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Abstract: Sound source localization (SSL) equips service robots with the ability to perceive
sound similarly to humans, which is particularly valuable in complex, dark indoor envi-
ronments where vision-based systems may not work. From a data collection perspective,
increasing the number of microphones generally improves SSL performance. However, a
large microphone array such as a 16-microphone array configuration may occupy signifi-
cant space on a robot. To address this, we propose a novel framework that uses a structure
of four planar moving microphones to emulate the performance of a 16-microphone array;,
thereby saving space. Because of its unique design, this structure can dynamically form
various spatial patterns, enabling 3D SSL, including estimation of angle, distance, and
height. For experimental comparison, we also constructed a circular 6-microphone array
and a planar 4 x 4 microphone array, both capable of rotation to ensure fairness. Three
SSL algorithms were applied across all configurations. Experiments were conducted in
a standard classroom environment, and the results show that the proposed framework
achieves approximately 80-90% accuracy in angular estimation and around 85% accuracy
in distance and height estimation, comparable to the performance of the 4 x 4 planar
microphone array.

Keywords: sound source localization; active microphone array

1. Introduction

With the recent advent of sound source localization (SSL) technology, it has been used
in many different terminals, such as those pertaining to radars, headsets, service robots, and
so on. In daily life, SSL could supplementarily assist audio conception for vision-driven
applications [1]. However, when people talk about hearing ability, they are usually referring
to direction recognition ability. Distance estimation is much less emphasized, since the human
auditory system cannot estimate distance as accurately as direction [2,3]. This is especially
true for scenarios relating to indoor human and robot interaction at dawn, at dusk, and in
the evening, when the lighting conditions are not sufficient for distance estimation, meaning
direction estimation is severely degraded due to the sole reliance on visualization.

SSL provides robots with an ability to hear from humans and know where the orders
are coming from [1]. In the field of conventional SSL, many researchers have explored
the relationships between various acoustic cues, discussing aspects such as spectral vari-
ance [2], inter-time difference (ITD), inter-level difference (ILD) [4], time difference of arrival
(TDOA) [5], and the direct power-to-reverberant power ratio (DRR) [6]. For huge micro-
phone arrays, beamforming-based methods have been developed. In beamforming-based
methods, a beamformer is constructed by the steered response power with phase transform
(SRP-PHAT) to sum the generalized cross-correlation phase transform (GCC-PHAT) [7].
SRP-PHAT improves the ability to remain robust against reverberant noise by utilizing the
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fault tolerance of multiple microphones. Considering the huge calculation load, SRP-PHAT
has been optimized by numerous researchers [7,8]. Subspace-based methods like multiple
signal classification (MUSIC) represent other famous SSL methods. The MUSIC method
decomposes the received signal covariance matrix into one called signal subspace and one
called noise subspace and uses the orthogonality of the two spaces to find the peak of
planar direction of the sound source [9-14]. Similarly to SRP-PHAT, MUSIC requires a large
amount of computation sources. At the same time, it requires a large-volume microphone
array to ensure the SSL accuracy [15].

In addition to single-sound source localization, spatial spectrum processing [16-18]
and time—frequency (TF) processing is effective when dealing with multi-target sound
source localization. TF processing methods can localize the direction of multiple sound
sources and count the total number of sound sources. These TF processing methods assume
that, at most, one source is dominant over the others in the TF domain, factoring in the
sparse property of speech signals. This assumption, also called the W-disjoint orthogonal
(WDO) assumption [18], can simplify multiple-source localization on broadband to single-
source localization in individual TF bins.

However, when these algorithms are applied to a multiple-microphone array, around
16 microphones and a huge volume are required to ensure excellent performance. Special
headsets have been designed for noise cancellation, as evidenced by [19-21], wherein
researchers built a healthcare headset for children with autism spectrum disorder. These
kinds of structures are hard to integrate practically in service robots. The researchers
then derived solutions based on two perspectives: the first focused on building a smaller
microphone array, while the second focused on building an active microphone array.

The key idea behind making an active microphone array is to collect more data for
processing. Before designing an active microphone array, first, researching human head
rotation’s impact on sound source collection is essential. In [22], H. Chen et al. investigate
the performance robustness of an active headrest with virtual microphones against head
rotation in a pure-tone-diffracted diffuse sound field. Similarly, to gain insight into the
passive rotation of sound sources, in [23-25], the researchers focused on how acoustic factors
can be estimated from sound sources rotating around signal receivers. Then, considering
the rise in prominence of unmanned aerial systems (UASs), they drew conclusions based
on noise generated from propellers rotating. In [26], M. Heydari et al. found that the UAS
noise increases with pitch angles and the propellers’ rotating velocity, but an irregular trend
with vehicle speed was also shown.

