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This paper explores the advantages of combining asynchronous microphone array measurements for
acoustic source mapping in two and three–dimensional applications. Four different approaches are con-
sidered, three consisting of the combination of the source maps (arithmetic mean, geometric mean, and
minimum value), and a fourth one obtained by combining the cross–spectral matrices of all the asyn-
chronous measurements into a larger matrix and applying beamforming with it. Both synthetic and
experimental test cases convey enhanced results concerning the single measurement baseline, especially
by reducing the spurious sidelobes. Two aeroacoustic experiments are considered, the first features a dis-
tributed sound source over a flat plate model tested in a wind tunnel and the second features a hovering
drone with multiple sound sources, representing typical challenges for 2D and 3D source localization,
respectively. For the 2D source mapping configuration, the sidelobe level was reduced up to 5 dB with
respect to the baseline, while maintaining a similar beamwidth of the main lobe. For the 3D test cases,
the approaches enable volumetric source mapping capabilities, even when planar microphone arrays
are considered, commonly available in typical test facilities. Overall, the minimum value approach pre-
sents the best performance for all cases in terms of reduced main lobe beamwidth and sidelobe levels.

� 2021 The Author(s). Published by Elsevier Ltd. This is an open access article under the CC BY license
(http://creativecommons.org/licenses/by/4.0/).
1. Introduction

Noise emissions are considered as one of the main environmen-
tal health threats nowadays [1] and have been assessed as an
important aspect in the design of several systems, such as aircraft
[2–4], wind turbines [5,6], ground vehicles [7–9], and rotating
machinery [10–12]. Noise exposure on communities is limited by
strict environmental laws [13]. Nevertheless, such systems typi-
cally encompass complicated distributions of multiple noise
sources and, to study and mitigate the noise levels emitted, it is
of paramount importance to accurately determine the location
and strength of the individual noise sources [14].

Phased microphone arrays, together with acoustic imaging
algorithms [15–17], have become a standard approach for sound
source localization. The conventional beamforming algorithm
[18,19] compares the relative phase delays between each of the
microphones of the array with the delays expected from the source
locations mapped (usually within a discretized scan grid). The
result of this comparison is maximum when a focal position coin-
cides with the location of the actual sound source and smaller else-
where [19]. This process is in essence a spatial filtering that is
normally performed in the frequency domain, which justifies the
nomenclature conventional frequency domain beamforming
(CFDBF) algorithm [15,18].

However, the limited number of microphones N available in the
array (usually due to practical or budgetary reasons), restricts the
array capabilities and design. Therefore, the results provided by
CFDBF (and, in general, other acoustic imaging algorithms) typi-
cally suffer from limitations [20], such as:

i- A restricted spatial resolution, which hinders the proper iden-
tification and separation of sound sources closely located, espe-
cially at low frequencies. The spatial resolution is a function of
the array aperture D, the evaluated sound frequency f, the speed
of sound c, and the distance between the array and the sound
source h. A common metror evaluating the spatial resolution
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is the beamwidth (BW) of the main lobe 3 dB below its peak
value. This is evaluated from the Point Spread Function (PSF)
[14,21], i.e. the array response to a unitary–strength point
source, and is determined by the Rayleigh resolution limit
[22], being roughly estimated as BW � 1:22ch=ðDf Þ. Therefore,
larger values of D and f and smaller values of h generally pro-
vide a better spatial resolution;
ii- The presence of sidelobes or spurious sources which could be
misinterpreted as real sources. These sidelobes are a conse-
quence of the finite size and microphone density of the array.
As such, they can be considered as the diffraction pattern of
the phased array [21] representing regions where spurious
noise from a dominant source has a constructive sum causing
a local maximum region in the source map. The number of
microphones N and their distribution within the array are the
main parameters influencing the sidelobe level (SL). A common
metric for evaluating the presence of sidelobes is the maximum
sidelobe level (MSL), which is determined as the difference (in
decibels) between the highest sidelobe and the main lobe’s
peak. With this criterion, the MSL has values smaller or equal
to zero. Besides, to avoid spatial aliasing (and the so–called
grating lobes [21]), the spacing between microphones should
be small with respect to the wavelength to be resolved (e.g.
smaller than half the wavelength of the sound of interest for lin-
ear arrays).

Therefore, a compromise solution is usually sought for achiev-
ing acceptable BW (requiring arrays with large aperture) and SL
(requiring densely populated arrays) values. For a given value of
N, different optimization approaches [23–26] can be employed to
improve the response of the array results.

Moreover, the limited value of N led to a predominant use of lin-
ear and especially planar microphone arrays [15], partly due to
their simplicity in terms of design and setup, but also because of
the typical use of planar scan grids parallel to the array plane
which contain the expected locations of the sound sources of inter-
est. Even if beamforming can be applied in a three–dimensional
domain, the spatial resolution in the normal direction to the array
plane (i.e. depthwise) is usually poor [27,28] and can only be mar-
ginally improved by the application of microphone weighting
schemes [29]. Therefore, the separation of sound sources in the
array plane’s normal direction is particularly difficult [30]. Never-
theless, three–dimensional (3D) acoustic source mapping is gain-
ing interest lately for the study of complex sound source
arrangements, such as aircraft components [31–34], airfoils
[28,35] and passenger vehicles [30,36,37]. This application requires
a considerably larger computational time due to the higher num-
ber of grid points and an adapted formulation of the acoustic imag-
ing algorithm [29,35,38–42].

A straightforward manner to further improve the BW and SL
values of the acoustic source maps is to increase the number of
microphone channels N. However, the associated cost is usually a
limitation within the design of a new acoustic array. For the case
of volumetric source mapping, the use of three–dimensional
microphone arrays [28,43–45] or the synchronous use of several
planar microphone arrays placed in different planes [33,40,42,46]
is preferred for palliating the aforementioned effect of the poor
depth resolution of planar arrays. However, this approach leads
to a dedicated experimental setup, which also implies a large value
of N and a specific arrangement for the microphone positions.

An alternative approach to additionally enhance the acoustic
source maps is to virtually increase N by combining the results of
multiple asynchronous microphone array measurements, in which
the sound source remains at the same location but the microphone
array is displaced to different positions to obtain different points of
2

view [47–52]. In this way, higher spatial sampling is obtained. The
sound field needs to be stationary, i.e. the sound emissions should
not vary with time [53]. This approach benefits from the fact that
the sidelobe pattern of the array (i.e. the PSF) is strongly dependent
on the relative location between the sound source and the micro-
phone array. Therefore, measurements using different array loca-
tions will present different sidelobe patterns, which can be
exploited to further improve the quality of the source maps. This
concept is further explained in Section 2. A comparable procedure
can be employed when averaging source maps in the frequency
domain since the sidelobe pattern is also frequency–dependent
[54].

This paper investigates the use of multiple asynchronous mea-
surements with a planar array (normally called prototype array)
placed at different positions for improving the standard results
obtained with a single measurement, both in two– and three–di-
mensional source mapping applications. A motivation for this
research is that a large number of experimental facilities, such as
aeroacoustic wind tunnels [36,55–63], are equipped with (at least)
a single planar microphone array that can be easily displaced
within the measurement room and could benefit from this
approach. In this study, the microphone distribution of the proto-
type microphone array is kept constant to reduce the operational
time required.

It should be noted that the use of advanced deconvolution or
inverse acoustic imaging methods [58,64–66] can also enhance
the quality of the standard CFDBF source maps. The use of
advanced methods (such as DAMAS [67]) for volumetric source
mapping applications, however, can become prohibitive due to
the computational demand of the larger number of grid points
and microphone positions. These methods are not considered in
this paper for the sake of brevity, but, since most of them are based
on CFDBF, a potential improvement in the CFDBF results is also
expected to be reflected in the outcome of more advanced tech-
niques [25,33].

