applied sciences

tion and
‘Analysis
in Acoustical
Problems

Edited by
Claudio Guarnaccia, Lamberto Tronchin and Massimo Viscardi
Printed Edition of the Special Issue Published in Applied Sciences

=
www.mdpi.com/journal/applsci rM\D\Py

























































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































Appl. Sci. 2018, 8, 1862

o
¢] [¢)
o
[¢)
o
o
© @ Testpoint
o O  Other RPs
@® Adjacent RPs (first generation virtual RPs )
© O  Second generation virtual RPs
o [¢)
o B Third generation virtual RPs

Figure 4. Virtual RPs generation process.

As Algorithm 2 shows, online positioning process based on the iteration process continues until
the iteration time beyond the maximum iteration value T or the difference between two-estimation
process results is satisfied with |I — I’| < ¢, where ¢ is the iterative process end threshold value.

Algorithm 2: The location estimation process based on iterative interpolation.

Input: adjacent RPs D,

Output: test point location estimation results [
1 iteration time t = 1;
2 first generation virtual RPs D% = Dg;
s whilet <T | |I-1'| <edo

4 t=t+1;

5 =1

6 new generation virtual RPs D% can be generated by Equation (5);
7 | location estimation I can be calculated by the WKNN algorithm ;

4. Experimental Validation

To demonstrate the performance of the proposed acoustic localization approach based on the
cluster analysis and iterative interpolation, real-world experiments have been carried out in a practical
room. The room is w 9.64 x 7.04 x 2.95 m3, where the noise is about 40 dB and the walls are not
insulated. The scene and equipment of the experiments are shown in Figure 5. The target area is
a rectangular plane with the length of about 6 m and width of about 5 m. The four-channel microphone
array is composed of the MPA201 microphones produced by the BSWA Technology Co., Ltd., Beijing,
China. The microphones are installed at the four vertices of the positioning area with the height about
1.35 m above the floor. The type of the acquisition card is known as NI9215A from NI company, Austin,
USA. The sampling frequency is set as 100 kHz, and the sampling period is 1 s. The sound source is
a Bluetooth speaker with the same height as microphone array. A system-provided text tone called
“Popcom” in iPhone 6 is selected for localization sound signal.
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Figure 5. The fingerprint-based acoustic localization system and experiment scene.

In the sampling process, the coordinates of the samples are uniformly distributed in the location
area by grid division, and the distance between each samples is 0.593 m. The total number of the
samples prepared for database construction is 72, and 13 test points are used for target point estimation.

4.1. Analysis of the Two-Level RPs Matching Method

According to Section 3.3, more subsets in the positioning database partitioned means more
online positioning efficient improvement by two-level RPs matching method. However, the
same as the coordinate space partition method, when the subsets reaches a certain number,
distinguishing between sub-databases partitioned by feature clustering partition method is no longer
obvious. Then, the adjacent RPs may be divided into different sub-databases, which will cause RP
matching error.

To investigate the effect of the division number on location accuracy, we explored the localization
results with division number from 1 to 6, where 1 means the the matching process without partition,
that is, global linear matching localization.

As shown in Figure 6, when division number increased from 2 to 4, positioning accuracy slightly
improved compared with global linear matching. That is mainly because, according to the clustering
results, the outlier points with large measurement errors in the sub-database can be eliminated by
outlier test method. However, when the number of sub-databases increased to 5, the localization result
began to deteriorate significantly. Moreover, when the division number increased to 6, the average error
exceeded 0.18 m, while the maximum error reached 0.2780 m and 61.5% of the test point positioning
accuracy could not meet the 0.20 m positioning requirements.
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Figure 6. The effect of sub-database number on positioning.
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To compare the positioning effect between the coordinate space partition method and feature
clustering partition method, the average matching amount, matching time and the average positioning
error were considered when the division number is 4. As shown in Table 1, the average matching
amount and average matching time of the two different partition methods in the RPs matching process
are basically the same, and their online positioning efficiencies greatly improved compared with the
global linear matching method. Among them, the feature clustering partition method can reduce the
average matching amount and the average matching time to 30.13% and 29.89% of the global linear
matching method, respectively, while the coordinate space partition method was 30.97% and 30.13%.
In comparison to the positioning accuracy, the positioning error of 0.0813 m based on feature clustering
partition method is significantly superior to the 0.1214 m based on the coordinate partitioning partition
method, and the positioning accuracy is improved by 13.97% compared with the traditional linear
matching method.

Table 1. Comparison of the influence on positioning effect between database partition methods. A-amount,
average matching amount; A-time, average matching time; A-error, average positioning error.

Cases A-Amount A-Time (s) A-Error (m)
No partition 72 0.0271 0.0945
Coordinate partition 22.3 0.0084 0.1214
Cluster analysis partition 21.7 0.0081 0.0813

4.2. Analysis of the Iterative Interpolation Method

In this work, four adjacent RPs selected by the global linear matching method are used for target
location estimation. In the process of virtual RPs generation, the maximum number of iterations
is set as Tyqx = 10. In addition, when the difference between the results of two adjacent iterations
interpolation positioning process is less than e = 0.0001 m, the iteration process will end.

The global positioning results by examining the average error and maximum error of the
positioning results of 13 test points has been evaluated. As shown in Figure 7, the iterative interpolation
method can reduce the average error from 0.0945 m to 0.0406 m, and the maximum error from 0.2290 m
to 0.0818 m. In the process of iterative interpolation, the effect of location accuracy improvement is
obvious in the first six iterations. However, along with the iterative process and the improvement of
positioning accuracy, the effect is gradually weakened. The same phenomenon also occurred at the
maximum error.
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Figure 7. The changes of mean error and maximum error of location estimation according with the
iterate interpolation process.

329



Appl. Sci. 2018, 8, 1862

As Table 2 shows, 6 cases were considered to compare the positioning effect of different
interpolation methods. The maximum errors and average errors were selected as the evaluation
indicators. For iterative interpolation methods, the V-RPs is defined as the average value of the virtual
RPs generated during the localization process of the test points.

Table 2. The location results comparison of different fingerprinting acoustic localization methods. I-RPs,
initial RPs; V-RPs, virtual RPs; M-error, maximum positioning error; A-error, average positioning error.

Cases Total RPs I-RPs V-RPs M-Error (m) A-Error (m)
No interpolation 20 20 0 0.4505 0.2385
o interpolatio 72 72 0 0.2290 0.0945
. . 255 20 235 0.1656 0.0772
Global interpolation 255 7 183 0.1330 0.0534
Iterative interpolation 489 20 28.9 0.1773 0.0791
crative mterpotat 912 72 19.2 0.1542 0.0652

According to Table 2, in the fingerprinting acoustic localization process without interpolation,
72 RPs can provide apparently higher accuracy than the one with 20 RPs. The results confirmed the
viewpoint that improving RPs density can directly improve the positioning accuracy.

In the cases of global interpolation method, the interpolation method can make further
improvement for the positioning accuracy. On the other side, the initial RPs ratio can also affect
the location results. That is, when the total RPs of the acoustic localization process based on global
interpolation method are the same, more initial RPs means better positioning accuracy, but the influence
of initial RPs ratio is weaker than the number of the total RPs.

In the case of iterative interpolation method, it is easy to see that iterative interpolation method
needs only 12.3% virtual RPs of the global interpolation method for similar precise location results
when the number of initial RPs is 20. When the number of initial RPs is 72, iterative interpolation
method needs only 10.5% virtual RPs of the global interpolation method for a slightly less precise
positioning results.

4.3. Analysis of the Novel Method

The fingerprinting acoustic localization approach based on iterative interpolation and cluster
analysis is presented in this work. The positioning database consisting of 72 initial RPs is divided into
four sub-databases by K-Means clustering algorithm, and four adjacent RPs selected by the two-stage
matching method are used for 13 test point’s location estimation based on iterative interpolation.

As Figure 8 shows, all of the estimated positions of the 13 target points obtained good concordance
with the true positions. Meanwhile, the interpolation process at most target points ended in five
iterations. Take Test Point 3, for instance: the location error decreased during iterative interpolation
process and ended at the seventh iteration.

To analyze the influence at different test points, the position accuracy comparison of the novel
method and the original method were taken on each test point. As Figure 9 shows, the novel method
brought significant improvement of positioning accuracy for 11 of the 13 test points. In the novel
method, the errors of Test Points 3,7, 9, 11 and 12 decreased more than 50% from the original location
method. However, Test Points 2, 4, 5, 6, 10 and 13 were not sensitive to interpolation process because
they already had relatively high positioning accuracy. It must to be pointed out that the location
results of Test Points 1 and 8 got worse and result in no apparent improvement in maximum error.
That is because these points were located at the boundary of two sub-databases, and their adjacent
RPs were assigned to different clusters by feature clustering partition method. The causes of location
error are complex and varied; to further decrease the location error, improvements of other links in
fingerprinting acoustic localization process are also needed.
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Figure 8. The positioning results of the fingerprinting acoustic localization based on iterative
interpolation method. The green, pink, blue and yellow dots are the RPs clustered to different clusters,
red dots denote the test points, and the black dots are the estimation results of each interpolation.
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Figure 9. The positioning results comparison of the acoustic localization without interpolation process
and acoustic localization base on iterative interpolation process.

5. Conclusions

In this paper, the iterative interpolation method and cluster analysis method has been presented for
improving the positioning efficiency of indoor fingerprinting acoustic localization. In the fingerprinting
acoustic localization process, the calibration efforts in offline phase can be reduced due to the sparse
sampling treatment, and the satisfactory positioning accuracy can be guaranteed by virtual RPs
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generated by the iterative interpolation method. Meanwhile, the K-Means cluster analysis method
was adopted for database partition, and a two-level RPs matching method was used to speeding up
the online positioning phase. The results show that the fingerprinting acoustic localization method
can achieve satisfactory accuracy with few initial RPs sampling in offline phase and a more rapid RPs
matching process in online phase by iterative interpolation and cluster analysis. As future works,
an extension of the clustering method to reduce the location results deterioration of the frontier points
and various types of complex tasks for further verification of the novel method are being considered .
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Abstract: In the acoustics of human voice, an important role is reserved for the study of larynx movements.
One of the most important aspects of the physical behavior of the larynx is the proper description and
simulation of swallowing and singing register changes, which require complex laryngeal manoeuvres.
In order to describe (and solve, in some cases) these actions, it is fundamental to analyze the accurate
synchronization of vocal fold adduction/abduction and the change of the larynx position. In the case
of dysfunction, which often occurs for professional singers, this synchronization can be disturbed.
The simultaneous assessment of glottal dynamics (typically electroglottograph, EGG signal) and larynx
position might be useful for the diagnosis of disordered voice and swallowing. Currently, it is very difficult
to instantaneously gather this information because of technology problems. In this work, we implemented
a time-multiplex measurement approach of space-resolved transfer impedances through the larynx
(Multi-Channel electroglottograph MC-EGG). For this purpose, we developed specific software (Labview
code) for the visualization of the main waveforms in the study of the EGG signals. Moreover, the data
acquired by the Labview code have been used to create a theoretical algorithm for deriving the position of
the larynx inside the neck. Finally, we verified the results of the algorithm for the 3D larynx movement by
comparing the data acquired with the values described in the literature. The paths of the larynx and the
displacement on the sagittal and transverse plans matched the ones known for the emission of low /high
notes and for swallowing. Besides, we have introduced the possibility to study the movement on the
coronal (x) plan (so far, unexplored), which might be a starting point for further analysis.

Keywords: voice generation; multichannel electroglottograph; larynx acoustics

1. Introduction

The study of musical acoustics includes several aspects about the physics of musical instruments,
and the main purpose consists of describing their sound [1], including the development of new physical
parameters [2]. One of the most important applications of these studies is to emulate their sound by
means of the proper description of their behavior, by means of convolution between the music piece
played by the musician and impulse responses of the instrument [3]. However, sound production in
humans is a complex process depending on different singing styles, which involves several anatomic
structures [4]. This process is responsible for the generation of formant frequencies [5]. For these
reasons, it is necessary to properly describe their movements, also including nonlinear aspects, in order
to emulate nonlinearities using novel approaches [6,7]. Considering these aspects, it would be feasible
to obtain a proper reconstruction of the diffuseness of musical signals for subjective evaluations [8].

Nevertheless, the interest in the description and modelling of the phonetic act includes researchers
working in medicine and singing teaching. This interest has grown in the last few years and is
continuing to grow even more.
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Scientific studies of the human voice started with Helmholtz, who gave a detailed explanation
of this phenomenon in 1863, describing that the voice is produced by a steady flow of air from the
lungs, segmented at the laryngeal level into a series of air puffs at a fundamental frequency (fy) that
generates higher harmonics in the cavity of the upper airway. The supra-laryngeal cavity plays the
role of a resonator, only filtering some frequencies, and finally the mouth and nose cavities modify the
air flux, generating sound [9].

Mechanically, the phenomenon can be compared with the pression provoked by a piston. The air
pressure forces the vocal folds to open. As the suction produced by the drop in pressure in the region
of the folds plus static tissue forces begins to counterbalance the subglottic pressure in the region of the
lungs, the folds begin to move inward, and the narrowing channel causes an increase in suction until
the folds snap shut. Once the vocal fold cycle is completed, the folds return to the starting position.

Complex laryngeal manoeuvres occur during swallowing and singing register changes.
These actions require an accurate synchronization of vocal fold adduction or abduction and the
change of the larynx position. The simultaneous assessment of glottal dynamics and larynx position
could be beneficial for several reasons: it might be an important instrument for the diagnosis of
disordered voice or speech production and swallowing, it might be useful in the research of effective
correlations between the control of the speech frequency f) and the position of the larynx, and it
can also be an instrument for the mechanic evaluation of singing techniques. Currently, the existing
tools normally available do not allow this simultaneous assessment because of their features (e.g.,
the incompatibility between MRI and other electric devices) or low resolution (e.g., CT).

For the aforementioned reasons, there is interest in a device which might be capable of making both
the measurements at the same time. This is the reason why a prototype of MC-EGG (Multi-Channel
Electroglottograph) was realized. This new device differs from a standard EGG in that more electrodes
are rapidly switched to give information about the larynx position inside the neck [10].

2. Multi-Channel Electroglottograph

There are several different devices that might be used for the evaluation of the glottal dynamic.
One of the most important is the EGG, which was utilized in this research [11].

This device evaluates the TEC (Transverse Electrical Conductance) between two electrodes placed
on the sides of the neck. The first electrode sends a low intensity-high frequency current stimulus that
is received by the second electrode.

The typical EGG signal appears as in Figure 1; the maximum conductance is at the maximum
contact point of vocal folds and the minimum is at the maximum opening point. A standard EGG
has two electrodes (one sender and one receiver), while the MC-EGG uses two six-electrode arrays
(Figures 2 and 3).

A Amplitude

/O
®

>
>

Time

Figure 1. Phases of the idealized EGG waveform related to the vibratory cycle of the folds: 1: closing
phase; 2: maximum contact; 3 opening phase; 4: open, no contact.
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Figure 3. An example of MC-EGG, used for the experiments.

For each electrode’s switch in the transmitter array, we have a fast switch of all the electrodes
on the receiving array (every 25 ms). In this way, we could obtain all the 36 possible paths of current
inside the neck [10]. In other words, by using an MC-EGG, it is possible to simultaneously obtain
much more information if compared with a normal EGG. In this way, the resolution of the possible
movements of the larynges increases. Further information about the behavior of the MC-EGG could
be found in [10].
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3. Methodologies

In order to describe the laryngeal manoeuvres, it was very important to focus on acquiring,
visualizing, and saving data on a computer from the MC-EGG. Moreover, an algorithm for the
evaluation of the larynx position inside the neck has been developed.

For the acquisition, we used a DAQ 6035E, 38.5 kHz, and we developed a Labview (National
Instrument) tool to interface the device with a laptop. This tool included a user interface (Front Panel)
and a code interface (Block Diagram), following the numerical description of the phenomenon [12].

The Front Panel tool consisted of a macro-box with three folders (Figure 4): the first was used for
the electrodes’ positioning; the second, called the EGG, was developed to acquire data and to evaluate
the larynx position inside the neck. The same box also includes a graph that shows the real-time
dynamic of one channel (user defined), which represents the TEC variation in time (the typical EGG
signal that evaluates the glottal dynamic).

<
T emwEes @@ eom w2207 w00 N2 ST T ] ezl s
Toe

s e k.| —

Smdsin toar | g e it | e e &

Stap Sien

Figure 4. Labview Main Panel for acquiring data: EGG page.

The second folder included another box that allowed the user to set the simulation time or to
manually stop it.

The third (last) folder, called “Setting”, enclosed all the settable parameters. The acquired-data
matrix is also visualized in that folder. This might be saved as a text file, which is useful for a Matlab
post-processing, in a spreadsheet (.xls) file, or both [13].

The output matrix contained 36 columns, with each one representing a possible current path inside
the neck between a sender and a receiver electrode: the number of rows depends on the simulation
time. The algorithm for the evaluation of the larynx position has been developed in a “light” version,
in terms of computational cost, in order to work online with Labview. In Matlab, the algorithm is
more complex and more precise because it might work offline. The EGG signal consists of an AM
(Amplitude Modulated) signal; its value is bigger when the current flows through the vocal folds’
plane. On the other hand, it becomes smaller if that plane is partially crossed or not crossed at all.
We approximated the field between two electrodes as a cylindrical shape. Therefore, we used the
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information given by the EGG signal to obtain information about the distance between the axis of each
cylinder and the vocal folds’ plane.

When the distance between electrodes is known, we can calculate all the 36 possible cylinders
representing the 36 current paths (Figure 5).

The mathematical equation that should be solved for each cylinder is:

2
(X = Xi0)? + (Y = Yao)? + (Z = Zio)* — [(X - Xio)vijy + (Y = Yio)vijy + (Z — Zig)vijy]” — Rij* = G )

wherei=1,...,61is the index for the sending electrodes; j=1, ... ,6 is for the receiver ones; and X, Y,
Z represents the larynx position coordinates, which start from position (Xio, Yio, Zip). They should
potentially assume any value inside the volume mapped by the two electrodes’ arrays.

In Formula (1), C represents the “cost function”. Therefore, for each set of X, Y, Z, we could
obtain 36 possible cost functions. The sum of the cost function for all 36 paths will give the global cost
function. The most probable point where the larynx is located is obtained by minimizing the global
cost function, by varying the X, Y, Z sets.

V=(VX,V!‘,,VZ)

O=0X,,Y1.Zy)

Figure 5. Cylindrical field between two electrodes.

Since in a volume we could localize infinite values for X, Y, and Z, it was necessary to
divide them into finite elements in each direction, otherwise the problem could not be solved in
a continuous medium.

In order to obtain a finite number of values for X, Y, and Z in a specific volume, we have divided
the global volume through three grids on the main axis, evaluating only the intersection points.
Nevertheless, even in this case, we would have had an excessive number of points, aiming to reach a
good spatial resolution (i.e., millimeters). Figure 6 reports the position of MC-EGG for humans.
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Figure 6. Application of MC-EGG on humans.

This problem has been solved using the EGG values, acquired at the beginning of each measure
cycle, to restrict the number of possible values.

In order to reduce the number of tested points, we introduced two logic trees, one for the Y
coordinates and the other one for the Z coordinates. These trees exclude, by logical operation of the
36 EGG signal, the zones of the mapped volume that could not be interested by the position of the
larynx; in this way, we reduced the number of tested points. The full algorithm has been implemented
in Matlab to obtain an accurate solution.

The lateral displacement of the larynx (on the X axis) has never been studied and there is no
literature material about it; nevertheless, this algorithm gives the user the possibility to also set a
displacement range on the X axis.

The Labview code worked online and the implementation of the whole algorithm was not possible;
for this reason, we built another, lighter algorithm, that uses just the two logic trees to define a range of
possible values on Y and Z. This algorithm considered the midpoint as the most probable point for the
larynx position.

4. Comparison between Software and Experiments

The new developed software has been tested by studying the larynx displacement during two
well-known vocal acts: the alternate emission of the vowel/ a, first with a low note and then with a
high note; and swallowing.

In order to guarantee a correct synchronization between the physical (measured) signal and
the acquisition (samples acquired), the acquisition chain in Labview should be set to read data in
Finite Mode. The sampling rate that allows the best synchronization was estimated to be around
38.5 kHz: using this sampling rate, we could acquire 36 samples every 3.5 ms. It is also important to
remember that the EGG signals are normally studied during the emission of a low note characterized
by a fundamental frequency of fy ~ 100 Hz. It is also important to note that during the alternate
emission of a low and high note, the larynx has a marked displacement, in the range between 18 and
22 mm [14].

Moreover, the high level of background noise caused some difficulties of accuracy during the
acquisition of the experimental data, since the EGG signal has a magnitude of around 1 mV, which is
comparable with the background noise. However, this background noise, which represents the main
issue during these experiments with an EGG device, is often discussed in scientific literature [14,15].
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In order to reduce the background noise, the first attempt consisted of using a proper contact gel
which could increase the ECC signal, improving the contact between the electrode and the skin surface.
The second attempt consisted of using a higher voltage range, which was in the order of tens of mV.

The two codes were initially tested using the Labview code, and then the Matlab code. As expected,
Labview allowed us to visualize the larynx in a downward position during the emission of the low
note and an upward displacement during the emission of the same note at a higher frequency. There is
no back-forward displacement of the larynx during this phonetic act. The range of displacement was
0 mm on the sagittal plane and 18.2 mm on the vertical plane, as described in scientific literature [15].

The data acquired by the Labview code was processed with the Matlab algorithm. In this way,
the larynx movement was graphically visualized. The resulting movement was similar to the Labview
one, and the resulting displacement was 0 mm for the sagittal plane and 18.4 mm for the vertical one.
Besides the graphs, a video of the displacement was also obtained. Figure 7 reports some frames of
the video.

Figure 7. Frames from the created Matlab movie for the larynx movement.

During swallowing, the path of the larynx inside the neck is more complex; the larynx responds
to this act by rising up in the first moment to push down the bolus, the epiglottis then moves backward
to avoid the bolus penetration into the respiratory airways and, when the bolus is passed, the larynx
returns to the original position.

The results obtained from the evaluation made through Labview and Matlab confirmed this
path [13]. We recorded a 19.7 mm vertical displacement (both in Labview and Matlab), while the
sagittal movement was 16.65 mm with Labview and 16.75 mm in Matlab. All these values are inside
the range described by scientific literature [15]. Figure 8 reports the swallowing displacement as
elaborated by Matlab.
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Figure 8. Trajectory of the larynx evaluated by the Matlab code for swallowing.

5. Conclusions

The purpose of this work was to develop a tool able to visualize the glottal dynamic and the
displacement of the larynx inside the neck during phonetic acts. This task was possible to achieve
by means of fast EGG data acquisition, properly designed and configured, and by means of the
development of a specific algorithm to process the data acquired.

The Matlab code also allowed us to study the larynx displacement on the coronal plane. Currently,
there is not enough knowledge about this kind of movement and this research could be a starting point
for further analysis.

Moreover, there is the prospective to extend the potentiality of the numerical code for exploiting
the number of electrodes. In this way, it might be possible to study the behavior of the ventricular
(or false) vocal folds. These are not exactly vocal folds, because they have different tissues and do
not display muscular activity. The false vocal folds are not usually used in the normal phonation,
but could be used for some kinds of singing styles, and they take the place of the true vocal folds in
some voice diseases. So far, the ventricular (false) vocal folds have been less investigated, but the
interest in them is growing. This research could contribute to, for example, detecting voice disorders
in a non-invasive way.
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Abstract: Enhancing speech captured by distant microphones is a challenging task. In this study,
we investigate the multichannel signal properties of the single acoustic vector sensor (AVS) to obtain
the inter-sensor data ratio (ISDR) model in the time-frequency (TF) domain. Then, the monotone
functions describing the relationship between the ISDRs and the direction of arrival (DOA) of the
target speaker are derived. For the target speech enhancement (SE) task, the DOA of the target speaker
is given, and the ISDRs are calculated. Hence, the TF components dominated by the target speech are
extracted with high probability using the established monotone functions, and then, a nonlinear soft
mask of the target speech is generated. As a result, a masking-based speech enhancement method is
developed, which is termed the AVS-SMASK method. Extensive experiments with simulated data
and recorded data have been carried out to validate the effectiveness of our proposed AVS-SMASK
method in terms of suppressing spatial speech interferences and reducing the adverse impact of the
additive background noise while maintaining less speech distortion. Moreover, our AVS-SMASK
method is computationally inexpensive, and the AVS is of a small physical size. These merits are
favorable to many applications, such as robot auditory systems.

Keywords: Direction of Arrival (DOA); time-frequency (TF) mask; speech sparsity; speech enhancement
(SE); acoustic vector sensor (AVS); intelligent service robot

1. Introduction

With the development of information technology, intelligent service robots will play an important
role in smart home systems. Auditory perception is one of the key technologies of intelligent service
robots [1]. Research has shown that special attention is currently being given to human-robot
interaction [2], and especially speech interaction in particular [3,4]. It is clear that service robots
are always working in noisy environments, and there are possible directional spatial interferences
such as the competing speakers located in different locations, air conditioners, and so on. As a
result, additive background noise and spatial interferences significantly deteriorate the quality and
intelligibility of the target speech, and speech enhancement (SE) is considered the most important
preprocessing technique for speech applications such as automatic speech recognition [5].

Single-channel SE and two-channel SE techniques have been studied for a long time,
while practical applications have a number of constraints, such as limited physical space for installing
large-sized microphones. The well-known single channel SE methods, including spectral subtraction,
Wiener filtering, and their variations, are successful for suppressing additive background noise,
but they are not able to suppress spatial interferences effectively [6]. Besides, mask-based SE methods
have predominantly been applied in many SE and speech separation applications [7]. The key idea
behind mask-based SE methods is to estimate a spectrographic binary or soft mask to suppress the

Appl. Sci. 2018, 8, 1436; d0i:10.3390/app8091436 345 www.mdpi.com/journal/applsci



Appl. Sci. 2018, 8, 1436

unwanted spectrogram components [7-11]. For binary mask-based SE methods, the spectrographic
masks are “hard binary masks” where a spectral component is either set to 1 for the target speech
component or set to 0 for the non-target speech component. Experimental results have shown that
the performance of binary mask SE methods degrades with the decrease of the signal-to-noise ratio
(SNR) and the masked spectral may cause the loss of speech components due to the harsh black or
white binary conditions [7,8]. To overcome this disadvantage, the soft mask-based SE methods have
been developed [8]. In soft mask-based SE methods, each time-frequency component is assigned a
probability linked to the target speech. Compared to the binary mask SE methods, the soft-mask SE
methods have shown better capability to suppress the noise with the aid of some priori information.
However, the priori information may vary with time, and obtaining the priori information is not an
easy task.

By further analyzing the mask-based SE algorithms, we have the following observations. (1) It is
a challenging task to estimate a good binary spectrographic mask. When noise and competing
speakers (speech interferences) exist, the speech enhanced by the estimated mask often suffers from the
phenomenon of “musical noise”. (2) The direction of arrival (DOA) of the target speech is considered
as a known parameter for the target SE task. (3) A binaural microphone and an acoustic vector sensor
(AVS) are considered as the most attractive front ends for speech applications due to their small
physical size. For the AVS, its physical size is about 1-2 cm3 and AVS also has the merits such as signal
time alignment and a trigonometric relationship of signal amplitudes [12-16]. A high-resolution DOA
estimation algorithm with a single AVS has been proposed by our team [12-16]. Some effort has also
been made for the target SE task with one or two AVS sensors [17-21]. For example, with the minimum
variance distortionless response (MVDR) criterion, Lockwood et al. developed a beamforming method
using the AVS [17]. Their experimental results showed that their proposed algorithm achieves good
performance for suppressing noise, but brings certain distortion of the target speech.

As discussed above, in this study, we focus on developing the target speech enhancement
algorithm with a single AVS from a new technical perspective in which both the ambient noise and
non-target spatial speech interferences can be suppressed effectively and simultaneously. The problem
formulation is presented in Section 2. Section 3 shows the derivation of the proposed SE algorithm.
The experimental results are given in Section 4, and conclusions are drawn in Section 5.

2. Problem Formulation

In this section, the sparsity of speech in the time-frequency (TF) domain is discussed first. Then,
the AVS data model and the corresponding inter-sensor data ratio (ISDR) models are presented for
completeness, which was developed by our team in a previous work [13]. After that, the derivation
of monotone functions between ISDRs and the DOA is given. Finally, the nonlinear soft TF mask
estimation algorithm is derived specifically.

2.1. Time-Frequency Sparsity of Speech

In the research of speech signal processing, the TF sparsity of speech is a widely accepted
assumption. More specifically, when there is more than one speaker in the same spatial space,
the speech TF sparsity implies the following [5]. (1) It is likely that only one speaker is active during
certain time slots. (2) For the same time slot, if more than one speaker is active, it is probable that
the different TF points are dominated by different speakers. Hence, the TF sparsity of speech can be
modeled as:

Sm(T/w)S;l(T/w) =0,m 7& n 1)

where S,,(T,w) and S,(7,w) are the speech spectral at (7,w) for the mth speaker and nth speaker,
respectively. (3) In practice, at a specific TF point (7,w), it is most probably true that only one
speech source with the highest energy dominates, and the contributions from the other sources can
be negligible.
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2.2. AVS Data Model

An AVS unit generally consists of ] co-located constituent sensors, including one omnidirectional
sensor (denoted as o0-sensor) and J-1 orthogonally oriented directional sensors. Figure 1 shows the data
capture setup with a single AVS. It is noted that the left bottom plot in Figure 1 shows a 3D-AVS unit
implemented by our team, which consists of one o-sensor with three orthogonally oriented directional
sensors depicted as the u-sensor, v-sensor, and w-sensor, respectively. In theory, the directional
response of the oriented directional sensor has dipole characteristics, as shown in Figure 2a, while the
omnidirectional sensor has the same response in all of the directions, as shown in Figure 2b. In this
study, one target speaker is considered. As shown in Figure 1, the target speech S(f) is impinging from
(05,¢s) meanwhile, interference S;(f) are impinging from (6;,¢;), where ¢s, ¢; € (0°,360°) are the azimuth
angles, and 6;, 6; € (0°,180°) are the elevation angles.

A Z noise n(r)

O=sensor.

Interference si(7)

v=sensor

270
(b)
Figure 2. (a) The directional response of oriented directional sensor; (b) The directional response of
omnidirectional sensor.
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For simplifying the derivation, without considering room reverberation, the received data of the
AVS can be modeled as [13]:
M;
Xaos(t) = a(0s, ¢s)s(t) + Y a(6;, ¢)si(t) + s (t) )

i=1

where Xp5(t), 1405(t) and a(s,¢s) are defined respectively as:

Xavs (1) = [xu(t), X0 (1), Xw(t), %o(t)] (€)]

M5 (t) = [nu(t), no(t), nw(t), 10 (t)] 4)

a(0s, ¢ps) = [us, vs, ws, 1]T = [sin 05 cos ¢s, sin b, sin ¢, cos s, 1}T (5)
a(0;, ¢i) = [u,v;, wi,l]T = [sin 6; cos ¢;, sin 0; sin ¢;, cos Gi,l]T (6)

In Equation (3), x,(t), xo(t), xw(t), xo(t) are the received data of the u-sensor, v-sensor, w-sensor,
and o-sensor, respectively; 1,(f), 1y(f), nu(t), n,(t) are assumed as the additive zero-mean white
Gaussian noise captured at the u-sensor, v-sensor, w-sensor, and o-sensor, respectively; s(t) is the target
speech; s;(f) are the ith interfering speech; the number of interferences is M;; a(0s,¢s) and a(0;,¢;) are
the steering vectors of s(t) and s;(t), respectively. [.IT denotes the vector/matrix transposition.

From the AVS data model given in Equation (2), taking the short-time Fourier transform (STFT),
for a specific TF point (7,w), we have:

M;
Xaos (T, w) = a(6s,¢s)S(T,w) + Zu 0;, ¢:)Si(T, w) + Naos (T, w) 7)
i=1

where X0s(T,0) = [Xu(T,w), Xo(T,w), Xo(T,w), Xo(T,0)]T; Xu(T,w), Xo(T,w), Xo(T,w), and Xo(T,w)
are the STFT of x,(t), x,(t), xu(t), and x,(t), respectively. Meanwhile, Nys(T,w) = [Ny (T,w), No(T,w),

Nu(T,w), No(T,00)]1T; Ny (T,0), No(T,w), Noo(T,w), and No(T,w) are the STET of 1,,(t), 1o(t), 1 (t), and n,(t),
respectively. Since the target speech spectral is S(7,w), let us define a quantity as follows:

S

Niat (1,0) = Y (6, ¢0)5:(7, @) + Naos (7, @) (®)

i

Il
—-

where we define Nyy(T,w) = [Niu(T,w), Nio(T,0), Niw(T,w0), Nio(T,0)]T to represent the mixture of the
interferences and additive noise. Therefore, from Equations (7) and (8), we have the following expressions:

Xu(T,w) = usS(T,w) + Ny (T, ) ©)
Xo(T,w) = 0s5(7, w) + Niw (T, w0) (10)
X (T, w) = wsS(T, w) + Nip(T, W) (11)

Xo(T,w) = S(T,w) + Nio (T, w) (12)

In this study, we make the following assumptions. (1) s(t) and s;(t) are uncorrelated and are
considered as far-field speech sources; (2) 1,(t), 11,(t), n,(t) and n,(t) are uncorrelated. (3) The DOA of
the target speaker is given as (0s,¢s); the task of target speech enhancement is essentially to estimate
S(t,w) from X 05(T,w).
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2.3. Monotone Functions between ISDRs and the DOA

Definition and some discussions on the inter-sensor data ratio (ISDR) of the AVS are presented in
our previous work [13]. In this subsection, we briefly introduce the definition of ISDR first, and then
present the derivation of the monotone functions between the ISDRs and the DOA of the target speaker.

The ISDRs between each channel of the AVS are defined as:

Lij(t,w) = Xi(t,w)/ Xj(t,w) where (i # j) (13)

where i and j are the channel index, which refers to u, v, w, and o, respectively. Obviously, there are
12 different computable ISDRs, which are shown in Table 1. In the following context, we carefully
evaluate Iij, and it is clear that only three ISDRs (I, oy and I) hold the approximate monotone
function between ISDR and the DOA of the target speaker.

Table 1. Twelve computable inter-sensor data ratios (ISDRs).

Sensor u v w [
u NULL IT)M IZUL[ IDM
v I uv NULL va lov
w Luw Low NULL Iow
o IL[O IZ/U IZUD NULL

According to the definition of ISDRs given in Equation (13), we look at Iy, Iy and Iy, first.
Specifically, we have:

Lip (T, w) = Xy (1, W)/ Xo(T,w) (14)
Ly (T, w) = Xp(T, )/ Xy (T, w) (15)
Lo (T, w) = X (T, 0) / Xo (T, w) (16)

Substituting Equations (9) and (10) into Equation (14) gives:

o (T, ) = usS(T, w) + Nu (T, w) _ us + Nu(t,w)/S(7,w) _us + eus (T, w) 17)
A 0S(T,w) + Np(T,w0) 05+ Nio(T,w)/S(T,w) 05 + 105 (T, )

where é15(T,w) = Ni(T,w)/S(T,w), and ers(T,0) = Nio(T,w)/ S(T,w0).
Similarly, we get Iz, and Iy:
0sS(T,w) + Npo(T,w) 05+ Nio(T,w)/S(T,w) 05+ ps(T, W)

(@) = S o) T Nt @) ~ st Nu(L@)/S(w) s Fems(mw) OO

wsS(T,w) + Niw(T,w)  Ws + Ni(T,w) /S(T,w)  ws + €4s(T, w)

o (T, @) = S(T,w) + No(t,w) 1+ Np(t,0)/S(T,w) 1+ ems(T, @)

(19)

In Equation (19), €:s(T,w) = Nio(T,w)/ S(T,w) and e405(T,w) = Nio(T,0)/ S (T,W).

Based on the assumption of TF sparsity of speech shown in Section 2.1, we can see that if the TF
points (T,w) are dominated by the target speech from (6s,¢s), the energy of the target speech is high,
and the value of &4,5(T,w), €rs(T,W), ros(T,w) and €4,5(T,w) tends to be small. Then, Equations (17)-(19)
can be accordingly approximated as:

Lin(T,w) = us/vs + 1(T, W) (20)
Lou (T, ) =~ vs/us + e2(T, W) (21)
Lo (T, w0) =~ ws + e3(T, w) (22)
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where ¢, £, and &3 can be viewed as the ISDR modeling error with zero-mean introduced by
interferences and background noise. Moreover, &;(t,w) (i = 1, 2, 3) is inversely proportion to the
local SNR at (7,w).

Furthermore, from Equation (5), we have 15 = sinfs-cos¢s, vs = sinfs-sings and ws = coss. Then,
substituting Equation (5) into Equations (20)—(22), we obtain the following equations:

sin 6 cos ¢s

Lo (T, w) = Sin @, sin ¢ +€1(T,w) = cots +¢&1(T, W) (23)
I (Tw)zMJrs(Tw):tan(¢)+s(rw) (24)
oul\t, sin 95 cos (PS 20, s 200,

Lo (T, w) = ws + e3(T,w) = cos(6s) + e3(T, w) (25)

From Equations (23)—(25), it is desired to see that the approximate monotone functions between
Liw, Iou, and Iy, and the DOA (65 or ¢s) of the target speaker have been obtained since arccot, arctan,
and arccos functions are all monotone functions.
However, except for Iy, Iou, and Iy, other ISDRs do not hold such a property. Let’s take I;;, as an
example. From the definition in Equation (13), we can get:
usS(T,w) + Ny (T, w) us + Ny (T, w)/S(T, w) s + epus(T,0)  Uls

Lo (7, @) = wsS(T, w) 4+ Ny (T, w) - wWs + Niw(T,0)/S(T, W) - Ws + epws (T, w) ws +ea(nw)  (26)

where g4 can be viewed as the ISDR modeling error with zero-mean introduced by unwanted noise.
Obviously, Equation (26) is valid when ws is not equal to zero. Substituting Equation (5) into
Equation (26) yields:
sin 65 cos ¢s
L (T,w) & ———— 4 g4(T,w) = tanbs cos Ps + €4(T, w) (27)
cos 0

From Equation (27), we can see that I, is a function of both 65 and ¢s.

In summary, after analyzing all of the ISDRs, we find that the desired monotone functions
between ISDRs and 65 or ¢, which are given in Equations (23)—(25), respectively. It is noted that
Equations (23)—(25) are derived conditioned by assuming vs, 15, and w; are not equal to zero. Therefore,
we need to find out where v, 15, and w; are equal to zero. For presentation clarity, let’s define an ISDR
vector Iiggr = [luo, Tou, Twol-

From Equation (5), it is clear that when the target speaker is at angles of 0°, 90°, 180°, and 270°,
one of vs, 15, and ws becomes zero, and it means that Ijy4, is not fully available. Specifically, we need to
consider the following cases:

Case 1: the elevation angle 6 is about 0° or 180°. In this case, 15 = sinfs-cos¢s and vs = sinbs-sings
are close to zero. Then, the denominator in Equations (20) and (21) is equal to zero, and we cannot
obtain I,y and Iy, but we can get L.

Case 2: 05 is away from 0° or 180°. In this condition, we need to look at ¢ carefully.

(1)  ¢sis about 0° or 180°. Then, vs = sinflssing; is close to zero, and the denominator in Equation (20)
is equal to zero, which leads to I;;, being invalid. In this case, we can compute I, and I, properly.

(2)  ¢sisabout90° or 270°. Then, us = sinfs-cos¢s is close to zero, and the denominator in Equation (21)
is equal to zero, which leads to I, being invalid. In this case, we can obtain I, and I, properly.

(3)  ¢sis away from 0°, 90°, 180°, and 270°, we can obtain all of the I, I, and I, values properly.

To visualize the discussions above, a decision tree of handling the special angles in computing
Iy, is plotted in Figure 3.
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Figure 3. The decision tree of handling the special angles in computing Ij;-

When Iigqy = [luo, Tou, Iwo] has been computed properly, with simple manipulation from
Equations (23)—(25), we get:

¢s (T, w) = arccot(L, (T, w) — €1(T, w)) (28)
¢s(T, w) = arctan (I, (T, w) — &2(T, w)) (29)
0s(t,w) = arccos (Lo (T, w) — e3(T, w)) (30)

From Equations (28)—(30), we can see that arccot, arctan, and arccos functions are all monotone
functions, which are what we expected. Besides, we also note that (65,¢s) is given, and I, Iy, and
I can be computed by Equations (14)—(16). However, ¢1, £, and ¢3 are unknown, which reflect the
impact of noise and interferences. According to the assumptions made in Section 2.1, if we are able
to select the TF components (65,¢s) dominated by the target speech, and the local SNR at this (7,w) is
high, then ¢1, €5, and e3 can be ignored, since they will have values approaching zero at these (7,w)
points. In such conditions, we obtain the desired formulas to compute (6s,¢s):

¢s (T, w) = arccot(Ly (T, w)), s (T, w) = arctan (I, (T, w))andbs (T, w) ~ arccos (I (T, w)) (31)

2.4. Nonlinear Soft Time-Frequency (TF) Mask Estimation

As discussed above, Equation (31) is valid when the (7,w) points are dominated by target speech
with high local SNR. Besides, we have three equations to solve two variables, 65 and ¢s. In this study,
from Equation (31), we estimate 65 and ¢; in the following way:

$s1(T, w) = arccotlyy (T, w) + Ay (32)
@sz(r,w) = arctanly, (T, w) + Anp (33)

Ps(T,w) = mean(Ps1, Ps2) (34)
65(T,w) = arccoslyy (T, w) + A3 (35)

where Ay and Ay, are estimation errors. Comparing Equation (31) and Equations (32)-(35), we can
see that if the estimated DOA values (§s(T, w),65(T, w)) approximate to the real DOA values (s,¢s),
then Az; and A7, should be small. Therefore, for the TF points (7,w) dominated by the target speech,
we can derive the following inequality:

s (T, w) — ¢s|< 61 (36)

|05 (T, w) — 65 < & 37)
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where ¢s(T,w) and 8s(t,w) are the target speaker’s DOA estimated by Equations (34) and (35),
respectively. s and ¢ are given the DOA of the target speech for the SE task. The parameters J; and
J, can be set as the predefined permissible parameters (referring to an angle value). Following the
derivation up to now, if Equations (36) and (37) are met at (7,w) points, we can infer that these (7,w)
points are dominated by the target speech with high probability. Therefore, using Equations (36) and
(37), the TF points (7,w) can be extracted, and a mask associated with these (7,w) points dominated by
the target speech can be designed accordingly. In addition, we need to take the following facts into
account. (1) The value of ¢ belongs to (0,27]. (2) The principal value interval of the arccot function
is (0,7r), and the arctan function is (—7r/2,71/2). (3) The value range of 6; is (0,27t]. (4) The principal
value interval of the arccos function is [0,77]. (5) To make the principal value of the anti-trigonometric
function match the value of 65 and ¢s, we need to add L7 to avoid ambiguity. As a result, a binary TF
mask for preserving the target speech is designed as follows:

i) BT W) =gs(r,w) = ¢+ Lr|< &y
mask(t,w) = ’ AO(T,w) = |65(T,w) — b5+ L|< &, (39)
0, else

where L =0, £ 1. (A¢(t,w), AB(T,w)) is the estimation difference between the estimated DOA and
the real DOA of the target speaker at TF point (7,w). Obviously, the smaller the value of (A¢(T,w),
Af(T,w)), the more probable it is that the TF point (7,w) is dominated by the target speech. To further
improve the estimation accuracy and suppress the impact of the outliers, we propose a nonlinear soft
TF mask as:

mask(T,w) = { 1+eff;<1—<A¢<r,m>1/5]+Ae<w)/zsz>/2) Ap <01 &A0 <5, (39)
0 else

where ( is a positive parameter and p (0 < p < 1) is a small positive parameter tending to be zero,
which reflects the noise suppression effect. The parameters A; and A, control the degree of the
estimation difference (A¢(T,w), AB(T,w). When parameters A, Ay, and p become larger, the capability
of suppressing noise and interferences degrades, and the possibility of the (7,w) being dominated by
the target speech also degrades. Hence, selecting the values of p, A1, and A; is important. In our study,
these parameters are determined through experiments. Future work could focus on selecting these
parameters based on models of human auditory perception. In the end, we need to emphasize that the
mask designed in Equation (39) has the ability to suppress the adverse effects of the interferences and
background noise, and preserve the target speech simultaneously.

3. Proposed Target Speech Enhancement Method

The diagram of the proposed speech enhancement method (termed as AVS-SMASK) is shown in
Figure 4, which is processed in the time-frequency domain. The details of each block in Figure 4 will
be addressed in the following context.

x, (n) Xy
O_ ‘\. FBF Ym Soft Y.\
x, (N)OA " W, Mask ISTFT
- ()OH s
SH() g p— I :
AVS L.| cale Valid Enhanced
x,(n) Of ~— | 1S0R [ L dudo y(n)

Figure 4. Block diagram of our proposed AVS-SMASK algorithm (STFT: Short-Time Fourier Transform;
FBF: a fixed beamformer; ISTFT: inverse STFT; y(n): enhanced target speech).
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3.1. The FBF Spatial Filter

As shown in Figure 4, the input signals to the FBF spatial filter are the data captured by the u, v,
and w-sensor of the AVS. With the given DOA (6s,¢s), the spatial matched filter (SMF) is employed as
the FBF spatial filter, and its output can be described as:

Yo (T, w) = whXops (T, 0) (40)

where w,,/ = uH(GS,(ps)/ I'Ta(Bs,¢s) | 12 is the weight vector of the SMF, and a(fs,¢s) is given in
Equation (5). [.]! denotes the vector/matrix conjugate transposition. Substituting the expressions in
Equations (5), (3), and (9)—(11) in Equation (40) yields:

Y (t,0) = usXy(t,w) + 0sXp (T, w) + ws Xop (T, W)
= 1u2S(7,w) + s Niy (T, ) + 02S(T, ) + 0sNi (T, w) + w2S(T,w) + WsNiw (T, W)

41
= (u§+vg+w§)S(T/w)+vaw(T/w) ( )
= S(7, w) + Nuyww (T, W)
where Ny00(T,w) is the total noise component given as:
Ntuvw(Tr W) = usNy, (T/ (U) + 'Ustz;(T, UJ) + wsN[w(T, w)
= s(0S,(1,0) + Na(r, @) + (03517, ) + No(T,0)) w)

+ws(w;S; (T, w) + Ny(T,w))
(usui + vsv; + wswi)si(T/w) + “sNu(T/ w) + USN'I)(T/ UJ) + Wst(T/ w)

It can been seen that Ny, (T,w) in Equation (42) consists of the interferences and background
noise captured by directional sensors, while Y,(7,w) in Equation (41) is the mix of the desired speech
source S(7,w) and unwanted component Ny (T,w).

3.2. Enhancing Target Speech Using Estimated Mask

With the estimated mask in Equation (39) and the output of the FBF spatial filter Y,,(7,w) in

Equation (42), it is straightforward to compute the enhanced target speech as follows:

Ys(T,w) = Y (T, w) x mask(t,w) (43)

where Y(7,w) is then the spectra of the enhanced speech or an approximation of the target speech.
For presentation completeness, our proposed speech enhancement algorithm is termed as an
AVS-SMASK algorithm, which is summarized in Table 2.

Table 2. The pseudo-code of our proposed AVS-SMASK algorithm.

(1)  Segment the output data captured by the u-sensor, v-sensor, w-sensor, and o-sensor of the AVS unit by the
N-length Hamming window;

(2)  Calculate the STFT of the segments: X, (T,w), Xo(T,w), Xy (T,w) and X, (T,w);

(3) Calculate the ISDR vector Iiggy = [luv, Iou, Iwo] by Equations (14)—(16);

(4) Obtain the valid Igq, according to the known direction of arrival (DOA) (0s,¢5) and the summary of
Section 2.3;

(5)  Utilize the valid I;yq, to estimate the DOA (s ,Ps) of the target speech for each time-frequency (TF) point;

(6)  Determine TF points belong to the target speech by Equations (36) and (37);

(7)  Calculate the nonlinear soft TF mask: mask(t,w) by Equation (39);

(8) Calculate the output of the FBF Y,(7,w) by Equation (40);

(9)  Compute the enhanced speech spectrogram by Equation (43);

(10) Get the enhanced speech signal y(n) by ISTFT.
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4. Experiments and Results

The performance evaluation of our proposed AVS-SMASK algorithm has been carried out with
simulated data and recorded data. Five commonly used performance measurement metrics—SNR,
the signal-to-interference ratio (SIR), the signal-to-interference plus noise ratio (SINR), log spectral
division (LSD), and the perceptual evaluation of speech quality (PESQ)—have been adopted.
The definitions are given as follows for presentation completeness.

(1) Signal-to-Noise Ratio (SNR):
SNR = 101og(Is(t)|*/[In(t)|*) (4)
(2) Signal-to-Interference Ratio (SIR)
SIR = 1010 [s()[1*/[ls:(1) ) (45)
(3) Signal-to-Interference plus Noise Ratio (SINR):
SINR = 1010g [s(1) /(1) = (1) ) ()

where s(f) is the target speech, n(t) is the additive noise, s;(f) is the ith interference,
and x(t) = s(t) + s;(t) + n(t) is the received signal of the o-sensor. The metrics are calculated
by averaging over frames to get more accurate measurement [22].

(4) Log Spectral Deviation (LSD), which is used to measure the speech distortion [22]:

LSD = [In(ss(f)/$yy () (47)

where 5 (f) is the power spectral density (PSD) of the target speech, and ipyy (f) is the PSD of
the enhanced speech. It is clear that smaller LSD values indicate less speech distortion.

(5) Perceptual Evaluation of Speech Quality (PESQ). To evaluate the perceptual enhancement
performance of the speech enhancement algorithms, the ITU-PESQ software [23] is utilized.

In this study, the performance comparison is carried out with the comparison algorithm
AVS-FMV [17] under the same conditions. We do not take other SE methods into account since
they use different transducers for signal acquisition. One set of waveform examples that is used in our
experiments is shown in Figure 5, where s(t) is the target speech, s;(t) is the i-th interference speech,
n(t) is the additive noise, and y(t) is the enhanced speech.

s(t) s(t)4s,(t)+n(t)

s(t)+n(t) y(t)
protpp— e

Figure 5. Waveform examples: s(f) is the target speech, s;(f) is the interference speech, n(t) is the
additive noise, and y(f) is the enhanced speech signal.
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4.1. Experiments on Simulated Data

In this section, three experiments have been carried out. The simulated data of about five seconds
duration is generated, where the target speech s(f) is male speech, and two speech interferences
s;(t) are male and female speech, respectively. Moreover, the AURORA?2 database [24] was used,
which includes subway, babble, car, exhibition noise, etc. Without loss of generality, all of the speech
sources are placed one meter away from the AVS.

4.1.1. Experiment 1: The Output SINR Performance under Different Noise Conditions

In this experiment, we have carried out 12 trials (numbered as trial 1 to trial 12) to evaluate the
performance of the algorithms under different spatial and additive noise conditions following the
experimental protocols in Ref. [25]. The details are given below:

(1) The DOAs of target speech, the first speech interference (male speech) and the second speech
interference (female speech) are at (6s,¢s) = (45°,45°), (61,¢1) = (90°,135°), and (6,,¢7) = (45°,120°),
respectively. The background noise is chosen as babble noise n(t);

(2) We evaluate the performance under three different conditions: (a) there exists only additive
background noise: n(t) # 0 and s;(t) = 0; (b) there exists only speech interferences: n(t) = 0 and s;(t) # 0;
(c) there exists both background noise and speech interferences: n(t) # 0 and s;(t) # 0;

(3) The input SINR (denoted as SINR-input) is set as —5 dB, 0 dB, 5 dB, and 10 dB, respectively.

Following the setting above, 12 different datasets are generated for this experiment.

In addition, the parameters of algorithms are set as follows. (1) The sampling rate is 16 kHz,
1024-point FFT (Fast Fourier Fransform), and 1024-point Hamming window with 50% overlapping
are used. (2) For our proposed AVS-SMASK algorithm, we set 8; = 6, = 25°, p = 0.07, and ¢ = 3.
(3) For comparing algorithm AVS-FMV: F = 32, M = 1.001 followed Ref. [17]. The experimental results
are given in Table 3.

Table 3. Output signal-to-interference plus noise ratio (SINR) under different noise conditions.

AVS-FMV [17] (dB) AVS-SMASK (dB)
Noise Conditions SINR-Input (dB)
SINR-Out  Average SINR-Out Average

Trial 1 (n(t) =0 and s;(t) #0) -5 4.96 7.32

Trial 2 (n(f) = 0 and s;(t) # 0 ) 0 5.60 9.38

Trial 3 (n()= 0 and s;(t) £ 0) 5 7.81 488 1153 8.14
Trial 4 (n(f)= 0 and s;(t) # 0 ) 10 11.15 1431

Trial 5 (n(t) # 0 and s;(t) =0) -5 477 6.70

Trial 6 (n(t) # 0 and s;(t) =0) 0 5.51 197 10.17 9.11
Trial 7 (n(t) # 0 and s;(t) =0) 5 6.76 ’ 13.03 :
Trial 8 (n(t) # 0 and s;(t) =0) 10 12.83 16.55

Trial 9 (n(t) # 0 and s;(t) #0) -5 3.66 4.70
Trial 10 (n(t) # 0 and s;(t) # 0) 0 5.70 7.22
Trial 11 (n(f) # 0 and s;(t) # 0 ) 5 7.10 442 10.46 6.66
Trial 12 (n(f) # 0 and s;(t) #0) 10 11.20 14.27

As shown in Table 3, for all of the noise conditions (Trial 1 to Trial 12), our proposed AVS-SMASK
algorithm outperforms AVS-FMV [17]. From Table 3, we can see that our proposed AVS-SMASK
algorithm gives about 3.26 dB, 4.14 dB, and 2.25 dB improvement compared with that of AVS-FMV
under three different experimental settings, respectively. We can conclude that our proposed
AVS-SMASK is effective in suppressing the spatial interferences and background noise.

4.1.2. Experiment 2: The Performance versus Angle Difference

This experiment evaluates the performance of SE methods versus the angle difference between
the target and interference speakers. Let’s define the angle difference as Ap= ¢s — ¢y and A8 =0 — 6;
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(here, the subscripts s and i refer to the target speaker and the interference speaker, respectively).
Obviously, the closer the interference speaker is to the target speaker, the speech enhancement is
more limited. The experimental settings are as follows. (1) PESQ and LSD are used as metrics.
(2) The parameters of algorithms are set as the same as those used in Experiment 1. (3) Without loss of
generality, the SIR-input is set 0 dB, while SNR-input is set 10 dB. (4) We consider two cases.

