estimation of the edge-diffracted pressure field as well as the sensor receiving field (incident/reflected 
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pressure) for the finite-sized module. Based on the method, diffraction effects on the measurement of 

the acoustic characteristics are examined, and distribution characteristics of scattering sound field 

around panels according to sample size and composition of the panel materials are also analyzed. 

2. ESTIMATION OF EDGE-DIFFRACTED PRESSURE FIELD 

2.1 In-plane Three-point Method 

A schematic diagram of modeling parameters and an example of a measurement configuration for 

deriving the method are presented in Fig. 2. It is supposed that the sensor panel is characterized for a 

quasi-plane incident wave-front at normal incidence, which is typical in the conventional 

measurement configuration. The phase convention is 𝑒𝑖(𝜔𝑡−𝑘𝑥), where 𝜔 is the radian frequency, 𝑘 

is the longitudinal wavenumber, 𝑡 is time, and 𝑥 denotes the position on the longitudinal axis. A 

hydrophone assembly, which can be consisted of several hydrophone elements,  is placed in front of 

baffle structures as shown in Fig. 2(b). 

 

 

Figure 2 – (a) Schematic diagram of modeling parameters, (b) Example of a measurement configuration. 

 

On the hydrophone assembly of the sensor panel, total acoustic pressure is measured at three points.  

But, these pressures are contaminated with the contribution of the edge-diffracted waves. For the 

determination of the sensor receiving field (i.e. receiving sensitivity of the sensor) without the 

diffraction effect, the three points 𝐴1, 𝐴2, and 𝐴3 are considered. The positions of the three points 

are irrelevant as long as they are not symmetrical to each other.  

At each point, the total pressure 𝑝 can be expressed as function of the contributions of the incident 

pressure 𝑝𝑖 and the reflected pressure 𝑝𝑟, as well as the diffracted pressure on the reflection side of 

the panel 𝑝𝑑𝑖𝑓𝑓, 

 

𝒑(𝑨𝟏) = 𝒑𝒊(𝑨𝟏) + 𝒑𝒓(𝑨𝟏) + 𝒑𝒅𝒊𝒇𝒇(𝑨𝟏), (1) 

𝒑(𝑨𝟐) = 𝒑𝒊(𝑨𝟐) + 𝒑𝒓(𝑨𝟐) + 𝒑𝒅𝒊𝒇𝒇(𝑨𝟐), (2) 

𝒑(𝑨𝟑) = 𝒑𝒊(𝑨𝟑) + 𝒑𝒓(𝑨𝟑) + 𝒑𝒅𝒊𝒇𝒇(𝑨𝟑). (3) 

 

Because it can be assumed that 𝑝𝑖(𝐴1) = 𝑝𝑖(𝐴2) = 𝑝𝑖(𝐴3) and 𝑝𝑟(𝐴1) = 𝑝𝑟(𝐴2) = 𝑝𝑟(𝐴3) at the 

in-plane points 𝐴1, 𝐴2, and 𝐴3, Eq. (1)~(3) can be combined into as follows, 

 

𝒑(𝑨𝟏) − 𝒑(𝑨𝟐) = 𝒑𝒅𝒊𝒇𝒇(𝑨𝟏) − 𝒑𝒅𝒊𝒇𝒇(𝑨𝟐), (4) 

𝒑(𝑨𝟐) − 𝒑(𝑨𝟑) = 𝒑𝒅𝒊𝒇𝒇(𝑨𝟐) − 𝒑𝒅𝒊𝒇𝒇(𝑨𝟑). (5) 

 

Here, the diffracted pressure at one point 𝑝𝑑𝑖𝑓𝑓(𝐴) can be expressed by a simple analytical model 

as presented by Roux et al. (2). They considered that each edge portion of the square flat panel behaves 

as a punctual source for edge-diffracted waves and assumed that each of these portions produces the 

same response to a plane wave excitation, so that the elementary pressure of edge-diffracted waves, 

called 𝑝𝑒𝑑𝑖𝑓𝑓
, is identical along edges of the square. However, unlike their assumption,  since the panel 

shape of the sensor considered here is rectangle, it is right to assume that 𝑝𝑒𝑑𝑖𝑓𝑓
  is not identical 

depending on the length of the rectangular edge. This assumption is in line with the mathematical 

models of diffraction field derived by Kim (3). So, two different elementary edge-diffracted pressures 



 

 

for vertical and horizontal edge of the rectangle (𝑝𝑒𝑑𝑖𝑓𝑓_𝑣𝑒𝑟𝑡, 𝑝𝑒𝑑𝑖𝑓𝑓_ℎ𝑜𝑟𝑖) are considered here. With 

these considerations, the total contribution of the edge-diffracted pressure at the point 𝐴1 can be 

expressed using the elementary edge-diffracted pressure and a source term that is summed on the 

rectangle edges 

 

𝒑𝒅𝒊𝒇𝒇(𝑨𝟏) = 𝒑𝒆𝒅𝒊𝒇𝒇_𝒗𝒆𝒓𝒕 (∫
𝒆−𝒊𝒌𝒓𝒗𝒆𝒓𝒕𝟏

𝒓𝒗𝒆𝒓𝒕𝟏
𝒅𝒍

𝚪𝒗𝒆𝒓𝒕𝟏

+ ∫
𝒆−𝒊𝒌𝒓𝒗𝒆𝒓𝒕𝟐

𝒓𝒗𝒆𝒓𝒕𝟐
𝒅𝒍

𝚪𝒗𝒆𝒓𝒕𝟐

) 

+ 𝒑𝒆𝒅𝒊𝒇𝒇_𝒉𝒐𝒓𝒊 (∫
𝒆−𝒊𝒌𝒓𝒉𝒐𝒓𝒊𝟏

𝒓𝒉𝒐𝒓𝒊𝟏
𝒅𝒍

𝚪𝒉𝒐𝒓𝒊𝟏

+ ∫
𝒆−𝒊𝒌𝒓𝒉𝒐𝒓𝒊𝟐

𝒓𝒉𝒐𝒓𝒊𝟐
𝒅𝒍

𝚪𝒉𝒐𝒓𝒊𝟐

), 

(6) 

 

where 𝑟  is the distance between the point 𝐴1  and a point on the edge. Then 𝑝𝑑𝑖𝑓𝑓(𝐴2)  and 

𝑝𝑑𝑖𝑓𝑓(𝐴3) also can be expressed in the same way. 

From Eq. (4) and (5), two unknowns 𝑝𝑒𝑑𝑖𝑓𝑓_𝑣𝑒𝑟𝑡 and 𝑝𝑒𝑑𝑖𝑓𝑓_ℎ𝑜𝑟𝑖 is determined. And then, the edge-

diffracted pressure field and sensor receiving field without the diffraction effect can be obtained from 

Eq. (1)~(3). Actually, considering Eq. (1)~(3), there may be an effect of the bending mode of the panel, 

but it is not considered here assuming that the effect is relatively small.  

2.2 Reconstruction of Pressure Field 

Based on the derived method, the edge-diffracted pressure field around the panel and sensor 

receiving field can be estimated. An example of reconstructed edge-diffraction field, using the 

synthetic data from 3-D finite element modeling of simple steel baffle structure, is presented in Fig. 

3. It can be seen that the pattern of the diffraction field becomes more complex as the frequency 

increases. The restored sensor receiving field appears close to the pressure field under infinite flat 

baffle condition which is obtained from 2-D analytical model.  

 

 

Figure 3 – Reconstructed edge-diffraction field around panel: (a) f = 0.4𝑓0, (b) f = 𝑓0, (c) f = 2.4𝑓0. 

 

The method is also applied on the data from an experiment for measuring the scattering field of 

reference panel type sensor module. The results are compared with those of  the simulation, and it is 

confirmed that the results are relatively well matched.  

3. CONCLUSIONS 

In this study, an acoustic measurement method is presented for the panel type sensor module with 

finite size in an open water tank. The derived method is applied on the synthetic and experimental 

data to confirm the validity of the method. The propose method is expected to be useful in testing the 

panel type sensor arrays in the limited environment, in which a full array measurement cannot be 

performed. 
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ABSTRACT 

Fly Ormia ochracea’s ears have received a huge attention in developing MEMS directional microphone for 

sound source localization as well as its application. However, the current progress in this area is limited by 

the feasibility study delivering the reconstructed form of the applied sound suggesting a knowledge gap 

between research and practical applications. To this particular scope, this paper focuses on a multi–sound 

receiver device imitating binaural hearing mechanism of fly Ormia ochracea. The modeling of this work is 

based on an array of three fly Ormia ochracea’s ears–inspired MEMS directional microphones placing them 

in a 120° phase difference. The FEM COMSOL modeling suggests that the each diaphragm is prominent at 

its normal-axis relative to the sound source. The mm size microphone array demonstrates receiving multi-

sound sources separately if they are located at different angular location from the array. 

 

Keywords: Directional microphone 

1. INTRODUCTION 

Ormia ochracea’s ears–inspired MEMS directional microphones have drawn many interests thanks 

to their unique performance of sound source localization within their small size. It overcomes losing 

directivity of microphones if two or more omnidirectional microphones are located closely each other 

for sound source localization. We have reported a series of work [1-7] regarding the fly inspired 

directional microphones. In this paper, we report a multi-sound receiver composed of the microphones, 

which can record multi-sound separately if they come from different direction.   

2. MICROPHONE ARRAY 

The microphone array is composed with three microphones placed in a 120° phase difference. Each 

microphone has two coupled diaphragms and it can sense one sound with highest directivity in 

particular angle. Having three microphones with the 120° phase difference is intended to record three 

sound from three different angles. The individual microphone used in this paper has been well 

documented in the ref [2]. Fundamental working principle of the microphone array is also reported in 

the ref [1]. To demonstrate its directional sensitivity, we use COMSOL to simulate it by applying 

acoustic pressure in different direction to the microphone array. By comparing their vibration 

amplitude by the directional pressure, we find that the microphone aligned with the sound direction 

shows highest vibration amplitude among the three microphones.   

The Fig. 1 show the COMSOL result. The three microphones with 120° angular orientation 

difference each other as shown in the Fig. 1(a) receive sound coming from 0° where the microphone 

M1 is aligned well with the direction of the sound. In this case, the M1 shows highest vibrational 

amplitude among the three as shown in the Fig. 1(b). By recording the M1 sound, the sound can be 

recorded as the best signal. Assuming there are multi-sound coming from 0° and 120°, the microphone 

M1 and M2 will be the best ones to pick up the two sound separately. It should be noted that the each 

microphone is a directional microphone which has a figure of eight directional sensitivity highest at 

0° and 180°. That is why the M1 and M2 are the best to hear the multi-sound respectively.  

We also experimentally demonstrate measuring two sound at the same time with the same 

microphone array. (Not reported in this paper) In the experiment, two different songs are played at the 

same time from two different speakers. One song aligned well with one of the microphones are solely 

recorded while another song not well aligned with the microphones is not recorded. In another 
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experiment, played two songs are well aligned with two different microphones but with different 

sound level. From the circuit logic designed only maximum sound recorded, only higher sound level 

of song are solely recorded. This kind of demonstration will be presented in the conference.   

 

 

Figure 1 – (a) The microphone array receiving sound aligned to the M1, (b) vibrational amplitude by the 

acoustic pressure simulated in COMSOL 

3. SUMARRY  

In this paper, we present a simple validation of a multiple sound receiver by using a novel 

directional microphone array. From its COMSOL result, we confirm that the microphone aligned well 

with direction of coming sound shows higher vibrational amplitude. This positive validation in 

simulation is also reconfirmed by their experimental results. In the conference, detailed validation 

process and results will be presented. This microphone array shows a great potential can be used in 

any application requiring sound source localization in small size. 
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ABSTRACT
This paper describes the recent development of precision optical measurement technologies for sound. The
measurement is based on the acousto-optic effect, that is, modulation of optical phase caused by sound. The
physical nature of the extremely small modulation of light produced by sound has prevented optical interferom-
etry from detecting minute sounds for decades. Recently, we achieved an equivalent noise level of 0 dB SPL/Hz
with a low-noise midfringe locked interferometer [K. Ishikawa et al., J. Acoust. Soc. Am., 2021]. Here, we
present measurement principles, instrumentation, and performances of our state-of-the-art interferometry and
compare the performance with commercially available laser Doppler vibrometers. Furthermore, we analyze the
noise sources and discuss how additional noise reduction can be achieved toward ultra-precision measurement
of sound by light.

Keywords: Optical measurement of sound, Laser, Acousto-optic effect, Refractive index

1 INTRODUCTION
Optical measurement technologies for sound have been developed for decades, and their performance and appli-
cability have increased over the years [1–5]. Thanks to its contactless nature, the optical methods can achieve
unique measurements that are difficult by microphones, including high-resolution sound-field imaging [5–7],
simultaneous imaging of sound and flow [8,9], measuring sound field within very tiny space [10], and spurious-
sound-free measurement of parametric acoustic array [11]. Furthermore, the equivalent noise level of the optical
methods has recently been reduced extensively, which accelerates the applicability of the optical method for
acoustics [12].

In this paper, we present the principle and performance of midfringe locked interferometry (MFLI), which
has the lowest equivalent noise among optical measurement methods for sound [12]. In addition, we analyze the
noise sources and discuss how additional noise reduction can be achieved toward ultra-precision measurement
of sound by light.

2 OPTICAL MEASUREMENT OF SOUND
Optical sound measurement methods detect optical phase variation caused by sound [4, 12]. The optical phase
variation can be written as

φs = k
n0 −1
γ p0

∫
L

pdl, (1)

where k is the wavenumber of light, n0 is the steady-state refractive index, γ is the specific heat ratio, p0
is the atmospheric pressure, p is the sound pressure, and integration is along the optical path L. The optical
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Figure 1. Schematic of MFLI. Q: quarter-wave plate, H: half-wave plate, PBS: polarizing beamsplitter.

interferometer interferes with the light transmitted through the sound field and the reference light. The interfered
light intensity is given as

I = I0 + I1 cos(φs +φb) , (2)

where I0 is the background light intensity, I1 is the amplitude of the interference fringes, and φb is the unknown
phase component that consists mainly of a stationary term determined by the optical system configuration and
low-frequency fluctuations due to atmospheric disturbances and ground vibration.

Since the objective of the measurement is to obtain φs, it is necessary to extract it from the observed light
intensity I. Many methods have been proposed for this purpose, such as the heterodyne interferometry used in
LDV [3, 4] and the phase-shifting interferometry [5]. In these methods, the optical phase (φs +φb) is extracted
first, and then the acoustic signal φs is obtained by post-processing. On the contrary, the MFLI directly extracts
the signal proportional to φs using active feedback control.

3 MIDFRINGE LOCKED INTERFEROMETRY
3.1 Measurement principle
First, we focus on the difference between the properties of φs and φb. The measured signal φs varies in propor-
tion to the sound field to be measured, and its amplitude is very small for audible sound fields (|φs| ≪ 1). On
the contrary, the environmental disturbance φb fluctuates significantly due to changes in measurement environ-
ment, and its frequency components are concentrated in the low-frequency range. Therefore, φs and φb can be
separated in the frequency domain if the sound measurement bandwidth is set appropriately.

In the MFLI, a mirror position is controlled so that φb becomes a constant value. An overview of the optical
system is shown in Figure 1. The optical system is a Michelson interferometer in which a piezoelectric element
control the mirror position in the reference optical path. The interferometer is locked at the mid-fringe, the point
where the amount of interferometric light is exactly in the middle, as shown in Fig. 2(a). At the midfringe, the
light intensity changes linearly with phase variation, and its sensitivity is at its maximum. Stabilizing the light
intensity at the midfringe is identical to stabilizing φb =−π/2 in Eq. (2). Then, we obtain

I = I0 + I1 cos
(

φs −
π

2

)
= I0 + I1 sinφs. (3)

In this case, the bandwidth of the control signal is limited so that only φb is stabilized and φs is not affected.
Here, the system was controlled below 130 Hz. Since φs ≪ 1 is valid in an audible sound field, we can
approximate the intensity signal as

I = I0 + I1φs, (4)

and the optical phase variation due to sound is proportional to the light intensity. Figure 2(b) and (c) show the
free-run and locked signals in the time domain and their power spectral densities, respectively. The slow fluc-
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Figure 2. (a) Optical phase and fringe intensity. The point exactly in the middle of the light intensity is called
the midfringe. (b) Examples of a temporal signal of free-run (unlocked) and midfringe locked intensity signal.
(c) Power spectral densities of (b).

tuation of the free-run signal is stabilized at the constant voltage. The sound-induced optical phase fluctuation
can directly be extracted from the locked signal in this configuration.

In Eq. (4), the intensity fluctuation associated with I0 may be the dominant noise source since φs ≪ 1. To
handle this noise, the differential detection of interference fringe is effective. The polarizing optical components
in Fig. 1 are used for the differential detection. Assume that the incident light is linearly polarized. The returned
light beams are combined by a polarizing beam splitter, rotated by a half-wave plate by 45◦ and separated into
two components by a Wollaston prism. Then the light intensity signals detected by PD1 and PD2 are given by

IPD1 = I0 − I1φs, (5)
IPD2 = I0 + I1φs. (6)

The differential output voltage of the photodetector becomes

VDiff = G(IPD1 − IPD2) = 2GI1φs, (7)

where 2G is the output conversion gain of the detector. By differential detection, the DC component is elim-
inated, and the common mode intensity noise is reduced by the amount of the common mode rejection ratio
(CMRR) of the detector. The sensitivity of the MLFI, 2GI1, can easily be adjusted according to measure-
ment targets. Increasing the sensitivity enables detecting small-amplitude sound, whereas the maximum sound
pressure level is decreased due to distortion.

3.2 Experiments
The measurement performance of the optical system shown in Fig. 1 is evaluated by an experiment. A si-
nusoidal wave of 2 kHz was generated from a loudspeaker (MS101III, YAMAHA). The signal amplitude was
adjusted so that the sound pressure level at the midpoint of the laser path was 50 dB SPL. The same sound
field was also measured using a laser Doppler vibrometer (LDV) and a 1/4-inch microphone (4939, Brüel &
Kjær) for comparison. The latest LDV from Polytec Ltd., VibroFlex, was used in displacement mode, and the
measurement sensitivity was set to 5 nm/V, the highest value available. For the two optical methods, the line
integral of the sound pressure over a 60 cm distance was measured. The microphone was placed so that the
diaphragm position coincided with the midpoint of the optical path. For the MFLI, the laser of a wavelength of
1.5 µm was used. The input optical power to each photodiode was 0.54 mW.

Power spectra of the three methods at 2 kHz are shown in Fig. 3. As adjusted, the sound pressure level
measured by the microphone is 50 dB SPL. The noise floor of the microphone spectrum is approximately 0
dB, which is dominated by the background noise of the experimental environment. Comparing the two optical
methods, the MFLI has a lower noise level than the LDV. The MFLI has a similar signal-to-noise ratio to the
microphone around 2 kHz. Thus, the equivalent noise level of the MFLI can be read as 0 dB SPL/Hz.



d-MFLILDV

Frequency [Hz]

MIC
(a) (b) (c)

Figure 3. Power spectra measured 2 kHz sound field of 50 dB SPL. (a) 1/4" microphone, (b) LDV, (c) MFLI.
Lp is the sound pressure level relative to 20 µPa, and LpL is the line-integrated sound pressure level relative to
20 µPa·m.
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Figure 4. Power spectral densities of the measurement noises of the MFLI.

4 DISCUSSIONS AND CONCLUSIONS
So far, the MFLI has achieved the equivalent noise level of 0 dB SPL/Hz at 2 kHz. Figure 4 shows the noise
power spectral density of the MFLI calculated from temporal signals recorded in 1 s using Welch’s method
with discrete Fourier transform length of a quarter of the signal length and 50% overlap [13]. The magnitude
of −20 dB LSPL/Hz is corresponding to 1.6×10−8 rad/

√
Hz. This noise magnitude is already very small for

optical phase measurement, and further noise reduction may require careful analysis of the noise sources.
To investigate the possible contributions from multiple noise sources, Fig. 4 also plots the shot noise (i.e.,

the fluctuation due to the quantum nature of light), intensity noise, and electric noise of the photodetector (i.e.,
output signal when no light is incident on the detector). It can be seen that the measured phase noise is
governed by the intensity noise above 2 kHz. If the intensity noise is reduced further by using a laser source
with less intensity noise or a differential detector with higher CMRR, the shot-noise limited noise level is 10
dB below the existing noise floor. Furthermore, by reducing the shot noise by increasing input laser power,
the detector-limited noise floor is 20 dB below for the frequencies higher than 10 kHz. The frequencies lower
than 2 kHz are dominated by factors other than the three plotted noises. The possible noise sources include
atmospheric air fluctuation, the mechanical fluctuation due to seismic vibration, and laser frequency fluctuation.
Further investigation is required to identify them and achieve low-noise optical measurement of sound for low
frequencies.

In summary, this paper presented an overview of the MFLI and discussed its measurement noises toward
ultra-low-noise measurement of sound by optical interferometry. The state-of-the-art measurement noise of the
MFLI is 0 dB SPL/Hz at 2 kHz. We showed that further optical noise reduction above 2 kHz is possible by
improving the measurement system. We believe that further noise reduction, especially for low frequencies, will
make optical methods an indispensable tool in acoustic measurements.
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ABSTRACT 

In Japan, Shinkansen wayside noise is an environmental issue, which can be predicted using noise 
prediction models. It is necessary to investigate the characteristics of a moving sound source to im-
prove the noise prediction model. This study experimentally visualizes sound waves generated from 
a moving source. With the low-noise moving model test facility, the sound source emitting a 40 kHz 
sinusoidal ultrasonic wave was launched at 280.5 km/h. Parallel phase-shifting interferometry, one 
of the optical sound measurement methods, was also employed for visualization. Results show that 
the frequency modulation of the Doppler effect is directly visualized, and the measured frequencies 
agree well with the theoretical ones. 
 
Keywords: Moving sound source, Doppler effect, Parallel phase-shifting interferometer, Visualization 

1. INTRODUCTION 
Although several measures have been considered to reduce Shinkansen wayside noise, it remains 

an environmental issue. In Japan, since many residential areas are located near Shinkansen lines, 
Environmental Standards based on the Basic Environment Law limits the sound pressure of the noise. 
The maximum noise level was limited to 70 dBA in the residential area and 75 dBA in the industrial 
and commercial areas. The noise prediction model proposed by Nagakura (1) is used in planning new 
lines or additional countermeasures to comply with the standards. In this model, sound sources are 
assumed as stationary monopole sources. Railway noise sources move at train speeds of around 300 
km/h. To understand the effect of a moving source, we have been studying the moving source char-
acteristics (2). 

In this study, we investigated the characteristics of sound waves emitted from a sound source 
moving at higher speeds than those recorded in a previous study (2). An optical measurement method 
was adopted to examine the sound field around the moving source. A single microphone is usually 
used to measure sound at any microphone position. A microphone array that can visualize the sound 
source distribution is also commonly used; the microphone arrangement and signal processing are 
crucial. Optical sound measurements have become practical with the recent development of imaging 
technologies. The optical method has the advantage of contactless measurement (3-5). We used one of 
the optical sound measurement methods, parallel phase-shifting interferometry (PPSI) (6), to inves-
tigate the characteristics of sound waves emitted from a moving sound source. By combining PPSI and 
a high-speed polarization camera, a two-dimensional sound field can be obtained by single-shot 
measurement. To move a sound source at high-speed, we used a low-noise moving model test facility, 
which was newly completed at the Railway Technical Research Institute, Japan (7). The facility can 
launch a model at a maximum speed of 400 km/h. In our experiment, an ultrasonic transducer emitting 
a 40 kHz sinusoidal tone was launched at 280.5 km/h. Also, visualization results were evaluated in 
spatial distributions. Results show that the frequency modulation around a moving source is visualized, 
and the measured frequencies agree well with the theoretical ones. 

The rest of the paper is organized as follows: Section 2 describes the sound field measurement 
method. In Section 3, the details of our experimental system are described. The visualized sound 
waves and the Doppler effect’s frequency modulation are quantitatively discussed in Section 4. Lastly, 



 

 

Section 5 summarizes the conclusions and our future works. 

2. MEASUREMENT METHOD OF SOUND FIELD 

2.1 Measurement principle of PPSI 

The optical sound measurement method, PPSI, allows us to measure sound fields. Sound pressure 
can be determined from the phase of laser light because sound pressure and air density are directly 
related. For the PPSI system, interference fringes are formed, and a high-speed polarization camera 
captures the fringes. Then, the light phase is determined from the fringes and converted to sound 
pressure. 

Figure 1 shows a schematic representation of the PPSI. It mainly consists of an interferometer 
(DELTAPH PHI-100, Photonic Lattice, Inc. Japan.) and a high-speed polarization camera (CRYSTA 
PI-1P, Photonic Lattice, Inc. Japan). First, the circularly expanded laser light is split into two or-
thogonal polarization lasers through the beam splitter, reference and object light. Next, interference 
fringes are formed by the reference and object light that passes through the sound field and returns to 
the interferometer, which are then recorded by the high-speed polarization camera. Since these laser 
lights are two-dimensionally expanded to a 100 mm circle, the sound field can be measured. The size 
of the measured area depends on the diameter of the reference plane, the reflection mirror and the lens 
before the reference plane. 

The high-speed polarization camera is used to record the interference fringes. Compared with the 
conventional high-speed camera, the high-speed polarization camera makes it possible to obtain 
spatial phase distribution. As shown in Figure 2, four sets of polarization filters are attached in front of 
the image sensor. The high-speed polarization camera’s frame rate decides the resolution of the ex-
periment system. Since, according to sampling theory, a frame rate of more than 80 kfps must measure 
40 kHz sound, the frame rate was set at 150 kfps. 

We applied hyper ellipse fitting in a subspace method to determine the phase of laser light from 
measured interference fringes (8). Furthermore, time-directional filtering was used to eliminate DC 
components and noise (9). 

 

 
Figure 1–Schematic representation of the parallel phase-shifting interferome-
try. The high-speed polarization camera records the interference fringes formed 
by the object and reference light. 
 

 
Figure 2–Schematic representation of a high-speed polarization camera. Four 
sets of polarization filters are attached in front of its image sensor. 
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2.2 Converting light phase to sound pressure 

As mentioned in the previous section, the light phase is obtained by PPSI. Conversion from the 
light phase to sound pressure is as follows. At position 𝒓 and time 𝑡, changes in the air density cause 
alterations in the refractive index of light as follows: 

 

𝑛 𝒓, 𝑡  𝐶 𝜌 𝜌 𝒓, 𝑡 1, (1) 

 
where 𝑛, represents the refractive index of light, 𝜌  represents the air density in the atmosphere, 
𝜌 represents the air density fluctuations, and 𝐶 is a constant value. 

Assuming an adiabatic change, the relationship between light refraction and sound pressure p is 
expressed by the Glandstone–Dale equation as follows: 

 

𝑛 𝒓, 𝑡 𝑛 1 1
𝒓, /

1, (2) 

 
where 𝑝  represents the atmospheric pressure, 𝑛 represents the light refraction factor of the atmos-
phere, and 𝛾 is the specific heat ratio. As atmospheric pressure is sufficiently higher than the sound 
pressure, this equation is linearized as follows: 

 

𝑛 𝒓, 𝑡 𝑛
𝑛 1

𝛾𝑝
𝑝 𝒓, 𝑡 . (3) 

 
The light phase 𝜙 is obtained by integrating the refractive index of light along the light path 𝐿 
 

𝜙 𝒓, 𝑡 𝑘 𝑛 𝒙, 𝑡
𝒓

𝑑𝑥 (4) 

 
where 𝒙 represents the position of the space and 𝑘 is the wave number of the laser light emitted by 
PPSI. 

After substituting Equation (3) into Equation (4), the following equation is obtained as follows: 
 

𝜙 𝒓, 𝑡 𝑘𝑛 𝑑𝑥
𝒓

𝑘 𝑛 1
𝛾𝑝

𝑝 𝒙, 𝑡 𝑑𝑥
𝒓

 (5) 

 
The first term in Equation (5) refers to the DC component and can be ignored when calculating the 

sound pressure level. Next, the sound pressure integrated along the laser path, 𝑝  [Pa], is calculated as 
follows: 

 

𝑝 𝒓, 𝑡 𝑝 𝒙, 𝑡 𝑑𝑥
𝒓

 (6) 

𝑝 𝒓, 𝑡  
𝛾𝑝

𝑘 𝑛 1
𝜙 𝒓, 𝑡 𝐶  (7) 

 
where 𝐶  is a constant value. 

 



 

 

3. SOUND FIELD VISUALIZATION EXPERIMENT 

3.1 Low-noise moving model test facility 

A low-noise moving model test facility was used to launch a sound source. The test facility was 
completed at Railway Technical Research Institute in 2020 (7). An illustration of the facility is 
shown in Figure 3. It is 125 m in length and consists of launching, measuring, and braking sections. 
A 1/20 scale train model is accelerated to a maximum speed of 400 km/h by Roller rigs in the 
launching section. After being launched, the train model enters the measuring section. Figure 3 
shows a photo of the measuring section, which is a semi-anechoic room with a length of 40 m. Since 
the model runs on a pair of rails like an actual train, measurement in a stable position is possible. 
Finally, the moving model stops in the braking section by the frictional force from a large amount of 
polystyrene beads. 

 

 
Figure 3–Illustration of the low-noise moving test facility. The facility is 125 m long 
and consists of three sections: launching, measuring, and braking (7). 

 

 
Figure 4–Photo of the measuring section, which is a 40 m long semi-anechoic room. 
 

 

3.2 Experimental apparatus 

Using the low-noise moving model facility, we conducted a visualization experiment. An ultra-
sonic transducer (PT40-18, Nippon Ceramic Co., Ltd. Japan.) is flush-mounted on the upper surface 
of the train model to propagate the sound upward. The transducer is driven by 40 kHz sinusoidal 
wave and its sound pressure level is 116 dB at 175 mm apart. We used the ultrasonic wave because it 
is suitable for visualization due to its short wavelength and high amplitude. 

The PPSI is positioned at the side of the guide rails. Figure 5 shows the positional relationship 
between the train model and the interferometer. In this experiment, the measured area is 100 mm in 
diameter and the frame rate of the high-speed polarization camera is 150 kfps. The distance between 
the reference plane and the mirror lens is 1700 mm and the train model emitting the ultrasonic sound 
passes through the area. The laser from the interferometer runs through the upper area of the train 
model. 



 

 

 

 
Figure 5–Positional relationship between the parallel phase-shifting interferometer 
and the train model. 

 

4. VISUALIZATION OF SOUND WAVES 

4.1 Analysis method 

The post-signal processing described in Section 2 was applied to the obtained data, and an exam-
ple of the visualized sound waves is shown in Figure 6. This figure demonstrates the moment at 
which the source reaches the center of the measurement area. The sound source at a frequency of 40 
kHz moves from right to left at 280.5 km/h. Yellow and blue lines indicate the crests and troughs of 
the sound waves, respectively. 

The obtained visualization images were first trimmed in the region that was determined by the 
source position, as shown in Figure 7. Because the sound source moves at less than one pixel per 
frame, the area was moved in a sub-pixel order. 

The lens distortion of the interferometer affects the obtained visualization images. Even if the 
positional relationship relative to the sound source is the same, the lens distortion amount differs 
depending on the original sound source position in the measurement area. Therefore, we developed a 
method to minimize the effect of lens distortion. Multiple images are synchronously added for the 
moving source at 100 km/h, with a constant time step determined from the sound frequency and 
frame rate of the high-speed camera (10). This method corresponds to a time-directional bandpass 
filtering. This synchronous method did not apply to the sound source moving at 280.5 km/h because 
the frequency modulation at 280.5 km/h is larger than that at 100 km/h, and a constant time step does 
not produce the right synchronized image in the entire region. Figure 8 shows synchronized results 
of the sound source moving at 280.5 km/h for different time steps. It is found that the sound waves 
appear in different areas. In case (d) 13 steps, the sound waves disappeared. This means that syn-
chronized analysis is unsuitable for a high-speed moving sound source. 

For this reason, we analyzed the visualized images in two-dimensional space. The following steps 
were applied to the trimmed images. 

i. Each trimmed image was transformed into the spatial frequency domain by applying the 
two-dimensional fast Fourier transform. 

ii. The obtained frequency distributions were averaged in time series (Figure 9(a)). The slight 
background noise was removed (Figure 9(b)). 

iii. The two-dimensional inverse fast Fourier transform was applied to recover the spatial fre-
quency distributions (Figure 10). 

Figure 10 represents the averaged spatial distribution. The sound waves are visualized with less 
lens distortion. The spherical waves propagate from the source, and the wavelength differs in toward 
and backward areas across the sound source; implying that frequency modulation occurs by the 
Doppler effect. 
 



 

 

 
Figure 6–Measured sound wave by PPSI. Sound waves propagate in concentric 
circles from the sound source. The sound source at a frequency of 40 kHz 
moves from right to left at 280.5 km/h.  
 

 
Figure 7–Outline of image trimming. An image series based on the sound 
source position is recreated. 
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Figure 8–Synchronized images of a sound source moving at 280.5 km/h. 

 
 



 

 

  
(a) Averaged in time series (b) After removing the slight background noise 

Figure 9–Spatial frequency distributions calculated by the two-dimensional Fourier 
transform. These are magnified images around the center of the image. 

 

 
Figure 10–Recovered sound waves after applying the two-dimensional inverse Fou-
rier transform. 

 

4.2 Evaluation of sound frequencies 

To evaluate the Doppler effect, the modulated sound frequencies were evaluated from the spatial 
frequency distributions shown in Figure 9(b) and compared it with the theoretical frequencies. 

Actual sound frequencies 𝑓  are obtained as follows: 
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  (8) 

where 𝜃 is the angle from the line perpendicular to the sound source, 𝑛 is the wavelength of each 
axis, and 𝑐 is the speed of sound (348.3 m/s) for the room temperature 28°C. Spatial wave numbers on 
the Y-axis, 1/𝑛 , are selected by the maximum value on every wave number on the X-axis, 1/𝑛 . 

The theoretical values of frequency modulation 𝑓  were calculated using the equation of the 
Doppler effect as follows: 

𝑓 𝜃 𝑓
𝑐

𝑐 𝑣𝑠𝑖𝑛 𝜃
 (9) 

where 𝑓  is the original frequency and 𝑣 is the speed of the sound source. The sign of 𝜃 is nega-
tive when it appears in the sound source and positive when leaving it. 

In Figure 11, dimensionless frequency (𝑓/𝑓 ) modulation determined by Equation (8) is compared 
with that from Equation (9). The frequency gradually decreases from forward to backward. This 
observation indicates that the frequencies are modulated by the Doppler effect of the moving sound 
source. The measured frequencies agree well with the theoretical ones. The discrepancy might have 
caused the lens distortion of the visualized image. 
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Figure 11–Comparison of dimensionless frequency between measured and the-
oretical frequencies. Angle 𝜃 is negative in front of the sound source. 

 
 

5. CONCLUSIONS 
To improve the railway noise prediction model, we investigated the characteristics of sound waves 

emitted from a high-speed moving source. An optical sound measurement method, the parallel 
phase-shifting interferometry, was applied to measure the sound field around a moving sound source. 
The Railway Technical Research Institute’s newly completed launching facility allowed us to launch a 
sound source emitting 40 kHz sinusoidal wave at 280 km/h. As a result, we succeeded in clearly 
visualizing the sound waves and observing the frequency modulation by the Doppler effect. The 
measured frequency modulation was found to agree with the theoretical one. In the future, amplitude 
modulation will be discussed. 
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ABSTRACT
Acoustic center defines the location of equivalent point source properties of a sound source in the free field. This
concept also applies to the microphone acting as a sound source or receiver. The microphone’s acoustic center
is important in the free field reciprocity calibration to get the acoustical transfer impedance value for sensitivity
calculation. The existence of an acoustic center has been numerically proven by simulating the movement of
the microphone’s diaphragm, but no experimental visualization result has been made. In this study, we employ
an optical-based measurement method to obtain the sound field generated by a microphone acting as a sound
source. The phase-shifting interferometry is implemented to obtain the phase shift of the light corresponding to
sound pressure. An experiment using a B&K 4180 microphone as a sound source was performed. The region
in front of the microphone was set as the measurement area. By using the method, a 2D sound field of the
microphone can be visualized. From the experimental results at a frequency of 10 kHz to 50 kHz, it can be
visually observed that the location of the origin of the sound was behind or ahead of the diaphragm and varies
depending on the frequency.

Keywords: Microphone, Sound field, Visualization

1 INTRODUCTION
A loudspeaker operates like a point source that emits sound in a spherical direction when it is in the free field.
The acoustic center value is a representation of the location of the point source with respect to the coil. The
position of the point source has frequency dependency and is not exactly at the coil of the loudspeaker [1].
Vanderkoy showed that the low-frequency acoustic center is in front of the loudspeaker [2].

A reciprocal microphone can serve as both a sound transmitter and receiver. The laboratory standard micro-
phone types B&K 4180 and B&K 4160 are examples of reciprocal microphones. This capability is utilized to
do primary microphone calibration in the free field using a reciprocity method. In order to calculate sensitivity,
which is determined by the distance between the microphone’s acoustic center in a reciprocity arrangement, it
is critical to measure the microphone distance precisely.

The concept of the microphone’s acoustic center has been numerically demonstrated. The existence of the
acoustic center was demonstrated using a boundary element method that simulated the movement of the micro-
phone’s diaphragm [3]. There are techniques for locating the acoustic center of a microphone using the char-
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acteristics of an inverse distance law of a point source. The sound produced by the microphone was scanned
using a probe microphone [4]. Currently, the transfer function method is commonly used to estimate the mi-
crophone’s acoustic center [5, 6]. To date, no study has directly visualized how the sound field of a transmitter
microphone looks to understand the acoustic center.

The objective of this work is to use a non-invasive sound measurement technique to observe the sound
field of a transmitter microphone. Consequently, it can be used to determine the acoustic center position of
the microphone. A parallel phase-shifting interferometer (PPSI) was used to build an acousto-optic-based sound
field measurement [7]. The PPSI has previously been employed in the research of aerodynamics [8] and sound
imaging [9]. In this paper, a laboratory-standard B&K 4180 microphone was set up as a transmitter and placed
inside the PPSI’s measurement area. The wavefront that originated from the acoustic center position was visu-
alized from the measured sound field. The sound source was produced at various frequencies between 10 kHz
and 50 kHz to demonstrate how the acoustic center value depends on frequency. According to the results, low
frequency sound fields show relatively low levels of measurement noise. Thus, it is possible to investigate the
point source’s origin. As the frequency increased, it became more challenging to determine the source of the
sound because of measurement noise.

2 SOUND FIELD VISUALIZATION USING PPSI
The relationship between the phase-shift of the light (φ ) and the sound pressure (p) serves as the fundamental
principle for the implementation of sound field measurement using the optical method [10, 11, 12]. The relation
is given by:

φ(x,y, t) = k0

Z
2∫

−Z
2

p(x,y,z, t) dz, (1)

where Z represents the optical path on the z-axis, and k0 represents the angular wavenumber of the light.
According to the equation, the phase shift of the light corresponds to the sound pressure at the location where
the light travels. As a result, a representation of the sound field can be produced by measuring the phase-shift
of the light.

