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GUIDELINES FOR ACCURATE SOUND SOURCE
QUANTIFICATION IN CLOSED-SECTION WIND TUNNELS

Roberto Merino-Martı́nez1

1Faculty of Aerospace Engineering, Delft University of Technology.
Kluyverweg 1, 2629 HS Delft, The Netherlands.

Abstract

Experimental aeroacoustic measurements conducted in wind tunnels are crucial for in-
forming the design process of various devices, including aircraft components or wind tur-
bine blades. Whereas closed-section wind tunnels typically offer better aerodynamic con-
ditions compared to their open-jet counterparts, they often introduce challenges related to
noisier test environments and the optimal placement of acoustic sensors, such as micro-
phone arrays, within the test section. As advancements in noise reduction measures lead to
quieter test models and our knowledge regarding the location of their main noise sources
improves, accurately quantifying the sound sources within these models becomes increas-
ingly important. The present manuscript offers valuable guidelines aimed at enhancing the
precision of sound source quantification. It provides practical recommendations regarding
microphone placement and the utilization of post-processing techniques, such as manip-
ulations of the cross-spectral matrix. The experimental setup consists of an array of 16
microphones in two different configurations (flush-mounted and recessed in cavities). To
assess the quantification accuracy, a speaker playing broadband noise at different sound
pressure levels outside of the flow serves as a known reference sound source. A wide range
of signal-to-noise ratios (SNRs) are achieved by employing different flow velocities and
speaker settings. The results indicate that relatively accurate sound source quantification
can be achieved with SNRs down to −10 dB. Lastly, a scaling law for the expected quan-
tification error is proposed in terms of the number of microphones within the array and
the SNR. In this manner, the experimental setup can be adapted accordingly to obtain the
required level of accuracy.

1 INTRODUCTION

Aeroacoustics is a research field of growing relevance as flow-generated noise is a main con-
tributor to the noise emissions of several industrial applications, such as aircraft [1], ground
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vehicles [2, 3], and wind turbines [4, 5]. The harmful health effects associated with excessive
noise exposure and the ever stricter environmental noise regulations [6] motivate the design of
quieter systems. However, in general, the aforementioned systems are considerably complex
consisting of multiple noise sources located in different positions and with diverse character-
istics. Therefore, in order to reduce noise emissions efficiently, it is crucial to obtain precise
information about the location and strength of all noise sources present within these systems.

Phased microphone arrays [7, 8] are commonly employed for this task since, together with
acoustic imaging algorithms [9], they enable sound source visualization and provide estimates
of the location and strength of the different sound sources present. These devices considerably
outperform the use of single microphones for acoustic measurements in environments with high
background noise levels, i.e. with a low signal-to-noise ratio (SNR), [10, 11]. This approach is
also normally used to evaluate the performance of noise reduction measures [12–15].

To accurately investigate flow-generated noise within the design process, experimental mea-
surements are typically conducted in (aeroacoustic) wind-tunnel facilities [16–18]. The flow
conditions in these tests aim to reproduce those present in practice around the test model under
analysis in a controlled environment. Despite some practical limitations (mentioned below),
aeroacoustic experiments in wind tunnels enable testing complex models with a high level of
small-scale details (such as landing gears [15, 19]) and to quickly shift between operational
conditions and configurations for parametric studies. These two benefits make wind tunnel
testing an interesting complementary approach compared to other alternatives, such as compu-
tational aeroacoustics simulations, which can become prohibitively expensive when considering
small-scale details or multiple configurations. Generally speaking, wind tunnel facilities can be
divided into two main categories [9, 20, 21] depending on their type test section:

• Open-jet wind tunnels: are characterized by the formation of a jet shear layer from the
wind-tunnel nozzle’s exit. The main advantages of this configuration are that the micro-
phones and other instrumentation can be placed non-intrusively outside the flow (avoiding
the interaction with turbulence) and that the background noise levels are typically lower
than in the closed-section counterparts. Moreover, the test chamber surrounding the jet
can be acoustically treated with acoustic-absorbing foam wedges, so that most sound
reflections are suppressed [22]. These benefits usually make this type of configuration
preferred in case accurate far-field sound pressure levels (Lp) estimates are of interest
[18]. On the other hand, due to the jet spreading, the flow quality and alignment are gen-
erally more difficult to control, and corrections are required for obtaining the effective
angle of attack and effective aerodynamic coefficients [23, 24]. Acoustic effects, such as
the refraction through the shear layer [25], also need to be accounted for, especially when
considering the distortion in the phase of the acoustic signals recorded by microphones
[26, 27] and the spectral broadening due to the shear layer turbulence [28].