In addition to conducting research on the passive rotation of sound sources, researchers
have also built active microphone arrays for acoustic research. In [27], Y. Wakabayashi et al.
built a circular microphone array and rotated it to a certain degree to ensure optimized
sound collection. In addition, they developed an interpolation algorithm so that they could
collect virtual data, focusing on sound collected before and after rotation. In [24], Gala D.
et al. directly used a linear rotating microphone array mounted on an unmanned vehicle.
In [25], Zhong. et al. mounted a binaural microphone on a service robot for SSL. The
linear microphone array featured in this study is always rotating and collecting data for
a machine learning network to predict where the speaker is. With moving [28,29] and
rotating microphone arrays [30,31] collecting more data, the proposed system could not
only form a linear array pattern but also form other special patterns to carry out 2D to
3D localization. In [32-34], indoor 3D sound source localization is accomplished by fixing
microphones to walls and the corners of rooms while a four-planar moving microphone
structure occupies a much smaller space. Providing height information could also enrich
data or evidence for speech recognition. For example, a child and an adult would speak at
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different levels in a relatively dark room at nightfall. Height information would have better
performance than pure vision judgement [35,36].

Although the active microphone arrays mentioned above fulfilled their expectations,
these arrays generally require a huge volume and lack the ability for height localization.
That is to say, their SSL ability is 2D-based, not 3D-based. For this reason, this work
proposes a four-planar moving microphone structure (FPMMS) to mimic a 16-microphone
array, which has much smaller volume.

A validation experiment was conducted in a normal classroom. For a fair comparison,
we also built a 4 x 4 microphone array, a circular 8-microphone array, and a 1 x 4 micro-
phone linear array as contrast groups. Since FPMMS can move in planar, the arrays in the
contrast groups can all rotate around their centers to collect more data. This work describes
results in terms of angular estimation accuracy, horizontal distance estimation accuracy,
and vertical height estimation accuracy.

The remainder of this paper is structured as follows: Section 2 introduces the FPMMS
and describes the procedure carried out to build it. In Section 3, the FPMMS is compared
with a linear rotating microphone array, a circular rotating microphone array, and a 16-
microphone array. Finally, Section 4 presents the conclusions drawn from our research.

2. Introduction to the FPMMS and Building Procedure

As stated in the Introduction, we set out to develop an active microphone array. The
key idea behind this structure is to collect more data for analysis and save space, since
usual microphone arrays occupy a lot of space [37,38]. Considering that the structure was
to be mounted on to the head of a service robot, we designed the following structure.

As Figure 1 displays, four MEMS microphones are placed separately on four conveyor
belts, and four conveyor belts are driven separately by four small motors. The inter-mic
distance is 6.67 cm. An Arduino circuit controls motor movement and direction. Thus, we
could write scripts to move each microphone to any place precisely in the range of frame.
The procedure required for the FPMMS to mimic a 16-microphone array is displayed in the
flow chart below.

Figure 1. Image of FPMMS with size information.

Figure 2 describes the audio data collected at each time spot, which are merged by the
time index and not overlaid together. Figure 3 more specifically displays the procedure
timeline. As shown on the right of Figure 3, a 4 x 4 microphone array collects datain 1 s
(16-channel data). As shown on the left of Figure 3, the FPMMS comprises a 4-time, 1 s,
4-channel data collection structure.
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Figure 2. Procedure of FPMMS mimicking a 16-microphone array. The squares with a deep blue color
represent real MEMS microphones. The comparative 16-microphone array collects data at same time
as the FPMMS, in a duration of 1 s, and the FPMMS collects data 4 times faster with a planar moving
interval of 0.5 s. The arrows depict the data group connecting each other following timeline.
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Figure 3. Timeline depicting two different procedures. The longer arrow represents timeline, and the
smaller arrows depict the data group connecting each other following timeline.

Starting with angle estimation, we will gradually show the theory behind the FPMMS
3D SSL procedure. The signal received by the m;;, microphone in FPMMS can be modelled
as follows:

() =Ygy ki (t = Ty 0,) + V(1) (1)

Here, m € {1,2,..., M} is the microphone index number. For FPMMS, M = 4. For the
circular microphone array, M = 6. For the 4 X 4 microphone array, M = 16. k is the sound
source index, and K = 2,3,4,5. si(t) is the sound uttered from the ky, sound source. 7, g,
denotes the delay from the k, sound source to the 1, microphone induced by 6. 6y is the
horizontal angle observed from the top side in an anticlockwise manner. vy, (t) is the assumed
uncorrelated additive ambient noise received by the m;, microphone. «,, ; represents the
propagation attenuation factor from the k;, sound source to the m;, microphone.