Case 1: Af is fixed and A¢ is varied, (01,¢1) = (45°,0°), the DOA of the target speaker moves from
(05,9s) = (45°,0°) to (0s,¢s) (45°,180°) with 20° increments. Hence, the angle difference A¢ changes
from 0° to 180° with 20° increments. Figure 6 shows the results of Case 1. From Figure 6, it is clear
to see that when A¢p—0° (the target speaker moves closer to the interference speaker), for both
algorithms, the PESQ drops significantly, and the LSD values are also big. These results indicate
that the speech enhancement is very much limited if Ap—0°. However, when A¢ > 20°, the PESQ
gradually increases, and LSD drops. It is quite encouraging to see that the performance of PESQ
and LSD of our proposed AVS-SMASK algorithm is superior to that of the AVS-FMV algorithm
for all of the angles. Moreover, our proposed AVS-SMASK algorithm has the absolute advantage
when A¢ > 40°.

Case 2: A¢ is fixed and A@ is varied, (61,¢1) = (10°,75°), the DOA of the target speaker moves
from (05,¢5) = (10°,75°) to (0s,¢s) = (170°,75°) with 20° increments. Then, the angle difference Af
changes from 0° to 160° with 20° increments. Figure 7 shows the results of Case 2. From Figure 7,
we can see that when Af—0° (the target speaker moves closer to the interference speaker),
for both algorithms, the performance of PESQ and LSD are also poor. This means that the speech
enhancement is very much limited if A—0°. However, when Af > 20°, it is quite encouraging to
see that the performance of PESQ and LSD of our proposed AVS-SMASK algorithm outperforms
that of the AVS-FMV algorithm for all of the angles. In addition, it is noted that the performance of
two algorithms drops again when the Af > 140° (the target speaker moves closer to the interference
speaker around a cone). However, from Figure 6, this phenomenon does not exit.

PESQ

(@) (b)

Figure 6. (Experiment 2) The perfomance versus A¢. (a) Perceptual evaluation of speech quality (PESQ)
results and (b) Log spectral division (LSD) results (Case 1: ¢ of the target speaker changes from
0° to 180°) (Case 1).

In summary, from the experimental results, it is clear that our proposed AVS-SMASK algorithm is

able to enhance the target speech and suppress the interferences when the angle difference between
the target speaker and the interference is larger than 20°.
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PESQ

@

(@ (b)

Figure 7. (Experiment 2) The performance versus Af. (a) PESQ results and (b) LSD results (Case 2:
05 of the target speaker changes from 0° to 160°).

4.1.3. Experiment 3: The Performance versus DOA Mismatch

In practice, the DOA estimation of the target speaker may be inaccurate or the target speaker
may make a small movement that causes the DOA mismatch problem. Hence, this experiment
evaluates the impact of the DOA mismatch on the performance of our proposed speech enhancement
algorithm. The experimental settings are as follows. (1) The parameters of algorithms are set as same
as the Experiment 1. (2) (6s,¢s) = (45°,45°) and (01,¢1) = (90°,135°). (3) The SIR-input is set to 0 dB,
while the SNR-input is set to 10 dB; the performance measurement metrics are chosen as SINR and
LSD. (4) We consider two cases:

Case 1: Only ¢s is mismatched, and the mismatch (d¢;) ranges from 0° to 30° with 5° increments.

Case 2: Only 6; is mismatched, and the mismatch (d6;) ranges from 0° to 30° with 5° increments.

Experimental results are given in Figures 8 and 9 for Case 1 and Case 2, respectively. From these
results, we can clearly see that when the DOA mismatch is less than 20°, our proposed AVS-SMASK
algorithm is not sensitive to DOA mismatch. Besides, our AVS-SMASK algorithm outperforms the
AVS-FMYV algorithm under all of the conditions. However, when the DOA mismatch is larger than 20°,
the performance of our proposed AVS-SMASK algorithm drops significantly. Fortunately, it is easy to
achieve 20° DOA estimation accuracy.

\ 1
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(a) (b)

Figure 8. (Experiment 3) The performance versus the d¢s. (a) SINR results and (b) LSD results (Case 1).
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Figure 9. (Experiment 3, Case 2) The performance versus the d6s. (a) SINR results and (b) LSD results
(Case 2).

4.2. Experiments on Recorded Data in an Anechoic Chamber

In this section, two experiments have been carried out with the recorded data captured by an AVS
in an anechoic chamber [25]. Every set of recordings lasts about six seconds, which is made by the
situation that the target speech source and the interference source are broadcasting at the same time
along with the background noise, as shown in Figure 1. The speech sources taken from the Institute of
Electrical and Electronic Engineers (IEEE) speech corpus [26] are placed in the front of the AVS at a
distance of one meter, and the SIR-input is set to 0 dB, while the SNR-input is set to 10 dB, and the
sampling rate was 48 kHz, and then down-sampled to 16 kHz for processing.

4.2.1. Experiment 4: The Performance versus Angle Difference with Recorded Data

In this experiment, the performance of our proposed method has been evaluated versus the
angle difference between the target and interference speakers (A¢ = ¢s — ¢; and A8 = 05, — ;).
The experimental settings are as follows. (1) PESQ is taken as the performance measurement metric.
(2) The parameters of algorithms are set as the same as that of Experiment 1. (3) Considering page
limitation, here, we only consider the changing of azimuth angle ¢s while s = 90°. The interfering
speaker sq(t) is at (61,¢1) = (90°,45°). ¢5 varies from 0° to 180° with 20° increments. Then, there are
13 recorded datasets. The experimental results are shown in Figure 10. It is noted that the x-axis
represents the azimuth angle ¢s. It is clear to see that the overall performance of our proposed
AVS-SMASK algorithm is superior to that of the comparing algorithm. Specifically, when ¢ approaches
¢1 = 45°, the PESQ degrades quickly for both algorithms. When the angle difference A¢ is larger than
30° (¢s is smaller than 15° or larger than 75°), the PESQ of our proposed AVS-SMASK algorithm goes
up quickly, and is not sensitive to the angle difference.

g.‘o'i

L e o SO
/

(a) (b)

Figure 10. (Experiment 4) The performance versus ¢s. (a) PESQ results and (b) LSD results.
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4.2.2. Experiment 5: Performance versus DOA Mismatch with Recorded Data

This experiment is carried out to evaluate the performance of speech enhancement algorithms
when there are DOA mismatches. The experimental settings are as follows. (1) PESQ and LSD are
taken as the performance measurement metric. (2) The parameters of algorithms are set the same as
those of Experiment 1. (3) The target speaker is at (65,¢s) = (45°,45°), and the interference speaker is at
(01,91) = (90°,135°). The azimuth angle ¢ is assumed to be mismatched. We consider the mismatch of
¢s (denoted as ¢s”) varying from 0° to 30° with 5° increments. The experimental results are shown in
Figure 11, where the x-axis is the mismatch of the azimuth angle ¢s (¢s”). It is noted that our proposed
AVS-SMASK is superior to the compared algorithm under all conditions. It is clear to see that our
proposed algorithm is not sensitive to DOA mismatch when the DOA mismatch is smaller than 23°.

[<= g

SINR (dB)

(a) (b)

Figure 11. (Experiment 5) The performance versus the ¢s mismatch ¢s". (a) PESQ results and
(b) LSD results.

We are encouraged to conclude that our proposed algorithm will offer a good speech enhancement
performance in practical applications when the DOA may not be accurately estimated.

5. Conclusions

In this paper, aiming at the hearing technology of service robots, a novel target speech
enhancement method has been proposed systematically with a single AVS to suppress spatial multiple
interferences and additive background noise simultaneously. By exploiting the AVS signal model and
its inter-sensor data ratio (ISDR) model, the desired monotone functions between ISDR and the DOA
of the target speaker is derived. Accordingly, a nonlinear soft mask has been designed by making use
of speech time-frequency (TF) sparsity with the known DOA of the target speaker. As a result, a single
AVS-based speech enhancement method (named as AVS-SMASK) has been formulated and evaluated.
Comparing with the existing AVS-FMV algorithm, extensive experimental results using simulated
data and recorded data validate the effectiveness of our AVS-SMASK algorithm in suppressing spatial
interferences and the additive background noise. It is encouraging to see that our AVS-SMASK
algorithm is able to maintain less speech distortion. Due to page limitations, we did not show the
derivation of the algorithm under reverberation. The signal model and ISDR model under reverberant
conditions will be presented in our paper [27]. Our preliminary experimental results show that the
PESQ of our proposed AVS-SMASK degrades gradually when the room reverberation becomes stronger
(RT60 > 400 ms), but LSD is not sensitive to the room reverberation. Besides, there is an argument that
learning-based SE methods achieve the state-of-art. In our opinion, in terms of SNR, PESQ, and LSD,
this is true. However, learning-based SE methods ask for large amounts of training data, and require
much larger memory size and a high computational cost. In contrast, the application scenarios of this
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research are different to learning-based SE methods, and our solution is more suitable for low-cost
embedded systems. A real demo system was established in our lab, and the conducted trials further
confirmed the effectiveness of our method where room reverberation is moderate (RT60 < 400 ms).
We are confident that with only four-channel sensors and without any additional training data collected,
the subjective and objective performance of our proposed AVS-SMASK is impressive. Our future study
will investigate the deep learning-based SE method with a single AVS to improve its generalization
and capability to handle different noise and interference conditions.
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Featured Application: The work aims to give more insights into the relation between the
sensitivity of the simulated objective parameters and the software input parameters for open-air
ancient theatres. It is meant to raise awareness on the use of predictive acoustic software for
unconventional outdoor environments in order to validate the possibility of re-using them as
performance spaces.

Abstract: Nowadays, ancient open-air theatres are often re-adapted as performance spaces for the
additional historical value they can offer to the spectators’ experience. Therefore, there has been an
increasing interest in the modelling and simulation of the acoustics of such spaces. These open-air
performance facilities pose several methodological challenges to researchers and practitioners
when it comes to precisely measure and predict acoustical parameters. Therefore this work
investigates the accuracy of predicted acoustical parameters, that is, the Reverberation Time (T5),
Clarity (Cgp) and Sound Strength (G), taking the ancient Syracusae open-air theatre in Italy as a case
study. These parameters were derived from both measured and simulated Impulse Responses (IR).
The accuracy of the acoustic parameters predicted with two different types of acoustic software, due to
the input variability of the absorption and scattering coefficients, was assessed. All simulated and
measured parameters were in good agreement, within the range of one “just noticeable difference”
(JND), for the tested coefficient combinations.

Keywords: open-air theatres; acoustical measurements; prediction models; historical acoustics

1. Introduction

The recent interest in the design of ancient theatres and in their acoustical characteristics has
drawn attention to the lack of methodologies in metrology for historical acoustics [1]. The ISO 3382-1
standard [2] was used in the European ERATO project [3] to evaluate the acoustical apparatus of
ancient theatres through room acoustic parameters, such as the Early Decay Time (EDT), Reverberation
Time (RT), Clarity (Cgp), and Sound Strength (G). However, ISO 3382-1 basically refers to indoor
environments and temporal decay parameters seem to be less suitable for open-air conditions [4-8].
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Farnetani et al. [4] reported that EDT is not a robust predictor of the acoustic quality of open-air
theatres. The lack of robustness in EDT is due to a marked and intrinsic variability of this parameter,
according to the source position, which defines the delay and incidence direction of the first reflections
to the receivers. The same study asserted that RT behaviour in an open-air theatre is clearly different
from that dealt with in the classical reverberation theory, which refers to a reference room volume.
However, this parameter showed a limited variability. Chourmouziadou et al. [5] also suggested the
use of RT when comparative studies are performed. However, it should be utilised with caution since
it is usually used to evaluate enclosed spaces. Mo et al. [6] conducted a listening test with monaural
and binaural auralisations of an open-air space. They stated that the perceived reverberance in an
unroofed space is not only affected by the temporal characteristics during the decay process, but also
by the spatial characteristics, due to the distribution of the reflections. The results showed that the
conventional RT described in ISO 3382-1, which only deals with the sound energy decay rate, is not
suitable for evaluating the reverberance of an unroofed space. Thus, more insight is needed into the
adoption of an indoor acoustic measurements standard for the investigation of the acoustic conditions
of open-air theatres. These sites represent particular environments that have their own specific sound
field, which is rather different from the ideal diffuse field.

Besides the doubts about the applicability of the aforementioned indoor standard to outdoor
case studies, other specific problems could arise when conducting measurements in ancient theatres.
In fact, archaeological field measurements are also clearly influenced by the current conditions of
the architecture of the theatres. Most ancient theatres have undergone damage of anthropologic
and atmospheric nature. It was attested in Farnetani et al. [4] that the measured values of RT, G,
and Cgp in ancient theatres are affected to a great extent by the state of conservation of the theatres
themselves, with particular reference to the completeness of the architectural elements. Therefore,
it is currently difficult to design acoustical correction guidelines for their contemporary reuse as
performance spaces. Moreover, particular attention should be paid to the outdoor environmental
conditions, such as temperature (t), relative humidity (RH), and air velocity, which could affect the
variability of the measurement results, in the same way as for indoor measurements [9,10].

The topic of acoustical characterisation has already been examined in detail for indoor spaces,
through statistical analysis, in order to investigate the reproducibility of measurements, the accuracy of
the parameter calculation, the influence of source-receiver position displacement, and the measurement
chains of different systems [9,11,12].

An alternative to the experimental acoustical characterisation is the virtual reconstruction of the
theatre, using room acoustics simulation software. Since they were introduced, geometrical acoustic
(GA) software applications have been used as the standard room acoustics models [13]. In order to
enable a better acoustic design of existing buildings, the simulations first need to replicate the real
acoustical conditions of the examined environment through three important steps: (1) appropriate
geometry modelling; (2) material properties; and (3) simulation settings. This procedure, namely,
the calibration of the model, is even more complicated for open-air theatres as the acoustic scattering
and diffraction phenomena are more relevant than in closed theatres [14]. An appropriate calculation
method and a geometrically detailed model are of fundamental importance to achieve accurate
predicted results [15].

The reliability of simulations is an on-going matter of discussion and interest, as testified by the
Round Robin comparisons of room acoustic modelling tools [16-18], and the more recent overview
on the uncertainties of input data in simulations [13]. In the latter overview, it was reported that
the specific uncertainties that characterise the absorption coefficient () and scattering coefficient
(s) of materials [19,20] could affect the estimation accuracy of room acoustic parameters in the end.
Such parameters are derived from simulated Impulse Responses (IR) or from energy reflectograms,
depending on which analysis algorithm of the room acoustics software is being used. In situ and scale
measurements [4] have revealed that the IRs of ancient theatres are composed of the direct sound and
of two major reflections, which come from the orchestra floor and the scaenae frons (the ancient stage
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building), respectively, when these parts of the theatres still exist. Therefore, in the case of open-air
theatres, the IR should be modelled with a limited number of specular reflections and a high number
of scattered reflections, because of the irregularities in the steps of the cavea [21]. This configuration
is difficult to handle using geometrical acoustic-based software (GA), such as Odeon (Version) and
CATT-Acoustic [22,23]. Yet, most of researchers still rely on such tools also for open-air theatres
in everyday practice; thus, special attention should be given to properly controlling the boundary
conditions. In fact, open-air theatres represent a special case, which creates a challenge for these
prediction algorithms. The absence of a roof, and therefore of a reverberant field, urges to have a high
reliability in the prediction of the early reflections. Moreover, the concave shape of these theatres
is responsible for the creation of “shadow zones” of the mirroring surfaces in great lateral areas of
the cavea [14]. This affects the deterministic method of the Image Source, which is used by the GA
software to build the early part of the IRs.

The aim of this work is to assess the performance of predictive software in calculating a set of
acoustic parameters for ancient theatres, a particular type of open-air spaces, taking the case study of
the ancient theatre of Syracusae (SR). The objective is to give more insight about the relation of the
sensitivity of the simulated results to the input parameters. It is mainly referred to raise awareness
on the use of this kind of software for outdoor unconventional environments. The theatre is located
in Sicily, an island in the South of Italy, a region where ancient Greek culture had historically a lot of
influence. The simulation accuracy of two kinds of software, Odeon and CATT-Acoustic, is considered.
This theatre was selected because it was relatively easy to model due to the lack of contemporary
additional elements. In this manner, the virtual model of SR could be considered as a valid archetype
model. The paper is organised as follows:

e Section 2 (Case Study) includes a brief description of the state of conservation of the theatre
chosen for this research.

e  Section 3 (In Situ Measurements) includes a description of the acoustical measurement campaign
carried out in the investigated theatre.

e Section 4 (Uncertainty Expression of the Acoustic Prediction Models) comprises the assessment of
the uncertainty contribution related to the absorption () and scattering (s) input data assigned
to the materials, predicted with Odeon (v. 13.02) (Odeon A/S, Lyngby, Denmark), and with
CATT-Acoustic (v. 9) (CATT, Gothenburg, Sweden) software.

e  Section 5 (Discussion) is focused on analysing the differences between measured (in situ) and
predicted (through software) acoustic parameters, and it includes a discussion on the overall
limitations of the study.

2. Case Study

The theatre of Syracusae (SR) was chosen as case study for a measurement campaign carried
out by the Department of Energy at the Politecnico di Torino, from the 5th to 7th September 2015.
SR (Figure 1) has Greek origins, dating back to the 5th century BC, but it was later modified by the
Romans. Apart from a few ruins, nothing is visible of the original scaenae frons, but the surviving part
of the rock-cut cavea has a diameter of 105 m.

Several studies that refer to the acoustics of SR have been retrieved from literature. These studies
refer to measurements on a scale model of the ancient theatre and its contemporary use [4,24],
to acoustic and lighting simulations [25], and to in situ acoustical characterisations with temporary
scenery [26]. Measurements had only been carried out in empty conditions at one point of the orchestra
area, as a pilot study in which different techniques were used [27].

This ancient open-air theatre is intensively used during cyclic summer season festivals in its
current (deteriorated) condition, and acoustic measurements are made also for conservation purposes.
Therefore, this study concerns the “historical acoustics” research field, which is the study of the
auditory and acoustic environment of historic sites and monuments [1], with a valorisation purpose.
The empty condition has been chosen for obvious practical reasons, as with the public present it is
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very difficult to carry out reliable measurements due to high background noise levels and unsteady
boundary conditions [28]. Moreover, in order to simulate correctly the presence of public or the
placement of an acoustic shell for renovation purposes, the reliability of simulated data must be
verified, starting from the calibration of the acoustic model.

b) CAVEA

o5

SCAENAL FRONS
{not preserved)

d=105m 0 5 10 15 20m

Figure 1. Present conditions of the ancient theatre of Syracusae (a) and measurement set-up (b). S1 and
S2 represent the source positions. R1 to R10 indicate the receiver positions.

3. In Situ Measurement Methods

Standard measurements have been performed in unoccupied conditions, with omnidirectional
sound sources and receivers, as stated in the ISO 3381-1 [2]. Different considerations on ancient
theatre measurements, defined during the European ERATO Project [3], were taken into account.
The measurement results for SR have been used in Section 4 for the calibration of the simulation model
and as references for the acoustic parameters predicted through computer simulations. The source and
receiver positions for the theatre are shown in Figure 1b.

Receivers were positioned on three radial axes of the cavea in the theatre, 1.2 m above the floor
resembling the height of the ear of a sitting person. An omnidirectional microphone (Shoeps CMC 5-U,
Durlach, Germany) was used to record the IRs. Ten receiver positions were considered. There was
only a single microphone, meaning that all position measurements were carried out sequentially.

Measurements were repeated two or three times for each source position for most of the receivers,
in order to evaluate the repeatability of the results. Two source positions were investigated: S1 was
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shifted horizontally by 1 m from the centre of the orchestra, in order to avoid any acoustical focus [29];
52 was located behind 51, closer to the ancient scaenae frons position. The S1-S2 distance was equal to
7.6 m. Firecrackers were used as impulsive sources to measure the IRs (“Raudo Manna New Malb”
Napoli, Italy and “Perfetto C00015 Raudo New”, Napoli, Italy). The IRs were measured directly by
recording the impulse produced by the firecracker blast. Firecrackers were used in S1 and S2, in order
to overcome the problem of the low Signal-to-Noise Ratio (SNR): they maximise the SNR and this
constitutes a significant advantage in outdoor measurements, but on the other hand, caution should
be used as they are also more likely to be influenced by random effects (e.g., atmospheric conditions
and random directivity). According to San Martin et al. [30], in the case of firecrackers the generated
impulse is nearly omnidirectional. Its directivity index is, on average, around 1 dB for the octave bands
between 125 Hz and 16 kHz. In addition, both its time curve and spectral power are highly repetitive,
resulting in levels above 115 dB (reference 1 pW) within the aforementioned range.

The Background Noise Level (BNL) was measured as an equivalent continuous A-weighted
sound pressure level (Laeq) Over a period of 10 min, before the measurement sessions. The measured
BNL was 45 dB (A), in unoccupied conditions.

The sound source was positioned at a height of 1.5 m from the floor, and a custom-made tripod
was used to hold the firecrackers in a fixed position. Aurora (version 4.4, Parma, Italy) was used as
acquisition software.

The air temperature and relative humidity were monitored during the whole measurement
campaign, using a thermometer /hygrometer, Testo 608-H1 (Croydon South, VIC, Australia). The wind
speed was measured by means of an anemometer, Testo 450-V1 (Croydon South, VIC, Australia).
The environmental parameters acquired during the measurements campaign were t =33 °C, RH = 65%,
wind speed = 0.30 m/s. These did not change significantly during the measurement campaign.

In order to characterise the acoustical conditions of a performance space, the ISO 3382-1 standard
lists a series of parameters that can be obtained from the IRs measured at each receiver position.
Although open-air theatres cannot be considered typical performance spaces, like closed theatres or
concert-halls, the ISO 3382-1 standard was used as the reference for the acoustical characterisation.
In particular, the following room acoustical parameters were measured, as these are considered the
most relevant parameters for the acoustical characterisation of open-air theatres [4]:

e Reverberation time, RT, (s): duration required for the space-averaged sound energy density in an
enclosure to decrease by 60 dB after the source emission has stopped. The integrated impulse
response method was applied to obtain the RT from the IR [2]. RT can be evaluated on a smaller
dynamic range than 60 dB and extrapolated to a decay time of 60 dB. It is then labelled accordingly.
The RT in SR was derived from decay values of 5 dB to 25 dB below the initial level, and it was
therefore labelled Ty.

e (Clarity, Cgp, (dB): the balance between early- and late-arriving energy. This was calculated for an
80 ms early time limit, as the results were intended to relate to music conditions, using equation:

80 2

p~(t)dt
Cgo = 10 log 0007
Jso PP(t)dt
where p(t) is the instantaneous sound pressure of the impulse response measured at the
measurement point.

M

e  Sound Strength, G, (dB): the logarithmic ratio of the measured sound energy (i.e., the squared
and integrated sound pressure) to the sound energy that would arise in a free field at a distance
of 10 m from a calibrated omnidirectional sound source, as expressed in the following equations:

o PA(t)dt
G =10 log ,&,p()

20 F L g—L 2
Is p%o(t)dt pE pE, 10 ( )
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in which
1 Oopz(t)dt
Los =10 log | — / 3
pE g T[) pé ( )
0
and
_ 1 ooP%o(t)dt
LPE/ 10 = 10 log Ti() O/ Té (4)
where:

p(t) is the instantaneous sound pressure of the impulse response measured at the
measurement point;

Pp1o(t) is the instantaneous sound pressure of the impulse response measured at a distance of 10 m
in a free field;

Lok (dB) is the sound exposure level of p(t);

LpE10 (dB) is the sound exposure level of p1p(t);

Po is the reference sound pressure of 20 pPa;

Ty is the reference time interval of 1 s.

In the above equations, t = 0 corresponds to the start of the direct sound, i.e., which corresponds
to the arrival of the direct sound at the receiver, and co should correspond to a time that is greater than
or equal to the point at which the decay curve has decreased by 30 dB [2].

G requires a calibration procedure for the sound power of the source. Different procedures have
been described previously [2]. Lpg,10 can be calculated from the sound pressure pq(t) measured at
a source-to-receiver distance d (>3 m) according to the following equation:

d
LpE,lO = LpE,d + 20 log (E) (5)

where:
LpE,q (dB) is the sound exposure level of py(t), obtained from (3) (using pq instead of p1g).

The Aurora plugin was used for the calculation of G with the firecrackers [31]. According to
this procedure, the anechoic segment (direct sound) of each IR was used for calibration, providing
the distance between the source and the receiver that allows for the estimation of Lyg 19, and it is
recommended to keep a length of the IR of at least 1 s and to silence the signal just after the end of the
direct sound. In this way, the smearing out in time caused by the octave filtering does not push the
energy outside the time window, even at a low frequency, and the correct value of the signal level can
be computed. A calibration file was obtained in situ from each analysed IR and was used to calculate
the G value for that measurement path, with the knowledge of the exact source-to-receiver distance.

The resulting dataset is composed of the octave-band values from 125 Hz to 8 kHz of the acoustic
parameters calculated by the Aurora software (v. 4.4) [31] from the measured IRs.

Measurements Results

The measurement results at receiver positions R1-R10 are reported in Table 1, expressed as Ty,
Cgo, and G acoustical parameters obtained with firecrackers at source positions S1 and S2. All the
values are the averages of two or three repetitions at each receiver position and of the central 500 Hz
and 1 kHz octave band frequencies, as indicated in ISO 3382-1 [2]. In accordance with the ISO 3382-1,
spatial averages for each row were also reported in Table 1. It was assumed that each row can be
considered as a homogeneous area, as in open-air theatres the direct sound and the distance from the
source play a predominant role in the acoustic response. The Impulse Response-to-Noise Ratio, INR,
(dB) is also reported as a parameter for judging the validity of the measurement, in order to establish
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the reliability of the outdoor acoustical measurements [31]. According to ISO 3382-1, the source level
should be at least 35 dB above the background noise level in the corresponding frequency band for the
case of Tyg. All the measurements considered in this study had INR values well above 35 dB and up to
60 dB for the octave bands from 250 Hz to 8 kHz. It is important to underline that in the case of the
Ty values, the larger standard deviation is due to the presence of only one strong reflection from the
orchestra after the direct sound (as shown in Figure 2), which determines an irregular course of the
decay curve and a greater variability in the slope of the decay curve.

369



*I00[} BI}S9UDIO0 9} WOIJ (3) UOTIID[JI 3SITJ 93 pue ((]) punos
J02IIP A} US9MJO( [EAISJUI SUIT} 9y} ST}/ "90INOS INILIIAIY d} 10§ “qed jusuwramseawr 9y-TS ay} 10j (J[S) desnoeILg ur (y]) asuodsay asnduy pamses|y g 21mSLy

[s] aum
900 +0°0 200 v
— .
F T T T ] 360
q
A 0z
=1
@
- =50 —
A g
[ - _ —
6% s FoTi— NA.M.HOV\ (royezrt  (@oevr  (S00) 16T (€0°0) I€T 9'Gh 76€ 4 4 0T
- - TD#e— (80)F8— (€D9cr  (8009r  (S00)00T  (50°0) 660 8¢ gze ueaw eeds
0s 16 (0osor— (oeoe— (Ooeert  (@ozst  (1000S0T  (6000) #0°T 9'0% €ee 4 T L4
18 18 (€096— (008 (Dt QD691 (€00)860 (ST0) 60 ¥'8€ ¥'ze 4 € 2! MOI payL
€ s (royes—  (©08z— (Tocit (0¥t (100960 (S0°0) 860 9'ge 1€ 4 4 x|
- - TD¥s— ©@0O¥s— (€D¥FL @D (500480 (80°0) €£0 0°0€ 1874 ueowr [eyeds
S 0s #0 g8—  (0009— ©ODOoer  ©®est  (IT0 160  (91°0) 120 €Te 6FC 4 4 A
[ 0S (rozs= ©ODys— ([@oeer (@€ T6l  (€00)S80  (61°0) 990 (403 0¥%¢ 4 4 [ MOI pu0d3g
ol L8 To)¥9— (@osy— @00Ir  (£0)s9r (100 €80 (£0°0) 180 [ed fogord 4 4 st
- - #e) 09—  (TDTi— @DIST  @L7e6l  (€Er0)S20  (0T0) €50 60¢C 9¥1L ueaw “dg
[ s 00 zsz6— (T0)¥z— @069 (0T  FL0090 (S0°0) 1€0 0€C [oer 4 4 6
L8 18 rozs—  F060— (0TSt (€691 (1000 ¥80  (F0°0) 0£0 Tl 9¥1 4 € 9N MOIISIL]
09 8¢ (Tooe— (€0eo— ©oeer  (0€)80c (200080  (6010) 850 81 8€l 4 4 |
143 1S 143 1S 143 1S 143 1S 43 1S 143 1S
RECYNGAE) | Moy
(dp) UNI (A3@ 1) (dP) O (433 19) (@p) 8D (3@ 19) (5) %L (ur) 221n0g woxy dueysiq  suonyaday jo ‘oN

SIdjowrereJ [ed1snody

Appl. Sci. 2018, 8,1393

‘SJUSWAINSEAW 3y} JO

Ayrrenb o ssasse djay 03 pajrodar osfe ST YN "P[og UT UMOYS dIe (F U0T0dG 995 UOLTUTIP © 103) a3uer (N[ 93 9pIsino sueaw ferjeds ay} JO SUOTIRIAID pIepue)s 9y,
‘payrodai osfe are sueaw [eneds smox ay ], ‘uonsod I9AIEdAI dures A} 10§ suonnadar Ay 0] pue spueq 9ALI0 ZEY [ Pue ZH (0S U} Jo sadeIoAe au} 0} I9JoI ejep YL,
"ZS pue 1§ suonisod ur ‘s1oxoeIdaryy ay) 10§ srojourered eorsnode o) pue 087 ‘02 oY) I0J SJUSWDINSEIW dY} JO SUOTIRIAID PIEPUR)S PUE SIN[EA UBdJAl ‘L d[qeL

370



Appl. Sci. 2018, 8,1393

4. Uncertainty of the Geometrical Acoustic Prediction Models

In the acoustic domain, it is important to recall that the parameters have the aim of evaluating
the perception of the acoustic signal, namely the average capability of a “conventional” listener to
notice sound variations. An important factor that correlates the subjective field to objective measures
has been defined as the Just Noticeable Difference (JND), that is, the smallest perceivable change in
a given acoustical parameter, which is specified for information in Annex A of ISO 3382-1 [2] for central
frequencies (500 Hz and 1 kHz), but which is also acceptable for lower and higher frequencies [32-35].
This issue will be further discussed, when analysing the accuracy of the acoustic prediction models.

The uncertainty contribution of the input data, propagated to the results obtained from two
different types of room acoustic software, Odeon version 13.02 and CATT-Acoustic version 9,
was assessed and compared with the measurements values.

Odeon version 13.02 [22] is based on a hybrid calculation method. Early reflections are calculated
through a mixture of the Image Source Method and the Ray-Tracing Method (RTM), by means of
a stochastic scattering process that uses secondary sources. Late reflections are calculated by means of
a special RTM, where the secondary sources radiate energy locally from the surfaces and are assigned
a frequency-dependant directionality, namely the reflection-based scattering coefficient. The secondary
sources may have a Lambert, Lambert oblique, or Uniform directivity: this directivity depends on the
properties of the reflections as well as on the calculation settings.

CATT-Acoustic version 9 [23] is made up of two modules: CATT-A is the main programme, and it
handles the modelling, surface properties, and directivity libraries, and TUCT (The Universal Cone
Tracer), which is the main prediction and auralisation programme. TUCT can use three alternative
cone-tracing algorithms: the first algorithm is based on stochastic diffuse rays, while the second and
third algorithms are based on the split-up of the actual diffuse rays. The difference between these
modules is that the latter handles two orders of diffuse split-up reflections in a deterministic way,
thus resulting in lower random run-to-run variations.

Both CATT-Acoustic and Odeon base their scattering algorithms on two main implementations,
which are described in detail in a previous paper [36]. These two methods are the Hybrid Reflectance
Model (HRM) and vector mixing (VM). The HRM method complies with the definition of the scattering
coefficient based on ISO 17497-1 [20] which defines it in a quantitative way as the fraction of the
non-symmetrically reflected energy. In the HRM method, a random number between 0 and 1 is used
to determine whether the reflection is specular or scattered. This number is compared with the surface
scattering coefficient (s) assigned to the surface. In case it exceeds the value of s, the scattered energy
is assumed to be distributed according to Lambert’s Law, i.e., the intensity of the reflected ray is
independent on the angle of incidence but proportional to the cosine of the angle of reflection. This is
the basic concept implemented in CATT-Acoustic [23] and in Odeon for the uniform and Lambert
directivity scattering [22]. On the contrary, the VM is based on the linear interpolation of the specular
and diffuse reflection [37]. In this way the direction of a reflection vector is calculated by adding the
specular vector scaled by a factor (1-s) to a scattered vector following a certain direction that has been
scaled by a factor s. This is the basic concept implemented in Odeon [22,38,39], named “vector-based
scattering”, where the scattered vector follows a random direction, generated according to the Lambert
distribution named oblique Lambert directivity.

4.1. General Procedure for the Implementation of the Models

In order to compare the two software packages and to obtain the best match with the measurement
results, it was necessary to perform simulations with the same geometric model and source/receiver
positions as in the measurements. To the best of the authors” knowledge, this preliminary benchmark
procedure has never been performed before on ancient open-air theatres, although many studies on
indoor environments have been conducted [13-15]. Both types of software used for the simulation,
that is, Odeon and CATT-Acoustic, have been validated in Round Robin tests. One of the main findings
of these tests was that precise knowledge of the characteristics of the surface material is an important
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prerequisite for a reliable room simulation. Thus, a more detailed analysis on absorption and scattering
coefficient changes was proposed.

A preliminary benchmark test study was carried out on SR, whose model had previously been

used in different investigations, e.g., simulations concerning its ancient conditions, during the European
ERATO project, [3] and in investigations on its contemporary use [25]. Figure 3a shows the 3D model
configuration of SR.

Bounding Box

a) %
Cavea
SESSsm. d=106m

Material of the theatre cavea
{unoccupied conditions)

Odeon model ™ -

e 1@
< [ By s
*le W Odeon CATT-Acoustic
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Figure 3. 3D model and source-receiver simulation set-up of SR (a) and scheme of the characteristics of
the material chosen for the cavea (b).

The procedure applied for the comparison of the simulation tools was focused on solving the

following issues:

1.

Geometrical model: MATLAB software, version R2015b, was used to create a parametric open-air
theatre script. Two 3D cavea model script outputs were created, one suitable for Odeon (dxf file)
and the other for CATT-Acoustic (.geo file). In order to reduce the simulation time, the theatre
geometry was simplified and designed as symmetric. A few geometrical simplifications have
been performed in both Odeon and CATT-A models. The number of surfaces was 1357 in
CATT-Acoustic and 1362 in Odeon. As recommended previously [14], the steps were modelled.
The higher number of surfaces in Odeon corresponds to an additional boundary box with totally
absorbing walls and top which is required in Odeon to simulate open-air conditions [22]. CATT-A
algorithms are implemented in order to detect lost rays, i.e., rays that escape from the geometrical
model. In open cases, such as an open-air ancient theatre, rays disappear whenever they do
not hit any surface during the calculation time. This principle is similar to the one used in
Odeon, where the escaping rays disappear since they are totally absorbed by the boundary box.
The circular geometry was modelled with 20 segments, as recommended by Charmouziadou [40],
who showed that a number between 12 and 24 segments is optimal with respect to the influence
on the objective acoustic parameters.

Source-receivers: The source-receiver path was defined as in the measurement set-up, considering
the theatre as unoccupied. For an easier comparison, only the source in position S1 was considered,
as shown in Figure 3a.

Surface material properties: The main surface considered in the model was the cavea, the stone
and steps of which are not well-conserved. In both types of software, 20 material alternatives
were assigned to the cavea stone, that is, from the most reflective one, with o, = 0.05 and s = 0.25,
to the most porous one, with &, = 0.2 and s = 0.85, and all the intermediate combinations of ot
were tested in steps of 0.05, while s was tested in steps of 0.15, as explained in Figure 4b [14].
Other elements were then added: the remains of the ancient entrances to the orchestra area (aditi
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maximi), which was considered as an aperture (o« = 0.9; s = 0), and the floor, which includes
the ruins of the scaenae frons (o = 0.8; s = 0.8) and the better conserved orchestra area
(atw = 0.1;5 = 0.2). Odeon and CATT-Acoustic software allow for frequency dependent absorption
coefficients. The same absorption coefficients have been used for both software. The Odeon
software allows giving as input value for the scattering coefficient the value as an average between
500 and 1000 Hz, and considers a frequency dependent scattering by using default interpolation
curves as shown in the Manual. These curves have been used in CATT-Acoustic, i.e., a frequency
dependent scattering coefficient, by inserting each value for each octave-band. The values given
in Figure 4b refer to the mean values at 500 and 1000 Hz.

4. General settings: The following settings were considered for all the simulations: a 100 dB source
sound power level, 1500 ms as the impulse response length, and 4 million rays. The Transition
Order (TO) in Odeon was limited to 1, which better resembles the impulse response characteristics
in the real condition with only one specular reflection from the stage floor. The third calculation
algorithm in CATT-Acoustic, described above, was chosen as it is the most suitable for the
simulation of open-air spaces. Scattering and diffraction settings were defined as in Table 2
in order to allow a more coherent comparison between the two software. The diffraction
phenomenon occurs when a sound wave hits edges, i.e., intersections between surfaces, or when
the surface dimensions are limited. Both these events are taken into account by the software
Odeon and CATT-A when the Reflection-Based Scattering and Diffuse reflection method are
enabled. In Odeon, the Lambert and the Oblique Lambert functions for scattering were disabled,
as suggested in a previous paper [39]. The uniform scattering distribution was considered more
suitable for the cavea which is made of steps that can be reassembled as periodic triangular
section [39-41], as shown in Figure 3a. In CATT-Acoustic, the diffraction after 1st order option
was deactivated, even though it is usually suggested for ancient theatres [42], in order to take into
account the current large amount of damage to the cavea steps in SR. In this way, it was possible
to avoid the typical “chirp” echo due to diffraction phenomenon which has been attested to
come from the regular stone steps in ancient theatres in empty conditions [43]. This phenomenon
was not encountered during in situ measurements or recordings in SR. However, the first order
diffraction has been taken into account since it occurs in coherence to the scattering phenomena.
Moreover, based on the literature [44], it was found that higher orders and combinations of
edge diffraction components were not usually as significant as first-order diffraction components
when the receiver was visible to the source. The environmental data considered in both of the
prediction tools were those obtained during the in situ measurements (t = 33 °C, RH = 65%).

5. Data analysis: the analysis algorithm has been taken into account. Odeon conducts an energy
based analysis, while the CATT-Acoustic software conducts both energy and pressure-based
analyses. The variation of different types of analysis algorithms can lead to different results,
as pointed out in Katz [45]. Thus, in order to avoid further uncertainty in the results, the simulated
IRs have been exported and analysed by means of Aurora, version 4.4, in the same way as
the measurements.

Table 2. Scattering and diffraction set-up in Odeon and CATT-Acoustic.

Phenomenon Model Odeon CATT-Acoustic
. . Late part of the IR (not
Scattering Lambert Disabled manageable by the user)
Oblique Lambert Disabled Not managed by the software
. Enabled, for early and late part Early part of the IR (not
Uniform of the IR manageable by the user)
Edge + surface Enabled (i.e., Reflection-Based Enabled (in CATT-A, i.e.,
diffraction Scattering) Diffuse reflection)
Diffraction after 1st order Not managed by the software Disabled (in TUCT)
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As reported in Vorldnder [13], the level of detail in the model, besides the curved surfaces,
is considered a systematic source of uncertainty. Besides the number of rays employed in the simulation,
the absorption and scattering coefficients are defined as random sources of uncertainty. Both kinds
of software use a ray-tracing method to build the late part of the IR. Since this method is based on
stochastic calculation, which depends on the input general set-up data, it could affect the uncertainty
of the resulting parameters when a run-to-run analysis is considered. All the aforementioned random
sources of uncertainty were subjected to analysis, considering both the Odeon and CATT-Acoustic
software, which, for the sake of an easier presentation of the results, will hereafter be referred to as O
and C, respectively; the results are shown in the following sub-sections.

4.2. Run-to-Run Variation

The run-to-run variations of the applied algorithms are due to the stochastic implementation of
the ray-tracing algorithm in the GA software. In order to test this effect, ten repeated simulations
were performed with the GA model of SR, using both kinds of software. An analysis based on the
assessment of the Normalized Error [46] was performed on the Ty, Cgp, and G results, considering
a confidence level of 95%. The results for each receiver position and octave-band frequency were all
within the upper and lower limits of the respective limit range. This confirms the results obtained in
analogous analyses conducted on an enclosed space [47].

4.3. Number of Rays

GA software usually distinguishes between deterministic and stochastic ray-tracing, depending
on which algorithm is applied: The first algorithm is used to detect the image sources, while the second
is used to estimate the reverberant tail. It is possible to select separately the number of early and late
rays in O. Early rays are used in the deterministic ray-tracing, while late rays determine the ray density
in the late part of the IR. The number of rays/cones in C only refers to the stochastic ray-tracing; that is
the construction of the late rays. It becomes important to investigate the variation in results due to
stochastic ray-tracing, which is a random source of uncertainty in GA.

Stochastic ray-tracing was here investigated by comparing simulations with different numbers
of rays (4000-40,000-400,000—4 million). A Normalized Error analysis revealed that the results for
each receiver position and octave-band frequency were all within the upper and lower limits of the
respective limit range. This investigation was performed in order to verify the stochastic fluctuation,
which may result as numerical errors in the results due to the low number of rays. This has been
extensively studied and validated in systematic experiments [48]. The number of rays is strictly
related to the systematic uncertainty in the final results of the parameters, and independently on
the used method of the ray tracing, the fluctuations can be reduced by increasing the number of
rays or by averaging repeated simulations. The choice of the number of rays becomes important in
cases where large environments with uneven distribution of the absorption are considered. Therefore,
a compromise should be reached between a very large number of rays and a smaller one since it may
affect significantly the computation time. In fact, the reverberant field in a simulated open-air theatre is
spatially uneven. The absorbing area is concentrated on the ceiling of the boundary box (in the case of
0), while the theatre itself is mostly reflective. Thus, despite the prolongation of the computation time,
a number of rays above 1 million would be preferable for the correct estimation of the reverberation
tails at different receiver positions [22]. It is assumed that at least one ray is received at the longest
source-to-receiver distance, which in this case is about 40 m (R10). The receiving area is considered as
a spherical receiver with a radius rq of about 0.06 m, thus the area of the visibility cone per ray A(ray)
was 0.01 m?. Considering that the total surface covered by the emitted rays is a sphere of radius 40 m,
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whose surface A(sph) is equal to 20,096 m?, it is possible to calculate the minimum required number of
rays Npin(rays) by means of Equation (6), which was also indicated in Vorlander [13]:

A(sph)  4(ct)?
Npin (rays) = A((?;y)) = (:(2:) (6)

where ¢ and t are the speed of sound in air and the max arrival time counted from source
excitation, respectively.

Nmin(rays) is equal to 2 million rays. Thus, 4 million rays are necessary to ensure that at least two
rays (instead of one) arrive at the receiver at a distance of 40 m from the source.

4.4. Absorption and Scattering Coefficients

The predictive software considers «,, and s as input variables that have to be assigned to the
surfaces of the model. Thus, it is important to evaluate the uncertainty (U) of the calculated values,
due to the uncertainty of the absorption (Uay,) and scattering (Us) variables. These uncertainties
were estimated to be higher than 0.05 and 0.15, respectively, as was found on the basis of the user’s
experience in Vorlander [13] and Shtrepi et al. [49]. This case study considered only a few materials:
stones and grass in particular. This allowed variations due to different «,, and s combinations regarding
the cavea stone, which is the main surface considered in the model, to be investigated. To this aim,
as shown in Figure 4b, twenty alternative materials were considered in both kinds of software, with
o equal to 0.05, 0.10, 0.15, and 0.20, and with s equal to 0.25, 0.40, 0.55, 0.70, and 0.85. These values
considered the possibility of having different degrees of damage on the steps of the cavea. In the case
of the scattering coefficients of 0.85 [41], a perfectly preserved periodic triangular section with an angle
of 45° has been considered, whereas in the case of scattering coefficient of 0.25, a heavily damaged
cavea was represented.

As suggested previously [50], the sensitivity coefficients were calculated in order to evaluate the
uncertainty propagation. This evaluation was conducted considering the average simulation results
of the 500 Hz and 1 kHz octave bands [2]. The variability of each simulated receiver was calculated,
and no systematic effects were detected. Thus, the sensitivity coefficients were calculated considering
the normalized values, with respect to the relevant average value. An appropriate mathematical
model, based on linear regression, was defined so as to relate the simulated values of each acoustical
parameter to the absorption and scattering coefficients [50,51]. The expanded uncertainty was obtained
as 20, where o is the standard deviation of the model [50].

The expanded uncertainties for the O and C simulation software (Ug and Uc) are shown in
Table 3. The uncertainty, due to the input variability of «, and s, is lower than the JND for all the
parameters, except for Tog and Cgy when the C software is used. The lower uncertainty values are due
to the software algorithm, which is less sensitive to variations in &, and s.

Table 3. Just Noticeable Difference (JND) of the Ty, Cgy, and G acoustical parameters, the expanded
uncertainty due to the variability of the input values of «y and s for the simulation software O and C
(Up and Uc). Values higher than the JNDs are reported in bold.

Acoustical Parameter JND Uo Uc
T (s) 5% =~ 0.03 0.01 0.05

Cgp (dB) 1 0.50 1.20

G (dB) 1 0.01 0.30

5. Discussion

This work aimed at providing an overview of the many methodological challenges that should be
faced when dealing with the acoustics of open-air ancient theatres, both in the case of measured (i.e.,
for the acoustical characterisation of the current state) and predicted (i.e., for the simulation of a no
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longer /not yet existing state) room acoustics parameters. Measurement and simulation are strictly
interconnected, also considering that the former is often required to validate the latter; the rationale
for addressing both these aspects within the framework of this paper is that this is particularly true
for open-air ancient theatres. Indeed, measurements of such unroofed spaces have been shown to be
problematic with the application of current standards. Achieving reliable acoustical measurements is
important in order to provide calibration data for the simulation software. In the context of cultural
heritage research, and specifically for archaeological or historical acoustics, simulation becomes crucial
because of the need to investigate (in most of cases) physical conditions which no longer exist (acoustics
of the past), due to, among other aspects, the deterioration of the architectural elements. For these
reasons, while measurements and simulations are concerned with different uncertainty issues, it was
decided to compare the measured and calculated parameters (Section 5.1), as well as discussing the
overall limitations of the considered protocols (Section 5.2).

5.1. Comparison of the Measured and Simulated Results

The aim of acoustical simulations is to obtain predictions that would closely match measured
data. A well-calibrated model should minimise the perceivable differences between simulation and
measurements for any considered acoustic parameter.

The subsequent considerations were also based on the «,, and s values of the cavea surface and
its variations. The differences between the measured and simulated results are shown in Figure 4,
which reports the acoustical behaviour during the calibration of both kinds of software, considering the
variations due to the 20 alternative combinations (5 scattering coefficients x 4 absorption coefficients),
for all the receivers, and the average between the 500 Hz and 1 kHz octave-bands. The isolevel curves
shown in Figure 4 have been obtained by a two-dimensional data interpolation using the MATLAB
function “interp2” with the “spline” method active. This method was chosen in order to have smooth
first and second derivatives throughout the curves. Figure 4a,b, which pertain to O and C, respectively,
refer to parameter Ty, while Figure 4c,d refer to Cgy and Figure 4e,f to G. The light yellow colour
in the graphs shows the a, and s combinations for which the simulated values were closest to the
measured ones. These isolevel curves were based on SAD, i.e., the Sum of the Absolute Differences
between the simulated values, s,, and the measured ones, my, for each receiver position, expressed as
follows by Equation (7) [52]:

n
SAD = Z;|sn — mp| 7)
1

The results show that, depending on which parameter is considered, the best agreement between
the simulated and measured values could not be obtained for the same combination of «y and s.
From the isolevel curves layout it is observable that, apart from Ty, Odeon software is more sensitive
to variations of o, than of s, while the opposite occurs for CATT-Acoustic. For Ty, lower differences
between the simulated and measured values are detectable for both high and low absorption and
scattering values in the case of Odeon software, while mainly for high scattering values over the
whole range of absorption values in the case of CATT-Acoustic. For Cgp, a good matching between
measured and simulated values occurs with high absorption values over the whole range of scattering
coefficients in the case of Odeon software, while it occurs with low scattering coefficients over the
whole range of absorption coefficients in the case of CATT-Acoustic. For G, the best matching between
measured and simulated values occurs with low absorption values over the whole range of scattering
coefficients in the case of Odeon software, while it occurs with a medium scattering coefficient over
the whole range of absorption coefficients in the case of CATT-Acoustic. Only in the case of G do both
kinds of software show an agreement that is obtained in a range around the values of &, = 0.10 and
s = 0.55. Thus, this combination was considered for the calibration of the model.

Table 4 shows all the simulation results of the calibrated model of SR, expressed as Tz, Cgy,
and the G acoustical parameters, considering both O and C. All the values are averaged over the central
500 Hz and 1 kHz octave-band frequencies and spatial values have been added for each row. In this
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way, the results can be compared directly with those of the corresponding measurements. A good
agreement has been shown between the results obtained with the two different types of software,
as can be also seen from the graph in Figure 5, where the average G for each row is represented along
the average distance from the source, in the cases of measurements and simulations with Odeon
and CATT-Acoustic.

In particular, the average values for each row obtained from the two software are always within
or at the limit of the JND for each parameter, except Cgg in the first row. The differences between the
simulated and measured results, in terms of average values per each row, are within two to seven times
the JND for Ty, without any systematic behaviour related to the row. In the case of Cgy, the differences
from simulated and measured values are higher for the first row, with average simulated values that
are three and five times the JND with Odeon and Catt-Acoustic, respectively, within 2 JND for the
second and third rows, and within the JND for the last row, for both the software. For G, the average
simulated values for each row are always within or quite close the JND compared to measured values
for both the software, with a slightly worse behaviour for Odeon. Figure 5 shows as both the software
correctly simulated the reduction of G with the distance from the source, with slopes in dB per distance
doubling (dB/dd) that are 6.6 dB/dd and 6.3 dB/dd, for Odeon and Catt-Acoustic, respectively,
compared to 6.3 dB/dd for the measurements.

=

Absorption coefficient a

Scatiering coefficient s

=

(8]
$ $
G ¢t g
g 5
T S
2 E
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240 ass 240 23 ar
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Figure 4. Sum of Absolute Differences (SAD) between the measurements and simulations overall the
receivers, for T, Cgp, and G in Odeon (a,c,e) and for CATT (b,d,f). Light yellow refers to very similar
values between simulation and measurements.
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Figure 5. G values averaged over the central 500 Hz and 1 kHz octave-band frequencies, and for each
row, represented along the average distance from the source, derived from the measurements and from
the simulations with Odeon and CATT-Acoustic.

5.2. Limitations of the Study

Given the complexity of the task, there are, of course, a number of limitations in the methodological
approach implemented in the present study. Most of such shortcomings are related, as previously
mentioned, to the actual applicability of the ISO 3382-1, intended for roofed performance spaces,
to open-air environments.

Certainly, Section 7 of the ISO 3382-1 deals with the “Measurement uncertainty” and specifies
that for practical evaluation of the measurement uncertainty of reverberation time using the integrated
impulse response method, it can be considered as being of the same order of magnitude as that using
an average of n = 10 measurements in each position with the interrupted noise method. No additional
averaging is necessary to increase the statistical measurement accuracy for each position. However,
considering the variability due to the atmospheric conditions, more than one repetition is needed.
On the other side, anyone who has performed measurements in ancient open-air theatres knows that
a large number of repetitions is rarely feasible, for a number of practical reasons due to the stability
of the boundary conditions; thus, the scope of this study was to assess the protocols’ reliability with
fewer measurements.

Table 5 summarises the most salient aspects and recommendations provided in the different
sections of the ISO 3382-1, confirms on whether such requirements were met and reports briefly on
each circumstance (“notes” column).

Moreover, another limitation of the work derives from the use of GA software. The differences
between simulations and measurements are mainly related to the approximations of GA with respect
to the real wave effects, which result to be important for an open-air environment where the number
of surfaces is limited and the generation of a diffuse field becomes critical. The GA principals are valid
above the Schroeder frequency, which is not easy to estimate for an ancient theatre. The limits of GA
are related to large rooms, low absorption coefficients, and broadband signals [48]. Furthermore, they
neglect phase. As shown in different Round Robin tests [16,17], the GA based software differ between
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each other even when the same input data of absorption coefficients are given to the surfaces. Therefore,
the major drawback, for the state of the art modelling software, is that the different simulation tools
require different input data [53]. In practice, the absorption and scattering coefficient values are
calibrated, i.e., varied within the range of their measurement uncertainty, in order to match the
simulation results to the measured values. This may result in different values of these coefficients for
the different software.

Table 5. ISO 3382-1 recommendations and their applications in the measurement campaign (X).

1SO 3382-1 Section Recommendation Implemented Notes

Temperature and Relative
Humidity: these quantities should

be measured with an accuracy of X
41 °C and 5%, respectively.
The deviation of
Equipment: omnidirectional sources directivity of the used
and receivers. Maximum deviations X sound source respected
of directivity for an omnidirectional the maximum values
source are indicated. indicated by the
standards [30,54,55].
Number of source positions:
minimum 2, located where the X
4. Measurement natural sound source would take
conditions position. Height of sources: 1.5 m.

Number of microphone positions:
Microphone positions should be at
positions representative of positions
where listeners would normally be
located. For reverberation time
measurements, it is important that
the measurement positions sample X
the entire space; for the room
acoustic parameters, they should
also be selected to provide
information on possible systematic
variations with position in the room.
Height of the receivers: 1.2 m.

Integrated Impulse Response
method: any source is allowed
provided that its spectrum is broad

In some receiving
positions, the 125 Hz

enough to cover from 125 Hz to 4 X frequency band dlc.l not
kHz. The peak sound pressure level guarantee the reqmreq
> Measurement has to enszre a decay (P:)urve starting 35 dB over the BNL, with
procedures at least 35 dB above the BNL. the firecrackers.
Time averaging: it is necessary to
verify that the averaging process
does not alter the measured
impulse responses.
Regression analysis: a least-squares The open-air condition is
fit line shall be computed for the characterised by
decay curve. If the curves are wavy a cliff-decay curve [54]
6. Decay curves or bent, this may indicate a mixture linked to a few strong
of modes with different reflections, but this case
reverberation times and thus the is not considered by
result may be unreliable. the standard.
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6. Concluding Remarks

This work deals with the accuracy of acoustical measurements and prediction models related
to the ancient open-air theatre of Syracusae. Measurements based on ISO 3382-1 were conducted
in unoccupied conditions. Firecrackers were used, because of the relatively high background noise
level. The acoustical parameters described in the ISO 3382-1 standard, that is, Reverberation Time
(Tpp), Clarity (Cgp), and Sound Strength (G), were obtained from the IRs measured at each receiver
position. The uncertainty contributions due to the input values of sound absorption and scattering
coefficients, a,, and s, have also been calculated with two simulation tools, that is, Odeon, version
13.02, and CATT-Acoustic, version 9. The models have been calibrated on the basis of the best
match between the simulated and measured parameter values. Other sources of uncertainties, that is,
the run-to-run variations and number of rays, have also been analysed and the obtained results have
all been found to be under or at commonly accepted limit values of the Just Noticeable Differences
(JNDs). The variability of the results is related to the algorithms used to approximate the acoustic
phenomenon of the absorption and scattering. This kind of software are based on geometric acoustic
principles, which rely on a statistical approach used to include diffuse sound scattering and predict the
reverberant tail of an impulse response [22,23].