Parallel phase-shifting interferometry can be used to measure the phase-shift of the light (PPSI). The PPSI
uses a Fizeau interferometer with a high-speed polarization camera. Four polarizers applied to image sensors
with phase angles of 0, π

2 , π , and 3π

2 [7, 13]. As seen in Figure 2, each polarization angle’s image intensity
is saved as an adjacent pixel in the image. The maximum image resolution that PPSI is capable of is 1024
pixels by 1024 pixels, and this resolution decreases as the recording speed increases. The PPSI can record at a
maximum rate of 1.5 Mfps. In order to speed up file transfer to an external disk drive for post-processing, the
photos are stored and compressed in a single file in mRAW format.

Phase-shift value can be extracted from a picture using the hyper ellipse fitting in the subspace approach
(HEFS) algorithm [14, 15]. The algorithm uses the adjacent pixels at a time to generate a single value of the
phase shift. The procedure yield a two-dimensional array containing phase-shift data named as phase-map. A
phase unwrapping process is then applied to the resulted phase-map to recover the phase continuity. The phase-
map image is half the size of the original image and can be used for the visualization of the instantaneous
sound field. The flowchart of the process is illustrated in Figure 2.

3 EXPERIMENT SETUP
The B&K 4180 microphone was set up as a transmitter unit to produce sound. The microphone was connected
to a transmitter adaptor of type B&K UA-0920 for this purpose. For polarization input voltage and signal
input voltage, the adaptor features two connectors. The polarization voltage calibration unit type B&K 5008
supplied the microphone with a polarization voltage of 200 V. A signal generator program was developed using
LabVIEW for the NI-PXI PC-based measurement system. To give the signal a gain of 20 dB, the NI-PXI signal
was linked to a power amplifier of type B&K 2735. The transmitter adaptor of the microphone was wired to



Figure 1. Pixel arrangement of the image produced by the PPSI

receive the output signal from the amplifier. The voltage setting for the signal generator was set to 1 V.
The microphone was mounted on a tripod in an upward direction. The microphone was positioned so that

its top surface aligned with the bottom edge of the PPSI measurement area. Therefore, the laser can pass the
sound pressure in front of the microphone area. Configuration of the experimental setup can be seen on Figure
3.

A software program called Photron FASTCAM viewer is used to configure the high-speed camera. We can
set the camera’s parameters and see the polarized image in real time by utilizing the program. The PPSI’s
recording frame rate was set to 150,000 fps. The resolution of the recorded image frame decreased as a high
frame rate setting was applied. The image that was captured for this experiment has a resolution of 128×128
pixels. This area corresponds a 3.6 cm by 3.6 cm measurement area. The PPSI’s recording time was set at 1
second.

Offline processing of the raw data was done with MATLAB software to produce the phase-map. The MAT-
LAB’s mat files were extracted from an mRAW file using Markus Lindner’s MATLAB program [16]. The
HEFS algorithm was then used to process the files in order to obtain phase-shift data. It was discovered that
high-frequency spatial noise was present in the sound field that was produced for the visualization. To improve
visibility, a Gaussian noise removal filter is therefore used. Matlab’s two-dimensional Gaussian filter function
was employed for the spatial noise removal.

4 RESULTS AND DISCUSSION
Figure 4 shows the sound field visualization at measurement frequencies of 10 kHz, 20 kHz, 30 kHz, 40 kHz,
and 50 kHz. By determining the wavelength from the image, we can verify the sound that the microphone
actually produced. The distance between each consecutive bright image or dark image corresponds to the sound
wavelength. The measurement area is roughly the same size as the wavelength at 10 kHz frequency. As a
result, figuring out the wavelength is difficult. At a measurement frequency of 20 kHz, a better visualization
was obtained. The wavefront is easily seen. According to Figure 4b, the distance between the consecutive
dark image is approximately 16.74 mm, while the nominal wavelength of frequency 20 kHz is 17.17 mm. At
measurement frequencies of 30 kHz and 40 kHz, the wavelength was found to be roughly 11.51 mm and 8.37
mm, respectively, which is near to the nominal wavelength values. The wavefront can still be observed at a
frequency of 50 kHz, although not with great clarity. The wavelength is roughly 6.28 mm, which is similarly
close to the wavelength of frequency 50 kHz, as seen in Figure 4e.

The phase-map represented the sound field viewed from the rear side of the microphone. The bottom border
of the image we see on Figure 4 correspond to the top surface of the microphone. Therefore, we must take
into account the physical distance, known as front cavity depth, between the microphone’s top surface and its
diaphragm. For microphone type B&K 4180, the typical front cavity depth value is 0.48 mm.

The nominal acoustic center values for B&K 4180 for the frequencies of measurement are shown Table 1



Figure 2. Flowchart to visualize the sound field from measurement data

Figure 3. Configuration of the microphone in the phase-map measurement

[5]. The nominal acoustic center at a frequency of 10 kHz is 1.8 mm. This means that the position of the point
source is approximately 1.32 mm above the top surface of the microphone when the front cavity depth value
of 0.48 mm is taken into account. To analyze, a semicircle is drawn manually and set so that its arc matches
the wavefront of sound. Red-dot indicates the center of the circle, allowing us to estimate the position of the
acoustic center. A label AC indicates where the acoustic center is estimated from the image. The visualization
in 4a shows that AC is located around 1 mm above the bottom edge of the image or 1.48 mm from the
microphone’s diaphragm. The nominal acoustic center value for a frequency of 20 kHz is 0.51 mm, which is
located 0.03 mm from the top surface of the microphone. We can see that the AC position is close to the
image’s bottom edge in Figure 4b or 0.48 mm from the microphone’s diaphragm. When comparing 4a and 4b,



Table 1. The nominal acoustic center values of laboratory standard microphones type B&K 4180 and the
estimation results from the experiment.

Frequency, kHz Nominal value, mm Estimation, mm

10 1.8 1.48

20 0.51 0.48

30 -0.64 -0.02

40 -1.37 -0.27

50 -17.57 -0.52

(a) (b) (c)

(d) (e)

Figure 4. Visualization of the sound field generated by the microphone at measurement frequency of: (a) 10
kHz (b) 20 kHz (c) 30 kHz (d) 40 kHz (e) 50 kHz.

we can observe that the acoustic center at frequency 20 kHz is closer to the upper surface of the microphone
than the acoustic center at frequency 10 kHz. This result is consistent with the nominal value displayed in
Table 1, which indicates that the acoustic center at a frequency of 20 kHz is less than 10 kHz.

For a frequency of 30 kHz, the negative acoustic center value indicates that the point source is located
behind the microphone’s diaphragm. If the front cavity depth is taken into account, the position of the point
source at a frequency of 30 kHz should be located 1.12 mm below the microphone’s top surface. The AC
position is directly below the image border or the top surface of the microphone as seen in Figure 4c. The
estimation result is about 0.5 mm below the top surface of microphone which is slightly different from the
nominal value. The nominal acoustic center at frequency of 40 kHz is located 1.85 mm below the microphone’s



top surface. According to Figure 4d, the position of the AC is roughly 0.75 mm below the top surface of the
microphone. The nominal acoustic center value is located behind the diaphragm of the microphone, but the
visualization shows that the position of AC is close to the diaphragm. The finding is likewise shown to differ
significantly at a frequency of 50 kHz. The nominal acoustic center value is far behind the diaphragm of the
microphone. However, the observation of the image shows that the acoustic center is about 0.52 mm behind the
microphone’s diaphragm.

5 CONCLUSION
The concept of a microphone’s acoustic center has been proved through the visualization of the sound field of
a microphone configured as a transmitter. The sound field measurement of laboratory standard microphone type
B&K 4180 was realized using PPSI that works based on the acousto-optic effect principle. Spatio-temporal
sound pressure on the area around the top surface of the microphone was captured by the PPSI as the cor-
responding phase-shift of the light for the visualization. The visualization of the wavefront at a measurement
frequency of 10 kHz and 50 kHz contains noise, but the wavefront can still be seen faintly. The wavelength
of the sound for measurement frequencies of 10 kHz to 50 kHz is in good agreement with the exact wave-
length for the corresponding frequency. From the visual observation, the estimated acoustic center position in
the measurement frequency of 10 kHz, 20 kHz, and 30 kHz are in good agreement with the nominal acoustic
center values for microphone type B&K 4180. However, different results were obtained for the measurement
frequency of 40 kHz and 50 kHz. The development of optical-based sound field measurements that can produce
a good signal-to-noise ratio will be necessary in the future, as this will increase the accuracy of the analysis.
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ABSTRACT 

With the proliferation of ultrasonic applications such as superdirectional loudspeakers, midair haptic displays, 

and acoustic levitation systems, there is a growing demand for microphones that can measure high frequency 

and high sound pressure. Since ultrasonic waves about 40 kHz have a wavelength of less than 10 mm, the 

effect of microphone aperture must also be considered. It has been proposed to use the optical fiber as an 

acoustic sensor since the reflectance at the end of an optical fiber is affected by changes in the refractive 

index of the air. This acoustic sensor is called an end-face-reflective optical fiber microphone. It can measure 

high-intensity ultrasonic waves, and since the optical fiber is as thin as 1 mm in diameter, it is expected to be 

nearly omnidirectional and less likely to disturb the sound field. In this study, 40-kHz ultrasonic waves were 

output in air up to the sound pressure level of about 160 dB and were measured using the optical fiber 

microphone and its characteristics such as linearity, directivity, and position dependence are reported. 

 

Keywords: Airborne ultrasound, High-intensity ultrasound, Optical measurement 

1. INTRODUCTION 

As ultrasonic applications such as superdirectional loudspeakers, midair haptic displays, and 

acoustic levitation systems become more widespread, the demand for microphones capable of 

measuring high frequency and high sound pressure is increasing. For example, in midair haptic 

displays, acoustic radiation pressure is used to vibrate the skin of the palm. The ultrasonic frequency 

used for this purpose is usually 40 kHz, with sound pressure level that can exceed 160 dB. This is 

almost the upper limit of the sound pressure that can be measured with commercially-available high-

frequency/high-pressure microphones, and measurement at a sound pressure higher than that is not 

guaranteed. 

Also, since ultrasonic waves about 40 kHz have a wavelength of less than 10 mm, it is necessary 

to consider the effect of microphone aperture. Even if the microphone aperture is acceptable for 

audible sound, it will not have a flat frequency response for ultrasonic waves and spatially average 

the sound field, making it impossible to obtain a true value. Some commercially-available 

microphones are as small as 1/4 inch (= 6.35 mm) or 1/8 inch (= 3.175 mm) in diameter, but the size-

dependent directivity should still be considered. 

In the field of fiber optics, optical fibers are used as sensors sensitive to temperature and strain. 

Since the reflection coefficient at the tip of an optical fiber is affected by the refractive index change 

of the external field, its use as an acoustic sensor has also been proposed (1, 2) (Figure 1 (a)). 

The acoustic sensor described above is called an end-face-reflective optical fiber microphone. It 

can measure high-intensity ultrasonic waves. Since the optical fiber is as thin as 1 mm in diameter, it 

is expected to be nearly omnidirectional and less likely to disturb the sound field. Although directivity 

characteristics for underwater ultrasonic waves have been reported  (3), directivity characteristics for 

airborne ultrasonic waves have not been reported. 

In this study, 40-kHz ultrasonic waves were output in air up to the sound pressure level of about 

160 dB and were measured with the prototype optical fiber microphone (Figure 1 (b)). Its linearity, 
directivity, and position dependence are reported. This paper is partially based on the proceeding of 

Japanese-domestic meeting (4) and contains additional experimental results. 
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Figure 1 – (a) Diagram and (b) photo of the end-face-reflective optical fiber microphone, PXDZ1001 

2. PRINCIPLE OF END-FACE-REFLECTIVE OPTICAL FIBER MICROPHONE 

The end-face-reflective optical fiber microphone focuses on the fact that sound waves cause a 

change in refractive index of air, converts sound pressure into optical reflection intensity at the 

boundary surface, and measures it with a photodetector. In other words, it is a acoustic-optical-

electrical conversion sensor. The principle is described below (1). 

First, it is assumed that the rate of volume change ∆𝑉/𝑉 due to the sound wave corresponds to the 

refractive index change ∆𝑛 of air. 

∆𝑉

𝑉
= −

∆𝑛

𝑛a − 1
 (1) 

𝑛a is the refractive index of air in the absence of the sound wave. If the refractive index of air is 𝑛 =
 𝑛a + ∆𝑛 and the refractive index of the optical fiber is 𝑛f, the reflectance at the end face of the optical 

fiber can be calculated from Fresnel's formula as 

𝑅 + ∆𝑅 = (
𝑛f − 𝑛

𝑛f + 𝑛
)

2

 (2) 

Therefore, the reflectance change ∆𝑅  can be calculated under a linear approximation using the 

reflectance 𝑅 without incident sound waves as 

∆𝑅

𝑅
≅ −

4𝑛f

(𝑛f − 𝑛a)(𝑛f + 𝑛a)
 (3) 

This rate of change in reflectance corresponds to 𝑉AC/𝑉DC, the ratio of the DC component 𝑉DC to the 

AC component 𝑉AC of the output voltage from a photodetector, where light intensity is converted to 

current using a photodiode and current is converted to voltage using an I -V converter. 

Therefore, from equations (1) and (3) along with Poisson's law, we obtain 

𝑉AC

𝑉DC
≅ −

4𝑛f

(𝑛f − 𝑛a)(𝑛f + 𝑛a)

𝑛a − 1

𝜌𝑐2
𝑝 (4) 

Using the refractive indices 𝑛a and 𝑛f, the sound speed 𝑐, and the density of air 𝜌, the sound 

pressure 𝑝 can theoretically be obtained from the output signal. 

3. EXPERIMENTS 

3.1 Linearity 

The experiments were conducted in an anechoic box. The housing of optical and electrical circuits 

was placed outside the anechoic box, and the optical fiber microphone and a reference microphone 

were placed in the anechoic box for measurement. The sound field was generated by focusing 

ultrasonic waves using a 40-kHz ultrasonic transducer array. The sound pressure at the measurement 

point was controlled by changing the driving signal to the ultrasonic transducer array and was 

measured by a reference microphone (5) calibrated with ACO 4158 N (without protection grid). Next, 

the tip of the optical fiber was placed at the measurement point. A single -mode fiber with a diameter 
of 0.9 mm including the coating was used. The core with a diameter of 0.125 mm was exposed about 

10 mm from the tip of the fiber. An ASE light source (20 mW, 1530-1560 nm) was used as the light 



 

 

source. The output voltage of the photodetector was subjected to FFT. Then the 40-kHz component 

was extracted as 𝑉AC and the time-averaged voltage was obtained as 𝑉DC. These values were used to 

calculate the sound pressure according to Equation (4). Measurements were taken 10 times each, and 

the average value was recorded as the sound pressure from each microphone. 

Figure 2 shows the results of the sound pressure level measured by the optical fiber microphone 

against the one measured by the reference microphone. At about 140 dB or higher, the deviation of 

the sound pressure level of the fiber-optic microphone from that of the reference microphone was 

within 1.3 dB, confirming the linearity of the optical fiber microphone as a sound pressure sensor. 

 

  

Figure 2 – Linearity of the optical fiber microphone for 40-kHz ultrasound 

3.2 Directivity 

Next, the directivity of the optical fiber microphone was measured. As in the linearity measurement, 

the sound field was generated by focusing ultrasonic waves using the transducer array. The tip of the 

optical fiber was glued along a 0.9 mm diameter metal wire that stood on a rotary table. The diameter 

of the thickest part is the sum of the diameter of the optical fiber and the metal wire (1.8 mm), which 

is sufficiently smaller than the wavelength of 40-kHz ultrasonic waves (8.5 mm) and is expected not 

to disturb the sound field. The tip of the optical fiber was placed at the center of the rotation of the 

rotary table (Figure 3). The sound pressure was measured 10 times and the average value was recorded. 

The measurement was conducted at 10° intervals up to 350°, with the angle 0° in the direction of the 

optical fiber tip. 

Figure 4 shows the polar pattern of the sound pressure level at the maximum value of 158.3 dB 

plotted as 0 dB for the optical fiber microphone angles. For all angles, the fluctuation of the measured 

values was within 1.0 dB. It can be said that the directivity of the optical fiber microphone is almost 

flat in all directions, i.e., omnidirectional. 

 

  

Figure 3 – Experimental setup for measurement of directivity of the optical fiber microphone 



 

 

  

Figure 4 – Directivity of the optical fiber microphone for 40-kHz ultrasound 

3.3 Position dependence 

It is known that the aperture of a microphone arises some negative effects on measuring the sound 

field if the diameter of the microphone is comparable to the wavelength of the sound wave. Such 

effects are more pronounced when measuring complex sound fields, such as those around an ultrasonic 

focal point. The diameter of a 1/4-inch microphone is 6.35 mm, which is close to the wavelength of 

40-kHz ultrasound (8.5 mm). Here, we show that the smaller diameter (1.8 mm) of the optical fiber 

microphone offers another advantage in addition to directivity for 40-kHz ultrasound.  

A concave-type device focusing ultrasound at the focal length of 50 mm was used in th is 

measurement (Figure 5 (a)). Fifty-five ultrasonic transducers were arranged on a concave surface with 

a radius of curvature of 50 mm and driven by a single 40-kHz 20-Vp-p sinusoidal signal. The sound 

field around the focal point was measured by the optical fiber microphone (Figure 5 (b)) and a 1/4-

inch microphone (5). 

Figure 6 shows the sound pressure levels measured along the acoustic axis passing through the 

focal point at 1-mm intervals. The results measured by the 1/4-inch microphone show periodic 

fluctuations, while those measured by the optical fiber microphone do not. This indicates that the 

optical fiber microphone is less position-dependent in a complex sound field. 

 

 

      

(a)                        (b) 

Figure 5 – Ultrasonic device and experimental setup with the optical fiber microphone 



 

 

 
 

Figure 6 – Measurement results by the optical fiber microphone and 1/4-inch microphone 

4. CONCLUSIONS 

In this study, an end-face-reflective optical fiber microphone was fabricated, and its linearity, 

directivity, and position dependence were measured. First, the sound pressure was measured while 

changing it. The difference of the measurement results from the reference microphone was within 1.3 

dB, confirming the linearity of the optical fiber microphone. Next, the sound pressure was measured 

by changing the direction of the optical fiber microphone while keeping the sound pressure constant. 

The directivity was almost flat within the fluctuation of 1.0 dB at the range of 360°. Finally, the sound 

pressure was measured by changing the distance along the acoustic axis. The results measured by the 

1/4-inch microphone show periodic fluctuations, while those measured by the optical fiber 

microphone do not. These results indicate that the optical fiber microphone is highly accurate, nearly 

omnidirectional, and less position-dependent for the sound field of 40-kHz ultrasonic waves. 
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ABSTRACT
Millimeter-wave radars are well utilized as the automotive radar for the advanced driver assistance system
(ADAS). Millimeter-wave radar can detect various vibrations using the micro-Doppler phenomenon. Millimeter-
wave radars can detect minimal vibration and can be utilized as vibration sensors. Applications of millimeter-
wave vibration sensors are vital sensing of humans (heart rate, respiration rate, and motion), the vibration of
instrumentals working in factories and building structures. This paper describes a system and configuration of a
millimeter-wave sensor and its evaluation method. The system of millimeter-wave sensors must be configured
using the basic millimeter-wave radar system and acoustic signal processing functions. The resolution of the
detected vibration displacement of millimeter-wave sensors is decided by the hardware characteristics of the
millimeter-wave sensors, not to mention the wavelength of the radio waves. They affect the signal-to-noise ratio
of the detected vibration signals by millimeter-wave sensors. Therefore, it is necessary to develop evaluation
methods using other reference methods. The evaluation method utilizing Laser Doppler Vibrometer (LDV) is
suggested in this paper. The described evaluation methods can achieve small and low-cost vibration sensors
using radio waves and contribute to various IoT sensor systems.

Keywords: Millimeter-wave sensor, Millimeter-wave radar, Vibration, Radio wave

1 INTRODUCTION
Millimeter-wave radar uses the millimeter-wave whose frequency range is from 30 to 300 GHz, and wavelength
is from 1 to 10 mm. The main application of millimeter-wave radar is the perception and localization sensor
for automatic data acquisition systems (ADAS) [1] [2].

Millimeter-wave radar can be utilized as a vibration sensor. A radar detects the velocity of objects using
the Doppler shift of received radio waves. Millimeter-wave vibration sensors can achieve low-cost and non-
contact vibration sensing systems. Millimeter-wave sensors can meet the expectations of various applications,
such as predictive maintenance of various instruments and buildings. The principle of vibration detection using
radio waves is the “micro-Doppler,” a small variation of the doppler shift in each moment. We can obtain
information on the vibration by analyzing the micro-Doppler [3] [4] [5].

The hardware design and software configuration must be carefully optimized to obtain suitable millimeter-
wave vibration sensors. The small vibration sensing requires a more accurate measurement of the phase dif-
ferences between received radio waves than usual Doppler-radar measuring the velocity of objects because the
variation of micro-Doppler caused by the vibration is minimal. The radar hardware characteristics and the soft-
ware configuration affect the accuracy of measured phase differences between received radio waves.

It is essential to evaluate the millimeter-wave sensors using another reference measuring method. This paper
suggests an evaluation method using the Laser Doppler Vibrometer (LDV). We utilized multi-level and multi-
frequency audio signals. Moreover, we calculated the mean-squared coherence between a millimeter-wave sensor
and the reference of LDV to judge whether the vibration was correctly detected or not. Thus, we named this
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Figure 1. Block diagram of millimeter-wave vibration sensor system.

Figure 2. Schematic of processing system of a millimeter-wave vibration sensor. Chirp configuration and two-
dimensional fast Fourier transform are included.

method “Coherence Estimation using Multi-level and Multi-frequency Signal” (CEMMS).
In this paper, in the first section, we describe the outline of KYOCERA’s millimeter-wave vibration sensor

and the software configuration. In the second section, the algorithm and set up and obtained example results of
the evaluation method CEMMS are denoted. In the third section, we explain conclusions and our future tasks.

2 SYSTEM AND HARDWARE DESIGN OF MILLIMETER-WAVE VIBRATION SEN-
SOR

2.1 Outline of system and processing of millimeter-wave vibration sensor
Figure 1 shows the block diagram of the millimeter-wave vibration sensor. The transmitted signal is generated
via a synthesizer, digital-analog converter (DAC), local oscillator, and RF amplifier. The received signal is con-
verted to the intermediate frequency signal (I/F signal) via the mixer. The I/F signal is amplified and converted
to a digital signal. The digitalized received signal is input to the signal processor.

Fig. 2 shows the chirp configuration and processing flow. A subframe consists of N1 chirps. Furthermore,
a frame consists of N2 subframes. Two-dimensional fast Fourier transform (2D-FFT) and the constant false
alarm rate processing (CFAR) are performed on each subframe. The range-Doppler data cube is obtained by
processing the 2D-FFT and CFAR as shown in Fig. 2. The parameters of the chirp configuration are shown in
Table 1.

Following signal processing shown in Fig. 1 is the extraction of the target signal. Various vibration signals
are included in a 2D-FFT data cube. Therefore we must extract the vibration localized at the target position.
This processing is executed by applying a proper window function to the 2D-FFT data cube. We obtain the
waveform of the vibration velocity of the target from the reconstructed I/F signals. Using two-dimensional



Table 1. Chirp configuration

Parameter Value/Configuration

Chirp system FCM (First chirp modulation)

RF frequency range 60 - 64 GHz

Chirp interval 0.45 ms

Table 2. Outline and dimensions of KYOCERA’S millimeter-wave vibration sensor.

Parameter Value

Name of sensor K-VVS-201

Operation frequency (RF) 60 - 64 GHz

Field of view 60 degree

Number of channel (TX/RX) 4

Dimension of sensor (H×W×D) 64.5mm×63.0mm×23.8mm

inverse Fourier transform (2D-IFFF), we obtain the I/F signal set with the target vibration source information.
We define this I/F signal set as [s1,s2, · · ·,sN1 ].

The waveforms of vibration displacement and velocity are calculated by two equations as,

ssum =
[ M

∑
m=1

s1,
M

∑
m=1

s2, . . . ,
M

∑
m=1

sN1

]
, (1)

and
dvib = argssum, vvib =

d
dt

dvib, (2)

where ssum is the vector obtained by the summation of all element of vectors of sm(m = 1,2, · · ·,M), M is the
number of samples in a chirp signal, N1 is the number of chirps in a subframe, arg(·) means the operator of
the angle in the complex plane, dvib is the vibration displacement, and vvib is the vibration velocity.

2.2 Hardware design of millimeter-wave vibration sensor
This section shows the outline of KYOYCERA’s millimeter-wave vibration sensor K-VVS-201. The millimeter-
wave vibration sensor K-VVS-201 has four TX and RX channels, respectively. Each channel consists of three
patch antennas arrayed along the vertical direction. Antenna substrate is made from the KYOCERA’s original
organic material having low dielectric losses, which contributes to obtaining high SNR of the detected micro-
Doppler components shown as Eqs. (1) and (2) [9]. The detailed parameters are shown in Table 2. Figure 3
shows the picture of the KYOCERA’s millimeter-wave vibration sensor K-VVS-201.

3 EVALUATION OF THE PERFORMANCE OF MILLIMETER-WAVE VIBRATION
SENSOR

3.1 Measuring methodology
We propose an evaluation method of the millimeter-wave vibration sensor [8]. We named the proposed evalua-
tion method the "Coherence Estimation using Multi-level and Multi-frequency Signal" (CEMMS). Fig. 4 shows
the measuring system to execute CEMMS. We employed the vibration source of the loudspeaker (EMINENCE



Figure 3. Picture of KYOCERA’s millimeter-wave vibration sensor module (K-VVS-201).

Figure 4. Schematic of the measuring system. The loudspeaker was driven by the audio interface and laptop.
Data from the millimeter-wave sensor was acquired using the special data logging system. Data of LDV was
acquired using NI cDAQ system and LabVIEW.

ALPHA 3-8). The reference signal to calculate the coherence was measured by Laser Doppler vibrometer
(LDV, Polytec VibroOne) via NI Compact DAQ and LabVIEW. The distance between the loudspeaker and the
millimeter-wave sensor was 50 cm.

The measurement and analysis are executed as,
-Step 1. Acquire the waveform of the vibration velocity by an LDV and a millimeter-wave sensor using a
vibration source and multi-level and multi-frequency input audio signals,
-Step 2. Calculate the frequency response of the magnitude-squared coherence for each level signal,
-Step 3. Calculate descriptive statistics values of the frequency response of the magnitude-squared coherence
and align them.

We employed the multi-level signals as shown in Figs. 5 (a), (b) and (c). Fig. 5 (a) shows the waveform of
the input audio signal to the loudspeaker via the audio interface (Roland RUBIX24). As shown in Figs. 5 (b)
and (c), the input audio signal consists of chirp signal whose parameters are shown in Table 3.

CEMMS evaluates the accuracy of an obtained waveform of vibration velocity by the frequency response of
the magnitude-squared coherence [7]. The magnitude-squared coherence is obtained by the formula as

Cxy( f ) =
|Pxy( f )|2

Pxx( f )Pyy( f )
, (3)

where Cxy( f ) is the magnitude-squared coherence, f is the frequency, Pxx( f ) and Pyy( f ) are the power spectral
densities of the data x and y, and Pxy( f ) is the cross power spectral density of data x and y. The maximum
value of the magnitude-squared coherence is 1. Note that the frequency response of the magnitude-squared
coherence varies depending on the acoustic conditions, i.e., the vibration source and the signal generator. In
this evaluation, the vibration source is the loudspeaker, and the signal generator is the audio interface and the
laptop. Therefore, we must always put the same acoustic conditions in a series of experiments. Regarding
the measuring system shown in Fig. 4, the data x and y are the vibration velocity measured by LDV and the



Figure 5. Schematic of the input signal. (a) waveform, (b) spectrogram, and (c) enlarged view of the spectro-
gram.

Table 3. Parameters of input audio signal to the loudspeaker.

Parameter Value

Frequency range 20 - 1000 Hz

Signal level -30 - 0 dB

Duration of a chirp signal 10 s

Number of repetition of a level of chirp 3

millimeter-wave sensor, respectively. In general, the magnitude-squared coherence becomes smaller than 0.1,
when Pxx( f ) and Pyy( f ) do not have same frequency components.

We can use various statistics such as mean, maximum, and median. In this paper, we used mean value C̄xy
as

C̄xy =
1

f1− f0

∫ f1

f0
Cxy( f )d f , (4)

where f0 and f1 are the start and end frequencies of the multi-frequency signal, respectively. We finally obtain
the dependency of C̄xy on the signal level.

3.2 Experimental results and discussion
Figures 6 (a1), (b1), (c1), (a2), (b2), (c2), (a3), (b3), and (c3) show the experimental results obtained by
CEMMS. Figures 6 (a1), (b1) and (c1) show the waveform of vibration displacement, the spctrogram of vibra-
tion displacement, and the magnitude-squared coherence, respectively, when the signal level is 0 dB. Figures
6 (a2), (b2) and (c2), and (a3), (b3) and (c3) show the graphs when the signal level is -9 dB and -18 dB,
respectively. First, we see the waveforms of vibration displacement. As shown in Figs. 6 (a1), (a2) and (a3),
the waveforms of the vibration displacement measured by the millimeter-wave vibration sensor are close to ones
measured by LDV. We can confirm that the waveforms of the millimeter-wave vibration sensor shown in (a3)
deteriorated due to the decrease in the signal level. Regarding the spectrograms Fig. 6 (b1), (b2) and (b3), we
can confirm that all frequency components show in Table 3 are detected. Note that the vibration displacement
of the loudspeaker decreases according to the frequency increase due to the constant input voltage to the loud-
speaker shown in Fig. 5. The calculated magnitude-squared coherence is shown in Figs. 6 (c1), (c2) and (c3).
When the signal level is 0 dB, the magnitude-squared coherence is close to 1 overall audio chirp frequency.
The magnitude-squared coherence decreases according to the decrease of the signal level.

To confirm the minimum detectable vibration displacement, we research more about the vibration waveforms.
Figures 6 (a2) and the magnitude-squared coherence Figures 6 (c2) (signal level is -18 dB). Figure 7 show
the expanded view of Fig. 6 (a2). From Fig. 7, it is confirmed that the minimum vibration displacement
is about ±5µm. The value of the magnitude-squared coherence is the criteria to judge whether the vibration
displacement of ±5µm is detected or not. As shown in Fig. 6 (c2), the magnitude-squared coherence at 1kHz is



Figure 6. Experimental results obtained by CEMMS when the signal level were 0 dB, -9 dB, and -18 dB. (a)
waveform of vibration displacement, (b) spectrogram, and (c) magnitude-squared coherence calculated by Eq.
(3).

about 0.2. Therefore, we can say that the millimeter-wave vibration sensor K-VVS-201 can detect the vibration
displacement of ±5µm.

Figure 8 shows the averaged magnitude-squared coherence overall frequency calculate by Eq. (4). It is
confirmed that the averaged magnitude-squared coherence decreases according to the decrease of the signal
level. When we set the threshold of the averaged magnitude-squared coherence to 0.1, we can say that the chirp
signal (20 Hz - 1kHz) at the signal level of -12 dB is detected. The averaged magnitude-squared coherence can
be utilized to find an optimum design condition when we design the millimeter-wave vibration sensor [8].

4 CONCLUDING REMARKS AND FUTURE WORKS
4.1 Future works
We denote the remained issue regarding the evaluation and the calibration of the millimeter-wave vibration sen-
sors. Although we suggested the evaluation method CEMMS utilizing a one-point measurement by LDV as the
reference, the millimeter-wave vibration sensors essentially measured the summation of the vibration displace-
ment and velocity distributed on vibration surfaces. The observed vibration displacement by the millimeter-wave
vibration sensor can be written as,

D =
∫

Γ

w(r) ·d(r) dr, (5)

where D is the observed vibration displacement by the millimeter-wave vibration sensor, Γ is the vibration
surface, r is the position vector of the micro-region of the vibration surface dΓ, d(r) is the displacement, and



Figure 7. Expanded waveform of vibration displacement measured by LDV when the signal level is -9 dB (Fig.
6 (b2)).

Figure 8. Experimental results of the averaged magnitude-squared coherence calculated by Eq. (4).

w(r) is the weight coefficient of the micro-region, which is decided by the transfer function of radio waves
between the vibration surface and the center point (origin) of the transmitting and receiving antenna array.

We must consider the method to calibrate the coefficient of w(r) in Eq. (5). Parallel phase-shifting inter-
ferometry (PPSI) is a strong candidate for a more advanced evaluation method of the millimeter-wave vibration
sensor. PPSI and a high-speed polarization camera enable detection and visualization of high-frequency fluctu-
ation of the refractive index of air caused by the sound field. The fluctuation of the refractive index of air is
observed by a phase difference between the reference light and traveled light through a test region [10] [11].
The vibration on the vibration surface is estimated from the field of the sound pressure level as an inverse prob-
lem, and the coefficient of w(r) in Eq. (5) is calculated. Figures 9 (a) and (b) show an example of measuring
setups consisting of two loudspeakers located upper and lower sides, and PPSI. Two loudspeakers are utilized
to make the distribution of the vibration displacement. Two loudspeakers are driven by two inversed voltage
inputs at 1 kHz. Using this measuring setup, we can search the behavior of Eq. (5).

4.2 Concluding remarks
In this paper, we denoted the outline of millimeter-wave vibration sensors, KYOCERA’s millimeter-wave vibra-
tion sensor K-VVS-201, and the evaluation method of millimeter-wave vibration sensors using LDV. We showed
that the suggested evaluation method of CEMMS helps confirm the performance of the millimeter-wave vibra-
tion sensor. We clarified that the minimum detectable vibration displacement of K-VVS-201 is ±5µm using
CEMMMS. The essential assets to detect this small vibration are the precision of the manufacturing antennas
and antenna arrays and the dielectric losses of materials of antenna substrates. In future works, we will study
more advanced evaluation and calibration methods of millimeter-wave vibration sensors using PPSI or other
acoustic measuring methods. Millimeter-wave vibration sensors are expected to be utilized as small, low-cost,
and non-contact in various fields, such as the predictive maintenance of buildings and factory instrumentals.



Figure 9. Measuring setup of the millimeter-wave sensor evaluation system using PPSI and stereo arrayed
speaker (driven by two inversed voltage inputs at 1 kHz), (a) the picture of measuring setup, (b) the example
results of sound pressure measure by PPSI.
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ABSTRACT
We recorded whistle sound radiated from a human mouth with parallel phase-shifting interferometry (PPSI)
and applied beamformers to the measurement result in order to enhance the whistle sound. Optical instruments
allow non-invasive measuring of sound fields. It is also useful for recording fields that microphones cannot
be placed. PPSI with a high-speed polarization camera is one of the optical measuring systems, and various
sound fields have been visualized with the system. However, the measured sound has much noise, and thus,
signal-to-noise ratio (SNR) is not so high. Confirming a measured sound aurally is helpful for understanding
the sound. In particular, recording near the mouth is required in many situations. In this paper, therefore,
we recorded whistle sound with a high-speed polarization camera and visualized with PPSI. In addition, in
order to reduce stationary noise, we applied delay-and-sum (DS) and minimum variance distortionless response
(MVDR) beamformers to the measured data. The effectiveness of these beamformers in noise reduction was
confirmed from the experiment result. The sound of whistle is enhanced much better by DS beamformer than
MVDR beamformer. We analyzed these results and also discussed about the future works.

Keywords: Optical measurement, array signal processing, sound enhancement

1 INTRODUCTION
In optical acoustics, sound fields have been measured by optical measuring instruments. Since a sound prop-
agating in the air influences the refractive index of light due to density changes of the air, the data related
with sound pressure can be calculated from the changes. There are two advantages in measurement with optical
instruments. First, it is unnecessary to put any instruments in a sound fields. In measurement with acoustic
measuring instruments, such as microphones, disturbance of the sound field occurs due to sound diffraction and
reflection. By contrast, optical instruments allow non-invasive measurement and avoid disturbing the sound field.
The second advantage is that optical instruments enable the measurement of sound fields that the sound instru-
ments cannot be placed. As the example of such measurement, it is reported measuring a sound of a castanet
between its shells [1].

In recent years, parallel phase-shifting interferometry (PPSI) has made instantaneous visualization of sound
fields possible [2]. The visualized results are useful for understanding sound fields. However, there is much
stationary noise in each pixel. Hence, if aural confirmation of the sound is necessary in measurement with
PPSI, a microphone should be placed out of the measurement area. It is also important to confirm sound
aurally. If PPSI enable recording clear sound, it is useful for understanding sound fields more.

In this paper, we recorded a sound with PPSI and applied beamfoming to the pixels of a visualized result
for noise reduction. Beamforming is the method to enhance the desired signal [3]. It is easy to implement and
expected improvement of signal-to-noise ratio (SNR). Hence, noise reduction is expected with applying beam-
forming to the visualized result. In ordinal measurement, recording a sound radiated from a mouth is demanded
under many conditions. Therefore, as the target of the measurement, we recorded a whistle sound with PPSI. We
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employed delay-and-sum (DS) beamformer and minimum variance distortionless response (MVDR) beamformer.
The effectiveness is compared with power spectrograms and spectrums, and discussed with beampatterns. As a
result, the enhancement of the whistle sound is confirmed in DS beamfromer but MVDR beamformer.

2 METHOD
2.1 Parallel phase-shifting interferometry
2.1.1 Principle of optical measurement method
In the optical measurement of sound, the modulation of the phase of light is used for measurement. The
modulation is occurred by the change of the refractive index in a medium, and the refractive index is modulated
by medium expansion and contraction of sound. Therefore, the sound can be inferred from the density of
medium.

Let us consider a adiabatic change and the sound field of human audible range in the air. The relational
formula of the refractive index and the density of the air can be derived by the Gladstone-Dale’s equation [4]:

n(r, t)−1
ρ

= const., (1)

where n is the reflective index of light in the air, r is the position vector, t is time, and ρ is the density of the
air. The relation between density and sound pressure is

p0 + p(r, t)
p0

=

(
ρ0 +ρ

ρ0

)1/γ

, (2)

where p0 is the atmospheric pressure, p is sound pressure, ρ0 is the atmospheric density, and γ is the specific
heat ratio of the air. From Eq. (1) and Eq. (2), the relation between sound pressure and the reflective index of
light in the air can be derived as

n(r, t) = (n0 −1)
(

1+
p(r, t)

p0

)
+1. (3)

When p is much smaller than p0, Eq. (3) can be linearized as

n(r, t)≃ n0 +
n0 −1
γ p0

p(r, t). (4)

Moreover, the phase of light depends on the reflective index of the air:

φ(r, t) = k
∫

L(r)
n(l, t)dl, (5)

where φ is the phase of light, k is the wave number, and L is the optical path. Substituting Eq. (4) into Eq. (5),
the relation between the phase of light and sound pressure can be derived as

φ(r, t) = kn0

∫
L(r)

dr+ k
n0 −1
γ p0

∫
L(r,t)

p(r, t)dl. (6)

It is clear that the line integral of the sound pressure is proportionate to the phase of light from Eq. (6). From
these relations, the parameters related with sound pressure p can be obtained from the measurement of phase
of light.



Figure 1. Scheme of PPSI with a high-speed polarization camera adapted from [6].