• Closed-section wind tunnels normally involve lower corrections for model blockage
and circulation with relatively better-controlled aerodynamic properties compared to the
open-jet case. Acoustic measurements can be performed non-intrusively by mounting
microphones flush-mounted in the floor, ceiling, or walls of the wind tunnel [29], see Fig.
1 (left). However, the amplitudes of the near-field pressure fluctuations inside the turbu-
lent boundary layer (TBL) developing along the wind tunnel’s floor, ceiling, or walls are
generally much higher than the acoustic signals from the model. Additional challenges
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Figure 1: Diagram explaining the two considered configurations for placing microphones on
a wind tunnel wall (or floor or ceiling): (left) flush-mounted microphones, (right)
recessed microphones in cavities covered by an acoustically transparent cloth [33].

present in this test section configuration involve typically high background noise levels
from the wind-tunnel circuit [30] and sound reflections from the solid surfaces of the test
section. Overall, these phenomena can lead to erroneous measurements of the absolute
sound levels emitted by the model [31, 32].

A compromise solution is a hybrid wind tunnel configuration, which involves the replacement
of the hard wind-tunnel walls of the closed-section configuration with acoustically transparent
walls, such as tensioned Kevlar sheets [14, 34, 35], perforated plates, or wire meshes [33].
By recessing the microphones in cavities covered by such an acoustically transparent wall, the
effect of the TBL pressure fluctuations can be substantially attenuated [11, 36–39], see Fig.
1 (right). Therefore, this hybrid test section configuration has the advantages of both closed-
section (better controlled aerodynamic properties) and open-jet wind tunnels (placement of the
microphones and instrumentation outside the flow). Therefore, a partial conversion of currently
existing closed-section facilities into hybrid wind tunnels can be achieved by replacing one
(several) of its hard surfaces [40, 41] to enhance the aeroacoustic microphone-array measure-
ment capabilities. This is a considerably simpler and more cost-effective approach than a full
refurbishment of the facility.

A recent study by Sanders et al. [21] compared airfoil trailing-edge noise measurements con-
ducted in three test section configurations (closed, open-jet, and hybrid) in the same wind tunnel
facility and observed Lp differences within ±3 dB between the far-field noise levels measured
with a microphone array1 in each configuration. The PhD thesis of Kröber [20] investigated the
comparability of microphone array measurements in open-jet and closed-section wind tunnels
and observed Lp deviations up to 4.6 dB in individual one-third-octave frequency bands.

Given these reported discrepancies, the objective of the current study aims to provide prac-
tical guidelines for accurate sound source quantification in close-section wind-tunnel measure-
ments. In particular, recommendations in terms of the minimum number of microphone chan-
nels and SNR values required for reliable results in different test conditions are outlined. This
manuscript employs the same experimental setup (see section 2) from the study performed by
VanDercreek et al. [39], which evaluated different cavity geometries to recess the array micro-
phones. For this study two array configurations are evaluated: flush-mounted (baseline) and the

1The microphone array distribution was modified for the closed-section configuration.
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best-performing cavity geometry proposed by [39]. This investigation also complements previ-
ous work [33] on the performance of different advanced acoustic imaging methods for source
localization and quantification using the same setup.

The manuscript is structured as follows. Section 2 explains the experimental setup employed.
The acoustic imaging method considered is briefly described in section 3. The main results
obtained are presented and discussed in section 4 and the conclusions are listed in section 5.

2 EXPERIMENTAL SETUP

2.1 Wind-tunnel facility

The experiments were conducted in the anechoic open-jet wind-tunnel facility of Delft Uni-
versity of Technology (A-tunnel) [22]. The wind tunnel was equipped with a nozzle with a
rectangular outlet of 400 mm × 700 mm, providing a contraction ratio of 15. Even if this fa-
cility is an open-jet wind tunnel, this experimental setup aimed to replicate the test conditions
present in practice for microphone arrays in closed-section wind tunnels, such as a TBL devel-
opment along the wall. This was achieved by extending one of the short edges of the rectangular
nozzle with an 1100 mm × 400 mm flat poly-carbonate plate in which the microphones were
mounted, see Fig. 2(a). With this configuration, the sound recorded by the microphones is dom-
inated by the TBL noise over the array, as would be the case in a closed-section wind tunnel.
This setup also allowed for the speaker employed as a reference sound signal (see section 2.4)
to be placed outside of the flow, avoiding the interaction of the jet flow with the speaker and its
support structure, which would cause additional flow-generated unwanted noise sources.