Applying short-time Fourier transformation (STFT) to Equation (1), the signal in the
my;, microphone can be modelled in the time—frequency (TF) domain:

Xon(, £) = Y5 S, e T % 1 Vi (i, ) @)

where 7 is the time frame index number, f is the frequency band index number, and wy
is the angular frequency of the fy, frequency band. X, (n, f), Sk(n, ), Viu(n, f) denote the
STFT coefficients of x, (), sk (t), vm ().

Since the array discussed herein requires synthesis of the signals received from the
microphone for latter processing, Equation (2) can be rewritten into a vector form:

x(n, f) = Yo, Se(n, fle(f, 6) +o(n, f) ®)

Here,

x(n, f) = [Xa(n, £), Xa(n, f), ..., Xpa(n, £)]7,
o(n, f) = [Vi(n, f), Va(n, f), ..., Vu(n, )],

. . T
e(f,6k) = ["‘1 ke TN, gy e T ek}
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The a,, ; is assumed to be identical and represented by a. For all the microphone
arrays, we chose the first microphone as the reference. The steering vector can be written as

. . . T
e(f,00) = ae 18 x |1, e 19T, 07T, ek),. _ ./e*]wf(TM, 0, T, 6;) 4)

For all linear microphone arrays, including the FPMMS, 1 x 4 microphone array,
4 x 4 microphone array, and the circular microphone array, the relative time delay can be

calculated as follows:
dig, — A1,
c

(5)

Tm, 6, — 11, 6, =

dp 6, is the distance from the k;;, source to the my, microphone, and dy g, is the same
for the 15; reference microphone. c is the sound speed. The only special adjustment for the
circular microphone array is as follows:

dip, — d1,0, _ L sin(ym /2 — 6) ©)

Cc c

I;n, as shown in Figure 4, is the distance in the circular microphone array between the
my, microphone and the 1;; reference microphone. 7, denotes the angle of the 1, micro-
phone to the 1, reference microphone with respect to the center of the circle. For practical
applications, 7, and [;; can be calculated by the following geometrical relationships:

= (m—1)27 7)
Iy = 2rcos<7m2_ n) (8)

Figure 4. Interpretation of circular microphone array geometrical relationships.

Here, r is the radius of the circular microphone array.

As shown in the flow chart, the four-time-collected data form together as a whole
vector x(n, f) and is sent to a TF-WISE algorithm [36] for multiple-sound source angular
estimation.

For planar distance estimation, since the distance from the sound source to microphone
L is much smaller than %, d is the inter-mic distance, and A is the wavelength. Thus, the
near-field model is chosen [39,40]. Figure 5 depicts the procedure for the planar distance
estimation model:
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Figure 5. Near-field model for distance estimation.

Here, s is the sound source. The TF-WISE algorithm [41] gives time lag information, suppos-
ing that 77, 9,, 71, ¢, Tepresent the time lag between the first microphone (reference microphone),
second microphone, and third microphone. The following relationships are formed:

) —1n

7,0, = Y )

r3 — 11
C

Ty, 9, = (10)

where r1, 7, 13 are the distances from the sound source to the microphones, and c represents
sound speed. Utilizing the law of cosines,

r% = r% + d? + 2rydcosb; 11

12 = 2 + 4d* + 4rydcost; (12)

T1, 6,/ T1, 65, 4, and c are estimated or known values. Using Equations (1)-(4), r1, 72, 73
and 0 can be calculated. It should be clear that for angular estimation based on TF-WISE,
the angle/geometry is for the center of the microphone array, while the 6; here is the angle
estimation for the reference microphone.

As for height estimation, we still utilize a near-field model. Apart from the first pattern,
which will be discussed later, the remaining two patterns only have two microphones for
time lag estimation, while distance estimation needs at least three microphones. The situation
is simplified to the far field here, meaning that only the angle in the vertical surface can be
estimated. Thus, we utilize the angle and distance estimated previously, fixing the sound
source on the vertical axis. The FPMMS should only give a vertical surface angle ¢ estimation,
and then, height estimation can be calculated with the following scheme.

Here, H is the vertical height estimation. In Figure 6, h is the known height of
the microphone array mounted on the robot. 7 is the result of previous planar distance
estimation. ¢ denotes the angle estimated using the TF-WISE algorithm by different
patterns of FPMMS, introduced below.