2.1.2 Measurement system
For recording whistle sound with multiple pixels, we employed PPSI and a high-speed polarization camera.
PPSI is one of the interferometry methods that allows calculate a phase of light by measuring some optical
interference fringes with multiple pixels in same time [5]. A high-speed polarization camera is used to measure
the fringes.

Figure 1 shows the schematic of the system for PPSI. Light emitted from the laser is split into two types
of polarized light at the Wollaston prism, and each polarized light is reflected at the reference plane and the
mirror through the lens and the beam splitter, respectively. The reference light reflected at the reference plane
returns to the beam splitter. The object light, which passed through test area, is reflected at the mirror and
returns. The returned two types of light come together and interfere with each other. They pass through the
polarizers, and multiple interference fringes of the lights are recorded by the high-speed polarization camera with
multiple pixels. The phase of light is extracted from the fringes by PPSI, and sound propagation is visualized
through removing non-variable components by filtering. Finally, the each pixel of visualization images contains
amplitude of the data related with the line integral of sound pressure on optical path. The line integral produces
directivity vertical to the optical path [7]. Hence, the recording with the measurement system is able to enhance
and correct the sound arrived vertically.

2.2 Beamformer
Beamforming is one of the array-signal processing methods. It is used for sound enhancement and sound
localization [8, 9].

Let us consider each of the M ∈ R pixels dotted in the position pm ∈ R2 (m = 0, . . . ,M −1) and the N ∈ R
sound sources points at qn ∈ R2 (n = 0, ...,N −1) on a two-dimensional sound field. In this situation, the signal
vector z ∈ CM is

z(t) =As(t)+v(t), (7)

where s ∈ CN denotes the signal vector in sound sources, and v is the noise vector at t-th time frame. The
A ∈ CM×N is a matrix that has steering vector a in each column as follows:

A= [a(q0),a(q1), ...,a(qN−1)] , (8)

a(ξ) = [a0(ξ),a1(ξ), ...,aM−1(ξ)]
T , (9)

am = exp(− jωπ||ξ−pm||2/c) , (10)

where ω is the angular frequency of sound, c is the speed of sound, and j =
√
−1. The || · ||p represents

p-norm. In beamforming, the output y obtained by multiplying the complex conjugate transpose of weighting
vector w(ξ) to the signal z is

y(t) =w∗(ξ)z(t), (11)

where w∗ is the complex conjugate transpose of w. The w is designed to enhance the signal arrived from
the position ξ. The weighting vector w is calculated in some ways. In this paper, the DS and the MVDR
beamformer are considered. In the case of the DS beamformer, the phase differences produced by sensors is



eliminated, and the signals are summed up. The desired signal is enhanced while the other signals are weakened
due to shifting the difference. Hence, the weighting vector wDS is

wDS =
a(ξ)

a∗(ξ)a(ξ)
. (12)

On the other hand, in the case of the MVDR beamfomer, the w is calculated to minimize the output power
with distortionless condition. The power of the output y is

P(ξ) = E
[
|y(t)|2

]
, (13)

where E[·] is the expected value. Eq. (13) can be rewritten as follows using the number of samples L,

P(ξ) =
1
L

L−1

∑
l=0

|w∗(ξ)z(tl)|2 =w∗Rw, (14)

where the tl is time at l-th frame. The R ∈ CM×M is covariance matrix of the signal z illustrated as follows,

R=
L−1

∑
l=0

z(tl)z(tl)∗. (15)

Hence, the weighting vector can be obtained by solving the following optimization problem:

minimize
w

w∗Rw

subject to w∗a(ξ) = 1. (16)

The solution to Eq. (16) is given by

wMVDR =
R−1a(ξ)

a∗(ξ)R−1a(ξ)
. (17)

3 EXPERIMENT
In this section, the experiment condition is explained. The measurement of a whistle sound were taken at
15,000 fps for 1 s with 62×62 pixels. The position of the sound source was measured in advance to enhance
the desired signal. To measure the distance, a microphone was placed in the measurement area so that the top
of the microphone appear in the upper left corner of the picture angle. Since a distance between each of the
pixels is necessary for beamforming, we visualized a caliper opened to 10 mm with PPSI. From the number of
pixels that exists between the outside jaws, the distance from a pixel to a pixel was calculated as 8.33×10−4

m. Since much low frequency noise existed in the frequency band less than the first harmonic of the whistle
sound, the low frequency band was cut by a high-pass filter (HPF) to remove noise from the measurement
results. Table 1 shows the measurement condition.

Table 1. Condition in visualization measurement.

Frame rate [fps] 15,000

Number of pixels 62×62

Recording time [s] 1.00

Distance from the microphone [m] 0.300

Cut-off frequency of HPF [Hz] 500

HPF order 2



4 RESULT AND DISCUSSION
In this section, we shows the results of the visualization of a whistle sound with PPSI; and the enhancement of
the whistle sound with DS and MVDR beamformers.

Figure 2. Visualized propagation of the sound whistled.

Figure 2 shows the visualized propagation of the whistle sound with PPSI. The amplitude of the line integral
sound pressure was shown in color. The scale of the amplitude was illustrated in the colorbar. The sound wave
came from the upper right corner of the image and passed into the lower left corner of that in about 0.5 ms.
The microphone can be seen in the left upper corner of each image.

(a)5 pixels spaced 9 pixels (b)16 pixels spaced 15 pixels

Figure 3. Two conditions of pixel selection: (a) 5 pixels spaced 9 pixels diagonally and (b) 16 pixels spaced
15 pixels in a square.

We applied beamformers to the extracted signals from the visualization result. The result was compared in
the following conditions: (a) selecting 5 pixels spaced 9 pixels diagonally, and (b) selecting 16 pixels spaced
15 pixels in a square as the sensors from the image. Figure 3 shows visualization images in which the selected
pixels are plotted in red according to the conditions (a) and (b).

In order to understand the directivity of each beamformer, the sensitivity ψ of each direction are calculated



Beampattern at 1377 Hz under condition (a) Beampattern at 2754 Hz under condition (a)

Beampattern at 1377 Hz under condition (b) Beampattern at 2754 Hz under condition (b)

Figure 4. Beampatterns of DS (blue lines) and MVDR (orange lines) under condition (a) and (b) at 1377Hz
and 2754Hz.

as follows,

ψ = 20log10|w∗(qs)a(d(θ))|, (18)
d(θ) = r[cos(θ) ,sin(θ)], (19)

r = ||qs||2, (20)

where qs is the position of the desired sound source, d(θ) is the position of each imaginary sound source, and
θ is the angle from the center of the image to the imaginary sound sources. Figure 4 shows the beampatterns
of the beamformers at frequencies of 1377 Hz and 2754 Hz. The blue and orange lines in each beampattern
indicate the sensitivity characteristics of the DS and the MVDR beamformer each angle, respectively. The violet
plot indicates the direction of the sound source. Note that the frequencies around 1377 Hz and 2754 Hz are
the first and the second harmonics of the whistle sound, respectively. Under both conditions (a) and (b), the
sensitivity of more than -10 dB was observed at 1377 Hz except in the direction of the source. In particular,
the beampattern of MVDR showed sensitivity of more than 0 dB. The cause of the high sensitivity is assumed
to be that the proximity between pixels made the phase difference difficult to be generated at relatively low
frequencies. Moreover, the influences of noise and error in the distance of a pixel to a pixel are considered
to be factors. On the other hand, the sensitivity below -10 dB was observed for some directions at 2574
Hz. However, under condition (a), sensitivity of more than 0 dB was confirmed for directions other than the
source direction. In contrast, the sensitivity under condition (b) was about 0 dB near the source direction, and
relatively lower than other directions. The cause of the difference in the shape of the beam pattern is considered
the difference in phase difference resulting from the shape of the pixel arrangement.

We enhanced the whistle sound with the weighting vector w(qs) of the DS and the MVDR beamformer.
Figure 5 shows the power spectrograms of the signal at pixel (31, 31), and also shows the signals enhanced
by the DS and the MVDR beamformers under each condition (a) and (b). In addition, the time-average power
spectrums of the signals are shown in Figure 6. While white noise was seen in the spectrogram of the signal at



DS under condition (a) 

MVDR under condition (a)

DS under condition (b)

MVDR under condition (b)

Pixel (31,31)

Figure 5. Spectrogram of the signal at pixel(31, 31) and the signal enhanced by DS and MVDR for condition
(a) and (b).

DS under condition (a) DS under condition (b)

MVDR under condition (a) MVDR under condition (b)

Figure 6. Spectrum of a signal at pixel (31, 31) (green plots) and signals enhanced by DS (blue plots) and
MVDR (orange plots) under condition (a) and (b).

pixel (31, 31), the reduction of the noise was confirmed from the signals after the beamforming. In particular,
the noise was reduced by more than 10 dB with both of the beamformers under the condition (b). In com-
parison between the DS and the MVDR beamformers, reduction in peak power near the first and the second
harmonics was relatively small for DS under both conditions (a) and (b). Under condition (b), the peak of
the harmonics can be observed clearer. Since DS beamformer is expected high denoising performance in use of
many sensors [10], the noise is assumed to have been reduced more at the condition (b). On the other hand, the



power of the whistle was reduced after the MVDR beamforming. Particularly, the peak of the second harmonic
near 2754 Hz was reduced by nearly 10 dB. From the sensitivity characteristics shown in Figure 4, the MVDR
beamforming is considered to have failed to enhance the whistle sound. It is also reported that as the num-
ber of sensors increases, the covariance matrix is more prone to error in measured microphone positions [11].
Therefore, the reduction of the desired signal is considered to have occurred in the MVDR beamforming.

5 CONCLUSIONS
In this paper, a whistle sound radiated from a human mouth was visualized and recorded with PPSI. In addition,
we applied the DS and the MVDR beamformers to the signals extracted from visualization images in order to
reduce stationary noise in each pixel. The DS beamformer enhanced the whistle sound and reduced the noise.
In contrast, the MVDR beamformer reduced the power both of the desired signal and the noise. The cause for
the reduction of the whistle sound is assumed that there is a influence of covariance matrix in the calculation
of the weighting vector. The reduction also seems to involve an error between pixels. Future work will include
the investigation of a method that is less prone to errors in pixel-to-pixel distance; and the confirmation of the
effectiveness of this method for measurement targets with relatively low sound pressure.
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ABSTRACT
Acousto-optic sensing methods enable the measurement of sound, using the interaction between sound and light
as the sensing principle. Specifically, acousto-optic tomography enables the reconstruction of sound fields across
space and time. However, existing reconstruction methods have constrained the applicability of the principle
to controlled laboratory conditions, due to various measurement restrictions. In the present study, we make
use of a new spatial reconstruction approach that makes it possible to reconstruct a sound field from a set of
arbitrary projections, enabling the in situ capture of sound fields in conventional spaces, such as rooms and
enclosures. We examine how the proposed approach enables to measure a sound field in a room, and how the
sensing principle can be used to reconstruct the sound pressure field, particle velocity vector and the flow of
acoustic intensity in a three-dimensional space. Thus, a complete volumetric reconstruction of the sound field
is obtained from sets of arbitrary acousto-optic projection measurements.

Keywords: Acousto-optics, Sound field analysis, Sound field reconstruction, Holography, Tomography

1 INTRODUCTION
As light traverses a sound field, it refracts and changes its speed of travel due to the variations in local density
induced by the acoustic disturbance. This phenomenon, known as the acousto-optic interaction, enables the
measurement of sound with light as the sensing element. It constitutes a fundamentally different measurement
principle than electro-mechanical transducers, where a sensor is immersed in the medium, and a mechanical
response is elicited by the fluctuations of pressure (or particle velocity) at the transducer’s position.

Even though the acousto-optic interaction has been known for a relatively long time [1–3], its application
as a measurement technique to sense and quantify audible acoustic fields is relatively new. Originally, the
acousto-optic interaction was largely studied theoretically [4], and later employed as a means to manipulate the
properties of light using sound [5, 6]. The subject has also a long history in ultrasound [7–10] and underwater
acoustics [11, 12] where multiple sensing methods and applications have appeared over the decades. A method
of particular interest was introduced in the early 90s by Jia et al. [13–15] who proposed an interferometry
technique that enables to measure the pressure-induced phase shift of a laser beam. In 2005, such interferometric
measurement was used to measure sound in the audible frequency range [16] and some time later was used to
quantitatively reconstruct audible sound fields [17, 18]. Multiple other studies have appeared since, exploring
various reconstruction methods and applications [16–27].

One of the main challenges in the field, is that conventional reconstruction methods (i.e., standard tomo-
graphic techniques) are ill-suited for performing acousto-optic measurements. There are two main reasons: 1)
classical tomographic reconstruction methods either require very specific/restrictive measurement configurations,
where projections are measured in parallel or fan-shape lines and rotated at regular intervals [28], or 2) recon-
struction methods require large amounts of projection data, to a degree that is unfeasible in acoustical applica-
tions. These methods were developed for Computerized Tomography (CT), where thousands of data points are
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typically available for each measurement [28].
In this study we examine a new measurement methodology, recently introduced in Ref. [29], which is specif-

ically tailored to acoustic problems. The technique addresses the two challenges outlined above, enabling the
measurement and reconstruction of acoustic fields based on acousto-optic sensing, using arbitrary projections
of a sound field, and requiring far less data than conventional tomographic methods (90% less tomographic
projections for achieving identical accuracy). So far, the focus of this method has been on the volumetric
reconstruction of the sound pressure in complex sound fields [29], as well as for analyzing the radiation of
acoustic sources based on the principles of Near-field Acoustic Holography [30, 31]. In the present study, we
focus on the measurement of sound intensity over large spatial apertures, demonstrating that the methodology
also enables the measurement of acoustic energy flows in complex acoustic fields, and over large spatial aper-
tures.

2 METHOD
Let us consider a laser beam traversing a harmonic pressure field p(r)e−iωt . The phase shift experienced by the
beam of light is

δφ =
2π

λℓ

∂n
∂ p

∫
L

p(r)dl, (1)

where the phase-shift of light, δφ , is proportional to the integral of the acoustic pressure field along the light
trajectory,

∫
L p(r)dl. The variable l is an integration variable along the path followed by the beam, of length

L, the vector r indicates position, λℓ is the optical wavelength, and ω is the acoustic frequency. The temporal
dependency e−iωt is omitted for convenience. The piezo-optic coefficient ∂n/∂ p is characteristic of the medium,
and establishes the relation between the index of refraction n and the acoustic pressure p. The phase-shifts
indicated by Eq. (1) can be measured using optical interferometry [13, 14], and multiple projections should be
acquired to reconstruct the sound field as a function of space p(r).

The most wide-spread tomographic reconstruction method is the so-called Filtered Back Projection (FBP),
where multiple projections are measured in regular intervals, then transformed into k-space via the Fourier-
slice theorem [28], and reconstructed back into space domain after applying a filter in the k-space. Many
interferometric acousto-optic studies have employed this reconstruction method [16–18]. The FBP can be found
in classic text books on CT [28], and are not further explained here.

In CT, the uniform scanning of a domain is often a problem, as conforming to a fixed scanning grid may not
be possible. Another family of approaches, known as algebraic reconstruction techniques (ART) [28], enable the
reconstruction of the field or object from a set of arbitrary projections. The problem is formulated as a linear
system of equations, where the projection sm sensed by a single beam m is

sm =
∫

Lm

p(r)dlm ≈
N

∑
n=1

an

∫
Lm

bn(r)dlm, (2)

where lm is the path followed by the beam and Lm its length. The object p(r) is approximated by a set of
N functions {b1, ...,bN} and their corresponding coefficients a1, ...,aN , such as p ≈ ∑

N
n=1 anbn. ART methods

discretize the reconstructed object so that the functions bn constitute N discrete pixels with a constant value
given by an to conform to the projections sm. These approaches overcome the uniform-sampling limitation
associated with transform-based algorithms (such as FBP). However, the methods require an extreme number of
measurements, as the value of each pixel should be resolved, rendering the methods prohibitive for acousto-optic
measurements.

A central aspect of acousto-optic tomography reconstructions, is that the object under observation is known
to be a sound field, and thus, the reconstruction method can be tailored accordingly (note that in most to-
mography applications, the object of observation is unknown, or little can be assumed about it). The method
introduced in Ref. [29] makes use of an elementary wave expansion to interpolate and extrapolate the observa-
tions, alleviating the experimental effort required to reconstruct the field. Elementary plane waves expand the



pressure field, and the projections sm become [29]

sm =
∫

p(r)dlm ≈
N

∑
n=1

an

∫
eikn·rdlm, (3)

where kn is defined as the wavenumber vector of the nth plane wave in the expansion. Equation (3) can be
written algebraically as

s = Ha, (4)

where s ∈ CM is the measurement vector containing the M projections, a ∈ CN are the unknown coefficients of
the N plane waves in the expansion, and H ∈ CM×N is a transfer matrix whose elements consist of the line
projections through the plane waves hm,n =

∫
eikn·rdlm.

Regularization is required to solve for the expansion coefficients an, as it is an inverse ill-conditioned prob-
lem [32]. The matrix formulation presented here allows for any standard regularization method. Let us consider
the Tikhonov-regularized least squares solution (any other could be chosen), as

ã = arg min
a∈CN

||a||2 subject to ||s−Ha||2 ≤ ε, (5)

where ||a||2 = (∑i |ai|2)1/2, and ε is estimated noise level (discrepancy permitted between the measurements s
and the model Ha). Once the wave coefficients are estimated, the reconstructed sound field is estimated by

p̃ = HRã,

where p̃ ∈CK contains the pressure estimated at positions r1, ...,rK , and HR ∈CK×N is the reconstruction matrix
with elements hRk,n = eikn·rk .

Besides the reconstruction of the sound pressure, the expansion into an elementary wave basis enables the
reconstruction of other field quantities like the particle velocity vector, sound intensity and sound power. The
particle velocity vector is estimated through Euler’s equation of motion as

u(r) =
1

iωρ

N

∑
n=1

an∇eikn·r, (6)

at each reconstruction point. The active and reactive sound intensity vector pairs can easily be calculated from
the pressure and particle velocity at each point in the domain as

I(r) =
1
2

Re{p(r)u∗(r)}, (7)

J(r) =
1
2

Im{p(r)u∗(r)}. (8)

The superscript (·)∗ denotes the complex conjugate.

3 RESULTS
An experimental test is conducted to examine the approach. The sound field in a rectangular room of di-
mensions 3.29×4.38×3.28 m3 is measured with a scanning Laser Doppler Vibrometer (LVD). The room has
concrete walls, floor and ceiling, and two of the walls are covered with acoustically absorptive material. The
average reverberation time is 1.1 s in the frequency range 1 kHz - 4 kHz.

Figure 1 shows the experimental setup, showing the room and measurement equipment, the scanning area
where projections are measured, and the reconstruction domain. The sound field is sampled with M = 814
beams (indicated by red lines in Fig. 1b), taken inside a square-pyramidal volume of base 0.84×0.84 m2 and
height 1.15 m. The small circles in Fig. 1(b) indicate two reconstruction positions that were also measured
with a measurement microphone, and used as a quantitative reference. The dashed line in Fig. 1(b) indicates



(a) (b)

Figure 1. Experimental setup. (a) Picture of the room, interferometer and loudspeaker. (b) Schematic of the
measurement setup. The sound field is generated by a loudspeaker (in black) placed sideways with respect to
the interferometer (in gray).

Figure 2. Sound pressure level and phase at two positions in the room [indicated in Fig. 1(b)].

a 1.25×0.8 m2 aperture in which the sound field was reconstructed, 0.2 m away from the wall. Note that the
method leads to volumetric reconstructions (as presented in [29] for example), but for visualization simplicity,
only in a two-dimensional aperture is analyzed.

Figure 2 shows the reconstruction of the sound pressure level and phase over frequency from 1.5 to 3
kHz, for two positions inside the reconstruction domain. The positions are r = (0.23,0.10,1.23) m and r =
(0.55,0.46,1.41) m [indicated in Fig. 1(b)]. The reconstructed field is compared to the measurements with a
half-inch measurement microphone. The agreement is good in most of the frequency range. In the frequency
range between 1800 and 2400 Hz there are some discrepancies, mostly due to vibrations induced onto the optics
of the LDV, whose mirrors used for scanning are exposed to the sound field. Also, the exact positioning of
the reference microphones is not exact, leading to position mismatch, which is mostly noticeable at the SPL
minima (a small spatial offset can result on large level differences, as the sound field changes rapidly across
space).



Figure 3. Experimental acousto-optic reconstruction of the active and reactive intensity fields at (a) 1750 Hz on
the plane indicated with a dashed line in Fig. 1b

Figure 3 shows the reconstruction of the complex sound intensity field at 1750 Hz. The direction of the
active flow is strongest in the negative x-axis, in agreement with the position of the source. Multiple vortices
are found in the active intensity field, showing rotational flows of active intensity along multiple closed paths.
While the irrotational component of the active intensity is mostly associated with the injection and dissipation
of energy [33–35], its rotation and curl are characteristic of sound fields where the pressure is zero at multiple



Figure 4. Experimental acousto-optic reconstruction of the active (top) and reactive (bottom) intensity fields at
2250 Hz on the plane indicated with a dashed line in Fig. 1b

points due to wave interference. This is the case in the present experiment, consisting of a reverberant field
in a lightly damped enclosure. The reactive intensity (imaginary part of the complex intensity, representing
oscillatory flow of acoustic energy [36, 37]) is shown in the bottom of the figure. The reactive intensity does
not present rotational flows, as it is known to be solenoidal, but points at the center of the vortices of the
active intensity [34], where the pressure is zero. This is in agreement with the fact that the reactive intensity is



proportional to the gradient of the pressure magnitude.
Figure 4 shows the intensity field at 2250 Hz. The active intensity presents similar characteristics as at

1750 Hz: the direction of flow is mostly in the negative x-direction, and some vorticity is observed in the
active intensity map. There is a strong reactive intensity in the region close to the wall at x = 0 and normal to
it, as a standing wave pattern results from the wave radiated by the source and the wave reflected by the wall.
The reactive field is largest close to the wall (near x = 0) where the incident and reflected waves have almost
identical amplitude.

In general, these results show a good agreement with the intensity phenomena characteristic of interfering
wave fields. Such fields display regions of rotational flow around pressure minima for the active intensity, and
reactive flows divergenging from pressure maxima [34,36]. Besides the results being physically meaningful, the
ability to measure sound intensity flows at high frequencies over such a large aperture and with fine spatial
resolution is a significant outcome.

4 CONCLUSION
In this study we examined an acousto-optic tomography reconstruction method that enables to measure sound
fields based on a set of arbitrary projections. It circumvents the need of uniform scanning patterns or other
restrictive measurement configurations, making it possible to measure complex sound fields in situ. A particular
focus is put on how the methodology enables the reconstruction of particle velocity and acoustic intensity flows
across space. The results indicate that the experimental reconstruction of the sound field over a large aperture
is possible, enabling a full characterization of all relevant acoustic field quantities.
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ABSTRACT
A magnetic field corresponding to an acoustic signal is used to locate the maintenance point of a gas pipe
in a wall from outside the wall. The magnetic field is generated from the maintenance point and converted
to an acoustic signal from outside the wall using a receiving coil, and the strength of the signal is measured.
By measuring the strength of the acoustic signal, the location of the magnetic field source can be estimated.
This allows invisible maintenance points to be estimated. In the past, augmented reality (AR) technology has
been used to visualize the strength of sound by superimposing it on real space. This has made it possible to
visually estimate the location of magnetic field sources. In this paper, we propose a multi-channel input to the
AR visualization system. By using multichannel input, it is possible to automatically and accurately calculate
the position of the magnetic field source. In addition, it enables efficient data collection and shortens the time
required for maintenance work. Then, we propose a system to visualize both the strength of the sound and the
calculation result of the magnetic field source position simultaneously using AR technology.

Keywords: Augmented reality (AR), visualization, magnetic field distribution, gas pipes, maintenance

1 INTRODUCTION
Sound is used for various inspections, such as hammering test of tunnels and exterior walls, and noise inspec-
tions of automobiles and electrical equipment, etc. Estimation of maintenance points on gas pipes is one of
the inspections using sound. In this inspection, a transmitting antenna that generates a magnetic field driven by
an acoustic signal is first inserted into a gas pipe inside a wall or under a floor. Then, workers reconvert the
magnetic field into the acoustic signal using a receiving coil from outside the wall or on the floor, and estimate
the maintenance points by judging the difference in volume with their ears.

In these inspections, defects are detected by using sound differences, but the differences are often small and
it is difficult to determine the differences only by human hearing. Researches have been conducted to display
sound differences visually by visualizing sound [1]. Although sounds cannot be seen visually, they can be
understood intuitively by visualization [2, 3]. In addition, augmented realty/mixed realty (AR/MR) technology
has made it possible to display sound superimposed on real space [4, 5, 6]. Recently, by using a 4-channel
microphone array as the input to the visualization system, it has been possible to measure and visualize sound
intensity [7, 8, 9, 10, 11, 12].

As for systems to estimate gas pipe maintenance points, we have proposed a system that visualizes the
intensity distribution of received acoustic signals using AR technology and estimates the location of invisible
antennas based on the characteristics of the obtained distribution [13]. However, in these methods, the input to
the system was a single channel. Therefore, the accuracy of the estimation was not sufficient to cope with the
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directional characteristics of the magnetic field. For example, the estimation accuracy was reduced depending
on the directional relationship between the transmitting antenna and the receiving coil.

In this paper, we introduce a 3-axis coil array as the input to the system. We have confirmed that multi-
channel processing using the 3-axis information in the system improves the estimation accuracy regardless of
the directional relationship between the transmitting antenna and the receiving coils.

2 PROPOSED SYSTEM
2.1 Multichannel input device
This paper describes the development of a new multi-channel input device using an ESP32. The ESP32 is
a microcomputer with built-in Wi-Fi and Bluetooth, which enables analog-to-digital conversion of signals and
data transmission via wireless connection to other device [14]. Since there are multiple pins for analog-to-digital
conversion on the ESP32, it is possible to transmit data of multiple channels simultaneously. In this paper, we
have introduced wireless connection and multi-channel processing to the conventional visualization system we
had proposed. Acoustic signals are obtained from multiple receiving coils on the ESP32 and these data are
transmitted to the iPad Pro via UDP connection.

Figure 1 shows an overview of the system after the introduction of multi-channel input. The actual devel-
oped system is shown in Fig. 2. The receiving coils are a 3-axis coil array with three coils installed vertically
on each of the three axes. Figure 3 shows the 3-axis coil array in the actual system. Note that the iPad Pro and
the input device are connected in Fig. 2, but this is because the power for the input device is supplied from the
iPad Pro, and the iPad Pro and the input device can be completely separated by separating the power supply.

Figure 1. System after introduction of multichannel input. The signals received by the three coils connected to
the ESP32 are converted from analog to digital signals on the ESP32 and sent to the iPad via Wi-Fi connection.
iPad uses a camera, LiDAR sensor, and AR marker to estimate self-position and coil positions. Based on
this position and signal information, the iPad generates objects representing the signal strength and the center
position estimation results in real space.



When using the system to make measurements, the camera looks around the object to be measured first.
iPad Pro then uses LiDAR sensor to recognize the shape of the object in space, and a spatial mesh is generated.
Once the measurement starts, the signals obtained from each receiving coils are converted from analog to digital
signals on the ESP32. ESP32 calculates the mean square value of each of these signals and sends them to
the iPad Pro once a second. The input device is equipped with an AR marker to obtain the coordinate and
rotation information of the measurement point. Therefore, the iPad Pro displays a color-coded spherical object
representing the mean square value of the signal once a second, based on the received mean square value of
the signal and the coordinate and rotation information of the measurement point. In the system used in this
paper, the color of the object changes according to the average of the mean square value of the three channels.
In addition, the coordinates of the center position can be obtained from the distribution of mean square value
of the received signals and the coordinate and rotation information of the measurement point using the center
position estimation algorithm described later in this paper. The system has a button to display the center position
estimation results, and a cross-shaped object can be displayed at the estimated coordinate position by tapping
this button.

Figure 2. Actual visualization system. The ESP32, amplifiers, and receiving coils are located on the rod tip.
An AR marker is also attached to the rod tip which allows the iPad Pro to obtain the position of the coils.

Figure 3. 3-axis coil array. Each of the three coils is installed vertically.



2.2 Estimation of center position using 3-axis information
For the three energy distributions acquired by the 3-axis coil array, the energy at the coordinate (m,n) of each
object is expressed as E1,m,n, E2,m,n, E3,m,n respectively. Note that the coordinates of the object are expressed in
the Cartesian coordinate system on the measurement plane and take integer values. The minimum coordinate is
(0,0), the maximum coordinate is (M,N), and the location where no object exists is defined as Ek,m,n = 0. The
energy distribution in these three axes is integrated by taking the average for each location,

Em,n =
E1,m,n +E2,m,n +E3,m,n

3
, (1)

and then perform the same process as in previous research [13].
First, the difference from average for each position is calculated as follows:

Edm,n =

 Em,n −E (Em,n −E > 0),

0 (Em,n −E ≤ 0),
(2)

where E is the average of the root mean square of all coordinates. This calculation results in Edm,n, leaving
only positive deviations of the squared mean at each position.

Next, the sum of them is calculated as follows: Edm = ∑
N
n=1 Edm,n.

Edn = ∑
M
m=1 Edm,n.

(3)

As above, denote the sum of the deviations of the mean squared values for each of the x and y coordinate axes
as Edm and Edn, respectively.

Finally, let p be an integer between 1 and M and q be an integer between 1 and N, then the following
formulation is made for some coordinate (p,q).

p∗ ∈ arg min
p

∑
M
m=1(p−m)Edm (1 ≤ p ≤ M).

q∗ ∈ arg min
q

∑
N
n=1(q−n)Edn (1 ≤ q ≤ N).

(4)

The position (p∗,q∗) obtained by the formula (4) is the estimated result position.

3 EXPERIMENT
To evaluate the accuracy of the proposed method, an experiment was conducted to compare the estimation
error of the method using 3-axis information with that of the conventional method in each axis. First, the
proposed system measures the area near the tip of the transmitting antenna and obtains measurement results
for each of the three axes. Next, the center position is estimated off-line using the acquired energy distribution
information for each axis and the 3-axis integrated state. The distance difference between the coordinates of
each estimated position and the coordinates of the actual tip position is calculated, and the proposed method
is evaluated by comparing the distance difference between the proposed method and the conventional method.
Here, the orientation of the receiving coil relative to the orientation of the tip of the transmitting antenna is
defined as Fig. 4. Furthermore, the deviation from the transmitting antenna tip orientation is defined as 0◦-90◦

as shown in Fig. 5. The 3-axis coil array in the proposed system is set up with receiving coil 1 oriented in
the x-axis, coil 2 in the y-axis, and coil 3 in the z-axis. In this experiment, two conditions were used for the
three axes to be measured: one for the 0◦ (x-axis), 90◦ (y-axis), and z-axis, and the other for the 30◦, 90◦, and
z-axis. White noise and ping-pong sound were used as sound sources, and measurements were taken five times
in each condition.

The actual measurement results for the 0◦ (x-axis), 90◦ (y-axis), and z-axis using white noise is shown in
Fig. 6 and Fig. 7. Figure 6 shows the energy distribution and the center position estimation result on the iPad



Figure 4. Coil orientation. (a) parallel to x-axis, (b) parallel to y-axis and (c) parallel to z-axis.

Figure 5. Angle of coil direction.

Pro system. Figure 7 shows the energy distribution and center position estimation results obtained from this
measurement information in offline. In Fig. 7, the center position estimation results are indicated by star marks.
In (a), (b), and (c), the energy distribution and the center position estimation results for each axis are shown,
and in (d), the energy distribution and the center position estimation results for the integrated three axes with
the proposed method are shown. Figure 8 shows the mean values and standard deviations of the estimation
errors for the five measurements.

The overall estimation error was smaller when white noise was used than when ping-pong sound was used.
For both sources, the estimation error and scatter were minimized under the ideal situation of 0◦, where the
coil is oriented in the same direction. When the 30◦, 60◦, and z axes were measured, which is not an ideal
situation, the error of the proposed method was the smallest when white noise was used. On the other hand, the
error of the proposed method was the smallest when 60◦ was used for the ping-pong sound, and the error of
30◦ and the proposed method were about the same. This may be due to the fact that the ping-pong sound is a
non-stationary source and the directional characteristics of the magnetic field were affected. When a stationary
sound source such as white noise is used, it is possible to estimate the position with high accuracy regardless
of the directional relationship between the coils. In practice, it is difficult to measure in an ideal directional
relationship because the direction of the transmitting antenna is unknown, so the proposed method is suitable
for use in the field.

Figure 6. Actual measurement result on the iPad Pro system.



Figure 7. Actual measurement result in offline (a) 0◦ (x-axis) (b) 90◦ (y-axis) (c) z-axis (d) proposed method.
The results of center position estimation are represented by star marks.

Figure 8. Average of estimation error (a) White noise (b) Ping-pong sound.



4 CONCLUSIONS
In this paper, we introduced a 3-axis coil array input into the system to visualize acoustic signal-driven magnetic
field for estimating the location of maintenance work on gas pipes. We also proposed multi-channel processing
using the 3-axis information, which was also introduced into the system. This system was developed using
ESP32, which is a microcomputer with built-in Wi-Fi and Bluetooth, to achieve multi-channel and wireless
operation at the same time. We confirmed that multi-channel processing using 3-axis information improves the
estimation accuracy of the magnetic field source position regardless of the directional relationship between the
transmitting antenna and the receiving coils when using a stationary sound source such as white noise. In the
future, we intend to study the relationship between the directional characteristics of the sound source and the
magnetic field and to develop a system that can identify the location of the magnetic field source by array
processing.
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ABSTRACT 

The increasingly widespread use of MEMS microphones, particularly for wireless sensor networks and 

microphone arrays applications such as sound source localization and acoustic noise analysis, calls for a 

metrological characterization of this kind of sensors, in order to ensure the traceability and reliability of their 

acoustic measurements. In this paper, we describe an experimental setup for the pressure calibration of 

MEMS microphones by the comparison method, which allows determining the pressure sensitivity levels of 

analog MEMS microphones mounted on 12.5 mm diameter PCB evaluation boards, in the frequency range 

from 125 Hz to 12.5 kHz. The first results of the calibration of an analog MEMS microphone are presented 

and discussed, and the evaluation of the uncertainty associated with the measurements of pressure sensitivity 

levels is reported. 

 

Keywords: MEMS microphones, calibration, comparison method 

1. INTRODUCTION 

MEMS microphones are increasingly exploited in many acoustic applications basically due to their 

small size, low power consumption, and reduced production cost. Besides their integration in portable 

devices, like smartphones, laptops, tablets, etc., MEMS microphones show a great potential for the 

realization of low-cost wireless sensor networks for environmental noise monitoring and mapping, 

acoustic noise analysis, and sound source localization. 

In order to ensure the realiability and the accuracy of their acoustic measurement s, metrological 

traceability is needed, meaning that proper calibration methods should be identified according with 

the specific uncertainty requirements. This evalutation has to be done with a particular care to different 

sources of error that the particular type of technology exploited for MEMS microphones could 

introduce in a traditional acoustic calibration system. Furthermore, these sensors have different 

constraints comparing to condenser microphones, that requires ad hoc configurations and new 

procedures to characterize them properly. 

2. PRESSURE CALIBRATION OF MEMS MICROPHONES  

The determination of the sensitivity of MEMS microphones in pressure field conditions is usually 

of more practical interest compared to their free field response, due to the small package size (in the 

order of the millimeter), and the frequency range of operation, typically from 100 Hz to 10 kHz. In 

fact, the small differences between pressure and free field responses that are expected for MEMS 

microphones in their nominal frequency range, and the target uncertainties of typical applications, do 

not justify their calibration in free field conditions, which is much more time-consuming than pressure 

calibration and requires the use of anechoic or hemi-anechoic chambers (1). Nevertheless, MEMS 

microphones are mounted on different devices in a variety of configurations, which typically consist 

of acoustic cavities and sound wave guides, realized by different components, like plastic covers, 

gaskets, and PCB supports, so that their frequency response may be significantly affected (2). Thus, 

manufacturers usually provide MEMS microphones mounted on PCB evaluation boards to allow and 

facilitate performance testing in ordinary installation conditions. 
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In this Section, we describe the experimental setup and the measurement procedure for the pressure 

calibration of analog MEMS microphones mounted on 12.5 mm diameter PCB boards, by the 

comparison method in the frequency range from 125 Hz to 12.5 kHz. The evaluation of the sound 

field corrections for calibration between microphones of different sizes is discussed.                                     

2.1 Experimental setup and measurement procedure 

The pressure calibration of MEMS microphones mounted on 12.5 mm diameter PCB boards has 

been performed by comparison against a reference LS2aP condenser microphone, using the Brüel & 

Kjær WA0817 active coupler (Figure 1), which provides the simultaneous acoustic excitation of the 

two microphones under comparison. 

 

 

Figure 1 – Brüel & Kjær WA0817 active coupler 

 

The MEMS microphone considered in this work is a STMicroelectronics differential analog 

bottom-port MEMS microphone, model ST MP23AB01DH, mounted on a 12.5 mm diameter 

STMicroelectronics PCB board support, model STEVAL-MKI139V5. The PCB board is 1 mm in 

thickness and has a central hole of about 0.4 mm diameter on the front -side, for exposing the bottom-

port MEMS microphone fixed on the back-side of the PCB to the sound field. To allow inserting this 

type of MEMS microphone into the active coupler, face-to-face with the reference microphone with 

parallel front surfaces separated by less than a tenth of the wavelength at the highest frequency of 

interest, the special mount shown in Figure 2 has been realized.  

 

  

Figure 2 – Mount for MEMS microphones on 12.5 mm diameter PCB boards 

 

It consists of a 115 mm hollow steel rod (12.5 mm external diameter) terminated on one side with 

two fins for fitting the 12.5 mm diameter PCB board and housing the cables. The steel rod with the 

PCB fitted and connected to cables is plugged by an aluminium cap (13.3 mm external diameter) with 

a front hole of 8.5 mm diameter and 0.5 mm thickness. A rubber ring gasket of 1 mm thickness and 



 

 

8.5 mm internal diameter is interposed between the PCB front surface and the cap to ensure proper 

sealing and prevent air leakages. The cap is fitted with interference to the steel rod, and a cable 

grommet is used for sealing the cable outlet section. The particular design of the mount facilitates the 

assembly and replacement of the 12.5 mm diameter PCB board, and does not modify the frequency 

response of the MEMS microphone. Its relevant parts and the assembly scheme are shown in Figure 

3. 

 

 

Figure 3 – Assembly scheme of the MEMS microphone mount 

 

A custom-made preamplifier has been realized to provide a stable DC power supply to the MEMS 

microphone, and to amplify and filter its output signal.  The metrological characterization of the 

preamplifier has been carried out by measuring its amplification gains (0 dB, 20 dB, and 40 dB) by 

an SI-traceable digital multimeter in the frequency range of interest, at different amplitudes of the AC 

voltage input provided by a signal generator. Self-generated electrical noise has been measured by 

short-circuiting the preamplifier input by an equivalent MEMS microphone load, and settled around 

27.3 dB. The expanded uncertainty associated with amplification gains has been evaluated considering 

repeatability and linearity contributions, and resulted lower than 0.05 dB. 