The approaches considered for combining the multiple asyn-
chronous measurements are explained in Section 2. These tech-
niques are applied first to experimental measurements featuring
an omnidirectional speaker at the anechoic, vertical, open–jet wind
tunnel (A–tunnel) of Delft University of Technology. Synthetic
cases replicating the source arrangements in the experiments are
also evaluated. In addition, more complex experiments featuring
a flat plate tested in the A–tunnel, as well as a hovering drone,
are also analyzed. The simulated and experimental setups
employed are described in Section 3. The results obtained are dis-
cussed in Section 4 for both the 2D and 3D applications. Lastly, the
conclusions are drawn in Section 5.
2. Methodology

2.1. Conventional Frequency Domain Beamforming (CFDBF)

CFDBF is the most common method for source mapping, since it
is robust, fast, and intuitive [18]. This technique considers the
recorded pressure history in each of the Nmicrophones of the array
in the frequency domain as an N–dimensional vector pðf Þ 2 CN�1,
with frequency fð Þ dependence

pðf Þ ¼
p1ðf Þ
..
.

pNðf Þ

0
BB@

1
CCA: ð1Þ

Considering a single sound source at the scan point nj, the received
signal is modeled as sjgj, where sj is the source strength and
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gj 2 CN�1 is the so–called steering vector. The steering vector has N
components, gj;n; n 2 ½1 . . .N�, and represents the modeled acoustic
transfer function between the pressure amplitudes at the mapped
source location and at the microphone locations [15]. Several steer-
ing vector formulations are available in the literature [39]. Specific
radiation patterns [40,68] and the effect of a moving sound source
or a moving medium (like in a wind tunnel) can be accounted for
in the steering vector formulation [69]. For simplicity, omnidirec-
tional, uncorrelated monopole sources are normally considered
and differences between formulations are given by the normaliza-
tion of the steering vectors. For a stationary point source, the steer-
ing vector is the free–field Green’s function related to Helmholtz’s
equation [15]

gj;n ¼ exp �2pifDtj;n
� �

4pjxn � njj
¼

exp �2pif jxn�nj j
c

� �

4pjxn � njj
; ð2Þ

where j � j is the Euclidean norm of the vector, i2 ¼ �1;Dtj;n is the
time delay between the emission and the reception of the signal
by the observer and xn ¼ xn; yn; znð Þ 2 RN�3; n ¼ 1 . . .N are the loca-
tions of the N microphones.

An estimate for the source autopower, A, at a (potential) sound
source located at grid point nj is obtained by minimizing (in a
least–squares sense) the difference between the recorded pressure
vector, p, and the modeled pressures for a source at that grid point
nj; sjgj

A nj
� � ¼ g�

j hpp�igj

jgjj4
: ð3Þ

In Eq. (3) the operator �ð Þ�, denotes the complex conjugate transpose
of a vector and h�i denotes the time average of several snapshots. For
three–dimensional applications, it is recommended to change the
exponent in the denominator to a value of two instead of four
[39,70] to obtain more accurate source location results. The term
C is the N � N cross–spectral matrix (CSM) of the measured acoustic
pressures, generated by averaging the Fourier–transformed sample
blocks over time

C ¼ hpp�i: ð4Þ
The CSM contains the phase shifts between all combinations of

microphone pairs among the array and brings the requirement for
synchronous measurements within the microphone array as this is
the foundation of the algorithm.

A CFDBF source map can be constructed by applying Eq. (3) to
the J points defining the selected scan grid.

The combination of multiple asynchronous measurements can
be used to improve the quality of the obtained source map [52].
Besides, the limited performance of a planar array for 3D source
localization can be significantly enhanced by combining measure-
ments from different views using the same array. The methods
explained henceforth consider a combination of Ns microphone
array measurements using CFDBF, in which the array is placed at
different locations. It should be noted that the main diagonal of
the CSM [65] was not removed in any of the results presented in
this manuscript.

2.2. Arithmetic mean

The first method consists on simply performing the arithmetic
mean of the Ns CFDBF source maps obtained from different array
positions [50,71]:

Aarithmetic nj; f
� � ¼ 1

Ns

XNs

i¼1

Ai nj; f
� �

: ð5Þ
3

This approach was applied by Castellini and Sassaroli [71] to
sound sources in a reverberant environment to reduce the influ-
ence of mirror sources, i.e. not sidelobes but acoustic reflections.

2.3. Geometric mean

A similar technique uses the geometric mean of the Ns source
maps [50] (i.e. multiplication instead of summation):

Ageometric nj; f
� � ¼

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
YNs

i¼1

Ai nj; f
� �Ns

vuut : ð6Þ

A three–dimensional application of this multiplicative approach
was also employed by Porteous et al. [40] when using two planar
microphone arrays orthogonal to each other. In their study, they
also considered the deconvolution method CLEAN–SC [52,72] and
dipole sources. This approach was also recently used with the
enhanced high–resolution version of CLEAN–SC (EHR–CLEAN–SC
[25]) in wind–tunnel experiments featuring a landing gear model
and three planar arrays located in different planes [34].

2.4. Minimum value

The third method considers, for each scan point nj and fre-
quency f, the minimum value within the source autopowers
ðAi nj; f

� �
, with i ¼ 1 . . .Ns) of all the asynchronous measurements.

Aminimum nj; f
� � ¼ min Ai nj; f

� �� �
: ð7Þ

This approach was suggested and applied to numerical data by
Evans et al. [30].

2.5. Combined CSM

The last approach considered employs a combined CSM
(Ccombined) that consists of the CSMs of each of the Ns asynchronous
measurements, i.e. the number of microphones is virtually
increased Ns times. The CSMs of the Ns measurements are arranged
in block diagonal positions and the remaining positions (i.e. the
cross–correlations between pairs of microphones from different
measurements) are padded by zero elements. In this way, the
ðNNsÞ � ðNNsÞ matrix Ccombined is defined as:

Ccombined ¼
C1 0 0

0 . .
.

0
0 0 CNs

0
BB@

1
CCA; ð8Þ

where C i; i 2 ½1 . . .Ns� is the N � N CSM of the ith asynchronous mea-
surement defined with Eq. (4) and 0 is a N � N matrix filled of zeros.

This zero–padding poses a loss of information that synchronous
measurements would not suffer. Some studies [51–53] have inves-
tigated the possibility of reconstructing the missing elements
within Ccombined, but such processes are cumbersome and require
several assumptions about the characteristics of the sound sources
(such as the number of sources, their sparsity [51], and the signal
to noise ratio [53]) present in the experiment [51,52]. Due to their
complexity, these CSM reconstruction attempts are, therefore, not
considered in this manuscript.

Substituting Eq. (8) into Eq. (3) provides

Acombined nj; f
� � ¼ Ns

g�
j;combined Ccombined gj;combined

jgj;combinedj4
; ð9Þ

where the right hand side of the equation is nowmultiplied by Ns to
correct for the forced presence of the 0 elements in the combined
CSM and to obtain the correct autopower values, and gj;combined is
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the ðNNsÞ � 1 combined steering vector, composed of the steering
vectors (see Eq. (2)) of each asynchronous measurement considered
(considering the different microphone positions), placed in a single
column:

gj;combined ¼
gj;1

..

.

gj;Ns

0
BB@

1
CCA: ð10Þ

Depending on the choice of the steering vector, this approach is
essentially not different from the arithmetic mean (Section 2.2),
with the exception that other post–processing techniques, e.g.
CLEAN–SC [72], functional beamforming [73], etc. can be applied
on the combined microphone data.
3. Experimental and synthetic setups

3.1. Synthetic test cases

Complementary simulated cases employing synthetic data were
analyzed to compare with the results obtained for the experimen-
tal case featuring an omnidirectional sound source (Experimental
case I, see Section 3.2). These simulated cases aim at recreating
the same sound source distribution and setup as in the experi-
ments. Moreover, these tests can also be used to simulate extended
conditions that are not easily achievable with the current experi-
mental setup, such as increasing the number of microphones sev-
eral times.

For all synthetic cases, a virtual microphone array consisting of
64 microphones modeled as ideal transducers (i.e. no introduction
of amplitude or phase distortions) was employed. The microphone
distribution employed, mimics the one used for the experimental
cases (see Section 3.2), i.e. an optimized multi–arm spiral arrange-
ment [25], with 7 spiral arms of 9 microphones each, and an addi-
tional microphone located at the center of the array, that was
scaled to half its original size in the x direction, with approximate
dimensions of 1 m � 2 m, see Fig. 1a.