H = h+r x arctan(¢) (13)

We know that the perfect situation would involve one linear microphone array being
vertical to the ground to estimate angles for height calculation [42] and parallel to the
ground to estimate angles for distance estimation. The focus of this work is to find a
balance between microphone array size and the array’s data collection quality. If we add a
structure for FPMMS patterns completely vertical to the ground that occupy much more
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space can be formed. Thus, we proposed three patterns and tested them with respect to
height estimation.

A
/ -
IA //,
! "«) »/r
/’r _._u_’_'_l _______ T ]
, |
B
II ]
/0 L
e 4 I
[ | I/ | B | h
A

Figure 6. Description of height estimation procedure. The left side of the figure shows the top view of
the microphone array and sound source setting. The right side of the figure is an A-A’ cross-sectional
side view of the microphone array and sound source setting.

Apart from forming a linear microphone array to mimic a 16-microphone array, FP-
MMS can also form the following patterns.

In Figures 7-9, these patterns are designed to carry out height estimation. For instance,
in Figure 8a, we may utilize collected sound data to facilitate angle estimation, and then,
the FPMMS would take the form shown in Figure 8b. Again, we could obtain another angle
estimation; then, an average estimated angle would be used. With the estimated average
angle combining the former direction and distance estimations, the height of the sound
source can be calculated using Equation (13).

@ (b)

Figure 7. Diagonal pattern form of FPMMS. The left and right patterns are two different diagonal
patterns. (a,b) are two symmetric patterns that FPMMS can form individually.

L aw

Figure 8. “Acute Triangle” and inverse “Acute Triangle” pattern forms of FPMMS. The lines con-
necting two MEMS microphones show that the two microphones are paired for subsequent height
estimation. (a,b) are two symmetric patterns that FPMMS can form individually.
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M d

Figure 9. Parallel line pattern forms of FPMMS. The lines connecting two MEMS microphones mean
the two microphones are paired for subsequent height estimation. (a,b) are two symmetric patterns
that FPMMS can form individually.

For different patterns, the inputs x(n, f) are formed differently:

Xpattern1—pairt (1, f) = [X1(n, f), X4(n, f)] (14)
Xpatternt—pair2 (1, f) = [Xa(n, f), X3(n, f)] (15)
Xpatterna—paint (1, f) = [X1(n, f), Xa(n, f)] (16)
Xpattern2—pair2 (1, f) = [X3(n, f), Xa(n, f)] (17)
Xpattern3—pairt (1, f) = [X1(n, f), Xa(n, f)] (18)
Xpattern3—pair2 (1, f) = [Xa(n, f), Xa(n, f)] (19)

In the experiment, we tested the performance of the different patterns shown in
Figures 7-9. In the next section, we describe three further experiments. Each experiment
corresponds to one of the following factors: direction estimation, planar distance estimation,
and height estimation.

3. Experiment and Results

In this section, we describe an experiment conducted to compare the performance
of FPMMS with a 1 X 4 linear rotation microphone array, a circular rotation microphone
array, and a 4 x 4 rotation microphone array (summarized as the contrast groups). We also
build the microphone array displayed in Figure 10 (left). In addition to the different active
microphone arrays used for comparison, we also used three major SSL algorithms—TF-
WISE, SRP-PHAT, and MUSIC—to assess the performance of the active microphone arrays.
The signal used for the experiment was derived from the LibriSpeech dataset [43-47].

Three experiments, one each for azimuth, distance, and height, were conducted in one
normal classroom, as depicted in Figure 10. The classroom was 8 m long, 10 m wide, and
3 m high. Each experiment was conducted in a very common classroom environment, with
Tep = 240 ms and SNR = 15 dB. In addition, for each experiment, we developed a correspond-
ing flow chart to explain the procedures for direction, distance, and height estimation.

In Figure 11, the 1 x 4 microphone array uses one row of the 4 x 4 microphone array.
The radius of the circular microphone array is 10 cm. The length of the 4 x 4 microphone
array is 20 cm, and the height of the 4 x 4 microphone array is 15 cm, where the horizontal
inter-mic distance is about 6.67 cm, and the vertical inter-mic distance is 5 cm.
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Figure 10. (Left) Schematic of experiment setting (normal classroom) and real image from experiment.
(Right) FPMMS is mounted on service robot and collects data from the speaker at 60°, 2 m distance.

Figure 11. Real image of the circular microphone array and 4 x 4 microphone array.

