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ABSTRACT

Sound source localization in reverberant environments is
hindered by strong sound reflections, which might lead
to overlapping signals and thus to false detection. Al-
though the Steered Response Power (SRP) method with a
Phase Transformation (PHAT) has demonstrated high per-
formance in noisy and large-volume reverberant environ-
ments, its applicability in smaller volumes has not been in-
vestigated. In that context, this study evaluates the perfor-
mance of SRP-PHAT in small-scale industrial reverberant
cavities, starting from the academic KU Leuven Sound-
box and then transitions to a Laser Powder Bed Fusion
(LPBF) 3D printing cavity, assuming a single broadband
source and a randomly distributed microphone array. In
the initial investigation, due to the small spacing distances
between microphones combined with the sampling rate
used, a microphone selection strategy based on their signal
correlation was employed to determine the subset of mi-
crophones to be used within the SRP-PHAT. In both cases,
it was demonstrated that the SRP-PHAT method can suc-
cessfully locate the source, validating its applicability in
smaller reverberant volumes.
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1. INTRODUCTION

Sound source localization (SSL) techniques aim to iden-
tify the positions of one or more sound sources by exam-
ining the captured signals by a microphone array. How-
ever, their application is hindered in small-scale indus-
trial reverberant cavities, where increased reflections and
shorter reverberation times create complex acoustic en-
vironments [1]. Existing SSL algorithms can be divided
into three categories [2, 3]: (a) spectral estimation-based
algorithms, (b) time difference of arrival (TDOA)-based
algorithms, and (c) steered response power (SRP)-based
beamforming algorithms. Spectral estimation algorithms
use the covariance matrix obtained from the received sig-
nals. Although these algorithms are designed for narrow-
band signals, they can also be applied to broadband sig-
nals. On the other hand, TDOA-based algorithms begin
by calculating the TDOA for each microphone pair. Us-
ing these values along with the microphone array geome-
try, the source position can be determined. However, both
types of algorithms lack robustness in reverberant envi-
ronments, resulting in a significant drop in performance
and making them unsuitable for such conditions.

In contrast, algorithms based on steered beamforming
involve filtering the received signals and estimating the
source position by calculating the steered response power
(SRP) at various candidate locations, selecting the posi-
tion with the highest SRP value. A notable enhancement
to this approach is the Steered Response Power-Phase
Transformation (SRP-PHAT) algorithm proposed by Dib-
iase [2] which applies a phase transformation filter to the
SRP method. This combination improves localization ac-
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curacy by leveraging the robustness of the SRP method
and the phase transformation’s effectiveness in time de-
lay estimation, making SRP-PHAT particularly effective
in noisy and reverberant environments.

Several modifications to this method have been pro-
posed in the literature. Donohue et al. [4] introduced the
PHAT-S transformation, a variant of PHAT that adjusts
the degree of spectral magnitude information incorporated
through a single parameter 3. They initially examined the
optimal range of 3 through simulations and later validated
their findings experimentally [S5]. The same author pro-
posed a time segmentation strategy to improve the effi-
ciency of the SRP method, which was tested both compu-
tationally and experimentally in a mildly reverberant en-
vironment [6]. Other improvements include an enhanced
SRP-PHAT algorithm using principal eigenvectors to im-
prove localization performance [3] and the ODB-SRP-
PHAT method, which integrates an offline database for
real-time source localization [7]. A comprehensive sur-
vey of the SRP method and its variants, with a focus on
SRP-PHAT, is provided in [8].

A common characteristic of the aforementioned stud-
ies is the application of SRP-PHAT to large acoustic vol-
umes, where a balance between reflections and attenua-
tion is considered. Additionally, most approaches rely on
high sampling frequencies, which reduce the occurrence
of near-zero time lags and mitigate quantization errors in
time delay estimation. However, sound source localiza-
tion in smaller industrial reverberant cavities presents ad-
ditional challenges, as reflections can be as strong as the
direct signal, creating spatial aliasing effects that hinder
accurate localization. These conditions significantly in-
crease the difficulty of detecting the source position within
such environments.