The test section of the A-Tunnel is located within an anechoic plenum that measures 6.4 m
(length) × 6.4 m (width) × 3.2 m (height). The chamber is covered with acoustic absorbing
foam wedges, which provide free-field sound propagation properties for frequencies higher than
200 Hz [22]. Flow velocities U∞ of 20 m/s and 34 m/s were considered for this experiment.
Previous hot-wire anemometry measurements in relevant locations on the array support plate
confirmed that the boundary layer was indeed turbulent and attached for both flow velocities
and both array configurations considered. For more detailed information the reader is referred
to [39].

Figure 2(a) also explains the coordinate system used henceforth, centered in the array’s center
(which is also aligned with the jet axis), with the x axis in the streamwise direction, the y axis
pointing right from behind the array, and the z axis pointing towards the jet axis and the speaker.

2.2 Microphone array

The phased array employed consists of 16 G.R.A.S. 40PH analog free-field microphones [42]
with two additional flush-mounted reference microphones at (x,y) = (-0.4 m, 0 m) and (x,y) =
(0 m, 0 m), see Fig. 2(a), which are not used for this study. The microphone array was installed
in the aforementioned 1100 mm × 400 mm poly-carbonate support plate flush-mounted to one
of the exit edges of the nozzle, see Fig. 2(a).

The microphone configuration was optimized in a sunflower pattern [43] with a diameter
of approximately 350 mm, see Fig. 2(b). The selected microphone configuration is meant to
minimize sidelobes, and hence maximize the dynamic range, between 2 kHz and 4 kHz. This
design was predicted to have a maximum dynamic range of 9.6 dB and, due to its relatively
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Figure 2: (a) Experimental setup at the A–tunnel with the microphone array mounted on the plate flush–
mounted to the one of the exit edges of the nozzle. Adapted from [24]. (b) Microphone distribution as seen
from the back of the plate.

the dynamic range between 2 kHz and 4 kHz. This design was predicted to have a maximum dynamic range
of 9.6 dB and, due to its relatively small size, a usable frequency range from approximately 1 kHz to 9.2 kHz
[24].

All microphones were calibrated individually using a G.R.A.S. 42AA pistonphone [67] following the
guidelines of Mueller [7]. The microphones have a flat frequency response within ±1 dB from 50 Hz to 5 kHz
and within ±2 dB from 5 kHz to 20 kHz. The data acquisition system consisted of four National Instruments
(NI ) PXIe–4499 sound and vibration modules with 24 bits resolution. The boards are controlled by a NI
RMC–8354 computer via a NI PXIe-8370 board. The sampling frequency was 51.2 kHz and the recording
time 45 s.

For all acoustic imaging methods, the CSM is calculated using 4096 samples with a 50% overlap using
Hanning windowing. The scan grids employed were located at the expected source location from the array
plane, i.e. at the speaker baffle plane (z = 800 mm) and at the flat plate trailing edge (z = 350 mm),
respectively, and had dimensions of 1 m × 1 m centered at the expected source location, see section III.D. The
acoustic spectra, shown in subsequent sections in one–third–octave bands, are presented for the frequencies
between 1 kHz and 10 kHz, due to the array and speaker limitations.

III.C. Microphone cavities

Two different array configurations [24] were employed, each of them mounted in a different plate of the same
dimensions:

1. A reference configuration with the microphones flush–mounted to the poly–carbonate plate with holes
of the same diameter as the G.R.A.S. 40PH microphones (7 mm).

2. A configuration with recessed cavities covered with an acoustically transparent stainless steel cloth
with a thread diameter of 0.025 mm and 500 thread per square inch (#500). In this plate, the cavities
are installed in threaded holes of 50 mm diameter at the microphone positions. This configuration
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Figure 2: (a) Experimental setup at the A-tunnel with the microphone array installed on the
support plate flush-mounted to one of the exit edges of the nozzle. (b) Microphone
distribution including the microphone numbering, as seen from the back of the plate.
The green circle denotes the relative position of the speaker baffle (placed 800 mm
away in the z direction from the array plane). Adapted from [39].

small size, a usable frequency range from approximately 1 kHz to 9.2 kHz [39]. The center of
the microphone distribution (x = y = z = 0 m) is located 800 mm downstream of the nozzle exit
plane, see Fig. 2(a), to enable the boundary layer along the plate to become fully turbulent.