All motors are synchronously controlled by high- and low-level clock signals emitted
by the Arduino board, i.e., PWM-based control was used. Before the experiment, the
speed of the conveyor belt with the matching gear under the maximum PWM power
was measured (with the microphone installed). Based on this, the durations for which
the high and low levels were required for translation and rotation were set. Continuous
movement and sound acquisition would increase internal noise pollution. Due to the fixed
timing control, the time interval positions of the microphone movement in the audio could
be calculated from the sampling and timing, allowing them to be cut out. The Arduino
board generates high-/low-level clock signals for PWM-based control. The Arduino’s
internal clock and the configured baud rate (command transmission frequency) were also
considered. This experiment used 9600 baud serial communication.

For the number of angle directions at the same distance, we chose K targets from
five directions to form a multiple-sound source scenario. Kis 2 and 3 here. For the angle
directions at different distances, we picked K targets, but no direction was focused on;
rather, we picked both 1.5 m and 2 m as the target at the same time. K was 2, 3, 4, or 5 for
different distance cases. For the FPMMS, the movement time was 0.5 s, and the stationary
time was 1 s, always facing directly forward relative to the robot. For the 1 x 4 and
4 x 4 microphone arrays, 0° was set as facing directly forward (robot front). The rotation
angles, from left to right, were —15°, 0°, and 15°, with a rotation control time of 0.1 s and a
stationary time of 1 s. For the circular microphone array, 0° was set with the first reference
mic aligned to the robot’s front. The rotation angles, from left to right, were —15°, 0°, and
15°, with a rotation control time of 0.1 s and a stationary time of 1 s.
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The first experiment focused on estimating the angle of multiple targets in multiple
directions. The FPMMS result was compared with the ones derived from the contrast
groups. FPMMS was mounted on a robot at a height of 1 m from the floor. The directions
of the targets were 30°, 60°, 90°, 120°, and 150°. Sound sources were set at two different
distances, 1.5 m and 2 m. Thus, unlike in [21], wherein the authors set only one distance, our
multi-target system was more complex. Figure 12 depicts the procedure of the experiment.

View from top

side. Rotation ——I Azimuth Estimation |
s, Rotation
- ) ’ )
TF-WISE,
SRP-PHAT I Time lag and each mic
- 1 & N ’ |__array geometrics
3 places audio | " usic
- ~ Data, individually
Planar Rotation View from top | Distance Estimation |
Mic Array side, c’Roto:a.tlorcl’
— 15%,0%15°, 4 places audio
e N Data, individually
.
Audio signal Timespot 1 W m"@ B TSI Data
Time spot 2 i TS2 Data
FPMMS Time spot 3 i TS3 Data
Pl Movi Time spot 4 TS4 Data
anar oving
N
. 4
Mic Array Timeline

Figure 12. The flow chart of the first and second experiments. The audio signal is multi-channel;
Thus, the Audio signal part would be overlapped by different colors. The small black dots represent
microphones on circular mic array and linear mic array. The four deep blue squares represent
collected four microphone data at time spot 1. The dash squares following the timeline represent
data collected after planar moving of FPMMS.

The direction estimation results are shown below. The figures denote the gaps between
each microphone array estimation result and the ground truth directions.

In Figures 13-24, the horizontal axes represent location distances, and the polar axes
are in degrees. From the results, we can see that, in angular estimation, FPMMS generally
makes estimations that are much closer to the actual performance of a 16-microphone array
than other forms of active microphone array. At 90°, FPMMS performs better than at other
angles. The accuracy at a distance of 1.5 m is generally better than that at a distance of 2 m.
FPMMS works better in all five directions and two distances than the 1 x 4 linear rotating
microphone array. Regarding the different SSL algorithms, the TF-WISE group generally
performs better, though it is not as useful in scenarios that feature fewer targets. When
the number of targets is around three, four, or five, TF-WISE displays its advantages. In
addition, the number of microphones affects each SSL algorithm’s recognition ability. In
theory, TF-WISE, MUSIC, and SRP-PHAT can recognize “k — 1” number of targets. “k”
is the number of microphones. Indeed, FPMMS moves four times, and the others rotate
three times. Sometimes, the FPMMS and 1 x 4 linear microphone array can recognize all
targets but do not always succeed. Thus, below are reference tables showing the success
rates of the FPMMS, the 1 x 4 linear microphone array, and the circular microphone array
in recognizing all targets. The 4 x 4 microphone array had almost no failures and started
with a three-target scenario.