To address these challenges, this study evaluates the
performance of SRP-PHAT-/ in small-scale industrial re-
verberation cavities. The first experimental setup, based
on the academic KU Leuven Soundbox, employs a low
sampling frequency, introducing the issue of near-zero
time lags in certain microphone pairs. To counteract this,
a microphone selection algorithm is developed to improve
time delay estimation by removing redundant or problem-
atic microphone pairs. The second experimental setup,
based on a Laser Powder Bed Fusion (LPBF) 3D printing
cavity, employs a higher sampling rate, which naturally
mitigates the zero time lag issue without requiring addi-
tional microphone selection. In both cases, the method
is tested using an irregular microphone array to detect a
single broadband sound source. To reduce the complex-
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ity and focus on 2D localization performance, the source
height is assumed to be known a priori.

The structure of this paper is as follows. Section 2
introduces the Steered Response Power PHAT-/3 method,
while Section 3 describes the microphone selection algo-
rithm developed. Section 4 presents the experimental se-
tups and methodology, followed by Section 5, which eval-
uates the performance of the approach in both experimen-
tal environments. Finally, Section 6 concludes the paper
with a summary of the findings.

2. STEERED RESPONSE POWER
FORMULATION

2.1 Signal Model

Consider a 3D microphone array consisting of M micro-
phones and () sound sources located at positions c,, where
q = 1,...,Q. The recorded time-domain signal at the
m*" microphone positioned at r,,, generated by the ¢*"
source, is given by

T (1) = R q(t, T, €q) * ug(t, €q) + N (2), (1

where Ay, 4(t, T, €4) represents the impulse response of
the propagation path from ¢ to ry,, u4(¢, ¢,) is the ampli-
tude from the ¢'" source, and n,, (t) represents the signal
coming from noise sources.The time signal is segmented
into windows of IV samples and can be expressed as,

PMmﬂmﬂwm+uwmpn,

T
Tm[n+ N —1w[N —-1]| ,

Vi [n]

2

where n is the first sample, w[-] are the values of the ap-
plied window function, and 7" denotes the transpose oper-
ation. In general, a Hann window w|-] is applied to signal
v [n] before further processing.

2.2 Steered Response Power PHAT-(

The formulations and equations for the steered response
coherent power (SRCP) calculation are based on the work
presented in [6]. First, the PHAT-5 operation is applied,
defined as,
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where V,, [k] is the k*" FFT coefficient of v,, [n] (a scalar),
IFFT denotes the inverse Fourier transform, and 3 con-
trols partial whitening of the signal. The process begins by
the Fourier transform of the windowed signal, producing
frequency-domain coefficients V,[k]. The magnitude of
each coefficient is then normalized using the PHAT-3 op-
eration, as defined in equation (3), where the exponent (8
controls the degree of spectral whitening. This normaliza-
tion ensures a balanced contribution of different frequency
components in the coherent power calculation. Finally,
the inverse Fourier transform (IFFT) reconstructs the pro-
cessed time-domain signal ¥,,, [n]. Then, based on a delay
and weighting operation, the processed signal is aligned
as follows,

Sm,p = Win,pDmp[Vm [1]],

“

where s, , is the aligned signal for the m'* microphone
and the p*" scanning point, W,p 1s the weighting func-
tion, and D, ,,[] is the shift operator based on the relative
propagation delay between the m!* microphone and the
pt" grid point at position g,, p = 1,..., P, which dis-
cretizes the volume or plane of interest into a finite set of
P candidate points at a predefined grid distance between
them. The number of samples by which the delay operator
shifts the signal is given by

Tom,p = round (fs (lgp = rml =
c

lgp — rref)) )

where round(+) denotes rounding to the nearest integer, f;
is the sampling rate, and r is the position of the farthest
microphone from the p'" scanning point. The weight is
calculated as,

1

)
_rm|

Wm,p
M
m=1 wm»P

Wyn,p = (6)

Wn,p =

2

The SRCP for each grid point is computed by remov-
ing the self-power from the SRP value as,

M T /M
() ()
m=1 m=1
@)

resulting in the SRCP spectrum map, which visualizes the
SRCP values over all grid points. The SRCP values are
often normalized, allowing them to be scaled relative to

|gp
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the highest peak in the spectrum. By locating the max-
imum values, the potential source points can be identi-
fied. Removing the self-power of each microphone sig-
nal, which is always aligned with itself, helps to focus on
inter-microphone relationships, enhancing the analysis of
sound sources and spatial information.

3. MICROPHONE SELECTION ALGORITHM
3.1 Problem Formulation

The amplitude of signals recorded by microphones is in-
fluenced not only by their relative position to the sound
source, but also by their proximity to reflective surfaces,
such as corners. Microphones near reflective surfaces cap-
ture both direct and reflected waves, leading to increased
amplitude variations due to the multiple propagation paths
present.