For all simulations a sampling frequency of 51.2 kHz and 30 s of
recording time were employed, as it was done in the experiments.
The acoustic data were averaged in time blocks of 8192 samples
(giving a time block duration of 163.84 ms) and windowed using
a Hanning weighting function with 50% data overlap, following
Welch’s method [74]. One–third–octave frequency bands are used
in the paper for comparison purposes. The frequency range of
interest extended from 800 Hz to 10 kHz.

For the 2D test cases, a square scan grid ranging from x ¼ �1 m
to x ¼ 1 m and y ¼ �1 m to y ¼ 1 m was used (see coordinate sys-
tem in Fig. 1c), with a spacing between scan points of 10 mm (i.e.
40,401 scan points). For the 3D cases, a cubic scan grid ranging
from x ¼ �1 m to x ¼ 1 m, y ¼ �1 m to y ¼ 1 m, and z ¼ �1 m
to z ¼ 1 m was used, with the same spacing between scan points
(i.e. 8,120,601 scan points).

The following simulated cases were considered:

3.1.1. Synthetic case I: Single omnidirectional source in 2D
The same microphone distribution and sound source arrange-

ment as in the 2D test of the Experimental case I were simulated.
An omnidirectional sound source was placed at
ðx; y; zÞ ¼ ð0;0;0Þ m, 1 m away from the array plane and aligned
with the center microphone of the array, see Fig. 1c.

Four additional measurements were taken after virtually trans-
lating the microphone array �150 mm and �300 mm in the hori-
zontal (y) direction with respect to the reference starting centered
position, see circle markers in Fig. 1a. These array locations corre-
spond to angular positions of the sound source of �8:53	 and
4

�16:7	, respectively, from the normal direction of the prototype
array plane at the center microphone. Furthermore, an additional
test considering an array composed by the microphones of the pro-
totype array and these four translations simultaneously, i.e. with
320 virtual microphones, was studied for comparison, see Fig. 1b.
This larger array is just considered for comparison purposes, since
optimizing the distribution of these 320 virtual microphones could
improve the results obtained [24,25], but it was deemed out of the
scope of this manuscript.

Fig. 1c also depicts the coordinate system employed throughout
this paper, which is centered in the omnidirectional source posi-
tion, and has its x axis in the downstream direction (i.e. vertical
direction), its y axis in the horizontal direction of the prototype
array plane pointing right, and its z axis in the direction normal
to prototype array plane (pointing towards the array).

3.1.2. Synthetic case II: Two omnidirectional sources in 2D
Exactly the same simulated setup as in the Synthetic case I was

used, but this time with an additional secondary sound source
located at ðx; y; zÞ ¼ ð�0:75;0:75;0Þ m, i.e. at an angle of about
30	 from the direction normal to the array plane and located in
the same plane as the first source, see Fig. 1a. The secondary source
had a sound pressure level (Lp) 12 dB lower than the first sound
source. The location and level for the secondary source were
selected because there is a relatively high sidelobe at that position
in the PSF of the array, see Fig. 5a. In this way, the secondary source
would be hidden under that sidelobe and difficult to detect.

3.1.3. Synthetic case III: Single omnidirectional source in 3D
In order to evaluate the volumetric acoustic source mapping

performance of the methods considered, the configuration of Syn-
thetic case I and Experimental case I was extended by rotating the
array 90	 in the clockwise direction, using the sound source posi-
tion as a vertical axis of rotation, see Fig. 1c.

Additional comparisons were also made with respect to a syn-
thetic cylindrical random array of 64 microphones with a radius
equal to the distance from the source of the baseline array plane
(1 m). Moreover, the synchronous cases when the array is rotated
to different additional planes are also evaluated and compared in
the separated appendix (see Appendix A).

3.2. Experimental test cases

All experiments were performed in the anechoic vertical open–
jet wind tunnel (A–tunnel) at Delft University of Technology [62],
composed by an anechoic plenum composed of Flamex Basic acous-
tic absorbing foam [76] wedges, resulting in a cut–off frequency of
200 Hz (i.e., free–field sound propagation conditions apply for
higher frequencies). The A–tunnel has a contraction ratio of
approximately 15 : 1 when equipped with a rectangular test sec-
tion of 0.4 m � 0.7 m, resulting in a maximum flow velocity of
40 m/s.

An acoustic array installed in the anechoic plenum and consist-
ing of 64 G.R.A.S. 40PH analog free–field microphones [77] with
integrated constant current power amplifiers was employed for
all the experiments. The transducers provide a flat frequency
response within �1 dB from 50 Hz to 5 kHz and within �2 dB from
5 to 20 kHz. The data acquisition system (DAS) consisted of 4
National Instruments (NI) PXIe–4499 sound and vibration modules
with 24 bits resolution and 204.8 kHz maximum sampling rate.
The boards are controlled by a computer via a NI PXIe–8370 board.
Each microphone is connected to the DAS by a 10–m long G.R.A.S.
AA0028 SMB–BNC coaxial cable [78]. The array was calibrated
following the guidelines by Mueller [14], using a G.R.A.S. 42AA
pistonphone (250 Hz, 114 dB reference) [79].
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The array support structure consists of two steel perforated
plates with 10 mm � 10 mm square holes in a regular grid pattern
that tightly fit the microphones. Each plate is 1 m � 2 m and has a
total of 8450 perforations, i.e. possible microphone positions. This
design offers a compromise solution between reduced acoustic
reflections (with an open area ratio of approximately 51%), robust-
ness, and a large number of potential microphone distributions
[62]. The whole structure of the array can be easily moved within
the anechoic plenum of the A–tunnel, in case different angles of
emission are to be measured.

The microphone distribution employed was the same as for the
synthetic cases, see Fig. 1a. The aforementioned scaling in the x
direction of the array was performed to ensure a clear sound prop-
agation path when testing models in the wind tunnel that require
Fig. 1. (a) Microphone distribution of the prototype array denoted by the black dots. The
shown as green and blue circles, respectively. The gray rectangle shows the relative positi
symbol denotes the location of the omnidirectional source and the drone. The M symbo
positive x direction. (b) Virtual array with N ¼ 320 obtained by displacing the prototyp
omnidirectional sound source (red dot), the prototype array (black dots), and the array ro
source is also depicted. (d) Omnidirectional sound source [75].

5

support side plates (such as airfoils), i.e. to reduce the blocked
directivity caused by the side plates [66].

For all measurements, the same signal processing
parameters and scan grids as in the simulations were
employed.

Three different experimental test cases were considered:

3.2.1. Experimental case I: Omnidirectional sound source
This experimental test case has essentially the same configura-

tion as the Synthetic cases I and III. The sound source has an oblong
shape with a length of 110 mm and a diameter of 20 mm, see
Fig. 1d, and was custom–made by Qsources [80]. The source is
omnidirectional in the azimuthal plane and has a flat frequency
response from approximately 800 Hz to 6.3 kHz when driven by
center microphone of the arrays displaced �0.15 m and �0.3 m in the y direction are
on of the flat plate whereas the vertical solid black lines denote the side plates. The�
l shows the position of the secondary synthetic sound source. The flow goes in the
e array �0.15 m and �0.3 m in the y direction. (c) Three–dimensional view of the
tated 90	 (blue dots). The coordinate system centered at the omnidirectional sound
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white noise. Therefore, in that frequency range and for this setup,
this sound source is expected to perform similarly to the Synthetic
cases I and III, i.e. as a quasi–monopole source. The source was
placed at the center of the anechoic chamber (i.e. at
ðx; y; zÞ ¼ ð0;0;0Þ m), 1 m away from the array plane and aligned
with the center microphone of the array, see Fig. 1c, like in the sim-
ulated cases.

The microphone array was then moved to the same positions as
in the Synthetic case I, i.e.�150 mm and�300 mm in the horizontal
(y) direction with respect to the reference starting centered posi-
tion, see Fig. 1a. Similarly as in the Synthetic case III, the
microphone array was rotated 90	 in the clockwise direction,
using the sound source position as a vertical axis of rotation, see
Fig. 1c.