The measurement chain of the reference microphone consists of a Brüel & Kjær LS2aP condenser 

microphone, model 4180, and a Brüel & Kjær 2669 preamplifier, connected to the Brüel & Kjær 

2690A Nexus microphone conditioner. The pressure sensitivity of the LS2aP reference microphone is 

determined by the primary reciprocity method, whereas the gains of preamplifier and microphone 

conditioner are determined by measuring the amplitudes of the AC voltage input provided by a signal 

generator and the corresponding AC voltage output, by an SI-traceable digital multimeter in the 

frequency range of interest. 

The output signals from the measurement chain of the reference microphone, and from the 

measurement chain of the MEMS microphone (output of the custom-made preamplifier) are acquired 

and measured by a National Instrument 2-channels 16-bit DAQ system, model NI PCI 4451, used as 

FFT analyzer and calibrated against an SI-traceable digital multimeter.          

Assuming a uniform pressure field inside the active coupler during comparison calibration, the 

ratio between the sensitivities of reference and MEMS microphones is proportional to the geometric 

mean of the ratios between the output voltages of the two microphone measurement chains, which are 

obtained by switching their channel connections on the DAQ system. In this way, the contribution of 

the different gains of the two channels of the DAQ system is cancelled out. Furthermore, by rotating 

the reference microphone around its axis and repeating the comparison calibration, it is possible to 

evaluate the uncertainty contributions due to the effect of possible non-uniform sound fields in the 

active coupler on the reference microphone diaphragm. Assuming a uniform pressure field inside the 

active coupler, the measurement model for the determination of the pressure sensitivity level of the 

MEMS microphone at reference ambient conditions (101.325 kPa, 23 °C, 50 %RH), 𝑆𝑀, expressed in 

dB (relative to 1 V Pa-1), can be written as: 

𝑆𝑀 = 𝑆𝐿𝑆2 − [𝑟1−2 + 𝑟2−1 + 𝛼] 2⁄ + 𝐺2669 + 𝐺𝑁𝑒𝑥𝑢𝑠 − 𝐺𝑀 (1) 

where 𝑆𝐿𝑆2 is the pressure sensitivity level of the reference LS2aP microphone at reference ambient 

conditions, expressed in dB (relative to 1 V Pa-1), 𝑟1−2 and 𝑟2−1 are 20-times the logarithmic voltage 

ratios measured by the 2-channels DAQ system used as FFT analyzer, obtained by switching the 



 

 

channel connection of microphones measurement chains, 𝛼 is the correction in dB accounting for the 

differences between pressure, temperature, and humidity coefficients of microphones, whereas 𝐺2669, 

𝐺𝑁𝑒𝑥𝑢𝑠, and 𝐺𝑀 are the dB gains of the Brüel & Kjær 2669 preamplifier, the Brüel & Kjær 2690A 

Nexus microphone conditioner, and the custom-made MEMS preamplifier, respectively.            

Because of the different sizes of reference and MEMS microphones diaphragms, special care must 

be addressed to the evaluation of sound field corrections due to non-uniform acoustic pressure 

distribution in the active coupler. This point is detailed in the following Section.                     

2.2 Sound field correction 

In pressure calibration by comparison between microphones of different diameters, sound field 

corrections due to non-uniform sound fields play an important role, especially at frequency higher 

than 4 kHz. Depending on microphones configuration and the extent of non-uniformity, the difference 

between the mean acoustic pressures actually sensed by microphones can be such that sensitivity 

corrections of more than 1 dB are required. For instance,  for the pressure calibration of a WS3 

microphone (4.13 mm diaphragm diameter) against a reference LS2 microphone (9.3 mm diaphragm 

diameter) by the comparison method, sensitivity corrections from about -0.2 dB to -1.4 dB are 

expected in the frequency range from 8 kHz to 20 kHz (3, 4). The reason for such corrections is that 

in case of non-uniformity, the more different the diameters of microphones’ diaphragms, the higher 

the difference between the mean acoustic pressures actually sensed by the microphones , which 

correspond to the mean acoustic pressures integrated over the microphones’ diaphragms according to 

the radial distribution of their sensitivities. 

Concerning the comparison calibration of the MEMS microphone by the experimental setup 

described in Section 2.1, the effect of non-uniform sound fields is expected to be significant and 

should be carefully analyzed. To this aim, since an experimental approach is unpractical and difficult 

to be effectively carried out, we used the Finite Element Method (FEM) to solve numerically the 

Helmholtz equation, obtaining the expected acoustic pressure distribution that occurs between 

microphones’ diaphragms within the Brüel & Kjær WA0817 active coupler, during comparison 

calibrations. Preliminarily, the numerical model, implemented and solved by the FreeFem++ software 

(5), has been validated against the results published by Barham et al (3), for the comparison calibration 

of WS3 against LS2 reference microphones, for which the corrections for acoustic pressure 

distribution between microphones’ diaphragms were calculated analytically. Deviations lower than 

0.03 dB with respect to the analytical corrections have been obtained. Once the computational domain 

and boundary conditions are properly defined, the FEM modelling of the acoustic field in the active 

coupler allows evaluating the mean acoustic pressures �̃�𝐿𝑆2 and �̃�𝑀 acting on the LS2aP and MEMS 

microphones’ diaphragms, respectively, from which the sound field correction 𝛿 that should be added 

to the measured sensitivity level given by equation (1), can be calculated as:      

𝛿 = 20 log10(�̃�𝐿𝑆2 �̃�𝑀⁄ ) (2) 

where the mean acoustic pressure �̃�𝐿𝑆2 is weight-averaged over the LS2aP microphone diaphragm, 

according to the typical radial distribution of pressure sensitivity, as given by (3), whereas �̃�𝑀 is 

uniformly averaged over the MEMS microphone diaphragm. 

The values of the numerical estimates of sound field corrections mainly depend on the assumptions 

made for the definition of the computational domain, sound source, and boundary conditions. In 

particular, the acoustic field in the active coupler has been simulated assuming a 2D cylindrical 

axisymmetric domain, i.e. a radially symmetric sound source realized by the active coupler, and a 

coaxial alignment between the central hole of the PCB board of the MEMS microphone, the coupler 

cavity and the reference microphone. Concerning boundary conditions, the LS2aP reference 

microphone diaphragm has been described as a finite impedance boundary, where the acoustic 

impedance has been calculated from the values of characteristic parameters of Brüel & Kjær 4180 

condenser microphones, whereas for the MEMS microphone, the diaphragm has been assumed as an 

infinite acoustic impedance (sound hard boundary). Furthermore, the acoustic cavity of the bottom-

port MEMS microphone has been simulated considering the geometrical configuration described in 

(2), and the distance between the MEMS diaphragm and the PCB front surface has been measured by 

an optical microscope. The computational domain, and an example of the acoustic pressure 

distribution obtained by the FEM model are shown in Figure 4.    

 



 

 

 
 

Figure 4 – FEM modelling of acoustic pressure distribution in the active coupler 

 

It is important to observe that the assumptions of axisymmetric domain and circularly symmetric 

sound source made for the FEM model do not usually fit the real case, where asymmetric  sound fields 

can take place. To evaluate experimentally such asymmetry contributions, the MEMS microphone can 

be calibrated by comparison against both an LS2 and a WS3 reference microphone, the latter being 

calibrated in turn against the LS2 microphone. The ratio between the MEMS microphone sensitivities 

obtained by the two reference microphones is a function of the sound field corrections only, and can 

be compared against the numerical model. Differences between numerical and experimental results 

can be associated with asymmetry contributions. In Table 1, the estimates of sound field corrections 

𝛿 are reported for the frequency range from 125 Hz to 12.5 kHz. 

 

Table 1 – Sound field corrections 

Frequency, Hz δ, dB 

125 0.00 

250 0.00 

500 0.00 

1000 0.02 

2000 0.03 

4000 -0.03 

8000 -0.18 

10000 -0.32 

12500 -0.56 

 

The uncertainty associated with sound field corrections can be evaluated by the numerical model 

itself, changing the model’s inputs based on their typical uncertainties and variability, and evaluating 

the corresponding variation of corrections. Such an uncertainty evaluation is out of the scope of the 

present work; here, we prudently consider an expanded uncertainty (95% coverage probability) equal 

to the correction value, assuming a uniform probability distribution. This uncertainty takes also into 

account the contribution due to the different acoustic impedances of microphones’ diaphragms, as 

they affect the acoustic pressure distribution in the coupler.    



 

 

3. RESULTS 

The frequency response of the MEMS microphone has been evaluated in pressure field conditions 

using the experimental setup and the measurement procedure described in Section 2.1, and applying 

the sound field corrections discussed in Section 2.2. The pressure sensitivity level of the MEMS 

microphone has been measured in the range from 125 Hz to 12.5 kHz, performing several repetitions 

of comparison calibration at different ambient conditions, i.e. air temperature within 25±2 °C, static 

pressure within 99±2 kPa, and relative humidity within 45±15 %, and at different rotation angles of 

the reference LS2aP microphone around its axis. The frequency response of the MEMS microphone 

is shown in Figure 5, where the mean values of pressure sensitivity levels are normalized to the one 

obtained at 1 kHz. The response is almost flat up to 4 kHz, where the normalized sensitivity level is 

within ±0.4 dB, whereas for frequencies above 4 kHz, the sensitivity increases due to the Helmholtz 

resonance in the acoustic cavity of the MEMS microphone.  

 

 

Figure 5 – Measured frequency response of the MEMS microphone, from 125 Hz to 12.5 kHz, normalized 

to the pressure sensitivity level at 1 kHz 

 

In Figure 6, the batch of measured sensitivity levels of the MEMS microphone is plotted as deviations 

from the mean value of the sensitivity level, at each frequency in the range of interest. Measured 

sensitivity levels settle within ±0.08 dB.       

  

 

Figure 6 – Batch of measurement data, plotted as deviations in dB from the mean value of the sensitivity 

level of the MEMS microphone 

 

The uncertainty associated with the measured sensitivity levels has been evaluated for each 



 

 

frequency in the range of interest. The main uncertainty contributions are related to i) the microphones 

measurement chains, which also comprehend the uncertainties associated to preamplifiers’ gains, ii) 

the repeatability of measurements, iii) the above-mentioned uncertainty of sound field corrections, 

and iv) the uncertainty associated with the DAQ system. In Table 2, the overall expanded uncertainty 

(95% coverage probability) of the measured pressure sensitivity level of the MEMS microphone, is 

reported for the frequency range of interest.      

 

Table 2 – Uncertainty of the MEMS microphone sensitivity level 

Frequency, Hz 
Expanded uncertainty 

U, dB 

≤ 4000 0.15 

8000 0.25 

10000 0.40 

12500 0.67 

 

The increase of the uncertainty values at frequencies higher than 4 kHz, is mainly due to the 

contribution related to the sound field corrections.  

4. CONCLUSIONS 

The procedure presented in this work can be a good starting point for the definition of a standard 

method for MEMS microphone evaluation and characterization, thanks to an efficient and simple 

experimental setup that improves repeatability of measurements and a particular focus on physical 

phenomena that can be significant in the results evaluation. Nevertheless , this method can be refined 

to get a better uncertainty for the microphone sensitivity level, analyzing more carefully the effect of 

non-uniform acoustic pressure distribution between microphones of different sizes to get accurate 

corrections. To accomplish this, it is foundamental to continue comprehensive physical analysis 

together with new experimental tests in different calibration setups and measurement systems. 

However, the MEMS microphones tested for the purpose of this work showed very promising 

behaviour and characteristics, e.g. in stability and repeatability, that can be potentially extended to a 

wider frequency range with a proper evaluation of sound field corrections. This provides new appeal 

to the MEMS microphones, that are confirming the promising expectations that put them under the 

spotlight of acoustic metrological research.    

REFERENCES 

1. Prato A, Montali N, Guglielmone C, Schiavi A. Pressure calibration of a digital microelectromechanical 

system microphone by comparison, J Acoust Soc Am. 2018;144(4):EL297-EL303. 

2. STMicroelectronics (2016). “AN4427 Application note. Gasket design for optimal acoustic performance 

in MEMS microphones”. 

3. Barham R, Barrera-Figueroa S, Avison JEM. Secondary pressure calibration of measurement 

microphones, Metrologia 2014;51:129-138. 

4. IEC 61094-5 (2016). Measurement Microphones - Part 5: Methods for Pressure Calibration of Working 

Standard Microphones by Comparison (IEC, Switzerland). 

5. Hecht F. New development in FreeFem++. J Numer Math. 2012;20(3-4):251-265. 

 



 

PROCEEDINGS of the  

24th International Congress on Acoustics  

 

October 24 to 28, 2022 in Gyeongju, Korea 

 

 

A fast measurement system using time-sharing method 
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ABSTRACT 

National Research Council Canada (NRC) calibration facilities include an anechoic chamber with a low 

frequency cut-off at approximately 100 Hz, offering a relatively large measurement space (5.8 m, 3.7 m, 3.4 

m) for indoor free-field measurements. The chamber is ideal for the accurate characterization of products 

generating or receiving sound and it is widely used by Canadian loudspeaker manufacturers. Precision 

measurement services are available at the NRC that provide a direct link between a client's product and 

national measurement standards. To provide such a service for free-field measurements in the chamber, a 

measurement system was developed at the NRC. The system was implemented based on the IEC 60268-5, 

using sinusoidal test signals. While the method is metrologically open, facilitating the evaluation of 

measurement uncertainties, the system is not preferred by users due to its long measurement duration. 

Therefore an improved measurement system has been developed so that measurements covering the audio 

frequency band at a resolution of 1/48 octave can be completed within 12 minutes down from seven hours. 

In this paper, the design and implementation of the system are described. The system uses a time-sharing 

method, similar to frequency-sharing, while preserving the ease for measurement uncertainty evaluation. 

 

Keywords: Anechoic chamber, Frequency response measurement, Time-sharing 

1. INTRODUCTION 

National Research Council Canada (NRC) calibration facilities include an anechoic chamber with 

a low frequency cut-off at about 100 Hz, a relatively large measurement space (5.8 m x 3.7 m x 3.4 

m) for indoor free-field measurements. The chamber is ideal for accurate characterization of products 

generating or receiving sound. It is widely used by Canadian loudspeaker manufacturers. Precision 

measurement services are available at the NRC that provide a direct link between a client's product 

and national measurement standards. To provide such a service for free-field measurements in the 

chamber, a measurement system was developed at the NRC. The system was implemented based on 

the international standard, IEC 60268-5 Sound system equipment - Part 5: Loudspeakers (1), using 

sinusoidal test signals. While easy for evaluation of measurement uncertainty, the system is not 

preferred by users due to its long measurement durations. It is very time-consuming as a minimum of 

ten seconds is needed for each frequency. Frequency-sharing method can be used to speed up the 

measurements using broadband noise signals. However, such a method suffers from spectral leakage. 

The effect of the leakage depends on the adjacent frequency components that are unknown or to be 

determined. An improved measurement system has been developed so that measurements covering 

audio frequency band can be complete within a few seconds to a few minutes depending on frequency 

resolution. The system uses a time-sharing method, similar to frequency-sharing where sinusoidal test 

signals are packed together to form a broadband time signal instead of broadband noise signal 

(frequency packed). The method preserves the ease for measurement uncertainty evaluation from the 

early system as the analysis is performed one frequency at a time. In this paper, the design and 

implementation of the system are described. The measurement uncertainty of the system is analyzed. 

In general, the time-sharing method can be applied to any time-consuming measurement system using 

sinusoidal test signals. 
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2. SYSTEM DESIGN 

2.1 Measuring System 

The most common way to measure a system's response is to drive the system under test with a 

sinusoidal signal at a desired frequency while monitoring the system output. By comparing the 

amplitude and phase of the output to those of the input, the amplitude and phase of the system response 

can be found. A complete system frequency response can be obtained by stepping the frequency up 

(or down) and repeating the measurement until the desired frequency band is covered. Such a 

measuring system is shown in Figure 1a. A modified system is proposed by introducing a 90o phase 

shifter and a fixed gain amplifier at the output as shown in Figure 1b. The purpose of the phase shifting 

and amplifying is to address circumstances where measurement results become unreliable due to large 

measurement uncertainties. The signal analyzer can be either analog or digital. An analog analyzer 

may consist of a signal generator, a phase meter and voltmeter(s). A digital analyzer can be a data 

acquisition system with analog output capabilities.  The digital analyzer is the focus of this paper as a 

fast measurement system can only be implemented with digital techniques.  

System 
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Digital

Signal 

Analyzer

90o

Phase 

Shifter

(a)

Digital

Signal 

Analyzer

System 

Under 

Test

(b)

Fixed
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Figure 1 – Measuring frequency response 

2.2 Input Signal – Broadband Time Signal 

The proposed measuring system uses a time-sharing method, similar to frequency-sharing where 

sinusoidal test signals are packed together to form a broadband time signal instead of broadband noise 

signal for frequency-sharing. Design of a broadband time signal is a key to the implementation of the 

system. Such a signal should be able to unpack easily so that at a certain time interval the input and 

output signals contain a single frequency sinusoid. 

2.2.1 Sinusoidal Sweep 
A sweep sinusoidal signal 𝑠(𝑡) can be used whose frequency changes over time continuously from 

a minimum frequency to a maximum as given in the equation below: 

𝑠(𝑡) = 𝐴 sin(2𝜋𝑓0(𝑡)𝑡) (1) 

where A is the amplitude, t is the time, and f0(t) is the time-varying frequency. The frequency varying 

can be linear, where the frequency increases at a fixed rate of frequency per time (Hz/s); or exponential 

(log), where the frequency increases at a fixed rate of octave change per time (Octave/s). The sweep 

sinusoidal is useful to test a device over a wide frequency range to determine if any resonances occur.  

However, it is not possible to determine the frequency response of the system under test in the time 

domain, especially, for the phase. 

2.2.2 Sinusoidal Package 
The sweep sinusoidal signal can be modified to overcome the data processing difficulties in the 

time domain by introducing a step function 𝑎𝑖(𝑡) in f0(t). That is, 

𝑓(𝑡) =∑𝑓𝑖  𝑎𝑖(𝑡)

𝑛

𝑖=1

 (2) 



 

 

where 𝑓𝑖 is the ith frequency and 𝑎𝑖(𝑡) is the ith step function defined below with 𝑇𝑖 as the ith time 

interval 

𝑎𝑖(𝑡) = {
1, if 𝑡 ∈  𝑇𝑖  

   0, otherwise.  
 (3) 

This modified signal can be considered as a package of sinusoids where an individual sinusoidal of 

fixed frequency occupies a specific time interval. The signals are unpackaged during the data 

processing so that the signal is processed one frequency at a time. Both broadband time signals are 

plotted in Figure 2 as an illustration for one octave frequency band from 20 Hz to 40 Hz. The sine 

wave is swept logarithmically from 20 Hz to 40 Hz and the packed sine contains four sinusoids in 1/3 

octave frequency steps from 20 Hz to 40 Hz with the red ‘+’ sign indicating the time instance when 

the frequency switching in sinusoid occurs.  

 

Figure 2 – Broadband time domain signals 

While the broadband time signal is mathematically appropriate, it comes with other issues, such as 

the effect of transients. The transient, a short period of poorly predictable signal behavior occurs upon 

change from one steady state to another, happens in this case at the beginning of the signal and at the 

switching between frequencies. This issue will be discussed at a later time.  

2.2.3 Time Interval 
The duration of the time interval 𝑇𝑖  defined in Eq. (3) can be equal for each frequency, or varying 

but keeping equal number of cycles for each frequency, or something in between depending on the 

measurement uncertainty expectation at different frequencies. The major factors influenci ng the time 

interval selection are measurement uncertainty expectation and transient response. It is obvious that 

a longer time interval results in a better measurement uncertainty but it may lose the benefit of the 

time-sharing and lead to a slower measurement system. The symbol  𝑇𝑖 denotes either the ith time 

interval or its duration. 

2.3 Signal Unpacking 

Both the input and output signals of the system need to be unpacked for further processing. After 

unpacking, a signal waveform segment contains only one frequency. 

2.3.1 Unpacking 
The signal defined in Eq. (2) can be unpacked in time domain based on the predefined time 

interval 𝑇𝑖  . The time interval is selected such that  𝑇𝑖 = 𝑘 𝑓𝑖⁄ , where k is an integer. This is to ensure 

that the frequency switching within the input signal occurs at t such that 𝑓(𝑡) = 0. Furthermore, the 

sampling frequency Fs of the digitizer is set to  𝐹𝑠 = 𝑙𝑓𝑖, where l is an integer. This is to further ensure 

that the frequency switching within the input s ignal occurs at 𝑡𝑖 such that 𝑓(𝑡𝑖) = 0, where 𝑓(𝑡𝑖) is 

the digitized version of 𝑓(𝑡). These arrangements ease the data processing, especially, the monitoring 

of the system transient response and removing the offset.  



 

 

2.3.2 Transient Response 
A transient response is the response of a system to a change from a steady state. The transient 

response occurs in the output signal when the input signal changes either from ‘off’ to ‘on’ or from 

one frequency to another. For a stable system, the transient response decays to zero (or below 

measurement resolution) after a certain time. This factor is used in traditional measurement systems 

by waiting long enough after any switching, resulting in slow measurement systems. For the simplest 

case (signal from ‘off’ to ‘on’), a step response can be expressed as the system output to a specific 

input, such as the one defined as 𝑢(𝑡) sin(𝜔0𝑡), where 𝑢(𝑡) is the step function. The output of the 

system 𝐻(𝜔) for such an input can be expressed as 

𝐹−1 {[
𝜋

2𝑗
[𝛿(𝜔 − 𝜔0) − 𝛿(𝜔 + 𝜔0)] +

𝜔0

𝜔0
2 − 𝜔2

]𝐻(𝜔)} (4) 

where operator 𝐹−1 denotes the inverse Fourier transform (2). Solving the equation above for the 

transient responses in the time domain is not possible as the system response 𝐻(𝜔) is unknown or to 

be determined. Instead, a more practical approach is proposed. This approach finds the time constant 

of the system first and then discards the pre-settling samples to remove the effect of transients. As an 

illustration, a step sinusoidal of 250 Hz was used as an input of a RC circuit (R = 1 kΩ, C = 1µF). The 

output of the RC circuit together with the input and the settling time of the RC circuit are plotted in 

Figure 3. The vertical dashed lines indicate the settling time for the RC circuit (five times that of the 

RC time constant). Waveform distortions were observed, especially at the first cycle. The effect of the 

transient at the switching point between frequencies is much less. If the sinusoidal signals were 

switched in 1/3 octave frequency steps, the distortion is almost unnoticeable. A more sophisticated 

algorithm is then developed to test the distortion.  

 

Figure 3 – Transient effect of a system (RC circuit) under test 

The unknown system response 𝐻(𝜔) can be modeled as a finite impulse response (FIR) system 

whose impulse response (or response to any finite length input) is of finite duration. Furthermore, the 

FIR system’s output is the sum of the current and past inputs with proper scaling coefficients. The 

zero-crossing wave period, defined as the time interval between two adjacent zeros in a waveform, is 

the most sensitive parameter to detect the distortion due to frequency switching. A simple FIR system 

is used to illustrate how a zero in a waveform is moved due to a frequency switching. The FIR system 

is a moving averaging filter over five current and past samples. When  the frequency switching occurs 

the original zero will be shifted, as the sum of five samples is no longer zero. As an example shown 

in Figure 4 of switching to a lower frequency, the shift shown as ‘purple dot’ to ‘red + sign’ in results 

in a new zero-crossing wave period. However, this period is not the period of the new frequency 

switched signal yet as it contains contributions from the old past samples of different frequency. But 

it can be used to monitor the decay of the transient response due to frequency switching until it is 

close to the period of the new frequency. 

https://en.wikipedia.org/wiki/Impulse_response
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Figure 4 – Illustration of how zero-crossing is affected frequency switching in input 

Figure 5 shows the transient effect of the output signal when the input signal was switched ‘on’ 

first and then was frequency switched from 250 Hz to 500 Hz with measured zero-crossing wave 

periods for the output signal. The waveform distortion can be seen in the output signal but how long 

it lasts cannot be determined. With the proposed zero-crossing method, the measured zero-crossing 

wave periods are used to monitor the decay of the transient response. It is interesting to see that the 

zero-crossing method yields the same results as those obtained using the step response (or settling 

time) shown in Figure 3 when the input signal was switched ‘on’ . Thus, monitoring the zero-crossing 

wave periods can ensure the removal of signal samples affected by the transient effect.  

 

Figure 5 – Transient effect for frequency switching from 250 Hz to 500 Hz with measured zero-crossing 

wave periods for the output signal (bottom) 

3. SYSTEM IMPLEMENTATION 

3.1 Preprocessing 

At this stage, the digitized input and output of the system are processed in order to prepare the data 

for further analysis. The digital samples are unpacked first based on the time interval  𝑇𝑖  . A step signal 

is then used to determine the time constant of the system. This information leads to a settling time 

that is used to remove the samples affected by the transient response when the input signal changes 

from ‘off’ to ‘on’. The zero-crossing wave periods of the output signal are monitored when the input 

signal changes from one frequency to another. Samples in a half cycle with a distorted zero-crossing 



 

 

wave period are discarded. The distorted zero-crossing wave period is defined as the period deviating 

from the period of the input signal by more than 0.1/Fs. The offset of the signal (input or output) is 

then removed by subtracting the average value of the signal from the signal itself. This method utilizes 

the fact that the average value of the sinusoidal component of the signal is zero over multiple periods 

of time and the average value of the offset is the same or a constant. 

3.2 Primary Processing 

Unpacked and transient-response-free data samples are processed at this stage one frequency at a 

time. Therefore, methods developed for single sinusoidal signal can be used directly. The aim of the 

work here is to use the method for which the measurement uncertainty can be assessed. In other words, 

a closed form expression for the estimation of the frequency response of the system is required so that 

the standard uncertainty of each measured sample will be propagated accordingly to the estimated 

frequency response of the system. 

3.2.1 Amplitude Response 
The magnitude of the frequency response is called the amplitude response, and it gives the system 

gain (or loss) at each frequency. The amplitude ratio, the ratio of the output to input amplitudes, gives 

the amplitude response of the system. The amplitude of the input or output can be estimated from the 

root mean square (RMS) value of a set of digitized input or output samples. While simple, it is far 

from perfect. Assume that 𝑓(𝑡) = 𝐴 sin(𝜔0𝑡) is equally sampled from 𝜔0𝑡1 = 0 to 𝜔0𝑡𝑛 = 2𝜋 with 

a total of n samples. The RMS value of f is 𝑓(𝑡1−𝑛)𝑅𝑀𝑆 = √(𝑓1
2 +⋯+ 𝑓𝑛

2) 𝑛⁄ . If the first and last zero 

samples are excluded in the RMS value calculation, the RMS value of f is 𝑓(𝑡2−(𝑛−1))𝑅𝑀𝑆
=

√(𝑓2
2 +⋯+ 𝑓𝑛−1

2 ) (𝑛 − 2)⁄ . This exclusion results in an overestimate as the sum of the sample squares 

for either case is the same. Figure 6 shows such a case for n = 17 with RMS value calculated over one 

sinusoidal period as an illustration. The overestimate is about 18%, 13% and 11% for n = 7, 8 and 10, 

respectively. A similar case can occur if 𝑓(𝑡) = 𝐴 sin(𝜔0𝑡) is equally sampled from 𝜔0𝑡1 = 𝜋 2⁄  to 

𝜔0𝑡𝑛 = 2𝜋+𝜋 2⁄ . By excluding the first and last peak samples, an underestimate of the RMS value 

can occur. Therefore, the total number of samples n should be large enough to offset the effect of 

overestimation or underestimation in RMS value estimation. The large n results in a slow measurement 

system. On the other hand, the approximation, 𝑓(𝑡1−𝑛)𝑅𝑀𝑆 ≈ 𝐴 √2⁄  has poor accuracy. This will be 

discussed in the next subsection. 

𝑡
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Figure 6 – Illustration of RMS value overestimate for n = 17 

3.2.2.1 Numerical Integration 
To utilize the sinusoid in and sinusoid out feature of the measurement system, the amplitude of the 

input or output can be calculated by integrating the squared signals over a signal period. That is, 
1

𝑇
∫ 𝑓2
𝑇

0
(𝑡)𝑑𝑡 =

1

𝑇
∫ 𝐴2 sin2
𝑇

0
(𝜔0𝑡)𝑑𝑡 = 𝐴

2 2⁄ = 𝐴𝑅𝑀𝑆
2  . This equation is implemented by numerical 

integration. That is, an approximate solution to the definite integral 
1

𝑇
∫ 𝑓2
𝑇

0
(𝑡)𝑑𝑡 is computed for a 

given accuracy. The most commonly used techniques for numerical integration are the midpoint rule, 

trapezoidal rule, and Simpson’s rule (3). The actual error between the definite integral and its 

approximation may not be known for most cases. But the error bound can be found theoretically [10]. 

For the sinusoidal signal, the actual error er can be calculated by  



 

 

𝑒𝑟 = ||𝐴𝑅𝑀𝑆 −√
1

𝑛
[∑𝑎𝑖𝑓2(𝑡𝑖)

𝑛

𝑖=0

]|| (5) 

where 𝑎𝑖  is the ith coefficient with its value depending on numerical integration rules. An initial phase 

is introduced in the sinusoid varying from 0º to 180º in 0.02º step. Table 1 lists the maximum relative 

error for different numbers of subintervals using different rules. With 𝑛 ≥ 6 , the uncertainty 

contribution due to numerical integration is not significant to the overall measurement uncertainty.  

Thus, one can select a high resolution (24-bit) but not high speed (200 kHz) signal analyzer to 

implement the system. For such an analyzer, the numbers of subintervals 𝑛 equals 10 at the highest 

frequency of 20 kHz. Note that the midpoint rule needs to know the midpoints of the subintervals. 

Thus, it requires a doubled sampling rate compared with other rules. It becomes not practical at high 

frequencies. If sampling frequency of the digitizer cannot be set to  𝐹𝑠 = 𝑙𝑓𝑖 for practical reasons, then 

additional error may occur in the numerical integration as the integration is not calculated over one 

or multi-periods, similar to the situation illustrated in Figure 6. In this case, longer measurement time 

(more signal periods) is needed to offset this effect.  

Table 1 – Actual relative error for different numbers of subintervals using different rules 

Number of 

subintervals n 

Midpoint rule 

(× 10−15) 

Trapezoidal rule 

(× 10−15) 

Simpson’s rule 

(× 10−15) 

RMS method 

(× 10−2) 

6 0.3331 0.3331 0.3331 7.4180 

10 0.3331 0.2220 0.2220 5.7191 

14 0.3331 0.3331 0.3331 4.6537 

18 0.2220 0.3331 0.2220 3.9231 

20 0.3331 0.3331 0.3331 3.3908 

 

3.2.2.2 Uncertainty 

From Equation (5), the estimate of the RMS amplitude �̂� can be expressed as 

�̂� = √
1

𝑛
√∑𝑎𝑖𝑓2(𝑡𝑖)

𝑛

𝑖=0

= √
1

𝑛
√∑𝑎𝑖𝑥𝑖

2

𝑛

𝑖=0

 (6) 

where xi is the digitized sample of the sinusoidal signal. Neglecting correlations or assuming 

independent measurements of xi, this yields a formula below for the calculation of uncertainty 

propagation 

𝑢𝐴 = √∑(
𝜕�̂�

𝜕𝑥𝑖
)

2

𝑢𝑥𝑖
2

𝑛

𝑖=0

 (7) 

where 𝑢𝐴 represents the standard uncertainty of the estimate �̂� , and 𝑢𝑥𝑖  represents the standard 

uncertainty of 𝑥𝑖 . Further, assume 𝑢𝑥𝑖 = 𝑢𝑥  for 𝑖 = 0,⋯ , 𝑛 , and use the trapezoidal rule for the 

numerical integration. Equation (7) becomes 

𝑢𝐴 = √
1

𝑛

1
2 𝑥0

2 +∑ 𝑥𝑗
2 +

1
2𝑥𝑛

2 −
1
4 𝑥0

2 −
1
4 𝑥𝑛

2𝑛−1
𝑗=1

1
2
 𝑥0
2 +∑ 𝑥𝑖

2 +
1
2
𝑥𝑛
2𝑛−1

𝑖=1

𝑢𝑥2 ≤ √
1

𝑛
𝑢𝑥 (8) 

as −
1

4
𝑥0
2 −

1

4
𝑥𝑛
2 ≤ 0.  It is interested to see that the contribution of 𝑢𝑥 to 𝑢𝐴 is reduced by 1 √𝑛⁄ . 

Note that Equation 8 is not applicable for �̂� → 0. In such a case, 𝑥𝑖
2 → 0, for 𝑖 = 0,⋯ , 𝑛. It leads to  

𝜕�̂�

𝜕𝑥𝑖
= lim
𝑥0→0
⋮

𝑥𝑛→0

√
1

𝑛

𝑥𝑖

√∑ 𝑥𝑗
2𝑛

𝑗=0

= lim
𝑥𝑖→0

√
1

𝑛

𝑥𝑖

√𝑥𝑖
2

= √
1

𝑛
 

(9) 



 

 

Equation 8 becomes 𝑢𝐴 = √
1

2
+𝑛−1+

1

2

𝑛
𝑢𝑥 = 𝑢𝑥. Thus, there is no uncertainty reduction in this case. The 

standard uncertainty 𝑢𝑥 can be estimated from the following uncertainty contributions.  

Quantization 
The quantization error is introduced by quantization in the analog-to-digital conversion (ADC) in 

the measurement system. It is a rounding error between the analog input voltage to the ADC and the 

output digitized value. The standard uncertainty of 𝑥𝑖 due to quantization is given by 

𝑢𝑞 =

𝑟
2𝑘−1⁄

√12
 (10) 

where r is the range and k is the bit resolution of the ADC. The estimated relative standard 
uncertainties for k = 16 and 24 are 18 ppm and 0.07 ppm, respectively, for –6 dBFS (full scale) 

input. 
Noise 

Noise is the classical limitation of electronics. Self-noise, or noise floor can be observed on a 

signal analyzer. Thus, the digitized signal xi contains a standard uncertainty un contributed from the 

self-noise of the analyzer. This standard uncertainty can be estimated from the RMS value of the self-

noise measured from the output of the analyzer with the proper input termination and sampling rate  

as the level of the noise floor depends on the selected bandwidth (a half of sampling rate) of the 

measurement. The typical standard uncertainty for a general suppose 24-bit dynamic signal analyzer 

is about 100 𝜇 𝑅𝑀𝑆  for 50 Ω input termination and 105.5 kSample/s (4). 
Calibration 

Calibration of ADCs can be performed by feeding a known reference voltage into two ADC 

channels and calculating the gain and offset through the output readings of the channels. The known 

reference voltage is monitored by a digital multimeter calibrated by comparing its reading directly to 

the NRC Josephson Array voltage standard with a standard uncertainty of 0.18 ppm. This contribution 

is not significant to alter the overall standard uncertainty dominated by the self-noise over 100 ppm. 

If the ADC is not calibrated then an interchange channel method is proposed here. The interchange 

channel method is based on the interchange reference method (5) and the interchange microphone 

method (6, 7) developed at the NRC for precision microphone calibrations. Let R be the ratio of two 

sinusoidal signals Vin and Vout which are the input and output of a linear device. The ratio R can be 

measured by connecting two amplifiers (channels of data acquisition system) with gains of G1 and G2 

and measuring their output voltages, V1 and V2, respectively. That is,  1 = 𝐺1 𝑖𝑛 and  2 = 𝐺2 𝑜𝑢𝑡. 
Interchanging the channels and measuring the output voltages again,  1

′ = 𝐺1 𝑜𝑢𝑡  and   2
′ = 𝐺2 𝑖𝑛 

are obtained. Eliminating the unknown gains, the ratio R can be expressed as 

 2 = (
 𝑜𝑢𝑡
 𝑖𝑛

)
2

=
 2
 1

 1
′

 2
′ (11) 

Numerical Calculation 

The amplitude �̂� is first calculated by summing 𝑥𝑖
2. Rounding error may occur because of the 

computing device's finite word size that is incapable of dealing with large integer numbers. Such 

numbers need to be rounded off to their nearest approximations that can be represented by the device's 

word size. This was investigated at the NRC for calculating sound pressure levels (8).The maximum 

integrating (summing) time without introducing any rounding error was obtained (in hours). For the 

current application, the summing time is less than a second, leading to no occurrence of rounding 

error. 

3.2.2 Phase Response 
The phase of the frequency response is called the phase response, and it gives the phase shift of 

the system at each frequency. The phase response can be determined by measuring the phase difference 

between the input and output signals. Various phase difference measurement methods have been 

studied and reported (9−12). Methods in time domain have simple principles and are therefore 

convenient to calculate. This leads to the ease for measurement uncertainty evaluation.  

3.2.2.1 Sum (or Difference) of Two Sinusoids 
Sum of two sinusoids with the same frequency is also a sinusoid with the same frequency. The 

amplitudes of these sinusoids can be used to estimate the phase difference between the two sinusoids 

(13). A similar method uses the subtraction between two sinusoidal signals that yields a third 

sinusoidal signal. These amplitudes are then used to estimate the phase difference (14).  

Let the input and output of an unknown system be 𝑎 sin (𝜔0𝑡 + 𝜃𝑎)  and 𝑏 sin (𝜔0𝑡 + 𝜃𝑏) , 



 

 

respectively. The sum of the input and output can be expressed as 𝑎 sin(𝜔0𝑡 + 𝜃𝑎) +
𝑏 sin(𝜔0𝑡 + 𝜃𝑏) = 𝑐 sin (𝜔0𝑡 + 𝜑), where c satisfies the following: 𝑐2 = 𝑎2 + 𝑏2 + 2𝑎𝑏 cos(𝜃𝑏 − 𝜃𝑎). 
The phase shift 𝜃𝑏 − 𝜃𝑎 can then be calculated from 

𝜗 = 𝜃𝑏 − 𝜃𝑎 = cos
−1 (

𝑐2 − 𝑎2 − 𝑏2

2𝑎𝑏
) (12) 

While the method is compact and elegant in mathematical terms, there are practical limitations that 

have not been addressed and reported in the literature. For this reason, a modified method has been 

developed at the NRC with additional add-ons to the system under test as shown Figure 1b. The 

discussion of the method, however, is beyond the scope of this paper. It will appear in another 

publication. 

3.2.2.2 Uncertainty 
Equation (12) shows that the phase difference can be estimated from the estimated amplitude 

values of the input, output and the sum of the input and output. With the proper uncertainty 

propagation, the standard uncertainty 𝑢𝜗  of the estimated phase difference is 

𝑢𝜗 = √(
𝜕𝜗

𝜕𝑎
)
2

𝑢𝑎
2 + (

𝜕𝜗

𝜕𝑏
)
2

𝑢𝑏
2 + (

𝜕𝜗

𝜕𝑐
)
2

𝑢𝑐
2  (13) 

where 𝑢𝑎 , 𝑢𝑏  and 𝑢𝑐   are the standard uncertainty of the estimated amplitudes of a, b and c, 

respectively. 