From Tables 1-3, we can ascertain that the circular microphone array has a huge
advantage over the others because it has six microphones. The FPMMS enables greater
data collection, meaning it shows better performance than the 1 x 4 linear microphone
array, and its performance is not far behind that of the circular microphone array.
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Figure 13. TF-WISE angular estimation results derived from an experiment featuring 2 sound sources
(at angles of 30", 60°, 90°, 120", and 150 ; distances of 1.5 m (a) and 2 m (b); and a height of 1.5 m).
The error between the estimated sound source angles and the true sound source angles is also shown.

b2
=]
=)
<

T
I PMMS
[ Circular
01 = 4 Linear
I 1 < 4 Linear

I PMMS
I Circular
1 = 4 Linear
[ 4 < 4 Linear

—_—
=]
—
<

Average Estimation Error to ture angles

Average Estimation Error to ture angles
o

0
-10 ¢t . -10t i
20— ' ' ‘ ‘ 20— ‘ ‘ ' '
30 60 90 120 150 30 60 90 120 150
Directions Directions
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Figure 14. TF-WISE angular estimation results derived from an experiment featuring 3 sound sources
(at angles of 307, 60, 90°, 120", and 150" at distances of 1.5 m (a) and 2 m (b) and a height of 1.5 m).
The error between the estimated sound source angles and the true sound source angles is also shown.

The second FPMMS experiment focused on distance estimation for SSL. From the
2D polar localization view, the first experiment gave us an angle estimation ¢, and we
used the same data collected by microphones in pairs/groups, as stated in Section 3, to
facilitate planar distance estimation. Thus, no tables showing success rates are needed here.
Figure 12 shows the procedure of this experiment.
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Figure 15. TF—WISE angular estimation results derived from using 4 sound sources at angles of
30°, 60°, 90°, 120°, and 150 ; distances of 1.5 m and 2 m; and a height of 1.5 m. We picked four
locations from ten candidates. The error between the estimated sound source angles and the true
sound source angles at distances of 1.5 m (a) and 2 m (b) is also shown.
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Figure 16. TF-WISE angular estimation results derived from experiments featuring 5 sound sources
at angles of 30°, 60°, 90°, 120°, and 150; distances of 1.5 m and 2 m; and a height of 1.5 m. We
picked five locations from ten candidates. The error between the estimated sound source angles error
and the true sound source angles at distances of 1.5 m (a) and 2 m (b) is also shown.

In Figures 25-30, the horizontal axes represent different angles, and the vertical axes
represent distance. Each bar is the average estimated distance, with variation from each
form of microphone array. As can be seen from the figures comparing estimation error to
true distance, FPMMS is not much better than the other microphone arrays, but it is the
closest to matching the 4 x 4 linear microphone array’s performance. Still, the TF-WISE
algorithm has a relatively better performance in terms of variance and estimation error.
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Figure 17. MUSIC angular estimation results derived from experiments featuring 2 sound sources at
angles of 30", 607, 90", 120, and 150°; distances of 1.5 m (a) and 2 m (b); and a height of 1.5 m. The
error between the estimated sound source angles and the true sound source angles is also shown.
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Figure 18. MUSIC angular estimation results derived from an experiment featuring 3 sound sources
at angles of 307, 607, 90°, 120°, and 150°; distances of 1.5 m (a) and 2 m (b); and a height of 1.5 m.
The error between the estimated sound source angles and the true sound source angles is also shown.

Finally, our third experiment was focused on height estimation. The general procedure
is depicted in Figure 31. Here, the FPMMS was applied to a robot placed a height of 1 m
above the floor. However, the contrast group microphone arrays were placed horizontally,
making a height estimation comparison impossible. Also, the rotating action is in planar,
making no difference. Thus, for a fair comparison, we manually put arrays in the contrast
group in the vertical direction. The speaker heights were set to 0.7 m and 1.5 m because,
usually, the person’s height minus 10 cm to 20 cm is the height of the mouse. To mimic
children and adults, 0.7 m and 1.5 m could also be appropriate choices. The results are

shown below:
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Figure 19. MUSIC angular estimation results derived from an experiment featuring 4 sound sources
at angles of 30°, 60°, 90°, 120°, and 150° ; distances of 1.5 m and 2 m; and a height of 1.5 m. We
picked four locations from ten candidates. The error between the estimated sound source angles and
the true sound source angles at distances of 1.5 m (a) and 2 m (b) is also shown.
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Figure 20. MUSIC angular estimation results derived from an experiment featuring 5 sound sources
at angles of 30°, 60°, 90°, 120°, and 150°; distances of 1.5 m and 2 m; and a height of 1.5 m. We
picked five locations from ten candidates. The error between the estimated sound source angles and
the true sound source angles at distances of 1.5 m (a) and 2 m (b) is also shown.