All the measurements regarding the omnidirectional sound
source were performed without flow in the wind tunnel, i.e. simply
using the facility as an anechoic chamber.
3.2.2. Experimental case II: Flat plate interacting with the flow
In order to evaluate a more realistic experimental test case

involving a distributed sound source, a flat plate model of 0.4 m
span and 1 m chord was tested in the A–tunnel. The model was
supported by side plates of 1.25 m length, see Fig. 2a. The plate
was located at a 1 m distance from the array plane and manufac-
tured in plexiglass and had a thickness of 20 mm. The elliptical
leading edge was placed at x ¼ �0:6 m. Three rows of staggered
LEGO� blocks were used to increase turbulence in the incoming
flow to simulate linearly–distributed uncorrelated sound sources,
and to force the transition of the flow to the turbulent regime
[81], see Fig. 2b. The trailing edge was located at x ¼ 0:4 m and
was equipped with flow–aligned sawtooth trailing–edge serrations
[82]. The serrations had a height of 60 mm and a wavelength of
30 mm.

The measurements were performed at zero pressure gradient
conditions and with a flow velocity of 20 m/s, which results in
approximate Mach and chord–based Reynolds numbers of 0.058
and 1.35 �106, respectively. In these conditions, the leading edge
is expected to be the main noise source as a spanwise distributed
sound source.
Fig. 2. (a) Experimental setup with the flat plate installed in the
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Two additional measurements were performed after displacing
the microphone array �150 mm in the horizontal (y) direction
with respect to the reference centered position (prototype array).

3.2.3. Experimental case III: Hovering drone
The last experimental case consists of a hovering quadcopter

drone, which represents a more complex sound source arrange-
ment with multiple out–of–plane sources. The sources are a com-
bination of broadband and tonal noise. The former is caused by the
turbulent interaction with the blade while the latter is observed at
the blade passing frequency (BPF) of the propellers and at the har-
monics, i.e., multiples of the BPF. A quadcopter drone model Parrot
ANAFI [83] in hovering mode was employed. The dimensions of the
drone are 175 mm � 240 mm � 65 mm and its weight 320 g, see
Fig. 3a. It is propelled by four two–bladed rotors of 60 mm of
radius. It is expected to be able to operate with winds of up to
14 m/s while being relatively quiet.

The drone was placed 1 m away from the array plane, aligned
with the center microphone, see Fig. 3b. The noise emissions of
the drone were recorded in four measurements in which the drone
was rotated 90	 along the x axis with respect to each other, while
the microphone array remained in the same position. During these
measurements, there was no flow inside of the wind tunnel to
allow for a more accurate positioning and stationary sound
emissions.

The recordings had an average signal to noise ratio of 26 dB
with respect to the background noise. The operational conditions
tested correspond to a BPF of 350 Hz, i.e. a propeller rotational
speed of 10,500 rpm [84]. Drones of this size are also expected to
have a relatively strong high–frequency noise content.

4. Results and discussion

The results presented here are divided into 2D source mapping
(Section 4.1) and 3D source mapping (Section 4.2). Both categories
include synthetic and experimental cases. Moreover, an investiga-
tion of the influence of the number of asynchronous measurements
(Ns) on the results is provided in Appendix A.

In all cases, the beamwidth (BW) of the main lobe 3 dB
below the peak value and the maximum sidelobe level (MSL) are
A–tunnel. (b) Detail of the boundary layer tripping device.



Fig. 3. (a) Parrot ANAFI quadcopter drone [83]. (b) Drone hovering in front of the array.

Fig. 4. Source maps for the Synthetic case I for the 2 kHz one–third–octave band. (a) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
Minimum value, (f) Synchronous arrays (N ¼ 320). All the combination methods had Ns ¼ 5.
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evaluated. Because of the elongated shape of the prototype micro-
phone array, the main lobe of the PSF is not axisymmetric, but
rather elongated in the direction of the shortest dimension of the
array (i.e. the y axis). Fig. 4a exemplifies the characteristic PSF
obtained from this array geometry. For 2D source mapping, it
was decided to determine the BW as the diameter (2R) of the
equivalent circle with the same area (pR2) as the area 3 dB below
the peak of the main lobe. Conversely, for volumetric source map-
ping, the BW was approximated as the diameter of the equivalent
sphere with the same volume (4pR3=3) as the volume contained
3 dB below the peak of the main lobe [28]. The MSL was simply cal-
culated as the difference (in decibels) between the highest sidelobe
within the scan grid and the peak value of the main lobe, see Sec-
tion 3. Additionally, the average sidelobe level is also evaluated.
This metric is calculated as the mean sidelobe level (in decibels,
with respect to the main lobe’s peak value) outside of the main
lobe within the scan grid defined. Both the maximum and the aver-
age sidelobe levels are defined as a difference with respect to the
7

peak of the main lobe and, as such, they are less than or equal to
zero [25]. With this criterion, it is desired to minimize the values
of both MSL and average SL to obtain cleaner source maps.
4.1. 2D source mapping

4.1.1. Synthetic cases
An illustration of the acoustic source maps obtained from the

Synthetic case I is depicted in Figs. 4 and 5 for one–third–octave
bands centered at 2 kHz and 4 kHz, respectively.

For the 2 kHz case, the source map obtained by the standard
CFDBF (i.e. Ns ¼ 1, Fig. 4a) is only slightly improved by the com-
bined CSM (Fig. 4b), arithmetic mean (Fig. 4c) and geometric mean
(Fig. 4d) approaches. These three methods provide a similar side-
lobe reduction with respect to the baseline case, which is better
observed by the lower intensity of the highest sidelobes at
x ¼ �1 m and y � �0:4 m. A noticeable improvement is obtained
by the minimum value approach (Fig. 4e), which suppresses sev-



Fig. 5. Source maps for the Synthetic case I for the 4 kHz one–third–octave band. (a) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
Minimum value, (f) Synchronous arrays (N ¼ 320). All the combination methods had Ns ¼ 5.
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eral sidelobes below the 15 dB dynamic range shown and offers the
closest performance in comparison to the case with five syn-
chronous arrays (i.e. 320 microphones, see Fig. 4f).

The 4 kHz one–third–octave bandmaps (Fig. 5) better reveal the
differences between the approaches tested. In comparison with the
standard CFDBF (Fig. 5a), improvements are achieved (in increas-
ing order of magnitude) by the combined CSM (Fig. 5b), arithmetic
mean (Fig. 5c), and geometric mean (Fig. 5d) approaches. This can
be observed when considering the highest sidelobes in the stan-
dard CFDBF case located at x ¼ �1 m and y � 1 m, which are con-
siderably attenuated by these three methods. Once again, the
minimum value approach (Fig. 5e) provides the cleanest source
map and eliminates most of the sidelobes presented for the base-
line case. This source map is again comparable to the one obtained
with the five synchronous arrays (with N ¼ 320, see Fig. 5f).

Any potential variations in spatial resolution provided by each
approach are difficult to observe directly in the source maps, so
the calculated changes in the BW values for the Synthetic case I
for each frequency are presented in Fig. 7a together with the
expected Rayleigh resolution limit for the prototype array. The rel-
ative variations (in percentage) in the BW with respect to the stan-
dard CFDBF case are presented in Fig. 6b, where positive values
denote an unwanted larger BW and vice versa. From the four meth-
ods studied, only the minimum value one can slightly reduce the
BW (up to 4%) at low frequencies. The combined CSM, arithmetic
mean, and geometric mean approaches suffer an increase in BW
that is approximately the same for the three methods. These minor
changes are expected as the BW is intrinsically related to the array
aperture, and it does not benefit from a larger number of micro-
phones acquired with the same aperture. For frequencies below
2 kHz, an approximate 4% increase in the BW is observed, whereas
the frequency bands of 4 kHz and 8 kHz present a BW increase of
around 8% and 16%, respectively. Most likely, the observed increase
is a consequence of the decreasing effective array aperture caused
by the oblique source directions [27] (i.e. those which do not cor-
respond to the normal direction of the array at its center). This is
precisely what happens when the prototype array is displaced in
the y direction for the asynchronous measurements, and the aver-
aging process of these three methods causes a slight increase of the
final BW. For comparison purposes, the results of the five
8

synchronous arrays (N ¼ 320) are also plotted. The latter shows a
consistent reduction in the BW, as expected from the larger array
aperture of the final array. The graphs for this case are limited
below 10 kHz due to the scan grid spacing and the considerably
lower result obtained at this frequency is only caused by the lim-
ited spatial resolution for the BW estimations.