As discussed earlier, self-noise of the analyzer is the main uncertainty contribution. Thus, one can 

assume that 𝑢𝑎
2 = 𝑢𝑏

2 = 𝑢𝑛
2, and 𝑢𝑐

2 = 2𝑢𝑛
2, where 𝑢𝑛 is the standard uncertainty of each digitized 

sample. With n digitized samples used in the estimation of the amplitudes via numerical integrations, 

the standard uncertainty 𝑢𝑛 is further reduced by 1 √𝑛⁄ . At the highest signal frequency of 20 kHz, 

using an analyzer with a 200 kHz sampling frequency and a self-noise of 128 μV RMS, the n for 

measurement durations of 0.05 ms and 0.5 ms are 10 and 100, respectively. The standard uncertainties 

of the estimated phase difference 𝑢𝜗 for the RC circuit used for the study of the transient effect earlier 

are less than 0.009º and 0.003º for measurement durations of 0.05 ms and 0.5 ms, respectively. 

4. MEASUREMENT RESULTS 

4.1 Example 

The measurement system was used in the study of an ultra-low noise amplifier developed at the 

NRC for a transfer vibration standard (15). Ultra-low measurement uncertainty of the measurement 

system is expected as the gain stability which dominates the uncertainty of the amplifier is predicted 

to be better than 10 ppm. The input and output of the amplifier were digitized by the signal analyzer 

and then processed for sinusoidal amplitudes and phase difference. The overlapping Allan variance 

was used to study the estimated amplitudes as the estimate of phase difference depends on them. 

Figure 7 shows the overlapping Allan variance plot for the input and output of the amplifier at 40 Hz, 

an upper frequency limit of the transfer standard. The ratio of the output and input in the plot is the 

amplifier gain of interest. From the overlapping Allan variance plot, one can choose a measurement 

duration to achieve a desired Allan variance. For example, a measurement duration of three or two 

seconds can reach a relative Allan deviation of 3.9 ppm or 5.6 ppm, respectively. The numbers (3.9 

ppm and 5.6 ppm) include the uncertainty contributions from signal source stability, measurement 

system noise and amplifier gain stability. Thus, the measurement system noise is better than these 

numbers. The contribution of the amplifier gain stability can be separated from these numbers by 

measuring the signal source stability only, or excluding the amplifier in the measurement. If the signal 

source has a known stability of less than 1 ppm, then the measurement system noise will be  dominant 

if the deviation is a few ppm or better. The measurement system noise is estimated to be 1.6 ppm with 

additional signal processing techniques applied and reported in (15). The key to the success of the 

measurement system is to achieve a measurement uncertainty of a few ppm for the estima te of a 

sinusoidal amplitude as the estimate of phase difference of two sinusoids depends on the sinusoidal 

amplitudes estimated. This can be achieved by comparing the noise performance of different digital 

signal analyzers as reported in (15). With the excellent performance of the measurement system shown 

in this example, the measurement uncertainty of the phase difference can be guaranteed to be less than 

0.01º for sinusoidal signals with frequency up to 20 kHz. If the phase shifter is involved in some 



 

 

circumstances, then the uncertainty of the phase shift is another contribution. For stringent  

measurement requirements, working standard resistor and capacitor may be used to form a RC circuit 

for phase shifting.  

 

Figure 7 – Overlapping Allan Variance for an ultra-low noise amplifier gain measurements at 40 Hz 

4.2 Measurement Time 

As an example, the total measurement time including data processing for the RC circuit studied 

earlier is listed in Table 2 for ISO R series preferred frequency with different frequency resolutions. 

The predefined time interval 𝑇𝑖 is set to 0.2 second for all frequencies for easy data processing and 

for ensuring there are at least four cycles in the signal at the lowest frequency. An additional 0.1 

second is added for the time of data processing at each frequency. The measurement uncertainty is 

expected to be better than 10 ppm for magnitude and 0.01º for phase difference.  

The ISO R160 has the frequency resolution close to the commercial audio analyzers, for example, 

SRS SR1with 512 frequencies from 20 Hz to 20 kHz. These analyzers use frequency-sharing to 

achieve high frequency resolution. As discussed earlier, it is not possible to evaluate measurement 

uncertainty in these systems due to spectral leakage. The proposed time-sharing system can achieve 

the high frequency resolution as the frequency-sharing audio analyzer does, but it is about 14 times 

slower. However, it is still sufficient for the intended purposes as one can finish a test with five repeats 

within 12 minutes, down from the hours that would be required for a similarly metrologically open 

but non-frequency-sharing system.  

 

Table 2 – Measurement time for ISO R series preferred frequency with different frequency resolutions 

ISO R series Interval 
Number of 

frequencies 

Measurement time for 

10 ppm and 0.01º (sec) 

R10 1/3 Octave 31    10 

R20 1/6 Octave 61    19 

R40 1/12 Octave 121    37 

R80 1/24 Octave 241    73 

R160 1/48 Octave 481    145 

 



 

 

5. FUTURE WORK 

This measurement system will be used to test the acoustic sensitivity of an accelerometer with 

various accelerometer orientations in the NRC anechoic chamber for other laboratories who are 

developing new accelerometers (16). The accelerometers are expected to have ultra-low acoustic 

sensitivities due to the use of vacuum technology.  

6. CONCLUSIONS 

A fast measurement system for measuring frequency response of a system under test has been 

developed at the NRC. This work has contributed three advances to frequency response measurements:  

1) A new broadband time-domain signal proposed using time-sharing that is open metrologically 

and therefore eases measurement uncertainty evaluation; 

2) A new zero-crossing wave period method developed that is used to remove digital samples 

affected by the transient response of the system under test; 

3) Numerical integration used in the RMS value estimation instead of the average of the sum of 

squared samples that needs a large number of samples and increases the measurement time.  

These techniques result in the fast measurement system with measurement uncertainty for 

frequency response better than 10 ppm for magnitude and 0.01º for phase difference. 
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ABSTRACT
Visualization of sound field is helped to understand propagation of sound and is used for soundproof and acoustic
design.Previously, we proposed a visualization system of a three-dimensional sound intensity map for a steady
sound field using Mixed Reality and a handy microphone. However, because each sound intensity is measured
by moving a handy microphone, the measurement interval is irregular, and the visibility of the sound intensity
map becomes degraded. In this study, we improve the visualization system of 3D sound intensity map with
mixed reality by using spatial interpolation. The sound intensities are interpolated at equal intervals from the
sound intensities measured at irregular intervals. In evaluation experiments, we conduct the 3D sound field
visualization with spatial interpolation of three-dimensional sound intensities around a loudspeaker.

Keywords: Microphone array, Sound field visalization, Phase unwrapping, Linear tetrahedral interpolation

1 INTRODUCTION
Various sound field visualization methods have been proposed, such as beamforming [1] and acoustic holography
[2]. Recently, several data visualization using Mixed Reality (MR) and Augumented Reality (AR) have been
proposed [3, 4, 5]. Inoue and Kataoka et al. proposed a real-time visualization system of sound intensities
using MR and a handy microphone array [4, 5]. These systems help us to observe the sound propagation by
scanning a steady sound field with a handy microphone array. It can display the measured sound intensities in
real space using mixed reality. Furthermore, Watanabe et al. proposed an MR visualization system for maps of
room impulse responses (RIR) by the estimation of sound intensities with moving a microphone array [6].

In the previous systems [5], it is difficult to measure sound intensities at equal intervals because the micro-
phone array is freely moved by hand. Thus, the measured sound intensities are irregularly spaced. As a result,
the visibility of sound intensity map is degraded.

In this study, by extending our previous MR visualization system [5], we propose a visualization system
to improve the visibility of the sound intensity map by three-dimentional spatial interpolation of the sound
intensities. In the experiments, the sound intensities near the loudspeaker are measured by freely-moving the
handy microphone array. We visualize the sound intensities at three-dimensional grid points.

2 SYSTEM OVERVIEW
Figure 1 shows an overview of the proposed system. In this system, the user uses a Mixed Reality device
(Microsoft Hololens 2). The target space is slowly scanned using a handy 4ch microphone with measuring the
sound pressure signals. During the short measurement time that can be regarded as almost no movement, the
sound intensity is estimated from the sound pressure signals based on the method described below. After the
multiple intensities are measured, the intensities are spatially interpolated with equal intervals to improve the
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Figure 1. Overview of the proposed system. By using SLAM and AR makers, the measured sound intensities
with a 4-ch handy microphone array are stored on a PC with its positional information. For visualization, the
stored sound intensities at irregular intervals are spatially interpolated on the grid points with regular intervals.

visibility of data.
The positions of microphones were estimated by using two AR markers[5]. One is placed at the reference

position in the measurement room. Another one is attached to the microphone array. The position of the MR
headset was always estimated by simultaneous localization and mapping (SLAM) with Microsoft HoloLens2[7].
The positions of AR markers are related to the room geometry through the position of the MR headset. The
reference position is assumed to be the origin of cordinates. Thus, the microphone position is determined
relative to the reference position in the room geometry.

3 SPATIAL INTERPOLATION OF SOUND INTENSITIES
3.1 Estimation of sound intensity
To estimate the each sound intensity, we use the PAGE method[8]. The PAGE method is the well-known
estimation method of sound intensity to improve the estimation accuracy in higher frequencies.

In the PAGE method, the sound intensity is estimated as forrow:

Ia =
1

ωρ0
P2

0 ∇̂φ , (1)

where ω is the angular frequency, and P0 is the amplitude at the center of microphone array. ∇̂φ denotes the
phase gradient

∇̂φ = (XTX)−1XT
δ (φ), (2)



where ri(i = 1, . . . ,N) denotes the position of the microphone. X denotes the vector of pairwise differences as
follows,

X = [r2 − r1|r3 − r1|...|rN − rN−1]
T. (3)

δ (φ) denotes the vector of pairwise phase differences as follows,

δ (φ) =

[
arg

{
p2

p1

}
,arg

{
p3

p1

}
, . . . ,arg

{
pN

pN−1

}]T

, (4)

where pi(i = 1, . . . ,N) denotes the complex sound pressure.
Considering the spatial Nyquist frequency due to the microphone interval, the phase gradients are obtained

by unwrapping the phase of each complex pressure. In this study, we use the least squares method for phase
unwrapping[9].

3.2 Spatial interpolation of sound intensities
For visualization, the data at regular intervals were obtained by spatial interpolation of the all measurement data
at irregular intervals. First, Delaunay triangulation [10] was performed at all measurement points to divide the
measurement region. In the case of a division in three dimensions, the measurement points are tetrahedrized.
Subsequently, the sound intensity at an arbitrary point is obtained by the linear interpolation in the corresponding
segmented region.

Thus, the sound intensity is obtained as follow:

x = a1x1 +a2x2 +a3x3 +a4x4, (5)

where x = (x,y,z) is position vector of any point P within the tetrohedron. x1,x2,x3 and x4 are the position
vectors of the tetrahedron vertexes P1,P2,P3 and P4. The coefficients a1,a2,a3 and a4 are given by

a1

a2

a3

a4

=


x1 x2 x3 x4

y1 y2 y3 y4

z1 z2 z3 z4

1 1 1 1



−1
x

y

z

1

 , (6)

where a1 +a2 +a3 +a4 = 1.

4 VISUALIZATION EXPERIMENT
4.1 Condition
To evaluate the improvement in data visibility by the spatial interpolation on the grid points, we conducted the
visualization experiments near the sound source in a soundproof room at Tokyo Denki University (background
noise of less than 20 dB). Table 1 lists the experimental conditions. The PAGE method was used for sound
intensity estimation at each point, and linear interpolation was used for the spatial interpolation. The target fre-
quencies were 1, 2, 4 and 8 kHz centered octave bands. The measurement signal emitted from the loudspeaker
was white noise.

4.2 Results
Figures. 2(a) and (b) show the visualization results at the 1 and 2 kHz centered octave bands, And, 3(a)
and (b) show the visualization results at the 4 and 8 kHz centered octave bands, As shown in Fig. 2(a)(i)
and (b)(i) , the intervals of the original measurement points were irregular because of the moving path of the
handy microphone array. Especially in static images, it is difficult to understand the depth information of sound
intensity position. Thus, the multiple intensities appear to be superimposed. Figures. 2(a) and (b)(ii) shows the
map of sound intensities at grid points by using the spatial interpolation. A comparison of the sound intensity



( a ) 1 kHz-centered octave band
( i ) No spatial interpolarion  ( ii )With spatial interpolation

( b ) 2 kHz-centered octave band
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Figure 2. Comparison of the sound intensity maps around the loudspeaker using the actual experiment data. (a)
the 1-kHz centered octave band (b) the 2-kHz centered octave band (i) No spatial interpolation (original data).
(ii) Spatial interpolation of sound intensities. Each cone depicts the sound intensity at each point. The color of
the cone indicates the sound intensity level. The vertex of cone indicates the direction of sound intensity.



( a ) 4 kHz-centered octave band
( i ) No spatial interpolarion  ( ii )With spatial interpolation

( b ) 8 kHz-centered octave band
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Figure 3. Comparison of the sound intensity maps around the loudspeaker using the actual experiment data.
(a) 4-kHz centered octave band (b) 8-kHz centered octave band (i) No spatial interpolation (original data). (ii)
Spatial interpolation of sound intensities. Each cone depicts the sound intensity at each point. The color of the
cone indicates the sound intensity level. The vertex of cone indicates the direction of sound intensity.



Table 1. Experimantal conditions

Atmospheric density [kg/m3] 1.293

Interval of microphones [m] 0.05

Sampling frequency [kHz] 48

Num. of measurement points 1849

Num, of grid points for interpolation 9×10×16

Interval of grid points [m] 0.05

Analysis length [Sample] 4096

Sound pressure level (1 m from loudspeaker) [dB] 91

maps in Figs.2(a) and (b)(i) shows that the spatial interpolation improves the visibility of the maps. The depth
information, in particular, can be more clearly observed in static images.

Figures. 3(a)(ii) and (b)(ii) show the spatial interpolation of sound intensities at 4 kHz centerd octave band
and 8 kHz centerd octave band. As shown in Figs.3(a) and (b), It is possible to more clearly observe how
the directivity of the loudspeaker becomes stronger. Futhermore, these grid data can be applied to the various
computer graphics representations.

5 CONCLUSIONS
In this study, to improve the visibility of the three-dimensional map of sound field intensities, we propose
a Mixed Reality visualization system using the spatial interpolation. From the visualization experiments, 3D
spatial interpolation improves the visibility of depth information of sound intensity map. In future work, we
will study the more effective interpolation method with fewer measurement points.
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ABSTRACT 
As a typical approach of acoustic energy harvesting, a method of maximizing efficiency in a specific 
frequency band using a resonance structure has been widely applied. However, in the case of environmental 
noise, it is usually broadband noise or the frequency fluctuates, and it is difficult to predict the direction and 
frequency characteristics in general cases. For this reason, except for special cases such as noise generated by 
a resonator, it is necessary to evaluate the performance with randomly selected direction and frequency. As a 
standard evaluation method of the acoustic materials, such as absorption and insulation materials, in the 
general living environment, a method using the reference sound source in the reverberation room condition 
has been widely employed. In this study, the applicability of this standard approach was investigated to 
evaluate the performance of acoustic energy harvesting devices. The amount of acoustic energy collected by 
using a dynamic microphone that does not require an external power source was measured with various types 
of waveguide to increase the efficiency as an energy harvesting device. 
 
Keywords: Acoustic energy harvesting, Environmental noise, Evaluation of energy harvesting 

1. INTRODUCTION 
Environmental noise is considered as one of potential source for energy harvesting. In general, 

the performance evaluation of energy harvesting devices has been conducted under the condition 
able to get the highest efficiency [1, 2]. This approach is suitable to specify the proper condition for 
applying the designed system however it is difficult to compare the characteristics of different 
devices and to know the expected performance for general environmental noise which it the 
frequency characteristics and incidence angle are unknown. From this reason, the method to evaluate 
the performance of energy harvesting devices for the environmental noise application is investigated.  

2. METHOD 
Basically, the acoustic structure, e.g., noise barrier to be used in the environmental noise field is 

assumed as random incidence condition. For such a random incidence condition, the diffuse sound 
field is considered as the reference condition. This condition also can be applied as the reference 
sound field to evaluate the energy harvesting devices for environmental noise.  

The detailed procedure can be referred from the standard method of sound power measurement 
described in the ISO 3741 [3]. First, the sound source able to radiate the sufficient sound power for 
the frequency range of interest should be prepared and measure its sound power based on the 
standard method described in ISO 3741[3] or ISO 3745[4]. For this purpose, the reference sound 
source (RSS) satisfying the specification in ISO 6926[5] can be employed for higher repeatability. 
The evaluation is conducted in the reverberation chamber satisfying the specification of ISO 3741[3]. 
The placement of devices under test (DUT) follows the placement of microphone described in the 
ISO 3741 [3]. The measurement should be repeated at least 6 different position of DUT and each 
position should be farer than 1/2 of wavelength.  
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3. APPLICATION EXAMPLE 
As test systems, the performance of acoustic energy harvesting systems consists of the waveguide 

and dynamic microphone were evaluated by the proposed method. Conventional audio devices such 
as microphone and horn are intended to collect the sound signal for wide frequency range efficiently. 
These characteristic are suitable for energy harvesting and general acoustic devices can be used as 
devices for acoustic energy harvesting. Figure 1 shows the tested energy harvesting systems with 
conventional horns (JBL HL14-25, HM17-25). Also, the waveguides based on the Platonic solid are 
designed to achieve the omnidirectional characteristics as shown in Fig. 2. As the sound source, the 
RSS (B&K Type 4204) was employed and its calibrated sound power is shown in Fig. 3.  

Figure 4 show the measured efficiency of each energy harvesting system in the diffuse field 
condition. Because the sound power of sound field is known, the efficiency of harvesting can be 
estimated with the ratio between the collected power and sound power of RSS.  

4. CONCLUSION 
The method based on the ISO 3741 to measure the sound power in the diffuse field condition and 

the applicability of this approach was investigated to evaluate the performance of acoustic energy 
harvesting devices. The amount of acoustic energy collected by using a dynamic microphone that does 
not require an external power source was measured with various types of waveguide to increase the 
efficiency as an energy harvesting device. With this result, the efficiency of each energy harvesting 
system in the diffuse field condition can be obtained with the ratio between the collected power and 
sound power of RSS. This parameter can be employed as a specification representing the 
performance of energy harvesting system which is comparable between devices having same 
purpose. 

 
 (a)    (b)  

Figure 1 – Energy harvesting structure with conventional horns: (a) configuration 1, (b) configuration 2 
 

(a)   (b)  

Figure 2 – Energy harvesting structure with omnidirectional waveguides: (a) dodecahedron, (b) icosahedron 

 
Figure 3 – Calibrated sound power level of the reference sound source (RSS). 



 

 

 
(a) (b)  

Figure 4 – Measured efficiency of energy harvesting systems in the diffuse field condition: (a) horn-based 

systems, (b) Omni-directional waveguide system. 
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Acoustical parameters associated with number of reproduction channels for
realistic, immersive audio

Sungyoung KIM(1)

(1)Electrical and Computer Engineering Technology, Rochester Institute of Technology, USA, sxkiee@rit.edu

ABSTRACT
Two perceptually significant acoustical parameters were found associated with the number of loudspeakers
for multi-channel reproduced sound fields, independent of room acoustics. The acoustic parameters are (1)
SMM: the Spectral variance of one-octave smoothed Magnitude response of the Mid signal from the binaural
room impulse response (BRIR); and (2) FOER: the Frontal to Overhead Energy Ratio at the listening position,
measured with a coincident pair of bidirectional microphones facing frontal and overhead direction. Acoustical
parameters were measured at two distinct rooms–ENT-2121, Rochester Institute of Technology (RIT) and Studio
B, Tokyo University of the Arts (TUA). Each listening room is equipped with a 24-channel loudspeaker array,
enabling to form five distinctly different spatial reproduction formats from a conventional stereo (2-channel)
to 22.2 immersive (24-channel) sound field. Measurement results confirm that the two parameters (SMM and
FOER) monotonically vary with the number of loudspeakers regardless of the inherent room acoustics. The
first acoustical parameter is associated with the perception of timbre, and the second with perceived spatial
enhancement of a reproduced sound field for realistic, immersive audio reproduction.

Keywords: Listening Environment, Immersive Audio, Physical Parameters

1 INTRODUCTION
At present, we are experiencing the fast and extensive growth of immersive and “high-reality” audio tech-
nologies for virtual reality (VR) and extended reality (XR). One technical paradigm for simulating realism in
immersive audio is based on the analysis and synthesis of spherical harmonics of a sound field; the other ap-
proach on discrete multi-channel recording and reproduction, which broadly includes object-based audio. [17]
The study reported here contributes objective knowledge relevant to the latter approach.

These new technologies can enable listeners to immerse themselves in ‘realistic’ experiences of sonic events.
However, we don’t have a clear definition of ‘realistic’ because the sensation of enhanced realism is highly
dependent on each combined context of sonic events and listener background, within a particular technical
paradigm. For example, a single-channel reproduction of a flute sound can be very realistic if properly recorded–
perhaps because it comes from a single sound-producer. For most sonic experiences, however, listeners partic-
ularly enjoy enhanced immersion through multi-channel-reproduced sound; that’s one reason why people still
go to movie theatres and purchase home-theater systems, despite the ubiquity of cinematic media via personal
electronics.

Researchers have searched for an objective characteristic associated with multi-channel audio technologies
to understand the mechanisms by which these technologies enhance auditory experiences. What acoustical pa-
rameters contribute to enhanced auditory information? Previous research found that perceived attributes such as
apparent source with (ASW) and listener envelopment (LEV) increase the listener’s sensation of auditory im-
mersion and overall preference. [11] [6] [12] They also have worked to find physical characteristics associated
with those attributes. [7][16]

ABS-0066



Figure 1. Two listening rooms for physical parameter measurements: RIT ENT-2128 (Left) and TUA Studio B
(Right).

2 FIVE REPRODUCTION FORMATS
The two listening rooms are equipped with a 24-channel loudspeaker array for NHK’s 22.2 multi-channel Sound
[3] reproduction. With the array, it is possible to form five distinctly different spatial reproduction formats:
0+2+0, 0+5+0, 4+5+0, 8+8+0, and 9+10+3. Here, “U+M+B” notation from ITU-R BS.2051-0 [5] indicates
the number of loudspeakers used within the three vertical layers: “U”pper, “M”iddle, and “B”ottom layer. The
Middle layer indicates a loudspeaker array at the listener’s sitting height (around 125 cm). The number of
loudspeakers are 2, 4, 9, 16, 22 for those five formats (excluding sub-woofer(s)).

3 RESULT 1 - SPECTRAL STANDARD DEVIATION
The author focused on binaural acoustical parameters and measured Binaural Room Impulse Responses (BRIRs)
using a Head and Torso Simulator (HATS: 4100D, Brüel & Kjær) situated at a point equidistant to the main
layer loudspeakers.

The following acoustical parameters were calculated from the BRIRs: inter-aural cross correlation (IACC),
peak of signal envelope (ENVMAX), mean of signal envelope (ENVMEAN), standard deviation of signal en-
velope (ENVSTD), peak-to-mean signal envelope ratio (ENVRATIO), RMS (root-mean square value) of mid
signal (RMSM), RMS of side signal (RMSS) (Please note that mid and side signals were converted from the
left and right signals of a BRIR signal), mid-to-side RMS ratio (MSRATIO), 1st −4th spectral moments of mid
signal (SMM1-SMM4), 1st − 4th spectral moments of side signal (SMS1-SMS4), ratio between high frequency
and low frequency portion (with 250 Hz cutoff frequency) of mid signal RMS values, or mid-bass ratio (MBR),
and finally, RMS ratio between high frequency and low frequency portion (with 250 Hz cutoff frequency) of
side signal RMS values, or side-bass ratio (SBR). Spectral moment 1 and 2 represent the spectrum’s central
tendency (mean) and dispersion (standard deviation), respectively. Spectral moment 3 and 4 (represent the spec-
trum’s tilt (Skewness) and peakedness (kurtosis), respectively. These same parameters were previously used to
predict listeners’ preferences among surround microphone techniques. [10]

The author had expected that IACC would be one of the parameters that covary with the number of loud-



Table 1. Spectral standard deviation of mid signal (SMM2) of one-octave smoothed magnitude response mea-
sured in two listening rooms and with five reproduction formats. For the two rooms, adding more loudspeakers
decreases the SMM2 values.

ROOM Reproduction formats

0+2+0 0+5+0 4+5+0 8+8+0 9+10+3

RIT 2.5247 1.8425 1.2467 1.2987 1.2987

TUA 2.4744 1.8725 1.3407 0.7895 0.3121

speakers, since IACC, a measurement of dissimilarity between signals at the two ear positions, is known to
correlate with perceived spaciousness. [2] However, IACC (full-bandwidth) appears to have no relation to the
number of loudspeakers, especially for height channels, failing to account for the variances associated with the
reproduction formats.

In contrast, the author found that, as Table 1 shows, the SMM2, spectral standard deviation of one-octave
smoothed magnitude response of the mid signal (the common portion of the left and right ear responses),
covaries with the room as well as the reproduction formats. For all two rooms, as the number of loudspeak-
ers increases, SMM2 values decrease, likely due to interaction among spectral peaks and dips, flattening the
frequency magnitude response. This illustrates how the complex interaction between the listening room and
reproduction format can affect acoustic signals at the listener’ ears.

SMM2 is closely related to perceived timbre, not spaciousness. Many previous studies showed perceptual
enhancement in spatial fidelity when reproducing through multi-layer loudspeaker systems. [4, 7, 13, 8] The
present finding is interesting because it suggests that a multi-layer loudspeaker system could also render a
sound field with enhanced timbral fidelity.

4 RESULT 2 - FRONT AND OVERHEAD ENERGY RATIO
Another potential acoustical parameter identified for spatial enhancement was therefore measured and examined:
Frontal and Overhead Energy Ratio (FOER). A previous study by Furuya et al. [1] revealed that overhead-
radiated late reverberant energy can contribute to one’s sense of being enveloped by the sound field. If lateral
late energy is 100 %, then the relative contribution of rear and overhead late energy to this spatial attribute is
62 % and 35 % respectively.

In a previous study, we found this FOER metric had a high correlation with listeners’ preference ratings for
music reproduced over a 0+5+4 system. [9] To calculate the FOER values, we used a pair of bidirectional mi-
crophones similar to the Blumlein (Mid-Side) stereophonic microphone technique. We proposed a new method
that used a vertically located pair of two bidirectional microphones in the median plane as illustrated in Fig.
2. FOER indicates the energy ratio between the front and overhead signals, measured with the two figure-of-
eight microphones and calculated using the equation 1. In this equation, IR f

2 indicates the impulse response
measured by the frontal bi-directional microphone and IRo

2 the overhead bi-directional microphone.

FOER =

√
n

∑
i=1

IR f
2

√
n

∑
i=1

IRo
2

(1)

Table 2 shows the FOER values from the two listening rooms, RIT and TUA. FOER results display a similar
room-loudspeaker trend as was scene within the SMM2 results: as the number of loudspeakers increases, FOER
values decrease for both measured rooms.



Table 2. Front and Overhead Energy Ratio (FOER) measured in the listening rooms at RIT and TAU. As the
loudspeakers increase, the FOER values decreases for both rooms, indicating more energy is present along the
up-down axis than the front-back direction.

ROOM Reproduction formats

0+2+0 0+5+0 4+5+0 8+8+0 9+10+3

RIT 1.2830 1.1997 1.1685 0.9776 0.9012

TUA 1.8594 1.0941 0.8695 0.7210 0.7062

Figure 2. Illustration of the arrangement of two bi-drectional (figure of eight) microphones for the Front-and-
Overhead Energy Ratio (FOER) measurement. One bi-directional microphone is facing the front-center and the
other is facing above the listener’s position.

5 DISCUSSION
The two rooms measured in the present study have distinctly different acoustic characteristics (room dimen-
sion, reverberation time (T30), clarity (C80), and more). Nonetheless, increased loudspeakers for multi-channel
immersive listening in both rooms results in similar modifications of two perceptually significant acoustical met-
rics: spectral variance of the mid signal (SMM2) and front-and-overhead energy ratio (FOER). As stated in 1,
a listener’s experience of what is ‘realistic’ is individually and context-dependent. Yet, that context depends in
part on the acoustical (objective) characteristics of the listening space. Towards a more nuanced and quantifiable
understanding of how acoustics of listening spaces contribute to that perceptual context, this study revealed that
a multi-layer loudspeaker system can render a smoother spectral response and vertically enveloping spacious-
ness with increasing numbers of loudspeakers. The study identified two specific factors, contributing parametric
knowledge in support of previous studies that demonstrated perceptual merits of multi-channel reproduced audio
[4][15]. A multi-layer loudspeaker array can generate a favorable sound field through a less-variant spectrum
response and vertically enveloping spaciousness.

In previous research, Rumsey and Zielinski [14] found that the “basic audio quality” of a multi-channel
reproduced sound field is associated with two orthogonal components: timbral and spatial fidelity. The findings
reported here align with their results: the SSM2 is an acoustical parameter that could modify perceived timbral



fidelity, while the FOER corresponds with perceived spatial fidelity of a reproduced sound field. Despite this
finding, the author cautions that simply increasing the number of channels (loudspeakers) does not automati-
cally improve listening experiences; there are multiple system specification parameters that were controlled by
this study’s use of the NHK’s 22.2 channel Sound System and variations in number of channels used within
that system. Yet, many well-designed multi-layer loudspeaker systems would similarly be expected to serve as
a handy tool for content creators to express sonic creativity with improved realism. Moreover, these two param-
eters can be incorporated to establish a simple yet reliable prediction metric for perceived quality of reproduced
sound fields, an area in which the author is conducting ongoing research.
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ABSTRACT 

Pre-processing of HRTF phase has proved useful to improve binaural rendering of order-limited spherical 

harmonics (SH) signals. The adjustment is typically applied at high frequencies and allows to reduce 

magnitude errors for directional sound field components. This article proposes a practical method for HRTF 

phase pre-processing using linear phase above a cut-off frequency, and a direction-dependent phase offset 

to maintain correct diffuse field interaural coherence. Two applications are discussed - filter design for 

binaural rendering of microphone array or SH-signals, and reduced coloration in virtual source panning on 

virtual speaker setups. Factors influencing the perceptual transparency of the phase modification are 

evaluated subjectively and objectively. 

 

Keywords: Auralization, Ambisonics decoding, HRTF interpolation 

1. INTRODUCTION 

Head-Related Transfer-Functions (HRTFs) are fundamental to creating virtual auditory 

environments [1]. HRTFs represent the complex-valued transfer functions to each ear from a sound 

source in a given direction, and are typically measured with sources being equidistant relative to a 

point in the center of the head. Since the ears are off-center relative to this reference, the HRTF 

delay for each ear varies with direction. Consequently, the spatial variability of the HRTF phase 

response, i.e., its rate of change with direction, increases with frequency. The complex spatial 

variability of the HRTF responses at high frequencies is problematic in certain applications. Notably, 

in binaural rendering of Ambisonics signals it has been shown that perceptual artifacts that occur 

with low-order approximations of HRTF responses, such as direction-dependent timbral alterations, 

reduced localization accuracy and externalization, can be mitigated considerably by pre -processing 

HRTF phase and reducing its spatial complexity at high frequencies [2–5].  

The rationale for high frequency phase pre-processing is that the auditory system is relatively 

insensitive to interaural phase differences (IPD) at high frequencies in the localization of single 

anechoic sound sources. The well-known duplex theory, which applies to localization of sound in 

the lateral dimension, states that interaural time difference (ITD) is a dominant localization cue at 

low frequencies, and interaural level difference (ILD) is a dominant cue at high frequencies [6], with 

somewhat overlapping frequency ranges. For pure tones, an ITD translates to a corresponding IPD. 

The hearing system can detect changes in IPD for pure tones up to around 1.3 kHz [7], with other 

sources quoting IPD as a relevant cue up to 1.5-1.6 kHz. For more complex signals, it is possible to 

detect changes in ITD at higher frequencies using the signal envelope,  but this is considered to play 

a relatively minor role in sound localization in practice, and sensitivity to such cues is subject to 

individual variation [6,8]. 

HRTFs are essentially minimum phase for most directions [9]. A study in [10] investigated the 

perceptual impact, for anechoic virtual sources, of transforming HRTFs to linear phase over the full 

frequency spectrum while keeping broadband ITD intact. The result was that the modified HRTFs 

could not be audibly discriminated from unmodified HRTFs. A conclusion from this and other 

experiments was that listeners are insensitive to details in the interaural phase spectrum as long as 

correct low-frequency ITD is maintained.  
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A two-band HRTF pre-processing method for Ambisonics binaural decoder design was proposed 

in [3], where the linear-phase part of the HRTF phase response is removed above a threshold 

frequency, giving close to zero ITD at high frequencies. This method is referred to as time -

alignment (TA). Another notable method for binaural decoder design is the magnitude leas t-squares 

(MagLS) method [2,4,11], which optimizes the decoder magnitude response above a threshold 

frequency with no direct constraints on the phase response. A listening test in [4] indicated that pre-

processing HRTFs with the TA method gives minimal perceptual consequences when rendering a 

single anechoic virtual source, for most source signals, as long as the threshold frequency is chosen 

to be around 2 kHz or higher. However, as discussed in [3], it is not sufficient to only consider the 

perceptual consequences of HRTF phase modifications for a single virtual source. Interaural 

Coherence (IC) is a perceptually important parameter for diffuse sound fields, and modifications to 

or constraints in the decoder design was proposed in [2,3] to ascertain correct diffuse-field IC. 

Several studies comparing different HRTF pre-processing methods have confirmed the utility of 

the above-mentioned methods. For example, in [12], binaural rendering of an anechoic source was 

evaluated using different binaural decoder designs for different spherical harmonic (SH) orders. 

Auditory models were employed to evaluate the expected perceptual difference to a high-order 

reference. In [13], binaural auralization of order-limited SH-signals for a single speaker in a room 

was evaluated for two rooms. Both these studies found that HRTF phase pre-processing can give a 

perceptual result closer to reference, when rendering SH-signals of low order. 

This article presents a method for HRTF pre-processing using linear phase and zero ITD above a 

threshold frequency, and a direction-dependent phase offset to maintain correct diffuse-field IC. 

Compared to the methods discussed above, the formulation is less complex, and the HRTF phase 

response is deterministic above the threshold frequency. The method is defined in section 2 of this 

article. It applies both to Ambisonics binaural decoder design, and to f ilter design for direct 

estimation of a binaural signal from microphone array signals. The latter application has received 

less attention in connection with HRTF phase pre-processing and is discussed in section 3.1.  

An interesting aspect of HRTF phase modification is that multiple correlated virtual sources in 

different spatial directions interact differently after applying the phase modification. This can be a 

drawback if absolute transparency is sought, or can be utilized, depending on the application. The 

application of virtual source amplitude panning on virtual speaker setups can benefit from the 

suggested phase adjustment, giving decreased coloration. This application of HRTF phase 

adjustment is underreported in literature and is discussed in section 3.2. 

To evaluate the perceptual effects of the suggested phase pre-processing method when auralizing 

a complex acoustical scenario, we use an image source model to simulate binaural room impulse 

responses (BRIRs) for a single speaker in two rooms, one representing a car cabin and the other a 

larger listening room. The BRIR sets without phase adjustment are then compared to corresponding 

BRIR sets with phase adjustment in a listening test. The purpose is to evaluate the effects of the 

phase adjustment in isolation, in contrast to the studies [12–14] which evaluated HRTF pre-

processing in the context of Ambisonics binaural decoding with SH-order limitation. The purpose is 

also to evaluate an acoustical situation that differs markedly from the anechoic or diffuse-field 

extremes and thus can be suspected to be more critical. The results of the listening test are presented 

in section 4. The article finishes with a discussion and conclusions in section 5.  

2. HRTF PRE-PROCESSING METHOD 

The goal of the proposed HRTF phase modification is to reduce the spatial variability of the 

phase response and make it change smoothly with direction, while being able to control diffuse -field 

IC. This section presents the equations defining the phase modification. We use a right-handed 

coordinate system with the head at the origin, facing in the direction of the positive x-axis. Azimuth 

φ is defined in relation to the positive x-axis and increases counterclockwise, and elevation θ is the 

angle relative to the horizontal plane. The HRTF for the left ear at frequency ω is denoted 

HRTF𝑙(𝜑, 𝜃, 𝜔), with subscript r for the right ear. The HRTF phase response modification is applied 

above a threshold frequency 𝜔𝑙𝑖𝑚 and the modified HRTF responses for the left and right ears are 

given by 

HRTF𝑙,𝑟
𝑚𝑜𝑑(𝜑, 𝜃, 𝜔 < 𝜔𝑙𝑖𝑚) ≔ HRTF𝑙,𝑟(𝜑, 𝜃, 𝜔) 

HRTF𝑙
𝑚𝑜𝑑(𝜑, 𝜃, 𝜔 ≥ 𝜔𝑙𝑖𝑚) ≔ |HRTF𝑙(𝜑, 𝜃, 𝜔)|𝑒−𝑗(𝜔𝜏𝑚− 𝜓(𝜑,𝜃))  

HRTF𝑟
𝑚𝑜𝑑(𝜑, 𝜃, 𝜔 ≥ 𝜔𝑙𝑖𝑚) ≔ |HRTF𝑟(𝜑, 𝜃, 𝜔)|𝑒−𝑗(𝜔𝜏𝑚+ 𝜓(𝜑,𝜃)).  

(1) 

 

 



 

 

The modified phase response is linear above 𝜔𝑙𝑖𝑚, with constant group delay 𝜏𝑚 and zero ITD. 

Furthermore, a direction-dependent but frequency-independent phase shift 𝜓(𝜑, 𝜃) is added to the 

modified HRTF, which is used to control diffuse-field IC, as discussed below. The delay 𝜏𝑚 is 

preferably set to the average delay of the unmodified head-related impulse-responses (HRIRs) over 

all directions of incidence, giving a delay at high frequencies that relates to a point close to the 

middle of the head, thus giving minimum energy spread of the modified HRIRs. A simple threshold-

based onset detection method can be used to find the time delay of the original HRIRs.  

2.1 Diffuse-Field Interaural Coherence 

IC is a perceptually important statistic that indicates the degree of similarity, i.e., cor relation, 

between the ear signals, as a function of frequency. A lower correlation between the ear signals is 

related to increased perceived spaciousness [15]. In binaural rendering, IC has been found to be a 

perceptually salient parameter for modeling the late, more diffuse, part of a BRIR [16]. A lower IC 

has also been found to be related to increased externalization in headphone rendering [17].  