Figure 2(b) also shows the microphone channel numbering employed. Henceforth, to study
the influence of the number of microphones Nmic employed in the postprocessing analysis, the
data recorded by different microphones will be virtually removed sequentially, starting from
microphone number 1, then microphones 1 and 2, etc. until microphones 1 to 12 are removed
(i.e. only microphones 13-16 remain). Since the latest microphones remaining correspond to
those on the outer perimeter of the array, the spatial resolution is expected to stay relatively
constant, while the dynamic range is expected to worsen gradually.

All microphones were calibrated individually using a G.R.A.S. 42AA pistonphone [44] fol-
lowing the guidelines provided by Mueller [16]. The microphones have a flat frequency re-
sponse within ±1 dB from 50 Hz to 5 kHz and within ±2 dB from 5 kHz to 20 kHz. The data
acquisition system consisted of four National Instruments (NI) PXIe-4499 sound and vibration
modules with 24-bit resolution. The boards are controlled by a NI RMC-8354 computer via a
NI PXIe-8370 board. The sampling frequency was 51.2 kHz and the recording time was 45 s.
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For each frequency analyzed, the cross-spectral matrix (CSM) is calculated using 4096 sam-
ples with a 50% overlap using Hanning windowing. The scan grids employed were located
at the speaker baffle plane (z = 800 mm) and had dimensions of 1 m × 1 m centered at the
expected source location (i.e. for x between −0.6 m and 0.4 m for y between −0.5 m and
0.5 m, see section 2.4. The spacing between neighboring grid points was ∆x = ∆y = 1 mm. The
acoustic spectra, shown in subsequent sections in one-third-octave bands, are presented for the
frequencies between 1 kHz and 10 kHz, due to the array and speaker limitations.

2.3 Microphone cavities

Two different array configurations [39] were employed, each of them mounted in a different
plate of the same dimensions (1100 mm × 400 mm):

1. A reference configuration with the microphones flush-mounted to the poly-carbonate
plate with holes of the same diameter as the G.R.A.S. 40PH microphones (7 mm).

2. A configuration with recessed cavities covered with an acoustically transparent stainless
steel cloth with a thread diameter of 0.025 mm and 500 thread per square inch (#500). In
this plate, the cavities are installed in threaded holes of 50 mm diameter at the microphone
positions, see Fig. 2(a). This configuration allowed for different cavity geometries to be
tested [39]. The cavities considered in this paper are derived from a confidential design
and have a conical shape with their walls made of sound-absorbing melamine foam.

2.4 Sound source

A single Visaton K 50 SQ speaker [45] was employed as a reference known sound signal. It was
placed 800 mm away from the array plane in the z direction and 650 mm downstream from the
nozzle outlet (i.e. at x = −150 mm) and aligned with the jet axis (i.e. y = 0 mm), see Fig. 2a.
This corresponds to an observing angle from the array center (x= y= 0) of approximately 10.8◦.
This position is outside the flow to avoid unwanted additional noise sources due to shear layer
impingement. The speaker has a baffle diameter of 45 mm, an effective piston area of 12.5 cm2,
and a maximum power of 3 W. Its recommended frequency response range is between 250 Hz
and 10 kHz.

The speaker was employed to emit a broadband noise signal at three different overall sound
pressure levels (Lp,overall) to obtain different SNR scenarios. The average Lp,overall values for the
frequency range of interest (1 kHz to 10 kHz) measured by all 16 microphones (without flow)
for both arrays configurations and three speaker settings (Low, Mid, and High) are gathered
in Table 1. The Lp,overall for the Mid and High speaker settings are approximately 20 dB and
28 dB higher, respectively, than for the Low case. The discrepancies between the values mea-
sured by each array configuration (about 6.6 dB) are assumed to be due to the different sound
reflection characteristics in each setup: hard wall in the flush-mounted array and a cone made of
sound-absorbing melamine foam for the cavity array [39]. Henceforth, the respective frequency
spectrum measured in each case (array configuration and speaker setting) is used as a ground
truth reference with respect to the test cases with flow.