Fig. 7a depicts the MSL provided by each method considered. In
general, higher frequencies show higher MSL values, as expected.
The four methods tested provide consistently lower MSL values
than the standard CFDBF baseline case. This is better shown in
Fig. 7b, in which the relative MSL values with respect to the stan-
dard CFDBF case (DMSL) are presented. In this case, negative values
represent a beneficial decrease of the MSL, i.e. an increase in the
dynamic range. The results with the five synchronous arrays
(N ¼ 320) are also plotted for completeness. As also observed from
the source maps, the minimum value approach offers the best
results for the whole frequency range, reducing the highest side-
lobe levels up to 4 dB and even presenting superior results than
the five synchronous arrays for frequencies higher than 5 kHz. This
agrees with the findings by Evans et al. [30], which proved that an
increase in Ns while keeping the product NNs constant (i.e. by
decreasing the number of microphones per array) resulted in more
favorable source maps. This trend held until the point that the pro-
totype array did not have enough quality to properly locate the
sound sources (i.e. Ns was very large but N too small). The other
three techniques assessed follow a similar trend overall. The geo-
metric mean presents a slightly higher reduction in the MSL, espe-
cially at frequencies higher than 2.5 kHz (offering an additional
3 dB MSL reduction with respect to the baseline) followed closely
by the arithmetic mean and the combined CSM approaches.

The oscillations observed in the curves of Fig. 7 are caused by
the frequency dependency of the sidelobes. At certain frequencies,
the array locations selected have similar sidelobe locations, and the
improvement provided by the combination of measurements is
smaller. The results point to optimal array locations for the tech-
nique. These locations represent the maximum possible distance
along the sidelobes, although such procedure is dependent on
the frequency of interest and the array geometry. An array pairing
method where the microphone distribution of each array
used comes from an optimization procedure was proposed by



Fig. 7. (a) Maximum Sidelobe Level (MSL) comparison for the Synthetic case I. (b) Relative MSL values with respect to the standard CFDBF case. All the combination methods
had Ns ¼ 5.

Fig. 6. (a) Comparison of the main lobe beamwidth (BW) 3 dB below its peak for the Synthetic case I. (b) Relative (in percentage) BW values with respect to the standard
CFDBF case. All the combination methods had Ns ¼ 5.
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Arcoundoulis et al. [63] for CFDBF and [85] for CLEAN-SC showing
enhanced results. However, this technique requires the rearrange-
ment of the microphones in different configurations, which is often
not possible.

The average SL of the acoustic source maps within the selected
scan grid is analyzed in Fig. 8a and the relative values with respect
to the standard CFDBF case are included in Fig. 8b (where negative
values denote cleaner source maps). The minimum value approach
Fig. 8. (a) Average Sidelobe Level (SL) comparison for the Synthetic case I. (b) Relative aver
had Ns ¼ 5.
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again provides the best performance with source maps with aver-
age SL values approximately 3 dB lower than the baseline. The
other three techniques compared provide average SL results
around 1 dB higher than the standard CFDBF. In other words,
despite the reduction in MSL obtained, the combination of the
maps leads to a slight overall blur of the lower sidelobes over a lar-
ger area, causing a more extended noise floor in the source map.
Nevertheless, the positive effect of the reduction of the sidelobe
age SL values with respect to the standard CFDBF case. All the combination methods



L.T. Lima Pereira, R. Merino-Martínez, D. Ragni et al. Applied Acoustics 182 (2021) 108247
peaks is considered more relevant as they can be more easily mis-
interpreted as actual sources.

One typical challenge in acoustic imaging analyses is how to
distinguish spurious sidelobes from actual secondary sources that
have a Lp considerably lower than the peak value in the source
map [66]. The Synthetic case II considers an additional secondary
point source located at ðx; y; zÞ ¼ ð�0:75;0:75;0Þm (see the green
triangle marker in Figs. 1a and 9) with a Lp 12 dB lower than the
first sound source from the Synthetic case I. Fig. 9a contains the
acoustic source map obtained by the standard CFDBF, in which it
is impossible to correctly identify the secondary source due to
the presence of several sidelobes of similar level. The combined
CSM (Fig. 9b), arithmetic mean (Fig. 9c), and geometric mean
(Fig. 9d) improve the results by eliminating the other sidelobes
around 12 dB lower but the shape of the secondary source is still
contaminated with the sidelobes at that region. The minimum
value approach (Fig. 9e) further enhances the source map by
reducing the MSL and showing a comparable performance as the
case with five synchronous arrays (Fig. 9f).

4.1.2. Experimental cases
As aforementioned, the setup of Experimental case I replicates

that of the Synthetic case I in an anechoic environment. For the sake
of conciseness, only the maps for the arithmetic and minimum
value approach are shown in Fig. 10 at 2 and 4 kHz, analogously
to the synthetic counterpart (Figs. 4 and 5. Despite the slightly
poorer outcome due to minor experimental errors, the conclusions
drawn for the Synthetic case I hold for the Experimental case I, i.e.
the minimum value provides the best performance whereas the
rest of the approaches perform worse.

Fig. 11a contains the BW results for all techniques, which follow
the expected trend of the Rayleigh limit. The relative BW values (in
percentage) with respect to the standard CFDBF case are shown in
Fig. 11b. As in the test with synthetic data (see Fig. 6b), the arith-
metic mean, geometric mean and combined CSM approaches suffer
from an average 4% increase in the BW, although this time no peaks
are observed at 4 kHz and 8 kHz. The same steep increase in BW for
these three methods at 10 kHz is again seen due to poor spatial res-
olution, as in the synthetic case. It is observed that the geometric
Fig. 9. Source maps for the Synthetic case II for the 4 kHz one–third–octave band. (a) S
Minimum value, (f) Synchronous arrays (N ¼ 320). The M symbol shows the position of
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mean technique performs slightly better for frequencies above
4 kHz. On the other hand, the minimum value approach performs
even better than in the synthetic case, reaching BW reductions up
to 12% at high frequencies. The reasons for this difference are not
yet known.

The MSL values for the Experimental case I are presented in
Fig. 12a for all the methods considered. In general, higher MSL
results are obtained with respect to the Synthetic case I (see
Fig. 7) given the uncertainties of the experimental data, e.g. source
nonconformity, room reflections, microphone phase loss, and
errors during positioning. For example, the minimum MSL for the
experimental case is about –16 dB, whereas values around –18
dB were observed for its synthetic counterpart. The remarkably
higher MSL value reached at 800 Hz (about –6 dB) is due to the
presence of a background noise source in the wind tunnel facility
at that frequency band that contaminated the results and was con-
sidered as a sidelobe during the SL calculation procedure. The rel-
ative values with respect to the standard CFDBF are depicted in
Fig. 12b. The minimum value approach again outperforms the rest
of the methods, offering a MSL up to 3 dB lower. The sidelobe levels
of the other three techniques are always above the values of the
minimum value approach and perform comparably among each
other, reaching DMSL values around –2 dB.

The average SL is also evaluated for the Experimental case I,
resulting in Fig. 13a, and its relative values with respect to the
standard CFDBF in Fig. 13b. As a reflection of the higher noise floor
from the experimental case, the average SL results are slightly
poorer for the experimental test. The minimum value approach is
once again the best option with an average SL approximately
2 dB lower than the baseline. The other three techniques provide
average SL values up to 1 dB higher than the standard CFDBF, in
the same levels as the ones obtained for the synthetic case. The
geometric mean method is slightly better than the other two
approaches in this aspect.

The source maps for the flat plate tested in the open–jet wind
tunnel corresponding to Experimental case II are included in Figs. 14
and 15 for one–third–octave bands centered at 2 kHz and 4 kHz,
respectively. The smaller number of asynchronous measurements
(Ns ¼ 3 instead of 5) combined with the higher complexity of the
tandard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
the secondary synthetic sound source. All the combination methods had Ns ¼ 5.