Additionally, the sampling rate plays a critical role
in delay estimation. Higher sampling rates provide finer
time resolution, reducing quantization errors. Low sam-
pling rates combined with small microphone spacing can
introduce inaccuracies in delay estimation due to limited
time discretization and resolution.

To address these challenges, a microphone selection
algorithm is developed, considering both amplitude differ-
ences and the time lag between captured signals. The aim
is to enhance localization accuracy by eliminating signals
that are highly affected by reflections or exhibit inconsis-
tencies in delay estimation.

3.2 Amplitude-Based Signal Selection

To account for positional and reflective influences, the
peak amplitude of each time-segmented signal v, is com-
puted and stored in an array A .., where each element is
given by

Apeak (m) = max(|v,y,|).

®)

To filter out signals with unusually high amplitudes,
an automatic thresholding technique based on the standard
deviation of peak amplitudes is applied. The threshold is
given by

Thldyg = M(Apeak) + U(Apeak)7 )

where p is the mean of A, and o is the standard de-
viation. The computed threshold serves as a reference for
identifying signals exhibiting excessive amplitude devia-
tions.
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3.3 Time Lag Estimation

In certain cases, false localization is observed, prompt-
ing further analysis of the time-domain microphone sig-
nals. The estimated time lag between two microphones is
directly related to their spatial separation. If two micro-
phones exhibit a near-zero time lag, it indicates that they
are positioned such that their distances to the sound source
are nearly identical. This scenario can occur when micro-
phones are physically close together or when the sound
wavefront reaches them at almost the same time due to
their alignment relative to the source.

The time lag between signals captured by different
microphones is estimated using cross-correlation,

R;;(1) = Z vi[n]v;[n + 7], (10)
and the estimated time delay is given by

Test = argmax R;;(7). (11)

Due to the low sampling rate and small microphone
spacing, the resolution of 7. is limited, introducing quan-
tization errors. These errors propagate into the SRP-
PHAT algorithm, affecting the computed spatial power
distribution and leading to incorrect localization peaks.
Microphones that exhibit near-zero time lags may not pro-
vide new independent information, leading to redundant
data and potential localization inaccuracies. Therefore,
time lag estimation serves as a key criterion for identi-
fying redundant or poorly spaced microphones.

3.4 Proposed Microphone Selection Algorithm

To improve localization accuracy, a microphone selec-
tion algorithm is developed, integrating both amplitude-
based filtering and time lag estimation. For the latter, a
small threshold e is introduced to identify pairs with near-
zero time delay, compensating for inaccuracies caused by
time discretization. Since the measured signal is time-
segmented, the threshold is set to one sample (¢ = 1) to
differentiate actual signal delays from potential measure-
ment errors. The procedure for microphone selection is
described in Algorithm 1.

3.5 Microphone Selection Criteria

The microphone selection criteria are established based on
both amplitude variations and time lag estimates, ensuring
that redundant or suboptimal microphones are removed to
improve localization accuracy. The spatial arrangement of

Algorithm 1 Microphone Selection Based on Signal
Amplitude and Time Lag

1: Input:

* Time-segmented and windowed signals
from N microphones: {vi,va,...,var}.

coordinates:
where r,, =

* Microphone
{I‘l,rg, ce ,I‘M},
(T, Yms Zm)-

Step 1: Compute Peak Amplitudes

for each microphone m do
Compute A peax(m) using (1).

end for

Step 2: Remove High-Amplitude Signals

Define threshold using (2).

for each microphone m do
if Apeak(m) > Thldgq then

Remove microphone m.

end if

12: end for

13: Step 3: Compute Time Lag via Cross-
Correlation

14: for each microphone pair (4, j) do

15: Compute R;;(7) using (4).

16: Estimate time lag 7. using (5).

17: end for

18: Step 4: Identify Near-Zero Time Lag Pairs

19: Identify microphone pairs satisfying |7est| < €.

20: Step 5: Microphone Selection Rules

21: if three microphones share a near-zero time lag
across two pairs then

22: Compute Euclidean pairwise distances.

23: Remove the two microphones with the
largest Euclidean pairwise distance.

24: else if two microphones have near-zero time lag
then

25: Compute the average distance of each micro-
phone to all others.

26: Remove the microphone with the smallest
average Euclidean pairwise distance.