The following main results have been found from the uncertainty analysis that was conducted on
the simulations of the Syracusae theatre:

e The uncertainty, due to the input variability of o and s, is lower than the JND for Ty and Cg,
when the Odeon software is considered, and for G when both types of software are considered;

e Apart from Ty, Odeon software is more sensitive to variation of sound absorption than of sound
scattering, while the opposite occurs for CATT-Acoustics;

e  Comparable behaviour of the simulated values of G has been shown for both types of software;
G has been found to be the most suitable parameter for the calibration of the open-air
theatre model;

e A good agreement with the measured values has been found, at the limit of the JNDs, in the
calibrated model for all the parameters, in spite of the limitation of the GA software that has
emerged in this case study, for both types of software.

Future studies will be conducted on a larger number of case studies, considering the influence of
the architectural state of conservation, completeness, and dimensions on the acoustic field. Moreover,
more suitable parameters for the acoustical characterisation of the open-air theatres than those
described in ISO 3382-1 standard are the subject of continuous research [49].
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Featured Application: the work introduced in this paper can be used for wildlife conservation,
health protection, and other engineering applications.

Abstract: Acoustic localization for a moving source plays a key role in engineering applications,
such as wildlife conservation and health protection. Acoustic detection methods provide an alternative
to traditional radar and infrared detection methods. Here, an acoustic locating method of array signal
processing based on intersecting azimuth lines of two arrays is introduced. The locating algorithm
and the precision simulation of a single array shows that such a single array has good azimuth
precision and bad range estimation. Once another array of the same type is added, the moving
acoustic source can be located precisely by intersecting azimuth lines. A low-speed vehicle is used as
the simulated moving source for the locating experiments. The length selection of short correlation
and moving path compensation are studied in the experiments. All results show that the proposed
novel method locates the moving sound source with high precision (<5%), while requiring fewer
instruments than current methods.

Keywords: acoustic localization; cross array; moving sound source; discrete sampling; error analysis

1. Introduction

The localization of moving sources represents a major issue in engineering applications. Similar to
other detection technologies, acoustic-localization methods have been developed rapidly over the years.
Meanwhile, the noise generated by low-speed vehicles (LPVs) is a key issue, especially in connection
with acoustics mitigation, where noise pollution continues to be a major health problem, with a whole
host of health effects, such as: sleep disorders with awakenings [1], learning impairment [2,3],
hypertension ischemic heart disease [4], and especially annoyance [5], a widely used indicator to
study the effect of different noise sources on wellbeing. In this context, the main effort has been
done to mitigate the main sources of noise: road traffic [6-8], railway traffic [9,10], airport [11,12],
and industrial [13]. Specifically about road noise, the most important interaction producing noise,
more than just the engine noise used for the LPV, was also road/tire interaction [14,15] and aerodynamic
noise for high-speed vehicles. Furthermore, a relatively new noise source is impacting modern society
in areas where background noise is low. Wind farms are being installed continuously every year to
supply energy demand, but people are being affected by its noise, which is more disturbing than other
sources [16,17] and the scientific community is moving towards its assessment [18].

In this paper, the LPV is the research object. As for all moving vehicles, exhaust systems and
chain tracks are the main noise sources of LPVs, with exhaust systems representing the dominant
factor. Therefore, exhaust systems could be chosen as the moving noise source. The most common
localization methods for noise sources are Nearfield Acoustic Holography (NAH), beamforming,
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and array signal processing [19]. The sound field of a moving vehicle is effectively measured based on
NAH with a moving acoustic plane [20] and coordinate compensation [21,22]. Far-field measurements
of a moving source can be achieved by the short-time beamforming method, but these require extensive
computational resources for processing the acquired data for the acoustic plane frame at every
moment. The false noise source (ghost image) would also be easily generated [23,24]. For array
signal processing, the required computations are fast and can be performed to high precision [25,26].
This is so since the necessary calculations to be performed on the signals are only one-dimensional
and, therefore, substantially less demanding than those for a whole acoustic plane.

The localization method of a moving sound source for the new method described here is achieved
by intersecting the azimuth lines of cross arrays. Initial testing of the localization algorithm and the
data analysis were performed for a single array and revealed a good performance. Therefore, a second
array was added to cross the azimuth lines. The locating experiments were conducted with the engine
noise of an LPV as a moving noise source. The data length determined by short-time correlation
and path compensation were also introduced. The new method succeeded in effective localization of
moving vehicles, requiring less expensive instrumentation than existing methods. Moreover, it was
found that it continues to perform properly even under adverse ambient conditions, such as bad
weather or at low light levels at night.

2. Localization Analysis of Single Array

2.1. Localization Algorithm

The LPV used for the current study travelled on level ground such that its height remained
constant relative to the array sensors. The height of the vehicle was about 2.0 m, which was
approximately 1.5 m higher than the arrays themselves. Compared to the range of about 100 m
or more, the constant height difference between the vehicle and the arrays had little influence on the
localization performance and accuracy. Therefore, the localization was operated in the x-y coordinate
system while height difference was ignored. The five-element cross array was taken as a basic array
pattern, as illustrated in Figure 1.

Figure 1. Model of single array.

The coordinates are defined within the plane of the array. The center acoustic sensor is located at O (0,
0), while the remaining four were M, (D, 0), M3(0, D), My (—D, 0), and M5 (0, —D), where D represents the
distance from M; to O. The noise source is assumed to be located at T (x, y), with an angle ¢ between OT
and x axis as indicated in Figure 1. The time delays between the arrival time of noise at the center sensor
and the other four sensors are referred to as 7y;. Similarly, dy; (i = 2, 3, 4, 5) represents the distance between
the center sensor and the neighboring sensors, such that dy; = ¢ x 135 (c is current sound velocity). R is the
distance from O to T.

386



Appl. Sci. 2018, 8, 1281

From the simple geometry in Figure 1, the distances can be expressed.

2 4y? =R
(x—D)*+1? =
2+ (y+D)* =
(x+D)2+y2=
2+ (y-D)* =

R+dyp 2

)
R+ dy3) (1)
R+ d14)2
R+ dy5)?

o~~~ —

The solution of Equation (1) is
X = 2R (dyg—d1p)+d3,—d3,

2D 2
_ 2R(dy3—dy5)+d3;—d3s @
Y=—"2

(r15—113) 2R—c(115—T13) |
(t14—712)[2R~c (T34 —112) ] ©)

4D —d3,—d3,—d?,—d
— /42 2 — 22 %1213 Y14 Y15
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then Equation (3) can be simplified:
Q= arctan (75~ 13)
(t1a—112)

5 5 5)
R = (4D2 — C2 ‘22 Tliz) /2¢ .22 T
i= i=

The location of the noise source is given by Equations (2) and (5) and, with reference to their
derivation, it is evident that the localization algorithm is based on the time delays between the arrival
times of noise at the sensors in the array.

2.2. Precision Analysis for Localization

The algorithm for localizing the noise source, as described by Equations (2) and (5) in Section 2.1,
and the associated accuracy depend on sound velocity ¢, array size D and, in particular, the error
involved in estimating the time delay ¢;. Since D and ¢ remain constant, for any particular array and
measurement environment, the dominant factor affecting the precision of the proposed method is
associated with the error involved in measuring o.. Due to the symmetric arrangement of the sensors
with regard to the central sensor, the standard errors for the time delay of all sensors were assumed to
be equal, such that o = 0¢1;.

In Equation (5), quadratic function was included in the expression of coordinates (x, y), which makes it
different to calculate the transmission. Then, after the precision calculation of coordinates was transferred
into angular coordinates, the localization was described with azimuth ¢ and range R as illustrated
in Equation (5).

2.3. Azimuth Precision
According to Equation (5), azimuth & was a function of time delay 7.
@ = F(1) = F(riz, T3, 714, T15) (6)

The transmission form of azimuth error o, can be expressed.

2
a—(PUT) + (a—(PUT)2 + (a—(PUT 24 op )2 (7)

2
a, =
¢ ( 8712 a'l.'lg aT14
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Taking derivative of T in Equation (5):

337({7:78374?: 12 . _T5—T3
T2 T4 1+tan® @ (1y4—1p9)
Q9 _ 09 _ 1 1 ®)
9713 015 1+tanZ ¢ Ti4a—Ti2

So the expression of azimuth error 7, is

o= T 2(t14 — 12)” +2(75 — T3)
Y 1+tan?e (T14 — 112)*

©)

Solving Equations (2) and (5):
(t14 — T12)* + (5 — 113)* = &5 (10)
2
(T1a — le)z = 71,2(13%2 ?)

Substituting Equation (10) into Equation (9):

20 _ Vi
7o, D

or (1)

Thus, the azimuth error is determined by ¢, D, and 0. We assume a value of ¢ = 343 m/s for
the sound velocity and employ a sampling rate of 5000 Hz. The sampling interval is 200 ps and the
distribution of azimuth error is shown in Figure 2.
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0.1 2
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~0.08 ~ ;
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(a) 0= =100 us (b) c=343 m/s
Figure 2. Distribution of azimuth error of ¢ and o;.
Figure 2 shows that the relationship of ¢, and ¢ was linear, as well as cz. However, the one

between 0, and D was inverse. In the condition of D>2m, oy stays at an optimal level as 0.03° in
Figure 2a; when o = 100 ps in Figure 2b it stays 0.1° when c was set as 343 m/s.

2.4. Range Precision
The range is also a function of time delay 7, and the transmission error is:

@R 2 9R ., AR ., 3R

2 _ _
R = (3T12 7t T3 7T 9T14 - (3T15

ot)? (12)
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Evaluating the partial derivatives of T in Equation (5) gives:

9R 2

5 5
P = [2c? 1'1,2 7 — (Y m? —4D%)]/2¢(Y_ ))

j=2 j=2 j=2

Substituting Equation (5) into Equation (13) yields:

According to the geometric relation of array and target:

7 = HR- \/R2+D2 2RDcos[(p (1 —1)
:7—7\/14- [R]cos[p— (i—1

then the Taylor expansion of Equation (15) is:

=5 = 51+ 3R - 2(R) coslyp — (- 1)5)}
—5{(®) —22(%)6052@—(1—1)%]}
~ SGI(R) ~ (R)cosle — (- 1)3]
—3(R) cos’lp— (i-1)F]}
5 ) 5
Yrui= —+ 2L coslp—(i-1)5]
i=2 i=
+2Rci§2cos2[(p (i-1)%]
5
Y coslp—(i—=1)5] =0
Substituting ¢ 152 into Equation (17):
L cos?lp— (i~ 1)F] =1
i=2

2D2

E i =

and then substituting Equation (18) into Equation (14) yields:

oR - _2RC(CT1,‘ - R)

aTll‘ 3D2

Therefore, Equation (14) then becomes

_ 4ReVD? + R?

3p2 T

(13)

(14)

(15)

(16)

17)

(18)

(19)

(20)

Equation (20) reveals that the range error oy is determined by range R, array size D, sound velocity c,
and the delay error. Compared to the azimuth error, the influence of R here is an additional effect on the
error. Assuming values of 5 kHz for the sampling rate, R = 100 m, and array size changed from 1 m to 5 m,

the distribution of range error is shown in Figure 3.
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Figure 3. Distributions of the range error of R and ¢+.

In Figure 3, the range error was quite big. In both cases, the error reduces with increasing array
size, and it increases with both the range R and the time delay ;. In general, however, the error
is overall at a fairly high level. In Figure 3a, the relative error was almost 40% under the optimal
condition, and the biggest error was 950%. The error distribution in Figure 3b is the same as in
Figure 3a, with higher level, the optimal error was 50%, and the biggest one is twenty times.

In summary, a single five-element cross array has good directional ability. The azimuth error
can stay below 0.1° under reasonable conditions. However, the range ability is rather bad. The error
is nearly 40% even under best conditions, which makes it impossible to achieve satisfactory sound
source localization.

3. Localization Analysis of Double Arrays

3.1. Localization Principle

Although the single array has poor range-detection ability, its good directional ability ensures that
the direction of the sound source is accurately determined. In order to improve the range-detection
ability, a second array was added to the setup by means of intersecting the azimuth lines.

The array in Figure 1 remained positioned as shown in the figure and is referred to as Array 1.
The second array, with identical characteristics, was added to the X-Y plane as Array 2. The centre of Array
2 is located at O; (L, 0). The angle between the line OT (sound source T to origin O) and the axis-X is
referred to as @1, while the angle between O;T and X is ¢,. The time delay when the sound signal reaches
the sensors in Array 2 is 7y;/. The range differences are dy;/ (i =2, 3,4, 5), so dy; = ¢ x T7;'. The geometry of
the double-array setup is shown in Figure 4.

1
* Array 1 Array 2

Figure 4. Model of double array.
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Since the structure of both arrays is the same, the form of the azimuth formula is the same and
the relevant expressions follow from Equation (3) as:

~ (Ts/—m3/)
tang, ~ (t14/—T12/)

~ (ti5—T13)
{ i’aﬂ(Pl ~ %714*712) (21)

From the geometric relationship,

(22)

The simplification of Equation (22) is:

_ Bkt (23)
V¥ =rmn
¢ = arctan(kq)
R = Lko/1+k2; (24)

Tk

Equations (23) and (24) represent two alternative expressions for the localization of sound source.
In these two expressions, the variables are array distance L and slopes k; and k;. The slopes can
be inferred from the time delay at each one of the two sensors by means of Equation (21). In the
experiments, localization was obtained from time delay 74, and array distance L.

3.2. Precision Analysis for Localization

Compared to the single array, the variable L has been added to the localization expression for
double arrays. However, the time delay remains the key variable. As the structure and sensors of the
two arrays are identical, the standard time delay errors of both are equal (0 = 012 = 0r13 = 0714 =
0715 = 0’112 = 0’713 = 0714 = 0'715).

As the direction was determined by Array 1, the azimuth error was analyzed according to
Equation (24). Meanwhile, range error oy is influenced by azimuth error o, and array distance L.
Range precision is obviously determined by the azimuth precision according to Equation (24). Range
precision can be expressed with error transmission as

_9R _9Rdp _ ,OR R 3¢

™ an apan g g on ®
i \/Ecr(sm((pl'-i- @2) + sec @1 cos 2) o 26)
sin(¢1 — ¢2)
Applying the sin theorem on ATO;0, gives:
sin /TO,0;1  sin Z0,TOq
3 = I (27)
singy  sin(gy — @1)
R L (28)
Lsin ¢
R= ——"-" _ 29
sin(g2 — ¢1) )
Taking partial derivative in Equation (29) yields:
o V/2¢cL cos @2 - (30)

- Dsin(¢g2 — ¢1) T
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Substituting in Equation (29) gives
V2cR

OR= =—FC
R Dtang, *

@1

In Equation (31), range precision is determined by sound velocity c, array size D, azimuth ¢, of
Array 2, error of time delay 0, and range R. The distribution of the range error is shown in Figure 5.
In Figure 5a, R =100 m, ¢ = 343 m/s, 0 = 100 ps. In Figure 5b, D =3 m, R =100 m, c = 343 m/s.

Figure 5 reveals that ¢, affected range precision substantially. In (1°, 20°) and (160°, 179°),
the range error remains very high. In (20°, 160°), the error was much lower and acceptable. In Figure 5a,
array size D significantly affected precision when D < 3 m. Error was 10.78% when ¢, was 8.12°.
The error reduced as angle ¢, is increased. When ¢, was 15.24°, range error was 5.65% and it reduced
to 3.78% as ¢, was increased to 22.36°. In Figure 5b, distribution was the same to Figure 5a, and the
error stayed below 5% when ¢, is above 20°.

150
300 150
100
_ 200y 0 -
E B £
< 100 50 5 50
i i
8 ° &% 0
2-100 3
S 50 & -100
% 200 -0
-300 100 -200 -100
0 150
! 200 -150
o 4
Angle ¢2() 200 5 Array Size D(m) Angle ¢2(°) 200 200 Time Error(us)
(a) R=100 m (b) D=3 m
Figure 5. Distributions of the range error of R and D.
Since array distance L is independent to time ¢, the error expression of L is:
oR
L
0F = — 32
Take partial derivatives of L in Equation (24):
/ 1
U—L B k2 /1 +k12 B k2k1 l"rsz (33)
B 2k -k) 20k k)
= Rsi
Substituting y SO nto Equation (33) gives
k1 = tan ¢
R
L
ok =— 34
R=7T G4

Equation (34) was the expression of the range error with factor L. The error was affected by range R
and array distance L. The relative error is 1/L; therefore, the relative error theoretically stays constant when
L was designated. The error is below 6.67% when L > 15 m. The distribution is shown in Figure 6.
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Figure 6. Distributions of the range error of L.

In summary, the locating ability of the double array is good. The range error stays below 5 m
under a range condition of 100 m in most areas, and the azimuth error remains below 0.2° for all
conditions. Considering the environmental factor (c) and calculated factor (o), it is advisable to choose
large array sizes to improve localization precision. However, larger array sizes result in higher costs
and increased complexity of the system.

4. Experiments

4.1. Experiment Setting

The locating experiments were conducted in the natural environment. The test area was open
with a size of 150 x 150 m?2, and there were no tall reflectors along the boundary of the measurement
domain. According to the empirical sound speed formula, the velocity of sound propagation was
343 m/s for an air temperature of 21 °C. During the experiments, wind speed was very low and
the localization range was about 100 m, such that the influence of wind can be assumed negligible.
Since it’s difficult to keep an LPV going straight and travel at a constant speed, a simulated sound
source with a smaller size was used to replace the vehicle noise.

The simulated source consisted of a 0.1 kW loudspeaker and a power amplifier. The biggest
noise sources of LPV were the exhaust system and track system. The track noise was random and
nonstatistical. So, the actual measurement of periodic exhaust noise was the sound signal that was
collected during the running of the vehicle engine with rotating speed r = 1200 rpm. The sound signal
is shown in Figure 7.

0.5

Sound Pressure/Pa
o

05

o 0.2 0.4 0.6 0.8 1
Timels

g 1

[

5 05

[7}

(%}

o 0

o

T 05

=3

o 4 . . .

? "o 0.05 0.1 0.15 0.2
Time/s

Figure 7. Sound signal for moving source.
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The moving sound source travelling at a constant speed was achieved by dragging the loudspeaker
with a fixed pulley at a constant rotating speed. The source was traveling along a straight line.
By monitoring the distance travelled as a function of time, the speed of motion of the source
was obtained.

In Figure 8, two five-element cross arrays were set according to Figure 4. The distance L between
two central sensors was 10 m, and 2 m for array size D. A NI-PXI system with 10 channels and a sample
rate of 248 kS/s was the testing instrument. The array microphones used G.R.A.S with the sensitivity
of 40 mv/pa.

Figure 8. Microphone array.

The sound source started moving from point A (—28.8, 97.92) to B (28.8, 97.92) in the X-Y plane,
and then returned back to point A.

4.2. Data Length for Correlation

Since the signal collected was not even during the interval while the source moved, it is necessary
to extract part of the whole signal periodically for short-time correlation. To ensure efficiency,
the extraction must cover one whole period in each short-time correlation.

As the sound source was being actuated by a pulley, the speed of motion was relatively slow,

which should be less than 5 m/s.
(%) + Ut

0o + Vs

According to the Doppler effect formula, the difference in value between Doppler frequency f
and original frequency f was about 0.01 f. Meanwhile, sound velocity vy was 343 m/s, velocity v; of
the observer was zero and velocity of source vs took the maximum velocity 5 m/s. Therefore, data bias
resulting from the Doppler effect can be ignored.

The longest distance that one acoustic wave travels in the single array is 2 D, such that the
maximum travel time is 2 D/c. The sampling interval is Ty = 1/F when the sampling frequency is
assumed to be F. The data length # for short-time correlation describes the theoretical length of each
correlation in Equation (36):

fr=( (35)

. 1/f+2D/c

n> 1E (36)

4.3. Time Compensation during Signal Transmission

Since the acoustic signal travels a long distance before it is detected by the test system, there exists
a time delay between this signal and the instant when it was emitted by the noise source. Point x(t) is
the position of the moving source at the instant f. The signal as used for the data analysis has been
generated at the source at point x(ty), which is located at a distance r from x(t), as was illustrated in

394



Appl. Sci. 2018, 8, 1281

Figure 9. Thus, the identified location at the instant time ¢ is in fact the position of noise source at the
moment #). It is essential to compensate for the difference.

r

Y t r o

»

(@] x X t) X(tO) X

|
I
I
I
!
(

Figure 9. Path of motion of the sound source.
This constellation, as graphically illustrated in Figure 8, can be expressed as:

Ro = \/x(to)* + y(to)?
R=/x(t)* +y(t) 37)
r = [x(to) = x(t)| = vRo/c

To locate the noise source in actual conditions, point x(ty) moves with velocity v and sound velocity
c can be calculated. Therefore, compensation 7 is available and needs be taken into consideration in the
actual localization procedure.

4.4. Experiment Results

Additional environmental noise cannot be avoided either. This superposed additional noise will
negatively affect the correlation of the signals. Therefore, preprocessing of the measured signals is
required before obtaining the correlations. Since there were no other obvious sound sources and since
the superposed additional noise is of high frequency, the wavelet-filtering method was chosen to
remove unwanted noise, whereby the wavelet basis was “db10”(No. 10 of Daubechies Series Basis [27]).
As the signal was relatively simple, it was decomposed into three layers. Then, the lower part in
frequency was taken to perform short-time correlation. The signal-filtering process of one channel is
shown in Figure 10.

Test Signal
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@
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o
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3
N 1 1 1 1 1 1 1 1 1
o 004 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1
. . Time/s i
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©
S 004 & oot
? ?
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Time/s Time/s

Figure 10. Filter process of signal.
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Reference to Figure 10 reveals the noise contained in the test signal. There were two kinds of
noise. One is the high-frequency noise for which the amplitude is about 1/20 of test signal. The other
is the impulse with about 1/3 of the amplitude. Both of these noise contributions detrimentally affect
the correlations of the array signal. Hence, the signal form without noise, as shown in the lower left
part of Figure 9, was used to operate correlations.

During the path A— B, traveling distance was S = 57.6 m, with associated travel time t = 45.6 s and
sampling length N = 228,800. Distance S was divided into 11 elements, while travel time was the same.
The localization of the moving source was achieved by locating the central point of the 11 elements.
The results obtained are shown in Table 1.

Table 1. Point information of path A—B.

No. Coordinatessrm Time/s Central Point
1 (—23.56, 97.92) 4.15 20,727
2 (—18.33,97.92) 8.30 41,454
3 (—13.09, 97.92) 12.45 62,181
4 (—7.85,97.92) 16.60 82,908
5 (—2.62,97.92) 20.75 103,635
6 (2.62,97.92) 24.90 124,362
7 (7.85,97.92) 29.05 145,089
8 (13.09, 97.92) 33.20 165,816
9 (18.33,97.92) 37.35 186,543
10 (23.56, 97.92) 41.50 207,270

In Figure 11, it's obvious that basic frequency was 600 Hz with some doubling frequency component.
From Section 3.2, it is known that the period of noise T was 1/f = 1666 us. Maximum traveling time of a single
wave between array sensors is 2 D/c ~ 11.66 ms. The length of signal extracted for one correlation must be
bigger than 11.66 ms. As the sampling interval was 200 us, the minimum length of signal extraction was 58.
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Figure 11. Frequency spectrum of the signal.

The localization was carried out at the first central point to study the choosing principle of
extraction length that participated in one short-time correlation. Based on the signals of Sensor 1 and
Sensor 2 in Array 1, the first central was set at point 20,727, and the length of extraction was assigned
as 30, 60, 65, 70, 100, 200, and 300. After extraction of the signal and 100 times of interpolations,
the correlations of different length were calculated, as shown in Figure 12a.

The sampling interval decreased to 2 us after 100 times of interpolation. Maximum value is
located at N = 3233, while the central point of correlation was N = 3000 when extraction #n = 30.
Then, time delay is T,,-30 = (3223 — 3000) x 2 = 446 ps and delays of other lengths can be calculated in
the same way, as shown in Figure 12b.

396



Appl. Sci. 2018, 8, 1281

Figure 12 illustrated that it is not possible to obtain correct time delays as time delay varies
randomly when n < 60. When 1 > 65, delay value only varies marginally and remains steady at a level
of about 520 us, which represents the correct value of time delay.
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Figure 12. Correlation performance of different lengths.

The locating results of different signal lengths are shown in Table 2.

Table 2. Locating result of different lengths.

Length  Actual Coordinates Test Coordinates

30 (18.24, 52.31)
60 (6.79,7.34)

65 (—24.36,92.95)
70 (23.56,97.92) (—24.35,92.70)
100 (—24.20, 92.80)
300 (—24.07,92.17)
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Table 2 illustrates that localization has failed with a rather high error when the length of the signal
involved in the correlation was n < 60. When n > 65, the test point was located nearly around the
actual point. Therefore, the length of the signal extraction was assigned as 1 = 65, participating the
calculation after interpolation.

All the locating results are summarized in Table 3, and the moving paths are shown in Figure 13.

Table 3. Locating result of moving source.

Test Coordinates/m

No. Actual Coordinates

A—B B—A

1 (—23.56,97.92) (—24.01,92.82)  (—23.65,98.29)
2 (~18.33,97.92) (~19.44,9433)  (—18.24, 96.86)
3 (—13.09,97.92) (—14.29,94.62)  (—15.85,99.70)
4 (—7.85,97.92) (-9.75,98.12)  (—9.55,98.38)
5 (—2.62,97.92) (—458,101.67)  (—3.38,98.15)
6 (2.62,97.92) (1.33,98.53) (2.81,96.97)
7 (7.85,97.92) (6.39, 96.68) (8.70, 97.28)
8 (13.09, 97.92) (11.06, 93.80) (13.68, 95.85)
9 (18.33,97.92) (16.61, 95.15) (19.27, 96.00)
10 (23.56,97.92) (21.58, 94.49) (25.04, 95.39)

Both Table 3 and Figure 13 depict that the discrete points along the moving path were obtained
accurately in the localization experiment with only small associated error.

T
Mo - —— =L [ —— Lol | Test Mo — === - -~ R s Lo — o ATest

Yim

Figure 13. Actual and tested path of source.

According to Section 3.2, after compensation was considered, the relative locating error
distribution is shown in Figure 14 before and after fixing.
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Figure 14. Distribution of relative error.

The lines in Figure 14 represent the original error of the localization, while dotted lines for error
after fixing. To some extent, the locating result improved. In summary, the accurate localization
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of a moving acoustic source was achieved and the error stayed below 5%. In further application,
the complete moving path could be obtained by increasing the number of parts divided.

5. Conclusions

The precision analysis of a locating method of a moving sound source based on intersecting
azimuth lines was studied in this paper. Simulations showed that, after another single array was
added, it had better precision and lower error. The experiments were conducted outdoors after
choosing principle of signal length in correlation. Accurate localization of a moving source was
achieved with the associated error for locating the source staying below 5%.

The work in this paper indicates applications for low-speed noise sources, such as wildlife
conservation, health protection, wind turbine noise, and other engineering applications in the wild.
However, the property change of the acoustic signal was ignored with low velocity and assumption
of point source during the simulated source localization. Further research is required in the actual
application. Further developments should focus on improvements of array size and shape. Meanwhile,
the localization of high-speed moving sources and long-distance sources is not just an extension of
this research.
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Abstract: Information on bowel motility can be obtained via magnetic resonance imaging (MRI)s
and X-ray imaging. However, these approaches require expensive medical instruments and are
unsuitable for frequent monitoring. Bowel sounds (BS) can be conveniently obtained using electronic
stethoscopes and have recently been employed for the evaluation of bowel motility. More recently,
our group proposed a novel method to evaluate bowel motility on the basis of BS acquired using
a noncontact microphone. However, the method required manually detecting BS in the sound
recordings, and manual segmentation is inconvenient and time consuming. To address this issue,
herein, we propose a new method to automatically evaluate bowel motility for noncontact sound
recordings. Using simulations for the sound recordings obtained from 20 human participants,
we showed that the proposed method achieves an accuracy of approximately 90% in automatic bowel
sound detection when acoustic feature power-normalized cepstral coefficients are used as inputs to
artificial neural networks. Furthermore, we showed that bowel motility can be evaluated based on the
three acoustic features in the time domain extracted by our method: BS per minute, signal-to-noise
ratio, and sound-to-sound interval. The proposed method has the potential to contribute towards the
development of noncontact evaluation methods for bowel motility.

Keywords: bowel sound; bowel motility; automatic detection/evaluation; power-normalized cepstral
coefficients; noncontact instrumentation

1. Introduction

The decrease in or loss of bowel motility is a problem that seriously affects quality of life (QOL)
and daily eating habits of patients; examples of this include functional gastrointestinal disorders
(FGID), in which patients experience bloating and pain when bowel motility is impaired due to stress
or other factors. Such bowel disorders are diagnosed by evaluating the bowel motility. Bowel motility
is currently measured using X-ray imaging or endoscopy techniques; however, these methods require
complex testing equipment and place immense mental, physical, and financial burdens on patients,
which make these methods unsuitable for repeated monitoring.

In recent years, the acoustic features obtained from bowel sounds (BS) have been used to
evaluate bowel motility. BS are created when transportation of gas and digestive contents through
the digestive tract occurs due to peristaltic movement [1]. BS can be easily recorded by applying
an electronic stethoscope to the surface of the body. In recent years, a method has been developed
for evaluating bowel motility by automatically extracting BS from the audio data recorded using
electronic stethoscopes [2-7]. In quiet conditions, BS can be perceived at a slight distance without the
use of an electronic stethoscope. As such, our recent research has demonstrated that even when data is
acquired using a noncontact microphone, bowel motility can be evaluated based on BS in a manner the
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same as that when an electronic stethoscope is used [8]. However, in this study, BS were required to be
manually extracted from the audio data that was recorded using noncontact microphones, and a large
amount of time was spent on carefully labeling the sounds. The sound pressure of BS recorded using
noncontact microphones was lower than that of BS recorded with electronic stethoscopes placed
directly on the surface of the body. Furthermore, compared to recordings from electronic stethoscopes,
there may have been sounds other than BS mixed in at higher volumes. As such, a BS extraction system
that is robust against extraneous noise must be developed to reduce the time- and labor-intensive work
of BS labeling.

To resolve these issues, this study proposes a new system for evaluating bowel motility on
the basis of results obtained by automatically extracting BS from the audio data recorded with
a noncontact microphone. The proposed method is primarily made up of the following four steps:
(1) segment detection using the short-term energy (STE) method; (2) automatic extraction of two
acoustic features—mel-frequency cepstral coefficients (MFCC) [9,10] and power-normalized cepstral
coefficients (PNCC) [11-14]—from segments; (3) automatic classification of segments as BS/non-BS
based on an artificial neural network (ANN); and (4) evaluation of bowel motility on the basis of
the acoustic features in the time domain of the BS that were automatically extracted. On the basis of
audio data recorded from 20 human participants before and after they consumed carbonated water,
we verified (i) the validity of automatic BS extraction by the proposed method and (ii) the validity of
bowel motility evaluation based on acoustic features in the time domain.

2. Materials and Methods

2.1. Subject Database

This study was conducted with the approval of the research ethics committee of the Institute of
Technology and Science at Tokushima University in Japan. A carbonated water tolerance test was
performed using 20 male participants (age: 22.9 & 3.4, body mass index (BMI): 22.7 & 3.8) who had
provided their consent to the research content and their participation. The test was conducted after
12 or more hours of fasting by the participants, over a 25-min period (comprised of a 10-min period
of rest before consuming carbonated water and a 15-min period of rest after consuming carbonated
water). During the test, sound data was recorded using a noncontact microphone (NT55 manufactured
by RODE), an electronic stethoscope (E-Scope2 manufactured by Cardionics), and a multitrack recorder
(R16 manufactured by ZOOM). The primary frequency components of BS have generally been reported
to be present between 100 Hz and 500 Hz [15]. Based on these reports, sound data was stored at
a sampling frequency of 4000 Hz and digital resolution of 16 bits. Furthermore, sound data was filtered
by a third-order Butterworth bandpass filter with a cutoff frequency of 100-1500 Hz. The participants
were in a supine position during testing, with an electronic stethoscope positioned 9 cm to the right of
the navel and a microphone 20 cm above the navel [8].

BS present in the sound data obtained using the noncontact microphone were also present in
the sound data obtained using the electronic stethoscope. Based on this, as in our previous studies,
we used audio playback software to listen carefully to both types of sound recordings, and classified
as a BS episode any episode that was 20 ms or more in duration and could be distinguished by the ear
at the same time position in both recordings [7].

For the analysis, we divided the sound data into sub-segments with a window range of
256 samples and a shift range of 64 samples. The STE method was used to calculate the power
of each window range, making it possible to detect sub-segments above a certain signal-to-noise ratio
(SNR). SNR, as used in this study, is defined as follows:

SNR = 1Olog10& @
Py
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Here, Ps represents the signal power and Py represents the noise power. Py can be calculated
based on a one-second interval of silence determined by conducting the abovementioned listening
process, and it is a time-averaged value. Sub-segments detected successively using the STE method
are treated as a single segment (also called sound episode (SE)). If a detected segment corresponds to
a BS episode, then it is defined as a BS segment; otherwise, it is defined as a non-BS segment.

2.2. Automatic BS Extraction on the Basis of Acoustic Features

The acoustic feature presented to the ANN is either MFCC or PNCC. MFCC is widely used in fields
such as speech recognition and analysis of biological sounds such as lung or heart sounds [9,16-18].
MEFCC is calculated by performing a discrete cosine transformation on the output from triangular filter
banks evenly spaced along a logarithmic axis; this is referred to as a mel scale, and it approximates the
human auditory frequency response. PNCC is a feature value developed to improve the robustness
of voice recognition systems in noisy environments [11-14]. Because BS captured using noncontact
microphones are generally low in volume and have degraded SNR, PNCC can be expected to be
effective; it improves the process of calculating MFCC to make it more similar to certain physiological
aspects of humans. Moreover, PNCC differs from MFCC primarily in the following three ways: First,
instead of the triangular filter banks used in MFCC, PNCC uses gamma-tone filter banks based on
an equivalent rectangular bandwidth to imitate the workings of the cochlea. Second, it uses bias
subtraction based on the ratio of the arithmetic mean to the geometric mean (AM-to-GM ratio) for the
sound that undergoes intermediate processing, which is not done in the MFCC calculation process.
Third, it replaces the logarithmic nonlinearity (used in MFCC) with power nonlinearity. Owing to
these differences, PNCC is expected to provide sound processing with excellent resistance to noise.
For BS extraction in this work, a SE is divided into frames with a frame size of 200 samples and a shift
size of 100 samples. Considering the number of dimensions often used in the field of voice recognition,
we use 13-dimension MFCC and PNCC obtained from 24-channel filter banks, averaged over all the
frames in each episode.

On the basis of these acoustic features, an artificial neural network (ANN) is used as a classifier to
categorize segments detected with the STE method into BS segments and non-BS segments. The ANN
is structured as a hierarchical neural network made up of three layers: namely, the input, intermediate,
and output layers. The number of units in the input, intermediate, and output layers are, respectively,
13, 25 and 1. The output function of the intermediate layer units is a hyperbolic tangent function,
and the transfer function of the output layer units is a linear function. As a target signal, the value of
1is assigned to analysis sections in which sound is present if the sound is BS, whereas 0 is assigned if it
is non-BS. The ANN learns from this categorization using an error back-propagation algorithm based
on the Levenberg-Marquardt method [19,20]. To calculate sensitivity and specificity based on the
post-training ANN output, a receiver operating characteristic (ROC) curve can be drawn. Through the
analysis of the ROC curve, an optimum threshold (T},) is estimated for use when classifying testing data
sets. The optimum threshold used at this point is the threshold that is the shortest Euclidean distance
from the positions at which sensitivity = 1 and specificity = 1 on the ROC curve [21]. Using this
threshold for the ANN test output b, it is possible to calculate the classification accuracy using
sensitivity (Sen), specificity (Spe), positive predictive value (PPV), negative predictive value (NPV),
and accuracy (Acc).

As shown in Figure 1, automatic BS extraction performance in this ANN-based method is
evaluated by dividing the BS and non-BS segments obtained from the 20-person sound database
at a ratio of 3:1, and using them respectively as training and testing data. This study calculated the
average classification accuracy by performing multiple trials of ANN training and testing, in which
(1) initial values of combined load were randomly assigned or (2) test data was randomly assigned.
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Figure 1. Block diagram showing the proposed method for automatic BS extraction based on acoustic
features. SE: sound episode; MFCC: Mel Frequency Cepstral Coefficients; PNCC: Power Normalized
Cepstral Coefficients; ANN: artificial neural network; ROC: receiver operating characteristic;
BS: bowel sound; b: ANN test output; Ty,: threshold obtained via ROC analysis.
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2.3. Evaluation of Bowel Motility Based on Automatically Extracted BS

Our past research demonstrated significant differences in the following time domain acoustic
features extracted before and after consumption of carbonated water by the participants: BS detected
per minute, SNR, length of BS, and interval between BS (sound to sound (SS) interval). These differences
suggest that bowel motility can be evaluated on the basis of these acoustic features [8]. As such,
this study examines whether bowel motility can be automatically evaluated based on these acoustic
features, as investigated in the previous study. To evaluate bowel motility from the data of one
participant, the acoustic features of time domains were extracted based on multiple BS automatically
extracted by performing leave-one-out cross validation for the proposed method. As in past studies,
the differences between the previously mentioned acoustic features before and after the participant
consumed carbonated water was evaluated using a Wilcoxon signed-rank test. The block diagram in
Figure 2 shows the process leading up to the evaluation of bowel motility.
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evaluation 3. Length of BS
4. SSinterval

Figure 2. Block diagram showing the proposed method for automatic evaluation of bowel motility.
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3. Results

To investigate the effect of SNR thresholds used in the STE method on the automatic evaluation
performance and evaluation of bowel motility by the method, experiments were performed in which
the SNR thresholds used in the STE method were 0, 0.5, 1 and 2 dB.

3.1. Automatic Bowel Sound Detection

Table 1 lists the number and length of BS and non-BS segments obtained at each SNR threshold
used in the STE method.

Table 1. Number and length of BS and non-BS segments obtained at each SNR threshold used in the

STE method.
Before Soda Intake After Soda Intake
Threshold
of SNR (dB) _ No. of Segments Length of Segments(s) No. of Segments Length of Segments(s)
BS Non-BS BS Non-BS BS Non-BS BS Non-BS
2 396 4840 0.42 4+ 0.59 0.34 +1.49 1538 6372 0.59 + 1.82 0.30 +1.15
1 439 10202 0.59 +0.91 0.36 +1.28. 1463 15614 0.85 +2.47 0.29 +0.82
0.5 441 13444 0.90 4 2.27 0.39 +1.35 1378 21202 1.23 +3.61 0.32 +0.53
0 409 14904 1.51 +3.83 047 £1.72 1264 23522 1.86 £+ 4.59 0.39 & 0.65

Table 1 reveals the following pattern for both cases (before and after consumption of carbonated
water by participants): As the SNR threshold decreases, the numbers of both BS and non-BS segments
increase until a certain threshold, after which the numbers of segments decrease. Additionally,
the values in the table confirm that the lengths of both segments also increase with decrease in SNR.
The values of length and number of both segments were larger after consumption of carbonated water
than those before consumption, and BS segments were longer than non-BS segments.

To evaluate the automatic extraction performance of the proposed method, the respective
segments were divided in a ratio of 3:1 for training data and testing data. Tables 2 and 3, respectively,
present the results of 100 ANN-based approach trials that used MFCC and PNCC as acoustic features
to derive the average classification accuracy.

Table 2 reveals that for the case before consumption of carbonated water, accuracy slightly
degraded with decrease in the SNR threshold, whereas the accuracy increased with decrease in SNR
threshold in the case after consumption. Table 3 demonstrates that when PNCC is used, classification
accuracy increases as SNR threshold decreases, for cases both before and after consumption of
carbonated water. Furthermore, we can see that the highest accuracy is obtained when the SNR
threshold is 0 dB. Figure 3 shows the results of a comparative analysis of extraction accuracy before
and after consumption of carbonated water when using MFCC and PNCC, respectively. Table 3 shows
that PNCC is more accurate than MFCC for all SNR thresholds. When the SNR threshold is 0 dB before
the consumption of carbonated water, the average of PNCC becomes sulfficiently larger compared to
that of MFCC. In general, a BS with lower sound-pressure occurs before consumption of carbonated
water than after consumption. This suggests that PNCC is effective in classifying such sounds. On the
basis of the abovementioned observation, a subsequent automatic evaluation of bowel motility was
conducted using PNCC with an ANN-based approach.
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Table 2. Results of automatic BS extraction using an ANN-based approach based on MFCC (using performance

evaluation through random sampling). Sne: sensitivity; Spe: specificity; PPV: positive predictive value; NPV:
negative predictive value; Acc: Accuracy.

MFCC
Threshold of SNR (dB) Before Soda Intake
Sen (%) Spe (%) PPV (%) NPV (%) Acc (%)
2 788+47  839+21 288423  980+£04  835+18
1 797449  833+21  171+14 990402 832419
05 789+£41 832420 135414 992402  831+19
0 780+48  811+£20 102+10 993402  81.0+19
MFCC
Threshold of SNR (dB) After Soda Intake
Sen (%) Spe (%) PPV (%) NPV (%) Acc (%)
2 776426  799+16 482416 937406  794+10
1 819 +24 83.8 +1.1 322+13 98.0£0.2 83.6 £0.9
05 824424  847+12 260413  987+02 846410
0 826428  836+14 214+12 989402  836+12

Table 3. Results of automatic BS extraction using an ANN-based approach based on PNCC (using performance
evaluation through random sampling).

PNCC
Threshold of SNR (dB) Before Soda Intake
Sen (%) Spe (%) PPV (%) NPV (%) Acc (%)
2 794445  853+£20 309426  981+£04 849+ 17
1 819438  8.6+17  209+18 991402  864+16
05 822440 874+14  178+14  993+£01  873+13
0 85.6+43  878+16  163+16  996+01  87.8+15
PNCC
Threshold of SNR (dB) After Soda Intake
Sen (%) Spe (%) PPV (%) NPV (%) Acc (%)
2 80.6+23  835+16 541421 947406  829+11
1 844419  876+11  389+19 984402 873409
05 871+18 882409 324414  991+£01  881+08
0 870421  883+09  287+14 992401 882408

[iMFO(‘[Before soda intake) __JPNCC(Before soda intake)
1 0.5 0

[IMFCC(After soda intake) CIPNCC(After soda intake)|

)
=3

Accuracy[%]
E

-3
=
T

90 T T T T
280+
g
z
< 70+
2 | 0.5 0
Threshold of SNR[dB]

Figure 3. Comparison of accuracies of ANN-based approaches based on MFCC and PNCC, respectively.

406



Appl. Sci. 2018, 8, 999

3.2. Bowel Motility Evaluation

In this study, leave-one-out cross validation was performed for each participant, and the
classification accuracy of an ANN-based approach using PNCC was verified. Table 4 presents the
average classification accuracies for which the corresponding accuracy was the highest for each
participant after leave-one-out cross validation was performed 50 times.

Table 4. Results of automatic BS extraction using an ANN-based approach based on PNCC (using performance
evaluation through leave-one-out cross validation).

PNCC
Threshold of SNR (dB) Before Soda Intake
Sen (%) Spe (%) PPV (%) NPV (%) Acc (%)
2 715+£231 850+£120 2554215 965+66  855+96
1 752+238 888+80 1764151 988420 887473
05 7414235 902+58 1544137 992+10  90.0+55
0 7244230 904+64 1524135 994408 902463
PNCC
Threshold of SNR (dB) After Soda Intake
Sen (%) Spe (%) PPV (%) NPV (%) Acc (%)
2 786+81  852+60 547+128 944428  844+41
1 829+87  88.6+53  400+129 982411 883 +47
05 854+72 901434 345+129 989407  89.9+3.1
0 844+87 900436 307+128 991+07  89.8+32

As was noted in a prior study [8], Table 5 shows that the acoustic features—BS detected per minute,
SNR, and SS interval—can capture the differences in bowel motility before and after a participant
consumes carbonated water, up to a point at which the SNR threshold decreases to nearly 0 dB.
Note that these results are related to the accuracy of automatic BS extraction. However, unlike in the
prior study [8], no significant difference in BS length before and after consumption of carbonated water
was found. This suggests that when the SNR threshold reduces to 0 dB, the acoustic features of BS
detected per minute, SNR, and SS interval can evaluate the bowel motility without being affected by
the reduction in SNR threshold.

Table 5. Results of automatic bowel motility evaluation using acoustic features in four time domains:
BS detected /min, SNR (dB), length of BS (s), and SS interval (s).

Threshold BS Detected/min. SNR (dB)

of SNR (dB)  Before Soda Intake ~ After Sofa Intake P Value  Before Soda Intake ~ After Sofa Intake P Value
2 3.97 £3.62 6.97 £3.83 >0.001 * 5.38 £0.88 6.20 £ 0.64 0.007 *

1 6.59 £+ 4.70 9.54 + 4.28 0.015* 3.83 £0.77 4.65 + 0.56 0.002 *

0.5 7.79 £ 548 10.69 + 3.82 0.008 * 3.05 £ 0.82 3.86 &+ 0.56 0.002 *

0 7.90 4+ 5.35 11.18 £3.70 0.014* 2.44 4+ 0.94 3.06 + 0.54 0.036 *

Threshold Length of BS(s) SS Interval(s)

of SNR (dB)  Before Soda Intake ~ After Sofa Intake ~ P Value  Before Soda Intake ~ After Sofa Intake P Value
2 0.56 £ 0.46 052 £0.15 0.126 * 23.32+17.38 10.26 £ 5.66 0.001 *

1 0.85 £+ 0.80 0.67 £+ 0.20 0.457 * 12.59 +10.11 6.84 &+ 3.55 0.013 *

0.5 1.20 £ 1.30 0.98 + 0.45 0.323 9.83 £ 8.25 5.37 £ 2.51 0.014 *

0 1.89 £2.55 1.30 £ 0.61 0.379 9.54 +7.94 4.74 +2.57 0.021*

4. Discussion and Conclusions

This study proposes a system for automatic evaluation of bowel motility on the basis of acoustic
features in BS time domains obtained by automatically extracting BS from sound data recorded using
a noncontact microphone. Although studies related to bowel motility using BS have been conducted
previously [2-7], those studies used electronic stethoscopes that were applied to the surface of the
body. Our recent research has demonstrated that bowel motility can be evaluated from sound data
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recorded using a noncontact microphone the same way as it can be evaluated using data recorded with
a stethoscope [8]. However, the extraction of BS from sound data performed in this study was based
on manual labeling. The sound pressure of BS recorded using noncontact microphones is lower than
that of BS recorded using electronic stethoscopes applied to the surface of the human body, and there
are fewer perceptible BS. As such, using sound data recorded without contact requires an automatic
BS extraction method that is resistant to extraneous noise. Even so, the results suggest that the system
proposed herein—which uses PNCC and has excellent noise resistance—is able to automatically extract
BS with approximately 90% accuracy if the SNR threshold is 0 dB. Furthermore, even when the SNR
threshold drops to 0 dB, results suggest that bowel motility can be evaluated using the acoustic features
other than those from the BS length time domain, such as BS detected per minute, SNR, and SS interval.

The proposed method could extract more sound by decreasing the SNR threshold used in the
STE method, further extending segment length to increase the information provided to the system
for BS/non-BS differentiation. We believe that as a result of this extension, we could improve the
performance of automatic BS extraction. However, this also suggests that proper BS length cannot be
obtained because of the extension in BS segment length caused by the decrease in the SNR threshold
used in the STE method.

Compared to the results of the performance evaluation based on random sampling, the results
based on leave-one-out cross validation tended to have a larger standard deviation and decreased
sensitivity in the proposed method, particularly before the consumption of carbonated water by
participants. The cause of this was thought to be the small number of participants, meaning that
sufficient BS segments were not available for use in leave-one-out cross validation. As such, we expect
an improvement with increase in the number of subjects. To further improve system performance,
a combination of the following two measures would likely be useful: (1) replacing the STE method
with another method for detecting segments having sound; and (2) selecting acoustic features with
excellent resistance to extraneous noise.

In this study, we have provided new knowledge for noncontact automatic evaluation of bowel
motility. It is hoped that the foundations of the system developed in this study can assist in the further
development of the evaluation of bowel motility using noncontact microphones and research related
to diagnostic support for bowel disorders.
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Abstract: With the increasing demand for high quality audio, stereo audio coding has become more
and more important. In this paper, a multi-frame coding method based on Principal Component
Analysis (PCA) is proposed for the compression of audio signals, including both mono and stereo
signals. The PCA-based method makes the input audio spectral coefficients into eigenvectors of
covariance matrices and reduces coding bitrate by grouping such eigenvectors into fewer number of
vectors. The multi-frame joint technique makes the PCA-based method more efficient and feasible.
This paper also proposes a quantization method that utilizes Pyramid Vector Quantization (PVQ) to
quantize the PCA matrices proposed in this paper with few bits. Parametric coding algorithms are also
employed with PCA to ensure the high efficiency of the proposed audio codec. Subjective listening
tests with Multiple Stimuli with Hidden Reference and Anchor (MUSHRA) have shown that the
proposed PCA-based coding method is efficient at processing stereo audio.

Keywords: stereo audio coding; Principal Component Analysis (PCA); multi-frame; Pyramid Vector
Quantization (PVQ)

1. Introduction

The goal of audio coding is to represent audio in digital form with as few bits as possible while
maintaining the intelligibility and quality required for particular applications [1]. In audio coding, it is
very important to deal with the stereo signal efficiently, which can offer better experiences of using
applications like mobile communication and live audio broadcasting. Over these years, a variety of
techniques for stereo signal processing have been proposed [2,3], including M /S stereo, intensity stereo,
joint stereo, and parametric stereo.

M/S stereo coding transforms the left and right channels into a mid-channel and a side channel.
Intensity stereo works on the principle of sound localization [4]: humans have a less keen sense of
perceiving the direction of certain audio frequencies. By exploiting this characteristic, intensity stereo
coding can reduce the bitrate with little or no perceived change in apparent quality. Therefore, at very
low bitrate, this type of coding usually yields a gain in perceived audio quality. Intensity stereo is
supported by many audio compression formats such as Advanced Audio Coding (AAC) [5,6], which is
used for the transfer of relatively low bit rate, acceptable-quality audio with modest internet access
speed. Encoders with joint stereo such as Moving Picture Experts Group (MPEG) Audio Layer III
(MP3) and Ogg Vorbis [7] use different algorithms to determine when to switch and how much space
should be allocated to each channel (the quality can suffer if the switching is too frequent or if the side
channel does not get enough bits). Based on the principle of human hearing [8,9], Parametric Stereo
(PS) performs sparse coding in the spatial domain. The idea behind parametric stereo coding is to
maximize the compression of a stereo signal by transmitting parameters describing the spatial image.
For stereo input signals, the compression process basically follows one idea: synthesizing one signal
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from the two input channels and extracting parameters to be encoded and transmitted in order to
add spatial cues for synthesized stereo at the receiver’s end. The parameter estimation is made in the
frequency domain [10,11]. AAC with Spectral Band Replication (SBR) and parametric stereo is defined
as High-Efficiency Advanced Audio Coding version 2 (HE-AACv2). On the basis of several stereo
algorithms mentioned above, other improved algorithms have been proposed [12], which causes Max
Coherent Rotation (MCR) to enhance the correlation between the left channel and the right channel,
and uses MCR angle to substitute the spatial parameters. This kind of method with MCR reduces the
bitrate of spatial parameters and increases the performance of some spatial audio coding, but has not
been widely used.

Audio codec usually uses subspace-based methods such as Discrete Cosine Transform (DCT) [13],
Fast Fourier Transform (FFT) [14], and Wavelet Transform [15] to transfer audio signal from time
domain to frequency domain in suitably windowed time frames. Modified Discrete Cosine Transform
(MDCT) is a lapped transform based on the type-IV Discrete Cosine Transform (DCT-IV), with the
additional property of being lapped. Compared to other Fourier-related transforms, it has half as
many outputs as inputs, and it has been widely used in audio coding. These transforms are general
transformations; therefore, the energy aggregation can be further enhanced through an additional
transformation like PCA [16,17], which is one of the optimal orthogonal transformations based on
statistical properties. The orthogonal transformation can be understood as a coordinate one. That is,
fewer new bases can be selected to construct a low dimensional space to describe the data in the
original high dimensional space by PCA, which means the compressibility is higher. Some work was
done on the audio coding method combined with PCA from different views. Paper [18] proposed a
novel method to match different subbands of the left channel and the right channel based on PCA,
through which the redundancy of two channels can be reduced further. Paper [19] mainly focused
on the multichannel procession and the application of PCA in the subband, and it discussed several
details of PCA, such as the energy of each eigenvector and the signal waveform after PCA. This paper
introduced the rotation angle with Karhunen-Loeve Transform (KLT) instead of the rotation matrix
and the reduced-dimensional matrix compared to our paper. The paper [20] mainly focused on the
localization of multichannel based on PCA, with which the original audio is separated into primary
and ambient components. Then, these different components are used to analyze spatial perception,
respectively, in order to improve the robustness of multichannel audio coding.

In this paper, a multi-frame, PCA-based coding method for audio compression is proposed,
which makes use of the properties of the orthogonal transformation and explores the feasibility of
increasing the compression rate further after time-frequency transition. Compared to the previous
work, this paper proposes a different method of applying PCA in audio coding. The main contributions
of this paper include a new matrix construction method, a matrix quantization method based on PVQ,
a combination method of PCA and parametric stereo, and a multi frame technique combined with
PCA. In this method, the encoders transfer the matrices generated by PCA instead of the coefficients of
the frequency spectrum. The proposed PCA-based coding method can hold both a mono signal and
a stereo signal combined with parametric stereo. With the application of the multi-frame technique,
the bitrate can be further reduced with a small impact on quality. To reduce the bitrate of the matrices,
a method of matrix quantization based on PVQ [21] is put forward in this paper.