The measured one-third-octave band spectra averaged for all 16 microphones of each speaker
Lp,overall setting (without flow), are depicted in Figs. 3(a) and 3(b) for the flush-mounted and
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Table 1: Overall average sound pressure level Lp,overall for the frequency range of interest (1 kHz
to 10 kHz) values measured by each microphone array configuration for the speaker
settings.

Low Mid High
Flush-mounted array 67.1 dB 86.8 dB 94.9 dB
Cavity array 60.5 dB 80.2 dB 88.1 dB
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Figure 3: Average one-third-octave band frequency spectra of the speaker (without flow) as
well as the TBL noise spectra (with speaker off) for both flow velocities and for the
(a) flush-mounted array and (b) cavity array. Signal-to-noise ratio (SNR) of the three
speaker signals for both flow velocities and the (c) flush-mounted array and (d) cavity
array.
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cavity array, respectively. As aforementioned, the cavity array measures lower Lp values than
its flush-mounted counterpart, with differences up to about -9.3 dB for the 10 kHz band. In the
same subfigures, the TBL average noise spectra for both flow velocities (with the speaker off),
is presented as measured by both array configurations. The cavity array effectively reduces the
measured TBL noise up to 42 dB for the higher frequency bands compared to the flush-mounted
baseline. The reductions of the overall sound pressure level (Lp,overall) of the TBL noise for the
whole frequency range considered (1 kHz to 10 kHz) are 28.5 dB and 23.3 dB for U∞ = 20 m/s
and 34 m/s, respectively.

The respective SNR values (defined as Lp,speaker −Lp,TBL) in each case are presented in Figs.
3(c) and 3(d). Overall, the SNR varied considerably for different frequencies, flow velocities,
and microphone array configurations, ranging from a minimum of about -57.6 dB, for the flush-
mounted array at 1 kHz, speaker setting Low, and 34 m/s, to about 54 dB for the cavity array
at 10 kHz, speaker setting High, and 20 m/s. Overall, the cavity array provides SNR increases
between 20 dB and 35 dB with respect to the flush-mounted baseline for different frequency
bands, see Figs. 3(c) and 3(d).

3 ACOUSTIC IMAGING METHOD

For the current study, conventional frequency domain beamforming (CFDBF) [46] was em-
ployed. CFDBF is a method based on the phase differences between the signals recorded by
each microphone of the array. This method considers a discretized scan grid of potential sound
sources and performs an exhaustive search. That is, for each grid point, the agreement between
the expected solution for a potential sound source at that location and the actual signals recorded
by the array microphones is assessed. In essence, this process is a directional scanning and the
outcome is maximum when a focal position coincides with the location of the actual sound
source and smaller elsewhere [46]. This method is widely used since it is robust, intuitive, and
relatively computationally inexpensive. However, CFDBF is influenced by the array’s point
spread function (PSF), i.e. the array’s response to a unitary point source, which is limited by
the Rayleigh resolution limit, i.e. the minimum distance at which two sound sources can be
distinguished, and is subject to high sidelobe levels (spurious sources), especially at high fre-
quencies. To quantify the emissions of a sound source, integration methods, such as the Source
Power Integration (SPI) technique and its variants [47], can be employed over the region of
integration (ROI) under analysis to reduce the influence of the array’s PSF.

For the subsequent analysis, the frequency spectra of the sound emitted by the speaker were
calculated by integrating the acoustic source maps within a 200 mm × 200 mm ROI centered
at the speaker, i.e. (x,y) = (-150 mm, 0 mm), see Figs. 5 and 6 as an example.

Some of the shortcomings due to the CFDBF limitations and the challenging test conditions
present in closed-section wind tunnels can be (partially) mitigated using postprocessing tech-
niques [9, 48–51]. The use of advanced acoustic imaging techniques is out of the scope of this
manuscript, but the interested reader is referred to [33] for a more extended analysis. Overall,
since most advanced acoustic imaging methods are based on the CFDBF source maps, it is
expected that an improvement in these will also lead to enhanced advanced results.