As we shall see, the diffuse-field IC for unmodified HRTFs is close to zero in the frequency 

range where the phase modification is typically applied, but the phase modification increases 

diffuse-field IC considerably if 𝜓(𝜑, 𝜃) = 0°. That 𝜓(𝜑, 𝜃) is frequency-independent is motivated, in 

part, by the fact that the desired IC is also frequency-independent. A viable selection of 𝜓(𝜑, 𝜃) 

would be to let it equal the original HRTF phase at a frequency with low diffuse-field IC. However, 

a better choice for 𝜓(𝜑, 𝜃), that leads to a parametric formulation and smoother spatial variation of 

the HRTF phase, is to define it from a free-field propagation model. Consider thus a propagating 

sinusoidal plane wave and two points, representing ear positions, on the y-axis at 𝑦 = ±𝑟ℎ𝑒𝑎𝑑, where 

𝑟ℎ𝑒𝑎𝑑 denotes head radius. The sound pressure phase difference between the ear positions depends on 

the angle the incoming wave makes with the interaural y-axis, or equivalently, its angle to the XZ-

plane, defined by the angle 𝜑𝑥𝑧 =  sin−1(sin(𝜑) cos(𝜃)). The signal phase shift at the ear positions, 

in reference to the phase shift at the origin, is given by 

𝜓𝑝𝑤(𝜑𝑥𝑧) = ±(𝑟ℎ𝑒𝑎𝑑𝜔/𝑐) sin(𝜑𝑥𝑧), (2) 

with c the speed of sound. Positive sign is selected for the left ear position and negative sign for the 

right ear position. The phase shift for different directions of incidence is thus rotationally symmetric 

around the interaural y-axis and largest in directions to the sides of the head. The modified HRTF 

phase shift 𝜓(𝜑, 𝜃) is selected with eq. (2) as template, as  

𝜓(𝜑, 𝜃) = 𝜓𝑚𝑎𝑥 sin(𝜑𝑥𝑧) = 𝜓𝑚𝑎𝑥 sin(𝜑) cos(𝜃) (3) 

where the parameter 𝜓𝑚𝑎𝑥 is a positive constant that defines the peak phase shift that occurs for 

incident waves in directions to the sides of the head. With this definition of 𝜓(𝜑, 𝜃), we will now 

investigate the effect of 𝜓𝑚𝑎𝑥 on diffuse-field IC. 

Given an HRTF data set that is densely sampled in all directions, the IC corresponding to an 

approximate diffuse sound field can be calculated [3]. Let the matrix  𝑫(𝜔) , of size  [2 × 𝑁] , 

represent HRTFs for both ears in N directions at frequency 𝜔. The ear signal covariance matrix for 

uncorrelated, white spectrum sound arriving from all N directions can then be written   

𝑷(𝜔) = 𝑫(𝜔)𝑾𝑫𝐻(𝜔)  (4) 

where  𝑾 is a  [𝑁 × 𝑁] diagonal weighting matrix containing quadrature weights for the HRTF 

spherical sampling scheme used and 𝑷(𝜔) is [2 × 2]. Then IC can be defined as 

𝐶𝑙𝑟(𝜔) = |𝑃1,2(𝜔)|/√𝑃1,1(𝜔)𝑃2,2(𝜔) (5) 

where e.g., 𝑃1,2(𝜔) denotes the first row and second column of 𝑷(𝜔).  

To illustrate the dependency of 𝐶𝑙𝑟(𝜔) on the constant phase shift parameter 𝜓𝑚𝑎𝑥, we evaluate 

eq. (5) using the HRTF database for the Neumann KU100 artificial head published in [18]. The 

HRTFs are sampled using a 2702-point Lebedev grid, and the database provides quadrature weights 

that are used to define 𝑾. Figure 1 shows the calculated IC for different values of 𝜓𝑚𝑎𝑥, and IC is 

seen to be inversely proportional to 𝜓𝑚𝑎𝑥. A low value of 𝜓𝑚𝑎𝑥 raises IC significantly above the 

diffuse-field IC of the unmodified reference HRTF, which is close to zero at high frequencies. To 



 

 

ensure that the effect of the phase modification has a low perceptual impact for diffuse sound field 

components, such as late room reverb, 𝜓𝑚𝑎𝑥 should thus be selected large enough. The just-

noticeable-difference (JND) of IC is considerably larger when IC=0 is selected as  a reference than if 

IC=1 is the reference. Selecting 𝜓𝑚𝑎𝑥 ≥ 70° should be adequate, giving IC<0.3, which is below 

published JND values for IC=0 as a reference with some margin [19].  

The perceptual effect of 𝜓𝑚𝑎𝑥 was confirmed in informal listening, where pre-processing HRTF 

phase with 𝜓𝑚𝑎𝑥 = 70° gave an insignificant perceptual difference compared to unmodified HRTFs 

when simulating a diffuse sound field with uncorrelated noise signals in all directions of the KU100 

database. In contrast, a value of 𝜓𝑚𝑎𝑥 = 0° gives a clearly audible impact.  

Figure 1 – diffuse-field IC versus phase offset parameter 𝜓𝑚𝑎𝑥. 

2.2 Phase Modification Example 

Figures 2–3 show an example of applying the proposed phase modification to KU100 HRTFs. 

This example uses 𝜓𝑚𝑎𝑥 = 200° and this and following examples use a threshold frequency 𝜔𝑙𝑖𝑚 of 

2 kHz unless otherwise noted, which is close to the lowest possible threshold  frequency that is likely 

not to induce significant perceptual adverse effects in rendering of anechoic virtual sources [4].  

Figure 2a shows the original (solid lines) and modified (dashed lines) HRTF phase responses for 

the left ear (blue lines) and right ear (red lines), for the direction (𝜑 = 60°, 𝜃 = 0°). The linear phase 

component corresponding to the time delay 𝜏𝑚 has been removed from the curves for clarity. It can 

be seen how the HRTF phase angle levels out to ±𝜓(𝜑, 𝜃) above the threshold frequency. In a 

practical implementation, it is advisable to smoothly transition the phase response around the 

threshold frequency, since a jump in the phase response can lead to energy spread in the time 

domain. A transition band width of 0.5 octaves together with spline interpolation was used in this 

article. The smooth transition band can be observed in Figure 2a.  

Figure 2b shows the original (black line) and modified (blue line) left ear HRTF phase angle as a 

function of azimuth, for 𝜔 = 5 kHz. The curves are unwrapped and normalized to 0º azimuth. The 

modified curve has a smooth sinusoidal shape, whereas the original curve is more irregular and 

shows larger phase shift but has a similar sinusoidal form. 

Figure 3 illustrates the time-domain effect of the phase modification and shows the HRIR before 

a) and after b) modification for the direction (𝜑 = 60°, 𝜃 = 0°). An ITD of around 20 samples can be 
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Figure 2 – HRTF phase response before and after modification, a) as a function of frequency, for one 

direction and both ears, b) as a function of azimuth, at 5 kHz, for the left ear. 



 

 

observed in the unmodified HRIR. For the modified HRIR, the energy is visibly concentrated around 

time 𝜏𝑚 for both ears, and the responses look more symmetrical as an effect of the linear phase 

response at high frequencies. Care should be taken that the original HRIRs do not contain delayed 

reflections of significant magnitude, since this could lead to audible pre-responses after the linear- 

phase transformation.  

3. APPLICATIONS 

3.1 Binaural Signal Estimation from Microphone Array Signals 

An important application for HRTF phase pre-processing is found in filter design for estimating a 

binaural signal by linear filtering of a set of microphone array signals. The goal of such a filter is to 

implement a “virtual head” by estimating the binaural signals that would occur at the ears of a head 

placed in the position of the microphone array. Examples of various formulations of such filter 

design are given in [20–23]. A related application is Ambisonics binaural decoder design [2–4].   

To discuss the utility of HRTF phase pre-processing in direct estimation of a binaural signal from 

microphone array signals, we consider a conceptual example. Let the matrix 𝑩(𝜔), of size [𝑀 × 𝑁], 
represent the transfer functions at frequency  𝜔 from a dense grid of N source locations, 

equidistributed on the surface of a sphere, to M microphones in a compact array. The HRTF 

vector 𝒅(𝜔) represents HRTFs for one ear, for the same N source locations, and has size [1 × 𝑁]. 
The ear index is left out to simplify the notation. A least-squares optimization problem can then be 

formulated to obtain a filter 𝒇(𝜔) that weighs the microphone signals together to obtain an ear signal, 

according to 

min
𝒇(𝜔)

𝜖(𝜔) = ‖(𝒇(𝜔)𝑩(𝜔) − 𝒅(𝜔)) ‖2 (6) 

where the filter 𝒇(𝜔) has dimensions [1 × 𝑀]. 
A condition for a small error 𝜖(𝜔) is that 𝒅(𝜔) is in the row space of 𝑩(𝜔), which is contingent 

on both the configuration of the microphone array and the spatial complexity of the target HRTF 

responses. Additional insight into the problem is provided by decomposing  𝒅(𝜔) into a surface 

spherical harmonics series approximation [24]. SHs form a complete set of orthogonal spatial basis 

functions on the sphere and 𝒅(𝜔) can be approximated by a sum on the form 

𝒅(𝜔) ≃ ∑ ∑ 𝑑𝑛𝑚(𝜔)

𝑛

𝑚=−𝑛

𝑁𝐴

𝑛=0

𝒚𝑛𝑚 (7) 

where 𝒚𝑛𝑚 has size [1 × 𝑁] and represents a real-valued SH basis function of order n and index m 

that is sampled in the N discrete directions. The coefficients 𝑑𝑛𝑚(𝜔) are obtained by a discrete 

spherical harmonic transform (SHT), also referred to as a spherical Fourier transform [25]. The sum 

is truncated at order 𝑁𝐴, giving a total of (𝑁𝐴 + 1)2 terms. In the filter optimization problem above, 

it is evident that if the number of terms with significant energy in the decomposition of  𝒅(𝜔) is 

much larger than the number of microphones M, i.e., the dimension of the row space of 𝑩(𝜔), the 

error 𝜖 will be large.  

A useful tool for analyzing the spatial complexity of HRTFs is to calculate the SH-

order  𝑁𝐴 needed to represent a major part of the energy of the HRTFs. Using the definition of 

effective SH-order from [26], Figure 4 shows the SH-order necessary to represent 95% of the energy 
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Figure 3 – HRIRs for direction (𝜑 = 60°, 𝜃 = 0°), a) before, and b) after phase modification.  



 

 

in the KU100 HRTFs with and without the proposed phase modification, for different values of the 

phase shift parameter 𝜓𝑚𝑎𝑥. The unmodified KU100 HRTFs require at least SH-order 30 to represent 

95% of the energy over the full audible spectrum, corresponding to 961 terms in the SH-series. This 

indicates that an infeasible number of microphones would be required for a low error 𝜖(𝜔) with the 

unmodified HRTFs. With the phase modification, the HRTF phase response changes more slowly 

and smoothly with direction which results in a significant reduction in effective SH-order. The 

effective SH-order is proportional to 𝜓𝑚𝑎𝑥 and setting 𝜓𝑚𝑎𝑥 = 0° gives the lowest effective order. 

This solution is referred to as “magnitude only” in [12] where it can be observed to give a lower 

effective order than the TA method discussed in the introduction. Setting 𝜓𝑚𝑎𝑥 = 70° gives just a 

slight increase in effective order over 𝜓𝑚𝑎𝑥 = 0°, but as seen in the previous section, has a strong 

positive effect on diffuse-field IC.  

 In summary, the reduction in HRTF effective SH-order enables the use of fewer microphones in 

the discussed filter design problem, for a given magnitude of the error 𝜖(𝜔). An alternative filter 

design method is to reformulate the optimization problem in eq. (6) as a magnitude least-squares 

problem [4,11], c.f. the MagLS method discussed previously. This makes HRTF phase pre-

processing redundant, and potentially gives further reduction in ear spectrum magnitude error. In 

comparison, our method yields pre-processed HRTFs explicitly and with the desired diffuse-field 

properties. This leads to low implementational complexity in the present ly discussed application. 

The method also has further applications, as seen in the following sections.   

Figure 4 – SH-order sufficient for representing 95% of energy of modified KU100 HRTF set, versus phase 

offset parameter 𝜓𝑚𝑎𝑥. 

3.2 Virtual Source Panning 

Binaural rendering of amplitude-panned virtual sources is another application where pre-

processing of HRTF phase is useful. Simulating virtual speaker layouts using HRTFs enables 

binaural rendering of speaker-based methods for virtual source panning, such as vector-base 

amplitude panning (VBAP) [2,27]. And naturally, virtual speaker layouts are used in binaural 

rendering of channel-based audio formats. 

Interpolation of HRTFs is a field of research concerned with obtaining HRTF responses in 

between a set of measured directions. Virtual speaker based rendering of amplitude-panned virtual 

sources can be seen as a simple method for HRTF interpolation [1]. As an example, we consider 

virtual source rendering between a pair of virtual speakers in the horizontal plane at azimuths 𝜑 =
0° and 𝜑 = 12°. The response of the left ear signal then becomes 

𝐻𝑣,𝑙(𝜔) =  𝑔1HRTF𝑙(𝜑 = 0°, 𝜃 = 0°, 𝜔) + 𝑔2HRTF𝑙(𝜑 = 12°, 𝜃 = 0°, 𝜔), (8) 

where 𝑔1 and 𝑔2 are panning gains. The above expression is analogous to linear interpolation of the  

adjacent complex HRTF spectra. Interpolating the complex HRTF spectra directly, however, is 

known to give rise to spectral artifacts, and methods such as separate treatment of HRTF magnitude 

and phase are typically used [1]. HRTF interpolation in the SH-domain is an alternative approach 

where HRTF phase pre-processing has been employed successfully to reduce the required number of 

measured directions [14,26,28].  

Figure 5 shows the resulting spectrum when evaluating eq. (8) using 𝑔1 =  𝑔2 = 0.5  for the target 

 



 

 

virtual source direction 𝜑 = 6° , and using KU100 HRTFs with and without phase modification 

(using 𝜔𝑙𝑖𝑚 = 2 kHz, 𝜓𝑚𝑎𝑥 = 200°). With unmodified HRTFs, large coloration is observed with a 

drop in energy at high frequencies. This occurs due to the time delay difference between the 

unmodified HRTFs, with their complex summation leading to comb filtering effects. With modified 

HRTFs, the virtual source coloration is effectively reduced since the modified HRTF phase response 

changes slowly with direction so that the virtual speakers are essentially in phase at the ears.  

As mentioned, advanced HRTF interpolation methods can minimize coloration artifacts, but such 

methods are typically more computationally costly to implement in real-time for multiple moving 

sources compared to virtual speaker based rendering. A method was recently proposed for reducing 

coloration in virtual speaker based rendering, employing separate treatment of ITD for each virtual 

sound object [29]. However, the above example shows that HRTF phase pre-processing can also 

reduce coloration in this application, with no extra implementational complexity over plain virtual 

speaker based rendering. No knowledge of sound object positions is required, and thus coloration 

can also be reduced in binaural rendering of channel-based audio formats, as discussed next.   

Figure 5 – example of effect of phase modification on virtual-speaker based HRTF interpolation. Black 

line: left ear magnitude response for sum of HRTFs at azimuths 𝜑 = 0° and 𝜑 = 12°, elevation 𝜃 = 0°. 

Red line: target response, HRTF at 𝜑 = 6°. Blue line: HRTF sum with phase modification.   

3.3 Rendering of Stereo Material 

We will now analyze a particular case of binaural rendering of channel-based material on a 

symmetric stereo setup in the horizontal plane, with virtual speakers at azimuths ±𝜑𝑠𝑝𝑘, and show 

that the proposed HRTF phase modification can reduce comb-filtering effects for a center-panned 

virtual source, while improving IC for uncorrelated speaker signals. Since the reference diffuse-field 

IC is close to zero at high frequencies where the HRTF phase modification is applied, the phase 

offset parameter 𝜓𝑚𝑎𝑥 should be selected so that uncorrelated speaker signals, representing diffuse 

sound, results in close to zero IC. In this example, a suitable selection of 𝜓𝑚𝑎𝑥  can be found 

analytically with the following reasoning. According to eq. (3), the HRTF constant phase offset for 

the speaker locations is equal to 

𝜓𝑠 = 𝜓𝑚𝑎𝑥 sin( ±𝜑𝑠𝑝𝑘). (9) 

Using the simplifying assumption that the HRTFs for both ears are left-right symmetric, the 

HRTF for the ipsilateral (near-side) speaker is on the form |𝐻𝑖|𝑒−𝑗(𝜔𝜏𝑚−𝜓𝑠) and for the contralateral 

(far-side) speaker on the form |𝐻𝑐|𝑒−𝑗(𝜔𝜏𝑚+𝜓𝑠). The HRTFs from the two speakers to the ears can 

then be modeled with the matrix  

𝑫𝑠𝑝𝑘(𝜔) = [
|𝐻𝑖|𝑒𝑗𝜓𝑠 |𝐻𝑐|𝑒−𝑗𝜓𝑠

|𝐻𝑐|𝑒−𝑗𝜓𝑠 |𝐻𝑖|𝑒𝑗𝜓𝑠
] 𝑒−𝑗𝜔𝜏𝑚  . (10) 

According to eq. (5), IC is proportional to the off-diagonal element 𝑃1,2(𝜔) of the ear signal 

covariance matrix defined by eq. (4). Inserting 𝑫𝑠𝑝𝑘(𝜔) into eq. (4), with 𝑾 set to the identity 

matrix, one obtains 

𝑃1,2(𝜔) = |𝐻𝑖||𝐻𝑐|(𝑒𝑗2𝜓𝑠 + 𝑒−𝑗2𝜓𝑠) = 2|𝐻𝑖||𝐻𝑐| cos 2𝜓𝑠 . (11) 



 

 

This expression is minimized for 𝜓𝑠 = 45°. From eq. (9) we see that to minimize IC, 𝜓𝑚𝑎𝑥 should 

therefore be chosen as 𝜓𝑚𝑎𝑥 = 45°/ sin( 𝜑𝑠𝑝𝑘).  

Figure 6 illustrates the effect of the HRTF phase modification on stereo reproduction using 

virtual speakers at 𝜑𝑠𝑝𝑘 = ±30° , 𝜔𝑙𝑖𝑚 = 1.5 kHz and with 𝜓𝑚𝑎𝑥 = 90°  chosen to minimize IC. 

Figure 6a shows IC for uncorrelated speaker signals, evaluated using eq. (5), for modified and 

unmodified HRTFs. The phase modification results in a significant lowering of IC at high 

frequencies. This indicates improved sound quality when reproducing diffuse signal components in 

stereo music. Informal listening to a simulated stereo setup with the discussed parameters confirms 

that the phase modification leads to an increased sensation of spaciousness when listening to 

uncorrelated white noise input signals. 

Figure 6b shows the left ear magnitude spectrum for center-panned correlated material. Problems 

with comb filtering effects in virtual source panning on speaker setups are well known [30,31]. The 

magnitude response for the unmodified HRTFs has a characteristic comb-filtering notch at around 

1.7 kHz. Applying the proposed HRTF phase adjustment, with a slightly lower threshold frequency 

of 𝜔𝑙𝑖𝑚 = 1.5 kHz, results in the removal of the notch, which suggests a reduction in perceived 

coloration for center-panned material. 

Figure 6 – Effect of HRTF phase modification for virtual stereo speaker reproduction, a) IC for 

uncorrelated speaker signals b) ear spectrum for center panned source. 

4. PERCEPTUAL EVALUATION 

 In this section, the perceptual effect of the HRTF phase modification is evaluated in isolation to 

indicate the perceptual impact it may have primarily in the application of binaural signal estimation 

from microphone arrays. Previous research on HRTF phase modifications indicates that the anechoic 

single-source scenario is a benign case where the suggested modification is likely to be close to 

transparent if the transition frequency 𝜔𝑙𝑖𝑚 is selected high enough [4,10]. There is also reason to 

believe that the modification is close to transparent for the ideal diffuse-field case if the phase offset 

parameter 𝜓𝑚𝑎𝑥 is chosen so that diffuse-field IC is perceptually similar to that of the unmodified 

HRTFs [16]. With this motivation, we use a basic image source room model [32] to simulate BRIRs 

for more complex sound fields. The BRIRs were synthesized by calculating a set of image source 

positions and rendering each image source individually using an HRTF. A listening test was then 

conducted to evaluate the perceptual difference between BRIR sets based on modified and 

unmodified HRTFs.  

Figure 7 – Geometry of simulated rooms (note different scales). Listening positions are marked with  

crosses, speaker positions with circles. 

 
a) 

 
b) 

  

Large room Small room 



 

 

The room model simulates an omnidirectional loudspeaker in a rectangular room, using wall 

reflection factor 0.8 and image source order 20. The speaker response was modeled with a 1st order 

Butterworth high-pass filter at 50 Hz. Two rooms were simulated. The first, referred to as “Large 

room”, using dimensions (x=5, y=5.5, z=4) in meters, speaker position (x=3.65, y=3.9, z=2.15) and 

listening position (x=2.65, y=2.9, z=2.15). The second, referred to as “Small room”, represents a car 

cabin with dimensions (x=3, y=1.6, z=1.4), speaker at the room boundary at (x=3, y=1.45, z=0.8) 

and listening position at (x=2, y=1.15, z=0.8), representing the driver seat. The geometries of the 

rooms are illustrated in Figure 7, and Figure 8 shows the time-magnitude responses of the simulated 

room impulse responses (RIRs). 

Figure 8 – Simulated RIRs.  

4.1 Listening Test 

The listening test followed a MUSHRA-like procedure (ITU-R BS.1534-3). A group of 10 

subjects with some prior experience of listening tests, median age 35.5 years, and self-reported 

normal hearing participated. The subjects' task was to listen, using headphones, to a test signal 

filtered with different BRIR alternatives, including a hidden reference and anchor, and judge the 

total perceived difference (including timbral and spatial dimensions) between the presented 

alternatives and the reference. The reference BRIR was based on unmodified HRTFs, and the other 

alternatives were based on HRTFs with the proposed phase pre-processing using different 

parameters. The rated alternatives are labeled as follows:  

 

• Ref   Unmodified (reference) 

• 200°   Modified, 𝜔𝑙𝑖𝑚 = 2 kHz, 𝜓𝑚𝑎𝑥 = 200° 
• 70°   Modified, 𝜔𝑙𝑖𝑚 = 2 kHz, 𝜓𝑚𝑎𝑥 = 70° 
• 0°    Modified, 𝜔𝑙𝑖𝑚 = 2 kHz, 𝜓𝑚𝑎𝑥 = 0° 
• No-ITD Modified, 𝜔𝑙𝑖𝑚 = 0 kHz, 𝜓𝑚𝑎𝑥 = 0° (anchor) 

 

Both the 200° and 70° alternatives have parameters chosen to target perceptual transparency for 

both single-source anechoic and diffuse sound fields, while the 0° alternative is expected to audibly 

increase IC for diffuse sound field components. The anchor No-ITD has parameters chosen to 

remove all ITD and interaural phase differences over the whole frequency range and is thus 

expected to sound very different compared to the reference.  

The test signal consisted of an excerpt (47-58s) from the song Jaded by Takida from the album 

Make You Breathe. It contains drums, distorted guitar, and song and was selected because it 

accentuated audible differences between the rated alternatives in informal listening. The test signal 

was filtered with a 4th order Butterworth high-pass filter with cut-off frequency 400 Hz, to increase 

listener attention to the frequency range affected by the HRTF pre-processing.  

A MATLAB GUI was used for playing test signals and collecting subject responses . The 

headphone model was Grado SR80e. The subjects received written instructions on how to perform 

the test, which consisted of two trials, one for each room condition. In each trial , the subjects were 

presented with the filtered music samples corresponding to the five HRTF pre-processing 

alternatives and could compare directly with the reference. Ratings were given using GUI sliders 

which had a numerical range from 0 (labeled ”Severe difference”) to 100 (labeled ”No difference”). 

The test started with a training phase where the subjects listened to all processed sound samples to 

get familiar with the audible differences between them. They were asked to use the same subjective 
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scale for their ratings in both trials.   

The resulting median ratings for the large and small rooms together with non-parametric inter-

quartile-range (IQR) based 95% confidence intervals [33] are shown in Figure 9. For the large room, 

both the 200° and 70° alternatives are rated very close to the reference, while the 0° alternative 

received a lower rating. The HRTF phase modification has a larger perceptual impact for the small 

room, where the ratings for all processed alternatives indicate a relatively large difference to the 

reference. For the small room, the 200° alternative is rated significantly higher than the 

70° alternative (Wilcoxon signed-rank test on paired data, p≤0.005). 

Figure 9 – Median ratings of BRIR alternatives, indicating overall perceived difference to reference. IQR-

based 95% confidence intervals. 

4.2 Discussion 

The listening test result shows that the perceptual impact of the HRTF phase modification 

depends on the characteristics of the sound field, and it can range from close to transparent to large. 

A detailed analysis of the auditory cues that lead to the large difference for the small room is outside 

the scope of this article. We can observe, however, that the RIR of the small room lacks a distinct 

direct sound and has its energy concentrated in the early part of the RIR, which is dominated by 

strong discrete reflections. The large room RIR has, in comparison, a larger proportion of its energy 

in the direct sound and a slower decaying diffuse tail. A hypothesis is therefore that sound fields that 

are dominated by strong early reflections constitute a worst-case scenario with respect to perceptual 

transparency of the HRTF phase modification. 

With the HRTF phase modification, reflections arriving from different directions sum with 

different phase relationships at the ears compared to with unmodified HRTFs, which can lead to 

spectral differences at the ears (c.f. section 3.2). The average ear spectra for the large and small 

room BRIRs, for the Ref and 70° alternatives, are shown in Figure 10. The spectral effect of the 

HRTF phase modification is seen to be larger for the small room. This is probably attributed to the 

structural dominance of strong non-diffuse reflections arriving close in time in the small room RIR.  

Figure 10 – Power spectrum average for both ears, for a) large room b) small room BRIRs. Black lines: 

unmodified HRTFs. Blue lines: with HRTF phase modification. Using 𝜓𝑚𝑎𝑥 = 70° and 1/8-octave 

smoothing. 
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5. CONCLUSIONS 

A simple parametrized formulation of HRTF phase pre-processing was presented, which reduces 

the HRTF spatial phase variability above a threshold frequency, while giving correct diffuse -field IC 

with adequately chosen parameters. Reduced HRTF spatial phase variability translates to reduced 

effective SH-order of the HRTF data set. For the application of linear filter design for binaural 

signal estimation from microphone arrays, this leads to fewer required microphone channels. 

Furthermore, the HRTF phase adjustment reduces comb-filter effects when simulating amplitude 

panning on virtual speaker setups. As a particular case it was proposed to be useful in binaural 

reproduction of channel-based stereo material on a virtual stereo speaker setup, combining reduced 

comb-filtering coloration of amplitude-panned virtual sources with reduced IC for diffuse signal 

components. 

The perceptual impact of the proposed phase modification for complex sound fields was 

investigated under simulated reverberant conditions in a listening test. The results show that the 

audible impact depends strongly on the structural composition of the sound field, ranging from close 

to transparent for the simulated large room to a large perceived difference for the  simulated small 

room. These results have implications for other HRTF phase pre-processing methods as well that 

reduce HRTF spatial phase variability, demonstrating that it is not sufficient in all cases that the 

HRTF phase pre-processing is designed to be transparent for the anechoic and diffuse-field cases. If 

a sound field has a major proportion of its energy in multiple correlated sources at different spatial 

locations, HRTF phase modification can easily alter the physical interaction of the sources at the 

ears in an audible way. The large perceptual impact observed for the simulated small room may be 

somewhat of an extreme case however, and in practice, there are many scenarios where the phase 

modification likely has a small perceptual impact or at least does not impact the “plausibility” 

aspect of reproduction negatively. 

Suggestions for future work include a more comprehensive analysis of HRTF phase pre-

processing in the application of virtual source panning on 3D virtual speaker layouts, a direct 

comparison with other HRTF pre-processing methods in the application of binaural rendering of 

microphone array recordings, and application of perceptual models for predicting the perceptual 

impact of the proposed phase modification under reverberant conditions. 
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orchestra natural and realistic using immersive audio 
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ABSTRACT 

The advanced multichannel audio system for reproduction of a live sound field with the ultimate sensation 

of presence was developed to naturally reproduce the frontal sound stage of an orchestra recorded in a concert 

hall. This sound system enabled the study to find the essential factors to make the music recording and 

reproduction more natural and realistic in immersive audio. Subjective evaluation experiments using the 

Semantic Differential method were conducted with 61 listening participants. The results of this evaluation 

show that three essential factors to make the recording and reproduction more natural and realistic are not-

biased reproduction in left-right and depth direction, having the appropriate reflections and reverberation, 

and having a good sense of depth. 

 

Keywords: Recording and reproduction of music, Immersive audio, High-realistic audio 

1. INTRODUCTION 

Immersive audio has been becoming popular for consumers to listen to music. Classical music is 

suitable for enjoying the various benefits of immersive audio, and various microphone techniques for 

music recording in the reverberant sound field with immersive audio have been proposed (1). This 

paper uses the terms "immersive audio" and "immersive sound" for three-dimensional audio and three-

dimensional sound, respectively; e.g., the three-dimensional sound reproduced by the 22.2 

multichannel sound system (2).  

An immersive sound system has several advantages over the conventional two-channel stereo and 

surround sound systems. Research on microphone technique for recording an orchestra in a concert 

hall showed the immersive sound system was rated significantly better than two-channel stereo and 

surround sound systems for the impression of depth, width, elevation, direction, reverberation, space, 

envelopment, and presence. This result suggests that the immersive sound system provided a better 

three-dimensional spatial sound than two-channel stereo and surround sound systems (3). However, it 

is still necessary to carry out further research to make an impression on the performance of an 

orchestra in a concert hall reproduced by the immersive sound more similar to that of actual 

performance in terms of naturalness, realism, and presence.  

Various three-dimensional sound systems are specified by the ITU-R Recommendation (4); 

however, they are unsuitable for this research because they have constraints concerning reality, 

naturalness, presence, and adequate listening area. It is also not easy or possible to use the actual 

performance of an orchestra in this kind of research. Therefore, the sound reproduced by the advanced 

multichannel audio system for reproducing a live sound field with the ultimate sensation of presence 

(AMALS) is used for the subjective evaluation discussed in this paper (5, 6). 

This paper will discuss important factors making the recording and reproduction of immersive 

audio of the orchestra natural and realistic using the author's previous research results (3, 5, 6, 7). 

2. ADVANCED MULTICHANNEL AUDIO SYSTEM FOR REPRODUCING A LIVE 

SOUND FIELD WITH THE ULTIMATE SENSATION OF PRESENCE 

Three-dimensional multichannel audio, such as the 22.2 multichannel sound system, can widen the 

listening area; however, there are still certain restrictions concerning the appropriate listening area. 
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As shown in Figure 1, if we hear a sound at the very left or right, the sound stage is easily strained 

and moves to one side in front of the listening position. The vast and natural sound stage can quickly 

disappear if we approach the frontal loudspeaker. In these cases, the depth of the frontal sound stage 

also decreases. In a symphony orchestra concert, the listening impression from the sound stage is 

maintained at all seats, although its width and depth change according to the listening position.  

 

Figure 1 – Impression of sound field differs significantly between (left) the center listening position and 

(right) the off-center listening position in the conventional three-dimensional multichannel sound system 

Therefore, the advanced multichannel audio system for reproducing a live sound field with the 

ultimate sensation of presence (AMALS) was developed to let many listeners experience an 

orchestra's authentic and natural sound simultaneously.  

 The main microphone is basically used to capture the overall sound of an orchestra in conventional 

recording, as shown in Figure 2 - upper left. The main microphone's sound feed is usually reproduced 

by several loudspeakers, which are placed symmetrically and at the same distance in front of the 

listener. Therefore, the proper listening area is limited to a small sweet spot, and the listener is not 

allowed to approach any of the frontal loudspeakers. On the other hand, as shown in Figure 2 – lower 

left, the microphone techniques for AMALS use several microphone groups to capture the sound of 

each musical-instrument group, such as strings, wind, and percussion. Then each grouping sound is 

reproduced by several rows of loudspeakers. Figure 2 right shows the reproduction system for AMALS. 

This system provides an extensive and natural frontal sound stage compared to the conventional 

multichannel sound system. Even if the listener approaches the frontal row of loudspeakers, the 

impression of the sound stage is maintained the same as with the actual orchestral performance.  

 

Figure 2 – (Left) microphone technique for the (upper) 3D multichannel sound system and (lower) 

AMALS, and (right) reproduction system of AMALS consists of several rows of loudspeakers in front of 

the listening area, and loudspeakers arrays surround the listening area. 

Therefore, AMALS can simulate the impression of an orchestra as like the actual performance of 

an orchestra in a concert hall, and it is an appropriate sound system to study the essential factors 



 

 

making the recording and reproduction of the orchestra natural and realistic . 

3. SUBJECTIVE EVALUATION EXPERIMENT USING AMALS 

3.1 Purpose of Subjective Evaluation Experiments 

The purpose of this subjective evaluation experiment is to find the critica l factors making the 

recording and reproduction of the orchestra natural and realistic using immersive audio.  

3.2 Stimuli for the Subjective Evaluation 

Two different orchestral pieces (Music A and Music B) were used as stimuli for the subjective 

evaluation. Music A is a newly composed orchestra piece played by strings, winds, percussion, and a 

harp. This piece is composed as a variation of a familiar melody to Japanese people. The melody is 

played by different musical instruments alternately so that listeners w ill know which instruments are 

being played and easily perceive each musical instrument's position. Music B is the overture from 

"Rouslan et Ludmila" composed by Glinka. The orchestra used for recording the stimuli consisted of 

seven 1st violins, six 2nd violins, five violas, four cellos, two contrabasses, two flutes, two oboes, 

two clarinets, two fagots, one contra-fagot, four horns, two trumpets, three trombones, timpani, 

percussions including vibraphone and a harp. 

Figure 3 shows the fourteen stimuli with different placement of instruments of an orchestra on the 

stage created by AMALS for this subjective evaluation. Reproduction formats 1 and 2 are standard 

placement of instruments, where format one does not use the loudspeakers array and format two does.  

The actual performance of an orchestra cannot realize other placements. However, AMALS enables 

these for this subjective evaluation. For example, all instruments can be placed far from listeners in 

formats 5 and 6, and all are placed biased on the left in formats 7 and 8. 

 

Figure 3 – Fourteen stimuli with different placement of instruments of an orchestra on the stage created by 

AMALS for this subjective evaluation. The reproduction format of odd numbers reproduces the reflections 

and reverberation from the loudspeakers array; that of even numbers does not. 

3.3 Subjective Evaluation Method 

The Semantic Differential (SD) method (8) was used in this subjective evaluation. Participants 

were asked to state their impression based on an evaluation scale (1-2-3-4-5-6-7) for twenty-six pairs 

of evaluation attributes. Each pair contained two evaluation terms with opposite meanings, such as 

natural and unnatural. For instance, to evaluate between natural and unnatural, participants were asked 

to select a score from 1 to 7, where 1 means very natural, 2 means fairly natural, 3 means slightly 

natural, 4 means neither not natural nor unnatural, 5 means slightly unnatural, 6 means fairly unnatural, 

and 7 means very unnatural. Sixty-one participants, including 38 students from universities of music, 

twenty-one students from audio engineering, and two audio professionals, joined this subjective 

evaluation. This paper discusses the results of this evaluation on only three attributes of naturalness, 

reality, and presence. 



 

 

4. IMPORTANT FACTORS MAKING THE RECORDING AND REPRODUCTION 

OF AN ORCHESTRA NATURAL AND REALISTIC 

Important factors making the recording and reproduction of an orchestra natural and realistic are 

discussed from the results of subjective evaluation using AMALS.  

4.1 Biased in the Left-right or Depth Direction 

Figure 4 shows how much the impression of reality, naturalness, and presence is affected when the 

orchestral reproduction is biased in the left-right or the depth direction. Placement of instruments 

biased in the left or front makes the impression of reality, naturalness, and presence worse, but 

placement biased in the center with depth does not affect these impressions.  

 

Figure 4 – Results of SD evaluation concerning real, natural, and presence attributes on music A with 

loudspeakers array. This figure shows the mean value of rating on each attribute for different reproduction 

formats with a 95% confidence interval. 

Figure 5 shows that the placement of instruments biased in the left or front makes the impression 

of reality, naturalness, and presence worse even without reflections and reverberation reproduced by 

loudspeakers array. It also shows that rating on all attributes slightly worsens without reflections and 

reverberation compared to Figure 3. Therefore, a spatial impression created by reflections and 

reverberation is essential for naturalness, reality, and presence.  

 

Figure 5 – Results of SD evaluation concerning real, natural, and presence attributes on music A without 



 

 

loudspeakers array. This figure shows the mean value of rating on each attribute for different reproduction 

formats with a 95% confidence interval.  

4.2 Appropriate Reflections and Reverberation 

Figure 6 shows that participants feel reality, naturalness, and presence well if the placement of 

instruments is not biased in the left-right direction. This result reveals that the reproduction of the 

performance of the orchestra should not be biased in the left-right direction. 

 

Figure 6 – Results of SD evaluation concerning real, natural, and presence attributes on music B with 

loudspeakers array. This figure shows the mean value of rating on each attribute for different reproduction 

formats with a 95% confidence interval.  

Figure 6 and 7 shows that reproduction format 5 is significantly better in reality, naturalness, and 

presence than format 6. These results also reveal that a sense of depth is essential for these attributes 

because reproduction format 6 has no reflections and reverberation reproduced by loudspeakers array. 

It means that a proper sense of depth needs the appropriate reflections and reverberation according to 

the position of instruments in the depth direction.  

 

Figure 7 – Results of SD evaluation concerning real, natural, and presence attributes on music B without 

loudspeakers array. This figure shows the mean value of rating on each attribute for different reproduction 

formats with a 95% confidence interval. 



 

 

Figure 8 presents the placement of instruments biased in the far direction but not in the left -right 

direction, which makes participants feel less of reality, naturalness, and presence when it has no 

appropriate reflections and reverberation. This result supports the discussion regarding Figures 6 and 

7. Therefore, as mentioned above, appropriate reflections and reverberation are essential to reproduce 

the performance of an orchestra with a good sense of reality, naturalness, and presence.  

 

Figure 8 – Results of SD evaluation concerning real, natural, and presence attributes on music B with or 

without loudspeakers array. This figure shows the mean value of rating on each attribute for different 

reproduction formats with a 95% confidence interval. 

4.3 Sense of Depth 

Figure 9 shows that reproduction format 14 makes participants feel less of reality, naturalness, and 

presence. Reproduction formats 13 and 14 have the reverse replacement of instruments against the 

standard replacement in the depth direction. Format 14 can make participants l isten to each instrument 

more clearly than format 13 because format 14 has no additional reflections and reverberation 

reproduced by the loudspeakers array. This result shows that the unnatural placement of instruments 

worsens the impression of reality, naturalness, and presence. It also means the sense of depth is 

essential for the recording and reproduction of an orchestra.  

 

Figure 9 – Results of SD evaluation concerning real, natural, and presence attributes on music B. This 

figure shows the mean value of rating on each attribute for different reproduction formats with a 95% 



 

 

confidence interval. 

5. DISCUSSIONS 

From the discussion of subjective evaluation results, it is evident that the reproduction of orchestral 

instruments biased in a left-right direction makes the impression of reality, naturalness, and presence 

worse. As described in chapter 2, a conventional three-dimensional multichannel sound system has an 

issue of the limited appropriate listening area. It can cause this problem easily if the listener s listen to 

the reproduction, not at the central position in the listening area. Therefore, it is necessary to have 

further research to widen the appropriate listening area of a three-dimensional multichannel sound 

system and improve the microphone techniques for recording an orchestra in immersive sound.  

Results also show that it is crucial to have adequate reflections and reverberation in the 

reproduction of the recorded sound of an orchestra to realize the impression of naturalness. Previous 

research reveals that a three-dimensional sound system with the appropriate microphone techniques 

can improve the sense of spatial impression of the performance of an orchestra in a concert hall (3). 

Therefore, the improvement of the naturalness can be realized in the conventional immersive sound 

system through careful recording and reproduction.  