In Figures 32-37, FPMMS-P2 (pattern 2, “Acute Triangle”) generally shows height
estimation results nearest to the 4 x 4 (16) linear microphone array. Also, in Figure 23,
FPMMS-P2 is shown to perform better than the other patterns. The circular array is just
behind FPMMS-P2 in terms of performance. Comprehensively considering the results, we
believe that the microphone pairs in the “Ba Zi” pattern have two special features: First,
unlike pattern 1, the microphone pairs in the “Ba Zi” pattern form the line closer to the
pure vertical line, which means that angle estimation is more precise. Second, although
the microphone pairs in pattern 3 form an oblique line at the same degree, the two lines
formed with the “Ba Zi” pattern are in inverse-degree lines, which can further cancel the
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effect of the oblique line problem. In height estimation, the three SSL algorithms did not
display many differences in estimation performance, since the nature of this target-based
task was simple, with there only being a single target. The TF-WISE SSL algorithm has
relatively lower estimation variance.
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Figure 21. SRP-PHAT angular estimation results derived from an experiment featuring 2 sound sources
at angles of 307, 60°, 90°, 120°, and 150° ; distances of 1.5 m (a) and 2 m (b); and a height of 1.5 m. The
error between the estimated sound source angles and the true sound source angles is also shown.
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Figure 22. SRP-PHAT angular estimation results derived from an experiment using 3 sound sources
at angles of 30°, 60°, 90°, 120°, and 150 ; distances of 1.5 m (a) and 2 m (b); and a height of 1.5 m.
The error between the estimated sound source angles and the true sound source angles is also shown.
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Figure 23. SRP-PHAT angular estimation results derived from an experiment using 4 sound sources
at angles of 30°, 60°, 90°, 120°, and 1500; distances of 1.5 m and 2 m; and a height of 1.5 m. We
picked four locations from ten candidates. The error between the estimated sound source angles and
the true sound source angles at distances of 1.5 m (a) and 2 m (b) is also shown.
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Figure 24. SRP-PHAT angular estimation results derived from an experiment using 5 sound sources
at angles of 30°, 60°, 90°, 120°, and 150°; distances of 1.5 m and 2 m; and a height of 1.5 m. We
picked five locations from ten candidates. The error between the estimated sound source angles and
the true sound source angles at distances of 1.5 m (a) and 2 m (b) is also shown.

Table 1. Three-target estimation success rate table.

Target Number = 3 TF-WISE MUSIC SRP-PHAT
FPMMS 98% 95% 93%
Circular Array 100% 100% 100%

1 x 4 Microphone Array ~ 90% 86% 88%




Appl. Sci. 2025, 15, 6777 17 of 25

Table 2. Four-target estimation success rate table.

Target Number = 4 TF-WISE MUSIC SRP-PHAT
FPMMS 86% 78% 80%
Circular Array 98% 95% 94%
1 x 4 Microphone Array 78% 68% 72%

Table 3. Five-target estimation success rate table.

Target Number =5 TF-WISE MUSIC SRP-PHAT
FPMMS 75% 70% 71%
Circular Array 85% 80% 78%
1 x 4 Microphone Array  64% 63% 62%
E
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Figure 25. TF-WISE results regarding planar distance estimation at angles of
30°, 607, 90°, 1207, and 1500; a distance of 1.5 m; and a height of 1.5 m. The lower part
shows the intuitive estimation error relative to the true distance.
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Figure 26. TF-WISE results regarding planar distance estimation at angles of

307, 60°, 907, 1207, and 150 ; a distance of 2 m; and a height of 1.5 m. The lower part
shows the intuitive estimation error relative to the true distance.
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Figure 27. MUSIC results regarding planar distance estimation at angles of

30°, 60°, 90°, 1207, and 150 ; a distance of 1.5 m; and a height of 1.5 m. The lower part
shows the intuitive estimation error relative to the true distance.
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Figure 28. MUSIC results of planar distance estimation at angles of 30", 60°, 90°, 120", and 150 °; a
distance of 2 m; and a height of 1.5 m. The lower part shows the intuitive estimation error relative to
the true distance.
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Figure 29. SRP-PHAT results of planar distance estimation at angles of 30°, 60", 90°, 120", and 150 ;
a distance of 1.5 m; and a height of 1.5 m. The lower part shows the intuitive estimation error relative
to the true distance.
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a distance of 2 m; and a height of 1.5 m. The lower part shows the intuitive estimation error relative
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Figure 31. A flow chart of the third experiment. For FPMMS, signals from different pattern pairs were
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Figure 36. SRP-PHAT sound sources for vertical height estimation at angles of

30°, 607, 90°, 120°, and 150"; a distance of 1.5 m; and a height of 0.7 m. The lower part
shows the intuitive estimation error relative to the true distance.
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Figure 37. SRP-PHAT sound sources for vertical height estimation at angles of

30°, 60°, 90", 120°, and 150°; a distance of 1.5 m; and a height of 1.5 m. The lower part of
the graph shows the error between the estimated and true distances.