To minimize the effect of the TBL noise in the recordings made by the microphone array, the
main diagonal of the CSM can be removed to eliminate the part of the noise incoherent between
microphones. Caution has to be taken to prevent non-physical solutions [9]. An alternative
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approach to diagonal removal (DR) is to simply subtract the CSM of the background noise of
the wind tunnel (without the speaker on, or the test model installed, in general) from the CSM
of the measurement case of interest. The effect of such CSM subtraction is presented in the
acoustic source maps Fig. 4(b), where it can be compared to the standard case without DR
(Fig. 4(a)), the case with DR (Fig. 4(c)), and the case without flow (Fig. 4(d)) considered as
ground truth here. Overall, DR seemed to be the most effective approach in this study and is
employed in all the results henceforth.
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Figure 4: CFDBF acoustic source maps obtained for cavity array for the speaker emitting the
Low Lp value and a one-third-octave frequency band centered at 2000 Hz (He≈ 2.04,
SNR ≈ −14.5 dB). (a-c) U∞ = 34 m/s, (d) U∞ = 0 m/s. The dashed green squares
denote the ROI and the green circle denotes the speaker baffle.

4 RESULTS AND DISCUSSION

4.1 Acoustic source maps

To illustrate the influence of the number of microphones Nmic employed in the post-processing
analysis, two sets of exemplary CFDBF acoustic source maps are included in Fig. 5 and Fig. 6
for both array configurations. For both cases, the Nmic value considered is sequentially de-
creased starting from the total of 16 in steps of four, i.e. 12, 8, and 4 microphones. All acoustic
source maps have a colour range of 12 dB.

The first example (Fig. 5) corresponds to the speaker emitting the Mid Lp value, a flow ve-
locity of 34 m/s and a one-third-octave frequency band centered at 1600 Hz. These conditions
provide a SNR value of approximately -23.3 dB and 0.4 dB for the flush-mounted array and the
cavity array, respectively. For the flush-mounted array case, (Fig. 5(a-d)) the acoustic source
localization capabilities steadily deteriorate with the decreasing Nmic, to a point around 8 mi-
crophones (Fig. 5(c)) beyond which the speaker can barely be recognized. For the case with
four microphones (Fig. 5(d)) the peak Lp values in the source map are also around 2 dB higher
than for the rest of the cases, indicating some TBL noise contamination. Interestingly, for the
cavity array (Fig. 5(e-h)) the localization performance remains somewhat constant with the de-
creasing Nmic. In fact, it seems that the beamwidth (associated with the array spatial resolution)
gets narrower as the Nmic decreases. Looking at the order in which microphones are virtually
removed from the analysis (Fig. 2(b)), the last microphones standing are the ones on the outer
perimeter of the array, traditionally attributed for defining the array spatial resolution [52]. On
the other hand, for the case with only four microphones (Fig. 5(h)) the dynamic range worsens
and sidelobes start appearing on the outer edges of the scan grid considered.
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Figure 5: CFDBF acoustic source maps (with DR) obtained for the speaker emitting the Mid Lp
value, with U∞ = 34 m/s and a one-third-octave frequency band centered at 1600 Hz
(He ≈ 1.63). (a-d): flush-mounted array (SNR ≈−27.1 dB), (e-h): cavity array (SNR
≈ 5.4 dB). The dashed blue squares denote the ROI and the green circle denotes the
speaker baffle.

Similar trends are observed when assessing the second example (Fig. 6) corresponding to the
speaker emitting the Low Lp value, a flow velocity of 34 m/s and a one-third-octave frequency
band centered at 5000 Hz. These conditions provide SNR values of approximately -27.1 dB and
5.4 dB for the flush-mounted array and the cavity array, respectively. The even lower SNR value
for the flush-mounted array (Fig. 6(a-d)) further hinders the sound source localization, which
even offers poor performance when the whole array is considered (Fig. 6(a)). Due to the higher
frequency considered in this case, the source maps cavity array (Fig. 6(e-h)) present higher
sidelobes early on, and even grating lobes for the case with only four microphones (Fig. 6(h)).
The increasing presence of sidelobes can be counteracted by using deconvolution methods, such
as CLEAN-SC [53, 54]. Such an approach is out of the scope of this study, a more detailed
analysis of the sound source visualization using advanced acoustic imaging methods and the
same dataset can be found in [33].

4.2 Influence of the Signal-to-Noise Ratio (SNR)

The SNR between the sound signal to be retrieved and the unwanted background noise level
in the wind tunnel (mainly TBL noise in the current case) is expected to be one of the main
parameters influencing the accuracy of the sound source quantification.