Fig. 10. Source maps for the Experimental case I for the 2 kHz (top row) and 4 kHz (bottom row) one–third–octave bands. (a and c) Arithmetic mean, (b and d) Minimum value.
All the combination methods had Ns ¼ 5.

Fig. 11. (a) Comparison of the main lobe beamwidth (BW) 3 dB below its peak for the Experimental case I. (b) Relative (in percentage) BW values with respect to the standard
CFDBF case. All the combination methods had Ns ¼ 5.
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sound source yields a less noticeable enhancement of the results
from the four approaches.

The main improvement with respect to the baseline case is
achieved by the minimum value approach (Figs. 14e and 15e),
which renders a distributed line source between the support side
plates, shorter than for the rest of the methods. This agrees with
the expected source distribution since line sources longer than
the span are most likely due to acoustic reflections because of
the side plates or due to poor spatial resolution. Interestingly, for
the 2 kHz case (Fig. 14e) two different line sources can be
11
identified: one at the leading edge of the flat plate (x � �0:6 m)
and another slightly more downstream (x � �0:45 m).

4.2. 3D source mapping

The use of combined asynchronous microphone array measure-
ments also has an important appeal for 3D source mapping from
planar arrays. Zamponi et al. [33] obtained cleaner source maps
using a generalized inverse method for two different microphone
arrays and combining the maps with a geometric mean approach.



Fig. 12. (a) Maximum Sidelobe Level (MSL) comparison for the Experimental case I. (b) Relative MSL values with respect to the standard CFDBF case. All the combination
methods had Ns ¼ 5.

Fig. 13. (a) Average Sidelobe Level (SL) comparison for the Experimental case I. (b) Relative average SL values with respect to the standard CFDBF case. All the combination
methods had Ns ¼ 5.

Fig. 14. Source maps for the Experimental case II for the 2 kHz one–third–octave band. (a) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
Minimum value. The solid magenta lines denote the flat plate and the support side plates. All the combination methods had Ns ¼ 3.
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Fig. 15. Source maps for the Experimental case II for the 4 kHz one–third–octave band. (a) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
Minimum value. The solid magenta lines denote the flat plate and the support side plates. All the combination methods had Ns ¼ 3.
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The following results explore both numerically and experimentally
the different methods tested before for the formation of a 3D
source map.

4.2.1. Synthetic cases
Fig. 16 depicts the results of the volumetric source mapping for

the Synthetic case III (i.e. an omnidirectional source located at
ðx; y; zÞ ¼ ð0;0;0Þ m) obtained using two perpendicular array
Fig. 16. 3D source maps for the Synthetic case III for the 1 kHz one–third–octave band. (a
Minimum value, (f) Synchronous arrays (N ¼ 128). The maps show iso–surfaces of region
denoted as dots. All the combination methods had Ns ¼ 2.
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positions employing the different mentioned approaches. The
iso–surfaces colors going from red to yellow represent levels 3, 6,
9, and 12 dB below the peak source level. Fig. 16a illustrates the
resulting source map for 1 kHz using standard CFDBF on a single
view. As expected, the main lobe is elongated in the direction nor-
mal to the array plane, due to the poorer resolution. The applica-
tion of any of the combination approaches yields a separation of
the approximate source location from the spurious levels away
) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
s with Lp values 3, 6, 9 and 12 dB below the peak level. The microphone positions are



L.T. Lima Pereira, R. Merino-Martínez, D. Ragni et al. Applied Acoustics 182 (2021) 108247
from the array locations when considering levels 3 dB below the
peak value. Those spurious sources are notably higher for the arith-
metic mean approach (Fig. 16c) followed by the combined CSM
procedure (Fig. 16b). Both techniques combine the beam patterns
of both individual arrays and still present sidelobes away from
the array positions for �9 and �12 dB. The geometric mean and
the minimum value approaches (Figs. 16d and 16e, respectively)
are able to completely suppress the spurious sources within the
�12 dB range. Nevertheless, the minimum value approach pre-
sents the source with a slightly smaller BW in relation to the geo-
metric mean. Fig. 16f contains the source map obtained when
using 128 microphones (distributed in two equal sub–arrays per-
pendicular to each other) synchronously in a single measurement,
which presents a smaller BW than the rest of the cases, but a side-
lobe pattern around �6 dB elongated along the bisector angle of
the two planes containing the sub–arrays. In general, at this rela-
tively low frequency, it is apparent how using multiple views is
effective in reducing the higher levels predicted for mapping points
far away in the array normal axis.

The same results are presented for a higher frequency (4 kHz) in
Fig. 17. Contrary to the previous case, where a single source is
observed for the single view process, the map obtained for this case
is contaminated by multiple sidelobes within the �12 dB dynamic
range that create the impression of several sound sources present.
Among the different combination methodologies to compose the
3D source mapping, the geometric mean (Fig. 17d), and the mini-
mum value (Fig. 17e) can almost completely remove the spurious
sources from the 12 dB range and restrict the main lobe to an ellip-
soid. On the other hand, the combined CSM and the arithmetic
mean approaches (Figs. 17b and 17c) offer a noisier map, with side-
lobes still present around the real source location. The case with
two synchronous arrays (N ¼ 128, Fig. 17f) yields a smaller main
lobe but still presents the aforementioned sidelobe level pattern
6 dB below the maximum value along the bisector angle direction.
Overall, the increasing number of microphones simulated in the
Fig. 17. 3D source maps for the Synthetic case III for the 4 kHz one–third–octave band. (a
Minimum value, (f) Synchronous arrays (N ¼ 128). The maps show iso–surfaces of region
denoted as dots. All the combination methods had Ns ¼ 2.
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synchronous array does not seem to help in the suppression of
the sidelobes. Nevertheless, a 3D array still has a larger aperture,
yielding a smaller beamwidth.

The effects of the four different approaches in the obtained 3D
maps can be observed in the changes of the BW and MSL measured
at different frequencies (Fig. 18).

The changes in BW, estimated from the volume of the main lobe
iso–surface at 3 dB below the map’s maxima, are displayed in
Fig. 18a. The results from the combined array measurements lie
in between the predicted results from the Rayleigh criteria for pla-
nar arrays and the synchronous result of the two array positions
used. Results indicate that the combination of asynchronous mea-
surements cannot reduce the BW to the levels of the synchronous
measurements at low frequencies, given that the real aperture of
the array is not changing. Nevertheless, the approaches can per-
form well for high–frequency measurements, where the array’s
aperture is already larger than the acoustic wavelengths. Among
the methodologies, the minimum value approach performs best
overall and presents an estimated BW about 30% higher than the
synchronous measurements. The geometrical mean, combined
CSM and arithmetic mean have slightly worse performances, with
the latter presenting the highest BW.

Nevertheless, the Maximum Sidelobe Level (MSL) shows the
main advantages of the combined–measurements in relation to
the single measurement (Fig. 18b). The different views can signif-
icantly reduce the sidelobe levels, even below the values of the
synchronous measurement. Again, within the methods, the mini-
mum value approach is the one that performs best, especially at
high frequencies. As observed in Figs. 16 and 17, the synchronous
measurement suffers from high sidelobe levels in the surroundings
of the main lobe. These sidelobes are suppressed by the combined
measurements as the BW is enlarged. This behavior causes the MSL
for all the combination approaches to be higher than for the syn-
chronous case for lower frequencies, whereas at higher frequen-
cies, the synchronous measurement outperforms the combined
) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
s with Lp values 3, 6, 9 and 12 dB below the peak level. The microphone positions are



Fig. 18. Comparison between (a) Beamwidth (BW) 3 dB below the peak, and (b) Maximum Sidelobe Level (MSL) estimated from the Synthetic case III. All the combination
methods had Ns ¼ 2.
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CSM and arithmetic mean approaches. Still, the geometric mean
and the minimum value approach have lower MSL levels in com-
parison to the synchronous measurements.
4.2.2. Experimental cases
The Experimental case I reproduces the single source case

explored in Section 4.2.1 in an anechoic environment. Figs. 19
and 20 show the obtained source maps from the different combin-
ing approaches explored. The real environment hampers the qual-
ity of the overall results, evidenced by the higher presence of
spurious sources 12 dB below the peak for the case of 4 kHz (com-
pared with Fig. 17).