The rest of the paper is organized as follows: Section 2 describes the multi-frame, PCA-based
coding method for mono signals. Section 3 presents the proposed design of the matrix quantization.
In Section 4, the PCA-based coding method for the mono signal is extended to stereo signals combined
with improved parametric stereo. The experimental results, discussion, and conclusion are presented
in Sections 5-7, respectively.
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2. Multi-Frame PCA-Based Coding Method

2.1. Framework of PCA-Based Coding Method

The encoding process can be described as follows: after time-frequency transformation such as
MDCT, the frequency coefficients are used in the module of PCA, which includes the multi-frame
technique. Several matrices are generated after PCA is quantized and encoded to bitstream.
The decoder is the mirror image of the encoder, after decoding and de-quantizing, matrices are
used to generate frequency domain signals by inverse PCA (iPCA). Finally, after frequency-time
transformation, the encoder can export audio. Flowcharts of encoder and decoder for mono signals
are shown in Figures 1 and 2. The part of MDCT is used to concentrate energy of signal on low
band in frequency domain, which is good for the process of matrix construction (details are shown in
Section 2.4). Some informal listening experiments have been carried out on the performance applying
PCA without MDCT. The experimental results show that without MDCT, the performance of PCA has
slight reduction, which means more bits are needed by the scheme without MDCT in order to achieve
the same output quality of the scheme with MDCT. Thus, in this paper MDCT is assumed to enhance
the performance of the PCA, although it will bring more computational complexity.

Multi-frame PCA

TF
transformation

Quantization

—» Bitstream
and encode

Input signal —»

4

Figure 1. Flowchart of mono encoder. (TF, Time-to-Frequency; PCA, Principle Component Analysis).

iPCA [ FT sl output
transformation

Decode and

Bitstream .
dequantization

Figure 2. Flowchart of mono decoder. (iPCA, inverse Principle Component Analysis; FT,
Frequency-to-Time).

2.2. Principle of PCA

The PCA’s mathematical principle is as follows: after coordinate transformation, the original
high-dimensional samples with certain relevance can be transferred to a new set of low-dimensional
samples that are unrelated to each other. These new samples carry most information of the original
data and can replace the original samples for follow-up analysis.

There are several criteria for choosing new samples or selecting new bases in PCA. The typical
method is to use the variance of new sample F; (i.e., the variance of the original sample mapping on
the new coordinates). The larger Var (Fi) is, the more information Fi contains. So, the first principal
component should have the largest variance F;. If the first principal component F; is not qualified
to replace the original sample, then the second principal component F, should be considered. F; is
the principal component with the largest variance except F1, and F; is uncorrelated to Fy, that is,
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Cov(F, F,) = 0. This means that the base of F; and the base of F, are orthogonal to each other, which
can reduce the data redundancy between new samples (or principal components) effectively. The third,
fourth, and p-th principal component can be constructed similarly. The variance of these principal
components is in descending order, and the corresponding base in new space is uncorrelated to other
new base. If there are m n-dimensional data, the procession of PCA is shown in Table 1.

Table 1. PCA ALGORITHM.

Algorithm: PCA (Principle Component Analysis)

(i) Obtain matrix by columns: X[ m on)

(ii) Zero-mean columns in X, (m n) to get matrix X

(iii) Calculate C = LXTX

(iv) Calculate eigenvalues A1, Ay, A3 ... A, and eigenvectors aq,a,a3 ... a, of C
(v) Use eigenvector to construct P[ non) according to the eigenvalue

(vi) Select the first k columns of P[ non

(vii) Complete dimensionality reduction by Y,

to construct the rotation matrix P[ n ok

x P

tm k=X m o) ek

The contribution rate of the principal component reflects the proportion that each principal
component accounts for the total amount of data after coordinate transformation, which can effectively
solve the problem of dimension selection after dimensionality reduction. In PCA application,
people often use the cumulative contribution rate as the basis for principal components selection.
The cumulative contribution rate M, of the first k principal components is

Z?:] Ai
):?:1 Ai
If the contribution rate of the first k principal components meets the specific requirements (the
contribution rates are different according to different requirements), the first k principal components
can be used to describe the original data to achieve the purpose of dimensionality reduction.
PCA is a good transformation due to its properties, as follows:

My — M

(i) Each new base is orthogonal to the other new base;
(i) Mean squared error of the data is the minimum after transformation;
(iii) Energy is more concentrated and more convenient for data processing.

It is worthwhile noting that PCA does not simply delete the data of little importance.
After PCA transformation, the dimension-reduced data can be transformed to restore most of the
high-dimensional original data, which is a good character for data compression. In this paper, as is
shown in Figure 3, the spectrum coefficients of the input signal are divided into multiple samples
according to specific rules; then, these samples will be constructed to the original matrix X. After the
principal component analysis, matrix X is decomposed into reduced-dimensional matrix Y and
rotation matrix P; the process of calculating matrix Y and P is shown in Table 1. The matrix Y and P
are transmitted to the decoder after quantization and coding. In decoder, the original matrix can be
restored by multiplying reduced-dimensional matrix and transposed rotation matrix. There is some
data loss during dimension reduction, but the loss is much less, so we can ignore it. For example,
we can recover 99.97% information through a 6-dimension matrix, when the autocorrelation matrix
has the 15th dimension. Ideally the original matrix X can be restored by reduced-dimensional matrix Y
and rotation matrix P with

X =~ Xrestore = Y x Pt 2

in which Xyestore is the matrix restored in decoder and PT is the transposition rank of matrix P.
Then, Xjestore is reconstructed to spectral coefficients.
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Figure 3. Scheme of PCA-based coding method. (PCA, Principle Component Analysis).

2.3. Format of Each Matrix

In encoder, when the sampling rate is 48 kHz, the frame has 240 spectral coefficients after MDCT
(in this paper, the MDCT frame size is 5 ms with 50% overlap). There are many forms of matrices like 6
x 40,12 x 20,20 x 12, and so on; each format of matrix brings different compression rates. In a simple
test, several formats of original matrix were constructed. Then, a subjective test was devised using
those different dimensional rotation matrices. 10 listeners recorded the number of dimensions when
the restored audio had acceptable quality. Then, the compression rate was calculated by the number of
dimensions. As is shown in Figure 4, the matrix has the largest compression rate when it has 16 rows.
So, the matrix X (16 15 with 16 rows and 15 columns is selected for transient frame in this paper.

That means a 240-coefficient-long frequency domain signal is divided into 16 samples, each sample
having 15 dimensions.

0.6

0.5

0.4

0.3

0.2

compression rate

0.1

Row of matrix X

Figure 4. Compression rate for different format of matrix.

2.4. Way of Matrix Construction

An appropriate way to obtain the 16 samples from frequency domain coefficients is necessary.
This paper proposes one method as follows: suppose the coefficients of one frame in frequency domain
are a;,ay...day. a1 is filled in the first column and the first row X[ 117 ay is filled in the first

column and the second row X (2 1y and a4 is filled in the first column and the 16th row X

Then, ay7 is filled in the first row and second column X

[16 17T

(1 27 ayg is filled in the second row and

second column X (2 2y and so on, until all the coefficients have been filled in the original matrix

X[ 16 15 ];thatls,
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ai, -+ 4axps
X[ 16 15 ] = 3)
a1, - 240

This method has two obvious advantages, which can be find in Figure 5:
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|
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\

column

Figure 5. Example for matrix construction (“value” means the value of cells in original matrix, “column”
means the column of original matrix, and “row” means the row of original matrix).

(i) This method takes advantage of the short-time stationary characteristic of signals in the
frequency domain. Therefore, the difference between different rows in the same column of the matrix
constructed by this sampling method is small. In other words, the difference between the same
dimensions of different samples in the matrix is small, and different dimensions have similar linear
relationships, which is very conducive to dimensionality reduction.

(ii) This method allows signal energy to gather still in the low-dimensional region of the new space.
The energy of the frequency domain signal is concentrated in the low frequency region; after PCA,
the advanced column of reduced-dimensional matrix still has the most signal energy. Thus, after
dimensionality reduction, we can still focus on the low-dimensional region.

2.5. Multi-Frame Joint PCA

In the experiment, a phenomenon was observed that the rotation matrices of adjacent frames are
greatly similar. Therefore, it is possible to do joint PCA with multiple frames to generate one rotation
matrix, that is, multiple frames use the same rotation matrix. Therefore, the codec can transmit fewer
rotation matrices, and bitrate can be reduced.

Below is one way to do joint PCA with least error. First, frequency domain coefficients of

n sub-frames are constructed as n original matrices Xl[ 16 15V Xz[ 16 15 ].‘.X,,[ 16 15|

respectively; then, the original matrices of each sub-frame are used to form one original matrix
X (16n 15 | This matrix is used to obtain one rotation matrix and n reduced-dimensional matrices.

If too many matrices are analyzed at the same time, the codec delay will be high, which is
unbearable for real-time communication. Besides, the average quality of restored audio signal decreases
with the increase in the number of frames. Therefore, the need to reduce bitrate and real-time
communication should be comprehensively considered. A subjective listening test was designed
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to find the relationship between the number of frames and the quality of restored signal. 10 audio
materials from European Broadcasting Union (EBU) test materials were coded with multi-frame PCA
with different numbers of frames. The Mean Opinion Score (MOS) [22] of the restored music was
recorded by 10 listeners. The statistical results are shown in Figure 6.

5-- —k— multi frame H
! , —A— one frame
481 i Lo e ==
P deoooo R P ¥ RS VR i
[ | | | | |
(] | | | | |
= 44 { Foe I S U 1
R e e NS
4b-o- R oo e P A Y-
2 4 6 8 10 12 14

Number of frame

Figure 6. Subjective test results for different number of frames.

As is shown in Figure 6, when the number of frames is less than 6 or 8, the decrease of audio
quality is not obvious. A suitable number of frames is then subjected to joint PCA. Taken together,
when 8 sub-frames are analyzed at the same time, the bitrate and the delay of encoder is acceptable,
that is, for every 40 ms signal, 8 sub-frame reduced-dimensional (Rd) matrices and one rotation matrix
are transferred. Main functions of the mono encoder and decoder combined with multi-frame joint
PCA are shown in Figures 7 and 8. In encoder, 40 ms signal is used to produce 8 Rd matrices and 1
rotation matrix. In decoder, after receiving 8 Rd matrices and 1 rotation matrix, 8 frames are restored
to generate 40 ms signal.

Frequency
domain
signal

PCA

v

Quantization
and encode

Figure 7. Multi-frame in encoder. (PCA, Principle Component Analysis; Rd, reduced-dimensional).
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Figure 8. Multi-frame in decoder. (iPCA, inverse Principle Component Analysis; Rd,
reduced-dimensional).

3. Quantization Design Based On PVQ

According to the properties of matrix multiplication, if the error of one point in matrix Y or P is
large, the restored signal may have a large error. Therefore, uniform quantization cannot limit the error
of every point in the matrix in the acceptable range with bitrate limitation. So, it is necessary to set a
series of new quantization rules based on the properties of the dimensionality matrix and the rotation
matrix. It is assumed that the audio signal obeys the distribution of Laplace [23], and both PCA and
MDCT in the paper are orthogonal transformations. Thus, the distribution of matrix coefficients is
maintained in Laplace distribution. Meanwhile, we have observed the values in reduced-dimensional
matrix and rotation matrix. It is shown that most values of cells in matrix are close to 0, and the bigger
the absolute value, the smaller the probability is. Based on the above two statements, the distribution of
coefficients in reduced-dimensional matrix and rotation matrix can be regarded as Laplace distribution.
Lattice vector quantization (LVQ) is widely used in the codec because of its low computational
complexity. PVQ is one method of LVQ that is suitable for Laplace distribution. Thus, this section
presents a design of quantization for reduced-dimensional matrix and rotation matrix combined
with PVQ.

3.1. Quantization Design of the Reduced-Dimensional Matrix

In the reduced-dimensional matrix, the first column is the first principal component, the second
column is the second principal component, etc. According to the property of PCA, the first principal
component has the most important information of the original signal, and information carried by
other principal components becomes less and less important. In fact, more than 95% of the original
signal energy, which can be also called information, is restored only by the first principal component.
That means if the quantization error of the first principal component is large, compared with the
original signal, the restored signal also has a large error. Therefore, the first principal component needs
to be allocated more bits, and the bits for other principal components should be sequentially reduced.
For some kinds of audio, 4 principal components are enough to obtain acceptable quality, while for
other kinds of audio 5 principal components may be needed. We choose 6 principal components,
because they can satisfy almost all kinds of audio. In fact, the fifth and sixth principal components
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play a small role in the restored spectral; therefore, little quantization accuracy is needed for the last
two principal components.

Based on the above conclusion, the reduced dimensional matrix can be divided into certain
regions, as is shown in Figure 9. Different regions have different bit allocations: the darker color means
more bits needed.

0~ O h b W M -

Row

more bits > less bits

Figure 9. Bits allocation for reduced-dimensional matrix (darker color means more bits needed).

A PVQ quantizer was used to quantify the distribution of different bits in each principal
component of the reduced-dimensional matrix. Several subjective listening tests have been carried out,
and the bits assignments policy is determined according to the quality of the restored audio under
different bit assignments. Finally, the bits that need to be allocated for each principal component
are determined. Table 2 gives the number of bits required for each principal component of non-zero
reduced-dimensional matrix under the PVQ quantizer.

Table 2. Quantization bit for reduced-dimensional matrix.

Principal Component Bits Needed (bit/per Point)
First principal component 3
Second principal component 3
Third principal component 2.5
Fourth principal component 1.5
Fifth principal component 0.45
Sixth principal component 0.45

3.2. Quantization Design of the Rotation Matrix

According to Y = XP in encoder and Xjestore = YPT in decoder, some properties of the rotation
matrix can be found:

(i)  The higher row in matrix P is used to restore the region of higher frequencies in the restored signal.
(i) The first column in matrix P corresponds to the first principal component in the
reduced-dimensional matrix. That means that the first column of the rotation matrix only
multiplies with the first column (first principal component) of the reduced-dimensional matrix
when calculating the restored signal in the decoder. The second column of the rotation matrix only
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multiplies with the second column (second principal component) of the reduced-dimensional
matrix, and so on. According to the above properties of the rotation matrix, the quantization
distribution of the rotation matrix has been made clearer, that is, the larger the row number is,
and the larger the column number is, the fewer allocation bits there are.

In addition to the above two properties of the rotation matrix, there is another important property.

Generally, the data in the first four rows around the diagonal are bigger than others. The thinking
of this characteristic in this paper is as follows: common audio focuses more energy on low-band
in frequency domain, and the method of matrix construction described in Section 2.4 can keep the
coefficients of low-band stay in low-column. Thus, the first diagonal value that is calculated from
the first column must be the largest one of overall values in rotation matrix or autocorrelation matrix.
The second diagonal value could quite possibly be the second-largest value, and so on. That means
these data are more important for decoder, so the quantization accuracy of these regions with larger
absolute values can determine the error between the restored signal and the original signal. Therefore,
the data around the diagonal need to be allocated with more bits. Figure 10 shows the “average value”
rotation matrix of a piece of audio as an example to show this property more clearly.

0]

(i)

(iif)

value

column

Figure 10. An example rotation matrix (“value” means the average value of cells in rotation matrices,
“column” means the column of rotation matrix, and “row” means the row of rotation matrix).

The rotation matrix also has the following quantization criterion:

The first column of the rotation matrix needs to be precisely quantized, because the first principal
component of the reduced-dimensional signal is only multiplied by the first column of P in
decoder to restore signal.

Data in columns 2-6 in row 1 have little effect on the restored signal, so that few bits can be
allocated for this region.

The higher row in matrix P is used to restore the region of higher frequencies in the restored
signal. The data in lines 13, 14, and 15 correspond to the frequency that exceeds the range of
frequencies perceptible to the human ear, so these data do not need to be quantized.

According to the above quantization criteria, the rotation matrix that is divided into the following

regions according to bit allocation is shown in Figure 11. The darker the color is, the more bits should
be allocated.
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Figure 11. Bit allocation for rotation matrix (darker color means more bits needed; white color means
no bits).

The same test method as the one for reduced-dimensional matrix was used to determine the
number of bits needed in each region in rotation matrix.

In Table 3, the first region corresponds to the region with the darkest color in Figure 11; the second
corresponds to the area with the second-darkest color, and so on. The white color means there are no
bits allocated to that area.

Table 3. Quantization bits for rotation matrix.

Region Bits Needed (bit/per Point)
The first region 4
The second region 3
The third region 2
The fourth region 2
The fifth region 0.5
The sixth region 0.5
The seventh region 0

3.3. Design of the Low-Pass Filter

The noise generated from quantization and matrix calculation is white noise. There are two ways
to reduce it. The first way is introducing noise shaping to make noise more comfortable for human
hearing, and the second way is introducing a filter in decoder.

For most signals, the energy concentrates on low frequency domain, therefore the noise in low
frequency domain does not sound obvious because of simultaneous masking. While in the high
frequency part, if the original signal does not have high frequency components, the noise signal will
not be masked and can be heard. So, a low-pass filter can be set to mask the high frequency noise
signal, without affecting the original signal. The key point of the filter design is to determine the
cut-off frequency.
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ar ... a5

Given the original matrix X , there are 15 subbands in

[16 15 ]

Me --- 240
X, in which the first subband is the first row, the second subband is the second row, and so

on. WhenC = %XTX is calculated in PCA, the first value e; on the diagonal line e, e;...e15 is
calculated by

er= ((a1 —a) x (ay —a) + (s — @) * (a2 — @) + ... (a1 — @) * (a1 — 7)) /16
= (0> +a? + ... mg> + 167> —2a(ay +az + ... a16)) /16 (4)
= (21> + ax® + ... a16> — 16a2) /16

in which a12 + a2 + ... 142 is equal to the energy of the first subband E;, and 7 is the average value of
the first subband. Therefore, the relationship between E; and ey is

E; = 16(e; + @) (5)

Actually, the value of @ is far less than e;, so Ej is equal to 16e;, and the relationships between
Ey...Ejsand e; ... eq5 can be gotten by analogy. Therefore, through PCA, the energy of each subband
is calculated, and the filter can be determined by the energy of each band. Considering the proportion
of energy accumulation, Ay is

_ E;'(:] €i
2,121 e
According to some experiments, when Ay = 99.6%, k is the proper cut-off band. When the signal
passes through the filter, the noise signal will be filtered out, and the signal itself will not be too
much damaged.
Considering the frequency characteristics of the audio signal, the stop band setting is not low,
and the signal with more than 20,000 Hz is often ignored by default, so each band of the above 15
bands will not be transmitted. Taken together, ey, e;, €3, €12, €13, €14, €15 will not be transmitted, and the
index of the left 8 bands are quantized by 3 bits, so the bitrate for cut-off band is 75 bps.

Ay ©)

4. PCA-Based Parametric Stereo

The stereo coding method proposed in this paper, as the extension of mono coding method
mentioned before, is shown in Figures 12 and 13. The encoder and decoder for stereo audio use
the same module of PCA and quantization as mono audio. The differences between mono coding
and stereo coding are elaborated in the following sections. In encoder, the two channels” signal
carries out MDCT and the two channels’ coefficients gather to generate an original matrix to do PCA;
then, an improved parametric stereo module is used to downmix and calculate parameters of the
high-band. Finally, a module based on PVQ is used for quantizing coefficients of matrix, and so on.
In decoder, coefficients of mid downmix matrix and rotation matrix are used to generate mid channel;
then, spatial parameters and other information are introduced to restore stereo signals. After inverse
MDCT (iMDCT) and filtering, the signal can be regarded as the output signal.
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Figure 12. Flowchart of stereo encoder. (MDCT, Modified Discrete Cosine Transform; PCA,
Principle Component Analysis; IC, Interaural Coherence; ILD, Interaural Level Difference).
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Figure 13. Flowchart of stereo decoder. (MDCT, Modified Discrete Cosine Transform; iPCA,
inverse Principle Component Analysis; IC, Interaural Coherence; ILD, Interaural Level Difference).

4.1. Procession of Stereo Signal

Since the signals in two channels of the stereo tend to have high correlation. The signal of the left
and right channels can be constructed into one original matrix. Firstly, the coefficients from left channel
and right channel construct original matrices X, ,; and Xj;, , respectively. Then, matrices X, -

X [m n]

r[m n)

rotation matrix P, ;) by PCA, and P}, j can handle both left and right channel signals. That is,

and X, ;) are used to form a new matrix X, in which = . Matrix X is used to obtain one

Yipm k) = Xijm n] X Pl kg @)
Yr[m K = Xr[m n] X P[n K] ®)

If the first six principal components are preserved, most mono audio signals can be well
restored. At this time, we keep the first six bases in principal component matrix and obtain rotation

matrix P[ 15 67 The reduced-dimensional matrices of each sub-frame are Y156, Y156, - - -, Yg[156)-

Experiments were done to verify the design for stereo signals: 10 normal audio files and 5 artificial
synthesized audio files (the left channel and right channel have less correlation) were chosen as the
test materials. Results of the subjective listening experiments are shown in Figures 14 and 15. We can
consider that for most stereo signals, in which two channels have high relevance with each other, the
proposed method for stereo signals perform as well as for mono signals.
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Figure 14. Subjective MOS of high-relation stereo signal. (MOS, Mean Opinion Score).
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Figure 15. Subjective MOS of low-relation stereo signal.

4.2. Parameters in Parametric Stereo

In parametric stereo, Interaural Level Difference (ILD), Interaural Time Difference (ITD),
and Interaural Coherence (IC) are used to describe the difference between two channels’ signals.
In MDCT domain, the above parameters in subband b are calculated by:

Ap—1
o Xi(k)X; (k)
ILD[b] = 10l0g1g b=t~ )
e X (X (K)
IC[b] = R(Xpy(K), Xy (k) = 1ot ®): X (K)) (10)

[ Xun (0) ][ Xy (K)

While in MDCT domain, calculating ITD must introduce Modified Discrete Sine Transform
(MDST) to calculate Interaural Phase Difference (IPD) instead of ITD, in which MDST is:

Nl . [2r 1 N 1 N
Y(k) = ’E)x(n)w(n)sm{ﬁ<n+§+z> <k+ 5)}’ kzO,l,Z...,Efl (11)
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in which Y (k) is the spectrum coefficients, x(n) is the input signal in time domain, and w(#) is the
window function. Then, a new transform MDFT is introduced, Z (k) = X(k) + jY (k), in which X (k) is
the MDCT spectral coefficients, Y (k) is the MDST spectral coefficients, and IPD can be calculated by

IPD[b] = 4( Af Z(k) Zr*(k)) (12)

k=Ap_1

Traditional decoder uses these parameters and a downmix signal to restore left channel’s signal

and right channel’s signal. Compared with formula (4, 9, 10), when the method described in Section 4.1
Ap—1 Ap—1
is used to deal with stereo signals, Y. X;(k)X;(k)and Y, X,(k)X;(k) can be calculated in the
k=Ap_y k=Ap_4
processing of PCA; therefore, parametric stereo and PCA have high associativity. After PCA, we
can get ILD and IC only by calculating (X (k), X;,(k)). In addition, we also need to calculate IPD
by Formula (12); however, introducing MDST will bring computational complexity, and ITD or IPD
mainly works on signals below 1.6 kHz that play smaller roles in high frequency domain. Thus, some
improvements can be made to the parametric stereo according to the nature of the PCA.

4.3. PCA-Based Parametric Stereo

ap ... 425
Given that the original matrix is X = : .. ¢ |, and the rotation matrix is P =
a6 -.. A240
P1 ... P76 b] oo b49
: , the reduced-dimensional matrix is Y = XP = .. i |. For the
P15 .- Poo big ... bes
coefficients in the reduced-dimensional matrix Y,
by = a1p1 +a17p2 + .. axnspis (13)
by = axp1 +aigp2 + .. . ax6p1s (14)
big = a16p1 + aszp2 + . . . A240p15 (15)

The first column is only related to the first column of P (the first base). As Figure 9 shows, main
energy of the first base in the rotation matrix is entirely concentrated on the data in the first column of
the first row. Therefore, the matrix Y can be approximated as

by =a1p1 (16)
by = axpy 17)
bis = a16p1 (18)

While p; in the matrix P is approximately equal to 1. Therefore the first column in the matrix Y is
equal to the first column originally in matrix X. When the sampling rate is 48 kHz, the first column
in X indicates the coefficients from 0 to 1.6 kHz, which means that when calculating the restored
signal, the points below 1.6 kHz in the frequency domain happen to be the first principal component.
So, the first principal component can be used to restore signals below 1.6 kHz in frequency domain
instead of introducing MDST and estimating binaural cues. In decoder, the spectrum of the left and
right channels above 1.6 kHz can be restored according to the downmix reduced-dimensional matrix,
rotation matrix, and spatial parameters. The spectrum of the left and right channels below 1.6 kHz can
be restored according to the first principal component and the downmix reduced-dimensional matrix.
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4.4. Subbands and Bitrate

The spectrums of signal are divided into several segments based on Equivalent Rectangular Bands
(ERB) model. The subbands are shown in Table 4.

Table 4. Subband division.

index 0 1 2 3 4 5 6 7
start 0 100 200 300 400 510 630 760
index 8 9 10 11 12 13 14 15
start 900 1040 1200 1380 1600 1860 2160 2560
index 16 17 18 19 20 21 22 23
start 3040 3680 4400 5300 6400 7700 9500 12,000
index 24 25

start 15,500 19,880

The quantization of space parameters uses ordinary vector quantization. The codebook with
different parameters is designed based on the sensitivity of the human ear and the range of the
parameter fluctuation of the experimental corpus. The codebooks of ILD and IC are shown in Tables 5
and 6, respectively.

Table 5. Codebook for ILD. (ILD, Interaural Level Difference).

index 0 1 2 3 4 5 6 7
ILD -20 -15 -11 -8 -5 -3 -1 0
index 8 9 10 11 12 13 14 15
ILD 1 3 5 8 11 13 15 20

Table 6. Codebook for IC. (IC, Interaural Coherence).

index 0 1 2 3 4 5 6 7
1C 1 0.94 0.84 0.6 0.36 0 —0.56 -1

According to the above codebooks, the ILD parameters of each subband are quantized using
4 bits, and the IC parameters of each subband are quantized using 3 bits. According to the above
sub-band division, the number of sub-bands higher than 1.6 kHz accounts for half of the total number
of sub-bands in the whole frequency domain, which is 13, so the number of bits needed for each
frame’s spatial parameter is 13 x 7 = 91. For frequencies above 1.6 kHz, the rate of quantitative
parameters is about 4.5 kbps. In the frequency domain less than 1.6 kHz, the first principal component
is used to describe the signal directly. The rate of transmission of the first principal component is
around 10 kbps, so the parameter rate of PCA-based parametric stereo is around 15 kbps. In traditional
parametric stereo [24], IPD of each subband is quantized by 3 bits, so the parameter rate of the
traditional parameter stereo is about (4 + 3 + 3 + 3) x 25 x 50 = 16.25 kbps. Therefore, compared with
traditional parametric stereo, the rate of PCA-based parametric stereo is slightly reduced.

Figure 16 shows the results of a 0-1 test for spatial sense. In this test, 12 stereo music from EBU
test materials is chosen. Score 0 means the sound localization is stable, and score 1 means there are
some unstable sound localization in test materials. The ratio in Figure 16 is calculated from the times
of unstable localization, and lower ratio means better performance in the quality of spatial sense.
Experiments show that compared with the traditional parametric stereo encoding method, the spatial
sense of the audio source has been obviously improved through the PCA-based parametric stereo.
Through the use of PCA, almost half of the amount of parameter estimation can be reduced, while the
computational complexity still rises because of the increasing complexity of PCA.
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Figure 16. Test results for spatial sense.

5. Test and Results

The method proposed in this paper performs significantly better with stereo signals compared
to mono signals. Thus, this section only presents the results for stereo signals. In order to verify
the encoding and decoding performance of the PCA-based stereo coding method, some optimized
modules such as DTX, noise shaping, and other efficient coding tools in the codec were not used
in testing

5.1. Design of Test Based on MUSHRA
The key points of the MUSHRA [25] test are as follows:

5.1.1. Test Material

(i) Several typical EBU test sequences were selected: piano, trombone, percussion, vocals, song of
rock, multi sound source background and mixed voice, and so on.

(ii) Contrast test objects: PCA-based codec signal that transmits two channels separately,
PCA-based codec signal with traditional parametric stereo, PCA-based codec signal with improved
parametric stereo, G719 codec signal with traditional parametric stereo [24], HE-AACv2 codec signal,
anchor signal, and original signal. In the algorithm proposed in this paper, the relationship between
the quality of the restored signal and bitrate is not linear, as Figure 17 shows, which uses a simple
subjective test with different bitrate allocation; therefore, the test chooses a case in which the qualities
of restored signal and bitrate are both acceptable.

5

MOs

Total bitrate

Figure 17. Relationship between quality and bitrate.
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The bits allocations of each module in PCA-based codec for stereo signal are shown in Table 7.

Table 7. Bitrate allocation in encoder.

Module Bitrate
Reduced-dimensional matrix 35 kbps
Rotation matrix 5 kbps

First principal component 10 kbps
Spatial parameters and side information 5 kbps

(iii) In order to eliminate psychological effects, the order and the name of each test material in
each group are random. The listener needs to select the original signal from the test signals and score
100 points, and the rest of the signals are scored by 0-100 according to overall quality, including sound
quality and the spatial reduction degree.

5.1.2. Listeners

10 people with certain listening experiences were selected for the listening test, of which 5 were
male, 5 were female, and each listener has normal hearing.

5.1.3. Auditory Environment

All 10 listeners use headphones connected to a laptop in quiet environments.

5.2. Test Results

After the test is finished, we calculated average value and the 95% confidence interval based
on the listeners’ scores. The average confidence interval of each test codec is [77.2, 87.0], [74.4, 84.2],
[70.5, 80.7], [65.8, 76.6], [56.1, 66.9], and [78.6, 86.2]. After removing three outlier data (data beyond
confidence interval), the test results of MUSHRA are shown in Figures 18 and 19.

100 100.0

90

82.1 79.8 _ 82.4
80
712
7 i
0

PCA_2 PCA_PS+ PCA_PS G.719 anchor HE-AACv2 reference

MUSHRA SCORE
[ R T N T -
©o © © © © ©o o

Figure 18. Results of MUSHRA test. (PCA_2 represents the PCA-based codec signal that is transmitted
over two channels separately (75 kbps), PCA_PS+ represents PCA-based codec signal with improved
parametric stereo (55 kbps), PCA_PS represents PCA-based codec signal with traditional parametric
stereo (56 kbps), G.719 represents G.719 codec signal with traditional parametric stereo (56 kbps),
anchor represents anchor signal, HE_AACvV2 represents HE-AACv2 signal (55 kbps), and reference
represents hidden reference signal).
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Figure 19. MUSHRA score of per item test. (PCA_2 represents the PCA-based codec signal that is
transmitted over two channels separately (75 kbps), PCA_PS+ represents PCA-based codec signal with
improved parametric stereo (55 kbps), PCA_PS represents PCA-based codec signal with traditional
parametric stereo (56 kbps), G.719 represents G.719 codec signal with traditional parametric stereo
(56 kbps), anchor represents anchor signal; HE-AACvV2 represents HE-AACv2 signal (55 kbps), and
hidden reference material has been removed. 1-6 represents different test materials).

Compared with traditional parametric stereo, the PCA-based parametric stereo has less bitrate,
higher quality, and better spatial sense. Compared with G719 with traditional parametric stereo
with the same bitrate, PCA-based codec signal has better quality. Compared with HE-AACv2 signal,
the average score of the PCA-based parametric stereo is slightly less than HE-AACv2. HE-AACv2
is a mature codec that uses several techniques to improve the quality, including Quadrature Mirror
Filter (QMF), Spectral Band Replication (SBR), noise shaping and so on. The complexity of PCA is
less than the part of the 32-band QMF in HE-AACv2. Considering the high complexity and maturity
of HE-AACV2, the test results are optimistic. Conclusions can be drawn that the PCA-based codec
method possesses good performance, especially for stereo signal in which the audio quality and spatial
sense can be recovered well.

5.3. Complexity Analysis

The module of principal component analysis can be regarded as a part of the singular value
decomposition (SVD): the calculate procession of the right singular matrix and the singular value of
(m ny therefore the algorithm complexity of principal component analysis module

is O(n"3). According to the properties of SVD, when n < m, the computation complexity of the right
singular matrix is half of the computation complexity of SVD for X (m np Therefore, the algorithm

complexity and delay of PCA are far less than those of SVD. In the Intel i5-5200U processor, 4 GB
memory, 2.2 GHz work memory, it takes 20 ms to finish one part of PCA. Given the time reduction of
parametric stereo, the delay of PCA-based codec algorithm is in the acceptable range. In the part of
multi-frame joint PCA, the forming of the original matrix takes 40 ms. When the first frame finishes
MDCT, the process of forming original matrix will begin. Besides, the thread of PCA is different from
matrix construction, and MDCT windowing also belongs to the calculating thread. Suppose the time
for MDCT of first frame is t1; the whole delay can be regarded as around 40 + t; ms, which is around
50 ms. The delay of the algorithm proposed in this paper still has space to be improved, and we can

original matrix X

429



Appl. Sci. 2018, 8, 967

make the balance of delay and bitrate better by adjusting the number of multi frames using a more
intelligent strategy in the future.

6. Discussion

This paper just presents a preliminary algorithm. There is still much space for improvement in
real applications. One question worth further study is how to eliminate the noise. In the experiment,
when the number of bits or the number of principal components is too small, the noise spectrum
has special nature, as Figures 20-22 show. Signal in Figure 20 is restored by three components;
compared with signal in Figures 21 and 22, the spectrum of noise in high-frequency domain has
obvious repeatability, which occurs once every 1.6 kHz. Therefore, low pass filter mentioned in
Section 3.3 is not the best way to get rid of this noise: the damage of original signal is unavoidable.
Ideally, an adaptive notch filter can filter the spectrum of noise clearly and not damage original signal.
However, the design of such an adaptive notch filter needs to be studied more in the future.

Figure 20. The spectrogram of the signal restored by three components.

Figure 21. The spectrogram of the signal restored by four components.
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Figure 22. The spectrogram of the signal restored by five components.

7. Conclusions

The framework of proposed multi-frame PCA-based audio coding method has several differences
compared to other codecs; therefore, there are lots of barriers to the design of an optimal algorithm.
This paper proposed several ways to remove those barriers. For mono signal, the design of PCA-based
coding method in this paper, including multi-frame signal processing, matrix design, and quantization
design can hold it efficiently. As to stereo signal, PCA has high associativity with parametric stereo,
which makes PCA-based parametric stereo certainly feasible and significant. Experimental results
show satisfactory performance of the multi-frame PCA-based stereo audio coding method compared
with the traditional audio codec.

In summary, research on the multi-frame PCA-based codec, both for mono and stereo, has certain
significance and needs further improvement. This kind of stereo audio coding method has good
performance in processing different kinds of audio signals, but further studies are still needed before it
can be widely applied.
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Abstract: High intensity focused ultrasound (HIFU) has been proven to be promising in non-invasive
therapies, in which precise prediction of the focused ultrasound field is crucial for its accurate and
safe application. Although the Khokhlov-Zabolotskaya-Kuznetsov (KZK) equation has been widely
used in the calculation of the nonlinear acoustic field of HIFU, some deviations still exist when it
comes to dispersive medium. This problem also exists as an obstacle to the Westervelt model and the
Spherical Beam Equation. Considering that the KZK equation is the most prevalent model in HIFU
applications due to its accurate and simple simulation algorithms, there is an urgent need to improve
its performance in dispersive medium. In this work, a modified KZK (mKZK) equation derived
from a fractional order derivative is proposed to calculate the nonlinear acoustic field in a dispersive
medium. By correcting the power index in the attenuation term, this model is capable of providing
improved prediction accuracy, especially in the axial position of the focal area. Simulation results
using the obtained model were further compared with the experimental results from a gel phantom.
Good agreements were found, indicating the applicability of the proposed model. The findings of
this work will be helpful in making more accurate treatment plans for HIFU therapies, as well as
facilitating the application of ultrasound in acoustic hyperthermia therapy.

Keywords: KZK equation; fractional order derivative; ultrasound hyperthermia; HIFU; acoustic
simulation; Kramers—Kronig relation

1. Introduction

Although pioneering clinical studies of focused ultrasound were carried out as early as the
1940s [1,2], it did not attract intensive research interest until the end of the 20th century and the
beginning of 21st century, during which several theoretical models were developed, improved and
then broadly accepted [3-9]. In the past decades, high intensity focused ultrasound (HIFU) has
played an increasingly significant role in the study of non-invasive therapies by demonstrating unique
advantages in safety, effectiveness and high efficiency [10-14]. However, the applications of HIFU are
still limited, and clinical treatments are only available for limited sites [11,14-16].

One of the challenges confronting HIFU treatments is the spatial precision of tissue ablation.
Several techniques such as ultrasound B-Scan and Magnetic Resonance Imaging (MRI) have been
combined with HIFU to achieve real-time monitoring of focal areas [17-20]. With these methods,
the actual focal profiles were usually found to deviate from those predicted through theoretical
models [21,22]. As was indicated by Petrusca et al., the shift of the focal point away from the prescribed
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position caused by acoustic aberrations and non-linear wave propagating effects make it mandatory
to evaluate the spatial accuracy of HIFU ablation [21]. Li et al. observed a focal shift of 1-2 mm
and ascribed it to the layered distribution of tissues. Several different mechanisms might contribute
to these deviations, such as the thermos-lensing effect [23,24], bubble formation [25-27], acoustic
radiation force [27] and the nonlinear nature of acoustic waves [21,22]. Connor et al. pointed out
that the positioning error of the focal spots could be mainly related to the thermos-lensing effect
and nonlinear propagation of ultrasonic waves [23]. When accounting for the complexity of wave
propagation, e.g., ribs, abdomen tissues, blood vessels and other celiac organs between the transducers
and the targeted area, these could constitute sources of acoustic scattering, diffraction, attenuation and
dispersion etc. [28,29], and negatively affect the precision of HIFU treatments. Therefore, it is very
important to take into account the complexities of the acoustic paths by developing theoretical models
for higher accuracy.

Using the state of the art methods, the spatial distribution of HIFU field can be simulated with
the well-known Khokhlov-Zabolotskaya-Kuznetsov (KZK) equation [5,6], the Westervelt model [22]
or the Spherical Beam Equation (SBE) [9]. Because of its reasonable parabolic approximation, the KZK
equation has been widely used for describing the propagation of finite amplitude acoustic beams
emitted by focused transducers, with the only restriction being that the half angle of divergence of
the transducer does not exceed 16° [7]. Existing algorithms to solve the KZK equation are usually
balanced between accuracy and simplicity, making it possible to calculate and adjust HIFU fields in
real time during treatments. In contrast, the heavy calculation burden of the Westervelt equation
and the SBE limits their application. Therefore, it is not unexpected that the KZK equation has been
preferred against the other two in both clinical situations and industry. In the KZK equation, the effects
of diffraction, nonlinearity and attenuation have been taken into consideration and are described by
separate terms. Therefore, it has been recognized to be more effective than the Rayleigh integral in
simulating HIFU propagation [8]. Meanwhile, the parabolic approximation is also accurate enough in
practice, by which the near-axis HIFU field can be calculated relatively accurately [7,30,31]. However as
Meaney et al. have pointed out, it is hard to explain the shifts of focal positions with the traditional KZK
equation [24]. Therefore, several questions are still open to discussion. Firstly, the Kramers—Kronig
dispersion relations indicate a power law between the attenuation and the working frequency, i.e.,
a o« wY, y = 1—2. For most tissues, the attenuation factor y sits in the range from 1 to 1.7 [32,33].
However, in the KZK model, the propagation loss caused by viscosity and thermal conduction is
considered to be proportional to the square of the working frequency (y = 2), which is actually only
valid for fresh water [32,33]. Furthermore, i = 2 for fresh water causes a third derivative term to appear
in the KZK equation. The third derivative as well as the derivative of acceleration have not yet been
well clarified in the physical overview. In the context of Newton’s law of motion, acceleration is directly
affected by the force, and the derivative of acceleration has no obvious physical meaning. Secondly,
sound velocity, which is treated as a constant in the KZK equation, usually changes with frequency in
biological tissues. In HIFU fields, propagation nonlinearity could be non-negligible due to the high
acoustic pressure, and the orders of harmonic waves could be rather high in many cases [5-7,9,29].
Therefore, the descriptions of both attenuation and sound velocity should be modified when biological
tissues are present on the wave path.

To overcome these shortcomings in the existing models, efforts need to be made to account for
the case of a non-integer power index in the Kramers—Kronig relationship. In the frequency domain,
with the help of the classic Laplace Transform, the acoustic field could be easily accessible, but only
valid for linear models. The Rayleigh model proposed by Wojcik et al. in 1995 was also not applicable in
cases using wide-bandwidth acoustic pulses [34]. The fractional order derivative method described by
Makris and Constantinou [35] was believed to be an effective approach to solve this problem. However,
the complexity in mathematics has made numerical analysis hard to achieve, hence restrained its
application in developing HIFU theories. After that, Szabo et al. utilized a convolution integral
and further developed the theory of the fractional order derivative, in which Fourier Transform was
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adopted to define a derivative of non-integer order, while the basic principles of the Kramers—Kronig
relationship was still preserved [36-38]. Some other calculation algorithms have also been proposed.
Treeby et al. developed a popular, open source nonlinear simulation tool named the k-wave toolbox
to simulate nonlinear wave propagation [39]. Prieur et al. proposed time-fractional acoustic wave
equations [40]. Inspired by these algorithms, simulation of the KZK equation has made definite
progress in the past few years.

In this paper, a fractional order derivative was introduced to modify the KZK model to address
the power-law relationship (non-integer power index), and a frequency-dependent sound velocity was
employed to account for the dispersive behaviors of media. Numerical and experimental verifications
were carried out to demonstrate the different behaviors between the modified model and the original
KZK model. Results showed that the obtained modified KZK (mKZK) equation is in better agreement
with the experimental results. The findings in this paper will promote not only the prediction and
design of focused sound fields and acoustic transducers, but also the therapeutic applications of
ultrasonic treatments.

2. Theory and Experiments

2.1. The KZK Equation

The KZK equation is an extended form of Burgers model, and an approximation of the Westervelt
equation, written as [41]
?p o 5 p B 3*p?

9z0T 2 P 203913 ' 200003 972

M

in which p is the acoustic pressure, ¢y is the sound velocity, ¢ is the sound diffusivity, B is the nonlinearity
coefficient, pg is the ambient density of the medium, A is the transverse Laplace operator (defined as
2

L= %% <r%> + rlzaa? in cylindrical coordinates), and T =t — z/¢ is the time delay at the axial
distance of z with t being the time. The three terms on the right side of Equation (1) represent the
diffraction, attenuation and nonlinearity, respectively. The attenuation caused by viscosity and thermal
conduction is hence proportional to the square of the angular frequency w, i.e., a(w) = w?5/(2c}).
However, in biological tissues, the attenuation factor is usually a non-integer less than 2, the attenuation
term is hence only valid for describing wave propagation in fresh water (attenuation factor y = 2). If the
attenuation parameter is directly set for fresh water rather than considering the actual properties of the
media, the accuracy of calculation would certainly be undermined. Furthermore, the sound velocity
co here is regarded as a constant for all harmonic components, which is in conflict with the inherent
Kramers—Kronig dispersion relations where the phase velocity varies with increasing frequency.

2.2. The Modified KZK Model

By introducing Fourier Transform, the nth time derivative of time-dependent acoustic pressure
p(t) could be written as

TV b (i) F [p(e)- ¥

Here F* and F~ represents operators of the Fourier transform and its inversion, respectively. As the
order number y is a non-integer, the fractional order derivative is then defined as a convolution [38],

atv T(-y)
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where I'(-) is the Gamma Function, i.e., ['(x) = fooo & 1e=¢4Z. The definition in Equation (3) is hence
the Riemann-Liouville fractional derivative [42]. Therefore, the fractional order derivative is not only
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determined by the pressure value at the time point ¢, but is also related to its history range from —oo
tot.

Since the attenuation factor y is a non-integer in lossy media, the wavenumber k could then be
considered as a complex, while its squared form in the low-frequency approximation is

- 2 2 oyl
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in which 7 is the imaginary unit, and (—i)’ can be expressed with trigonometric functions as

(—i)Y=cos(y7/2) — isin(y7r/2). With the wave number k = w/co + iag(—iw)? /[cos(ym/2)], the phase

velocity can be calculated as

1
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where Re(-) represents the real part of the complex value.
Considering the non-integer attenuation factor y and the dispersion of phase velocity, the classical
KZK equation could be modified as
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where the attenuation term and the phase velocity c(w) could be calculated according to
Equations (4) and (5), respectively. Consistent conclusions can be found between Equation (6) and
the work of Zhao et al. [43], which is an extension of an earlier model for ultrasound propagation in
power-law media proposed by Kelly et al. [44]. In addition, Equation (6) will not hold if y = 1. However,
in the framework of discussing HIFU propagation problems, the y = 1 case is of no importance [37,38]
and is not of interest here.

2.3. The Numerical Algorithm

In the numerical analysis, both the KZK model and its modified form were solved with the
finite difference time domain (FDTD) method for the acoustic field emitted from a single-element
self-focusing transducer. For the traditional model, coordinate transformation Z =z/F, R=r/a, T = wt,
P = p/Py were introduced, with F, 7, a, Py being the geometrical focal length, the radial coordinate,
the aperture radius of the transducer, and the surficial acoustic pressure, respectively. The following
assumptions were then made,

_ ka?
=55
W
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in order that the KZK equation could be normalized to the following form,
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The values of the physical constants used for acoustic modeling were pg = 1000 kg/m?,
cop=1486 m/s, B = 3.5, a = 0.025 Np/m at 1 MHz, and p = 2 for fresh water [45]. The FDTD algorithm
adopted here was generally the same as that used in a previous study [45,46], in which Equation (10)
was decomposed into three independent equations, accounting for the diffraction, attenuation and
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nonlinearity, respectively. Based on an orthogonal spatial grid, the discretized forms of these equations
were expressed as,

Pl =Pl / Pl = 2P + Py N Pl =Pl it a1
az 4G dR2 2kdR? !
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Here i and j were the spatial coordinate indexes in the radial and axial directions, respectively,
and n was the time step, i.e., P}f/- =P(i-dr,j-dz;n-dt).

In the simulations for the mKZK equation, the major difference was the differential form of the
fractional derivative in Equation (6),

ay+1p A -1 i (v n—r+1 n—r (y) pr
S = Ay M'Ekh(P + P ) + @l P O)) (14)
where
A=2T(—y)I'(y+1)cos[(y+1)mt/2]/m, (15)
w) = (=1)y(y — DIy —r +1)/71. (16)

The FDTD simulations were then accomplished through a self-developed FORTRAN code package
running on a x64 PC platform. In the calculation, the boundary condition was symmetrical and had
equal amplitude acoustic pressure driving conditions, which was also the boundary condition generally
used to calculate HIFU [29,41].

2.4. Experimental Methods

2.4.1. Phantom Preparation

A tissue phantom was prepared based on the recipe of polyacrylamide electrophoresis gel [47],
in which micron-sized polystyrene microspheres were added to adjust its attenuation and phase
velocity dispersion. The formula of phantom contained 100 mL degassed water, 10 g acrylamide
(A9099, Sigma-Aldrich, St Louis, MO, USA), 0.05 g ammonium persulfate (A9164, Sigma-Aldrich),
0.3 g methylene double acrylamide (146072, Sigma-Aldrich), 0.2 mL TEMED (411019, Sigma-Aldrich),
and 4 mL 10-micron microsphere solution (P107798, Aladdin, Shanghai, China, original concentration
5% w/v).

2.4.2. Experimental Setup

The thickness of each phantom sample was Ls = 42.3 mm, with a density of p; = 1000 kg/m?
so that it could stably suspend in the water. The distance between transducer and the phantom was
37.7 mm. Following the same protocol used in our previous work [45], the nonlinearity parameter was
measured as 3 = 4.2. Since the only difference in gel recipe between the two works is the introduction
of amino polystyrene microspheres in this paper, the same f value indicates that microspheres did not
influence the nonlinear propagation of waves. To confirm this, we measured the ratio between the
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second harmonic and fundamental components, and found it was identical to that in [45] under the
same sonication conditions. The attenuation coefficient and sound velocity of phantom, as functions
of frequency, were measured through a broadband spectrum method [48,49]. In the measurement,
two planar piston transducers (Immersion, Unfocused, Panametrics, Waltham, MA, USA) calibrated
with a needle hydrophone (HNC-1000, ONDA Corp., Sunnyvale, CA, USA), were placed on the
opposite sides of the phantom, with one of them driven by a broadband pulse generator (5900PR,
Panametrics). The reflected and transmitted acoustic signals were then acquired by the transducers
and digitalized with a digital oscilloscope (54830B, Agilent, Santa Clara, CA, USA). (Device connection
was similar to that in [49]). In the measurements, 8 continuous pulse sequences were acquired and
averaged to reduce the signal-to-noise ratio (SNR).

Prior to the HIFU experiments, a low-level driving voltage was used to drive a customized HIFU
transducer (Chongqing Haifu Med. Tech. Co., Ltd., Chongqing, China) to emit a linear sound field.
Simultaneously, effective parameters of the transducer, such as effective radius, radiation profile, and
angle of divergence were obtained by adjusting the transducer parameters in the KZK calculations,
such that the linear field predicted via KZK was consistent with that measured [45]. The effective
parameters were then used in the simulations of both the KZK and mKZK models. As a result, the
HIFU transducer (working frequency 1.12 MHz) had an effective aperture radius of 48.6 mm and a
geometrical focal length of 101.5 mm. As illustrated in Figure 1, the transducer was immersed in water
and driven with signals from a signal generator (33250A, Agilent, Santa Clara, CA, USA) amplified by
a broadband power amplifier (2200L, E&I, Rochester, NY, USA). The input voltage was set as 465 mV
(20 cycles; burst period, 10 ms; duty cycle, 0.18%). Another needle hydrophone (HNA-0400, ONDA
Corp., Sunnyvale, CA, USA) was mounted on a customized three-dimensional (3D) scanning system
(Controller Model: XPS-C8, Newport, CA, USA) to scan the HIFU field. To suppress possible acoustic
cavitation in surrounding liquid, the water was processed with a self-developed water degassing and
deionizing system. The temporal and spatial scanning procedure was controlled via the GPIB interface
(National Instruments, Austin, TX, USA).

Waveform Generator  Qscilloscope Computer
Agilent 33250A Agilent 54810A
A
Power Amplifier
E&I 2200L
Degassed Water
A
—
Hydrophone
Transducer ONDA HNA0400
Sample

Figure 1. The experimental setup.
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3. Results and Discussions

3.1. Non-Dispersive Water

In order to verify the validity of the modified model, the mKZK equation was used to predict
the sound field distributions generated from the transducer. In this case, the media in the direction of
propagation was degassed water, and the surface pressure of the transducer was set to be 0.4 MPa.
Then, the results were compared with those obtained from experimental measurements as well as
from the original KZK model. The results are presented in Figure 2 for comparison. Due to the
axial-symmetry of the sound field, only the sound field distribution in the axial direction was studied.
Also, since the major concern of this paper is to investigate how the focal-shift could be accurately
predicted, the pressure profiles are all presented in a normalized way, so that the focal-shift effect is
more intuitive and easy to observe. For the total pressure distributions presented in Figure 2a, the axial
distribution of acoustic pressure seems identical for the modified and original KZK models, which
provides reliable proof that the current theoretical modification did not compromise the accuracy of
the sound field prediction in non-dispersive media. With the help of fast Fourier transform (FFT)
algorithm, further analysis was then carried out by decomposing the total sound pressure into the
superposition of linear and nonlinear components. In Figure 2b—d, all the components exhibited
good agreement between the results calculated from the modified and the original KZK models,
showing that both models are applicable for sound field prediction under the experimental conditions
mentioned above. It should also be noted that, in Figure 2 the locations of the pressure peaks from the
two models were exactly the same for all components, although the measured axial beam-widths seem
a bit narrower than both theoretical predictions, especially for harmonic components. Since the linear
fields were found to be almost identical for the measured and predicted results, we speculate that
some far-field attenuation factors such as dissolved oxygen in water, or bubbles might exist. However,
this does not affect the conclusion on the location of the maximum pressure.
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Figure 2. The normalized acoustic pressure distributions along the axis of the HIFU transducer without
the phantom: (a) the overall pressure; (b) the fundamental component; (c) the second harmonic;
(d) the third harmonic.
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3.2. Dispersive Phantom

To incorporate the phantom model into the study, the acoustic parameters of the phantom was
firstly characterized according to procedures described in earlier studies [48,49]. In brief, the acoustic
phase velocity c(f) inside the phantom material was determined by [48]

Ow(f) —65(f)

c(f) CW1+292(f)*91(f) p 17)
where the sound velocity in water c,, was considered as 1500 m/s. When the sound velocity inside
the phantom was measured, the acoustic signals ps and p; were the acoustic pressure acquired by a
transducer before and after the phantom was inserted into the acoustic path. While p; and p, were
the pressure of the reflected signals from the first and second water/phantom interfaces, respectively,
Ow(f), 0s(f), 61(f) and 01(f) were the corresponding phase spectra. The frequency dependence of the
attenuation coefficient a(f) was calculated according to [48,49]

-2 o(2) ()

where Ay, Ag, A and A, were the amplitude spectra corresponding to the above-mentioned phase
responses. Figure 3 plots the measured attenuation coefficient and acoustic velocity as a function
of frequency. In the frequency range 1.5-3.1 MHz, the sound velocity increased by about 26 m/s.
The acoustic attenuation coefficient increased from 0.59 dB/cm at 1.5 MHz to 1.79 dB/cm at 3.1 MHz,
indicating the attenuation factor being y = 1.83 for the phantom. The attenuation factor was obtained
from the exponential fitting using a curve fitting toolbox in Matlab. It should be noted that sound
velocity could fluctuate due to the thermal effect of focused ultrasound. However, in this work
the duty cycle was as low as 0.18%, and a medium-level surface pressure of up to 0.4 MPa was
chosen for the transducer. Thus, no significant temperature elevation was observed during the
experiments, and the thermal-induced change in sound velocity could be neglected [50]. It should also
be mentioned, that to account for the thermal-effect, an appropriate bio-heat transferring equation
should be incorporated with the current model. The main concern then lies in the dispersion due to
microsphere scattering. In clinical applications, the major dispersion originates from tissues like fat,
whose attenuation coefficient is generally larger than that of body tissue. Therefore, in comparison with
other research in which the parameters of the phantom were nearly the same as body tissue (e.g., liver
and spleen), the choice of phantoms with larger attenuation coefficients in the present experiments
might provide results in better agreement with the actual situation. Meanwhile, since the measured
physical parameters are close to those of dense fat, this setup could be regarded as a simplified mimic
of the abdomen in HIFU therapies.
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Figure 3. Measured frequency-dependent acoustic velocity and attenuation coefficient of the
phantom sample.
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As is illustrated in Figure 4, the acoustic field distribution along the axial direction is examined
by sitting the phantom on the acoustic path of the transducer. The results show the comparison
between measured data and simulated results obtained from both the modified and traditional KZK
models. Figure 4a describes the total pressure and Figure 4b—d shows the fundamental, second
harmonic and third harmonic components, respectively. For the total pressure distribution, it is
clearly observed that the peak-pressure location predicted through the mKZK model agrees well
with that acquired in experiments, while the data calculated from the traditional KZK model show
a deviation from the previous two groups. Note that the axial peak-pressure deviation is quite
small for the fundamental components, but it gradually becomes significant when more harmonic
components appear. Thus, the overall peak-pressure deviation observed in Figure 4a is mainly
caused by higher-order harmonic components, indicating that the significance of the theoretical
modification relies on high nonlinearity, such as in HIFU. This phenomenon could be addressed with
the results shown in Figure 3, where higher-order harmonic waves that occupy higher frequency bands
exhibit more notable sound velocity/attenuation dispersions, thus play a more dominant role in the
modification of the KZK model. Meanwhile, it can be seen from Figure 4 that the modified equation
has larger variation than the KZK equation. The effect of the mKZK equation on the simulation results
can be thus clarified as providing more precise prediction for experimental results. The results in
Figure 4 give persuasive proof that theoretical modifications made previously are necessary and valid.
The beam narrowing effect caused by data normalization still exists. However, in actual treatment
more attention is paid to the location of the focus point, because the location determines the heat
distribution area, which significantly alters the biological properties of the treatment area.
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Figure 4. The normalized acoustic pressure distributions along the axis of the HIFU transducer, with
the phantom placed at 37.7 mm away from the transducer. (a) the overall pressure; (b) the fundamental
component; (c) the second harmonic; (d) the third harmonic.