27: end if

28: Output: Selected microphone subset.

D A A
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the microphones plays a crucial role in the selection pro-
cess, particularly when analyzing time lag characteristics.

3.5.1 Amplitude Thresholding Criteria
Signals satisfying

A peak(m) > Thldgqg 12)

are excluded from the localization process. This step iso-
lates the most relevant signals while eliminating those af-
fected by strong reflections, which could distort localiza-
tion accuracy.

3.5.2 Time Lag-Based Selection

When three microphones form two near-zero time lag
pairs, it suggests an overly clustered arrangement. In this
case, removing two of the three microphones with the
largest Euclidean pairwise distance ensures a more bal-
anced spatial distribution. Conversely, when only two mi-
crophones exhibit a near-zero time lag, the microphone
with the smallest average Euclidean pairwise distance to
the rest of the array is removed to avoid excessive clus-
tering. These rules prevent redundant microphone place-
ments, improving localization robustness by preserving a
well-spaced microphone array.

4. EXPERIMENTAL INVESTIGATION
4.1 Experimental Setup 1: Soundbox

The KU Leuven Soundbox is selected for the SRP method
implementation due to its irregular geometry and small
volume, which leads to stronger reflections and compli-
cates the sound source identification within the chamber.
An irregular array of nine PCB 378B20 microphones is
used, which are ideal for diffuse field applications. For
acoustic excitation, a Qsource with a nozzle diameter of
30 mm is employed due to its controllability, ensuring
consistent acoustic excitation in a controlled setting. A
broadband signal up to 2000 Hz is defined as the output,
and the sampling rate is set to 4086 Hz. Figure 1a illus-
trates the interior of the chamber with the microphones
and source installed.

4.2 Experimental Setup 2: LPBF Cavity

The LPBF cavity is selected as a second test environment
(Figure 2a) due to its structural complexity and the pres-
ence of multiple reflective surfaces, which significantly
affect sound propagation. Unlike the KU Leuven Sound-
box, which has an irregular geometry but is a controlled

setup, the LPBF cavity introduces additional modeling un-
certainties arising from metallic surfaces with varying ab-
sorption characteristics, the presence of cables and me-
chanical components, strong reverberation effects, and
background noise from operational systems. These factors
create overlapping reflections, non-uniform propagation
paths, and increased ambient noise levels, further com-
plicating the accurate localization of sound sources.

To mitigate these challenges, an irregular array of
eight microphones of the same type as in experimental
setup 1 is carefully positioned throughout the cavity, en-
suring broad spatial coverage while avoiding areas with
dominant noise sources, such as the active gas pump. An
additional microphone is placed in front of the gas pump
to investigate its spectrum, but it is not included in the lo-
calization process. For acoustic excitation, a 30 mm diam-
eter mini wireless speaker is used to generate a broadband
signal up to 10 kHz, created in MATLAB. This speaker is
chosen due to space constraints for cable routing and noz-
zle placement, as well as to better simulate real operating
conditions. The sampling rate is set to 82 kHz, improving
time resolution and minimizing quantization errors caused
by lower sampling rates.

4.3 2D Source Localization and Parameter Settings

This paper focuses on 2D source localization, assuming
that the height of the source is known beforehand. As
shown in Figure 1b and Figure 2b, a scanning plane is
defined at this height and divided into grid points spaced
5 mm apart. In the KU Leuven Soundbox, the scanning
plane extends across the entire chamber. Conversely, in
the LPBF case, a significant part of the internal space is
occupied by the module itself, along with cables and me-
chanical components. Therefore, the main acoustic vol-
ume of interest is defined as the region above the module
(Figure 2a), excluding internal components such as cables,
support structures, and mechanical elements.

For the SRP PHAT-{ algorithm and the spectrum map
calculation, a 0.2 s time window is used for both experi-
mental setups. While different window lengths gave good
results, this duration was chosen for consistency in the
analysis. The time window is selected by identifying the
maximum peak across all time signals, assumed to cor-
respond to the direct signal, and centering the window
around it. The /3 value is set to 0.5, which, based on lit-
erature for broadband sources, typically ranges between
0.5 and 0.8, often resulting in significant performance im-
provements [5].
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Figure 1: Soundbox (a) interior cavity and (b) repre-
sentation

5. PERFORMANCE EVALUATION
5.1 Source localization within the Soundbox
5.1.1 Initial Localization Performance

To assess the initial localization performance within the
Soundbox, the SRCP value is calculated for all grid points
of the scanning plane using all nine microphones. The
resulting spectrum map is illustrated in Figure 3a. It can
be observed that the calculated source position deviates
from the actual position due to multiple false peaks with
larger spectrum amplitudes, resulting in incorrect source
detection.