It is also revealed that an appropriate sense of depth can improve the naturalness, reality, and the 

presence of the recording and reproduction of an orchestra in a concert hal l. However, it is still a big 

issue to reproduce the transparent sound images having the natural impression of depth in a 

conventional immersive sound system. AMALS can do this easily because it has a few rows of 

loudspeakers in front of the listeners. Therefore, it must rely on the more appropriate microphone 

technique to achieve this with a conventional immersive sound system.  

Regarding the issues of conventional immersive sound systems with loudspeakers described above, 

it might be an excellent option to use headphones and earphones to achieve the more natural 

reproduction of an orchestra compared with loudspeakers by using appropriate binaural rendering 

technologies and by making the physical acoustic characteristics on headphones and earphones 

appropriate.   

6. CONCLUSIONS 

This paper shows that three essential factors making the recording and reproduction of the 

orchestra natural and realistic using immersive audio are not-biased reproduction in left-right and 

depth direction, having the appropriate reflections and reverberation, and having a good sense of depth. 

However, there are still several issues with a conventional immersive sound system to achieve these 

factors. 

The advanced multichannel audio system for reproducing a live sound field with the ultima te 

sensation of presence (AMALS) can be the appropriate tool for further study to realize the next-

generation immersive sound recording and reproduction system which can reproduce the sound of an 

orchestra in a concert hall more natural and realistic with an excellent sense of presence. 
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ABSTRACT 

To clarify the nature of the vinyl record-like sound, a comparison between vinyl record and high-resolution 

audio and between vinyl record and simulated vinyl record audio is carried out using subjective and objective 

evaluations. In the subjective evaluation, the degree of similarity with the vinyl record is evaluated on a 10-

point scale using listening experiments. The objective evaluation uses a coherence function to assess spectral 

similarity. The results of the study show the validity of the simulated vinyl record audio. It is also suggested 

that the sound was rated as like the vinyl record, even though the spectral similarity was not high. 

Keywords: Coherence Vinyl Record High-Resolution Audio 

1. INTRODUCTION 

Recent developments in information technology have made it easier to handle sound sources with 

large data sizes. As a result, high-resolution audio, which has a larger data size than the conventional 

CD sound source standard in terms of sampling frequency and quantisation bit number, has appeared, 

expanding the range of people's musical experiences. On the other hand, the popularity of vinyl record, 

which became popular in Japan around 1940, has remained strong throughout the world, and there are 

still users who listen to music using record players. One reason for this is that they have a warm sound 

that digital sound sources do not have [1]. However, the advantages of non-recorded sound sources 

cannot be enjoyed because they cannot be played on a record player. Therefore, as a method for 

processing digital sound sources and converting them to sound as if they were played on a record 

player, we proposed a method that attempts to convert digital sound sources into  simulated vinyl 

record by convolving the average of the differences between the record and high-resolution audio [2]. 

The results of the listening experiment showed a validity of the method but could not indicate where 

the nature of the records lay. In this report, to clarify the nature of vinyl record-like sound, a 

comparison of vinyl record with high-resolution audio, and discrimination between vinyl record and 

simulated vinyl record audio were performed by using subjective and objective evaluations. As a 

subjective assessment, if the similarity of the simulated vinyl record audio to the vinyl record is higher 

than that to the high-resolution audio, this suggests that the simulated vinyl record audio in this report 

has a factor to produce the vinyl record-like sound. As an objective assessment, the spectral similarity 

was evaluated using the coherence function. Comparison of the two evaluations makes it clear whether 

they were evaluated as record-like because of spectral similarity or other factors. 

2. PROPOSAL FOR SIMULATED VINYL RECORD AUDIO 

2.1 Acquiring sound sources 

2.1.1 Recording of vinyl record 

The music used in this experiment was 'Love me or Leave me' by Anita O'Day, released in 1957. A 

vinyl record of the music was set in a record player (DENON, DP-29F), output as an analog signal 

from the RCA output terminals, captured into a PC (MSI, Prestige15) using an audio interface (Roland, 
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Quad Capture), and recorded on the PC using the recording software Audacity installed in the PC. The 

audio is recorded with a sampling frequency of 48 kHz and a quantisation precision of 24  bits using 

the recording software Audacity installed on the PC. The cable used to connect the PC and the audio 

interface was a USB 2.0 cable (Sanwa Supply, e87647-dg). The sampling frequency and quantisation 

precision were recorded with the same specifications as for high-resolution audio quality (48 kHz/24 

bits). The vinyl record audio was obtained in this way. 

2.1.2 Acquiring high-resolution audio 

The high-resolution audio was obtained from the music distribution service 'mora' with a sampling 

frequency of 192 kHz and a quantisation precision of 24 bits for the same music as in 2.1.1. 

2.2 Adjustment of waveform length 

To align the start times of the vinyl recordings and the high-resolution audio, the start times of the 

two sound sources were visually aligned using a waveform editor. However, it was confirmed that the 

time lengths of these two sound sources were different. The reason for this can be attributed to the 

stability of the rotational speed of the record disc. In other words, it was considered difficult to avoid 

differences in waveform length after recording. Therefore, it was necessary to perform time expansion 

and contraction on the pre-recorded digital waveform, so the time length was adjusted for the high-

resolution audio. This adjustment uses a spline interpolation and an FIR anti-aliasing low-pass filter. 

2.3 Average of spectral differences 

Using the vinyl record and high-resolution audio for the same music, the amplitude spectrum is 

obtained by Fourier transform [3]. The difference in the amplitude spectrum is then obtained between 

the two waveforms. Here, the window length is set to 1 sec. This process is carried out for the entire 

piece and their average is obtained. This flow is shown in Equations (1) to (4). 
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, where N is the number of sample points used for the FFT (Fast Fourier Transform) of 48000 (1000 

[ms])with zero-padding, ＸR is the spectrum of the vinyl record obtained from the record disc, xR(n) 

is the time waveform of the vinyl record, XH is the spectrum of the high-resolution audio, xH(n) is the 

time waveform of the high-resolution audio, D(k) is the difference between the amplitude spectra of 

the two sources, and F(k) is the average over the whole piece of D(k). The real part of F(k) and the 

imaginary part of XR(k) are then used to obtain G(k). This is shown in equation (5). 

𝐺(𝑘) = Re(𝐹(𝑘)) + Im (𝑋R (𝑘)) (5) 

G(k) is then inverse Fourier transformed to obtain w(n). This is shown in equation (6). 
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The obtained w(n) is convolved with the high-resolution sound source to obtain a simulated vinyl record 

audio This is shown in equation (7). 



 

 

𝑝(𝑛) = ∑ 𝑋H(𝑘)𝑤(𝑛 − 𝑘)

𝑁

𝑘=0

 (7) 

2.4 Adjustment of parameters 

2.4.1 High-Frequency Exaggeration (HFE) 

The method described in 2.3 emphasises the low frequencies and low reproducibility of the high 

frequencies. Therefore, a process to emphasise the energy of high frequencies is carried out: a straight -

line L(k) is added to the average of the differences in the amplitude spectrum of the vinyl re cord and 

high-resolution audio, connecting the highest value of the average of the differences and the origin. 

The high-frequency enhancement process is shown in equations (8) and (9).  

𝐿(ｋ) = max (𝑋(𝑘)
𝑘

𝑁
) (8) 

𝑋(ℎ) ≜
|𝑋(𝑘)| + 𝑙|𝐿(𝑘)|

‖𝑋(𝑘)‖ + 𝑙‖𝐿(𝑘)‖
 (9) 

In equation (9), || represents the length and || || the norm. Also, l is an adjustment parameter. If the high-

frequency emphasis is insufficient, the sound source will be hazy and not typical of a vinyl record, while 

if excessive high-frequency emphasis is applied, the high frequencies will be overemphasised, and the 

sound will be far removed from the unique timbre of the vinyl record. Therefore, appropriate settings are 

required. 

2.4.2 Spectral Flattening (SF) 

The entire amplitude spectrum can be flattened by adding the maximum value M of the spectral 

waveform due to the average of the differences between the high-resolution audio and the vinyl record 

to the waveform the average of the differences between the high-resolution audio and the vinyl record. 

The process is shown in equations (10) and (11). 

𝑀 = max(𝑋(𝑘)) (10) 

𝑋(ℎ) ≜
|𝑋(ℎ)| + 𝑀

‖𝑑𝑋(ℎ)‖ + ‖𝛽𝑀‖
 (11) 

The d and β in equation (11) are adjustment parameters. If the flattening process is insufficient, the unique 

timbre of the vinyl record becomes too additive, and if excessive flattening is carried out, the unique timbre 

of the vinyl record is lost, so appropriate settings are required.  

2.4.3 Length of Convoluted waveform (LC) 

The amplitude spectrum waveform that has undergone high-frequency enhancement and flattening 

processing is transformed into a waveform w(n) on the time axis by inverse Fourier transform. Next, 

the real part of w(n) is used as a time function, and the time length of w(n) is adjusted to adjust the 

impulse response length to be folded into the high-resolution audio. 

3. SUBJECTIVE EVALUATION USING LISTENING EXPERIMENTS. 

3.1 Discrimination test 

3.1.1 Objective 

To evaluate a simulated vinyl record audio, it is necessary to investigate in advance whether the 

experimental participants can recognise the difference in timbre between the vinyl record and high -

resolution audio. If they can recognise the difference, the reliability of the evaluation of the simulated 

vinyl record will increase during the listening experiment to be described later. Therefore, a 

discrimination experiment was conducted to verify whether the participants were able to distinguish 

between vinyl record and high-resolution audio. 

3.1.2 Method for presenting stimuli 

 The experiment was conducted using the ABX method. On the ABX method, stimuli A and B are 

listened to, and the participants are asked to identify whether stimulus X is stimulus A or stimulus B.  
In this experiment, A was set to high-resolution audio, B to the vinyl record, and X to either vinyl 

record or high-resolution audio. Stimulus A, stimulus B, and stimulus X were played in this order, and 

the experimental participants were asked to respond to the two stimuli in which sound source X was 



 

 

either a vinyl record or high-resolution audio. The same three short musical excerpts were presented 

for the vinyl record and the high-resolution audio of the music was presented in 3.1 as the presented 

stimuli. The length of each short piece of music was approximately 10 sec. These excerpts were 

referred to as S1-S3, and participants were asked four questions for each of S1-S3, for a total of 12 

questions. The breakdown of these four questions was 2 × 2 = 4 questions, as the sound source X w as 

presented twice as a high-resolution audio and twice as a record audio for each excerpt. 

3.1.3 Experimental participants and procedures 

Four students (average: 24±4.2 years old) with musical experience were included in this experiment. 

table 1 shows the list of participants in the experiment. These experiment participants are referred to 

as L1-L4. The experimental participants participated in the online experiment using  their computing 

environment, i.e., a PC or a smartphone. The equipment used for sound reproduction is shown in table 

1. The participants entered their responses using Google form, an online input service on the internet. 

First, the participants were asked to confirm their consent to the experiment and enter their 

information. Next, the playback volume was tested and adjusted to a volume that was comfortable for 

the participant. A discrimination test was then conducted using the method described in 3.1.2.  

Table 1 – research participants list. 

3.1.4 Result 

In this experiment, the correct response rate was calculated by assuming that X answered 'vinyl 

record' for vinyl record and 'high-resolution audio' for high-resolution audio as correct responses and 

all other responses as incorrect responses. A binomial test was then conducted on the average correct 

response rate for the whole group and the correct response rate for each participant in the experiment, 

respectively, and, following the criterion that the null hypothesis is rejected at a significance level of  

5%, a significant difference was found for those that met p< .05 for the results of the binomial test. In 

the present discrimination experiment, the average of correct response rate for all participants in the 

experiment was 62.5%, with an average of 7.5 correct answers out of 12 questions. A binomial test 

was conducted on this mean percentage of correct answers, and a significant difference was found at 

p = .194. 

The mean percentage of correct answers for each participant in the experiment is shown in Figure 1 

and the results of the binomial test are shown in Table 2. Figure 1 shows that two experimental 

participants, L1 and L2, had a correct response rate of more than 50.0%, which is the chance level. 

From Table 2, p-values are shown in three significant figures, rounded down to the fourth decimal 

place. In this experiment, only L1 and L2 showed significant differences  

Figure 1 – percentage of correct answers. 

ID Music experience Equipment used 

L1 Trombone 11years Earphone 

JVC 

L2 Piano 17years Speaker 

iPhone11 

L3 Flute 18 years & Violin 8 years & Piano 5 years Earphone 

L4 Electronic organ 12years Earphone 

SONY， MDR-EX155AP 



 

 

Table 2 – Results of the binomial test. 

 

3.2 Listening experiments using simulated vinyl record audio 

3.2.1 Presenting stimuli and methods of presentation 

A total of nine stimuli were prepared by clipping the same three locations within each sound source 

for 10 sec each. The order in which the sound sources were presented is shown in Figure 2. The 

subsequent sound sources are collectively referred to as the subsequent sound sources. In the 

experiment, participants were asked to rate the degree to which the subsequent sound source was like 

the vinyl record audio on a 10-point scale, with 1 being 'not at all similar' and 10 being 'completely 

identical. 

 Figure 2 – Order of presenting stimuli.  
3.2.2 Experimental participants and procedures 

Four students (average 24, standard deviation=4.2 years old) with musical experience were included 

in this experiment.  They were the same persons as the experimental participants described in 3.1.3. 

The experimental participants participated in the online experiment using their computational 

environment, i.e., a PC or a smartphone. The participants entered their responses using Google form, 

an online input service on the internet. First, the participants were asked to confirm their consent to 

the experiment and enter their information. 

3.2.3 Result 

In this experiment, averages were calculated for the 10-level ratings for the subsequent sound source. 

Two types of analysis were carried out: all four experimental participants and the two participants for 

whom significant differences were found in the identification experiment; the means for all four 

participants are shown in Figure 3 and the means for the two participants for whom significant 

differences were found are shown in Figure 4. Figures 3 and 4 show that the means of the 10-point 

scale ratings all exceeded 6.00. Error bars in the figures indicate 95% confidence intervals, and 

significant differences between groups are found where the error bars do not overlap . 

Figure 3 – percentage of correct answers for all four experimental participants. 

Research participants ID p-value (significant at p<.05) 

L1 p=.019 

L2 p=.000 

L3 p=.806 

L4 p=.613 



 

 

Figure 4 – percentage of correct answers for L1 and L2 

4. OBJECTIVE EVALUATION USING COHERENCE FUNCTIONS 

4.1 Overview of coherence functions 

The coherence function is a function that expresses the ratio of the power of the input signal and the 

phase coherent component to the power of the output signal [4]. The definition of the coherence 

function is given in equation (12), 

𝑟2𝑋𝑌(𝑓) =
𝑊𝑋𝑋(𝑓)

𝑊𝑌𝑌(𝑓)
=

|𝑊𝑋𝑌(𝑓)|2

𝑊𝑋𝑋(𝑓)𝑊𝑌𝑌(𝑓)
 (12) 

, where WXX(f) is the power spectrum of the input signal v(t), WYY(f) is the power spectrum of the 

input signal y(t), and r2XY is the ratio of the power spectra [4,5]. The numerator of equation (12) is the 

cross-spectrum obtained from the spectra of the signals v(t) and y(t). In other words, the coherence 

function allows the similarity of two different spectra to be expressed by normalising the similarity 

of the spectra from 0 to 1, thus objectively representing the similarity of the spectra. 

4.2 Evaluation method 

In this report, the coherence function is used to assess the similarity of the spectra. A coherence close 

to 1 indicates a high correlation and similarity, while a coherence close to 0 indicates a low correlation 

and poor similarity. 

4.3 Evaluation of evaluation methods using coherence functions. 

The sound source used in this evaluation was Anita O'Day's 'Love me or Leave me', released in 1957. 

The sound source was a high-resolution music source whose bits were dropped from 4 bits to 24 bits. 

The silent parts of each sound source were thinned out, since the denominator is zero when no sound 

is recorded then the coherence value is likely to difficult to determine. If the coherence result with the 

high-resolution audio before conversion and down bit ones, it can be concluded that the coherence 

function evaluates the noise caused by the down bit. The coherence results for high-resolution and 

down-bit audios are shown in Figure 5. Coherence was calculated with a time window length of 8192 

points and overlap of 4096 points, and the average of the coherence values obtained was shown in 

Figure 5. The results for 24bit~4bit are shown from left to right, and as the bit goes down, the 

coherence values also decrease. 

Figure 5 – Results oh coherence function for down bit sources. 



 

 

4.4 Results of objective evaluation using coherence functions. 

The similarity between the simulated vinyl record audio acquired in 2 and the vinyl record is assessed 

to investigate the similarity of the simulated vinyl record. 

The results of the coherence function are shown in Figure 6. From left to right, the results are shown 

for vinyl record and high-resolution audio, and vinyl record and simulated vinyl record audio. As in 

4.3, the coherence function was obtained for 8192-time windows and 4096 overlapping points, and 

the average of the obtained coherence values was used. The results show that each coherence value is 

between 0.0005 and 0.0007, which is lower than that of Figure 5. Therefore, although the similarity 

is not necessarily high, the coherence value of the simulated vinyl record is higher than that of the 

high-resolution audio, suggested the more similar of the simulated vinyl record audio. 

Figure 6 – Coherence function results for high-resolution audio and simulated vinyl record audio to 

record audio. 

5. DISCUSSION 

5.1 Subjective evaluation using listening experiments. 

Figure 3 shows that although there is no difference in the mean value of each of the two sound 

sources, the mean value of the 10-point rating is above 6.00, suggesting that both subsequent sound 

sources are expected to be close to the vinyl record. 

5.2 Objective evaluation using coherence functions. 

Objective evaluation by the coherence function showed that the lower the coherence value, the lower 

the similarity to the vinyl record. The coherence value of the simulated vinyl record audio is higher 

than that of the high-resolution audio, as shown in Figure 5. This suggests that the simulated vinyl 

record audio is more like the vinyl record than the high-resolution audio, although the coherence 

values are lower. 

5.3 Comparison of two ratings 

As a result of subjective evaluation by listening experiments and objective evaluation by coherence 

functions, the subjective evaluation results showed that the high-resolution audio and the simulated 

vinyl record audio were equivalent, with the average of the 10-stage evaluation being above 6.00. The 

objective evaluation results showed that the sound of the simulated vinyl record audio was like that 

of the vinyl record. However, the results of the objective evaluation showed that the coherence values 

were too low to indicate that the similarity was not high; the results of the two evaluations showed 

that even though the spectral similarity of the simulated vinyl record audio was not high, it was still 

like the vinyl record. The two evaluation results suggest that simulated vinyl record audio was rated 

as vinyl record-like sound, even though the spectral similarity was not high.  



 

 

6. CONCLUSIONS 

The purpose of this report is to clarify the nature of vinyl-record-like sounds, after explaining the 

method of conversion to simulated vinyl record audio, a comparison between vinyl-record and high-

resolution audio, and a discrimination experiment between vinyl-record and simulated vinyl record 

audio were conducted employing subjective and objective evaluations. 

In the subjective evaluation, a discrimination experiment was conducted because, to evaluate the 

simulated record audio, it was necessary to investigate in advance whether the experimental 

participants could recognise the difference in timbre between the vinyl record and high-resolution 

audio. The results of the discrimination experiment showed significant differences between two of the 

four experimental participants. The results of the subsequent listening experiment showed that 

although there was no difference in the mean values of the two sound sources, the mean value of the 

10-point rating was above 6.00, suggesting that both subsequent sound sources were close to the vinyl 

recordings. 

As the coherence function was used in the objective evaluation, the evaluation method using the 

coherence function was also evaluated. As a result of the evaluation using the coherence function, it 

was confirmed that the coherence result decreased as the number of bits decreased and that the degree 

of noise contamination due to the influence of down bits could be evaluated, suggesting the validity 

of the evaluation method. When this evaluation method was subsequently applied to simulated 

recordings, the coherence values of the simulated recordings were higher than those of the high -

resolution audio. This indicates that the simulated vinyl record audio is closer to the record than the 

high-resolution audio. However, the coherence values are too low, indicating that the similarity is not 

high. 

The two evaluation results show that the simulated vinyl record audio was evaluated as sounding 

like the vinyl record, even though the spectral similarity was not high.  

The coherence function will be re-examined in the future to improve the accuracy of the objective 

evaluation. In addition, methods other than the present method will be investigated to further improve 

the similarity of record-simulated speech. 
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ABSTRACT 

The Jesuit chapel in St. Mary’s City, Maryland was constructed in 1667 for worship services in the 

Catholic colony of St. Mary’s City. The chapel was the earliest brick building in Maryland, and one of 

the earliest brick worship spaces in the Americas. The chapel was locked by the British government in 

1704 and later demolished. As part of the heritage reconstruction work at St. Mary’s City over the past 

50 years, the chapel was rebuilt in 2009 according to archaeological evidence about the original 

structure. Acoustic impulse responses were measured in the rebuilt structure and used to analyze the 

acoustic response of the current structure. Since some uncertainties remain about the original Jesuit 

construction, these impulse responses serve as an entry point for archaeoacoustic investigation of the 

original structure’s sound. Some discussion is given to the particularities of this project relative to 

normal practice in Archaeoacoustics, where computer modeling is used in lieu of physical 

reconstruction, rather than alongside it. 

 

Keywords: Architectural Acoustics, Archaeoacoustics, Worship Space Acoustics 

 

1. INTRODUCTION 

The field variously known as Archaeological Acoustics, or Archaeoacoustics, has traditionally been 

concerned with the study of sound in the past [1]. Early investigations rooted in traditional archaeology later 

gave way to more sophisticated acoustical analysis, which began to make use of computer modeling as an 

alternative to physical reconstruction [2-3]. However, some early cases also showed that purely theoretical 

computer modeling alone could still lead to unreasonable predictions for spaces which no longer existed [4]. 

As a result, a consensus emerged within the field stressing the importance of calibration of computer models 

based on physical measurements whenever possible [5-12]. 

This focus on empirical measurements on-site has helped to steer the field away from overconfident 

prediction in areas where there is still significant archaeological uncertainty about construction geometry 

and/or materials. However, it also biases existing studies toward that which can be measured and calibrated: 

spaces which exist in a form which is at least translatable to their past orientation and construction.  

In contrast, the broader discipline of archaeology has often relied on physical reconstructions of significant 

sites, even when many details are not known with certainty. As archaeologists become more interested in 

questions of how sound functioned in the past, and as archaeoacousticians become more connected to 

archaeological projects, more acoustical questions will necessarily be raised about sites which do not survive 

in their original form but have been physically reconstructed based on archaeological evidence and 

guesswork. This project describes an archaeoacoustic investigation of this type, based on impulse response 
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measurements made in a reconstruction of a building which was demolished centuries ago. I hope to show 

that such physical reconstructions can help serve as a starting point for acoustical investigation, even if they 

necessarily introduce more uncertainty than measurements on continuously preserved sites.  

2. Jesuit Chapel at St. Mary’s City, MD 

St. Mary’s City was founded in 1634 as the first settlement in Maryland under the patronage of Cecil Calvert, 

the second Lord Baltimore [13]. Due to Calvert’s conversion to Catholicism, Maryland was the only original 

American colony founded by a Catholic and with a significant Catholic population. During the 17th century, 

Maryland, with St. Mary’s as its seat of government, would prove to be an early experiment in religious 

liberty within the English-speaking world, where Catholics were generally not allowed to practice their faith 

or build physical churches. An early wooden chapel built in the colony in 1635, the first Catholic church in 

English American, was burned down by anti-Catholic Parliamentary forces in 1645 during the English Civil 

War [14].  

The status of Maryland’s Catholic colonists remained uncertain until the restoration of the monarchy of the 

Catholic Charles II in 1660, after which the Jesuits in St. Mary’s City began construction of a freestanding 

brick chapel, the earliest all-brick structure in Maryland [14]. The brick chapel was completed around 1667, 

its separation from the city’s State House serving as a sign of the separation of church and state in the early 

colony [13]. This chapel was the center of Catholic worship in the colony until Protestants again took control 

of Britain following the Glorious Revolution of 1688, after which Maryland was ruled by Protestant Royal 

Governors, who forced the chapel to be closed to public worship in 1704. Unable to use the space, the Jesuits 

ultimately demolished the chapel and re-used its bricks and paving stones, primarily in a brick manor at St. 

Inigoes, Maryland [15-16]. 

The foundations of the chapel, in the shape of a Latin cross were rediscovered in 1938, and fully excavated 

50 years later. Based on the archaeological findings and knowledge of Jesuit construction techniques and 

principles, the chapel was reconstructed in the 2000s using period brick-firing and lime plaster made from 

local oyster shells [17]. Upon completing the reconstruction, several of the archaeologists connected to the 

project commented on the lively reverberation of the space. A cappella choirs nearby had also recognized the 

pleasant reinforcement of the space, and often performed there for the surrounding community. One of the 

lead archaeologists at the site, Dr. Henry Miller, contacted me to investigate the acoustics during a weekend 

trip to the site in 2022. 

3. Acoustic Measurements 

The reconstructed brick chapel was acoustically measured at the source and receiver positions shown in Fig. 

1.  Source position B was measured at two different heights to correspond to possible positions of the 

speaker’s podium. The source was a balloon pop, and the receiver was a Behringer ECM8000 

Omnidirectional measurement condenser microphone, powered by a Focusrite Scarlett 2i2 interface plugged 

into a Macbook pro. Balloon pops suffer from lower signal level at lower frequencies and do not meet the 

requirements of ISO3382, but larger 18” balloons were used to improve the SNR in these bands. In this initial 

survey, only the global reverberation time is considered, as balloon pops are not sufficiently repeatable or 



 

 

omnidirectional to ensure accurate results for more position-dependent metrics such as EDT or C80.  

 
Figure 1. Source and Receiver Locations for Impulse Response Measurements in Chapel 

 

The spatially averaged results for T20 are shown in Table 1. The results for T30 were similar, but diverged 

slightly in the 125 Hz band. Since the SNR is lower in this band even with the absence of mechanical noise 

in the period reconstruction, it is assumed that T20 is a better extrapolation of the reverberation time in the 

present-day chapel. The mid-frequency T20, averaged across 500-2000 Hz, is about 3.99s. Given the chapel’s 

relatively small volume (about 1060 m3), this value is high and represents a space with few absorbent surfaces.  

 

Table 1. Spatially Averaged T20 Across All Sources and Receivers 

Octave Band 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz 

Mean T20 (s) 3.0 3.9 4.3 4.1 3.5 2.6 

 

4. Discussion 

Given that many archaeological sites seek to physically reconstruct lost spaces, how useful is the acoustic 

information that such sites present in the present? In the case of the St. Mary’s chapel, very little historical 

documentation existed for the church, but many experts contributed to the physical reconstruction in ways 

that are ultimately useful for an acoustic analysis of the past church as well. For instance, the excavated 

foundations were 5 feet (~1.5 m) deep, more than would be needed in a modern construction. Based on Jesuit 

adherence to architectural principles dating to Palladio (who recommended wall heights in a ratio of 5:1 to 

the depth of their foundations), the reconstructed walls were built at a height of 25 ft (~7.6 m). The sandstone 

floor would have been imported from Europe or England [16], while the bricks were likely fired in Maryland 

at low temperatures [15, 17]. The plaster walls mostly lacked lathing underneath, and would have been built 



 

 

from a lime produced from burning oyster shells since the Chesapeake watershed lacks a natural source of 

limestone. The reconstructed church used this oyster shell lime mortar, burning three tractor trailer loads of 

oyster shells to produce the mortar [17]. To my knowledge this type of historic plaster has not been 

acoustically measured in a reverberation chamber previously, but the meticulous work of the reconstruction 

effort allows it to be estimated from the impulse responses. In a simple Sabine’s formula model for the 1000 

Hz band, using three major surfaces (sandstone floor, wooden ceiling and chancel floor, and oyster shell lime 

plaster for walls), assuming absorption coefficients of 0.08 for the wooden ceiling and 0.01 for the stone floor, 

and using the measured surface areas for the floor, wood, and walls, Sabine’s formula (eq. 1) 

 

𝑇 = 0.16
𝑉

∑𝛼𝑖 𝑆𝑖
(1) 

 

yields an absorption coefficient for the oyster shell lime plaster of 𝛼 = 0.06, similar to measured values for 

other plaster walls in that frequency band. Since such a single large wall material often dominates the overall 

decay of large churches [8], this measurement allows a first-order approximation of an unknown material 

which would have been critical to the acoustic response experienced by the chapel’s original listeners. 

5. Conclusions 

Archaeoacoustic work, like all archaeology, requires some amount of speculation, guesswork, and filling in 

gaps which are not definitely known based on the historical record. Much work has been done to reduce 

potential sources of error in computer modeling of archaeoacoustic sources, especially by making use of 

calibration based on empirical measurements. Since a physical reconstruction also adds potential sources of 

error, taking measurements of such sites might seem to be too speculative to be useful to an archaeoacoustic 

investigation. However, this case study argues that such sites may be useful in a variety of ways. 

First, the reconstructed St. Mary’s chapel showed good frequency balance, with no obvious modal dominance 

or flutter echoes between parallel walls. Since such effects are mainly due to the geometry but can be missed 

in a GA model, the physical reconstruction gives an important clue to the frequency response of the original 

space. Secondly, in many extant churches the plaster has aged and absorbed moisture, which may affect its 

acoustical properties [7]. In the case of St. Mary’s, the historical construction procedures used for the original 

brick, stone, and plaster might yield a better model for the condition of the church as heard in the 17th century 

than would 350-year-old materials that had survived. Granted, this may not be the case for every physical 

reconstructed site, but for sites such as St. Mary’s where significant interdisciplinary expertise informed the 

process, the physical reconstruction may provide an appropriate first step for historical computer modeling. 

The final advantage of such an approach is that the measurements are more “historical” than for a historic 

church – to the extent that we can trust the physical reconstruction, the computer model, once calibrated, may 

not need as much alteration, depending on how much uncertainty there is about the physical materials used 

in the reconstruction. 

  



 

 

6. Future Work 

Based on the initial measurements, the church will now be modeled geometrically in CATT Acoustic and 

TUCT2 and calibrated based on the impulse responses. It may also be necessary to take ISO-compliant 

measurements in the space using a dodecahedral loudspeaker to calibrate individual positions’ C80 and C50 

values now that the initial survey has demonstrated the value of measurements in such a reconstructed 

historical site. Finally, it may be possible to take on-site acoustic measurements of the re-used bricks and 

paving stones at St. Inigoes to determine the difference between the historic materials and the historically-

informed recreation. 
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Effect of artificial reflections on the distance perception of the 

virtual sound image generated by the 5.0 channel sound 

reproduction system 
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Abstract 

Specific reflections may be beneficial to the distance perception, which have been adequately 

investigated for a real sound source under natural reverberations but rarely understood for the virtual 

sound image reproduced by multichannel sound signals (such as 5.0 channel sound reproduction 

system) with artificial reflection components. To quantitatively explore the effect of artificial 

reflections on distance perception in a multichannel sound reproduction system, five room impulse 

responses (RIRs) according to the 5.0 channel recording configuration are recorded. Then, the 

selected 5 channels of audio source signals are convolved with the five recorded RIRs to generate 

the stimuli, so that the 5.0 channel of audio signals are contained the artificial reflection components. 

Finally, the comparative psychoacoustic experiments are conducted to evaluate the reproduced 

virtual sound image between the conditions with and without artificial reflections, including the 

distance perception, direction localization and space impression (larger is better). Results show that 

the artificial reflections are beneficial to both distance perception and space impression to some 

extent, without apparent effect on the direction localization. 

 

Keywords: Distance perception, Artificial reflections, 5.0 channel sound reproduction 

1. INTRODUCTION 
A fundamental ability of human hearing is to localize a sound source, including accurately 

locating the source direction and perceiving a rough distance of sound source. With compared to the 

directional localization, the distance perception has been paid less attention, because the distance 

perception is quite rough and has more complicated physical cues and auditory mechanisms (1). In 

the real sound field environment, there are many cues affecting distance localization, such as 

intensity, direct-to-reverberant ratio, spectral factors, binaural cues, etc. (2,3). Meanwhile, for the 

reproduced sound field, the effect of the reflections (especially the early reflections) on distance 

perception, as well the direction localization and space impression, still need to be further 

investigated. The reflections can be embraced in the reproduction signals via early recording or 

artificially post-processing technology of multichannel audio signals. The former is a direct method 

and its reproduced sound field should be more consistent with the real sound field, and the latter is 

more flexible and practical (4).  

Generally, the purpose of spatial sound rendering system is to reproduce or restore the target 

sound field, so that listener can perceive the spatial impression of the specific sound field in a room 

(5). Based on the principle of spatial sound, to accurately restore the physical sound field of the 

target sound field, it requires a large number of loudspeakers, which is difficult to be achieved in a 
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daily reproduction environment. However, from a practical point of view, or as a preliminary study, 

the surround sound system with only 5 channels (in practice, only three channels in front work for 

the virtual sound image) is looked at as a typical multiple channel reproduction system that is able 

to render the spatial hearing impression for listeners (6). In addition, for most business audio sources 

of 5.0 channel surround system, they possibly didn’t contain the reflections enough, so that the 

spatial impression could be unsatisfactory for listeners. Therefore, the artificial reflection 

technology of the 5.0 channel surround system is worthy of further investigation, which should be 

beneficial to improving the spatial impression of the specific sound field, and thus this problem is 

investigated in current work. 

 In fact, except for the beneficial effect of real or artificial reflections on the distance perception 

for the distance perception of the reproduced virtual source, the ambient (secondary) reflections in 

the reproduction environment in turn could damage the space impression perception (especially for 

the direction localization) of virtual sound image. Therefore, we just focus on the beneficial artificial 

reflections in the multichannel sound signals, not the secondary reflections from the boundary of 

reproduction environment during the psychoacoustical experiments. 

2. Methods  
To explore the effect of reflections on the distance perception in the progress of multichannel 

sound reproduction, the accurate method is to record the 5 channels of reproduction signals in a real 

performance place such as a concert hall. As an alternative way, we can also indirectly or artificially 

add the reflection component by convolving the 5.0 channel reproduction audio signals generated 

in advance (namely the existing audio signals that are suitable for the 5-channel sound reproduction 

system) with the recorded or simulated room impulse responses (RIRs). For the convenience of 

qualitative research, in this paper, we choose the latter method.  

2.1 RIR recording 
The 5.0 channel of RIRs according to the reproduction loudspeaker arrangement were recorded 

in a rectangular room (see in Figure 1) with a size of 11 × 5.4 × 3.4 m3, in which the reverberation 

time of 500Hz-1000Hz is about 1.21s. Williams’s main microphone technique based on the five 

cardioid microphones was used for the recording (7), which highlights the effect of lateral 

reflections. It adopts five cardioid microphones to check them on site according to a specific layout. 

The configuration scheme is shown in Figure 1. There are five cardioid microphones. The angles of 

L, C, and R microphones are at azimuths of −90°,0°,0°; both 𝜃1 and 𝜃2 of LS and RS microphones 

are 160° ; the distances of  𝑑1,𝑑2,𝑑3,𝑑4  are 0.17m,0.61m,0.42m, and 0.48m, respectively. The 

flare angle between the two adjacent microphones is about 72°. In addition, we selected 4 sound 

source positions including two azimuths at 0° and 25°, at distances of 1.5m and 3m), respectively. 
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Figure 1 – Microphones layout of 5.0 channel recording. (S1, S2, S3, and S4 indicates locations of 

sources; L, C, R, LS, and RS indicates locations of microphones) 

Therefore, based on the 4 locations of sound sources (distances of 1.5 m and 3.0 m; azimuths of 

0° and 25°) and 5 microphones, four groups of RIRs have been recorded. One group of RIRs at an 



azimuth of 25° and distance of 1.5 m are shown in Figure 2. 

 
Figure 2 – Time domain of recording RIRs 

Then, the reflection is artificially added into the 5 channels of audio signals of the sound 

reproduction system through convolving the five channels of audio signals and the recorded groups 

of RIRs. In general, an enclosed space can be regarded as a linear time-invariant system whose 

impulse response is RIRs, denoted by 𝒉(𝑡). Then, the generated multiple channels of audio signals 

𝒚(𝑡) can be obtained by convolution the input matrix signals 𝒙(𝑡) (in this work, the input is Chinese 

speech of “mei tan bu mei, wo hui lao jia kan ba ba”) with the measured RIRs 𝒉(𝑡) as follows, 

𝒚(𝑡) = 𝒙(𝑡) ⊗ 𝒉(𝑡) (1) 

where, the symbol ⊗ indicates the convolution operation.  

Last, as mentioned above, the multichannel audio signals with artificial reflections are fed to the 

standard 5.0 surround reproduction system. This system is arranged in a listening room as shown in 

Figure 3. All five speakers were located 2m away from the listener. The reverberation time of the 

listening room is within of 0.15s at 500Hz-1000Hz, which satisfies the ITU standard(8).  

 0° 

 110° 
 110° 

30° 30° 

Listening

Area 

C

LS RS
 

Figure 3 – Loudspeakers layout of 5.0 reproduction 

2.3 Subjective experiments 
Six subjects (four males and two females) aged 20 to 25 years participated in the experiment. 

All subjects were students pursuing their Master’s degrees from the South China University of 

Technology. They all had self-reported normal hearing and had a relevant listening experience of 

localization experiments. There are three tasks in the psychoacoustic experiment of spatial 

impression, including direction localization, distance perception (judgment of far or near virtual 

reproduced sources), and envelope feeling (spatial impression). 

In this experiment, three sound field conditions are investigated, including the original 5 

channels of speech signals without artificial reflection, so called condition A, the multichannel of 

speech signals convolved with RIRs at distance of 1.5 m and 3.0 m are called condition B and C, 

respectively. All the three conditions appear at azimuths 0° and 25°, respectively. Therefore, there 

are six groups of reproduced signals for each subject, including A- 0°, A- 25°, B- 0°, B- 25°, C- 0°, 

and C- 25°, respectively. 



In psychoacoustic experiments, the pre-experiment was conducted before the formal experiment 

so that the subsequent formal experiment was more accurate and stable. Then, each subject was 

informed of the experimental process. 

First, it is necessary to investigate whether the reflection will have an effect on the judgment of 

the azimuth of the generated virtual sound image. the second experiment was to explore whether 

the artificial reflection affects distance perception of virtual sound image, which is based on the 

2AFC (2 alternatives force choice) method, where two audio fragments at the same azimuth are 

played as one group, resulting groups of A-B, A-C, and B-C, respectively.  

Then, all subjects need to point out the azimuth of two audios and judge the relative distance 

between two audios, each set of signals plays twice, so every subject needs to judge the azimuth and 

distance for six times. 

Last, each subject is informed to score the impression of space, which is related with distance 

perception, because the impression in larger hearing space corresponds to higher score, and could 

correspond to larger distance. In this step, subjects need to score the spatial perception of the 

reproduction signal, ranging from 1-5 points, with 1 indicating the impression of a smaller space, 

and 5 indicating the impression of a larger space. 

3 Results and analysis 
First of all, there is a special result that all subjects can correctly perceive the relative far or near 

virtual sound image from all 6 groups of reproduced virtual images, including the A-B, B-C, and C-

A, at azimuths of 0° and 25°, respectively. Absolutely, all the 36 judgments for all six subjects are 

correct (namely, for groups of A-B and B-A, all subjects’ results show that B is relative farther than 

A, and the similar results can be found in groups of B-C and C-B, A-C and C-A, respectively), 

which is a little better than the expected. Surely, the further experiments are worthy of deeper 

investigation for more dense distance samplings, and under more scales of reflective sound field 

conditions (including more types of classical rooms, like classroom, listening room, concert hall, 

etc.) 