Among existing studies, most researchers have focused on the thermos-lensing effect [23] and
bubble formation induced focal region distortion [25,26], while some also mentioned the acoustic
radiation force induced tissue displacement [27]. With the results presenting the dispersion of sound
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velocity and attenuation in tissues, the deviation of focal spots can be well explained in combination
with the strong nonlinearity nature of HIFU.

3.3. Dispersion-Induced Focus Shift

It is of great importance to evaluate how the mKZK model demonstrates its significance in HIFU
applications. In Figure 5, comparisons are carried out to display how the wave distribution behaves
differently before and after inserting the phantom sample into the wave propagation path. It can be
observed that, for either data from experiments or from the mKZK model, although only a slight
difference is seen in the axial wave profile when examining the fundamental components, an axial
focus shift is more evident for the overall acoustic pressure since it is highly affected by the harmonic
components. It is explained here that, due to the dispersive nature of the phantom, higher-order
harmonic components require larger values of both sound velocity and attenuation coefficient in the
KZK model, urging the overall wave profile to move forward to the transducer.
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Figure 5. Comparison of the axial distributed acoustic pressure between the cases of with and without
the phantom sample: (a) the overall pressure; (b) the fundamental component; (c) the second harmonic;
(d) the third harmonic.

In the present study, the focus shift distance was quantified for the overall axial acoustic pressure
distribution and its decomposed components, and this is listed in Table 1.

Table 1. Focus shift induced by acoustic-dispersive phantom sample (in mm).

Method Overall Fundamental 2nd Harmonic 3rd Harmonic
mKZK 1.47 1.41 1.51 1.62
Experiment 1.42 +0.04 1.40 +0.03 1.45+0.04 1.51 + 0.04

The focus shift, which is found to be of millimeter magnitude for the studied condition, cannot
be ignored, especially for clinical HIFU studies. On the one hand, in typical HIFU applications, the
much higher surface pressure would induce even stronger acoustic nonlinearity in the focus area,
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and up to tens of orders of harmonic components might contribute to the overall acoustic responses.
In that case, dispersion in acoustic velocity as well as the attenuation coefficient could cause larger
focus shifts. On the other hand, even for the millimeter-level focus shift exhibited with the current
setup, an impressive amount of acoustic energy would be deposited outside the designated focus
area. As demonstrated in Figure 6, about 25% of the —3 dB focal region would fall outside of the
one predicted by the traditional KZK equation, when the phantom sample is introduced into the
transducer axis. In addition, the absence of shockwaves in the experiment should be noted, and
this indicates that the influence of shockwaves could be ignored in the theoretical model under such
experimental parameters.
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Figure 6. Illustration of the focus shift induced by the presence of phantom sample: (a) the theoretical
—3 dB area; (b) the measured —3 dB area.

3.4. Discussion

In previous studies, shifts between the predicted and observed focal regions have been frequently
reported in HIFU-related studies. Usually, the shift was measured to be around 1-3 mm for 1-MHz
HIFU transducers [24], 4-5 mm for ~2.2-MHz excitation [51], and an empirical formula was also used to
calculate the focus shift [22]. Although different possible mechanisms have been proposed and a series
of correlation studies have been carried out [21-27], detailed theoretical proof that could quantitatively
explain the inherent mechanisms of the observed focal shifts is still lacking. The proposed model
modification here clarifies how the acoustic dispersion played a role in the complicated physics of
this problem.

The experiments carried out here have demonstrated that the observed focal shift should come
from the dispersive behavior of sound velocity and attenuation in media. For different harmonic
components in the HIFU beam, their sound velocities could be different at the gel/water interface.
Speculating from Snell’s law, these different components could actually propagate along slightly
different paths in the phantom, causing the focal point to shift its location. That is also why the main
difference between the two models is observed for the harmonics in Figures 4 and 5—because the
sound velocity of the harmonics deviated further away as their frequencies were higher. During this
process, the attenuation should also have contributed in a dispersive way. However, the influence of
dispersive attenuation could not be separated from that of sound velocity.
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Despite the general recognition that the Westervelt equation and SBE provide higher precision
in non-dispersive sound field prediction than KZK, difficulties in predicting accurate sound field
distribution in strong dispersion media still remains a great challenge [22]. Moreover, due to the
existing complexity of the Westervelt equation and SBE, adding more modifications to these two
equations could be over-whelming and/or time-consuming for clinical applications that require
real-time monitoring. Considering that KZK shows a balance between accuracy and computation
burden, this paper chose to further modify the KZK equation as a straightforward way to achieve
improved simulation of HIFU propagation, especially to work out how the focal-shift could be
predicted accurately. In this work, for consistency of the experiment, the mKZK and KZK in ordinary
media was first confirmed. Then, when measuring the parameters in the strong dispersion medium,
mKZK gave a more accurate prediction of the focal shift. Thus, by using the mKZK equation we can
quickly and accurately predict the HIFU field in complex media.

However, further theoretical studies are still needed since the current model is unable to
eradicate all the possible unfavorable factors in predicting the characteristics of HIFU. For example,
defocusing effects or shifts in focal position might be caused by the layered tissue effect, where sound
speed/attenuation may vary in different tissues layers. The thermal lesion effect, in which the tissue
properties change due to the heating of HIFU, could be more difficult to include in the modeling. A full
solution could be even more challenging if other possible mechanisms, including acoustic radiation
force, acoustic cavitation and inconsistent thermal deposition [27] are also considered.

The focal shifts observed in phased-array-based HIFU devices are also notable. For instance,
a focal shift of about 2-mm was observed along the transducer axis in multiple-layered soft tissues
sonicated with a 65-element phased array transducer [22]. To overcome this problem in phased-array
HIFU, possible solutions could be obtained by drawing lessons from the underlying mechanisms
discussed above.

4. Conclusions

Although HIFU technology based on the KZK equation calculation has been widely accepted and
used in the clinical setting and transducer designs, the absence of an accurate theory to predict the
sound field inevitably limits the application of the ultrasound focusing. In this work, a mKZK equation
is proposed to predict the HIFU field established with a spherical focusing transducer. Meanwhile, the
accuracy of the methods is verified through experiment. This method could improve the computational
accuracy of the KZK equation in dispersive media, which is similar to human tissue. Simulation and
experimental results show that the focus area will shift towards the transducer and the offset increases
as the nonlinearity becomes higher. Therefore, in the process of HIFU transducer design, the impact
of dispersion on the results need to be taken into account, in order that accurate sonication can be
achieved. By modifying the KZK equation, the findings will help with transducer design and the
application of the HIFU. This will also help to ensure the stability and safety of HIFU and further
accelerate its clinical applications.
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Abstract: Because soil depth is a crucial factor for predicting the stability at landslide and debris flow
sites, various techniques have been developed to determine soil depth. The objective of this study is
to suggest the graphical bilinear method to estimate soil depth through seismic wave velocity. Seismic
wave velocity rapidly changes at the interface of two different layers due to the change in material
type, packing type, and contact force of particles and thus, it is possible to pick the soil depth based
on seismic wave velocity. An area, which is susceptible to debris flow, was selected, and an aerial
survey was performed to obtain a topographic map and digital elevation model. In addition, a seismic
survey and a dynamic cone penetration test were performed in this study. The comparison between
the soil depth based on dynamic cone tests and the graphical bilinear method shows good agreement,
indicating that the newly suggested soil depth estimating method may be usefully applied to predict
soil depth.

Keywords: graphical bilinear method; seismic survey; dynamic cone penetration test; soil depth;
time-distance curve

1. Introduction

In assessing the stability of landslide or debris flow areas, both hydrological and geotechnical
properties are the key parameters [1-6] among the various geotechnical properties such as soil strength,
hydraulic conductivity, and friction angle, the soil depth is the most important parameter because the
capacity for inflow and outflow of water is related to the soil thickness. Note that soil depth can be
defined as the thickness of the soil from ground surface to consolidated medium [7,8].

The most reliable method to estimate soil depth at a given location is the test pit method,
which involves direct excavation of a testing site in a square shape. However, excavation of multiple pits
for the estimation of soil depth is very expensive and time-consuming. To overcome these limitations,
Ref. [9] used a cone-tipped metal probe with a diameter of 18 mm for estimating local soil depth based
on probe penetration resistance. Note that the methods mentioned above can only be performed at
the selected local points; therefore, the soil depth of unmeasured areas is assumed to be the same
as the measured depth of nearby points. However, soil depth shows substantial spatial variation;
thus, the reliability of the above methods may be low, leading to the development of several models
that consider the spatial distribution of soil depth. Ref. [10] developed the regolith-mantle slope
method to predict the thickness of original parent material on a slope. Ref. [11] estimated soil depth
based on the mass balance between soil production from underlying bedrock and divergence of
diffusive soil transport. Even though these models are advantageous for obtaining soil depth across
the whole area, the use of these models may not be easy because they require detailed information
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regarding hydrological, geotechnical, and geochemical parameters. Therefore, the geophysical method
has been widely applied to estimate soil depth because it can quickly and cost-effectively provide
various soil characteristics across an entire area. Electromagnetic waves have been used to measure
electrical resistivity [12] and electrical conductivity [2], and the measured values can be converted into
soil depths. Refs. [13,14] used seismic survey to predict soil depth and however, the studies merely
showed the distributions of results without methodological content for picking soil depth. In addition,
the applied previous geophysical methods require special reference values to determine soil depth and
additional invasive experiments to enhance the reliability of the estimated soil depth.

This study proposes a graphical bilinear method to estimate soil depth based only on seismic
survey. A seismic survey was performed, and the dynamic cone penetration test (DCPT) was also
used to verify the soil depths deduced by the suggested technique. The measured information,
including geological map, location, particle distribution, and distribution of seismic wave velocity
were introduced first. Then the graphical bilinear method for determining soil depth, is demonstrated.
The estimated soil depths using the suggested method are compared with values deduced by the
dynamic cone penetration tests and their reliability is assessed.

2. Testing Site

2.1. Site Description

The selected testing site experienced debris flow a few years ago and is still susceptible to
additional debris flow because of several geological characteristics of the site, including steep slope
angle (over 32°) and saturated soil condition on slope. According to the geological map issued
by the Korea Institute of Geology, Analysis, Mining (KIGAM), the testing area mainly consists
of gneissose granite terrane. The testing site belongs to Mt. Geohwa, South Korea, where the
altitude and area are approximately 200 m and 1.2 km?, respectively, and the latitude and longitude
of the top of the mountain are N 36°29'15.7313" and E 127°18'40.5986"". A drone aerial survey
was performed to obtain a topographic map and digital elevation model. Figure 1 shows the
topographic map: the area consists of one main stream and several branch streams. The vertical
length and area of the main stream are approximately 206 m and 14,675 m?, respectively. Figure 1
also indicates the presence of the debris barrier and check dam at the site to prevent additional
debris flow (N 36°29'04.3147", E 127°18'44.7017""). The main stream was divided at four points,
selected by considering slope characteristics: point A (N 36°29'10.8530", E 127°18'44.1891""), point B
(N 36°29'12.045", E 127°18'39.5912"), point C (N 36°29'14.8329", E 127°18'30.7079"'), and point D
(N 36°29'18.2046", E 127°18/23.6158""). Point A, which is located at the bottom of the main stream,
shows various fallen trees and weeds undergoing decay and rot, suggesting that considerable time
has passed since the occurrence of the last debris flow. The slope of point A was measured to be
approximately 10°, which is low compared to the slopes at points B and C. Thus, point A is covered
with various flowed materials from the streams above due to debris flow. Point B shows a dramatically
steeper slope of approximately 27° and the area mainly consists of sedimentary basin. Point C has
the largest rapid slope (~32°) and width (maximum 105 m) among the selected points. Note that
point C is located at a large catchment basin. Finally, point D indicates the initial zone where the
debris flow occurred as ascertained by the presence of upright trees and a stable subsurface without
collapsed conditions.
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Figure 1. Aerial photography of the testing area. Points A and D denote the bottom and top streams,
respectively. Points B and C indicate the middle stream. The field tests were performed from points A to D.

2.2. Soil Classification

A hand auger with an outer diameter of 20 cm was used to excavate the subsurface and a soil
sampler was used to gather the specimen at the wall of a borehole. The length of the hand auger was
limited to 2 m due to a shortage of engine output, and thus the maximum depth of extracted soil in
this study was 2 m. Even though the hand auger can potentially excavate soil down to a maximum
of 2 m, the actual excavated depth was reduced due to the presence of gravel and weathered rock.
Therefore, the actual maximum extracted depths were 1, 1, and 2 m at locations near points A, B, and C,
respectively. The results from the excavations at points A and B show various deposited materials,
including gravel and boulder (Figure 2). At point C near the initial zone, a larger extraction depth
(~2 m) could be achieved due to the presence of a relatively deep soil layer (Figure 2). Soil samples
were collected at 4-5 different depths: 10, 40, 60, and 100 cm for points A and B; and 10, 40, 90, 140,
and 200 cm for point C. Sieve tests were performed using the extracted specimens according to [15].

The results of sieve tests are shown in Figure 2. The diameters at passing percentages of 10, 30 and
60% are calculated for every specimen, to classify the specimen based on the unified soil classification
system. The calculated coefficients of uniformity are 10, 5.92, and 9.33 for extracted soils at points A, B,
and C, respectively. The coefficients of curvature at points A, B, and C are determined to be 1.34, 1.01,
and 1.51, respectively. The measured coefficients of uniformity show values almost greater than 6 and
the coefficients of curvature are in the range of 1~3; hence, the specimens at testing sites are classified
as SW (well-graded sand). Additionally, Figure 2 indicates that the grain size distributions of extracted
samples at different depths are very similar.
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Figure 2. Sieve test results: (a) bottom stream (point A in Figure 1); (b) middle stream (point B); (c) top
stream (point C). Dy, D39, and Dgy denote the diameters at passing percentages of 10, 30, and 60%,
respectively. Cy and Cg are coefficients of uniformity and curvature, respectively.

3. Methodology

A seismic survey and dynamic cone penetrometer test were performed to obtain primary wave
velocity and dynamic cone penetration index (DPI), respectively, and the detailed descriptions are
as follows.

3.1. Seismic Survey

A seismic survey has the advantage of assessing a whole area without altering the fabric state;
thus, the measured values can greatly reflect the state and behavior of soils. A seismic wave propagates
in solid media by travelling through particle connections, and thus the wave velocity increases
with an increase in the particle contact area (or applied confining stress or soil depth). The seismic
refraction method was applied in this study to obtain a profile of compressional (or primary) wave
velocity. Four transects were determined with consideration for spatial variability in the geological
characterization of each stream. Figure 3 shows schematic drawings of the seismic transections.
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The bottom-top stream (BTS) line reflects the main stream from south to north (from points A to
D in Figure 1), whereas the bottom stream (BS), middle stream (MS), and top stream (TS) lines are
horizontally set to reflect bottom, middle, and top valleys, respectively. The center of the MS line is
located between points B and C in Figure 1. The lengths of the transection lines are 90, 20, 20, and 20 m
for BTS, BS, MS, and TS, respectively. A geophone was installed as a sensor for gathering seismic
waves every 2 m; therefore, the installed geophone numbers in the profiles of BTS, BS, MS and TS are
45,10, 10, and 10, respectively. A sledgehammer was used to generate vibrations, and the impactions
were performed at start, middle, and end positions to enhance signal-to-noise ratios. Impactions were
performed five times in the same position for each test to minimize random noise.
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Figure 3. Locations of the field investigations, including seismic survey and dynamic cone penetrometer
(DCP). Note: the numbers with red circles denote the DCP testing sites (BS: 3 holes, MS: 3 holes,
TS: 3 holes, and BTS: 10 holes); and the distance between each number in the figure is 10 m.

3.2. Dynamic Cone Penetrometer Test

A dynamic cone penetrometer (DCP) test was selected as an invasive method to verify the soil
depths estimated by seismic waves. Note that the DCP method can readily detect the thickness of
soil layer because the continuous penetration of DCP enables the easy recognition of the presence of
different layers [16]: the penetration depth through stiff material is relatively small. The DCP technique
has been widely applied to investigate soil properties in geotechnical engineering, especially for
railways and roads [16-18]. The test records the penetration depth of DCP when a hammer drops from
a fixed height according to [19]. The hammer weight and drop height were fixed to 78.8 N and 575 mm,
respectively. The tip diameter of the DCP was 20 mm with an apex angle of 60°, and driving energy
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was 45 J. The penetration depth was converted into dynamic penetration index (DPI), which represents
(mm/blow) as follows.
Piy1 =P

DPI = 1)
Bit1—B;

where P = penetration depth (mm); B = blow count; and i and i + 1 = experimental number.
4. Results and Analysis

The first arrival time of the measured seismic wave signals was determined through PickWin
software (OYO corporation, Tokyo, Japan), and the time-distance curve was obtained by using the
SeisImager-Poltrefa program (OYO corporation, Tokyo, Japan). An interactive process was performed
to increase resolution when carrying out the inversion process. Two groups, which are based on the
picked first-arrival times and the results analyzed by the simultaneous iterative method, are plotted
on a travel-time curve in Figure 4. Figure 4 shows that the two groups are nearly identical, reflecting
that the quality of the measured data is high. The distribution of seismic wave velocity is plotted
in Figure 5, and the soil layers are divided into various different layers according to the reference
P-wave velocities suggested by [20]: 0-0.7 km/s (landfill and alluvial soil), 0.7-1.2 km/s(weathered
soil), 1.2-1.9 km/s (weathered rock), and over 1.9 km/s (soft rock). The BTS, BS, MS, and TS lines were
found to comprise four, four, three, and three layers, respectively based on Reynolds (2003). Note that
0.7 km/s of primary wave velocity is an accepted criterion in South Korea for distinguishing soil layers
from other geomaterials [21,22].
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Figure 4. Travel time-distance curves through seismic survey: (a) BTS; (b) BS; (c) MS; and (d) TS.
Note 10, 20, 30, and 100 m distances indicate points 1, 2, 3, and 10, respectively, in Figure 3.
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Figure 5. Converted primary wave velocity profiles: (a) BTS; (b) BS; (c) MS; and (d) TS.

The calculated DPI values from dynamic cone penetration tests are shown in Figure 6 for each
stream. The BTS line shows high variation of DPI values according to the testing locations, which are
described in Figure 3, because the line covers the bottom, middle, and top streams. Note that the high
variation of DPI values means that the soil depth changes along the stream in the BTS line. Number 4,
8 and 9 holes in Figure 6a show high DPI values at shallow depth, reflecting the presence of weak soil
layers. Being different from other testing holes, the DPI was measured at deeper depths at No. 7 and
9 holes, demonstrating that the soil depth near the top stream is deeper than that of other locations.
Note that Figure 5a and the maximum extracted soil depth using a hand auger also support the
presence of deep soil layer near the top stream in the BTS line. In the case of the BS line, high DPI
values at the initial stage and high penetrated depth were observed at the right side of the stream.
A similar DPI trend was observed in the MS line, and the distributions of soil depth in the No. 1, 2,
and 3 holes look alike, reflecting similar soil depths along the MS line. Even though the DPI of the TS
line shows a similar penetrated depth near the surface, the DPI was continuously measured at the only
No. 2 hole. Therefore, it is predicted that the soil depth at the No. 2 hole, which is the center of the
TS line, is high. The depth where the DPI value is close to zero is referred to as the soil depth of the
testing site in this study, and the average soil depths based on DPI are calculated to be approximately
0.92,0.75, 0.86 and 0.85 m for the BTS, BS, MS, and TS lines, respectively.

Comparison between Figures 5 and 6 reveals that the soil depth of the testing site based on
dynamic cone penetration test is generally shallower than 1 m; while, the depth based on seismic
wave velocity (0.7 km/s) is around 2 m or more (Table 1), reflecting that the subsurface classification
based on previous reference values of seismic wave velocity cannot precisely estimate the soil depth.
Therefore, in this study, the graphical bilinear method is newly suggested for determining soil depth
based on seismic wave velocity.
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Figure 6. Measured DPI values of each stream: (a) BTS; (b) BS; (c) MS; and (d) TS. Note the numbers in
each figure indicate the location of dynamic cone penetration test described in Figure 3.

Table 1. Comparison between Measured and Estimated Soil Depths.

Position Soil Depth (m? Error Ratio (%)
Measured Estimated
Dynamic Reference Graphical Reference Graphical
Cone Test P-Wave Velocity Bilinear Method P-Wave Velocity Bilinear Method
1 11 23 11 109.1 0.0
2 0.8 2.0 0.8 150.0 0.0
3 1.0 18 1.0 80.0 0.0
4 0.4 19 0.5 375.0 25.0
5 0.5 14 0.6 180.0 20.0
BTS 6 0.2 18 0.5 800.0 150.0
7 0.6 14 0.5 133.3 16.7
8 0.7 24 1.0 242.9 429
9 1.9 5.6 19 194.7 0.0
10 Over 2.0 35 3.0 - -
Average 251.7 28.2
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Table 1. Cont.

i Soil Depth (m) Error Ratio (%)
Position Measured Estimated
Dynamic Reference Graphical Reference Graphical
Cone Test P-Wave Velocity Bilinear Method P-Wave Velocity Bilinear Method
1 0.2 17 0.2 750.0 0.0
BS 2 0.9 14 0.9 55.6 0.0
3 1.0 34 12 240.0 20.0
Average 348.5 6.6
1 11 24 1.0 1182 9.1
MS 2 0.8 2.6 0.9 225.0 12.5
3 1.0 2.4 11 140.0 10.0
Average 161.1 10.5
1 0.4 44 0.6 1000.0 50.0
TS 2 1.9 52 22 173.7 15.8
3 0.9 42 0.9 366.7 0.0
Average 513.5 21.9

Note: error ratio = (estimated value — measured value) /measured value; the numbers in Position column indicate
the testing locations in Figure 3.

5. Discussion

The seismic refraction method measures the travel time of the waves refracted at the interface
between different sublayers with different wave velocities or impedances. Thus, the thickness of each
layer can be calculated using the wave velocities of two consecutive layers and the time intercept in

the travel time-distance curve as:
b Vi Vig

T 2/ (Vi - VP) @

1
where Z = thickness of layer; t = time intercept; V = wave velocity; and i and i + 1 = different layers. The
thickness of the soil layer (or the first layer) can be determined by the velocities of the first layer and
the second layer (V' and V), and the time intercept (t). However, the clear determination of V1, V5,
and t; is not easy because wave velocity in a given layer is not constant, resulting from the natural soil
deposits rarely being homogeneous and wave velocity slightly increasing with an increase in depth at a
given layer. Note that seismic waves propagate in a medium through connected particles, and seismic
wave velocity depends on soil structure and stress condition. Seismic wave propagation is primarily
affected by the stiffness of the fabric in a particular material, and thus seismic wave velocity and
effective stress (¢”) have a certain relationship with experimentally determined coefficients (« and f).

Seismic wave velocity = a(c’ )5 (3)

The a and B coefficients are dependent on the packing type (porosity and coordination number)
and the contact force (Hertzian contact and Coulombic force).

The seismic wave velocity slightly increases with depth even in one layer because of the increase
in effective stress (Equation (3)), which is the function of mass density and depth. However, the wave
velocity changes rapidly at layer boundaries due to the change in material type, mass density, particle
size, and others. Hence, the relation between seismic wave velocity and depth can produce different
slopes along the depth. Figure 7 shows the seismic wave velocity with the depth at which the geophones
are installed. It can be observed in Figure 7 that there are four different lines “a”, “b”, “c”, and “d”:
Line “a” indicates the initial slope between wave velocity and depth; thus, it is related to the first
soil layer; Line “b” indicates the second slope between wave velocity and depth; thus, it is related to
the second layer. Therefore, the intersection point between lines “a” and “b” may correspond to the
thickness of the first soil layer, which is point “e”. Figure 8 shows the calculated soil depths based

on the suggested graphical bilinear method at the selected testing sites. It is shown in Figure 8 that
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various soil depths can be estimated by the proposed method. The detailed soil depths based on the
suggested graphical bilinear method are summarized in Table 1.

Elastic wave velocity (km/s)

’
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o
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Figure 7. Method for selecting soil depth through measured elastic wave velocity. Line “a” denotes
the first slope between wave velocity and depth. Lines “b”, “c”, and “d” represent the second, third
and fourth slopes, respectively. Point “e” is the intersection point between lines “a” and “b”. Note the
figure is the relation between wave velocity and depth of point 1 (or 10 m distance) in the BTS line

(Figure 3).
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Figure 8. Estimated soil depth profile based on graphical bilinear method: (a) 30 m of BTS; (b) 80 m of
BTS; (c) 100 m of BTS; (d) 20 m of BS; (e) 30 m of MS; and (f) 20 m of TS.
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The measured DPI values at the selected testing sites are plotted in Figure 9 to determine soil
depth based on the impaction study. Soil depth is estimated to the maximum penetrated depth at
which the DPI value is nearly zero. Even though the DPI shows variation with depth within a borehole,
the final penetrated depth can be easily calculated based on the depth where the value of DPI is close
to zero. Figure 9c shows that DPI does not converge close to zero until a depth of 2 m. The maximum
possible experiment depth is fixed to 2 m due to the rod length and energy transfer during impaction,
thus the soil depth is expected to be greater than 2 m. This deeper expected soil depth can be anticipated
because the soil thickness was estimated to be approximately 3.0 m based on the graphical bilinear
method shown in Figure 8c for the same position as in Figure 9c. Table 1 summarizes the soil depth
calculated by dynamic cone penetration tests.
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Figure 9. Soil depth based on dynamic cone penetration test: (a) 30 m of BTS; (b) 80 m of BTS; (c) 100 m
of BTS; (d) 20 m of BS; (e) 30 m of MS; and (f) 20 m of TS.

Figure 10 shows the comparison of soil depths predicted by the reference P-wave velocity
(0.7 km/s) and the graphical bilinear method with the measured depths using dynamic cone
penetration test. Note that the depth based on the results of the dynamic cone penetration test
(DPI values) has relatively high reliability because the data is gathered through direct penetration of
the probe into soil; therefore, the soil depth measured by DPI can be regarded as the real soil depth.
The soil depth predicted based on the reference P-wave velocity shows high variation and high soil
depth compared with those based on DPI values. In contrast, the soil depth based on the graphical
bilinear method shows small variation and the estimated values are comparable with the measured
values by dynamic cone test, reflecting the enhanced reliability of the estimated soil depth by using the
suggested method. Furthermore, the deduced soil depths based on DPI, P-wave velocity and graphical
bilinear method are compared through box and whisker plot as shown in Figure 11. The median
values of DPI and graphical bilinear method show 0.35 m and 0.3 m, and however the median soil
depth based on P-wave velocity is highly deduced to 0.5 m. The first and third quartiles of DPI and
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graphical bilinear method show also similar ranges of 0.15-0.55 m and 0.2-0.6 m, respectively and
it shows the difference is just 0.5 m. However, the soil depth estimated by existing method shows
unreasonable ranges of 1.05-1.8 m. The ranges of minimum and maximum values based on DPI
(0.2-2 m) and suggested method (0.2-3 m) are also demonstrated to similar trends while those deduced
by P-wave velocity exhibited huge variations (1.4-5.6 m). And thus, the Figure 11 shows that the
suggested method can provide the reliable soil depth under ~3 m with consideration of 2 m intervals
of geophone.

Table 1 shows the calculated error ratios (error ratio = (estimated value — measured value)/
measured value). The estimated soil depths based on reference P-wave velocity show high error ratios,
ranging from 55% to 1000%, and the average value shows approximately over 100%, reflecting the
estimation of soil depth using the classification of soil layers based on reference wave velocity is not
reliable. In contrast, the graphical bilinear method shows relatively small average error ratios of 28.2,
6.6,10.5, and 21.9% for BTS, BS, MS, and TS, respectively, demonstrating that the graphical bilinear
method suggested in this study provides reliable estimation of soil depth.
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Figure 10. Comparison of soil depths estimated by seismic wave velocity and measured by dynamic
cone penetration test.
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6. Conclusions

This paper suggests methods for the determination of soil depth through seismic wave velocity

measurements. The graphical bilinear method is newly introduced, and the soil depth estimated with
the suggested method is compared with the result of dynamic cone penetration tests. The results of
this study demonstrate the following;:

The estimated soil depth using the soil classification based on the reference P-wave velocity shows
high variation and high soil depth compared with that based on dynamic cone penetration test,
reflecting the estimation of soil depth based on the reference wave velocity is not reliable.

The seismic wave velocity slightly increases with depth even in one layer and it changes rapidly
at layer boundaries. Because the graphical bilinear method newly suggested in this study is based
on the change in the slope between wave velocity and depth, the estimated soil depths using the
suggested method are comparable with the measured values by dynamic cone test, reflecting the
enhanced reliability in estimating soil depth by seismic survey.
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Abstract: This paper proposes an approach to investigating the effect of different temperatures and
flow velocities on the acoustic performance of silencers in a more accurate and meticulous fashion,
based on steady computational results of the flow field inside the silencer using computational
fluid dynamics (CFD). This approach can transfer the CFD results—including temperature and
flow velocity distribution—to acoustic meshes by mesh mapping. A numerical simulation on the
sound field inside the silencer is then performed, using the CFD results as a boundary condition.
This approach facilitates the analysis of complex silencer designs such as perforated tube silencers,
and the numerical predictions are verified by a comparison with available experimental data. In the
case of the three-pass perforated tube silencer of a car, the proposed approach is implemented to
calculate the transmission loss (TL) of the silencer at different temperatures and flow velocities.
We found that increasing the air temperature shifts the TL curve to a higher frequency and reduces
the acoustic attenuation at most frequencies. As the air flow increases, the curve moves to a slightly
lower frequency and the acoustic attenuation increases slightly. Additionally, the pressure loss of
perforated tube silencers could be calculated according to the total pressure distribution of their inlet
and outlet from the steady computational results using CFD.

Keywords: perforate tube silencer; transmission loss (TL); pressure loss; computational fluid dynamics
(CFD); temperature; air flow velocity

1. Introduction

The silencer is the main device used for suppressing automobile noise. The most important
goal for a high-performance silencer is to simultaneously have good aerodynamic and acoustic
attenuation characteristics. However, these often contradict each other. Perforated tube silencers
are well-balanced in terms of both characteristics. Thus, they are applied extensively to the exhaust
systems of automobiles.

Pressure loss is the main indicator used for evaluating the aerodynamic performance of a silencer.
It has a negative influence on the efficiency of an engine. If the loss exceeds the backpressure limit,
it will result in reduced engine power and an increase in fuel consumption [1]. Currently, the pressure
loss is predicted by performing a 3D steady computation using computational fluid dynamics (CFD).
This method has been widely accepted among researchers because of its high level of accuracy and
adaptability [2-4]. Middelberg et al. [5] computed the pressure loss of a simple expansion chamber
mulffler using a CFD simulation. Lee et al. [6] predicted the pressure loss of concentric tube silencers
with five different patterns of perforated elements using CFD analysis. Ren et al. [7] employed the
CFD approach to predict the pressure loss of an exhaust muffler, which was influenced by the insert
duct, the position of the baffle, and the inlet air velocity.
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Transmission loss (TL) is one of the most important indicators used for evaluating the acoustic
attenuation performance of a silencer. The gas from an automotive engine has a high temperature and
speed, which will have a strong influence on the acoustic attenuation performance. High temperature
changes, gas density, sound velocity and acoustic impedance [8], and the effects of flow velocity
embody two sides: one is to affect the sound wave propagation in a medium, and the other is to reduce
aerodynamic noise resulting from turbulence [9]. Various theoretical and experimental studies were
conducted in the past in order to investigate the acoustic attenuation performance of a silencer under
the influence of different temperatures and air flow [10-12]. Kim et al. [13] investigated the acoustic
characteristics of an expansion chamber with a constant mass flow and a steady temperature gradient.
Tsuji et al. [14] applied finite element and boundary element methods to evaluate the acoustic wave
transmission characteristics in a medium with uniform and steady mean flow. Kirby [15] compared
two numerical methods and two analytical methods of modelling automotive dissipative silencers
with a uniform mean gas flow of Mach number (M). The comparison indicated a close similarity to the
TL predictions that were obtained for the silencers that were examined. With the rapid development of
high-performance computers, the 3D numerical simulation method plays an increasingly significant
role in sound field analysis. Broatch et al. [16] proposed a 3D time-domain technique based on the CFD
approach to calculate the TL of exhaust mufflers with different chambers. Sanchez-Orgaz et al. [17]
proposed a hybrid finite element approach—combining an acoustic velocity potential formulation
in the central airway with a pressure-based wave equation in the outer chamber—to study the
TL of perforated dissipative silencers with heterogeneous properties in the presence of mean flow.
Dong et al. [18] employed the CFD approach to perform a 3D steady computation and obtain a
temperature distribution inside a two-pass perforated tube silencer, and then defined the elements with
a 5 °C difference in temperature as a collection. The air parameters of the corresponding temperatures
were assigned to the defined collections using SYSNOISE software, in order to calculate the TL.

However, most of the present works associated with predicting the TL of perforated tube
silencers assume the mean flow to be uniform. Similarly, the temperature fields are simplified as
constant or linear fields, which may result in inaccurate analytical results—especially in the case of
silencers with complicated temperature and flow velocity distributions. In light of the aforementioned
disadvantages, this paper proposes an approach based on CFD results to investigate the acoustic
attenuation performance of silencers. This approach comprises the following steps: (1) the flow field
inside the silencer is calculated by performing a 3D steady computation using CFD; (2) the CFD
results—including temperature and air flow velocity—are transferred to acoustic meshes by mesh
mapping, so that the results can be used as a boundary condition of sound field analysis; (3) the TL of
the silencer is calculated at a high temperature and air flow. Compared to previous works, the proposed
approach avoids the use of simplified temperature and flow velocity distributions. Consequently,
the effects of temperature variation and air flow on the acoustic attenuation performance of silencers
can be calculated and observed in greater detail.

This paper proceeds as follows: Following the introduction, Section 2 describes the proposed
computational approach and verifies its accuracy. Section 3 builds an internal fluid model of a
perforated tube silencer of a car, and generates CFD meshes and acoustic meshes of the model,
respectively. Following this, a 3D steady computation using CFD is performed in order to calculate
the pressure loss of the silencer and obtain its temperature and flow velocity distributions. Section 4
employs the proposed approach to investigate the acoustic attenuation performance of the silencer
under the influence of different temperatures and air flow. Section 5 concludes the study.

2. Methods

2.1. Mesh Mapping

The most critical step in the proposed approach to calculating the acoustic attenuation of silencers
is to set a mesh mapping for transferring data. The mesh mapping is used to transfer the node data of
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the CFD mesh (source mesh) into the acoustic mesh (target mesh). However, there is not usually a
one-to-one correspondence between the nodes of different meshes. Thus, an appropriate mapping
algorithm should be employed.

A maximum distance algorithm is often applied in Virtual.lab acoustics software to set a mesh
mapping between different meshes with the same geometrical shape, but a different density of nodes.
The algorithm includes the following two necessary parameters [19]:

1. Number of nodes (N): The maximum number of nodes from the source mesh that are considered
for mapping with one node of the target mesh.

2. Maximum distance (R): Only the nodes of the source mesh that lie inside a sphere with a radius
R—centered at the node of the target mesh—are taken into account.

The N closest nodes to a given source node are used to transfer data to the target node.
The data value assigned to the target node is a weighted average of the values at the N source

nodes. The weights are:
Yodi) B

The transferred value of the target node is then:

N PSource N 1
PTarget = Z : /Z T )
= i i

where d; is the distance between the source node and the target node, and PI.SOurce is the value of the
source node.

For example, when the target node is defined as a center, there are three source nodes (N = 3)
lying inside a sphere with R = 100 mm. Thus, the mapping data transfer relation is depicted in Figure 1.
The value at A is given by:

1 piSource 4 dl? pgyource 4 11173 p3Source

d
1 1 1

®G)

p Target =

After transferring data by the mesh mapping method, Virtual.lab software is used to conduct a
numerical simulation on the internal sound field of the silencer, and the TL is then determined by

Wy
TL = 10log;, <W2>' 4)
with
Wi = |p1* A1/ Z1, Wa = |pa|* Ar/ Zs. ®)
Substituting (5) into (4) yields
pP1p1Z2 A )
TL = 101o —= |, 6
B1o (Pzr’zz1 Ay ©)
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where W1 and W, are the acoustic power of the inlet and outlet of the silencer, respectively; p; and p,
are the sound pressure of the incident and the transmitted waves, respectively; p1 and p; are conjugate
complex numbers of p; and p», respectively; Z; and Z, are the acoustic impedance of the inlet and
outlet of the silencer, respectively; and A; and A; are the cross-sectional areas of the inlet and outlet of
the silencer, respectively.

® Target node
O Source node

R=100mm

Figure 1. Sketch of data transfer (Number of nodes N = 3, Maximum distance R = 100 mm).

2.2. Method Validation

In order to verify the accuracy of the proposed approach, a straight-through perforated tube
silencer with two different perforated patterns that was proposed by the authors of [20,21] and a
cross-flow perforated tube silencer that was proposed by the authors of [10] was considered. Previously,
Liu et al. [22] employed the 3D time-domain CFD approach to calculate the TL of two perforated
tube silencers at different flow velocities and temperatures, and their predictions were verified by
experimental data. Moreover, they found that the distribution of flow velocity inside the silencer was
anisotropic and nonhomogeneous. Therefore, it is not sufficiently accurate to consider the actual gas
flow as the mean flow. The approach proposed in this paper avoids this problem effectively.

Figure 2 presents the straight-through perforated tube silencer. The diameters of the inner and
outer cavities are d = 32 mm and D = 110 mm, respectively; the length of the silencer is I = 200 mm;
the thickness of the wall is 2 mm; and the diameter of the hole and the porosityare dh = 4 mm
and o = 4.7%, respectively, for Pattern 1, and dh = 8 mm and ¢ = 14.7%, respectively, for Pattern 2.
The cross-flow perforated silencer is illustrated in Figure 3. The diameters of the inner and outer
cavities are d = 49.3 mm and D = 101.6 mm, respectively; the lengths of tubes on both sides of the baffle
are /1 = I = 128.6 mm; each tube is perforated with 160 orifices, with a porosity of 3.9%, a diameter of
2.49 mm; and a wall thickness of 0.81 mm.
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Figure 2. Straight-through perforated tube silencer.
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d
D

Figure 3. Cross-flow perforated tube silencer.

The proposed approach is applied to calculate the TL for the silencers under different boundary
conditions, and the predictions were compared with the available measurement results. Figure 4a
and 4b compare the TL curves of the straight-through perforated tube silencer for Pattern 1 and
Pattern 2, respectively. Considering the predictions and measurements at an air flow of M = 0.1 and
a temperature of T = 288 K, it is evident that the predictions are in line with the experimental data.
The predicted and measured TL curves for Pattern 1, with M = 0.2 and T = 288 K, are presented in
Figure 5, and it is evident that these predictions are also in line with the experimental data. Figure 6
presents a comparison of the numerical results and the measurements for the cross-flow silencer with
an air flow velocity of v =17 m/s and T = 347 K, which again presents an excellent agreement.
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Figure 4. Comparison of the predicted and measured transmission loss (TL) for the straight-through
perforated tube silencer (Mach number M = 0.1, Temperature T = 288 K): (a) Pattern 1; (b) Pattern 2.

Based on the above comparisons, it is evident that the proposed approach displayed a high degree
of accuracy in investigating the acoustic attenuation performance of perforated tube silencers. This
high degree of accuracy should be attributed to the avoidance of using simplified temperature fields
and air flow in the calculation process. In doing so, the actual working condition of the silencer can be

467



Appl. Sci. 2018, 8, 545

better reflected. Additionally, it must be stated that the computations may be highly time-consuming
because there are too many orifices in the silencers, which increases the amount of mesh.
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Figure 5. Comparison of the predicted and measured TL for Pattern 1 (M = 0.2, T = 288 K).
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Figure 6. Comparison of the calculated and measured TL for the cross-flow silencer (v = 17 m/s,
T=374K).

3. Modeling and Steady Computation Using CFD

3.1. Modeling

The three-pass perforated tube silencer of a car that is considered in this paper is presented in
Figure 7. The silencer is divided into three chambers by two baffles. The inlet tube and the middle
buffer tube are respectively perforated by 40 and 48 orifices with 4 mm diameter, and the porosity
of the tubes are 2.7% and 5.8%, respectively. There is no perforation in the outlet tube. Additionally,
the axes of the three tubes are not on the same plane. Consequently, it is difficult to build a fluid model
directly inside the silencer because of its complicated structure. Therefore, firstly CATIA (version
V5R20, Dassault Systemes, Paris, France, 2010) software was used to build its structural model, and
then it was filled using ANSYS Workbench (version 14.5, ANSYS Inc., Canonsburg, PA, USA, 2012)
software to obtain the fluid model. Following this, the fluid model was split into several parts to
generate mesh individually. Tetrahedral mesh was applied to the perforation area and the transition
tube, and hexahedral mesh was applied to the remaining parts.

Figure 8a,b illustrate the CFD mesh model and the acoustic mesh model of the fluid model, which
will be used for CFD steady computation and acoustic computation, respectively. There is a different
node density between the two models. The CFD mesh is refined in the perforation area in order to
obtain more accurate results. However, the accuracy of the acoustic computation is determined by the
overall mesh. Local mesh refinement can not improve its accuracy, and thus the size of the acoustic
mesh element should be kept as uniform as possible.
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Figure 7. 3D geometrical model for the three-pass perforated tube silencer: (a) structural model;
(b) flow field model.

(a)

(b)

Figure 8. Mesh model for the three-pass perforated tube silencer: (a) computational fluid dynamics
(CFD) mesh model; (b) acoustic mesh model.

The steady flow computation is carried out using the CFD mesh model. The governing equations
for pressure velocity coupling—based on a finite volume method—are solved by the Semi-Implicit
Method for Pressure Linked Equations (SIMPLE) algorithm. Turbulence is examined using the standard
k-epsilon model [23]. The fluid material is air—with the density conforming to the ideal gas law—and
is considered as incompressible. The boundary conditions are concretely set as follows: (1) the velocity
inlet boundary condition is defined at the inlet of the silencer. According to the information provided
by the manufacturer, when the engine runs at 5500 r/min, the velocity and temperature of the inlet are
55m/s and 760 K, respectively; (2) the pressure outlet boundary condition is defined at the outlet of
the silencer, and the gauge pressure is 0 Pa—which is relative to one standard atmospheric pressure;
and, (3) the walls are assumed to be stationary—with no slip condition—and adiabatic.

3.2. The CFD Results

Figure 9 shows the temperature distribution in the axial cross sections of the three tubes of the
silencer. Overall, the temperature value decreases along the direction of the air flow. There is little
difference in temperature between the first and second chambers, where the value is approximately
574 K. However, in the third chamber, the value increases to approximately 670 K. The highest
temperature—which is approximately 751 K—occurs in the inlet tube. The temperature in the outlet
tube is close to the value of the first chamber, and it is distributed evenly. A greater temperature
gradient exists in the perforation area. Additionally, the temperature of the edge chamber is the lowest,
which results from the large difference in temperature between the inner and outer walls.
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Figure 10 depicts the velocity distribution in the axial cross sections of the three tubes of the
silencer. When air flows through the perforation area of the inlet tube and the middle buffer tube,
some of the air will enter into the second chamber through the orifices. At this moment, an eddy forms
in the perforation area (as shown in Figure 11) because of the disturbance of the airflows with different
velocities and flow directions, which may induce a greater velocity gradient in the perforation area.
Additionally, there exists a greater velocity gradient next to the nozzle of each tube, resulting from the
sudden change of the flow sections.
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Figure 9. Contour of temperature in the cross section of the silencer.
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Figure 10. Contour of velocity in the cross section of the silencer.
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Figure 11. Contour of turbulence kinetic energy in the cross section of the silencer.

Figure 12 illustrates the total pressure distribution in the axial cross sections of the three tubes of
the silencer. The highest pressure occurs in the inlet tube—especially in the perforation area—where
the value is approximately 23,660 Pa. In the second and third chambers, the pressure is reduced
to approximately 19,560 Pa. The middle buffer tube plays the role of the transition region with a
greater pressure gradient. Gradually, however, the pressure distribution tends to be uniform in the
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first chamber. The pressure is distributed more evenly in the outlet tube than in the other regions, and
the value is approximately —2313 Pa (the pressure, which is lower than the atmospheric pressure, may
be a result of the Venturi effect).
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Figure 12. Contour of total pressure in the cross section of the silencer.

Based on the CFD results, it is evident that the distributions of temperature and flow velocity are
non-uniform. Therefore, it is not accurate enough to consider them as uniform distributions.

3.3. Pressure Loss Calculation

The pressure loss equals the total pressure difference between the inlet and the outlet of a silencer.
Following the method of calculating the pressure loss that was proposed by the authors of [24] —whose
accuracy has been validated by experiments—nine evenly distributed points were selected in the cross
sections of the inlet and the outlet, respectively. The average total pressure of the nine points was
considered to be the total pressure of the corresponding cross section. Therefore, the pressure loss
could be expressed as

Ap = Ph — Ph @)

where P, is the total pressure of the inlet, and Py, is the total pressure of the outlet.

Figure 13 presents the cross section of the silencer in question for the pressure loss calculation.
The total pressure distribution—predicted by the steady computation using CFD—is applied to
obtain the pressure loss of the silencer. The value of the pressure loss is approximately 37,710 Pa.
The following explanation is a plausible explanation for the pressure loss that occurred: When air flow
moves from the chamber to the tube—or vice versa—the mechanical energy of the air flow is reduced
dramatically because of the sudden change of the flow sections. Moreover, there are large-scale eddy
zones present in the perforation area that restrict air flow and lead to energy dissipation, which results
from the increased turbulence kinetic energy (as shown in Figure 11).
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Figure 13. The selected points for the total pressure calculation in the cross sections of the inlet and
outlet of the silencer.
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4. Sound Field

4.1. Check the Maximum Frequency Value of the Acoustic Mesh

When there is mean flow, the maximum frequency value that is allowed by the acoustic mesh is

defined by

f max — %r (8)
where cis the local sound velocity, M is the mean flow Mach number, and L is the mesh element size [19].
Therefore, the calculated frequency must satisfy the condition f < fmax in order to guarantee accuracy
during the acoustic calculation. This means that the maximum size of the acoustic mesh should be
small enough to allow at least six elements to fit into the wavelength of the calculated frequency.

The CFD results that were acquired in Section 3.2—including the temperature and flow
velocity—are transferred to the acoustic mesh (presented in Figure 8b) by mesh mapping. Following
the data transfer, the maximum frequency value of the investigated acoustic mesh was obtained
through checking the maximum frequency report in Virtual.Lab. The observed value is 3676.1 Hz.
The noise frequency that needs to be calculated for the silencer is usually below 3000 Hz. Therefore,
the investigated acoustic mesh could guarantee computational accuracy.

4.2. Effects of Temperature Changes on the TL of the Silencer

Prior to performing the acoustic computation, the inlet of the silencer is supplied with a unit
vibration velocity source. Additionally, an anechoic end duct property is defined at the end of the
outlet to simulate the anechoic termination condition. It is known that the existing acoustic mesh is
valid up to a frequency of 3676.1 Hz. Therefore, the analysis is conducted from 20 Hz to 2000 Hz,
in linear steps of 10 Hz. Additionally, an input point and an output point are chosen from the inlet
and the outlet of the silencer, respectively. Figure 14 presents the sound pressure level of the inlet and
outlet of the silencer, calculated by the proposed approach. Figure 14a—c present the sound pressure
level of the inlet and outlet of the silencer with the same flow velocity but different temperatures.

Based on the sound pressure of the inlet and the outlet, the TL of the silencer is calculated using
Equation (6). Figure 15 indicates the TL predictions with the same flow velocity (55 m/s) and different
temperatures. It may be noted that, as the temperature rises, the TL curves move to a higher frequency
and the acoustic attenuation is reduced at most frequencies. Considering the TL curves from Figure 15a
as an example, a valley at 850 Hz is moved to 1160 Hz with an increase in temperature from 560 K
to 760 K. Similarly, a peak moves from 1240 Hz to 1560 Hz, while their corresponding TL values are
reduced by 10 dB and 20 dB, respectively.
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Figure 14. Cont.
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Figure 14. The sound pressure level of the inlet and outlet of the silencer (v =55m/s): (a) T =760 K;
(b) T=560K; (c) T =960 K.
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Figure 15. Effects of temperature on the TL of the silencer (v = 55 m/s) : (a) 760 K versus 560 K;
(b) 760 K versus 960 K.

4.3. Effects of Flow Velocity Changes on the TL of the Silencer

It is evident from the flow velocity distribution in Figure 10 that the velocity inside the silencer is
lower. Therefore, it is assumed that the air flow mainly influences the sound wave propagation, and the
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turbulence noise is neglected [25]. Following the proposed approach, the sound pressure level curves
of the inlet and outlet of the silencer—with the same temperature but different flow velocities—are

presented in Figure 16.
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Figure 16. The sound pressure level of the inlet and outlet of the silencer (T = 760 K): (a) v =20 m/s;

(b)v=35m/s.

Figure 17 indicates the effects of increasing the flow velocity on the TL predictions at the same
temperature (760 K). It can be observed that, as the velocity goes up, the TL curves move to a slightly
lower frequency and the acoustic attenuation is increased slightly at most frequencies. The variation
of the TL curve may be attributed to the fact that the higher velocity increases the acoustic resistance
of the perforations and reduces the effective flow area of the orifices [26]. This causes the frequency
response of the silencer to differ from a static state. Generally, however, the propagation of the sound
wave is only changed dramatically if the air flow Mach number is greater than 0.3 [27]. Therefore,
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Figure 17. Effects of flow velocity on the TL of the silencer (T = 760 K).

800 1200
Frequency (Hz)

474

1600 2000



Appl. Sci. 2018, 8, 545

5. Conclusions

This paper proposes a new approach—based on CFD results—to investigating the effects of
temperature and flow velocity on the acoustic attenuation performance of a perforated tube silencer
of a car. The validation results suggest that the proposed approach can make accurate predictions.
In actual fact, the proposed approach is distinguished from the existing approaches by defining the
fluid properties of every acoustic mesh element under the CFD results (including temperature and
flow velocity). In doing so, the simplification of the temperature and flow velocity distribution is
avoided, thus the effect can be predicted in greater detail. The results indicate that air flow velocity
and temperature variation may have an effect on the investigated three-pass perforated tube silencer.
An increase in temperature will shift the TL curve to a higher frequency and reduce the acoustic
attenuation at most frequencies. As flow velocity increases and the curve is moved to a slightly lower
frequency, the acoustic attenuation is enhanced, although the tendency is not particularly obvious.
Additionally, the pressure loss of the perforated tube silencer can be calculated through the total
pressure distribution from the CFD results. When the engine runs at 5500 r/min, the calculated value
is approximately 37,710 Pa.
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Abstract: Previous methods for modelling Rayleigh waves produced by a meander-line-coil
electromagnetic acoustic transducer (EMAT) consisted mostly of two-dimensional (2D) simulations
that focussed on the vertical plane of the material. This paper presents a pseudo-three-dimensional
(3D) model that extends the simulation space to both vertical and horizontal planes. For the vertical
plane, we combines analytical and finite-difference time-domain (FDTD) methods to model Rayleigh
waves’ propagation within an aluminium plate and their scattering behaviours by cracks. For the
horizontal surface plane, we employ an analytical method to investigate the radiation pattern
of Rayleigh waves at various depths. The experimental results suggest that the models and the
modelling techniques are valid.

Keywords: Analytical solutions; FDTD; EMATs; beam directivity

1. Introduction

A wide group of non-destructive testing (NDT) techniques are commonly used in biomedical
industries, such as ultrasonic techniques, electromagnetic techniques, and laser testing [1-4]. Due to the
non-contact nature, more and more attention has been paid to the NDT technique with electromagnetic
acoustic transducers (EMATs), and EMATs have gradually been used in industrial applications, such
as thickness gauging and defect detection [5-8].

A classic EMAT sensor is made of a meander-line-coil and a permanent magnet (Figure 1).
There are two major coupling principles for EMATs: magnetostriction is for ferromagnetic metallic
materials, and the Lorentz force mechanism is for conductive and ferromagnetic materials [9].
This work focussed on only the Lorentz force mechanism performing on an aluminium plate.
The Lorentz force mechanism is: the meander-line-coil placed above the sample generates eddy
currents J within the sample. A permanent magnet placed above the coil generates a static magnetic
field B to the sample. The interaction between J and B produces Lorentz force density F, as shown in
Equation (1):

F=JxB 1)

Substantial works have been reported on EMATs modelling, which comprises an electromagnetic
(EM) model and an ultrasonic (US) model [10-12]. The EM model was accomplished by the finite
element method (FEM) and the analytical method, while the US model was accomplished with FEM,
the finite-difference time-domain method (FDTD), and the analytical solutions. Some of the previous
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work modelled EMATs by combining FEM and analytical solutions, i.e., FEM for EM modelling, and
analytical solutions for US modelling [10-12]. On the other hand, some of the previous work utilised
FEM for both EM and US modelling, i.e., COMSOL (a commercial EM simulation package) for EM
modelling, and Abaqus for US modelling [13,14]. Authors have proposed several methods to model
EMAT5, including a method combining FEM and FDTD, a method combining analytical solutions and
FDTD, and a wholly analytical method [15-18].

Permanent magnet

Test p‘c<

Figure 1. The configuration of a typical meander-line-coil electromagnetic acoustic transducer (EMAT).
Reproduced with permission from [15], IEEE, 2016.