A detailed analysis of the measured time signals high-
lighted significant amplitude variations, zero time lag re-

EURONOISE
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[IScanning Plane
. Microphones
Source
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Figure 2: LPBF (a) interior cavity and (b) represen-
tation

dundancies, and microphone clustering effects. For ex-
actly this reason, the microphone selection algorithm pre-
sented in Section 3 was developed, in order to refine the
subset of microphones used for localization.

5.1.2 Localization Performance Using the Microphone
Selection Algorithm

Applying the microphone selection algorithm, the optimal
subset of microphones is determined based on amplitude
differences and time lag characteristics. The selection pro-
cess identified microphones 1, 3, 7, and 9 (see Figure 1b)
as the most effective for source localization, ensuring a
balanced distribution while eliminating sources of error
identified in the initial analysis.

A detailed examination of the selection process re-
vealed that microphones 4 and 5, positioned at the cor-
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ners of the Soundbox, exhibited significantly higher am-
plitude signals compared to the others, violating the am-
plitude criterion for reliable selection. Furthermore, mi-
crophones 3 and 2 recorded nearly identical signals with
zero time lag, providing no useful spatial separation. Ad-
ditionally, microphones 6, 7, and 8, due to their close
proximity and the low sampling rate, formed a cluster that
produced near-zero time lags, leading to redundant and
less informative data.

By recalculating the spectrum map using only this re-
fined subset (Figure 3b), false peaks are eliminated, and
the detected source position closely matches the actual lo-
cation. This demonstrated a substantial improvement in
localization accuracy, confirming the effectiveness of the
microphone selection strategy.

5.2 Source localization within the LPBF cavity

Building upon the results obtained in the Soundbox, the
localization performance of SRP-PHAT-( is evaluated in
the LPBF cavity, a more complex and acoustically chal-
lenging environment. Initially, the developed microphone
selection algorithm is applied to analyze the captured time
signals, aiming to identify potential issues such as ampli-
tude imbalances or zero time lag that could affect local-
ization accuracy. Unlike the Soundbox case, no micro-
phones were excluded from the localization process. This
outcome can be attributed to the significantly higher sam-
pling rate, which ensured sufficient time resolution to dis-
tinguish signal arrivals effectively. Furthermore, the mi-
crophone positions were carefully selected to avoid place-
ment near reflective surfaces or dominant noise sources,
reducing the risk of excessive amplitude variations or re-
dundant signals.

The calculated spectrum map, using all eight sensors,
is illustrated in Figure 4. Compared to the Soundbox case,
the SRP-PHAT-J response shows a stronger concentration
of energy around the actual source position, benefiting
from improved spatial resolution due to the higher sam-
pling frequency. This suggests that the method remains ef-
fective even in the presence of increased reverberation and
background noise, demonstrating its robustness in chal-
lenging industrial environments.

6. CONCLUSIONS

In small industrial reverberant cavities, reflections can be
as strong as the direct signal, resulting in complex sound
fields that make accurate source localization challenging.
In this paper, the SRP-PHAT-S algorithm is evaluated in
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Figure 3: 2D source localization within the Sound-
box using nine microphones — (a) Without and (b)
With microphone selection algorithm
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Figure 4: 2D source localization within the LPBF
cavity using eight microphones
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two different setups, each using broadband sources in dis-
tinct frequency ranges. The findings highlight its capabil-
ity to achieve reliable source localization, demonstrating
its potential for use in compact reverberant settings.
While the method consistently located the source, per-
formance variations were observed due to variations in
signal amplitudes and the impact of sampling rate. In
the first setup, a microphone selection algorithm is devel-
oped based on amplitude differences and time lags to ad-
dress issues related to microphone positioning and quan-
tization errors caused by the low sampling rate. In the
second setup, where the significantly higher sampling rate
improved time resolution, all microphones contributed ef-
fectively to the localization. These findings emphasize the
critical role of both microphone placement and sampling
rate in localization accuracy. Optimizing microphone con-
figurations, particularly in space-constrained reverberant
environments, is crucial for reliable performance.
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