To evaluate the quantification performance of each configuration considered, the sound pres-
sure level error per one-third-octave band ∆Lp = Lp,measured −Lp,exact is employed. This metric
represents the difference between the measured Lp values by integrating the acoustic source

10



10th Berlin Beamforming Conference 2024 R. Merino-Martı́nez

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

53

55

57

59

61

63

L
p
, 

[d
B

]

(a) Nmic = 16

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

55

57

59

61

63

65

L
p
, 

[d
B

]

(b) Nmic = 12

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

57

59

61

63

65

67

L
p
, 

[d
B

]

(c) Nmic = 8

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

59

61

63

65

67

69

L
p
, 

[d
B

]

(d) Nmic = 4

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

47

49

51

53

55

57

L
p
, 

[d
B

]

(e) Nmic = 16

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

47

49

51

53

55

57

L
p
, 

[d
B

]

(f) Nmic = 12

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

47

49

51

53

55

57

L
p
, 

[d
B

]

(g) Nmic = 8

-0.5 0 0.5

x, [m]

-0.6

-0.4

-0.2

0

0.2

0.4

y
, 
[m

]

47

49

51

53

55

57

L
p
, 

[d
B

]

(h) Nmic = 4

Figure 6: CFDBF acoustic source maps (with DR) obtained for the speaker emitting the Low Lp
value, with U∞ = 34 m/s and a one-third-octave frequency band centered at 5000 Hz
(He ≈ 5.1). (a-d): flush-mounted array (SNR ≈−27.1 dB), (e-h): cavity array (SNR
≈ 5.4 dB). The dashed green squares denote the ROI and the green circle denotes the
speaker baffle.

maps (see section 3) and the reference ones measured for each array configuration without flow
(U∞ = 0 m/s) considered as exact. With this criterion ∆Lp > 0 corresponds to an overestimation,
and vice versa.

Figure 7 depicts the influence of the SNR in the quantification error ∆Lp for different one-
third-octave frequency bands when considering the full microphone array (i.e. 16 microphones).
For comparison purposes, the non-dimensional Helmholtz number He = f D/c is also reported
for each case, where f is the sound frequency, D is the array diameter (approximately 350 mm),
and c is the speed of sound (here taken as 343 m/s) [8]. The relatively large range of SNR
values (roughly from −60 dB to 60 dB) obtained in this experimental campaign thanks to the
two array configurations, two flow velocities, and three different speaker settings, provides a
total of twelve ∆Lp per frequency band considered.

It can be observed in Fig. 7 that for SNR values higher than −10 dB, the results for different
frequencies collapse relatively well showing ∆Lp values within ±1 dB, which is deemed as
acceptable. This seems to indicate that the quantification error is not very dependent on the
sound frequency, provided that the SNR is high enough, at least for 1 < He < 10. For SNR
values below −30 dB, the quantification errors quickly increase for decreasing SNR values, up
to more than 25 dB discrepancies for the 1 kHz case.
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Figure 7: (a) Influence of the SNR in the quantification error ∆Lp for different sound frequencies
when using the full microphone array (i.e. Nmic = 16). (b) Zoomed-in version for SNR
values larger than −30 dB.

4.3 Influence of the number of microphones within the array

Another important experimental design parameter, which is normally easier to modify in prac-
tice, is the number of microphones Nmic employed within the phased array. As previously shown
in section 4.1, Nmic also has a strong influence on the overall quality of the acoustic source maps
obtained, especially in terms of sound source localization accuracy and presence of sidelobes.

Figure 8 presents the ∆Lp throughout the frequency range considered for both array config-
urations and flow velocities evaluated for the speaker setting Low. The results for different
numbers of microphones employed from 16 (i.e. full array) to four in steps of two microphones
are depicted. In addition, the root-mean-square (RMS) values ε of the ∆Lp throughout the fre-
quency range considered (1 kHz to 10 kHz) are also estimated, henceforth, to provide a single
quantification metric per case.

In general, the quantification error ∆Lp increases for lower frequencies and increasing flow
velocities, which corresponds to lower SNR values, see Figs. 3(c) and (d). Moreover, in most
cases, removing microphones from the microphone array also leads to higher quantification er-
rors. One exception to this trend is the lower-frequency (1000 Hz and 1250 Hz) results obtained
by the cavity array (see Fig. 8(b) and (d)), which are considerably worse when more micro-
phones are employed. In fact, for the case with U∞ = 34 m/s (see Fig. 8(d)), the cases with
10 microphones or less even fail to provide valid results due to the aforementioned non-physical
results that DR can cause in some situations. Using a lower Nmic value or CSM subtraction in-
stead of DR prevents this issue.