Meander-line

Most of EMATs’ simulations were two-dimensional (2D), and can only focus on the specific plane.
This article is attempting to build a pseudo-three-dimensional (3D) model in order to further study
EMATSs by combining a surface plane 2D model (the x-y cross-section shown in Figure 1) and a vertical
plane 2D model (the y-z cross-section shown in Figure 1) together. More specifically, the Lorentz force
density obtained from the vertical plane of the sample is imported to the surface plane of the sample
as the driving source to generate Rayleigh waves. Previously, only the beam directivity at the surface
of the sample (z = 0 in Figure 1) was investigated [18,19]. However, Rayleigh waves not only distribute
along the surface (z = 0), they also distribute within a depth of the Rayleigh waves” wavelength.
Some industrial defects are within the sample instead of on the surface of the sample; in order to use
Rayleigh waves to detect such defects, the beam directivity of the Rayleigh waves at various depths
is worth investigating. In this article, the equations to study the beam directivity are more complete
compared to the approximate equations presented in [18] by Xie et al., and the beam directivity at
various depths are investigated. This study lays a solid industrial foundation for near-surface defects
detection using Rayleigh waves, and can be a starting point to build an advanced 3D EMAT model
in the future. Except for near-surface detection, the proposed strategy can be used to perform body
detection, i.e., to model bulk waves, including longitudinal waves and shear waves. In addition, the
proposed 3D EMAT model can be used to characterise other EMAT structures to generate surface
waves, such as unidirectional Rayleigh waves EMATs and multiple directional Rayleigh waves EMATs.
The 2D simulation on the vertical plane utilizes the analytical method and FDTD; the 2D simulation
on the vertical plane and experimental validations are introduced in Section 2. The pseudo-3D model
is presented in Section 3 to investigate the radiation pattern of Rayleigh waves at various depths by
utilizing a wholly analytical solution. This work is an extension of the work published in [15,18] by
Xie et al.

2. Vertical Plane Modelling

Previously, the authors have conducted EMAT modelling for Rayleigh waves focussing on the
vertical plane of the material. This model combines the analytical method and FDTD to model
EMATSs [15]. The dimension and material of the test piece, the coil, and the permanent magnet are the
same as the ones used in [15] by Xie et al. Based on such design, the working frequency used to form
the interference of Rayleigh waves is 483 kHz.
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2.1. EMAT-EM Model

This section introduces the EMAT-EM model to analyse the distribution of F (Lorentz force
density). Firstly, the classic Dodd and Deeds solution [20] to the vector potential is described, and the
strategy of adapting the circular analytical solutions for a straight wire is introduced (Section 2.1.1).
The FEM is employed to validate the adapted solution (Section 2.1.2). Finally, based on the adapted
analytical solutions, the distribution of Lorentz force density is presented (Section 2.1.3).

2.1.1. Adapted Analytical Solutions to the Vector Potential for a Straight Wire

The governing equations for calculating eddy currents are described in Equations (2)—(4):

0A ’A 1

2 — — [ —
VA = yIerUatersatz +yV(H)><(V><A) ()
E=—jwA (©))
J=0E 4)

where A is the vector potential generated by I, w and I are the angular frequency and the density of
the applied alternating current (AC), respectively, ¢, 4 and ¢ are the permittivity, permeability and
conductivity of the test piece respectively, and E and J are the induced electric field and eddy current
density, respectively [20].

As described in [15] by Xie et al., for a small radius circular coil, the distribution of the vector
potential A at z = 0 (surface of the sample) is not symmetrical with the radius due to the bent wire.

The coil used in this work consists of straight wires; thus, the analytical solution for a straight
wire is needed. The adapted solution for a straight wire has been presented in [15] by Xie et al. Here is
a brief introduction. A hypothesis is proposed: if the radius of the circular coil, compared with its
width, is very large, a bent wire can be viewed as a straight wire, and the distribution of A should be
symmetrical. To validate such a hypothesis, a model is built with a large-radius circular coil above
the aluminium plate. The aluminium sample used has a dimension of 80 mm x 30 mm, and the
inner radius and the outer radius of the circular coil are set to 5.0395 m and 5.0405 m, respectively.
At kHz, the current density applied to the circular coil is 1 A/m?, and the lift-off of the coil is
1 mm. The permeability and the conductivity of the aluminium plate are 1.257 x 10~° H/m and
3.8 x 107 Siemens/m, respectively.

The distribution of the magnitude of A based on the adapted solution is shown in Figure 2. The red
marker denotes the maximum magnitude of the vector potential. The distribution of the magnitude of
A is symmetrical with the radius of 5.04 m, where the coil is located. The result verifies the hypothesis
that, when the radius of the circular coil is very large, a bent wire serves as a straight wire.
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Figure 2. The magnitude distribution of A under a large-radius circular coil. Reproduced with
permission from [15], IEEE, 2016.
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2.1.2. Comparison between the Adapted Solution and FEM

In order to compare the adapted solutions to FEM, Maxwell Ansoft, which is a FE solver, is utilised.
The FEM model has a rectangular cross-sectional coil located above the cross-sectional aluminium
plate, and is surrounded by a vacuum region that is four times larger than the sample. The FEM
subdivides the large model to smaller elements, and this FEM solves the calculation by minimising the
energy error. In this work, when the elements number is beyond 20,000, the energy error is as low as
0.05%, which is sufficiently accurate for the FEM computation. In this work, the mesh number used is
20,395, and the boundary used is a balloon boundary to simulate an infinite space. The distribution of
A at the sample’s surface (z = 0) is presented in Figure 3. The analytical solution and FEM present a
good agreement at an operational frequency of 1 kHz. However, at a working frequency of 1 MHz, the
distribution of A from the FEM is not smooth compared to that from the analytical solution; the reason
is that the FEM is affected by the elements density and numerical approximation is unavoidable, etc.
Therefore, the adapted analytical method presents a more accurate result compared to FEM, especially
for a high working frequency.

= Analytical method === FEM
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Figure 3. The distribution of A from the adapted analytical solution and the finite element method
(FEM). The left curves are the results at 1 kHz, while the right curves are the results at 1 MHz.
The red curve is the result from the FEM, and the blue curve is the result from the analytical solutions.
Reproduced with permission from [15], IEEE, 2016.
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2.1.3. EMAT-Lorentz Force Calculation

The analytical solution to a straight wire has been described in Section 2.1.2. A (vector potential)
generated by a meander-line-coil is the addition of A generated by every single straight wire. The zone
where the meander-line-coil mainly operates on is selected to model EM simulation to increase
the modelling effectiveness. The distribution of A and F at z = 0 are shown in Figures 4 and 5.
The generated periodic fields have different directions for any neighbouring wires, since their applied
ACs are opposite, and therefore, the periodic distribution of A and F has six positive values and six
negative values. The outermost A and outermost F are largest, because A is under the outermost wires,
and thus is only determined by the fields on one side.

s Distribution of A along the surface of the aluminium plate
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Figure 4. For a meander-line-coil, the distribution of the vector potential A at z = 0. Reproduced with
permission from [15], IEEE, 2016.
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Figure 5. For a meander-line-coil, the distribution of the Lorentz force density F at z = 0. Reproduced
with permission from [15], IEEE, 2016.

2.2. EMAT-US Simulation

2.2.1. Elastodynamic Equations

Elastodynamic equations (Equations (5) and (6)) are a group of partial differential equations to
model the wave propagation:

p(x)

ot

a‘(),‘ d

(x/t) = Z

j=

1 0x;
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T, & & vy

7; = 21 Z{ Cijkl(x)aTcl +0;(x, t) (6)
j=li=

where p and c;j; are the density and the fourth stiffness tensor of the material, and f; and 0;; are the

force source and strain tensor rate source, respectively.

2.2.2. Combination of EMAT-EM and EMAT-US Models

As described in Section 2.1.3, F is obtained from the EMAT-EM calculation. In this section, F,
which is used as the force source, is imported to the EMAT-US model to produce ultrasound (Figure 6).
Since F is calculated in the frequency domain and FDTD is a time-domain solver, the excitation signal
for the EMAT-US model is a time sequence signal with the peak equalling the peak values of F.
The excitation signal used is a Gaussian-modulated sinusoidal with a fractional width of 0.18. A crack
and a receiver R are located within the sample, as shown in Figure 6. Regarding the FDTD setup in the
ultrasonic model, there are two main parameters: the spatial step, and the time step. The spatial step
used is 0.2 mm, which approximately equals to 1/30th of the wavelength. The time step is 0.0222 ps,
which is calculated based on the Courant-Friedrichs-Lewy (CFL) condition. Free surface conditions
are utilised on the surface of the sample. Perfectly-matched layers (PML) with a thickness of 16 mm
are utilised to absorb ultrasound.

Electromagnetic model Ultrasonic model
Lor;amz force density distribution
4

e X

R 'cmck
Qﬁ.‘ surface ) (400,20)  (500,25)
Aluminium plate

£ |
r (mmy} 0 300 600
(mm)

25

Figure 6. On the vertical plane of the material, the combination of the EMAT-electromagnetic (EM) and
EMAT-ultrasonic (US) models. Reproduced with permission from [15], IEEE, 2016.

2.2.3. Wave Propagations

Based on FDTD calculations, the velocity fields of ultrasound waves are obtained. The velocity
fields at 27 us and 83 us are shown in Figure 7, which describes the Rayleigh waves’ propagation and
their scattering behaviours, respectively. The white arrows denote the propagation path.

—~ () Wave propagation: t=27 us
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Figure 7. Wave propagations. (a,b) denote the velocity fields at 27 ps and 83 us, respectively.
Reproduced with permission from [15], IEEE, 2016.
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2.3. EMAT-Reception Simulation

The EMAT reception process has been reported quite a lot [21]. The received signal from
simulations is shown in Figure 8, where DRW and RRW denote the directly transmitted Rayleigh waves
and the reflected Rayleigh waves, respectively. The propagation distance of DRW and RRW is 100 mm
and 300 mm, respectively, and the velocity of Rayleigh waves is 2.93 mm/ us; hence, the theoretically
arrival time of DRW and RRW is 34 ps and 102.4 ps, respectively. Figure 8 shows the numerically
arrival time of DRW and RRW; these numerical and experimental results present a good agreement.
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Figure 8. The received signal from simulations. Reproduced with permission from [15], IEEE, 2016.

2.4. Experimental Validations
Experiments were carried out to validate the proposed modelling method. The setup of the
experiments is the same as that of our previous work [15]. The received signals from experiments are

shown in Figure 9, where three signals are observed. The “Main bang” is the interference signal due
to a high power excitation, arriving before DRW and RRW. The red curve and the blue curve are the

envelope and the time series signal, respectively.
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Figure 9. The received signal from experiments. The blue curve denotes the induced voltage in
the received coil, and the red curve denotes the envelope of the received signal. Reproduced with
permission from [15], IEEE, 2016.

Figure 10 shows the envelope of DRW and RRW from experiments and simulations. The experimental
arrival times of DRW is 34 us, which is consistent with the numerical results. However, the
experimental arrival time of RRW is slightly different from the simulations. This is because of the
approximated model used and the inevitable experimental noise.
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Figure 10. The envelope of the received signals. The blue curve and the red curve are the envelope of
the received signal from simulations and experiments, respectively.

3. Horizontal Surface Plane Modelling—Directivity Analysis of Rayleigh Waves

The main mode of propagation on the horizontal surface of the material is the Rayleigh wave.
The radiation pattern and the beam directivity of Rayleigh waves at z = 0 (Figure 1) were reported
in [18] by Xie et al. Rayleigh waves not only distribute along the surface (z = 0), they also distribute
within a depth of the Rayleigh waves’ wavelengths. However, Rayleigh waves not only concentrate
on the surface, they also concentrate within a depth of one wavelength. In this section, the beam
directivity of Rayleigh waves at various depths are investigated utilising an analytical method.

3.1. The Analytical Solution to the Displacement of Rayleigh Waves

N. A. Haskell proposed an analytical solution to Rayleigh waves [22,23]. Ref. [24] by Love
introduced these solutions in detail, and investigated the beam directivity of Rayleigh waves at z =0
with approximated equations. However, Rayleigh waves not only concentrate on the surface; they
also concentrate within a depth of one wavelength. The complete equations of the Rayleigh waves’
displacement at various depths are:

up = A,z F 2O DR 2 gy T sty )

B v r

N
SRR o
where: )
Ak 1,2) = _ KO 2 (-ikr—zop) )
/T, 4p(2f:3wﬁ) TIKT

v = cos (6) (10)

(
\/(w/cL)z—K2 K< w/cp
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i
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i’ iv/(w/cs)? — K2 K < w/cs

K =

/ 2
0y = —(w/cr) K> w/cp a1
)

w
— 13
o (13)
where u, and u; are the in-plane and the out-of-plane displacement to be calculated, respectively; r is
the distance between the source point and the field point (Figure 11); F is the excitation source; p is the
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density of the material; 6 is the angle between the force vector and the in-plane displacement vector;
w is the operational angular frequency; z is the depth; and ¢y, cs, cg, and x are the velocity of the
longitudinal waves, shear waves, Rayleigh waves, and the wave number, respectively.

Aluminium Plate

® Sowrce Point
® Ficld Point

Figure 11. The model used to simulate Rayleigh waves. Reproduced with permission from [18],
Elsevier, 2017.

3.2. Linking EMAT-EM and EMAT-US Models

On the surface plane of the material, the combination between the EMAT-EM model and the
EMAT-US model is described in Figure 12. The calculated F values, acting as the excitation source, are
imported to each surface layer at various depths. The Rayleigh waves’ distribution is the addition of
the Rayleigh waves generated by each point source. Table 1 illustrates the parameters used for the

EMAT-US model.

Electromagnetic model E| » Ultrasonic model
Lorepiz force density distribution =
4 = | Aluminium Plate Surface
g
F"E = LY EE
s o UUH0
W 2 m ’
“o 50 100 .
r(mm)

300 mm 600 mm

Figure 12. On the surface plane of the material, the transformation between the EM and US models.
Reproduced with permission from [18], Elsevier, 2017.

Table 1. Detailed parameters used for the EMAT-US modelling.

Description Symbol Value
Length of the aluminium plate Y 600 mm
Width of the aluminium plate X 600 mm
Field spatial step Axg 1 mm
Length of the meander-line-coil L 50 mm
Source spatial step for each wire Axs 0.2 mm
Density of the aluminium plate I4 2700 kg/m?
Frequency f 483 kHz
Longitudinal waves’ velocity C 6.375 mm/us
Shear waves’ velocity Cs 3.14 mm/ps
Rayleigh waves’ velocity Cr 2.93 mm/us
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3.3. Analysis of the Beam Directivity of Rayleigh Waves

Figure 13 shows the calculated Rayleigh waves’ radiation pattern at z = 0, which is symmetrical
with the center of the coil. Rayleigh waves are mainly generated along the y direction (main lobe)
and some undeniable directions (side lobe). The characteristics of Rayleigh waves are quantitatively

investigated by means of beam directivity, as shown in the red arc in Figure 13 (r = 250 mm, 6; = —70°,
and 6, =70°).
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Figure 13. The radiation pattern of Rayleigh waves generated by the meander-line-coil EMAT.
Reproduced with permission from [18], Elsevier, 2017.

The beam directivity of Rayleigh waves at z = 0 is shown in Figure 14. A main lobe contains a larger
magnitude compared to the side lobes, which contain a smaller magnitude. The main lobe is centered
at 0°, and the side lobes are roughly centered at —25.5°, —18°, —10°, 10°, 18°, and 25.5°, respectively.
The largest magnitude of the side lobes is 25.87% that of the main lobe. In most applications, side lobes
are usually undesirable.
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Figure 14. The simulated beam directivity of Rayleigh waves at z = 0. Reproduced with permission
from [15], IEEE, 2016.

The beam directivity of the Rayleigh waves at various depths is shown in Figure 15.
The magnitude of the beam directivity is normalised. From this image, the magnitude of the Rayleigh
waves decays with the depth, especially for the depth larger than one Rayleigh wavelength. At a depth
equalling to one Rayleigh wave’s wavelength, z = 6 mm, the magnitude of the Rayleigh waves is 34.9%
of that at z = 0. At a depth of 7 mm, the magnitude of the Rayleigh waves decays to 22.8% of that at
the surface of the test piece (z = 0). This observation confirms that Rayleigh waves mainly distribute
within a depth equal to one Rayleigh wavelength.
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Beam directivity at various depths
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Figure 15. The simulated beam directivity of Rayleigh waves at various depths.

3.4. Experimental Validations

In Figure 15, based on the analytical simulations, the distribution of the Rayleigh waves at various
depths is presented. In this part, the measured results at z = 0 are picked to compare with the simulation
results. The experimental setup was the same as the one in Section 2.4. The measured beam directivity
at z = 0 is obtained by placing the receiver along the scanning path, as shown in Figure 16. Figure 17
shows the beam directivity results at z = 0 from simulations and experiments. Thirty-three measuring
points on the scanning path were picked with a moving step of 2.5°. The measured beam directivity at
z = 0 agrees well with the simulated beam directivity, which validates the proposed method. There are
some non-overlapping points between these two curves due to several factors, which include the
experimental noise and the tolerance of the receiver’s position, etc.
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Figure 16. The scanning path of the receiver.
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Figure 17. The comparison between the simulated beam directivity and the experimental beam
directivity at z = 0. The red curve is the beam directivity from simulations, while the blue curve is the
beam directivity from experiments.
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4. Conclusions

A pseudo-3D model for simulating meander-line-coil EMATs was proposed. A method combining
the analytical method for the EM model and FDTD for the US model was utilised to simulate the
Rayleigh waves’ propagation. On the other hand, a wholly analytical method was utilised to simulate
the radiation pattern of the Rayleigh waves. For both cases, analytical solutions to the EM model
were adapted from the classic Dodd and Deeds solution in order to calculate eddy currents under
straight wires. By comparing with the FEM, the analytical solutions are more accurate. Experiments
were conducted in order to validate the proposed method, and these showed a good consistency.
The beam directivity of Rayleigh waves at various depths were investigated, and results confirmed
that Rayleigh waves mainly distribute within a depth of one wavelength of Rayleigh waves. Overall,
this pseudo-3D model combines both the vertical plane and surface plane of EMAT models, and
provides the beam directivity of Rayleigh waves at various depths, which have not been reported
previously. Therefore, this work can be a starting point to build an advanced EMAT 3D model in the
future. There are some limitations of the proposed 3D EMAT model. Firstly, it can only be applied in a
homogeneous medium. It is worth investigating the 3D EMAT model for a multiple-layer medium,
since multiple-layer samples are widely used in applicable industries. Secondly, the EMAT-US model
on the vertical plane of the sample uses an approximated model with only point sources (Lorentz force
density) to generate Rayleigh waves. A more detailed model with volume sources within the skin
depth is worth considering in the future. In addition, it is worth investigating the scattering behaviours
of defects in other orientations, as it is a variable in practical application.
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Abstract: A single frequency of 500 Hz is used as the equivalent frequency for traffic noise to calculate
the approximate diffraction in current road barrier designs. However, the noise frequency changes
according to the different types of vehicles moving at various speeds. The primary objective of
this study is the development of a method of calculating the insertion loss based on frequencies.
First, the noise emissions of a large number of vehicles classified by speed and type were measured
to obtain data the noise spectrum. The corresponding relation between vehicle type, speed, and noise
frequency was obtained. Next, the impact of different frequencies on the insertion loss was analyzed
and was verified to be reasonable in experiments with different propagation distances compared to
the analysis of a pure 500 Hz sound. In addition, calculations were applied in a case with different
traffic flows, and the effect of a road noise barrier with different types of constituents and flow speeds
were analyzed. The results show that sound pressure levels behind a barrier of a heavy vehicle flow
or with a high speed are notably elevated.

Keywords: noise barrier; insertion loss; vehicle frequencies; diffraction; flow speed

1. Introduction

The rapidly increasing number of vehicles is in the world, especially in many developing countries,
has raised the serious problem of traffic noise [1-3]. Traffic noise is disturbing to the daily routine of
residents along the roads [4]. Many issues, physiological [5] and psychological [6] health problems,
are demonstrated to be related to a noisy environment. To reduce traffic noise, one of the most effective
methods is to set noise barriers along the roads [7].

Current research on noise barriers primarily focuses on noise calculation [8,9], the effects of
barrier shapes [10,11], and the design of barriers [12-15]. As one of the important aspects, prediction
of the insertion loss by the noise barrier has been attracting the attention of scholars, and both
mathematical and experimental approaches have been developed. The mathematical formula was first
developed by Sommerfeld in 1896 [16] and has been subsequently developed by many other scholars.
As such, rigorous diffraction results can be calculated in mathematical methods, e.g., the Boundary
Element Method [17], the Finite Element Method (FEM) [18], and the Finite Difference Method
(FDM) [19]. In many cases, the typical procedure for the mathematical computation is too complicated
to be applicable to the engineering application. Alternatively, comprehensive sets of data have been
measured to plot the experimental attenuation of noise barrier since 1940 [20]. The most famous
data set is the Maekawa chart [21], and many experimental formulae were developed based on
Maekawa’s original chart [22,23], including Kurze and Anderson’s derived formula [24]. Kurze and
Anderson’s formula is widely used and is regarded as the simplest experimental practice for application
in China and many other countries. Fresnel number, which is the single parameter in Kurze and
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Anderson’s diffraction formulae, is the ratio between the path length difference and half of the sound
wavelength [25,26].

In practical application, the path length difference of a noise barrier is defined by a particular
source-barrier-receiver geometry and easily measured. However, because of the multiple frequency
components of traffic noise, the computation of diffraction is always time consuming. The noise
frequency changes according to the different types of vehicles travelling at various speeds.
Hence, the noise protection performance of the barrier depends on the traffic flow states. For simplicity,
an equivalent frequency of 550 Hz can be set to represent the total frequency band in the calculation
of diffraction suggested in the FHWA traffic noise model [27]. In the 1/3rd-octave-band spectrum,
the frequency of 500 Hz is used in the approximate calculation of diffraction and noise reduction
effect of a sound barrier [9,28-31]. However, the data used was collected from 1993 and 1995, and the
characteristics of vehicle noise have changed since then because of the variety of vehicle types and
speeds [32]. Moreover, in the micro traffic noise prediction model, the reduction effect of a noise barrier
should consider every vehicle to be point source. Therefore, a single 500 Hz frequency is not adequate
in the noise reduction calculation of a sound barrier.

In this paper, data of the noise spectrum of different vehicles in a variety of speed ranges were
measured to calculate the equivalent frequency. The corresponding relationships among vehicle type,
speed, and noise frequency were obtained. Several path length differences were preset to calculate the
1/3rd-octave-band diffraction and the total diffraction. Next, verification experiments were established
to ensure the calculation accuracy of barrier diffraction based on different equivalent frequencies.
Last, an application of the approach to different traffic flows is implemented, and the effects of a barrier
to traffic noise for different speeds and different types of constituents are analyzed.

2. Methods

2.1. Measurement Method of Vehicle Noise Spectrum Data

The measurements were conducted on the roadside of seven typical dry roads in Guangzhou,
China, with a surface constructed of asphalt concrete. The parameters of surface could refer to the
Chinese standard JTG F40-2004 (Technical Specification for Construction of Asphalt Pavements) [33].
To avoid possible disturbances, the samples were collected in places far away from intersections, rivers,
and populated areas. The chosen urban roads have the following speed limits: 2 roads with 70 km/h,
3 roads with 60 km/h, 1 road with 50 km/h, and 1 road with 40 km/h. The spectrum was captured
when the A-weighted sound pressure level during a vehicle pass-by was at its maximum, and the
sampling frequency of sound level meter was 23 Hz, i.e., 23 spectra per second. Only one vehicle
was measured at a time. In Figure 1, the locations of the measurement sites are shown. Both sites
were 1.2 m high and 6 m to the roadside with a distance of 50 m to each other. In the experiment,
the subject vehicles only moved from left to right alone. As the single vehicle passed by measurement
site 1, the noise spectrum data were recorded by a digital noise recorder. The vehicle speed had little
variation between points 1 and 2 while traveling on a long-straight road with a very sparse traffic flow.
The vehicle speed was detected by a laser speedometer at measurement site 2.

In this paper, the vehicles are classified into three categories: heavy cars, middle cars, and light
cars. The 1/3rd-octave-band sound pressure level (SPL) and the total SPL are included in the noise
spectral data. All the noise data are A-weighted.
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Figure 1. Locations of the Measurement Spots.

In this paper, 1351 sets of valid data were collected, among which 973 sets were light car data,
166 sets were middle car data, and 212 sets were heavy car data. The distribution of the samples is
shown in Table 1.

Table 1. Distribution of the samples of vehicle noise spectra.

Speed Light Car Middle Car Heavy Car
[0, 40) km/h 39 23 41
[40, 50) km/h 186 48 80
[50, 60) km/h 317 57 55
[60, 70) km/h 222 38 36
[70, 80) km/h 134
>80 km/h 75

2.2. Noise Spectra of Different Vehicle Types and Speeds

To analyze the frequency characteristics of traffic noise of different types of vehicle with various
speed, the 1/3rd octave band spectrum data of vehicles were recorded, including 34 frequencies from
10 Hz to 20,000 Hz. To facilitate the analysis of the frequency characteristics, the following ranges
are defined: frequencies from 10 Hz to 315 Hz are low frequency; 400 Hz to 800 Hz are medium-low
frequency; 1000 Hz to 2500 Hz are medium-high frequency; 3150 Hz to 20,000 Hz are high frequency.
To analyses the frequency characteristics of traffic noise and exclude the effect of SPL, the noise energy
percentage of the 1/3rd octave band spectrum was calculated [34], as given by the following formulas
(Equations (1)—(3)):

E(l,]) _ 100A1*L(i,j) (1)
yo L EG))
E@D) = £5 G, ®
]
CE(,))
Eo(j) = ——— @)

i
where i is the number of vehicles, j is the number of frequencies; L(i, j) is the SPL (dB), E(i, j) is the
relative value of noise energy (dimensionless quantities), E’(i, j) is the noise energy percentage (%),
and Eg(j) is the mean percentage of noise energy (%).
From the equations, the SPL of each frequency of each vehicle is transformed to the noise energy
percentage of each frequency. Figure 2 depicts the average noise energy percentage versus frequency
for each type of vehicle with different speeds.
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Figure 2. Noise energy percentage with the 1/3rd octave band spectrum frequencies at different speeds
of three types of vehicles. (a) light vehicles; (b) middle vehicles; (c) heavy vehicles.

As shown in Figure 2, the noise energy percentage of the different speeds of three types of vehicles

were performed with the 1/3rd octave band spectrum frequencies in the range of 10-20,000 Hz.
The following points can be made:

A.

For a light vehicle, the noise energy is concentrated in the range of 500-2500 Hz, with peak
frequency at approximately 1250 Hz. For a middle vehicle, the noise energy is concentrated
in the range of 315-2500 Hz, with peak frequency at approximately 1600 Hz. For a heavy
vehicle, the noise energy is concentrated in the range of 315-2500 Hz, with peak frequency at
approximately 500 Hz.
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Speed will affect the SPL of a vehicle and the frequency characteristics of a vehicle. Noise spectra
exhibit a trend of concentrating as the speed increase. Take the light vehicle case as an example,
the noise energy percentage at the primary frequency range of 1000 Hz to 2500 Hz increases
with speed, whereas the percentage of insignificant frequencies, such as low and medium-low
frequencies, decrease with speeds. In addition, the main frequencies increase as the speed grows,
especially for a light vehicle.

The noise frequencies of the heavy vehicles are mainly medium-low frequency and medium-high
frequency, which is quite different from the noise frequencies of light and middle vehicles, as their
frequencies are mainly medium-high frequency.

The emission noise of a vehicle can be divided into engine noise and tire/asphalt noise. Most of
the light vehicles have gasoline engines. The contribution of engine noise is far less than the
tire/asphalt noise. The proportion of diesel engines is high when for middle vehicles and
heavy vehicles. The noise caused by diesel engine represents a large proportion, leading to a
bi-modal trend in the noise spectra, which is in agreement with the rules presented by previous
studies [34,35].

2.3. The Calculation Method of Insertion Loss

The center frequency with the minimum mean deviation between the 1/3rd-octave-band

diffraction and the total diffraction is the equivalent frequency [36]. The equivalent frequency could be
used in the approximate calculation of barrier attenuation. The results of the approximate calculation
are close to the direct calculation using the whole spectrum as parameters, and the total error is
always less than 1 dB. The procedures for calculating the insertion loss in this paper are presented
below. Generally, several path length differences were preset first to calculate the 1/3rd-octave-band
diffraction and the total diffraction. The detailed calculations are shown as follows:

M

@

)

Seven path length differences from 0.01 m to 10 m were preset first: 0.01 m, 0.1 m, 0.5 m, 1 m,
25m,5m, 10 m;
The data were collected at the noise measurement site without the noise reduction effect of the
barrier, and contained the 1/3rd-octave-band SPL L; and the total SPL L, where i is the sequence
number of the 1/3rd-octave-band center frequency;
Through the diffraction formula, the diffraction ALy; of every 1/3rd-octave-band center frequency
could be calculated as follows (Equation (4)):

ALy = 20lgﬁ +5dB,N = % 4)
where J is the path length difference and f is the 1/3rd-octave-band center frequency;
For a certain path length difference, the total SPL L’ with the reduction effect of noise barrier can
be calculated as (Equations (5) and (6))

L' = Li — ALy 5)

L' = 10lg()_ 10%'/10 6)

where L, is the 1/3rd-octave-band SPL with the reduction effect of barrier;
The following equation is used to yield the total diffraction AL;(Equation (7)):

AL;=L-1L' 7)
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(6)  After calculating the total diffraction AL,;(d;) and the 1/3rd-octave-band diffraction ALy;(d;) with
seven preset path length differences, the mean deviation Ad; between AL4(6;) and ALy;(6;) can
be obtained (Equation (8)).

7
ady = 1Y |AL,(3) - ALu(8))] ®
j=1

3. Experimental Verification

Two verifying experiments were conducted: an insertion loss experiment and a distance
attenuation experiment. In the experiments, vehicle noise was recorded next to the roads and
subsequently played in the audio amplifier to emulate a point sound source that was used to measure
actual insertion loss of noise barrier. For every type of car at different speed range, the synthesized
point source consisted of five recorded audio samples. The length of each audio sample is 8 s.

The insertion loss experiment was conducted to collect sound level pressure data in front of and
behind the noise barrier. A schematic of the experiment is shown in Figure 3.

Sound
Point Souce @ Barrier 3.4m ®
0.8m l.1m l l.1m
= 15m —k 3.5m ¢ dm —
b
Ground

Figure 3. Insertion loss experiment.

Two noise recorders were installed, one at measurement site 1 and the other at measurement site 2,
to collect noise data and compute the noise levels L; and Ly, respectively. The insertion loss of barrier
is the difference between L; and L,. The computed equivalent noise levels are shown in Table 2.

Table 2. Noise levels computed in the insertion loss experiment (dB).

Light Car Middle Car Heavy Car
Speed (km/h)
Ly L, Ly Ly Ly Ly

[0, 40) 75.21 46.31 84.26 52.11 83.91 54.38
[40, 50) 80.69 48.98 83.85 52.42 80.12 48.84
[50, 60) 80.09 49.03 86.59 53.76 85.95 53.39
[60, 70) 82.17 50.14 85.53 53.99 86.68 54.17
[70, 80) 82.74 50.65

>80 85.30 52.48

To obtain the actual value of diffraction, noise attenuation as a function of distance between the
two measurement sites should be considered. The noise data were measured in an open space near
the sound barrier to avoid possible errors introduced by the change of the experimental locations.
Because noise attenuation with distance is independent of the frequency of the sound source [20],
the sound source audios were merged into three categories in the experiment: heavy car, middle car,
and light car. The geometric configuration of measurement is shown in Figure 4.
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Figure 4. Noise attenuation experiment with distance.

Noise recorders were installed in measurement site 1 and measurement site 2. The data are
summarized in Table 3. Noise attenuation with distance for heavy, middle, and light vehicles are
11.16 dB, 11.03 dB, and 11.13 dB, respectively. The average of the three is defined as AL. In this instance,
AL =11.11dB.

Table 3. Data collected in the noise attenuation experiment with distance (dB).

Vehicle Type Ly Ly AL
Light Car 82.02 70.86 11.16
Middle Car 84.13 73.10 11.03
Heavy Car 84.02 72.89 11.13

From the experimental verification, the actual value of diffraction by barrier was determined as
follows (Equation (9)):
ALy = (L1 — L) — AL )

The theoretical value of diffraction is defined as (Equation (10))

2N
20lg 2L +5dB N >0 )

5dB ,N=0

AL ;=

where N is the Fresnel number, N = %.
Equations (9) and (10) are mainly applied to near-field conditions. According to reference [20],
Equation (11) should be satisfied (Equation (11)).

D < 2d*/A (11)

where D is the distance from the sound source to the receivers’ center, d is the step of the receivers,
and A is the wave length. The speed of sound is 340 m/s.

In the experiment, D is calculated as approximately 5.26 m, d is set as 0.5 m in environmental
acoustics calculation, and the wave length A is in a range of [2.125, 0.054] with a primary frequency
range of 160 Hz to 6300 Hz. Thus, Equation (11) is satisfied. The experimental setup can be considered
with the theoretical formulation of the Fresnel number N.

Two types of equivalent frequencies were used to yield the theoretical value of diffraction: one was
the 500 Hz frequency, and the other was the varied equivalent frequencies computed in this paper.
The actual value and the theoretical values are shown in Figure 5. The figure reveals that the error of
diffraction calculated with the variety of noise equivalent frequencies is less than that calculated with
500 Hz frequency alone. Under the same experimental conditions, the average error using the 500 Hz
frequency is approximately 2.3 dB, whereas the average error with the variety of noise equivalent
frequencies is approximately 0.9 dB. With a difference of approximately 1.4 dB, the accuracy of the
proposed method in calculating the noise barrier diffraction is undoubtedly more justified.
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Figure 5. Comparisons between 500 Hz frequency and the variety of equivalent frequencies for
diffraction by barrier. (a) light vehicle; (b) middle vehicle; (c) heavy vehicle.

4. Effects of a Road Noise Barrier with Different Flow States

As shown in Figure 6, there is a two-dimensional sound field involving a sufficiently long enough
sound barrier and a line road traffic noise source that is parallel to both the sound barrier and the
ground. Three receivers (R;, Ry, and R3) are chosen to analyze the effect of a road noise barrier with
different type constituents and flow speed; all the receivers are sheltered by the barrier. The insertion
losses of all receivers are calculated with different flow speed and the proportion of heavy vehicles.
For each point, the SPL is calculated. The insertion loss of barrier can be defined as (Equation (12))

Lp = SPLy—SPL, (12)

where SPLy is the SPL at the receiver when the barrier is absent and SPL;, is the SPL at the same receiver
when the barrier is present.
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Figure 6. A case of noise calculation behind a road sound barrier.

4.1. Effect of Vehicle Type

Traffic noise caused by heavy vehicles is quite different in frequencies compared to other vehicles
based on the results of Section 2.2. Hence, the effects of the proportion of heavy vehicles on insertion
loss of barrier were analyzed. The speed of the vehicles in this part is set as 50 km/h, and the flow of
1000 vehicles per hour consists of light and heavy vehicles with 11 different proportions. To ensure
that the results are not affected by the different vehicles’ sound source strong, the emission intensity of
each vehicle source is set as 85 dB. Traffic noise for different heavy vehicle proportions (0, 10%, 20%,
30%, 40%, 50%, 60%, 70%, 80%, 90%, and 100%) on each point was calculated.

With different proportions of heavy vehicles, the insertion losses at three points are shown in
Figure 7. Lp presents a distinct pattern regarding points Ry, Ry, and R3, and the insertion loss at all
of the receivers have relationships with the proportion of heavy vehicles. For point 1, Lp and heavy
vehicles a (%) follow the linear relationship of Lp = —0.0293a + 24.661, i.e., 10 percent of heavy vehicles
can cause a 0.29 dB decline on insertion loss in this scene. The results show that the SPL behind a
barrier of a heavy vehicle flow is approximately 2.3 dB higher than that a light vehicle flow with the
same source emission intensity. The same rule is also applicable to the overall shadow area. The heavy
vehicles have more acoustical constituents at low frequencies compared to light vehicles, which are
more significantly shaded by barriers. The insertion loss of heavy vehicle flow is the highest, followed
by the insertion loss of mixed traffic flow, and the insertion loss of light vehicle flow is the lowest;
this result indicates that the lower-frequency sound can bypass the barrier more easily. Thus, flow
control of heavy vehicles whose sound is concentrated in low frequencies is an effective measure to
improve the acoustic environment near roadways.

——R| —@—R2 —@—R3

30
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Figure 7. Insertion loss of the road barrier with different proportions of heavy vehicles.

4.2. Effect of Flow Speed

Vehicle noise characteristics of various speeds are different in frequencies according to the results of
Section 2.2. Hence, the effects of different traffic flow speeds on the insertion loss of a noise barrier were
analyzed. The flow of 1000 vehicles per hour consists of light and heavy vehicles with seven different
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flow speeds. The emission intensity of each vehicle source is set as 85 dB. Traffic noise with different
traffic flow speeds (30 km/h, 40 km/h, 50 km/h, 60 km/h, 70 km/h, 80 km/h, and 90 km/h) on each
point was calculated. Light vehicle flow, middle traffic flow, heavy vehicle flow, and mixed traffic flow
(with 30% heavy vehicles) were considered in this section.

With different type constituents and speeds of traffic flow, the insertion losses at three points are

shown in Figure 8. From the results of the calculated Lp values, the analysis is as follows:

A.

The insertion losses of barrier increase with the flow speeds grow at all chosen points, regardless of
the composition of vehicle types. For example, when the speed is below 40 km/h, the insertion loss
of light vehicle flow at R; is approximately 23.7 dB, and the insertion loss increases non-linearly as
the speed increases. At the speed of 90 km/h, the Lp value reached approximately 26.3 dB.
Figure 8 clearly shows that the noise barrier has sound-shading effects in all situations. The trend
of increase of insertion loss with speed is observed, and the trend is considerably more obvious
for light vehicle flow, middle traffic flow, and mixed traffic flow compared to heavy vehicle flow.
The added Lp value at Ry of a 30-90 km/h speed range of light vehicle flow, middle traffic flow,
and mixed traffic flow is 2.65 dB, 1.73 dB, and 2.33 dB, respectively. However, the added insertion
loss value of the same speed range of heavy vehicle flow is only 0.36 dB, which is considerably
smaller. The data at R, and Rz present the same rule because the main acoustics of light vehicle
and middle vehicle are shifted to higher frequencies, whereas the main acoustics of heavy vehicle
are slightly changed in frequency.

From the values, the SPL behind a barrier of a common mixed traffic flow with high speed is
approximately 2 dB lower than the level with a low speed with the same source emission intensity.
For a heavy vehicle flow, the sound pressure levels behind a barrier are little different with high or
low flow speed.
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Figure 8. Cont.
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Figure 8. Insertion loss of barrier with different flow speeds. (a) Point R1; (b) Point R2; (c) Point R3.

5. Conclusions

A method for insertion loss calculation of a road noise barrier based on frequencies was presented
in this paper. The proposed method realizes a more accurate calculation compared to the commonly
used method based on a single 500-Hz sound. Several path length differences were preset to
calculate the 1/3rd-octave-band diffraction and the total diffraction. Using different weights of
spectrum according to the experimental noise data and traffic flow state, the insertion loss can be
accurately calculated.

The method was verified by experiments with approximately 1.4 dB improvement in accuracy.
The varied equivalent frequencies can be applied in the microscopic simulation of traffic noise, in which
all different types of cars are considered to be the point source in the road network.

The noise protection of a road noise barrier with different flow states was analyzed based on a
case study. The sound pressure level behind a barrier of a heavy vehicle flow is approximately 2.3 dB
higher than that of a light vehicle flow with the same source emission intensity. The sound pressure
level behind a barrier of a common mixed traffic flow with high speed is approximately 2 dB lower
than the level with a low speed with the same source emission intensity. A road with high speed and
high light vehicle proportion flow is recommended to establish a noise barrier.
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Abstract: The boundary element method (BEM) in the context of acoustics or Helmholtz problems
is reviewed in this paper. The basis of the BEM is initially developed for Laplace’s equation. The
boundary integral equation formulations for the standard interior and exterior acoustic problems are
stated and the boundary element methods are derived through collocation. It is shown how interior
modal analysis can be carried out via the boundary element method. Further extensions in the
BEM in acoustics are also reviewed, including half-space problems and modelling the acoustic field
surrounding thin screens. Current research in linking the boundary element method to other methods
in order to solve coupled vibro-acoustic and aero-acoustic problems and methods for solving inverse
problems via the BEM are surveyed. Applications of the BEM in each area of acoustics are referenced.
The computational complexity of the problem is considered and methods for improving its general
efficiency are reviewed. The significant maintenance issues of the standard exterior acoustic solution
are considered, in particular the weighting parameter in combined formulations such as Burton and
Miller’s equation. The commonality of the integral operators across formulations and hence the
potential for development of a software library approach is emphasised.

Keywords: boundary element method; acoustics; Helmholtz equation

1. Introduction

Acoustics is the science of sound and has particular applications in sound reproduction, noise and
sensing [1,2]. Acoustics may be interpreted as an area of applied mathematics [1,3]. In special cases,
the mathematical equations governing acoustic problems can be solved analytically, for example if the
equations are linear and the geometry is separable. However, for realistic acoustic problems, numerical
methods provide a much more flexible means of solution [4,5]. Numerical methods are only useful in
practice when they are implemented on computer. It is over the last sixty years or so that numerical
methods have become increasingly developed and computers have become faster, with increasing data
storage and more widespread. This brings us to the wide-ranging area of computational acoustics; the
solution of acoustic problems on computer [6-11], which has significantly developed in this timescale.

In the context of this work, the acoustic field is assumed to be present within a fluid domain. If
there is an obstacle within an existing acoustic field, then the disturbance it causes is termed scattering.
If an object is vibrating and hence exciting an acoustic response, or contributing to an existing acoustic
field, then this is termed radiation. If the fluid influences the vibration of the object or structure, and
energy is exchanged in both directions between them, then this is termed coupled fluid-structure
interaction [12] or, in the acoustic context, vibro-acoustics [13,14]. Alternatively, if the acoustic field
is an outcome of a background flow, for example the generation of noise by turbulence, then this is
termed aero-acoustics [11,15]. The determination of the properties of a vibrating or scattering object
(for example, its shape, the surface impedance or the sound intensity) from acoustic measurements in
the field is termed inverse acoustics [16].
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Vibration analysis is not the focus of this work, but it clearly cannot be divorced from the study of
acoustics. In vibration analysis, the domain of the structure oscillates, perhaps under variable loading
or forcing. In the case of vibro-acoustics, the vibration can excite or be excited by the acoustic field
and, in any analysis, both need to be modelled [17-19], and the equations coupled. The computational
modelling of vibration is normally carried out by the finite element method (FEM) [20,21], and this
method is significantly established in this application area. Vibrational modelling may be carried
out in the time domain. However, with the nature of structural vibration in that it is normally
dominated by modes and their corresponding resonant frequencies, and hence vibration is often close
to periodic. Similarly, the excitation forces on a structure, such as the driver on a loudspeaker of the
explosions in an engine can similarly be close to periodic in short time scales. It is, therefore, found
that vibratory problems are routinely analysed in the frequency domain, both in the practical work
and computational modelling.

An acoustic field is most straightforwardly interpreted as a sound pressure field, with the sound
pressure varying over the extent of the domain, and with time. The transient acoustic field can be
computationally modelled by the finite element method [22,23], the finite difference—time domain
method (a particular finite difference method that was originally developed for electromagnetic
simulation [24-26]) can also be applied in acoustics [27-30]) and the boundary element method [31-34],
but acoustics and vibration are more often analysed and modelled in the frequency domain. In
acoustic problems, the most likely fluid domains are air or water and, in many cases in these fluids,
the linear wave equation is an acceptable model. By observing one frequency at a time, the wave
equation can be simplified as a sequence of Helmholtz equations. Again, there are a variety of methods
for the numerical solution of Helmholtz problems; the finite difference method, the finite element
method [23,35-43] and, the subject of this paper, the boundary element method.

The boundary element method is one of several established numerical or computational
methods for solving boundary-value problems that arise in mathematics, the physical sciences
and engineering [44]. Typically, a boundary-value problem consists of a domain within or outside
a boundary in which a variable of interest or physical property is governed by an identified partial
differential equation (PDE). A computational method for solving a boundary-value problem is tasked
with finding an approximation to the unknown variable within the domain. Mostly, this is carried
out by domain methods, such as the finite element method [45], in which a mesh is applied to the
domain. However, the boundary element method works in an entirely different way in that in the first
stage further information is found on the boundary only; the solution at the domain points is found
in the second stage by integrating over the known boundary data. The boundary element method
requires a mesh of the boundary only, and hence is generally easier to apply than domain methods.
The number of elements in the BEM is therefore expected to be much less than in the corresponding
finite element method (for the same level of required accuracy or element size), and there is therefore
often a potential for significant efficiency savings. The BEM is not as widely applicable as the domain
methods; when problems are non-linear, for example, the application of the development of a suitable
BEM requires significant further adaption [46-49]. Typically, the boundary element method has found
application in sound reproduction modelling, such as loudspeakers [50,51], sonar transducers [52] and
in modelling noise from vehicles [53-56] and, more recently, aircraft [57-59].

For the acoustic boundary element method to be accessible, and hence widely used, it has to be
implemented in software. This was precisely the rationale behind the development of the software [60]
and the monograph [61], the latter also serving as a manual. Several texts on the same theme were
published at about the same time [62,63], following on from the earlier collection of works [64]. A
chapter of a recent book contains a modern introduction to the acoustic boundary element method [65].

Implementing the acoustic BEM as software continues to be challenging in terms of scoping, the
choice of sub-methods and efficiency. The method requires matrices to be formed with each component
being the result of an integration, with some of the integrals being singular or hypersingular. The
standard BEM requires the solution of a linear system of equations that is formed from the matrices, or,
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if the BEM is used for modal analysis, a non-linear eigenvalue problem. There have been significant
reliability issues with the BEM for exterior problems. These challenges have been met, but much of the
research is focused on future-proofing the method, with the increasing expectations in scaling-up and
maintaining reasonable processing time. There is a continual desire to progress to higher resolutions of
elements, particularly as this is necessary for modelling high frequency problems.

2. Acoustic Model

In this Section, the underlying acoustic model of the wave equation that governs the sound
pressure in the domain is stated. It is shown how the model can be revised into a sequence of Helmholtz
problems for periodic signals. The classes of domains that can be solved by boundary element methods
are summarised and a generalised boundary condition is adopted. The other acoustic properties, such
as sound intensity, radiation efficiency and sound power that that are mostly used in exterior ‘noise’
problems, are defined. Traditionally, acoustics properties are presented in the decibel scale, and it is
shown how they are converted.

2.1. The Wave Equation and the Helmholtz Equation

The acoustic field is assumed to be present in the domain of a homogeneous isotropic fluid and it
is modelled by the linear wave equation,

V(e = 5 2w 0
’ 2 o n
where W (p, t) is the scalar time-dependent velocity potential related to the time-dependent particle
velocity V(p,t) by V(p,t) = V¥ (p,t) and c is the propagation velocity (p and ¢ are the spatial and
time variables). The time-dependent sound pressure Q(p, t) is given in terms of the velocity potential
by Q(p,t) = —p%—t W (p,t) where p is the density of the acoustic medium.
The time-dependent velocity potential ¥ (p,t) can be reduced to a sum of components each of
the form

W(p,t) = Re{p(p) e}, )

where w is the angular frequency (w = 2mv, where v is the frequency in hertz) and ¢(p) is the
(time-independent) velocity potential. The substitution of the above expression into the wave equation
reduces it to the Helmholtz (reduced wave) equation:

V2p(p) + Ko(p) =0, 3)

2
w
where k? = — and k is the wavenumber. The complex-valued function ¢ relates the magnitude and

c
phase of the potential field.

Similarly, the components of the particle velocity have the form V(p, t) = Re{th(p) e’i”t}. Often
the boundary normal velocity v(p) is given as a condition or is required and this is defined as follows,

99(p)
any

o(p) = Vo(p)ny = , 4)

where ny, is the unit normal to the boundary at p.

2.2. Acoustic Properties

To carry out a complete solution, the wave equation is written as a series of Helmholtz problems,
through expressing the boundary condition as a Fourier series with components of the form in
Equation (2). For each wavenumber and its associated boundary and other conditions, the Helmholtz
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equation is then solved. The time-dependent velocity potential W(p, t) can then be constituted from
the separate solutions, but it is more usual that the results are considered in the frequency domain.
The sound pressure p(p) at the point p in the acoustic domain is one of the most useful acoustic
properties, and it is related to the velocity potential by the formula p(p) = iwp@(p). In practice, the
magnitude of the sound pressure is measured on the decibel scale in which it is evaluated as the sound

rlp)
V2pr

Particularly for ‘noise” problems, the sound power, the time-averaged sound intensity and
radiation efficiency are often considered to be useful properties. The normal sound intensity I(p) at

points p on a boundary is defined by the formula

, where p* is the reference pressure of 2 X 1075 Pa.

pressure level as 20 log10|

I(p) = SRelp(p)o(p)) ©

where p represents the complex conjugate of p. The sound power W is an aggregation of the sound
intensity to one value by direct integration,

W:LI(q)qu. (6)

where H is a boundary. The sound power is also often expressed in decibels as the sound power level
as 10 logw'% , where W* is the reference sound power of 10712 watts. The radiation ratio is defined
W

* Toe o oty
2.3. The Scope of the Boundary Element Method in the Solution of Acoustic/Helmholtz Problems

In applying the boundary element method to acoustic or Helmholtz problems, the user is in effect
adopting a model for the boundary/ies and domain(s), the nature of which determines the integral
equation(s) that is/are employed. Traditionally, the BEM has been developed to solve the acoustic
or Helmholtz problem interior or exterior to a closed boundary in the standard physical domains
are two-dimensional, three-dimensional and axisymmetric three-dimensional space. The basis of the
method is the integral equations that arise through applying Green’s theorems (direct BEM) or by
using layer potentials (indirect BEM). The exterior problem has received much more attention, because
of its value in solving over an infinite domain from a surface mesh and because of the difficulty in
resolving its reliability problem. Domain methods, such as the finite element method, may also be
applied; more elements are required, but the matrices are sparse and structured and the FEM is more
established than the BEM in general. If the FEM is applied to exterior problems then techniques such
as infinite elements [66] can be used to complete the outer mesh or the perfectly matched layer may be
used to absorb outgoing waves [67-69]. The solution of the interior and exterior acoustic problem by
the BEM is considered in Sections 4.1 and 4.3.

An outline of the equations that arise in the finite element and related methods is given in
Section 5.3.1. In domain methods like the FEM, whether it is applied to a structure or an enclosed fluid,
a linear eigenvalue problem is a natural consequence. With the FEM, it is routine to extract the modes
and resonant frequencies and use the modal basis to determine the response under excitation. From
that perspective, it is natural to include the eigenvalue problem within the boundary element library.
However, the application of the BEM leads to a non-linear eigenvalue problem, which requires special
solution techniques and hence the construction of solutions through the modal basis is not a natural
pathway in the BEM. Acoustic modal analysis via the BEM is considered in Section 4.2.

Although significantly restrictive, one of the simplest acoustic models is the Rayleigh integral [70].
The model is that of a vibrating plate set in an infinite rigid baffle and radiating into a half-space. The
Rayleigh integral relates the velocity potential or sound pressure at any point to the velocity map on
the plate. As the Rayleigh integral shares its one operator with the integral equation formulations
in the boundary element method, the Rayleigh integral method (RIM) [71] can be adopted into the
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boundary element method fold. The Rayleigh integral is a special case of half-space problems and
these are considered in Section 5.1

An acoustic model that uses the same operators—and hence fits in the BEM context—is that of a
shell discontinuity. For example, this can be used to model the acoustic field around a thin screen or
shield. The integral equation formulation for the shell are derived from those used in the traditional
BEM, but taking the limit as the boundary becomes thinner [72,73], leaving a model that relates a
discontinuity in the field across the shell. Shell elements in acoustics are considered in Section 5.2.

The development and application of the BEM from the models described are reviewed in this
paper. Although this is a fairly exhaustive list of basic models as things stand, hybrid models can
also be developed by using superposition or applying continuity and they will also be considered.
The BEM may be applied in vibro-acoustics, aero-acoustics and inverse acoustics and these areas are
discussed in Sections 5.3-5.5. Hybrid boundary element methods that include half-space formulation
are covered in Section 5.1.2 and shells in Section 5.2.2.

There have been recent developments in the development of the BEM for periodic structures, with
noise barriers being the usual application [74-81]. This special case will not be developed further in
this paper.

2.4. Boundary Conditions

To maintain reasonable generality in the software, the author has generally worked with the
boundary condition of the following general (Robin) form

a(p)e(p) +pp)o(p) = f(p), )

with the condition that a(p) and B(p) cannot both be zero at any value of p. This model includes
the Dirichlet boundary condition by setting f(p) = 0, the Neumann boundary condition by setting
a(p) = 0 and an impedance condition by setting f(p) = 0. In the boundary condition (7), p is
any point on the boundary and a, § and f are complex-valued functions that may vary across the
boundary. Although the boundary condition for the shell is an adaption of this, this generalised
boundary condition model is apparently achievable and seems to cover most current expectations.
An explanation of typical boundary conditions that occur in acoustics can be found in Marburg and
Anderssohn [82].

For exterior problems, it is also necessary to introduce a condition at infinity, in order to ensure
that all scattered and radiated waves are outgoing. This is termed the Sommerfeld radiation condition.
In two-dimensional space the condition is

d
rlg)rlor%(a—(f - ik(p) =0 8)
and
tim {22~ ikg) = 0 9
Jim 5y~ ke = ©

in three dimensions. A thorough discussion on the Sommerfeld radiation condition can be found in
Ihlenburg [43] (pp. 6-8).

3. The Boundary Element Method and the Laplace Equation Stem

Laplace’s equation is the special case of the Helmholtz Equation (3) with k = 0,

V29 (p) = 0. (10)

Although Laplace’s equation models many phenomena, it is not directly useful in acoustic
modelling. However, many of the issues that have to be tackled in solving the Helmholtz equation
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by the boundary element method are also found with Laplace’s equation. The methods applied
in developing the BEM for Laplace’s equation also can be developed to be used in the Helmholtz
problems. As such, applying the BEM to Laplace’s equation is a useful entry point in initiating work
on the Helmholtz equation. For example, much of the author’s work in solving Helmholtz problems
has been underpinned by corresponding work on Laplace’s equation [83-87]. Thus, in this section, the
BEM is communicated in its simplest, but still realistic and practical context as a stepping-stone on
the journey to the full scope of the BEM in acoustics, the subject of this paper. The theoretical basis
is set out in Kellogg [88] and development of integral equation methods in Jaswon and Symm [89].
In this Section, the boundary element method is derived for Laplace’s equation, and this forms the
foundation for its application to acoustic problems. In terms of comunication, it is helpful to sustain a
notational conformance, that continues through this paper, and is helpful in relating mathematical
expressions and their discrete equivalent as software components. Integration methods for finding the
matrix components are considered. Interesting and useful properties of some of the operators and
matrices are revealed.