In addition, all the judgments of direction localization and spatial impression under artificial 

reflections are shown in left and right figures of Figure 4, respectively. Results show that, for 

direction localization, the virtual source at azimuth of 0° can be located accurately, but the virtual 

source at azimuth of 25° result in a localization error of about 4.8°, 3.4° and 7.8° for groups of A, B 

and C, respectively. The possible reason is that when the virtual source distance is farther, the 

reflected sound energy is larger compared to direct sound, resulting in less correlation between the 

impulse response, so that the virtual sound images generated by the 5.0 channel reproduction system 

become broadening and inaccurate (existing an error scope). 

In total, the scores of spatial impressions are similar to the distance perceptions. Namely, the 

group C acquires the highest score on the space impression, which corresponds to the largest 

envelope perception. However, the smallest spatial impression perception score appears in group A, 

which means the smallest spatial impression. 

    
Figure 4 – Left: result of azimuth judgment; Right: result of the impression of space. 

4. Conclusion 
To investigate the effect of artificial reflections on the virtual sound image generated by the 5.0 

channel surround reproduction system, the RIRs of five channels of microphones at four sound 



source locations in a rectangular room were measured, and then convolved with the 5 channels of 

Chinese speech signals. Results show that the artificial reflection can result in the farther perceived 

distance, and the sources with large enough intervals can also be distinguished easily in the 5.0 

channel surrounding reproduction system. The perceived results of impression of space are similar 

to the distance perceptions. However, the direction localization could be damaged when the virtual 

sound image deviates from the median plane. 

This work is only implemented in the specific rectangular room. In the future, more complicated 

sound field conditions will be used to further investigate the effect of artificial reflections on the 

distance perception of the multichannel sound reproduction system, so as to find the optimized 

reflections and suitable conditions of multiple surround reproduction in different environments. 
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ABSTRACT 
Active acoustic materials allow achieving properties not available with passive materials. However, 
conventionally used electrodynamic and piezoelectric transducers have limited bandwidth of control 
due to their resonant nature. This work proposes a plasma-based electroacoustic actuator as a building 
block for active sound control. It operates on the principle of atmospheric corona discharge (CD). 
Such a membraneless interface helps substantially increasing the bandwidth of performance when the 
acoustic impedance is controlled in real time due to its non-resonant construction. Different 
approaches to estimate the electrical and acoustic parameters of the corona discharge actuator are 
presented. Finally, we demonstrate that a tunable broadband behaviour can be realized, from almost 
reflecting interface to a perfect sound absorber that operates over two frequency decades. The current 
limitations of the concept, such as a limited power and energy conversion efficiency are discussed. 
 
Keywords: sound absorption, active control, plasma transducer 

1. INTRODUCTION 
Industrial countries developments are unavoidably associated to noise issues, that are known to 

have a negative impact on physical and psychological health of the population [1]. In response to this, 
modern rigorous regulations get adopted to constrain this emerging problem. Therefore, noise 
reduction methods have to progressively increase efficiency and be suitable for the new needs. 

On the other hand, noise becomes more difficult to tackle in various industrial sectors. For example, 
aircraft engine noise is considered to be one of the most annoying and harmful [2]. Noise reduction 
solutions in this case should comply with strict weight constraints, small available space for treatment 
and harsh environmental conditions of exploitation. Increasing road traffic also requires noise 
reduction solutions. Although the transition towards electric vehicles is expected to lower down the 
noise levels, the tire noise and exposed electrical motor remain the strongest factors of annoyance [3]. 
Therefore, noise reduction solution in many cases should be compact, lightweight and efficient over 
a broad frequency range. 

Passive sound absorbing materials are either mostly efficient at high frequencies (porous materials) 
or inherently narrowband (resonator-based absorbers). Active methods based on noise cancellation 
(ANC) allow locally reducing the broadband low frequency noise with a compact system but are rather 
costly and complicated for three-dimensional spaces [4]. Alternatively, active sound absorption 
techniques can reduce noise levels with relatively simple local control of the transducer [5]. The 
majority of active sound absorption concepts utilize membrane-based electrodynamic loudspeakers as 
controlled sources. Although such loudspeakers are inexpensive and their dynamics can be well 
captured with analytical models, the inertia of the driver limits the control over high frequencies. 
Moreover, their inherent permanent magnets increase the weight of such active acoustic treatment, 
and the membrane might not be compliant with harsh environments. 

In this work we propose to employ a plasma-based solution to construct an electroacoustic 
transducer for broadband active sound absorption, which can be relatively lightweight and 
mechanically robust. 

2. ACTUATOR AND CONTROL 
The actuator operates on the principle of atmospheric corona discharge. It contains two electrodes 
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separated by an air gap (Figure 1a). One of the electrodes is sharp with a small characteristic radius 
(emitter). The other electrode (collector) has larger dimensions and present perforations to allow air 
pass through. If a positive constant high voltage (+HV) is applied to the emitter and the collector 
electrode is connected to the ground, ionization process starts locally around the emitter (Figure 1a). 
The produced electrons are attracted by the emitter but the accumulated positive charge drifts towards 
the collector electrode in the external electric field. Since the magnitude of the electric field in this 
drift region is not sufficient for further ionization, the ions transfer their momentum through elastic 
collisions with neutral particles, which dominate in the interelectrode volume. As a result, such a 
process generates a volumetric force that acts on neutral air. A small amount of heat is also constantly 
released in the ionization region. 

 

 
Figure 1. a) Principle of operation of the CD actuator. b) Photo of 5×5 cm2 CD actuator prototype. 

If in addition to the constant voltage 𝑈𝑈𝐷𝐷𝐷𝐷 one applies a sinusoidal voltage at frequency 𝜔𝜔 with 
amplitude 𝑢𝑢𝐴𝐴𝐷𝐷, the resulting signal has the from 𝑈𝑈(𝑡𝑡)  =  𝑈𝑈𝐷𝐷𝐷𝐷 + 𝑢𝑢𝐴𝐴𝐷𝐷sin (𝜔𝜔𝑡𝑡). The alternating voltage 
component creates the fluctuation of the electric field, which, in turn, causes the change in the force 
acting on the air. Along with the fluctuation of the released heat, these two processes lead to the 
generation of sound waves. 

The corona discharge prototype is illustrated in Figure 1b. The HV electrode is made of a single 
nichrome wire of 0.1 mm diameter, which is arranged in a back and forth pattern of 5 parallel wire 
lengths spaced by 10 mm through the rigid plastic frame. The collector is fabricated from a perforated 
stainless-steel plate. This electrode has a large open area ratio so that its resistance is low. The actuator 
hollow area is 50×50 mm2, and the distance between the HV and collector electrodes is 6 mm. When 
the actuator is biased in the 6.5-10 kV voltage range a stable corona discharge is produced. 

The above-mentioned force and heat sound sources can be estimated analytically in this geometry 
[6]. The linear terms are written: 

 
𝐹𝐹𝜔𝜔 = 𝐶𝐶𝐶𝐶𝜇𝜇𝑖𝑖(2𝑈𝑈𝐷𝐷𝐷𝐷 − 𝑈𝑈0)𝑢𝑢𝐴𝐴𝐷𝐷,  
𝐻𝐻𝜔𝜔 = 𝐶𝐶(3𝑈𝑈𝐷𝐷𝐷𝐷2 − 2𝑈𝑈𝐷𝐷𝐷𝐷𝑈𝑈0)𝑢𝑢𝐴𝐴𝐷𝐷,            (1) 
 
where 𝐶𝐶  is the interelectrode distance, 𝜇𝜇𝑖𝑖  is the effective ion mobility in the air, 𝑈𝑈𝐷𝐷𝐷𝐷  is the 

constant bias voltage, 𝑢𝑢𝐴𝐴𝐷𝐷 is the alternating voltage component responsible for sound, 𝑈𝑈0 is the onset 
voltage (when discharge initiates), 𝐶𝐶 is a dimensional constant. The last two parameters are estimated 
by measuring the voltage-current characteristics of the transducer and approximating it by Townsend’s 
formula which links the total current and voltage of the actuator 𝐼𝐼 = 𝐶𝐶𝑈𝑈(𝑈𝑈 −𝑈𝑈0). 

3. RESULTS 
The expression for the force 𝐹𝐹𝜔𝜔 and heat power 𝐻𝐻𝜔𝜔 in equation (1) allows calculating the acoustic 

field that the CD actuator generates when a given electrical signal is applied. Therefore, the actuator 
can be used for the active impedance control to absorb sound. If the actuator is enclosed with a 
relatively rigid termination with real impedance 𝑍𝑍𝐿𝐿  and the acoustic pressure is sensed by the 
microphone in front of the actuator, it is possible to derive the relationship between the input pressure 
and electrical voltage 𝑢𝑢𝐴𝐴𝐷𝐷 that should be applied to the actuator in order to obtain a desired acoustic 
impedance at the microphone position. This relationship can be implemented on a real-time controller. 
As a result, such an active system can target the acoustic impedance, for example, for full or partial 
sound absorption. The amount of absorbed energy can be controlled by implementing various target 



 

 

impedances in the control law.  

 
Figure 2. Sound absorption coefficient measured in the impedance tube when the CD actuator is off and controlled with 

different target impedances. 

The measurements were performed in the impedance tube under normal sound incidence. When 
the actuator is off, it is almost transparent to sound waves. The total sound absorption is low (dark 
blue curve in Figure 2). However, if the CD actuator is controlled, it is possible to achieve various 
levels of sound absorption by varying the target impedance. The efficient operation extends from a 
few Hz to the kHz range. At higher frequencies, the delay of the controller and analytical assumptions 
impact the result that is different due to different target impedances. 

CONCLUSIONS 
The non-inertial dynamics of such plasma material allows a minimal possible delay in real time 

which leads to the broadband control of acoustic impedance difficult to achieve with conventional 
transducers. A simple design of the actuator reduces the weight of the system and increases the 
mechanical robustness. The valuable feature of the CD actuator is that increasing the size of the 
actuator does not additional inertia, so the device can be controlled similarly well in the considered 
frequency range. Although the current prototypes operate at elevated sound pressure levels, this 
fundamentally different idea can lead to new concepts in active control and serve as a building block 
in active metamaterial design. 
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ABSTRACT 
Electrodynamic loudspeaker technology is one of the oldest and most commonly used electroacoustic 
transducer technologies, because of several advantages of this technology. However, the material science and 
electronics made important progresses in the last decade. The progresses allow us to develop new type 
electroacoustic transducer technologies. The aim of the first part of talk is to give an overview on the recently 
developed loudspeaker or microphone technologies, such as graphene based, dielectric elastomer based, 
cellulose based, magnetorheological elastomer based, piezoelectric, metamaterial based technologies. The 
second part of the talk will focus on our recently developed solutions, such as dielectric elastomer actuators 
(DEA) as sound source in headphones and exciter integration into the fiber-reinforced and composite 
materials for flat panel loudspeaker applications. These both technologies offer some advantages for 
individual acoustic applications. The material and construction properties will be discussed with regard to 
the acoustical quality, amplitude, size and weight.     

 

Keywords: Loudspeaker, Transducer, Low mass, Dielectric Elastomer Actuators 

1. INTRODUCTION 
Electrodynamic loudspeakers are the most widely used loudspeakers, because of their advantages, 

such as low cost and wide frequency range. However, several researchers develop new loudspeaker 
technologies for specific aims or to compensate the disadvantages of the electrodynamic loudspeakers. 
Amongst others, particularly directivity characteristics, audio quality, thickness and weight play a 
strong role for these studies. Most of these technological developments are based on new materials 
and material research. In recent years there are several attempts to develop low cost, low weight, thin 
loudspeaker drivers. Some of studies concentrated on the membrane material of the loudspeakers (2, 
3) and others developed new driver technologies based on new materials (1, 4, …, 14). One of the 
promising ideas is based on graphene (1, 2). Other studies focused on piezoelectric and cellulose based 
loudspeaker technologies (6, 7, 8, 9). Carbon nanotube thermoacoustic loudspeakers, ferroelectret 
nanogenerators or metamaterials are some other technologies (4, 10). In most cases, these materials 
bring some advantages, such as flexibility, lightweight, basic structure, and small volume, etc. 
However, in most cases the audio quality or the energy efficiency are not yet so good as traditional 
ones. In some cases, the invisibility of the loudspeaker driver is a key issue for the user satisfaction.  

In our recent studies (11, 12, 13, 14), we concentrated on the optimization of different parameters 
such as thickness, low weight, modularity and also audio quality using new materials. Dielectric 
elastomer actuators offer new possibilities to optimize the above mentioned parameters.  

2. DIELECTRIC ELASTOMER LOUDSPEAKER TECHNOLOGY 
In recent years, the interest to use dielectric elastomer as actuator, sensor material has grown 

exponentially. The actuator applications are based on the usage of a thin sheet of dielectric elastomer 
material which is coated with compliant electrodes. Similar to some other loudspeaker technologies, 
the electrical energy causes a mechanical deformation. This deformation is based on the electrostatic 
forces between the electrodes. Some application areas are pumps, soft robotics, shakers, tactile-/haptic 
actuators. 
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In our study (12), we developed a roll actuator, which is shown in Figure 1. Basic construction is 
based on a core-free rolled actuator driving conventional loudspeaker membrane. Folded and rolled 
DE-material forms selfstable core free roll. Polarisation voltage is necessary for bidirectional 
movement. With polarisation voltage efficiency and linearity could be significantly increased. This 
type of loudspeaker technology reduces the driver weight significantly. Ferroelectric and magnetic 
materials, which are used at conventional loudspeakers, are not necessary at this kind of loudspeaker. 
Therefore, it is an environmentally friendly solution.        
 

 
 

Figure 1. Tubular loudspeaker driver which is based on dielectric elastomer technology.  
 

In the second study, a dielectric elastomer membrane was developed for headphone applications 
(Figure 2). The membrane technology is based on unimorph structures. PET substrate (5-20 μm) was 
coated with a metal and a silicon film. A compliant electrode is mounted on top and a ring structure 
is used to clamp the actuator. The frequency range of the actuator starts at 70 Hz and a sound 
generation until 20 kHz can be realized. The weight reduction in comparison to an electrodynamic 
driver is very significant (13).   

 

 
.    
 

Figure 2. Dielectric elastomer unimorph membrane for headphone applications. 

 

 

 

 

 

 

 



 

 

3. CONCLUSION 
It was possible to develop dielectric elastomer actuator solutions for loudspeaker and headphone 

applications. The main advantages of the usage of dielectric elastomer actuator technology are the 
reduction of the weight, robustness, high efficiency and the absence of the magnetic and ferroelectric 
materials.  
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ABSTRACT 

Qualification of anechoic and hemi-anechoic chambers is intended to demonstrate that the test environment 

adequately supports free sound field conditions (anechoic spaces), or free sound field conditions over a 

reflecting plane (hemi-anechoic spaces). According to the ISO 26101:2017, free-field performances are 

evaluated by comparing the reduction of sound pressure levels measured along specified traverse paths 

starting from a test sound source, against the theoretical reduction evaluated by the inverse square law. In 

order to detect the contributions due to reflected components of acoustic energy, the ISO 26101:2017 requires 

a high spatial resolution of measurement points inside the test environment, resulting in a significant increase 

in experimental effort and time. The present paper describes a case study concerning the qualification of a 

hemi-anechoic chamber according to the ISO 26101:2017. Key issues related to the realization of an 

automatic system for the microphone positioning along the traverse paths, the operation of the test sound 

source, the acquisition and analysis of measurement data are presented and discussed. 

 

Keywords: hemi-anechoic chamber, qualification, free field environment 

1. INTRODUCTION 

The International Standard ISO 26101:2017 (1) specifies the test methods for the qualification of 

free-field environments, i.e. the assessment of the performance of anechoic and hemi -anechoic space 

in realizing free-field conditions. In particular, performances of free-field environments are evaluated 

by comparing the reduction of sound pressure levels measured along specified traverse paths starting 

from a test sound source, against the ideal reduction evaluated by the inverse square law. To evaluate 

whether a space can be considered anechoic or not, deviations from such an ideal attenuation of sound 

pressure levels should not exceed the maximum allowable deviations specified by the ISO 26101:2017 

Standard, in the frequency range of interest. 

To properly detect both direct and reflected components of acoustic energy, occurring in real free -

field environment, the ISO 26101:2017 Standard requires the sound pressure levels to be measured 

with high spatial resolution, particularly at higher frequencies, where the spacing between 

measurement points along traverse path should not exceed 25 mm at frequency above 1 kHz. This 

means a significant increase of experimental effort and time, especially for large environments , also 

considering the typical frequency range of interest, usually from 100 Hz to 10 kHz at least, according 

with the typical spectral characteristics of the sound sources evaluated in free-field environments. 

In this work, we describe an automatic measurement system realized for the implementation of the 

qualification procedure specified by the ISO 26101:2017 Standard, and the results related to a case 

study.           

2. AN AUTOMATIC MEASUREMENT SYSTEM FOR QUALIFICATION TESTS 

In this Section, we briefly describe the automatic measurement system realized for the purpose of 

qualification of hemi-anechoic chambers, according with the ISO 26101:2017 Standard.       

2.1 Microphone positioning system 

The system basically consists of a remote-controlled stepper motor, which pulls the measurement 

microphone along the traverse paths by means of tensioned cables, and ensures its accurate positioning 

through a closed-loop control provided by the encoder feedback. This system, in view of the high 
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spatial resolution of measurement points, considerably reduces measurement times and eliminates the 

uncertainty contributions associated with manual microphone positioning.  

In Figure 1, the sliding supports realized for moving the measurement microphone along the 

traverse paths are sketched. The supports are fixed to a carbon rod, which is fixed, in turn, to the 

microphone, extending its length. The system slides along two parallel tensioned cables, which define 

the traverse path. In this way, the weight of the microphone and its signal cable is better distributed 

on the tensioned traverse cables, facilitating the realization of straight traverse paths.   

 

 

Figure 1 – Measurement microphone support and traverse cables  

 

A pulley located at the end of the traverse paths, suspended from a proper support, acts as a guide 

for the cables and allows them to be easily tensioned at floor level (Figure 2). 

 

 

Figure 2 – Tensioned cable system for microphone motion along the traverse path 

 

2.2 Test sound source 

A key issue in the qualification of free-field environments, is the selection of a proper sound source 

able to ensure, in the frequency range of interest, a sound radiation with uniform directionality, and a 

sufficient sound power in order to yield sound pressure levels at the measurement points at least 6 dB 

above the background noise. Furthermore, it should approximate a point source, and be located as 



 

 

close as possible to the reflecting surface (floor of hemi-anechoic chamber), at most, at one tenth of 

the wavelength of the maximum frequency in the range of interest.  To this end, a sound source 

consisting of a dual cone full-range loudspeaker has been coupled by means of a pyramid-shaped 

wooden cavity to a 2 m length tube (35 mm diameter) serving as acoustic wave-guide, which ends 

with a 90° elbow, with a 6 mm diameter opening, faced to the reflecting surface of the chamber. The 

pyramid-shaped wooden cavity is inserted into an MDF wooden box stuffed with glass wool, and the 

wave-guide tube is externally coated with damping material,  to ensure the sound to be emitted from 

the 6 mm tube opening only. The wave-guide tube directs the sound towards the floor plane of the 

chamber, so that the image source resulting from sound reflection is exploited. The stability of the 

sound power emitted by the source is taken into account by means of a monitor microphone, placed 

in a fixed position in the chamber. 

To improve the signal-to-noise ratio, the sound source is driven by a linear sweep signal, ensuring 

a sufficient integration time for the FFT analyzer, over each one third-octave frequency band. The 

acoustic spectrum analyzer used for the measurement of sound pressure levels and the source signal 

generation, is the Ono Sokki DS-3000, which ensures the synchronization between microphone signals 

acquisition and source signal generation.         

2.3 Measurement data analysis 

Once sound pressure levels are measured along each traverse path, the post-processing of 

measurement data allows maximizing the qualified distance from the test sound source, in which the 

deviations ∆𝐿𝑝𝑖 of measured sound pressure levels with respect to the ideal inverse square law are 

within the tolerance range. To this aim, the so-called source strength parameter 𝑏, i.e. the sound 

pressure level at the reference distance 𝑟0= 1 m from the mathematical origin of the traverse, should 

be determined by an iterative process, and the sound pressure level 𝐿𝑝(𝑟𝑖) based on the inverse square 

law at the distance 𝑟𝑖 from the mathematical origin of the traverse is calculated as:      

𝐿𝑝(𝑟𝑖) = 𝑏 − 20 log10(𝑟𝑖 𝑟0⁄ ) (1) 

The proper evaluation of the source strength parameter 𝑏 is fundamental to maximize the distance 

in which a space can be considered anechoic. An iterative process can be adopted to find the optimal 

value of 𝑏 that allows most of the measurement points to fall within the tolerance range. A good 

starting value is given by the ISO 26101:2017 Standard, which represents the mean value of the sound 

pressure levels calculated by inverse square law extrapolation of sound pressure levels measured at 

the different positions along the traverse path. The optimal value of 𝑏 can be searched iteratively, by 

identifying the larger subset of consecutive measurement points along the traverse path and the wider 

frequency range, characterized by deviations from the ideal sound pressure levels all within the 

tolerance range.           

3. RESULTS OF A CASE STUDY 

In this section, we report an example of the qualification results obtained during the test of the 

measurement system described in Section 2, in a hemi-anechoic chamber.  

In Figure 3, the qualification results are shown in terms of deviations ∆𝐿𝑝𝑖 of measured sound 

pressure levels with respect to the ideal inverse square law, at each one third -octave frequency band 

from 100 Hz to 10 kHz, and at each measurement position 𝑟 along a specific traverse path (𝑟 is the 

distance from the mathematical origin of the traverse path). The tolerance band specified by the ISO 

26101:2017 Standard is also reported. It can be observed that some measurement points, at the end 

and at the beginning of the traverse path, are outside the tolerance band, for specific frequencies in 

the range of interest. This may be due to the effect of reflected components of acoustic energy  that 

characterize the environment under test, and to the near field acoustic conditions in proximity of the 

source.     

 



 

 

 

Figure 3 – Deviations from the inverse square law for a specific traverse path  

 

In order to evaluate the maximum qualified distance that satisfies the free-field requirements, the 

optimal value of the source strength parameter 𝑏 has been determined according with the procedure 

described in Section 2.3, and the actual limits of the qualified space have been assessed. The final 

results of the qualification are shown in Figure 4. Along the specific traverse path, the environment 

satisfies the free-field requirements from 1.985 m to 3.135 m with respect to the mathematical origin 

of the traverse.    

 

 

Figure 4 – Deviations from the inverse square law for a specific traverse path, along the qualified distance 

 

4. CONCLUSIONS 

The measurement system presented in this work for the qualification of free-field environments 

according to the ISO 26101:2017 Standard, allows the coherent operation between the signal 

acquisition system and the sound generation, and together with the above-mentioned microphone 

positioning apparatus, ensures the qualification procedure to be effectively automated. 
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ABSTRACT
Infrasound, acoustic waves below the 20 Hz frequency is increasingly used to monitor human activities as 
well as natural phenomena like volcano, tornado and avalanches etc. Potential applications of infrasound 
are warning systems of various natural and man-made disasters. Large dam discharges without warning 
sometimes cause severe damages to the people at the downstream. This study is about the monitoring of 
dam discharges using the infrasound measured at long distances. We analyze infrasound data from two 
large discharge events (Hwanggang Dam, 2009 and Daecheong Dam, 2020) which caused huge damages to 
the people living in the downstream. We clearly detect the dam discharges at the distance about 30 km and 
15 km, respectively.

Keywords: Infrasound, Dam discharge, Frequency-wavenumber analysis, Fisher statistics

1. INTRODUCTION
Infrasound is sound waves with frequency below human hearing, typically beneath 20 Hz (1). 

Since infrasound propagates long distances without much attenuation it can be used for monitoring 
natural disasters like volcano, tornado, tsunami, and landslide, etc.

Dam discharges without proper warnings sometimes cause severe damages to the people living 
in the downstream area. It is known that a large waterfall generates infrasound which propagates 
long distances (2). We analyze the infrasound data obtained during two dam discharges. One case is 
the release from Hwanggang Dam which is located on Imjin River of North Korea in September 
2009. The other case is the release from Daecheong Dam which is located on Geum River in South 
Korea in August 2020. Here we show that infrasound can be used for early warning of large dam 
discharges.     

The paper consists of 3 sections. Section 2 describes two events of dam discharges. The data 
analysis methods and results are described in section 3. The conclusion is provided in section 4.

2. DAM DISCHARGES

2.1 Hwanggang Dam (2009)
The Hwanggang Dam is a hydroelectric dam on the Imjin River in Tosan County, North Korea. 

Located approximately 26 miles north of the Korean Demilitarized Zone, the dam has an estimated 
capacity of 400 million tones. Construction began in 2002 and was completed in 2007 (3).

In September 2009, without warning, North Korea released a massive amount of water from the 
dam, causing large floods in South Korea that killed six persons. An estimated 36 million tons of 
water was dumped during the flood, causing the water level at the border of Gyeonggi-do to leap 
from 2.3 m to 4.6 m. It is known to take 6 to 7 hours for the water released from the Hwanggang 
Dam to arrive at the border of the Demilitarized Zone.
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2.2 Daecheong Dam (2020)
The Daecheong Dam is located on the Geum River, 15 km north-east of Daejeon which is a 

multipurpose dam providing benefits of flood control, water supply and hydroelectric power 
generation. Construction began in 1975 and was formally commissioned in 1980. The 72 m high 
has created a reservoir with storage of 1,490 million tones (4).

From late July to early August 2020, there was over 1,000 mm of precipitation in Daejeon area 
which caused the water level of Daecheong Dam approaching the maximum level of flood control. 
The Daecheong Dam inevitably started to release the water 2,500 tones/s from 31st July and 
increased to 3,000 tones/s on 10th August which caused flood in the downstream area.

3. DATA ANALYSIS

3.1 Sensor Arrays
We use the infrasound data obtained at the Cheorwon sensor array and Daejeon sensor array. 

The Cherwon site is about 30 km away from the Hwanggang Dam. The back azimuth to the 
Hwanggang Dam is 290o counterclockwise from the north. The sensor array consists of 4 clusters 
of Chaparral infrasound sensors and each cluster has 2~4 sensors as shown in Figure 1(a). The 
Daejeon array is about 15 km away from the Daecheong Dam. The back azimuth to the Daecheong 
Dam is 42o counterclockwise from the north. The sensor array consists of 4 Chaparral infrasound 
sensors, as shown in Figure 1(b).

Figure 1 – Infrasound sensor arrays: (a) Cheorwon site, (b) Daejeon site

3.2 Methods
The methods used for the detection of dam discharges are the frequency-wavenumber (F-K) 

analysis and the Fisher signal detection (5). The F-K analysis of the array signal is the squared 
modulus of the multidimensional Fourier transform of the data in time and space, which provides 
the information about the direction and magnitude of the propagating signal.

The frequency-wavenumber spectrum is converted to frequency-slowness spectrum with the 
relation k = ωs  between the wavenumber k  and slowness s  for frequency ω.

P( )ω, 퐬 = |||||
|||||∑n=1

N An( )ω ∙ exp ( )−iω퐬 ∙ 퐫n
2

(1)

where, An( )ω  is the Fourier transform of n−th sensor data located at 퐫n.  P( )ω, 퐬  is the beam 
power of specific direction θ associated with slowness vector 퐬 as follows,



| |s = sx2+sy2= ⎛⎝ ⎞⎠
cosθc 2+⎛⎝ ⎞⎠

sinθc 2= 1c (2)

Here c is the sound velocity and θ is the wave direction of the propagating signal.
The Fisher statistics are defined as

F( )ω, 퐬 = E( )ω, 퐬E( )ω −E( )ω, 퐬 (N − 1) (3)

where

E( )ω, 퐬 = |||||
|||||1N∑n=1

N An( )ω ∙ exp ( )−iω퐬 ∙ 퐫n
2

(4)

and

E( )ω = 1N ∑n=1
N || ||An( )ω 2 (5)

E( )ω, 퐬  represents the spectral energy belonging to the signal while E( )ω  is the total energy, in 
other words signal plus noise. Thus, without (N-1) weighting F( )ω, 퐬  is a measure of the signal−
to-noise ratio. A coherent signal traveling over the array will increase the Fisher statistics, while 
incoherent noises will reduce the values.

The sample rate of the infrasound data is 40 Hz. First, 1-minute data (2,400 samples) is Fourier 
transformed and using Eq (1) F-K analysis is performed for the frequency band of 1-8 Hz. Second, 
we obtain the back azimuth of the dominant wave by finding the maximum value of the frequency 
integrated F-K values in the 2-dimentional space of slowness, i.e., x and y components of slowness. 
Finally, the Fisher value is calculated using Eq (3).

3.3 Results
Figure 2 shows the spectrogram, the Fisher statistics, and the back azimuth calculated using 24-

hour infrasound data: (a) Hwanggang Dam case of September 5, 2009, and (b) Daecheong Dam 
case of August 10, 2020. 

F



igure 2 – Spectrogram, Fisher values and back azimuth of 24-hour data: 

(a) Hwanggang Dam (September 5, 2009), (b) Daecheong Dam (August 10, 2020)

In Figure 2(a) the Fisher value increases rapidly from 3~4 to 10~25 from around 12:30 which 
means coherent signals become prevalent along the array. Strong signals of 2~4 Hz band appear in 
the spectrogram at the same time. The back azimuth shows consistent signals from 290o which is 
the direction to the Hwanggang Dam in the 30 km distance from the array. All the results of 
spectrogram, Fisher statistics, and back azimuth indicate the infrasound signals from the 
Hwanggang Dam.

When we look at the back azimuth data, the Hwanggang Dam seemed to start the water release  
earlier in the day, but a large amount of discharge seemed to happen in the afternoon and this 
caused the flood in the area of downstream early in the morning of next day.

Figure 2(b) shows the result of Daecheong Dam case. A consistent back azimuth appears at 42o 
which is the direction to the dam in the 15 km distance from the array. The Fisher values increase 
whenever the consistent back azimuth appears in the data. This time the Fisher values do not show 
dramatic increase like the case of Hwanggang Dam. This seems to result from the small number of 
sensors array and lack of signal strength. But the data shows a clear indication of the infrasound 
signal caused by the dam discharge. The spectrogram shows that 2 Hz signals appears when the 
consistent back azimuth is present, which is similar to the previous case of Hwanggang Dam. 

As we see in the results, the increased Fisher statistics and a consistent back azimuth can be 
used for the indication of strong signal of dam discharges. Comparing the speed of sound in the air 
to the speed of water stream, infrasound can be used as an early warning system for the large water 
release from dams.

4. CONCLUSIONS
The Fisher statistics and back azimuth of F-K analysis are good parameters for the consistent 

infrasound signals. In this paper, those measures are applied to indicate the infrasound signal 
generated by dam discharges. We show that infrasound can be used for early warning systems of 
dam discharges.
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ABSTRACT 

Infrasound is generally defined as sound waves below 20 Hz, which are below the audible frequency band 

and difficult to measure with normal microphones. Micro barometer-type sensors have been widely used for 

infrasound measurements like the IMS (International Monitoring Systems) of CTBTO (Comprehensive 

Nuclear-Test-Ban Treaty Organization). MB3a developed by CEA (Alternative Energies and Atomic Energy 

Commission), a French research institute, is one of the standard sensors accepted for those purposes. Recently 

relatively cheap and portable infrasound sensors appear to use in the infrasound community. Raspberry Boom 

developed by Raspberry Shake, S. A. is one of them which is commercially available. We performed a 

comparison experiment by installing Raspberry Boom and MB3a together in the same environment for two 

days. Various signals, as well as wind noises with meteorological data, are recorded day and night. This paper 

is about the results of this experiment showing the characteristics of the Raspberry Boom infrasound sensor. 

 

Keywords: Infrasound, Infrasound Sensors, WNRS (Wind Noise Reduction System) 

 

1. INTRODUCTION 

Sound or acoustics can be defined as vibrations that propagate as sound waves through a 

transmission medium such as a gas, liquid, or solid. Sound is divided into infrasound (20 Hz or less) 

and ultrasonic (20 kHz or more) based on audible frequency (20-20,000 Hz) (1). Infrasound waves 

are widely used as a means of monitoring natural disasters or military activities because they 

propagate long distances with little attenuation of sound (2, 3). Infrasonic sound waves are usually 

measured using a micro barometer that can detect minute pressure changes. Recently, infrasound 

sensors have been developed that are small in size, convenient to move, and relatively inexpensive, 

making it easier to measure infrasound. Raspberry Boom is one of these acoustic sensors (4).  

This paper is about the performance comparison of the Raspberry Boom acoustic sensor. To this 

end, an experiment was conducted to measure various signals by installing a micro barometer and 

Raspberry Boom acoustic sensor, which were used a lot in the past, in the same environment. In this 

presentation, the results of comparative experiments with existing sensors will be explained, and a 

method for blocking wind noise suitable for the Raspberry Boom sensor will be mentioned.  
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2. EXPERIMENTS AND ANALYSIS 

A comparative experiment between MB3a (5) and R.Boom (Raspberry Boom), an infrasound 

sensor, was conducted from 11:00 am on October 28, 2021 to 08:30 am on October 29, 2021 in 

Gyodong-island, Republic of Korea. The minimum temperature was 8 degrees Celsius and the highest 

temperature was 19 degrees Celsius. The wind mainly changed in various ways such as the north wind, 

the south wind, and the west wind, and the wind speed was less than 2 m/s (6).  

For comparison experiment, 1 MB3a and 4 R.Boom were used. First, R.Boom #1 tested MB3a's 

WNRS (Wind Noise Reduction System) rosette pipe filter, R.Boom #2 was a simple tent, R.Boom #3 

was a basket covered with cloth, and R.Boom #4 was open. Time synchronization was done using 

GPS (Global Positioning System) sensor.The test scene and signal characteristics are shown in Figure 

1. 

 

 

Figure 1– Comparative experiment scene and measurement signal (7) 

 

3. CONCLUSIONS 

The overall signal characteristics of MB3a and R.Boom were similar throughout the experiment. 

However, R.Boom lacked reliability and had problems such as storage time error, ghost signal, and 

bias. As a result of the WNRS experiment, the performance was excellent in the order of rosette pipe 

filter, simple tent, basket covered with cloth, and open state. In the future, we p lan to conduct 

additional experiments to confirm the WNRS method that is easy to move and the method to improve 

the reliability of R.Boom. 
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ABSTRACT 
In the case of an infrasound sensor for monitoring the volcanic activity and nuclear test, since it operates in 
much lower frequency band than the existing microphones that target the audible frequency range, the 
traceability chain for securing and propagating the traceability in this frequency band is necessary. In this 
study, the absolute and comparison calibration methods for the corresponding band were investigated for 
securing and disseminating traceability of these infrasonic frequency band sensors. For the absolute 
calibration, the measurement system of the reciprocity method and the laser pistonphone method were 
established for infrasonic range. By using the reference microphone calibrated by the absolute method, the 
procedure and system for comparison calibration was developed for the infrasound monitoring sensors. 
 
Keywords: Infrasound, Traceability, Calibration 

1. INTRODUCTION 
Sensors to monitor the seismic activity, such as broadband seismic sensors and infrasound sensors 

based on the micro-barometer are the special types of vibration and acoustic sensor having high 
sensitivity and covering extremely low frequency. Traditionally, the calibration of such instruments 
has been separately operated from the international metrology system and the method of calibration is 
not traceable from the International System of Units (SI). Recently, Comprehensive Nuclear Test Ban 
Treaty Organization (CTBTO) has mentioned about the necessity of connection of the seismic 
measurement area to international metrology system. This is because the reliability assurance become 
more important due to the increase of seismic activities and extension of the international monitoring 
system (IMS) operated by various independent institutes and countries. 

In this study, the potential primary calibration methods for the infrasound sensor are investigated 
with the consideration of traceability to the international metrology system. The primary calibration 
method based on the reciprocity and the laser pistonphone were applied to the calibration of 
infrasound region down to 1 Hz and the feasibility of these methods was investigated. Also, the 
calibration of infrasound sensor was conducted by the comparison method with the calibrated LS 
microphone. 

2. ABSOLUTE CALIRATION FOR INFRASOUND 

2.1 Reciprocity calibration 
The standard of sound-in-air measurement is based on the laboratory standard (LS) microphone 

[1] and the primary method for calibration is based on the reciprocity method [2]. This approach is 
quite reliable and precise however only applicable to LS microphone. Therefore, the calibration of 
infrasound sensor can be done by comparison with the LS microphone.  

The key comparison between the national metrology institutes was conducted and the 
international equivalence was ensured down to 2 Hz [3, 4]. Figure 1 shows the example of 
calibration result for LS1p microphone (B&K 4160) done by the reciprocity method. The expanded 
uncertainty of KRISS system is ranged 0.06 dB – 0.10 dB for the infrasonic range [4]. 
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Figure 1 – Result of the reciprocity calibration for LS1p microphone (B&K 4160) 

2.2 Laser pistonphone 
Basically, microphone is designed as receiver to detect the sound signal and major target 

frequency is audible range. Therefore, the application of microphone as a sound source in the 
infrasound range is basically inefficient approach. From this reason, the laser pistonphone method 
was proposed as a potential primary method for calibration in the infrasound range, concerning 
further extension [5-7].  

The basic concept of laser pistonphone is to measure the volume change induced by piston 
movement directly by using the laser interferometer [8]. Therefore, the calibration process is 
traceable from the length standard, similar to the primary standard of vibration. Figure 2(a) shows 
the example of laser pistonphone system and the calibration result shown in Fig. 2(b). The result 
shows the consistency with the result of reciprocity calibration and possible to be extended to lower 
frequency range without significant increase of uncertainty.  

 
 

(a)   (b)  

Figure 2 – (a) Laser pistonphone system, (b) comparison of the reciprocity and laser pistonphone calibration 

result of LS1p microphone (B&K 4160)  

3. COMPARISON CALIBRATION OF INFRASOUND SENSOR 
By using the reference microphone calibrated by the absolute calibration method, the traceable 

calibration of infrasound sensor is possible. Basically, the concept of comparison method is to 
expose the reference sensor and device under test to the identical sound field and several types of 
system with infrasound source has been proposed [10-12].  

As a test example, the comparison calibration system was installed as shown in Fig. 3(a) and the 
calibration of infrasound sensor (Seismowave MB3d) was conducted by the comparison calibration 
method as shown in Fig. 3(b). 
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(a)  (b)  

Figure 3 – (a) Comparison calibration system for infrasound sensor, (b) calibration result of Seismowave 

MB3d 

4. CONCLUSION 
The primary calibration methods for monitoring the seismic activity are investigated and the 

traceable calibration procedure is proposed for infrasound monitoring sensors. The primary 
calibration method based on the reciprocity and the laser pistonphone were applied to the calibration 
of infrasound region down to 1 Hz and the feasibility of these methods was investigated. Also, the 
calibration of infrasound sensor was conducted by the comparison method with the calibrated LS 
microphone. 
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