At 1 kHz (Fig. 19), the main effect of the multiple views is the
reduction of the main lobe by the combined view. Among the
Fig. 19. 3D source maps for the Experimental case I for the 1 kHz one–third–octave band. (
Minimum value. The maps show iso–surfaces of regions with Lp values 3, 6, 9 and 12 dB
methods had Ns ¼ 2.
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methodologies tested, the geometric mean (Fig. 19d), and mini-
mum value approach (Fig. 19e) completely eliminate the sidelobes
within the mapping region. The combined CSM approach (Fig. 19b)
and the arithmetic mean (Fig. 19c) can partially reduce the side
sources, creating a clear definition of the centre source within a
3 dB dynamic range.

At higher frequencies, such as 4 kHz (see Fig. 20), the dominat-
ing source of errors are the sidelobes. Still, the correct identifica-
tion of the main source is accomplished by all the methods
applied. Overall, the shape of the main lobe agrees with the Syn-
thetic case III, with a higher amount of sidelobes appearing at levels
12 dB bellow the source level. The minimum value approach
(Fig. 20e) deals with the spurious sources in a better manner pro-
viding the cleanest map, followed by the geometric mean
a) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
below the peak. The microphone positions are denoted as dots. All the combination



Fig. 20. 3D source maps for the Experimental case I for the 4 kHz one–third–octave band. (a) Standard CFDBF, (b) Combined CSM, (c) Arithmetic mean, (d) Geometric mean, (e)
Minimum value. The maps show iso–surfaces of regions with Lp values 3, 6, 9 and 12 dB below the peak. The microphone positions are denoted as dots. All the combination
methods had Ns ¼ 2.

Fig. 21. 3D source maps for the Experimental case III for the 1 kHz one–third–octave band. (a) single measurement (b) Combined CSM, (c) Arithmetic mean, (d) Geometric
mean, (e) Minimum value. The maps show two iso–surfaces of regions with Lp values 3, 6, 9, and 12 dB below the peak. All the combination methods had Ns ¼ 4.
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(Fig. 20d). The combined CSM (Fig. 20d) and the arithmetic mean
(Fig. 20c) offer similar map results.

The experimental case featuring a hovering drone (Experimental
case III) presents a complex sound field consisting of several noise
16
sources of broadband and tonal nature at different locations in
respect to the array plane. Therefore, this example is an application
case that would benefit from a combined 3D mapping technique.
Fig. 21 contains the obtained results from the combination of the



Fig. 22. 3D source maps for the Experimental case III for the narrowband frequency of 3600 Hz. (a) single measurement (b) Combined CSM, (c) Arithmetic mean, (d) Geometric
mean, (e) Minimum value. The maps show two iso–surfaces of regions with Lp values 3, 6, 9, and 12 dB below the peak. All the combination methods had Ns ¼ 4.
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four different measurements for a one–third–octave band centered
at 1 kHz. The case with a single measurement is also included in
Fig. 21 and presents a similar elongated lobe behavior as for the
omnidirectional source in Figs. 19a and 20a. At such frequency
and for the combined approaches, the overall noise from the drone
is seen as a compact source, resembling the two lobes from a
dipole. This can be observed from the combined CSM (Fig. 21),
arithmetic mean (Fig. 21b), and geometric mean (Fig. 21c), all pre-
senting lobes of similar size. A similar noise radiation pattern was
also reported in the literature [86] for a comparable drone model.
The characteristic cleaner results from the minimum value
approach (Fig. 21d) reduce the lobes in relation to the combined
CSM and geometric mean, resulting in a less smoothed shape. This
result shows that applying the minimum value approach to a
sound source that is not perfectly omnidirectional would benefit
certain emission angles when calculating the source map, and
may lead to such skewed lobe shapes.

At a higher frequency (3:6 kHz), the different sources of noise in
the drone can be observed (Fig. 22). Without the different views, no
relevant source can be identified (Fig. 22a). The combination of the
different views seems to show two different sources, i.e. a main
noise source located close to the drone’s internal cooling fan, and
two weaker sources from the rear propellers. All the sources can
be captured by the geometric mean approach (Fig. 22d), while only
one propeller and the internal cooling fan are detected by the com-
bined CSM and arithmetic mean approaches (Figs. 22b, and 22c). It
is interesting to notice that the minimum value approach (Fig. 22e)
can only identify the internal cooling fan source. The propeller
sources are probably weaker in some of the different views used
and, therefore, the minimum value approach suppresses the con-
tributions of these sources.

It is important to note that this practical application case should
only be considered as indicative since the control system of this
type of drone is very sensitive to small gusts or air movements
which can modify the propeller rotational speeds to maintain the
drone steady. As such, small differences could occur between the
17
noise emissions of the different asynchronous array
measurements.
5. Conclusions

The possibility of combining several asynchronous microphone
array measurements is investigated for both improving the results
of two–dimensional source maps and to allow the mapping of
sources within a 3D field. Four different techniques for combining
the results from the multiple asynchronous array measurements
are tested. Three of them consist of combining the mapped sources
according to different rules (namely the arithmetic and geometric
means, and the minimum of the values), and a fourth one obtained
from the combination of the CSM of all measurements, neglecting
the cross–correlations among different views.

The techniques are tested for simple synthetic cases (monopole
sound sources placed within the scan domain) and for experimen-
tal cases, ranging from a model speaker located within an anechoic
environment to an aeroacoustic uncorrelated line source and a
hovering quadcopter drone.

For two–dimensional source maps, the use of multiple array
views is seen to impact mainly on the suppression of the sidelobes.
The beamwidth is mildly affected and, for some conditions, the
consequent mapping from a non–centered array in relation to
the source can even slightly increase the size of the main lobe. In
general, the sidelobe levels further decrease as the number of asyn-
chronous measurements is increased with the consequent increase
in measurement and computational time, see Appendix A for more
information. Among the different methods, the minimum value
approach outperforms the others, reducing the sidelobe levels as
much as 5 dB for a combination of 9 views in comparison to the
standard single–measurement case, see Fig. A.1b. The other meth-
ods perform similarly in levels, with a slight advantage obtained by
the geometric mean in relation to the combined CSM and arith-
metic mean approaches.



L.T. Lima Pereira, R. Merino-Martínez, D. Ragni et al. Applied Acoustics 182 (2021) 108247
In order to assemble a 3D source map, array views from differ-
ent angles are necessary. The 3D maps obtained from a single view
are extremely restricted along the array’s normal direction. The
addition of a second view is, in many cases, sufficient for the dis-
tinction of the main sources within the interrogation volume. At
low frequencies, the multiple views will mostly reduce the size
of the main lobe. As the frequency increases, the beamwidth is lim-
ited by the aperture of the single array and the main effect of the
multiple views is the reduction of the sidelobe level. Again, the
minimum value approach provides the cleanest maps. It is found
that about 4 views rotated along the center of the source
yield a good improvement in the captured source beamwidth,
see Appendix A.

Nevertheless, the advantages of the minimum value approach
must be taken with care as it considers that the source does not
change its emissions within the different views. This very restric-
tive character can lead to significant errors in the level estimation,
especially when sources with a different directivity pattern than
the steering vector considered are analyzed, as observed for the
measurements with the hovering drone case.

Appendix A discusses the advantages obtained when increasing
the number of asynchronous measurements Ns. This parameter is
mostly limited by practical constraints, such as the available space
to displace the array within the experimental facility or the addi-
tional measuring and computational time required. In case a large
value of Ns is desired, mounting the microphone array on a moving
traverse system could provide a simple measurement setup.
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Appendix A. Influence of the number of asynchronous
measurements

An important aspect to consider is the influence of the number
of asynchronous measurements ðNsÞ on the potential quality
enhancement of the acoustic source maps.

To study this, firstly, the 2D analysis of the Synthetic case I was
extended to additional cases with other Ns values with symmetric
array displacements with respect to y ¼ 0, see Table A.1.