3.1. Elementary Integral Equation Formulation for the Interior Problem

The boundary element method is not based on the direct solution of the PDE, but rather its
reformulation as an integral equation. Historically, the integral equation reformulation of the PDE has
followed two distinct routes, termed the direct method and the indirect method. The direct method is
based on Green’s second identity

Ip(q)
- IP(q)a—nq dSg, (11)

Iy (q)
[ w@v@-vavow) av, - [ o)
D S ai’lq
where ¢ and ¢ are twice-differentiable scalar function in a domain D that is bounded by the closed
surface S. If @ is a solution of Laplace’s equation, V2¢ = 0, then

IP(q) Ip(q)
fD P(q)Vy(q) dV, = fs(”(”’)a_nq - w(q)a—qu dSg. (12)

Green'’s third identity can be derived from the second identity by choosing ¢¥(q) = G(p,q),
where G is a Green’s function. A Green’s function is a fundamental solution of the partial differential
equation, in this case Laplace’s equation, that is the effect or influence a unit source at the point
p has at the point g, and is defined by V2G(p,q) = —6(p —q). For the two-dimensional Laplace
equation G(p,q) = — In(r) and for three-dimensional problems G(p, ) = 7= where r = |p - q'. The
substitution of the Green’s function into Equation (12) gives

fqo(q)VzG(p,q) qu:f(P(‘l)aG(p/q) —G(p,q)—aq)(q) ds,
b s

ny Iny
> 9G(p,q) 2p(q)
- f p(g)o(p—q)dV, = f(ﬂ(q)% - G(Pﬂ)% dSg. (13)
D S g q
Hence, as a result of the properties of the Dirac delta function,
- ifpeD
G, P p(p)ifp
fqo(q)M - G(p,q)M dSq = OifpeE , (14)
s any any

—c(p)e(p)ifpes

where ¢(p) is the angle (in 2D, divided by 27) or solid angle (in 3D, divided by 4m) subtended by the
interior domain at the boundary point p. (Similarly, for exterior problems, c(p) similarly relates to the
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exterior angle). If the boundary is smooth at p then c(p) = %, and, for simplicity, this is the value that
will be used for the remainder of this paper.
In the indirect method, ¢ is presumed to be related by a layer potential o on the boundary

o(p) = fs G(p,q) o(4) dS, (peDUS). 15)

Differentiating Equation (15) with respect to a unit outward normal to a point on the boundary that
that passes through p, gives the following equation:

Ip(p) JG(p,q)

o, = s on, o(q)dS; (peD). (16)

As p approaches the boundary, the integral operator has a jump’ similar to the direct method (14)
resulting in the following equation:

99 (p) :faG(P,q)
S

any, ony,

o(g) 45, + 30(p) (p€5). 17)

The BEM can be derived from the equations in this Section. The equation defined on the boundary
(the last one in Equation (14) for the direct method, Equations (15) and (17) for the indirect method
(p €S)), the boundary integral equations, are used to find the unknown functions from the known
data on the boundary. The corresponding integrals defined in the domain (the first one in Equation (14)
for the direct method and Equation (15) for (p € D) in the indirect method) return the solution at the
chosen domain points.

3.2. Operator Notation and Further Integral Equations for the Laplace Problem

In this Subsection, operator notation is introduced and further integral equations are introduced
in order to illuminate some useful properties. Operator notation provides a shorthand and is an aid to
communication. The Laplace integral operators are defined as follows:

{Lulr(p) = fr G(p.q) u(q)dSy, (18)
IG(p,
k) = [ F5ED piqyas,, (19
. P)
(M) (pivp) = 70, fr G(p.q) n(q)dSy, (20)

where I is a boundary (not necessarily closed), 14 is the unique unit normal vector to I at g, vy is a unit
directional vector passing through p and (g) is a function defined for g € I'. With this notation, the
Equations (14), which form the basis of the elementary direct method for the interior problem, can be
written as
~¢p(p)ifpeD
{Mpls(p) — {Lols(p) = OifpeE (21)
~3o(p)ifpes
Similarly, the equations for the indirect method ((15) and (17)) in operator notation for the interior
problem are as follows:
@(p) = {Lols(p) (peDUS), (22)

o(p) = (Mo (pimy) + 30() (peS) @)
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Further integral equations for the direct formulation can be obtained by differentiating (21) (as
in the derivation of Equations (16), (17)) and for the indirect formulation by introducing a double
layer potential. Although they are generally unnecessary in solving Laplace problems, the equations
resulting from differentiating the elementary integral equations or using double layer potentials are
often used in the exterior acoustic problem, considered in the next Section. These equations are
also useful in general and they will illuminate some important aspects. For example, differentiating
Equation (21) with respect to the outward normal to the boundary,

d d _ 1dp(p)
a—%{M(P}s(P) - a—np{LU}s(P) = —Ew(lﬂ €S), (24)

which can be written in operator notation,
1
(No)s(pinp) = (Mo} g(pim) = —50(p)(p € 5), (25)

in which a new operator, N, has been introduced,

_ 9 (9(pa)
~do, Jr Iy

(Nul(pivp) u(q)ds,. (26)

Further indirect integral equations may be obtained through presuming the field is the result of a
double layer potential

@(p) = MCs(p) (peD), 27)
o(p) = INUs(p;imp) (peS), (28)

and, taking into account the jump discontinuity,

#(p) = MQls(p) - 5C(p) (peS). 9)

The integral equations for the exterior Laplace problem may be derived in the same way. In
general, the equations are the same as for the interior problem, except for a change of sign. The
equations that make up the direct formulation are

p(p)ifpeE
{Mols(p) - Lols(p) = OifpeD (30)
lp(p)ifpes

{Ngo}s(p; np) - {Mtv}s(p;np) = %v(p) ifpes. (31)

The equivalent of equations for the indirect method ((15) and (17)) in operator notation for the
exterior problem are similar, with just a couple of sign changes to indicate that the jump discontinuity
in M and M! in the limit from the exterior, rather than the interior:

¢(p) = {Lols(p) (p€EVS), (32)
o(p) = {M'o} (pim) - 30() (p€5). (33)
¢(p) = Ms(p) (peE), €2

o(p) = (NUs(pimy) (peS), (35)
#(p) = MCls(p) + 3C(p) (pS) (36)
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3.3. Derivation of the Boundary Element Method

There are several integral equation methods that can be applied to transform integral equations into
boundary element methods, but the most popular and straightforward method is that of collocation [90].
The development of the boundary element method from the selected integral equation requires that
the boundary is represented by a set of panels or a mesh. An integral equation method is applied to
solve the boundary integral equation. The solution in the domain can then be achieved by effecting the
appropriate integration over the boundary.

3.3.1. Boundary Element Approximation

In the spirit of the author’s previous work [61,91], in order to maintain generality, the discrete
forms of the Laplace operators (18)—(20), (26) are sought, in order to effectively become a software
component. Let the boundary I in Equation (18) be represented by the approximation T, a set of
n panels:

n
r~[=Y al;, 37)
=1
The boundary function y is replaced by its equivalent i on the approximate boundary T
n
(Laelp) ~ Laep) = [ o s, =Y, [ Glp.a) plaes, )
j

In general, the function on the boundary is replaced by a sum of a set of basis functions. The simplest
approximation is that of approximating the boundary functions by a constant on each panel:

Yo fA £, Cp.a) pla)is; ~ Y fA i ) sy = Y iiLe (7). (39)

where & = 1.
For example, for the simple boundary integral Equation (22) withp € S,

n

(p) = Lals(p) = Y 5lLe) 5 (p) - (40)

- ]

j=1
The most common method of solving boundary integral equations is collocation, in which a linear
system is formed through setting p to take the value of each collocation point in turn:

n

¢si = p(ps;) = (Lols(ps;) = Y 6]-{LE}AS~/_(pS,-) fori=1,2,...n. (41)
j=1

3.3.2. Solution by Collocation

The linear system of approximations (41) may be written in matrix-vector form

P ~ Lssas (42)
Ps1 0s1

where ¢ = (p:s2 ,0g = Gfsz , and [Lgs];; = {L?} A5, (pSi)' For example, for the Dirichlet
(P:5n O8n

problem in which P is known, the solution of system (42) (now as an equation relating approximate
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values) returns an approximation gg to gs. To find the solution at a set of 7 points in the domain the
integral (22) is evaluated at the points pj,; € D fori =1, 2,...m;

n

$pi = (P(PDz') = {LU}D(pDi) x Z 5]'{L5}A5‘].(F’Di) fori=1,2,...m,

j=1

or, more concisely,

¢, ~ Lpsas, (43)
PD1
PD2
where P, = : and [LDS]i]» = {Lé}\5 (pD,-). Hence approximations to the solution within the
— i
PDn

domain (ﬁ; may be found by the matrix-vector multiplication
E) =Lps ds - (44)

3.3.3. The Galerkin Method

Although most of the implementations of the boundary element method are derived through
collocation, other techniques can be used, most typically the Galerkin method. The Galerkin method
and collocation can both be derived from a more generalised approach that are termed weighted
residual methods. For example, for the approximation (40), the residual is the difference between the
approximation and the exact solution;

n

R(gsip) = ), 5ilLel 5 (p) = ¢(p) (P €5).
j=1

In weighted residual methods, R(gS ; p) is integrated with test basis functions x;(p) (p-S) and the
methods arise by setting the result to zero;

fs R(3gip;)xi(p;)dSs =0

at points p; on the boundary, fori = 1,2,...ns.
If xi(p) = 6(;7 - pl-), the Dirac delta function, the collocation method is derived;

fs R(6g:p)o(p—p;)dS = R(asipi) =0,

which leads to the methods outlined above. In the Galerkin method, the test functions are the same as
the original basis functions. For example, for constant elements, the basis and the test functions are
defined as -
lore ifp € AS;
Xilp) = { 0, otherwise '
Substituting this and the definition of the residual equation
n

j;R(Qs?Pi)Xi(P)dS = f Zaj{Lé}Ag]_(Pi) —¢p(p;)ds = o.

AS T
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The reason for the relative unpopularity of the Galerkin approach in boundary elements is that
the matrix is now the result of a double integration, rather than the single integration in the collocation
method. However, the matrix is understood to be symmetric.

3.4. Properties and Further Details

In the boundary element method, the boundary is represented by a mesh of panels. The boundary
functions are approximated by a linear combination of basis functions on each panel. The boundary
element is the combination the panel and the functional representation. In the previous Subsection,
constant elements were mentioned as an example. In the finite element method, the degree of the
approximation has to be at least half the order of the PDE. Fortunately, this is not the case for the
application of the boundary element method, where constant elements are widely used. The panels
that make up the boundaries are most simply represented by straight line panels in 2D, triangles in 3D
and conic sections for axisymmetric 3D problems.

In this Subsection, important properties and further details of Laplace’s equation, the related
boundary integral equations and operators are discussed. An overview of methods for carrying out the
integrations is included. The issue of non-uniquesness, that is an important feature of the boundary
integral equation formulations for the exterior acoustic problem, is first addressed with Laplace’s
equation and useful outcomes from this are outlined.

3.4.1. Integration

In the previous Subsection, it was shown that up to four operators are involved in the boundary
element method for Laplace problems, and these four operators extend to acoustic/Helmholtz problems.
For the Laplace problem, it may be possible to develop analytic expressions for the integrals [92], but
in general—and particularly for acoustic/Helmholtz problems—numerical integration is necessary.
In the main, the integrals are regular, and these are most efficiently evaluated by Gauss-Legendre
quadrature [93]. This is straightforward to apply to straight-line panels and in the generator and
(typically in composite form) azimuthally. There are also published points and weights for Gaussian
quadrature on a triangle [94].

However, the integrals corresponding to the diagonal components of the Lgs matrix are weakly
singular and the diagonal components of the Ngg matrix are hypersingular, that is when the point lies
on the panel. Moreover, if the point is close to the panel, for example at the centre of a neighbouring
panel then the integrals are said to be nearly singular and may require a more accurate numerical
integration rule, or special treatment [95]. Special numerical integration methods can be applied in
order to evaluate the singular integrals and expressions for the hypersingular integrals may be found
through limiting process. The weakly singular integrals, corresponding to the diagonal components of
the Lgg matrix have a O(Inr) singularity in 2D and an O(%) singularity in 3D, where r is the distance
from the central collocation point. For the axisymmetric 3D case, the azimuthal integration resolves the
O(%) singularity to an O(Inr) singularity on the generator. For the simple elements discussed, analytic
expressions for the diagonal components of the Lgs and Ngg matrices are available for the 2D and 3D
(non-axisymmetic) cases for Laplace’s equation. Further work on singular integration can be found in
the following references [96-101].

Although for simplicity, the four operators are often lumped together as integral operators, N is
not an integral operator: N is termed a pseudo-differential operator, and it therefore has distinct
properties. The full expressions for the straight line and triangular panels are given in the author’s
book [61] (pages 49-50). For illustration the expressions are given for the straight-line panel of length /1
(2D) and for an equilateral triangular panel (3D) with each side of length :

2

{No} A(p; np) = for the straight-line panel of length 1 (2D) (45)
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{No} A(p; np) = _Zgﬁ for the equilateral triangular panel with side of length 1 (3D) (46)

There is one simple but noteworthy remark to be made about the expressions (45) and (46).
Normally, if the domain of integration is reduced in size, the integral is similarly reduced, at least
in the limit as the domain size converges to zero. However, with these hypersingular integrals, the
opposite is found to be the case! A significant consequence of this property is considered in Section 6.2.

3.4.2. Non-Uniqueness and Its Useful Outcomes

The non-uniqueness of some boundary integral equations in the exterior acoustic problem at a
set of frequencies is well-known, and the issue and methods of resolution will be considered in the
next Section. Because of the importance of the non-uniqueness of solution within the context of this
paper, it is helpful to visit this early, with a simpler equation. Although the term non-uniqueness often
prefixes the word problem, it is found that some very useful outcomes arise from this analysis.

The non-uniqueness is found with Laplace’s equation itself; if ¢ is a solution of the interior
Neumann problem then ¢ + c is also solution, where c is any constant. The non-uniqueness in the
interior Laplace problem with a Neumann boundary condition must be reflected in the boundary
integral equations. It therefore follows from Equation (21) that the operator M + %I is degenerate, and
similarly for M + %I from Equation (23) and N from Equations (25) and (28).

As we will see in the next Section on acoustic/Helmholtz problems, the operators from the interior
problem equations are shared with the exterior problem, and this is shown for Laplace’s equation in
Section 3.2. For the exterior problem, the derivative direct formulation (31) is unsuitable for solving
exterior Laplace problems as both the N and M’ + 11 operators are degenerate. Similarly, the indirect
formulations, formed from double layer potentials, (35) and (36) are unsuitable. This correlation
between the interior Neumann problem and the exterior derivative (direct) and double-layer potential
(indirect) formulations carries through to the Helmholtz equation.

Most simply, if v(p) = 0 on the boundary then ¢ is any constant (e.g., ¢ = 1) throughout
the domain is a solution. Substituting these values into the discrete form of the boundary integral
Equation (21), the resulting matrix-vector equation is [Mss + %I]l ~ 0, where 0 is a vector of zeros
and 1 is a vector of ones; every row of the Mgs matrix must approximately sum to —%. Similarly,
from Equation (25), Ngsl ~ 0; every row of the Ngg matrix must approximately sum to zero. A
potentially useful outcome of this is that the hypersingular diagonal components of the Ngg matrix
can be computed from the others, which are all ‘regular’ (at least for simple elements). This can be
taken a step further and, the panel in question may be linked to a fictitious boundary made up of
panels and the value of the hypersingular integral determined by summing the other integrals. The
values of the singular and hypersingular integrals in the BEM solution of Laplace’s equation may be
stored and be used to subtract out the singular and hypersingular components of the same integrals
for the Helmholtz equation. The method of inventing a fictitious surface to evaluate the hypersingular
integrals is precisely the method used in the author’s axisymmetric programs [60], as there were
analytic expressions for the hypersingular integrals for the panels used in 2D and general 3D, as
discussed in the previous Sub-subection, but no other similar way forward for the axisymmetric panels.

The results in the previous paragraph also provide useful methods of validation. One row of the
Mss and the Nsg matrices need to be evaluated that that is when the point p is on the boundary. The
result of summing the rows of Mgg can verify that a ‘closed” boundary is actually closed, if their values
are —% and zero, and, if they are not then it indicated that the boundary may be open or there are errors
in the mesh. Finally, substituting these values into Equation (30) gives the following,

lifpeE
{Me}s(p) ={ OifpeD , (47)
lifpes

where e is the unit function; useful in validating that the solution points are within the domain.
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These simple validation methods, arising from potential theory, are applicable to all BEMs and
beyond; any computer simulation involving surface meshes may benefit from these simple techniques.
The author includes these methods of validation routinely in his boundary element codes.

4. The Standard Boundary Element Method in Acoustics

In the author’s book and software [60,61], three classes of acoustic problem were considered;
the determination of the acoustic field within a closed boundary, outside of a closed boundary
and the interior modal analysis problem. In this Section, the three methods are revisited and recent
developments and applications are included. Recently, the software has been re-written in Python [102].

4.1. The Interior Acoustic Problem

In this Subsection, the BEM is developed for the solution of acoustic problems in a domain that
is interior to a closed boundary [61,103]. The method has been applied to room acoustics [104-108],
the interior of a vehicle [109-111], modelling sound in the human lung [112,113] and in biological
cells [114].

4.1.1. Integral Equation Formulation

The direct integral equations for the interior acoustic problem, reformulating the Helmholtz
Equation (10), but follows the same format as the formulation for Laplace’s Equation (21);

-p(p)ifpeD
{Mrols(p) — {Livls(p) = OifpeE . (48)
~3o(p)ifpes

Equation (48) introduces two Helmholtz integral operators that are analogous to the L and M operators
for Laplace’s equation, and are defined similarly;

(L) = [ Gulpoa) (o), 9)
JGr(p, q)
Whglep) = [ 5P ugyas,, (50)
r q
where the Green's function is defined as follows:
Gi(p,q) = iH(()l)(kr), for two-dimensional problems, and (51)
elkr
Gr(p,q) = o for three-dimensional problems. (52)

As with the interior Laplace Equations (22) and (23), the indirect integral equation is derived
through presuming that the field is generated by a layer potential, defined on the boundary;

p(p) = (Lols(p) (peDUS), (53)
o) = (M5 + 31)e) (i) (), (54)

where, similarly with Equation (20), the operator M}t( is defined as follows:

(M) (piop) = 8%7 fr Gr(p,4) u(q)dSy, (55)
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4.1.2. The Boundary Element Method for the Generalised Boundary Condition

Substituting the expressions (53) and (54) into the boundary condition (7) gives

a(p)Liols(p) + B (M + 31} (pimy) = £(p) (56)

Following the derivation of the BEM through collocation, this resolves to a linear system of
the form

1.\, ~
[DqLsgs i + Dﬁ(Mtss,k + 51)]g5 = J_‘S , (57)

where D, and Dy are diagonal matrices, with the values of a and  aligned along the diagonal.
Equation (56) is solved in the primary stage of the boundary element method, yielding an approximation
Gg to gg. In the secondary stage, the discrete equivalent of Equation (53) returns the solution at the
interior points:

?, = Lpsk ds - (58)

For the direct formulation, the discrete equivalent of Equation (48) (p € S),

1 . -
(Mss  + 51 )@ = Lss s (59)

which is solved with the discrete equivalent of the boundary condition (7),
Da@ + Dgog = J:s . (60)

Comparing the linear systems for the indirect method (56) with that of the direct method (59) and
(60) illustrates an apparent significant advantage in the indirect approach, the number of unknowns in
the system corresponding to the direct method is twice that of the indirect method. However, through
exchanging columns, the system for the direct method can be reduced to an n X n system, and this
method has been automated [115].

There have been several papers discussing the accuracy of the interior acoustic boundary element
method near to the resonance frequencies. It is considered that real eigenvaulues are shifted into the
complex plane following discretisation. This phenomenon is termed numerical damping [116-119].

4.1.3. Equations of the First and Second Kind

Integral equations with a fixed region of integration are termed Fredholm integral equations.
Fredholm integral equations are categorised as first kind or second kind. Equation (53) is a typical first
kind equation, in which we are solving over integral operator(s) alone, in this case the L operator, to
find ¢ from ¢. With second kind equations, we are solving not just over integral operators, but also the
identity (or diagonal) operator. For example, Equation (54) is a second kind equation, solving over the
M;( + %I operator, in order to find ¢ from .

In general, first kind equations have poor numerical properties and are avoided. Although pure
first kind equations only occur in particular Dirichlet cases, they can be avoided, through using the
derivatives of the integral equation formulations (direct) or double layer potentials (indirect). However,
from experience, first kind equations with singular kernels, as we find with the L or L; operator, do not
have poor convergence properties. It follows, therefore, that the formulations and methods developed
thus far in this Subsection are generally suitable in solving the interior acoustic problem.

4.1.4. Derivative and Double-Layer Potential Integral Equations for the Interior Helmholtz Problem

As with the equations listed in Section 4.1.1, the derivative equations are unnecessary in solving
the interior Helmholtz problem. However, the derivative equations provide an alternative formulation
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and help with the general understanding. The form of the equations is analogous with the equations
for the interior Laplace equation, developed in Section 3.2.
For the direct method, the derivative boundary integral equation is analogous to Equation (25):

1

(Negls(psmp) =~ (Mo (pimy) = —50(p) (P €5). (61)

where 5 3Gu(p,a)

N 9 k\P.q
(Nl (piop) = 7, fr “on, u(q)ds,. (62)
For the indirect method, the boundary integral equations follow the form of Equations (28) and (29):

1

¢(p) = (M= 3D (p) (peS), (63)
o(p) = INklls(pimp) (p €S). (64)

4.2. Interior Acoustic Modal Analysis: The Helmholtz Eigenvalue Problem

An enclosed acoustic domain has resonance frequencies and associated mode shapes.
Mathematically, these are the solutions k* (the eigenvalues—that relate to the resonance frequencies)
and ¢* (the eigenfunctions—that relate to the mode shapes) of the Helmholtz equation with the
homogeneous form of the boundary condition (7) (i.e., with f(p) = 0). This problem is more typically
solved by the finite element method and a finite element model of an acoustic or structural problem is
developed in Section 5.3.1. In this Subsection the modal analysis of an enclosed fluid via the boundary
element method is outlined.

4.2.1. The Generalised Non-Linear Eigenvalue Problem from the Boundary Element Method

In the indirect boundary element method, the eigenvalues k* and the eigenfunctions ¢* are found
through solving

a(p)Leols(p) + B (M + 51)o (pims) =0, (65)

that follows from Equation (56), with the true eigenfunctions ¢* can then be found with Equation (53).
Through applying collocation, this is equivalent to solving the non-linear algebraic eigenvalue problem

[DaLgg . + Dp(M:

1 ..~
S5, + EI)]Qs =0 (66)

which follows from Equation (57).

The eigen-solution of Equation (66) returns the approximations k* to the eigenvalues and
the approximation G4 to the layer potential eigenfunction. The approximations to the physical
eigenfunctions at the chosen domain points can then be found with Equation (58). The method described
can also be applied with the direct integral equation formulation but requiring the row-exchanging
method mentioned in Section 4.1.2.

Although in this work, the focus is on the generalised boundary condition, most of the examples
in the literature consider the Dirichlet and Neumann eigenvalues, and it is revealing to focus on those.
The Dirichlet/Neumann interior eigenvalues and eigenfunctions are the solutions of the equations of
this Subsection with ¢(p) = 0/v(p) = 0 (p € S). Hence the Dirichlet eigenvalues are the eigenvalues
of the Ly operator from Equations (48) and (53), of the M — % I operator from Equation (63) and
the M,t( — 1 I operator from Equation (61). Similarly, the Neumann eigenvalues are the eigenvalues
of the My + % I operator from Equation (48), M;{ + %I from Equation (54) and the Nj operator from
Equations (61) and (64).
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4.2.2. Solving the Non-linear Eigenvalue Problem

The standard algebraic eigenvalue problem has the form
Ax = Mx, (67)

where A is a square matrix. Because of the analogy between the Helmholtz Equation (3) and the
standard algebraic eigenvalue problem (67), the Helmholtz eigenvalues are sometimes termed the
eigenvalues of the Laplacian [120-124].

The generalised algebraic eigenvalue problem has the form

Ax = ABx, (68)

where A and B are square matrices. Standard methods exist for solving these problems, termed the QR
and QZ algorithm. As we have noted, the application of the boundary element method in Equation (66)
results in a non-linear eigenvalue problem, and this has the form

Agx =0. (69)

Although this is a significantly complicated problem, at least—in the case of the boundary element
matrices—the individual components of the components matrix are continuous. Earlier methods
tended to find the eigenvalues by finding the zeros of |Ax|. Further developments and applications can
be found in the following research papers [61,122-148].

4.3. The Exterior Acoustic Problem

The boundary element solution of the exterior acoustic problem is the most popular area of
research in the context of this paper. A method that can solve over a theoretically infinite domain from
data on a surface mesh has significant value in the context of acoustics. However, it was found more
than half a century ago that the boundary integral equations, derived in the same way as the ones
for the interior problem, resulted in unreliable boundary element methods. Much has been achieved
on the road to developing a more successful outcome. However, to obtain a reliable exterior acoustic
boundary element method remains a tantalising goal.

Two reasonably successful pathways for developing a boundary element solution of the
exterior acoustic problem were developed about 50 years ago, and these remain today. In this
paper, the first is termed the Schenck method [149] and the second is termed the combined
boundary integral equation method (CBIEM). There are several references on a general review and
evaluation of the methods [55,150-157] and of software implementations [158-160]. The methods have
been used in a range of applications: loudspeakers [38,50,51,161-178], transducers [52,179-183],
hearing aid [184], diffusers [185,186], sound within or around the human body [159,187-190],
scattering by blood cells [191], engine/machine noise [53,56,192-208], aircraft noise [209-211],
rail noise [212], non-destructive defect evaluation [142,213-215], noise barriers [74,75,216,217],
environmental noise [218-224], underwater acoustics [225,226], detecting fish in the ocean [227,228]
and perforated panels [229].

4.3.1. The Integral Equation Formulations of the Exterior Helmholtz Equation and Their Properties

The direct boundary element reformulation of the Helmholtz equation follows the format for
Laplace’s Equation (30) and is as follows:
OifpeD
IMipls(p) — Livls(p) = @(p)ifp€E . (70)
So(p)ifpes
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The indirect formulation is
¢(p) = {Lwls(p) (peEUS), (71)

v(p) = {M;{ - %I}ra(p; np) (pes). (72)

However, the Ly, M — 4 I and M;{ — 11 operators are degenerate at the eigenvalues of the interior
Dirichlet problem (see Section 4.2.1). The issues in using the boundary integral equations in (70)—(72)
as general purpose exterior acoustic/Helmholtz equation solvers has been known for over 50 years.
The wavenumbers or frequencies in which these boundary integral equations are unsuitable are
often termed the characteristic or irregular wavenumbers or frequencies in the literature. These
characteristic wavenumbers are physical in the interior problem, but they are unphysical in the exterior
problem in which they are not a property of the Helmholtz equation model but are manifest in the
boundary integral equations. In Section 3.4.2 the effects of the non-uniqueness of the solution of the
interior Laplace problem with a Neumann boundary condition were discussed. The boundary integral
Equations (70)—(72) have a similar property at the characteristic wavenumbers, and this is also often
termed the non-uniqueness problem.

Although it is ‘unlikely” in practice that the value of wavenumber k is equal to a characteristic
wavenumber k*, it is shown in Amini and Kirkup [230] that the numerical error as a consequence of
being ‘close’ to a characteristic wavenumber is O( \k—l_k\ ). Hence, one technique of resolving the problem
is to use finer meshes in the neighbourhood of the characteristic wavenumber in order to offset this
error [231]. However, this strategy is likely to be prohibitive, requiring the overhead of creating a
range of meshes and increased computational cost. The values of the characteristic wavenumbers are
also generally unknown, although they can be found (as discussed in Section 4.2), but at a substantial
computational cost. It is also found that the characteristic wavenumbers cluster more and more as the
frequency increases. In conclusion, therefore, the boundary integral equations are—in practice—only
useful for frequencies reasonably below a conservatively estimated first characteristic wavenumber,
severely restricting the methods to the low frequency range in practice.

4.3.2. The Derivative and Double Layer Potential Integral Equations

For the direct method, the derivative boundary integral equation is analogous to Equation (31):

{quo}s(p; np) = {(M]t( + %I)v}s(p; np). (73)

For the indirect method, the boundary integral equations follow the form of Equations (35) and (36):
1
¢(p) = (M + 510 (), (74)

v(p) = (Nkls(psmy), (75)

Again, some of the operators are shared with the interior formulation. The operators My + 1, M,t( + %I
and N are degenerate at the eigenvalues of the interior Neumann problem, and hence these equations
are also unsuitable as the basis of methods of solution at those frequencies. These equations mirror the
properties of the elementary equations discussed earlier and their straightforward solution does not
result in an acceptable boundary element method.

The characteristic wavenumber for the derivative and double-layer potential Equations (73)—(75)
(the interior Neumann eigenvalues) are generally different from those of the elementary
Equations (70)—(72) (the interior Dirichlet eigenvalues), and at least therefore they provide alternative
methods. However, a more useful path involves combining the elementary Equations (70)—(72) with
these equations and these methods are considered in Section 4.3.4.
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4.3.3. The Schenck Method

The Schenck method [149] is often termed the CHIEF method in the literature and it is a
development of the standard direct method, based on Equation (70). Given the potential non-uniqueness,
discussed in Section 4.3.1, the system of equations that form the discrete equivalent of the boundary
integral equations are regarded as potentially underdetermined and they are augmented with equations
related to a set of points in the interior D:

[ Mssj =31 ]A :[ Lgs ]ﬁ
Mpsy =S Lpsy |°

By adding more equations, the expectation is to eliminate the non-uniqueness and determine a solution.
The equations can be solved by the least-squares method for Dirichlet and Neumann problems, the
column exchanging algorithm [115] could be used in the case of the general boundary condition (7).
There are several reported implementations and applications of the Schenck method [216,232-234].

Obviously, there are immediate questions about the number and position of the interior CHIEF
points. Juhl [235] develops an iterative method for selecting points and halting when the results are
unchanged. Equation (47) can verify that CHIEF points are interior, so this could be usefully included
in the method. There has been a significant number of implementations and testing of the Schenck
method. In general, more and more points are required to offset the non-uniqueness, as k increases.
This increases the computational overhead with respect to the wavenumber, additional to the potential
need for more elements at higher wavenumbers. Several improvements in the method have been put
forward and these are summarised in Marburg and Wu [236]. There have been several evaluations of
the CHIEF and combined methods and their variants [157,237,238].

4.3.4. The Combined Integral Equation Method

In this method, a boundary integral equation is formed through a linear combination of the initial
boundary integral equation and its corresponding derivative equation (for the direct method and
double-layer potential for the indirect metod). This concept was initially derived for the indirect
method and is attributed to Brakhage and Werner [239], Leis [240], Panich [241] and Kussmaul [242].
The corresponding direct integral equations are attributed to Burton and Miller [243].

The Burton and Miller method is based on a boundary integral equation that is a linear combination
of the initial one (70) with the derivative (73),

{(Mk - %I + uNk)qo}S(P; ny) = {(Lk + (ML + %I)U}S(Pinp) (pes), (76)

where p is a complex number, a coupling or weighting parameter. Similarly, for the indirect method,
the equation is based on writing ¢ as a linear combination of a single and double layer potential

¢(p) = {(Ly + uMp)n}(p) (p € E). (77)

This returns the following boundary integral equations

#(p) = (L + WM+ D)) (p) (p€5), 79)
o(p) = (M~ 31+ Nl (i) (p <), 79)

The issue of the determination of the values for the coupling parameter will be revisited in Section 6.2.
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4.3.5. Scattering

The boundary integral equations for the exterior acoustic problem are readily applicable to
radiation problems. The equations can also be used for the scattering problem, but with extra terms
involved that model the incident field. These same techniques can be applied in the interior problem.
For example, for the indirect method, the exterior acoustic field (77) is presumed to be made up of the
layer potentials, superposed with the (known) incident field:

9(p) = Pinc(p) + {(Ly + M)} (p) (p € E)

This similarly adjusts Equations (78) and (79):
1
P(p) = @inc(p) (L + wM = 3D)n) (p) (P €5),

1
v(p) = ine(p) +{(My + 51+ uNk)n}S(p;np) (pes).

5. Extending the Boundary Element Method in Acoustics

In this Section, extensions in the standard boundary element methods of the previous section are
considered. These include the Rayleigh integral method for computing the acoustic field surrounding
a vibrating plate set in an infinite reflecting baffle, as a case of the more general half-space methods.
This Section also includes shell elements in which a revision in the boundary integral equation for the
exterior problem returns a model for the acoustic field surrounding a thin screen. Through principles
of continuity and superposition, hybrids of these models and the standard models also significantly
extend the range of acoustic problems that come under the boundary element fold. Vibro-acoustic,
aero-acoustic and inverse acoustic problems are also considered in this Section.

5.1. Half-Space Methods

In Section 3 it was stated that the boundary element solution of Laplace’s equation was a useful
entry to the BEM in acoustics. The Rayleigh integral method (RIM) is also a good a starting point,
in that it required only one of the four Helmholtz operators, and, for Neumann problems, it is an
integral, rather than an integral equation. In this Subsection, the Rayleigh integral method is defined
and further developments are reviewed.

The Rayleigh integral method can be viewed as a solution to a half-space problem. If further
boundaries are placed in the half-space, then the integral equation formulation, with a simple
modification of the Green’s function, forms the model with ¢ = 0 or % = 0 on the plane. Further
development of the Green'’s function have been researched in order that an impedance condition is
modelled on the plane, a useful model in outdoor sound propagation.

On the other hand, if there is a cavity in the plane then the interior boundary element method can
model the acoustic field within the cavity and this is coupled to the Rayleigh integral. The model is
based on based on the interior formulation to model the cavity, applying a false flat boundary across
the opening and coupling the interior formulation with that of the half-space. This method is a hybrid
of the boundary element method and the Rayleigh integral method and is termed BERIM.

5.1.1. The Rayleigh Integral Method
In the operator notation of this paper, the Rayleigh integral is as follows:
9(p) = 2MLelnlp) (peE*UN) (80)

where 1 is the flat plate, radiating into the half-space E*. The solution of the Neumann problem,
finding ¢ from v, is simply the evaluation of an integral. For the general boundary condition of the
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form (7), the technique is again to solve the boundary integral Equation ((80) with p € II) to obtain v
and then evaluating the integral to obtain ¢ at any point in E'. In the Rayleigh integral method [71],
the plate is divided into elements, as discussed and applying collocation or, the equivalent for the
integral, product integration. Substituting (80) into the boundary condition (7) gives

= 2a(p){Lyol(p) + Bp)o(p) = f(p)- (81)

Using the discrete notation of this paper, the equation following the application of collocation is
as follows:

(-2DeLimx + Dg)oy = £ (82)

There have been several reported implementations and developments of the Rayleigh integral
method [244-254], including vibro-acoustics [197,255,256]. Applications of the method include
sandwich panels [257-263], engine or machine noise [203], electrostatic speaker [264] and
transducers [52,265,266].

5.1.2. Developments on Half-Space Problems

Integral equations for scattering or radiating boundaries above an infinite plane can be developed
through altering the Green’s function [247] in order that it also satisfies the condition on the plane.
For the perfectly reflecting plane the Green’s function must satisfy the Neumann condition on the
plane; ‘39% = 0 and hence G*(p,q) = G(p,q) + G(p,q*), where g" is the point that corresponds to g,
when reflected through the plane. Similarly, if there is a homogeneous Dirichlet condition on the
plane then the revised Green'’s function is G*(p,q) = G(p,q) — G(p, q*). More generally, the modified
Green'’s function is G*(p,q) = G(p,q) + R G(p,q*), with R representing the reflection of the plane
(-1 <R <1). An impedance boundary condition is generally required in modelling environmental
noise problems [220,267-270].

However, the methods in the previous paragraph are applicable when the acoustic scatterers or
radiators are on or above the plane. Another set of methods apply if there is a cavity in the plane. Early
examples of this type of problem have arisen in harbour modelling, in which the Helmholtz equation
has been used to model the waves in a harbour (the cavity), which is open to the sea bounded by the
coastline (the plane) [271,272]. The Boundary Element—Rayleigh Integral Method (BERIM) [169], is
applicable to open cavity problems in acoustics. The interior boundary element method (Section 4.1)
models the sealed interior and the Rayleigh integral method models the field exterior. The advantage
in this model over the exterior model could be substantial; the mesh covers the interior of the cavity
and the opening only, rather than the inside and outside. There is an important issue with the model,
as it presumes that the cavity opens out on to an infinite reflecting baffle. However, this could
be a small price to pay, and some problems—such as the loudspeaker problems considered by the
author [169]—the mouth opens onto a front face of the cabinet. Motivated again by environmental noise
problems, several methods have been developed for a cavity opening on to an impedance plane [273].

5.2. Shell Elements

The derivation of integral equations and methods for modelling thin shells (that is an open
boundary modelling a discontinuity in the field) in the boundary element context takes us back to the
works such as Krishnasamy [274], Gray [275], Terai [276] and Martin [277]. In these, and various other
references, the shell is also termed a crack. For the Helmholtz equation, the derivation of the integral
equations is set out in Warham [73] and Wu [72].

Shell problems may be solved using the standard boundary element methods already described
in this paper. One method is to mesh the shell as a closed boundary, with a finite thickness. However,
if the thickness of the shell is a fraction of the element size, then the boundary integral equations
representing collocation points on either side of the shell are similar, and the equation approaches
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degeneracy. Alternatively, many elements may be required, to ensure that the elements on the shell are
not disproportionate in comparison with those along the edges.

A more productive method of using existing methods is to artificially extend the shell to form a
complete boundary, with the interior and exterior BEM applied to the inner and outer domains, and
continuity applied over the artificial boundary. However, this approach, in many cases, would be
prohibitive, as the number of elements would be substantially greater. However, analytic test problems
for shell problems are difficult to develop and using the more-established interior and exterior BEM in
this way can provide comparative solutions. As with the Rayleigh integral method of the previous
Subsection, the same Helmholtz operators re-occur with the shell model. Hence, the inclusion of shells
in boundary element software significantly extends the functionality of the library, at little extra cost.

5.2.1. Derivation of the BEM for Shells

In this model, ¢ is the solution of the exterior Helmholtz Equation (3) in the exterior domain,
surrounding an open boundary Q). The boundary Q) is presumed to be an infinitesimally thin
discontinuity and so, at the points on the boundary, ¢ and its normal derivative v take two values,
one at each side of the discontinuity. The two sides of the shell are labelled “+” and “-“: it doesn’t
matter which way round this is, as long as it remains consistent. Hence, on the shell, four functions are
modelled, ¢4 (p), p-(p),v+(p) and v_(p) (p € Q), where the normal to the boundary, which orientates
v, and v_, is taken to point outward from the ‘+’ side of the shell. However, rather than working with
these functions, it is more straightforward to work with the difference and average functions;

o(p) = ¢+(p) = #-(p),
D(p) = %(w(p) + ¢-(p)),
v(p) = v+(p) —v-(p),
V(p) = 30+ (p) + 0-(p)),

for (p € Q) and where, for simplicity, it is presumed that the boundary is smooth.

The boundary condition is defined in a similar way as in Equation (7), but as there are double the
number of unknown function, two boundary conditions are required (p € Q):

a(p)o(p) +Bp)vip) = f(p), (83)

A(p)@(p) +B(p)V(p) = F(p), (84)

The integral equations that govern the field around the shell discontinuities derived from the
exterior direct formulation (70) [73], by taking the limit as the boundary becomes thinner, and they are
as follows:

D(p) = {Md)r(p) — {Lgvir(p) (pel), (85)
V(p) = {Nyolr (p, np) [M v}r(p ) (pel), (86)
p(p) = IMiSir(p) = (Lvir(p) (peE). (87)

There are few tests of methods based on these equations in the literature. The only known issue is
at the edge, as it is likely that the solution is singular there. Therefore, mesh grading, using smaller
and smaller elements close to the edge may improve efficiency.

5.2.2. Mixing Opem with Closed Boundaries

Again, using the superposition principle, discussed in Section 4.3.5, shell boundaries can be
mixed with the traditional boundaries. For example, for the interior problem made up of a domain D
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with boundary S and with shell discontinuities I within the domain, the superposition of the direct
Equations (48) and (61) with Equations (85)-(87) returns the following equations:

D(p) = (Lioks(p) - (Mipls (p) + IS} (p) = Livhe(p) (pel),
V(p) = (Mol (p) - (Nepls(p) + INedlr(pimp) - (ML) (pimy) (peT),
p(p) = {Lls(p) = (Mrpls(p) + (Mol (p) = {Lgvir(p) (peD),

29(9) = (Liols(p) = Mkpls(p) + (M) () ~ (Livhr (p) (peS).

Methods based on this analysis and equations were developed and demonstrated by the author for
the interior Laplace equation [85], the exterior acoustic/Helmholtz problem [278], and for the interior
acoustic/Helmholtz problem [135,279].

5.3. Vibro-Acoustics

Problems that involve structural vibration, as well as an acoustic response, are termed
vibro-acoustics. In this Subsection, the modelling by a domain method, such as the finite element
method is outlined. The FEM can be applied to the structure and/or the acoustic/fluid domain, but,
in the context of this Subsection, the FEM is used as the structural model. When the structure and
the fluid significantly influence each other’s dynamic response then they are modelled as coupled
fluid-structure interaction.

5.3.1. Discrete Structural or Acoustic (Finite Element) Model

The properties of the interior acoustic problem parallel the expected response an excited elastic
structure, presuming no damping, or, more simply, simple harmonic motion. In this discussion, let
us consider this further in order to bring context. With a mass M and a stiffness K, the equation of
(unforced) simple harmonic motion is

Mg+Kq=

where g is the displacement and ¢ is the acceleration. The same equation results from a system of
masses or from the finite element method solution with M and K termed the mass and stiffness matrices
and g and g are vectors of displacement and acceleration of the individual masses or nodes in the FEM.

The }_Jhasogsolution q= er“’t returns the following equation,
-w’MQ+KQ =0, (88)

Hence, applying the finite element method to the structural or interior acoustic modal analysis
problem returns a generalised algebraic eigenvalue problem (of the form of Equation (68)). The matrices
are sparse and hence are amenable to more efficient methods of solution. Although the matrices are
larger and the domain needs to be meshed, the BEM with its nonlinear eigenvalue problem struggles
to compete with the FEM in acoustic modal analysis. Let w]z. and 9 forj=1,2,... be the eigenvalues

(natural frequencies) and corresponding eigenvectors (mode shapes) of Equation (88). It follows that
M‘lng = aﬁg],.
Let us also now generalise the model in order to include and external excitation force g:
M g +Kg=g (89)

Following the phasor substitution ¢ = Ge/** Equation (89) is modified as follows:

—a)zMQ-i-Kg:Q, or
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-0’ Q+M'KQ=M"G.

For the homogeneous equations (G = 0), the above may be cast as a generalised or standard
algebraic eigenvalue problems, as discussed in Section 4.2.2. Let us write the response and the excitation
in terms of the modal basis

— 0 -1 = O:
Q= Z],y]Q] and MG = Zju]Q]. (90)
Considering each eigen-solution in turn relates the coefficients, so that
a:
- /
Vi (u? —w?

In practice, a structure or an enclosed fluid experience damping, the simplest and usual model is
to relate damping to the velocity:
Mg+Cq+ Kq=g
where C is termed the damping matrix. Following the phasor substitutions, Equation (89) is modified

as follows:
- w*MQ + jwCQ + KQ = G. 91)

The response of the system to an applied boundary condition across a frequency sweep is to have a
smoothed peak at the resonance frequency and a more gradual phase change. In general, the response
of the system can be modelled as a sum of weighted modes (90) with the coefficients that are relatable
as follows:

Vi= d]‘(a))ll,‘. (92)

5.3.2. Coupled Fluid-Structure Interaction

The finite element model in the previous Sub-subsection is directly applicable to a structure when
there is no significant coupling between the structure and a fluid. Similarly, the acoustic analysis
methods of Sections 4 and 5.1 and Section 5.2 are directly applicable when there is no significant
coupling between the fluid and a structure. However, for many dynamical systems, it is appropriate
to couple the structural model, of the FEM form outlined in the previous Sub-subsection, with the
acoustic model of the fluid with which it is in contact. The finite element method can be applied in
both domains, with appropriate properties. In the context of this work, the boundary element method
provides the computational acoustic model. The models are coupled together, through continuity of
the particle velocity at the interface, and the resultant forcing on the structure is affected by the sound
pressure. The discrete coupling is applied at the elements that coincide with the boundary.

The fluid-structure interaction model with the boundary element method modelling the
acoustic domain has been developed and applied over several decades. Expansions on the
general method can be found in the following works and the references therein [183,267,280-283].
Applications include the interaction of plates with fluids [23,245,284], sandwich panels/lightweight
structures [257,261-263,285], sound insulation [283], screens [286], the passenger compartment of an
automobile [111], hydrophones [284,287] and in seismo-acoustics [288].

In Section 4.2, the acoustic modal analysis of an enclosed fluid was discussed. Similarly, in the
previous Section, structural modal analysis via the finite element method was outlined. Of course,
when coupling occurs, the eigenvalue analysis need to be applied to the coupled system. For example,
a structure typically exhibits different resonant frequencies in vacuo than it does when immersed
in a fluid. In the literature, these are often termed the dry and wet modes (at least for structures
placed outside of and in water). Modal analysis via the finite element method returns a standard and
sparse eigenvalue problem (88), modal analysis by the boundary element method yields a non-linear
eigenvalue problem (69) and hence the hybrid coupled FEM-BEM system is also non-linear. There
are several reported implementations of coupled fluid-structure modal analysis using the boundary
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element method [19,255-257,265,284,287,289-301]. The coupled matrices are generally much larger
than for the boundary element method alone and this can be resolved by determining the response in
the dry structural modal basis and coupling that with the boundary element model [299,301].

5.4. Aero-Acoustics

While the boundary element method has been applied to coupled fluid-structure interaction
problems for almost as long as the method has been around, the BEM in aero-acoustics is a much
more recent development. The standard exterior BEM in a vibro-acoustic settting has been applied
in aircraft noise [210,211]. The wave Equation (1) does not include convective flow and is only an
adequate model in aero-acoustics in the special case of insignificant flow and the formulations and
methods outlined in this work are no longer directly applicable. The Navier-Stokes equations model
fluid flow and their solution by numerical methods is termed computational fluid dynamics (CFD). There
are reports of applying the standard acoustic BEM and CFD to aircraft [47,48,302-304] and, similarly,
to underwater vehicles [305,306].

To model the noise from aircraft, the domains are typically large and significant resolution is
required to capture the higher frequencies, and hence domain methods come with a high computational
cost. Computational aero-acoustics [11] has arisen for developing and applying numerical methods in
this particular area. The attraction of the BEM in computational aero-acoustics is the same as it is in
standard acoustics, a significant reduction in meshing and hence the potential for faster computation.

Work on the adaption of the BEM to a wider scope of problems has been developed, for example
by the dual and multiple reciprocity method, which has also been applied to variants of the Helmholtz
equation [46-48,103,131,148]. A generalisation of the boundary element method in acoustics that
includes convection, is applicable to problems with uniform flow, but this can also form a useful
approximation method with the mean flow rate substituting the value for the uniform flow rate [307].
Similar to the approach in half-pace problems, discussed in Section 5.1.2, aero-acoustic problems are
adapted for the BEM by revising the Green’s function [308-310]. Recently the BEM in acoustics has
been adapted to model viscous and thermal losses [311-313].

Methods in aero-acoustics that use the BEM generally involve setting a fictitious surface, enclosing
the significant effects such as noise generation and turbulence, within which typical methods of CFD
are used to model the Navier-Stokes equations; the sound generation and sound propagation are
modelled separately. The boundary element method models the outer domain, but requiring the
fictitious surface to be meshed, modelling the uniform flow and the radiation condition from the
boundary and into the far-field. There are several reported implementations and aero-acoustic and
related applications of these methods [307,314-326].

5.5. Inverse Problems

An inverse problem in acoustics, involves measuring properties of the acoustic field and processing
that information in order to determine something about its origin. Over recent decades, the main text
that guides inverse acoustic (and electromagnetic) (scattering) problems is that of Colton and Kress [16],
now in its third edition. Colton and Kress provide a mathematical analysis of inverse problems, and,
in acoustics, their focus is on determining the shape of the boundary of a scatterer from the (disturbed)
sound pressure at points in the far-field. An example of an application of this is identifying bodies on
the sea floor [327].

Inverse problems are ill-posed. This means a range of solutions can give rise to the same
measurements, in contrast to the forward problems, studied so far, which are usually well-posed, with a
unique solution. In practice, the linear system that is returned by the boundary element method (or any
standard method) is significantly ill-conditioned. If a conventional method is used to solve the linear
system then the solution will not be acceptable. In the author’s previous work on the inverse diffusion
problem (classically, the backward heat conduction problem) [328], also included in Visser [237]) it was
discussed that there is effectively insufficient information in the data to determine the solution of an
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inverse problem. The notion of an “acceptable” solution, the bias of the observer, provides the final
constraint that enables the ill-posed problem to be substituted by a nearby well-posed problem. This
returns an acceptable solution, even though it is a less accurate solution of the discrete equations. In
the literature, this technique is termed regularisation.
Acoustic holography—determining the sound field near the source from acoustic properties at
a distance from the source—is one of the main application areas of the inverse boundary element
method. In general, an array of pressure or velocity transducers provides the data and the inversion
returns the acoustic properties on the surface. Acoustic holography can determine the sources of noise
from a radiating structure, which can help guide a re-design. For example, starting with the discrete
equivalent of Equation (71),
®, = Lesk ds, (93)

the field data ¢ _ (effectively the sound pressure, see Section 2.1) is related to the layer potential og. If
we could find a discrete approximation to g5, then the approximation to the surface potential (sound
pressure) and velocity could be found by the matrix-vector multiplication of the discrete equivalent of
Equations (53) and (54) and the surface intensity could then be found by the Equation (5). However, as
discussed, the solution of the linear system will not yield acceptable results. Even if the number of
data points massively exceeds the number of elements, the system is stll effectively underdetermined.

Perhaps the most popular method of resolving the ill-posedness is to use Tikonov regularisation.
This involves minimising the residual in system, along with a penalty function that constrains the
variability of the solution in some sense. For example, Equation (93) is replaced by

min z{ o, - Lesi & <2 @I, o1

where 1 is a parameter that can be ‘tuned’ to achieve and acceptable solution and the norm is the
2-norm.

A related regularisation method is termed truncated singular value decomposition (TSVD). For
example, the singular value decomposition (SVD) of the Lgs . matrix factorises it as follows:

Lgsy = UZVE, (95)

where U is a ng X ng matrix, V is ns X ng and X is a diagonal matrix containing ng singular values s;,
non-negative values in non-decreasing order. In Equation (95), the H denotes the complex conjugate
transposed. Let U = [L_tl,gz, . .gn] and V = [Ql,gz, ... Un], where the u; are the left singular vectors
and the v, are the right singular vectors. For ill-posed problems, the final singular vectors are oscillatory,
and the corresponding singular values are very small. Hence, on solution of a system like (93), the
oscillations dominate. In TSVD, the offending singular values are simply removed or filtered. The
solution may then be determined as

g

— n i "1
og = Z Eo. ,
- =l s =t

where n* < min (ng, ng).

There have been several reported implementation of acoustic holography using the methods
discussed [237,329-334]. Similar methods have also been developed for finding the impedance of the
surfaces in rooms from measured sound pressure data [335,336].

5.6. Meshless Methods

One of the main advantages of the boundary element method over domain methods, such as
the finite element method is the reduced burden of meshing. With meshless methods, a mesh is not
required at all. The simplest concept of a meshless method is the equivalent sources method (ESM)
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in which it is presumed that the acoustic field is equivalent to a field generated by a finite set of
point sources:

m
op)~ Y 7iGilp.4;)
=1
where the g; are the positions of the sources that are outside of the acoustic domain and the y; are the
unknown source strengths and Gy is the appropriate Green’s function. For the Dirichlet boundary
condition, by matching the Dirichlet data on the boundary (p(p j) for p; € 5, gives a linear system
of equations, provided there are at least as many source points as there are items of boundary data.
Similarly, by differentiating the above equation with respect to the normal to the boundary

2¢(p) L 9G
7 z;wa—,f(%)f

then approximate solution can be found by matching the values with Neumann data, and using a
combination. Usually, more internal points than items of boundary data are chosen and a least-squares
solution is sought. The meshless methods avoid the problem of singular integration. However, the
ESM is not based on a boundary integral equation formulation and hence it is an alternative to the
boundary element method and is therefore beyond the scope of this paper. Lee [337] provides a recent
review of the ESM in acoustics.

An alternative method for developing meshless methods has more in common with the standard
boundary element method. The method can be applied to the standard interior or exterior problem.
For the exterior problem, the methods relates to the Schenck or CHIEF method, of Section 4.3.3, but
only the integral equations for the internal points are applied, and the integrals are approximated by
using only the midpoint value

Mps kP = LpsxDs.

With the number of interior points exceeding the number of boundary points the solution can be found
in the least-squares sense. For the exterior problem, the Burton and Miller form is expected to have
superior numerical properties:

— — R — —t ~
(Mpsx + uNps k)¢ = (Lps + mMps ).

These methods still avoid integration, particularly singular integration and can also be used on the
modal problem. There are several reports of implementations of these methods [144,145,338-341].

As methods for solving acoustic problems, the meshless methods, are well behind the standard
boundary element method in the sense of developing robust software. As with the Schenck or CHIEF
method of Section 4.3.3, there is the added issue of determining the placement of the equivalent sources.
The methods outlined in Section 3.4.2 could be used in determining whether source points are interior
or exterior.

6. Areas of Discussion

Much of the development work on the boundary element method in acoustic has been on relatively
simple shapes and relatively low frequencies. For practical problems, the existing methods must be
applicable to more complicated domains and to high frequencies. In this Section, two significantly
challenging areas in the acoustic BEM are surveyed. The first is that of efficiency, the relationship
between the accuracy achieved and the computational effort. Error analysis of the acoustic/Helmholtz
BEM has received significant attention [230,342,343]. Three categories of error arise in the BEM; the
discretisation error due to the approximation of the boundary and boundary functions, the quadrature
induced error resulting from the numerical integration method and the error in the solution of the
linear system of equations. In general, efficiency is maximised by balancing the errors. Much of the
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focus in the development of the BEM in acoustics is on improving its efficiency so that a full frequency
sweep, particularly including the resolution required to model high frequencies, can be achieved with
reasonable computer time and memory requirements. In Section 6.1 the efficiency of the acoustic BEM
is discussed and methods for improving efficiency are reviewed.

The most valuable acoustic boundary element method—the standard exterior problem, outlined
in Section 5.3—has also been found the most difficult to maintain. The combined integral equations
of Section 4.3.4 have held the most promise. The earlier work on the acoustic BEM suggested that
the coupling parameter was somewhat arbitrary. In terms of scaling up the method, however, the
coupling seems to have become a significant issue and, in Section 6.2, the choice of coupling parameter
is revisited.