In summary, the proposed FPMMS’ performance ranked second when compared
alongside the active microphone arrays in terms of direction, distance, and height estima-
tion. Compared to the other structures, FPMMS uses fewer microphones and less space,
which is what we hoped for.

For utmost clarity in displaying each array structure combination and SSL algorithm,
we suggest using a trend map. A trend map was used in this study to show the average
estimation error (vertical axis), and the horizontal axis shows the space value for each
microphone array used for collecting sound data. Specifically, the better the performance,
the closer that array structure will be to the top left corner. Each microphone array structure
considers the operation space. For instance, the circular microphone array needs vertical
rotation to ensure it can stand up for height estimation; thus, the operation space calculation
would include the trajectory length.

The results are shown in Figure 38. Usually, if an array structure has a superior ability
to find the correct balance between estimation accuracy and operation space needed, the
closer it will be to the bottom left corner.
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Figure 38. Azimuth, distance, and height average estimation error percentage, alongside values for
active microphone array operation space.

4. Conclusions

When applying SSL algorithms with huge computation complexity, the size of the
applied microphone array can increase, severely affecting the robot/structure’s ability
to acquire high-quality audio. Focusing on data collection, in this paper, we proposed a
four-planar moving microphone structure to achieve our aim of creating a space-saving
SSL system. This kind of active planar microphone array structure can consider the total
amount of data, microphone size, and 3D SSL ability simultaneously.

By comparing the proposed FPMMS with a linear rotating 1 x 4 microphone array;,
a circular rotating 6-microphone array, and a 16-microphone array, we found that the
proposed structure displays good performance in angular estimation and planar distance
estimation, and benefits can be yielded from its ability to form special patterns, The
proposed FPMMS also performs well in vertical height estimation. Generally, the FPMMS
could achieve about 80-90% of the SSL estimation accuracy of the 16-microphone array.

For practical usage, the sound source moving speed and service robot moving speed
should both be considered because of the Doppler effect, TDOA estimation error, and the
signal correlation problem. In this study, we gave a theory derivation as a reference based
on the scenario described above. First, the Doppler effect would not be severe since relative
speed and speech frequencies are low. Second, in our experiments, the aperture of the
FPMMS was around 0.21 m, the microphone moving time duration was 0.5 s, and the
distance between the sound source and the FPMMS was 1.5 m or 2 m. The relative speed

causing a TDOA change is
021m
Tnax = m ~ 0.00061 s (20)
Ad=05sxv (21)
At — Ad x cosf 22)

c

Timax 15 the maximum TDOA change that can be tolerated by the FPMMS design
parameters. AT is the change in TDOA. 0 is the angle between the sound source and
microphone array. Ad is the sound source moving distance, and v is moving speed. c is the
sound speed. Suppose an extreme situation, wherein 6 is zero degrees; then, the maximum
speed of the sound source is around 0.05 m/s for a sound source frequency of 500 hz. Even
if the parameters are not so extreme, for example, 45 degrees, the maximum speed of the
sound source can be 0.07 m/s. The robot speed limitation is the same.

This result indicates that time duration severely limits the relative speed between
the sound source and the robot. If considering a movement-based scenario, researchers
need to use better motors to reduce the moving time duration. For instance, with better
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motor control, a moving duration of 0.1 s, and a sound source in the range of 30-60 degrees
relative to the structure, the relative speed can be 0.53 m/s.

The correlation problem caused by relative speed can be similarly analyzed. The phase
change caused by the sound source movement should be less than 7t/2:

2rtf x Ad <

C (23)

NI

f is the signal frequency. Consider the speech signal frequency range, 200 hz-2 khz.
The relative sound moving speed limitation can be 0.343-3.43 m/s, for reference. Finally,
the FPMMS is a framework proposed to achieve an optimal balance between data collection
amount and microphone array size. Researchers, through using smaller motors, better
MEMS microphones, and stronger PCBs, could build a more practical FPMMS for use in
service robots.
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