Fig. A.1 discusses the influence of Ns in the relative differences
of the 2D source maps obtained for the four approaches considered
with respect to the standard CFDBF. The results corresponding to
the case with five synchronous arrays (N ¼ 320) discussed before
are also plotted for comparison. The values included in Fig. A.1 cor-
respond to the 4 kHz one–third–octave band, but other frequencies
ase I for the 4 kHz one–third–octave band on the parameters (with respect to the
average SL.



Table A.1
Virtual displacements of the microphone array for the 2D analysis of the Synthetic case
I.

Ns Displacements in the y direction, [mm]

1 0 (prototype array)
3 �150
5 �150 and �300 (case considered in Section 4.1)
7 �150;�300, and �450
9 �150;�300;�450, and �600
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showed comparable behaviors. This frequency band represents one
of the worst cases for the relative BW parameter for the arithmetic
mean, geometric mean, and combined CSM approaches (see Fig. 6)
with relative BW increases of about 10% and, observing Fig. A.1a, it
seems that these three techniques suffer from slightly greater BW
as Ns increases. This behavior agrees with the hypothesis made
that the effective array aperture is decreased when using the array
in oblique directions, as mentioned in Section 4.1. Thus, there is a
trade–off between the MSL and the BW. The relative BW of the
minimum value approach does not seem to vary with Ns and it
remains close to zero (i.e. the same as for standard CFDBF).

The relative MSL (see Fig. A.1b), on the other hand, seems to
increase gradually with Ns for all methods. The minimum value
approach even reaches higher DMSL values larger than the case
with five synchronous arrays for Ns P 7.

Lastly, the improvement of the relative average SL (see Fig. A.1c)
provided by the minimum value approach seems to increase lin-
early with Ns, reaching values of 4.2 dB for Ns ¼ 9. The other three
Fig. A.2. 3D source maps for the Synthetic case III at 1 kHz using 3, 4 and 6 views for the c
3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted

Fig. A.3. 3D source maps for the Synthetic case III at 1 kHz using 3, 4 and 6 views for the a
Lp 3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denot

19
techniques do not provide major changes with respect to the stan-
dard CFDBF case and remain within values within �0:5 dB.

For all the test cases considered for 2D source mapping, the pro-
totype array was only displaced in the y direction for simplicity
and practical reasons. It should be noted that, if the setup allows
for it, moving the prototype array in other dimensions (especially
also in the x direction for 2D source mapping) would further
improve the performance of the techniques described in Section 2
since that would provide additional points of view with signifi-
cantly different sidelobe patterns [50]. Besides, the consequences
of mapping of a non–centered source observed in A.1a can be
avoided by rotating the array around the source location instead
of simply translating the array.

For the case of 3D source mapping, additional array positions
were considered for the Synthetic case III. Figs. A.2–A.6 present
the source maps for 1 kHz obtained by the different approaches
when Ns (i.e. the number of points of view) is set to 3, 4, and 6
by rotating the array an angle of 360	

Ns
along the x axis. The graphs

show how consistently increasing Ns improves the source location,
especially at low levels, e.g. 12 dB below the peak value. At this
level, the combined CSM (Fig. A.2) and arithmetic mean (Fig. A.3)
approaches at 1 kHz present sidelobe levels that exceed the beam-
forming domain, limiting the dynamic range of the analysis. The
other two approaches (geometric mean, Fig. A.4 and minimum
value, Fig. A.5) yield a better resolution of the source main lobe
limits for all number of views provided. Nevertheless, the solutions
for Ns ¼ 3 still present a larger main lobe, that converges to an
ellipsoidal shape for the cases more than 4 views. The resulting
maps for synchronous measurements (Fig. A.6), i.e. considering
ombined CSM approach (a, b, and c respectively). The iso–surfaces of regions with Lp
as dots.

rithmetic mean approach (a, b, and c respectively). The iso–surfaces of regions with
ed as dots.



Fig. A.4. 3D source maps for the Synthetic case III at 1 kHz using 3, 4 and 6 views for the geometric mean approach (a, b, and c respectively). The iso–surfaces of regions with Lp
3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.

Fig. A.5. 3D source maps for the Synthetic case III at 1 kHz using 3, 4 and 6 views for the minimum value approach (a, b, and c respectively). The iso–surfaces of regions with Lp
3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.

Fig. A.6. 3D source maps for the Synthetic case III at 1 kHz using 3, 4 and 6 views for equivalent synchronous measurements (a, b, and c respectively). The iso–surfaces of
regions with Lp 3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.
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192 (Ns ¼ 3), 256 (Ns ¼ 4), and 384 (Ns ¼ 6) microphones at the
same array locations as for the asynchronous ones, yield a signifi-
cantly smaller main lobe, but with the presence of several side-
lobes. The sidelobes reach levels of up to �3 dB for Ns ¼ 3 and
are reduced for Ns ¼ 4 (�6 dB) and Ns ¼ 6 (�9 dB).

For the case of 4 kHz (Figs. A.7–A.11), the trends are similar,
although the smaller beamwidths make all isocontours restricted
within a sphere of 0:5 m radius centered at the source location.
Spurious sidelobes are only observed for the arithmetic mean
and combined CSM approaches (Figs. A.7 and A.8, respectively).
20
Nevertheless, the sidelobes are captured at the borders of the
domain and are apart from the surroundings of the source. The
synchronous measurements (Fig. A.11) again yield a smaller beam-
width with the cost of stronger sidelobes.

The variation of the beamwidth shown in Fig. A.12 with the
number of asynchronous measurements shows the necessary
number of rotations that one can apply until the beamwidth and,
consequently, the map of the main lobe does not vary significantly.
At both frequencies (1 kHz and 4 kHz) a mapping with at least 4
views seems to suffice in order to converge the minimum BW for



Fig. A.7. 3D source maps for the Synthetic case III at 4 kHz using 3, 4 and 6 views for the combined CSM approach (a, b, and c respectively). The iso–surfaces of regions with Lp
3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.

Fig. A.8. 3D source maps for the Synthetic case III at 4 kHz using 3, 4 and 6 views for the arithmetic mean approach (a, b, and c respectively). The iso–surfaces of regions with
Lp 3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.

Fig. A.9. 3D source maps for the Synthetic case III at 4 kHz using 3, 4 and 6 views for the geometric mean approach (a, b, and c respectively). The iso–surfaces of regions with Lp
3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.
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all the techniques. The BW value of convergence is affected by the
technique selected. The minimum value approach will converge to
a significantly lower level than all the other techniques. The geo-
metric mean technique presents slightly smaller values than the
arithmetic and the combined CSM approaches. As discussed, nei-
ther of the techniques are comparable to the synchronous mea-
surements using a full microphone array. Nevertheless, this
approach will increase significantly the cost of the array and acqui-
sition equipment while still presenting sidelobes that may affect
the overall interpretation of the resulting source map.
21
Due to the advantages obtained when increasing Ns, installing
the microphone array in an automatic traversing system could be
beneficial in case a large value of Ns is desired. For applications
with rotating sound sources, a continuously rotating array can also
improve the obtained results [11,47], provided that the rotational
speed is low enough not to cause disturbances in the microphone
recordings or aerodynamic noise.

A potential upper limit for Ns may be determined by practical
constraints, such as the available space to displace the array within
the experimental facility or the time required for positioning the



Fig. A.10. 3D source maps for the Synthetic case III at 4 kHz using 3, 4 and 6 views for the minimum value approach (a, b, and c respectively). The iso–surfaces of regions with
Lp 3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.

Fig. A.11. 3D source maps for the Synthetic case III at 4 kHz using 3, 4 and 6 views for equivalent synchronous measurements (a, b, and c respectively). The iso–surfaces of
regions with Lp 3, 6, 9, and 12 dB below the peak are presented. The microphone positions are denoted as dots.

Fig. A.12. Variation of the beamwidth at �3 dB for the different 3D techniques applied to the Synthetic case IIIwith the number of asynchronous measurements (Ns) for f ¼ 1
kHz (a) and f ¼ 4 kHz (b).
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array. The additional computational time required by the methods
suggested in this manuscript scales as / Ns, since the computa-
tional time required for combining source maps is negligible. The
combined CSM approach also presents a / Ns scaling provided that
a sparse representation is used to create the CSM, avoiding compu-
tational time to scale with N2

s with the postprocessing of non–ex-
istent cross–correlations.
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