The RMS values of the quantification errors ε for the different number of microphones are
presented in a condensed manner in Fig. 9 for the two array configurations, two flow veloci-
ties, and three speaker :p settings. As expected, the cases with lower SNRs (see Fig. 3) present
considerably higher ε values. For this analysis, the cases with only two and three microphones
were also evaluated for completeness, despite offering very limited acoustic imaging capabili-
ties. In general, increasing Nmic monotonically decreases the RMS of the quantification error,
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Figure 8: Quantification errors ∆Lp per one-third-octave bands for the speaker emitting the Low
Lp setting and for different Nmic values. The top row (a,b) corresponds to U∞ = 20 m/s
and the bottom row (c,d) to U∞ = 34 m/s. The left column (a,c) corresponds to the
flush-mounted array whereas the right one (b,d) refers to the cavity array.

apart from the exceptions mentioned in Fig. 8(b) and (d), in which increasing Nmic worsens the
results in some situations.

Comparing cases with different SNR values (i.e. different curves in Fig. 9) it seems that for
cases with lower SNR values present consistently higher ε values, as expected. In addition, the
slope of the curves with respect to Nmic seems to increase as well with decreasing SNR, i.e. for
cases with low SNR, having additional microphones becomes more crucial. On the other hand,
for cases with sufficiently high SNR values, such as the cases with the speaker setting High, all
the results seem to asymptotically converge to a single curve.
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Figure 9: Root-mean-square quantification errors for varying Nmic and flow velocities and
speaker settings for (a) flush-mounted array and (b) cavity array. Note the loga-
rithmic scale on the horizontal axis.

4.4 Scaling law for quantification error

Based on the available data from this study and the observations made above regarding the
influence of SNR and Nmic, a general scaling law for the RMS quantification error is proposed,
based on those two parameters. It was reported that ε closely follows a logarithmic trend with
the inverse of Nmic, see Eq. (1):

ε(Nmic,SNR) = k(SNR) log
(

1
Nmic

)
+C(SNR), (1)

where k and C are two variables that depend on the mean SNR of the sound source under
study, calculated as the linear average within the frequency range of interest (here denoted as
SNR). Using least-squares regressions, it was found that the two variables have the following
expressions depending on the value of SNR (expressed in dB):

k(SNR) =

{
0.0011 SNR2 −0.0192 SNR+1, for SNR < 0
1, for SNR ≥ 0,

(2)

and

C(SNR) =

{
0.0058 SNR2 −0.0818 SNR+3, for SNR < 0
3, for SNR ≥ 0.

(3)

The experimental values found for k and C are presented in Fig. 10(a), as well as the proposed
expressions in Eqs. (2) and (3), denoted as dashed lines. Following Eqs. (1) to (3), the estimated
values of ε for a wide Nmic range and three SNR values representative from typical aeroacoustic
wind-tunnel experiments are depicted in Fig. 10(b).
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Figure 10: (a) Reported values for the variables k and C for different SNR values. The dashed
lines represent the proposed expressions in Eqs. (2) and (3). (b) Estimated values of
ε for different values of Nmic and SNR, following Eq. (1).

Despite the good agreement of the proposed scaling law for the quantification error with the
experimental data in this study, it should be noted that this law has been developed using a lim-
ited number of microphones and a relatively small frequency range (1 < He < 10). Therefore,
this expression is simply provided as a preliminary guideline for the design of aeroacoustic
experiments in environments with low SNR.

5 CONCLUSIONS

The current paper investigates the influence that the number of microphones within a phased
array and the acoustic environment (represented here as the SNR) have on the accuracy of sound
source quantification in aeroacoustic wind-tunnel experiments.

A 16-microphone array in two different configurations and in different flow velocities (i.e.
SNR conditions) and was employed with a speaker acting as a known reference sound source to
assess the quantification errors in each case. For the frequency range investigated (Helmholtz
numbers based on the array diameter between 1 and 10), no clear influence was found between
the quantification error and the sound frequency. The SNR and the number of microphones, on
the other hand, were reported to strongly influence the accuracy of the results obtained, also in
terms of the quality of the acoustic source maps.

Lastly, a scaling law is proposed to estimate the quantification error for different scenarios
based on the number of microphones within a phased array and the expected SNR of the sound
source of interest. Therefore, the experimental setup can be adapted accordingly to obtain the
required level of accuracy.
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