6.1. Efficiency

It is often stated that the boundary element method had a significant efficiency advantage over
domain methods, such as the finite element method. However, efficiency concerns remain critical, not
least for the acoustic boundary element method, in which it has been a focus of research for many
decades. Efficiency, relates the accuracy of the output to the computational resources required to achieve
it. The computational resources include the computer processing time and/or the memory requirements.
One approach for improving the execution time of numerical methods is to use parallel processing, so
that instructions are executed simultaneously, rather than sequentially, and such techniques have been
applied in the boundary element method [304,344].

In this Subsection, the efficiency of the acoustic BEM is analysed and techniques for improvement
are reviewed. Although a range of classes of boundary element methods have been outlined in this
paper, the analysis is fairly generic, and can be applied to the boundary-value problems that arise
in acoustics. The modal analysis or eigenvalue problem is not considered, but much of the analysis
carries over. For the extended problems considered in Section 5, the analysis in this Subsection is only
relevant insofar as the BEM is implemented with the wider context.

6.1.1. The Computational Cost of the Acoustic Boundary Element Method at One Frequency

In this Sub-subsection, the boundary element method in acoustics is developed in its most typical
way for one frequency. The efficiency of the method is analysed and discussed. More disruptive
methods for improving the efficiency are considered subsequently.

As discussed, the boundary element method is composed of two stages, the first stage involving
determining the boundary functions and the domain solution in the second stage. In the first stage one
or more n-n matrices are formed, where 7 is the number of boundary solution points (e.g., collocation
points, or elements for simple constant elements). In the second stage, usually one np-n matrix is
formed, where np is the number of domain points. Hence the storage requirement is O(n2 + npn)
complex numbers.

The matrices are normally computed by numerical integration. In general, the number of
quadrature points required on each panel would be varied with the size of the panel and the distance
between the panel and the point [345]. For each quadrature point, the Green’s function would be
computed, together with the other geometric information, although the former is likely to incur the
greater part of the computational cost. The discretisation could be carried out separately for each
operator; however, for efficiency reasons, the computed values should be shared between the operators,
as, for example, followed in the author’s previous work [61,91]. The diagonal components of the square
matrix (or matrices) in the initial stage may be the result of evaluating singular and hypersingular
integrals, as discussed, and, although they require special treatment, it is usually more efficient if the
quadrature points are similarly the same for all required discrete operators. Lumping together the
matrices, for the n X n and np X n components, let the average number of quadrature points be Ng
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and let the average cost of the evaluation of the Green’s function be C; and the average cost of the
geometrical properties be Cg, then the total cost (or computer time) of computing the matrices is

]\[Q(i’l2 + npi’l)( CG + Cg)

Clearly Cq will be larger for the combined operators, used in the primary stage for exterior problems.
Alternatively, for the Schenck method, the matrices are augmented by the discrete operators for the
interior points.

Once, the matrix vector system is formed, the next step is to solve it. The most straightforward
method of solution of a square system is the Gaussian elimination or LU factorisation method (re-writing
a matrix as the product of a lower and upper triangular marices). The overall computer time for the
acoustic boundary element method at one frequency can be summarised with the equation

NQ(n2 + npn)( Cg+ Cg) + (% n3 + O(nz))Cf

where Cy represents the cost of a floating-point operation, such as multiplication or division. The
non-square system that arises in the Schenck method can also easily be resolved as a square system
through pre-multiplying both sides by the transpose of the matrix over which the solution is sought
and this is equivalent to the least-squares solution.

In its earlier development, the cost of computing the matrices generally far outweighed the cost of
solving the system. However, in the first stage of the boundary element method, the computational
cost of setting up the linear system is O(nz), whereas the cost of solving it (using the methods stated)

is O(n3). For this reason, it has also been understood for a long time that LU factorisation or related
methods for solving the linear system was unsustainable, as progress is made towards the finer meshes
that are particularly required for high frequency problems. However, it is important also to state the
particular advantages that LU factorisation has. LU factorisation is a robust method and, in the case
when there are a range of inputs to a problem with a fixed boundary and boundary condition, once the
O(n3 ) factorisation as been stored, it can be used repeatedly again with O(nz) cost.

The fast multiple method (FMM) is a popular method of speeding up the computation of
the matrices in the boundary element method and it has been applied to acoustic/Helmholtz
problems [220,227,254,284,287,290,320,346]. In this method the Green’s function is approximated
by local polar expansions that can be translated through the domain, rather than re-computed. The
FMM is often used with iterative methods.

In this Subsection alternatives to standard LU factorisation are reviewed. Faster solution methods
include the use of hierarchical matrices [190] or panel clustering [347] and iterative methods are also
considered. If the solution of the linear system is potentially dominant, in terms of computational
cost, then the attention also re-focuses on the integral equation method. For it may be advantageous
to choose an integral equation method that results in a linear system that has faster convergence
properties, rather than one that is the easiest to apply or the most efficient (such as the collocation
method that is highlighted in this work).

6.1.2. The Frequency Factor, Multi-Frequency Methods and Wave Boundary Elements

Typically, in vibration and acoustics, the time-dependent signals are resolved into frequency
components. For example, for air-acoustics, the audible range for human being is up to 20 kHz and
typically his could be resolved into components with a 10Hz resolution; multiplying the computational
cost, considered in the previous Sub-subsection, by around 2000. The prospect of solving acoustic
problems over the full frequency range has led to another set of techniques focus on reducing the
computational burden by solving a range of frequencies together and these are usually termed
multi-frequency methods [297,348-355]. However, with the nature of an acoustic field, originating
typically from structural vibration, is such that structural and acoustic resonances, and the driving
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profile, dominate the total acoustic response. From a computational point of view, effort should
therefore be concentrated on these ‘peak’ frequencies. Hence, this adaption returns us to the standard
mono-frequency problem, or applying the multifrequency method, centred on each peak.

Moreover, in general the frequency of observation is matched in the acoustic and vibratory
properties. In practice, as the frequency increases, a higher elemental resolution is required and
hence n = O(k) for two-dimensional and axisymmetric problems and n = O(kz) in three dimensions.
Although this seems to imply a revision of the mesh at every frequency, it is more likely that one mesh
that is suitable for the highest frequency is used throughout the range, or separate meshes are applied
in significant sub-ranges of the frequency range, in order that the burden of meshing is proportionate
within the overall project.

A review of the actual number of elements required to capture the solution is provided by
Marburg [356-358]. In general, for the simple elements that are often used, it is considered that
6-10 elements per wavelength is a reasonable guideline. Obviously, higher-order boundary element
methods [100,359-363] would often return the same accuracy with fewer elements. There is significant
interest in isogeometric elements, in which the boundary and the boundary functions are modelled
with the same basis functions (typically splines), so that the BEM can be more easily integrated
with computer-aided design [364-371]. For air acoustics, at high frequencies reaching 20 kHz, the
wavelength is less than 2 cm. For example, even for a 10cm cube, the number of elements required
to model the high frequencies is in the tens of thousands and for a 1m cube, over a million elements
would be required. A variation on the boundary element method has arisen for developing sinusoidal
basis functions or wave boundary elements, in order to more accurately model the acoustic functions
and the term PUBEM or partition of unity BEM is often used to identify such methods [267,371-374],
which has similarity with the application of the Treffetz method [292-294].

6.1.3. Iterative Methods and Preconditioning

The scalability of the standard BEM in acoustics has been in question for several decades. The
computational estimate relates two areas of particular concern, the O(1%) nature of LU factorisation
and the O(n?) cost of computing the matrices. Hence, much of the current research on the BEM in
acoustics is focused on reducing its computational burden, so that the methods can be casually applied
to more significant problems and high frequencies.

The conjugate gradient method was identified as a useful iterative solution method for the acoustic
BEM [155,375,376]. The conjugate gradient method and related methods are generally termed Krylov
subspace methods and these variants have been significantly tested on the linear systems arising
from the boundary element method in acoustics [106,377-379]. In general, if the underlying operator
is compact, corresponding to a clustering of the corresponding matrix eigenvalues, then iterative
methods, such as the Krylov subspace methods, work well [380]. However, one of the operators, N,
is not compact, the eigenvalues of its matrix equivalent are spread out, and hence the raw iterative
methods are only applicable in particular cases, in which the hypersingular operator is not in play.
Hence, in the spirit of generality that is sought in this work, the iterative methods are of limited
value in solving the untreated equations. However, in the acoustic boundary element method, these
iterative methods are usually applied following an intervention with the original linear system, termed
preconditioning [381].

In the acoustic BEM, preconditioning has been advocated since its early days. The original concept
can be derived from the integral equation formulations. By various substitutions with the boundary
integral equations, operator identities can be derived. One of the most useful is the substitution of (74)
and (75) into (70) (p € S) (or substituting (63) or (64) into (48) (for peS)) giving

1 1 1 1 1
LeNi = (M= 51)(Mi + 51) = (Me + 51)(Mi - 51) = M = 310
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and hence the left-hand side of the Burton and Miller Equation (76) may be re-written as follows

{(Mk - %1 + uLka)fp}s(P; ) = {(Mk - %I + (M + %I)(Mk - %I)k)q)}s(r’: )

1 (96)
= {(Lk + uLi (M + EI)U}S(P/' ),

The equation is preconditioned, as the Ny operator has been eliminated and all the operators are
compact. However, the motivation for this technique can be with the elimination of the hypersingular
integration, with incidental preconditioning. Methods based on (96) along with L, N} = M]t(2 - %, that is
obtained through the substitution of (53) and (54) into (61) or the substitution of (71) and (72) into (73)
(p € S), are often termed the Calderon equations [382,383]. Methods that make use of this substitution
have been developed [155,157,241]. Alternative approaches in developing well-conditioned integral
formulations for iterative solution have also been the subject of research [384-388]. Langou [389]
develops methods for the iterative solution of linear systems with multiple right-hand sides, echoing
the stated advantage of the LU factorisation method, discussed in Section 6.1.1.

Matrix preconditioners are often based on constructing an approximate inverse and following a
fixed point/ defect correction/ contraction method. Introducing a preconditioning matrix also introduces
an O(n?) matrix multiplication at each step, but this can be reduced to O(n) if the approximate inverse
matrix is sparse or banded [378,380]. Methods based on an incomplete LU factorisation [390] have
been tested in the acoustic BEM [391]. A similar approach is the construction of a DtN (or DN) map
(Dirichlet to Neumann) or NtD (or ND) map, also termed an on surface radiation condition (OSRC), as
the approximate inverse [190,392-394].

6.2. The Coupling Parameter

The direct and indirect integral formulations of the exterior problem that that were free of the
characteristic frequencies or non-uniqueness, were introduced in Section 4.3.4. The equations were
defined with a coupling parameter p, which weighs the contribution of derivative equation with the
original equation in the direct method, or between the double layer potential and the single layer
potential equations in the indirect method. Mathematically, the coupling parameter has a non-zero
imaginary part that ensures that the equations are free of characteristic wavenumbers, and, in general,
u is presumed to be an imaginary number. In accepting that p is imaginary, the starting point is
—oo < Im(p) < oco. If |u] is very small or very large then one or the other of the original equations would
dominate, and the issues with the dominant equation would be evident with the hybrid equation, and
this narrows its range; 0 < |p| < oo.

The argument quickly shifted from introducing (t in order to avoid the potential catastrophic
errors in the original equations of Section 4.3.1 to considering an optimal value. For several decades,
based originally on the works of Kress [395-398] and the further works of Amini [399], there has been
a strong recommendation, with supporting research, that p = % is reasonably close to the ‘optimal’
choice, as least for the simple boundaries, like spheres. Obviously i is unsuitable for low wavenumbers,
as the parameter would be large, violating the condition |u| < oo, and the second equation would
dominate and a cap on its value is recommended, for example,

[ 1ifk<1
T fifks 1

The term ‘optimal’ in these paragraphs, refers to the condition of the combined operators over
which the equation is being solved. The stronger the condition of the operator, the less able it is to
magnify the solution, or magnify its error. The original equations, on their own, have ‘spikes’ of
ill-conditioning around their respective eigenvalues. The rationale is that in combining the equations,
these spikes are significantly reduced, and the condition of the combined operator steers an even keel
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through the frequencies. It has been shown, for example for a sphere that % provides a generally
well-conditioned combined operator. A recent paper by Zheng [400] showed that each eigenvalue of
the combined operator follows a loop-shaped locus as p varies, joining the real axis when |u| = 0, oo,
and supporting p = %, as this reasonably approximated the point on the locus that was furthest from
the real axis. Zheng terms the inclusion of the derivative equation as ‘adding damping’, relating the
analogy with, for example, Equation (91), wherein the damping term similarly shifts the eigenvalue off
the real axis; the combined integral equations are not free from irregular frequencies, rather they are
simply moved from the real axis into the complex plane.

There is a simple case for the parameter with an inverse proportionality with the wavenumber.
Considering the three-dimensional case, the Green'’s function (52) is the kernel of the L; operator, and
its magnitude does not change with k ('eik’| = 1). Hovever its derivative,

G, W
o 4m?

(ikr—1), 97)

a factor in the kernel of the Mj and M;{ operators, is O(k). Hence, combining the operators of Ly with
M or M, as in Section 4.3.4, a parameter that is inversely proportional to k equalises the contribution
from the two operators. Similarly, differentiating again, the kernel of the Ny is O(k?), and the same
parameter has a similar function, when M, or M]t( are combined with it.

A recent paper by Marburg [401] considered principally the sign of y. Marburg noted that many
papers had inadvertently used p = —,% as the coupling parameter. Given that its value was not
thought to be critical, it might be thought that this would work as well as yt = ;. However, Marburg
demonstrated that ; usually returns significantly more accurate results, and much faster convergence
with the iterative methods for solving the systems of equations. The parameter p = — was not used
out of choice in the papers reviewed therein, but rather through the confusion of the signs that underlie
the basic definitions in the mathematical model. These results have been confirmed by Galkowski [116].

If L is coupled with its derivative, as it is in the Burton and Miller equation, then the following
equation is obtained, for one side of the equation

1 dGy Jr 1
(Lt w0t 5300) (i) = [ (Gt WG S o(a)as + F10(p)
etk ., or ar 1
= ‘Lm(ﬂr ulkra—np - u%)v(q) as + Epw(p),

With u = i there is significant cancellation in r + uikr(% when {597; = 1, possibly with a diagonalising
effect on the operator, and this is also presumed for the other combinations of operators.

Another approach is to consider the condition of the matrices that arise in the BEM [402-404].
Earlier, it was discussed that the Ny operator was a pseudo-differential operator, rather than an integral
operator. As a result of this, the [[Nsg || increases with the number of elements 15, whereas for the
other integral operators, the norm of the matrix is independent of the number of elements. This is also
supported by Equations (45) and (46); the diagonal components of the Ngg ; matrix are O(,];) = O(ns)
for two- dimensional and axisymmetric problems and O( \/n_s) for three-dimensional problems. It
follows that |[Nggill = O(ng) or O( \/ﬁ) The scene is therefore set for two conflicting interests in
choosing the coupling parameter u = }1( is near-optimal in conditioning the combined operator, as a
result of mathematical analysis whereas u = HLS or u= ﬁ (put simply), balancing the matrix norms,
as a result of numerical analysis. Without the latter correction, the Ngg x matrix will apparently provide
an increasing dominant potential for (quadrature-induced) error as the number of elements increases.

However, in Section 6.1, the modern form of the combined method was outlined, involving
pre-conditioning and iterative methods for solving the linear systems. For example, with the
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preconditioner in (96), the Ny, operator is avoided and, in such cases, the analysis of the previous two
paragraphs is not applicable.

7. Concluding Discussion

The main purpose of this paper is to encapsulate the modern scope of the boundary element
method in acoustics; how it can be adopted for general 2D, 3D and axisymmetric dimensions, interior,
exterior and half-space problems, thin shells and modal analysis. The standard BEM can be directly
applied to an enclosed domain with cavities or to multi-boundary problems in an exterior domain.
Boundary element methods are founded on a boundary integral equations formulations and these
can be fused to form additional methods: thin shells can be used to model discontinuities in an
interior or exterior domain defined by closed boundaries, half-space problems can be modelled by the
Rayleigh integral or modifying the Green’s function, domain methods can be linked to the BEM so that
vibro-acoustic and aero-acoustic problems can be tackled and—through regularization of the BEM
equations—inverse problems can be addressed.

The boundary element method is a numerical method that only becomes a potentially useful tool
for solving real-world problems in acoustic engineering when it has been implemented in software.
Clearly, it is important that the executing code fits within the memory of the computer and completes
the computation in reasonable time, and efficiency issues have been considered in Section 6.1. There
are issues of generality and, in that regard, this work has focused on the generalised Robin boundary
condition and general topologies. Reliability and maintenance are also very important issues in
software development, and hence much of the focus has been on the standard exterior acoustic
problem, which has had issues and solution approaches documented for more than half a century. The
robustness of the BEM, particularly considering the validity of a defined elemental boundary, has had
little attention in the field, but methods for assisting with this are summarised in Section 3.4.2.

There is much commonality across the various topologies to which the boundary element method
can be applied in acoustic/Helmholtz problems; the equations for different dimensional problems are
literally the same, with a change in the definition of the Green’s function and line integrals become
surface integrals when we move from 2D to 3D. All the core equations, whether they are interior,
exterior, shell problems or the straightforward half-space problems, have the same essential operators
within a chosen dimensional space. Hence there is significant scope for component-wise development
of software, adopting a ‘library” approach and unifying the method.

Significant issues have always surrounded the Ny operator. This operator was initially included in
the combined integral equation formulations for the exterior problem, outlined in Section 4.3.4. Firstly,
for surface (collocation) points its integral definition is hypersingular, which is difficult to interpret and
evaluate, and perhaps for that reason alone, the alternative Schenck/CHIEF method is the preference of
many. Once this significant issue is surpassed, the Nj is not compact, it is a pseudo-differential operator
and this causes further issues for solving over by iterative methods and hence preconditioning has
been introduced to circumvent this. Preconditioning can eliminate the hypersingular operator Ny for
the standard exterior problem (96). However, Ny is still required for shell elements and hence it has to
be included in a general library.

Much of the current research theme in the area, put simply, is to shunt the BEM in
acoustics from its traditional comfort-zone of problems with ~10° elements to modern problems, to
include high frequencies, with ~10° elements and from straightforward problems to complicated
applications [190,238,405]. The computational bottle-neck in the traditional BEM is in the use of LU
factorisation or similar methods for solving the linear system. Hence the LU factorisation is the first
necessary casualty of this move and iterative methods are favoured, although this has been presaged
for several decades. The shift to ~ 10° elements could also have a significant demand on computer
memory and hence the expectation of storing matrices must also be relaxed. With iterative methods,
the effect of the approximation of the matrix components is more controllable and methods such as
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the fast multipole method and panel clustering are more able to broker the issues of storage and
computation time to this end.

Probably the majority of research on the BEM in acoustics is on the seemingly intractable exterior
problem. Our expectation that the solution in its infinite domain can be thread through the boundary
is ultimately a questionable one, as the method is scaled up. The combined methods, and most
prominently, the Burton and Miller method, have held centre-stage in this endeavour, seen by most
as numerically superior to the Schenck/CHIEF method [238]. However, the two erstwhile competing
methods may have to be married in our best efforts to achieve ~10° elements and high frequencies;
using the equations from interior points to provide more stability in the Burton and Miller equation, as
they did originally with the elementary equations to form the CHIEF method. The system could be
augmented further with directional derivates of Equation (70) for points in the interior D.

The combined methods throw up two issues, one is the inclusion of the Ny operator, as discussed,
and the other is the coupling parameter. The systems of equations arising in the BEM using combined
methods require that the N operator is preconditioned in order to achieve convergence with iterative
methods, as discussed in Section 6.1. The choice of coupling parameter is discussed in Section 6.2.
However, the approach to choosing the coupling parameter is already to potentially optimise the
system and hence it is itself a pre-conditioner, as pointed out in Betcke et al. [190]. In Harris and
Amini [406], the coupling parameter is generalised from a singular value to a function over the surface.
Hence, another marriage is proposed. As the coupling parameter and the preconditioner have a similar
purpose, then the Burton and Miller Equation (76), for example, could take the following form

(= 31+ N (pimy) = { L+ UM+ 500} (pimy)

where U is the preconditioning operator, fusing the coupling parameter and the preconditioner into
one entity. The objective then is to determine Uy, or an analogous preconditioning matrix, Ugg x. For
example, following the method in Equation (96), U = iLk ; however, in general, the goal is to set Uj or
Usg k to best-prepare the system for iterative solution.
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Abstract: Ear surgery in many ways lagged behind other surgical fields because of the
delicate anatomical structures within the ear which leave surgeons with little room for error.
Thus, while surgical instruments have long been available, their use in the ear would most often do
more damage than good. This state of affairs remained the status quo well into the first half of the
20th century. However, the introduction of powered surgical instruments, specifically the electric drill
used in conventional microscopic ear surgery (MES) and the ultrasonic aspirator, the Sonopet® Omni,
in transcanal endoscopic ear surgery (TEES) marked major turning points. Yet, these breakthroughs
have also raised concerns about whether the use of these powered surgical instruments within the
confines of the ear generated so much noise and vibrations that patients could suffer sensorineural
hearing loss as a result of the surgery itself. This paper reviews the intersection between the noise
and vibrations generated during surgery; the history of surgical instruments, particularly powered
surgical instruments, used in ear surgeries and the two main types of surgical procedures to determine
whether these powered surgical instruments may pose a threat to postoperative hearing.

Keywords: noised-induced hearing loss; powered surgical instruments; ultrasonic aspirator;
transcanal endoscopic ear surgery

1. Introduction

The internal anatomy of the ear is made up of extremely tiny, delicate, and interlocking anatomical
structures that are surrounded by bone and muscle, with sound traveling through the external auditory
canal as shown in Figure 1. In particular, the mastoid portion of the temporal bone lies behind the
ear and serves as a solid, normally impenetrable, barrier protecting the internal ear. This bony
barrier has made it particularly challenging to access the anatomical structures within the internal
ear, which has primarily been accomplished by drilling straight through and removing the mastoid
bone in a procedure called a mastoidectomy. This procedure has been the mainstay of ear surgery
up until the turn of the 20th century. While most ear surgery procedures are performed today with
the objective of either preserving or improving hearing, the potential exists for noise and vibration
generating surgical instruments required in a mastoidectomy to damage hearing. Of special concern
has been the adverse impact on hearing of the use of powered surgical instruments, particularly drills,
and the more recently introduced ultrasonic devices which are used to remove bone and expose the
internal anatomy of the ear. This paper discusses issues available in the literature which have reported
on the effects on hearing of these powered surgical instruments.
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Figure 1. The internal anatomy of the ear.

The majority of current ear surgery procedures can be broken down into two broad approaches:
conventional microscopic ear surgery (MES) and the more recently developed transcanal endoscopic
ear surgery (TEES). While powered surgical instruments are a standard part of MES, such instruments
are only used in a subset of TEES procedures referred to as powered TEES. As was noted above,
TEES has not totally eliminated the need for a mastoidectomy, because some surgeons are more
comfortable with MES, and some procedures are not indicated for TEES, such as the mastoid air cells,
inner ear, and skull base that are beyond its reach.

This paper presents an overview on types and causes of hearing loss in the context of ear surgery;
a brief history of surgical instruments used to access the internal anatomy of the ear focusing on the
powered surgical instruments, specifically electric drills and ultrasonic devices; an overview of the
two main surgical procedures of MES and TEES used in ear surgery to access the internal anatomy of
the ear; and a review of the literature on the potential for hearing loss caused by noise and vibrations
produced by powered surgical instruments used in MES and TEES procedures, together with the
presentation of previously unpublished data on the use of the ultrasonic aspirator, a powered surgical
instrument, used in TEES.

2. Types and Causes of Hearing Loss

2.1. Types of Hearing Loss

Hearing loss falls into three broad categories: conductive hearing loss, sensorineural hearing loss
and mixed hearing loss. Conductive hearing loss generally occurs when a physical impediment or
barrier prevents the transmission of sound waves through the pathway from the outer ear through
to the middle ear. Such impediments or barriers can range from a simple buildup of ear wax,
accumulation of fluid within the ear due to an infection or an abnormal growth such as bony tissue
or a tumor. The other type of hearing loss, sensorineural hearing loss, can be attributed to problems
within the inner ear, primarily the cochlea and associated hair cells or the vestibulocochlear nerve
(cranial nerve VIII). Sensorineural hearing loss can be caused by either intrinsic factors such as genetics
resulting in congenital abnormalities, or extrinsic factors such as inner ear infections; ototoxic drugs
such as aminoglycosides and cisplatin; or exposure to high noise levels both over an extended period
of time such as in an industrial workplace, prolonged use of headphones or concert/entertainment
venues or a single discrete event such as a blast of noise from equipment, gun shot, or bomb blast.
The third type of hearing loss, mixed hearing loss, as the name implies, is a combination of the other
two types of hearing loss [1].

2.2. Hearing Loss and Powered Surgical Instruments

Hearing loss as related to powered surgical instruments has primarily been studied from two
perspectives: noise levels (air-conducted) and vibrations (bone-conducted). The vast majority of
studies have focused on noised-induced hearing loss, which is a clear subcategory of sensorineural
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hearing loss, while vibrations, or more precisely, skull vibrations, have garnered much less attention
until recently and deserve further study and consideration. Such hearing loss is measured based on
the degree to which the hearing threshold sensitivity has risen and is classified as either a permanent
threshold shift or a temporary threshold shift [2]. Most sensorineural hearing loss caused by powered
surgical instruments fortunately falls into the temporary threshold shift category.

Separate from these two types of hearing loss caused by powered surgical instruments is the
physical contact of an instrument with the ossicular chain. Such drill-to-bone contact results in
vibrations which are transmitted via the ossicular chain to the cochlea. The subsequent damage to the
cochlea generally results in permanent hearing loss. However, this hearing loss can be attributed to
surgeon error rather than conventional use of the surgical instrument itself.

2.2.1. Noised-Induced Hearing Loss

Noised-induced hearing loss can, as alluded to above, be caused by either chronic, accumulative,
and gradual exposure, or an acute, one-time event. The chronic, accumulative, and gradual exposure
is generally defined in terms of daily exposure over years. Specifically, the National Institute for
Occupational Safety and Health (NIOSH) has set down the recommended exposure limit (REL)
as 85 decibels, A-weighted (dBA) for an 8-h time-weighted average (TWA) [3] while the acute,
one-time event is generally set at 140 dB or higher [4]. However, any noise-induced hearing loss
caused by powered surgical instruments falls into an undefined category between these two defined
categories. While the noise levels tend to fall within chronic category, surgery time is only measured in
minutes up to a couple of hours on a single day, rather than accumulated hours over multiple days.
Moreover, while the noise levels generated by powered surgical instruments fall below noise levels
defined as dangerous for acute one-time events, the fact that these instruments are used directly within
the anatomy of the ear needs to be factored in.

The connection between possible noise-induced hearing loss and powered surgical instruments
used during ear surgery has long been a source of concern and study in the case of surgical drills [5-8],
as well as a recent target of research in the case of ultrasonic devices [9].

2.2.2. Vibration-Induced Hearing Loss

The second potential way that powered surgical instruments can cause sensorineural hearing
loss is by skull vibrations generated by these instruments. This cause has not been totally
ignored, but has not received the same amount of attention over the years as noise levels.
Moreover, occupational standards are not widely codified, particularly in regard to hearing, as opposed
to damage to the circulatory system through the use of hand-held heavy equipment which can result
in what is known as hand-arm vibration syndrome (HAVS), a type of Raynaud’s syndrome [10].
Vibrations have been posited to cause damage to hearing through inner ear damage and Seki et al. [11]
and Miyasaka [12] have both posited that morphological changes, specifically permeability, occur in
stria vascularis capillaries, when the auditory ossicles or mastoid are subjected to vibrations.
Again, as was the case with noised-induced hearing loss, vibration-induced hearing loss has been
studied with surgical drills [10,13,14], but less so with ultrasonic devices [15].

3. History of Otological Surgical Instruments

Progress in ear surgery has, like other surgical fields, been driven primarily by progress in the
development of appropriate instruments. These instruments were often originally designed with
another purpose in mind, often dentistry, but were eventually adapted by enterprising ear surgeons
who co-opted them for their own purposes. Mudry has reported on the history of instruments in ear
surgery and divided this history into three periods: trepans (Figure 2a); chisels and gouges (Figure 2b):
and electrical drills (Figure 2c [16]. The introduction of powered TEES has added a fourth period of
ultrasonic devices (Figure 2d) [17].
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Figure 2. (a) Surgical instruments for trepanning. Engraving with etching by T. Jefferys.
Credit: Wellcome Collection. CC BY (b) Tools for mastoidectomy [18]. (c) Visao® High-Speed Otologic
Drill, Medtronic, Shinagawa, Tokyo, Japan). (d) Sonopet® Omni, (model UST-2001 Ultrasonic Surgical
Aspirator, Stryker Corporation, Kalamazoo, Michigan, USA).

3.1. Pre-Powered Surgical Instruments

Though scattered references have been found throughout history that may be describing
a mastoidectomy-like procedure such as by Galen of Pergamon (129 A.D-210 A.D.) [19].
Surgical instruments had only developed to the point where a mastoidectomy could seriously be
contemplated in the 18th century. These developments were attributed to advances made in metallurgy
and machine tooling that fueled the Industrial Revolution and underscore the critical importance of
technological advances outside medicine, leading to breakthroughs in medical procedures.

3.2. Powered Surgical Drills

The powered surgical drill, as opposed to a hand drill type instrument such as a trepan, was first
used in the 1880s. However, its use did not catch on, and like many new approaches, was a bit ahead
of its time. Instead, the electric drill was reintroduced into otological practice in the late 1920s by Julius
Lempert, who is commonly recognized as the father of the use of the electric drill in ear surgery [16].
The electrical drill has been the workhorse in ear surgery up until the present day.

3.3. Ultrasonic Devices

A new type of device technology began to make an appearance in the medical literature around
the 1970s: ultrasonic devices. Broadly speaking, three types of ultrasonic devices used in surgery
have appeared on the market: cavitation ultrasonic aspirators or CUSA devices; piezoelectric devices;
and ultrasonic aspirators equipped with longitudinal and torsional oscillation.

A CUSA instrument selectively targets the fluid in soft tissue such as tumors, but leaves hard
tissue such as bone untouched [20]. CUSAs are quite frequently used in neurosurgery [21] and
renal surgery [22] and have enabled surgeons in these fields to remove tumor tissue located in areas
with little room for error with less possibility of damaging anatomical structures in comparison to
electric drills.

Piezoelectric devices are another type of ultrasonic device that can cut both bone and
soft tissue depending on the frequency setting [23]. These devices are another example of
borrowing a tool primarily used in dental surgery and expanding its reach into a wide variety
of fields, including craniofacial surgery, to perform osteotomies [24] and ear surgery to perform
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mastoidectomies [25]. However, some surgeons have found that piezoelectric devices compare
unfavorably to electric drills in terms of bone cutting power and speed [9].

A third type of ultrasonic device offers the reverse of the CUSA by targeting hard tissue such as
bone and leaving soft tissue relatively untouched. Both the CUSA and this new type of ultrasonic
aspirator that removes only bone are often referred to in the literature as an ultrasonic bone curette
(UBC) because they can both use the same handpiece to which a specialized tip is attached. These third
types of ultrasonic aspirators remove bone using a longitudinal oscillation (L mode) or longitudinal
and torsional oscillation (LT mode) to emulsify bone and these L mode/LT mode UBCs have been used
in fields such as neurosurgery [26], paranasal sinus surgery [27], maxillofacial surgery [28], and spinal
surgery [29].

Our original paper on powered TEES referred to the ultrasonic aspirator which we used as
a Sonopet® UBC [17]. However, this ultrasonic aspirator that we used and still use today, emerged on
the market in the early 2000s and has passed through a number of companies [30]. This ultrasonic
aspirator is today more properly called the Sonopet® Omni and uses an H101 tip (model UST-2001
Ultrasonic Surgical Aspirator, Stryker Corporation, Kalamazoo, Michigan, USA) (Figure 3).

Figure 3. (a) Sonopet® Omni, (model UST-2001 Ultrasonic Surgical Aspirator, Stryker Corporation,
Kalamazoo, Michigan, USA). (b) Bone removal view (c) Aspirator view.

It is the Sonopet® Omni together with its H101 tip that has allowed us to perform powered TEES.
The ability of this Sonopet® Omni to target bone while generally avoiding soft tissue made it the
perfect tool for working within the narrow confines of the external auditory canal and for removing
bone from the ear canal. In addition, the Sonopet® Omni not only removes bone, but also has irrigation
and aspiration functions that were critical in opening the door to powered TEES, as will be described
below. However, little information has been reported on the safety of the Sonopet® Omni in terms of
noise levels and vibrations [15], which will also be discussed below.

4. History of Otological Surgical Procedures

The primary otological surgical procedure has been the mastoidectomy. A mastoidectomy
involves the removal of the bone behind the ear in order to access the internal anatomy of the ear.
However, the tools used in performing a mastoidectomy and related objectives and considerations in
terms of safety have changed dramatically over the years. Moreover, since around the turn of the 20th
century, a new surgical approach, TEES, has emerged that circumvents the need for a mastoidectomy.
It should be noted that TEES has not totally eliminated the need for a mastoidectomy; some surgeons
have yet to adopt the procedure and some procedures are not indicated for TEES. Moreover, TEES has
raised its own safety issues that need to be addressed.

4.1. Pre-MES Procedures

Once tools were available for removing bone, humans opened holes in skulls for various purposes.
The objective in prehistoric and early historic times could have been to release evil spirits, while other
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procedures may have been to relieve a buildup of pressure within the skull. This pressure buildup
could be due to the presence of excess fluids caused by internal hemorrhaging or infection. Prior to the
development of antibiotics and the appropriate tools, the main concern of otologists was the treatment
of middle ear infections that resulted in pus accumulating within the ear, and having nowhere to go,
were potentially life threatening. Such procedures often involved simple incisions of the tympanic
membrane or abscesses located inside or outside of the ear. The French physician Ambroise Paré was
the first to be credited in the 16th century with making a surgical incision to drain such an infection [19].

The first confirmed mastoidectomy is credited to the French surgeon Jean Louis Petit in 1736 [16]
and thereafter the mastoidectomy became a standard, but not universally practiced part of ear surgery
from around 1860 [19]. A mastoidectomy was sometimes performed to allow draining of the pus and
cleaning out of the infected area. However, removing the mastoid bone using the hand-drill-like trepan
or by chipping away at the bone using chisels and gouges did not offer the level of control needed.
Some patients were reported to have developed post-operative meningitis and subsequently died,
an outcome which would have been due to removing too much bone and tissue. The inadequacy of
the pre-powered age surgical instruments led to the mastoidectomy falling out of favor.

It should be noted that since these mastoidectomies were often performed as a life saving measure
with little to no regard to the potential damage to internal ear anatomy and hearing caused by the
surgical instruments. It is not a stretch, however, to assume that those patients who survived probably
did have hearing loss. Eventually, Gustave Bondy developed improvements to the mastoidectomy
with the aim of preserving the middle ear anatomical structures and better results were achieved.
Bondy’s improvements and the introduction of the electric drill resulted in the mastoidectomy
becoming a mainstay of ear surgery. This situation improved even further with the introduction
of antibiotics in the 1940s, which dramatically cut down on the severity of middle ear infections [19].

4.2. MES Procedures

While the introduction of an electric drill was a major breakthrough in ear surgery, an equally
important breakthrough was the introduction of the microscope. This breakthrough is generally
attributed to Dr. William House in the mid-1950s [31]. The combination of the widespread use of
antibiotics and the microscope led to the development of new surgical possibilities and techniques
under the general category of microscopic ear surgery (MES). A majority of these procedures still
involve the mastoidectomy as a first step to opening up the internal anatomy of the ear to the enhanced
visualization afforded by the microscope. At the same time, higher standards emerged in terms of
preserving hearing and preventing hearing loss. Concerns thus began to be raised, and are still raised
today, about the potential for noised-induced hearing loss due to the use of these electric drills.

Figure 4a shows a close-up view of a mastoidectomy in progress while Figure 4b shows the typical
set up of the operating room and positioning of surgeons when performing an MES procedure.

@ (b)
Figure 4. Microscopic ear surgery (MES) (a) A mastoidectomy in progress. (b) Surgeons performing MES.

560



Appl. Sci. 2019, 9, 765

4.3. TEES Procedures

While MES is still, by far, the common surgical approach employed in ear surgery, transcanal
endoscopic ear surgery (TEES) has emerged as a viable alternative in the last twenty years.
The microscope is not used in TEES, but instead an endoscope is employed to access and visualize
the internal anatomy of the ear through the external auditory canal instead of the more invasive
mastoidectomy approach. Even though the endoscope has long been a standard part of surgery in
other surgical fields, ear surgeons have had to face a unique set of anatomical and technological
challenges that delayed the use of the endoscope within the ear. Endoscopes equipped with cameras
were first used together with the microscope when performing mastoidectomies in the 1990s as a way
to get a better view of the internal anatomy of the ear [32]. The first surgeries performed completely
via the external auditory canal with the endoscope alone were reported on by Dr. Muaaz Tarabichi in
1997 [33] and once again in 1999 [34]. TEES really took off after 2008 with the further development of the
3-charged-coupled device (CCD) camera connected to high definition (HD) monitors, which resulted in
high-resolution images during surgery of the tiny structures of the ear [35,36]. Figure 5a illustrates how
the endoscope and forceps can be simultaneously inserted into the external auditory canal to perform
TEES, and Figure 5b shows the typical set up of the operating room and positioning of surgeons when
performing a TEES procedure.

(@)

(b)
Figure 5. Transcanal endoscopic ear surgery (TEES) (a) Accessing the internal anatomy of the ear with
an endoscope via the external auditory canal. (b) A surgeon performing TEES.

TEES offers a number of advantages over MES, including no need to perform an invasive
mastoidectomy which requires bone loss, better visualization of the surgical field, the ability to
see into deep recesses within the ear, no disfiguring retroauricular scarring, and a quicker recovery
time. Moreover, most TEES procedures are performed entirely without powered surgical instruments,
which eliminates the potential for sensorineural hearing loss resulting from noise levels or vibrations.
However, the “conventional” or what we have unofficially dubbed “non-powered” TEES can be
performed only so far into the middle ear, but a subset of TEES procedures use the Sonopet® Omni
to remove bone within the middle ear and enable access to the antrum which we call powered TEES.
Figure 6 illustrates the internal anatomy of the middle ear (Figure 6a); the scope of the indications for
non-powered TEES which can only reach into the inferior portion of the attic (Figure 6b); and the scope
of the indications for powered TEES that can reach into the antrum (Figure 6¢). This figure underscores
that the Sonopet® Omni is reaching deep into the middle ear and closer to the ossicular chain and
cochlea, which raises the specter of sensorineural hearing loss resulting from noise levels or vibrations,
and is addressed below.

561



Appl. Sci. 2019, 9, 765

(@) (b) (0

Figure 6. Revised system for staging and classifying of middle ear cholesteatomas to be treated by
non-TEES based on the PTAM System for Staging and Classification of Middle Ear Cholesteatomas as
proposed by the Japan Otological Society [37] (a) The middle ear (P: protympanum; T: tympanic cavity;
A: attic; An: antrum; M: mastoid cells). (b) Non-powered TEES (orange overlay). (c) Powered TEES
(yellow overlay).

5. Generation of Noise and Vibrations by Otological Surgical Instruments and Hearing Loss

5.1. Pre-MES Procedures

One can reliably posit that the surgical instruments and procedures used in the pre-MES period
were so crude that sensorineural hearing loss was common, but no data is available.

5.2. MEES Procedures

5.2.1. Drill Generated Noise Levels

Many researchers have conducted basic research targeting the problem of measuring the noise
levels generated by surgical drills in a non-clinical setting. Among the earliest studies of drill
generated noise levels and most frequently cited is that of Kylén and Arlinger [5], published in
1976. They measured vibrations generated by drills using isolated temporal bones and cadavers,
whereafter the data was then converted into equivalent air-borne noise levels. They found that the
isolated temporal bones produced lower noise levels than cadavers, and thus concluded that cadavers
better simulated real surgical conditions. The maximum equivalent air-borne noise levels were found
to be around 100 dB, which falls below the 130 to 140 dB threshold for causing permanent hearing loss
from an acute one-time exposure. The same group reported additional results in 1977 [6], looking at
different variables focusing on the size of the burr; the type of the burr; (sizes: 2-mm, 4-mm and 6-mm
burrs; types: diamond versus cutting burrs); drill rotation speed; and location of drilling. They found
that the smaller the burr, the lower the noise levels, as well as that lower noise levels were obtained
with diamond burrs, as opposed to cutting burrs with the highest noise level of 108 dB discovered
with a 6-mm cutting burr. They further found that drill rotation speed and location of drilling had
little effect on noise levels.

Several researchers subsequently collected intraoperative in vivo data with the objective of getting
a better picture of drill generated noise during real-life conditions. Holmquist et al. [38] reported higher
in vivo noise levels in 1979 from the contralateral ear (the ear which was not being operated on) of six
patients while undergoing a mastoidectomy on the ipsilateral ear (the ear which was being operated
on). They reported noise levels in excess of the 108 dB recorded by the Kylén group at 116 dBA for
8-mm burrs; 109 dBA for 4-mm burrs; and surprisingly, a dangerously high 125 dBA for 2-mm burrs.
Hickey and Fitzgerald O’Connor [39] conducted an in vivo study in 1991 in which they attempted
to directly measure the drill-generated noise levels by monitoring intraoperative electrocochleographic
(ECoG) noise levels and calculating these levels by using a masking technique. They were able to
determine that drill-generated noise levels were present in excess of 90 dBHL at the level of the cochlea,
but were unable to determine peak values.
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Other researchers collected data on postoperative sensorineural hearing loss in the contralateral
ear in order to attempt to eliminate surgical trauma as a possible cause of hearing loss from surgery,
while at the same time acknowledging the added distance between the contralateral and ipsilateral
ears. Man and Winerman [40] conducted a study on 62 patients and reported in 1985 that they found
a minimal difference between the peak noise levels which did not exceed 84 dB in the ipsilateral
ear and 82 dB in the contralateral ear. Moreover, they found no hearing loss in the contralateral ear,
but did find loss in 16 out of the 62 patients in the ipsilateral ear. They suggested that these results
indicated that drill-generated noise levels did not cause sensorineural hearing loss. daCruz et al. [41]
reported on drill-induced hearing loss in the contralateral ear in 1997 based on determining outer hair
cell (OHC) function using distortion-product otoacoustic emissions (DPOAE). They found a change
in the amplitude of the intraoperative DPOAE in 2 out of 12 patients undergoing temporal bone
surgery, indicating a transient OHC dysfunction that subsequently returned to normal. This transient
but reversed dysfunction was attributed to drill-generated noise levels. Goyal et al. [42] reported on
the effect of mastoid bone drilling on the contralateral ear in 2013 based on otoacoustic emissions
(OAE). Their study looked at the results for 30 patients and they stated that 15 of these patients
exhibited a reduction in postoperative OAE levels out of which only 10 out of 15 completely recovered.
However, data was only collected for up to 72 h, which makes a definite conclusion that the hearing
loss was permanent a bit premature. In contrast, in two similar studies, Baradaranfar et al. in 2015 [43]
and Latheef et al. [44] in 2018 reported transient hearing losses that all had disappeared by 72 h,
while Badarudeen et al. [45] in 2018 reported transient hearing losses that were still present on the 7th
day after surgery.

The above findings thus paint a mixed picture on transient hearing loss in the contralateral ear
caused by drilling.

5.2.2. Drill Generated Vibrations

Recent studies which have examined skull vibrations have indicated that this factor should not be
discounted. Suits et al. reported on a guinea pig model in 1993 which was used to measure both noise
and vibration levels based on the auditory brainstem response (ABR). They did find that a temporary
threshold shift occurred, but that the shift had disappeared by three weeks [13]. In 2001, Zou et al.
also created a guinea pig model and compared the results for younger animals versus older animals
when they were exposed to both noise and noise + vibrations. They reported that the older animals
were more vulnerable to a threshold shift and that the sound-induced threshold shift was significantly
less than the vibration + sound-induced threshold shift at three days after exposure [14]. The same
group of researchers reported in 2007 that temporal bone vibration in a guinea pig model showed
that vibrations at high frequencies caused more severe hearing loss than at lower frequencies, but that
the threshold shift was generally temporary [10]. However, Hilmi et al. contended that high speed
drills do not produce sufficient high levels of high frequency skull vibrations to result in damage to
hearing [8].

5.2.3. Hearing Loss after MES Procedures

A commonly accepted range for the incidence of sensorineural hearing loss in the ipsilateral ear
after ear surgery is from 1.2% to 4.5% of patients. The higher figure of 4.5% is from a study of 1680 ear
surgeries reported by Palva et al. [46] in 1973, and the lower figure of 1.2% is from a study of 2,303 ear
surgeries performed from 1965 to 1980, reported by Tos et al. [47] in 1984. What is notable about these
papers is that they are among the first large scale studies published in the literature and that they
are from more than close to 35 years ago. Both authors attributed some of these hearing losses to
the surgeon being too aggressive in the area of the ossicular chain, and Tos et al. [47] in particular,
noted that the incidence of sensorineural hearing loss was lower in patients treated from 1974 to
1980. They attributed this drop to better technique and better drills. In 1989, Doménech et al. [48]
reported what they characterize as an important sensorineural hearing loss after tympanoplasty in
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a larger percentage of patients at 16.7% than previously reported in literature, but the hearing loss
was restricted to over 8000 Hz, which is typically not measured. Urquhart et al. [7] reported in
1992 that they found no evidence of an even temporary threshold shift after ear surgery in a patient
group of 40; however, they only tested up to 4000 Hz. A recent study by Kent et al. [49] in 2017
looked at factors of the experience of the surgeon and the use of a powered drill in hearing outcomes
for patients undergoing a tympanoplasty which required drilling in the ear canal, a less invasive
procedure than a mastoidectomy, and they found that neither factor exhibited a correlation with
high-frequency hearing loss. In contrast, Al Anazy et al. [50] found in 2016 that the experience of
the surgeon was a significant factor, but the use of a drill was not significant in the incidence of
postoperative sensorineural hearing loss between 500 Hz to 4000 Hz after tympanoplasty which was
7% for residents, but only 1% for more experienced surgeons. However, they could not identify any
obvious errors on the part of the residents.

Thus, the literature as it relates to the role of powered surgical instruments, specifically electric
drills in postoperative sensorineural hearing loss, is inconclusive at best, and depends on the study
design and definition of postoperative sensorineural hearing loss.

5.3. TEES Procedures

While a considerable amount of study has been done on noise-induced and vibration-induced
hearing loss caused by surgical drills when performing MES, ultrasonic devices have not been studied
in similar depth. CUSA devices are not used in ear surgery, and a search of the literature did not reveal
any related studies from outside of ear surgery. Kramer et al. [9] look at the potential for noise trauma
caused by piezoelectric devices in craniofacial osteotomies and concluded that piezoelectric devices
offer no advantage over regular drills in acoustic properties. They ultimately recommended using
a drill because of the slower speed of the piezoelectric device. Research on TEES and the Sonopet®
Omni has, to our knowledge, only been conducted by our own group. The reason for this difference is
that, as stated above, TEES procedures do not usually require the use of electric drills and only the
small, but important subset of powered TEES, employ an ultrasonic aspirator together with a standard
drill. The Sonopet® Omni is inserted via the external auditory canal and used to remove part of the
canal wall to expose the antrum while the surgical drill is used to polish a bony shelf which is designed
to protect the facial nerve.

We took it upon ourselves to collect data on noise levels and vibration levels produced by the Sonopet®
Omni and compare it to data collected for standard surgical drills. The data on noise levels is presented
herein for the first time while the data on skull vibrations was previously published in 2013 [15].

5.3.1. Ultrasonic Aspirator Generated Noise Levels

Our study was designed to confirm that the noise levels generated by an ultrasonic aspirator during
powered TEES fall within safe levels and should not induce sensorineural hearing loss. The study
was conducted from September 2014 to February 2015 and data was collected during surgery from
patients undergoing a powered TEES procedure to remove a cholesteatoma with a total of 14 patients
(5 males/9 females) ranging in age from 15 to 76 and a median age of 50. All patients underwent
a transcanal atticoantrotomy which was performed using a Sonopet® Omni ultrasonic aspirator (model
UST-2001 Ultrasonic Surgical Aspirator, Stryker Corporation, Kalamazoo, Michigan, USA) in the LT
(longitudinal-torsion) mode at 25 kHz (Figure 3a) and a high-speed drill with a curved burr at
80,000 rpm /1333 Hz (Visao® High-Speed Otologic Drill, Medtronic, Shinagawa, Tokyo, Japan) (Figure 7).
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Figure 7. The high-speed drill with a curved burr at 80,000 rpm /1333 Hz (Visao® High-Speed
Otologic Drill, Medtronic, Shinagawa, Tokyo, Japan) used for polishing bone during the
transcanal atticoantrotomy.

The noise levels were measured at 10 cm (Figure 8a and 70 cm (Figure 8b) from the devices from
0.5 kHz to 16 kHz. These distances were selected because 10 cm is the closest that it was physically
possible to measure noise levels generated within the external auditory canal and 70 cm represents
the distance to the surgeon’s ear. The noise level at 70 cm was measured in our original study
because when new powered instruments are introduced, it is important to take into consideration
the potential for hearing loss for anyone in the operating room due to long term noise exposure.
Furthermore, we only measured up to 16 kHz despite the Sonopet® LT mode generating frequencies
of up to 25 kHz, because standard noise measurement equipment can only measure up to 16 kHz,
which is also close to the maximum auditory threshold of a normal adult. The results for both the
Sonopet® Omni and the Visao® drill at 10 cm were at 85 dB or below with the noise levels lower for
the Sonopet® Omni up to 2000 Hz and higher for the Sonopet® Omni from 4000 Hz to 16,000 Hz.
The results for both the Sonopet® Omni and the Visao® drill at 70 cm were below 70 dB with the noise
levels for the Sonopet® Omni lower or equal to the Visao® drill up to 8000 Hz and higher for the
Sonopet® Omni from 8000 Hz to 16,000 Hz.
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Figure 8. (a) Air-conducted noise levels measured at 10 cm from the tip of the tool; (b) Air-conducted
noise levels measured at 70 cm from the tip of the tool.

5.3.2. Ultrasonic Aspirator Generated Vibration Levels

Our group conducted a study designed to determine the vibration levels generated by an
ultrasonic aspirator and compare the ultrasonic aspirator vibration levels to those of two surgical
drills: an Osteon® drill at 20,000 rpm/333 Hz (Zimmer Biomet, Warsaw, Indiana, USA) and a Visao®
High-speed Otologic Drill at 40,000 rpm /667 Hz and 80,000 rpm /1333 Hz (Medtronic, Shinagawa,
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Tokyo, Japan) [15]. All measurements were taken during an MES mastoidectomy and the skull bone
vibrations were measured with a polyvinylidene difluoride (PVDF) film taped to the forehead as
shown in Figure 9. PVDF is a piezoelectric material and the charge builds up in the PVDF film in
response to any applied mechanical stress.

Charge
amplifier

PC

FFT :ma;l} w15
PolyVinylidene DiFluoride (PVDF) film

Figure 9. The setup for measuring skull vibrations using PolyVinylidene DiFluoride film.

Figure 10 shows the mean values of the measured skull vibrations and the background noise level
at four frequency bands. In the frequency bands of 500-2000 Hz and 2000-8000 Hz, the mean values of
the Sonopet® Omni with an LT-vibration tip did not exceed the values for the Visao® revolution speed
of 40k rpm or 80k rpm as well as the Osteon® drill. The peak values of skull vibrations by the Sonopet®
Omni with an LT-vibration tip were lower than the vibrations of Visao® at 40 k rpm in the band of
500-2000 Hz; those of Visao® at 80k rpm in the bands of 500-2000 Hz and 2000-8000 Hz; and those
of Osteon® in the bands of 500~2000 Hz and 2000-8000 Hz. No significant differences in the skull
vibrations were observed among the three instruments below 500 Hz or above 8000 Hz.

= Sonopet-LT = Osteon = Sonopet-LT —Ostean
-~ Visao 40 kRPM ~Visao 80 kRPM =Visao 40 kRPM -=Visao 80 kRPM
= Background noise = Background noise
=80 S0
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B | = . E o I
g -0 { A ey 8§ 2 .-;
H i ! = 80
2 .o 2 i = !
2 | z o0 i
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(a) (b)

Figure 10. (a) Mean values for vibration levels. (b) Peak values for vibration levels.

Figure 11 shows the power spectrum produced by the Sonopet® at 25 kHz in LT-mode versus
background noise for the purpose of reference.
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Figure 11. Comparison of the power spectrum produced by the Sonopet® at 25 kHz in LT mode versus
background noise.

5.3.3. Hearing loss and TEES procedures

Our group has performed powered TEES since approximately 2011, and we have yet to
record any postoperative sensorineural hearing loss in any patient up to a frequency of 8000 Hz.
Thus, powered TEES can be performed, when indicated, without the worry of postoperative
sensorineural hearing loss up to the highest measurable frequency.

6. Conclusions

The early days of ear surgery often focused on saving the lives of patients with little regard to
postoperative hearing loss. However, the end of the 19th century and into the 20th century saw the
introduction and steady improvement of surgical approaches and tools, particularly powered surgical
instruments in the form of electric drills for MES and, more recently, ultrasonic aspirators for powered
TEES. Concerns were raised about the impact that these powered surgical instruments could have
on sensorineural hearing loss, and research has been done looking at both noise-induced hearing
loss and vibration-induced hearing loss caused by powered surgical instruments when performing
MES. The results of this research are long and often contradictory, as related to conventional MES
and postoperative sensorineural hearing loss, particularly as related to high frequency hearing loss.
Thus, effort and research should continue to be expended toward improving both MES techniques and
electric drill noise level specifications, because MES, as stated above, will continue to be a standard and
essential part of ear surgery, particularly in the areas of the mastoid air cells, inner ear, and skull base.

The introduction of TEES in the late 20th century eliminated the issue of sensorineural hearing
loss for a circumscribed set of middle ear procedures because non-powered TEES does not require the
use of powered surgical instruments. However, the emergence of powered TEES in the 21th century,
once again, required that the research be conducted anew related to the use of powered surgical
instruments, specifically the ultrasonic aspirator and curved burr, directly within the confines of the
EAC and postoperative sensorineural hearing loss. We presented our research herein on whether
powered TEES could be shown to cause either noise-induced hearing loss or vibration-induced
hearing loss, and we found that powered TEES is as safe as, if not safer, in regard to the potential for
postoperative sensorineural hearing loss than MES based on the data which we collected on noise
levels, vibration levels, and the occurrence of postoperative sensorineural hearing loss for powered
TEES. Thus, while MES will continue to be an essential part of ear surgery, surgeons can now rest
assured that, when indicated, powered TEES can be performed safely and does not present any more
of a risk of postoperative sensorineural hearing loss than MES.
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