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a b s t r a c t

Aeroacoustic measurements performed by flush-mounted microphone arrays on the walls of closed-
section wind tunnels are contaminated by the hydrodynamic pressure fluctuations of the wall’s boundary
layer. This study evaluates three different microphone cavity geometries for mitigating this issue. Their
improvement to the signal-to-noise ratio (SNR) and the accuracy of their acoustic imaging results are
compared to a flush-mounted microphone array. The four geometries include: (1) an array of flush-
mounted microphones as the baseline, (2) a cylindrical hard-plastic cavity with a countersink, (3) a con-
ical cavity made of melamine acoustic absorbing foam, and (4) a conical cavity with star-shaped protru-
sions, also made of melamine. The three arrays with cavities were covered with a steel-wire cloth to
reduce the boundary layer fluctuations at the microphone while the baseline array was uncovered.
Two sound sources were tested in an aeroacoustic wind tunnel for assessing the performance of the dif-
ferent cavities: a speaker placed outside the flow and a distributed sound source generated by a flat plate
inside of the flow. When using conventional frequency domain beamforming, both cavities made of mel-
amine offer up to a 30 dB increase in SNR with respect to the flush-mounted case, followed by the hard-
walled cavity with up to a 20 dB increase. This is a 20 dB improvement when compared to the single
microphone cases. The melamine cavities also provide cleaner acoustic source maps and accurate spectral
estimations for a wider frequency range. The effect of cavity placement and geometry on the coherence,
which affects the beamforming analysis of the acoustic signal was negligible for all cases. Distributed
sound source measurements using the three arrays agreed with predictions using the Brooks, Pope,
and Marcolini (BPM) model, showing that the cavities could detect vortex shedding that was unde-
tectable by the flush array.

� 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

Aeroacoustic experiments in wind tunnels are often performed
in open-jet facilities as they allow for placing the microphones out-
side of the flow [1]. However, the aerodynamic conditions in open-
jet wind tunnels [2] are less well-controlled than in closed-section
wind tunnels and require corrections to account for the acoustic
signal refracting as it passes through the shear layer. Acoustic mea-
surements in closed-section wind tunnels, on the other hand, are
affected by several sources of noise inherent to wind tunnels [3],
including the ones from the turbulent boundary layer (TBL) along
the tunnel’s walls, the tunnel’s machinery, and reflections that
propagate within the tunnel’s closed test section. For this applica-
tion, microphones are typically mounted flush and, consequently,
the measurements are contaminated with TBL noise. The present
article focuses on the effect cavities, which minimize the influence
of the TBL hydrodynamic noise (pressure fluctuations), have on
single microphone acoustic measurements and acoustic imaging
measurements using a microphone array.

The signal-to-noise ratio (SNR) of the microphone array when
measuring the far-field emissions of an acoustic source can be
increased by attenuating the level of TBL noise at the microphone.
This can be achieved in two ways. First, employing acoustic beam-
forming and applying techniques that average out the incoherent
noise, which includes TBL noise [4]. These techniques include
removing the main diagonal of the cross-spectral matrix (CSM)
or advanced imaging methods, such as CLEAN-SC [5] and others
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Nomenclature

Nomenclature
a Cavity radius
c Speed of sound
Cxy Coherence between signals x and y
f Sound frequency
H Boundary layer shape factor
He Helmholtz number
Lp Sound pressure level
Pxx Auto spectral density of signal x
Pxy Cross-spectral density of signals x and y
St Strouhal number
U1 Free stream velocity
x; y; z Cartesian coordinates
Df Frequency resolution
DLp Difference in sound pressure level
d99 Boundary layer thickness

d� Boundary layer displacement thickness
H Boundary layer momentum thickness
x Angular frequency

Abbreviations
BPM Brooks, Pope, and Marcolini
CFDBF Conventional Frequency Domain Beamforming
CSM Cross-spectral matrix
HWA Hot-wire anemometry
NI National Instruments
ROI Region of integration
SNR Signal-to-noise ratio
SPI Sound Power Integration
TBL Turbulent boundary layer
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[6,7]. Secondly, recessing the microphones behind an acoustically
transparent covering [8] and within cavities [9,10] further reduces
the measured TBL noise. The latter approach normally uses a fine
stainless steel cloth or a Kevlar sheet [8,11,12], which reduces
the intensity of the boundary layer’s hydrodynamic pressure fluc-
tuations that enter the cavity but allows for the propagation of
acoustic waves. The geometry of the cavity itself also has a signif-
icant effect on the amount of attenuation. Previous literature
focused on studying the influence that different cavity geometric
parameters, such as depth [13] and countersink [9], had on the
reduction of TBL noise for a single microphone. However, there is
a lack of research in quantifying the effects that different cavities
have on microphone array measurements, in terms of TBL noise
attenuation and accuracy of the acoustic imaging results. This arti-
cle aims to quantify the impact different cavities have on aeroa-
coustic measurements by comparing three microphone arrays
equipped with different cavity geometries with respect to a
flush-mounted baseline array, all of which using the same micro-
phone distribution. Both SNR (microphone level) and acoustic
imaging performance are assessed.

The cavity shape and wall material have a significant influence
on its performance with respect to TBL noise attenuation [9,10].
The relevant geometric parameters include: cavity depth, cavity
aperture area, aperture area reduction with respect to depth, wall
material (acoustic absorbing or not), and the presence of an acous-
tically transparent material (in this case a stainless steel wire
cloth) over the top of the cavity. In general, increasing the depth,
and reducing the aperture area with cavity depth (i.e. conical
shape) all attenuate the measured TBL noise [9,10].

In general, for flow over a cavity, the wave numbers associated
with TBL noise aremuchhigher than the typical acousticwave num-
bers of interest. This is due to the speed of sound being considerably
greater than the TBL convective velocity. Therefore, considering the
excitation of acoustic modes by the TBL, the dispersion relation for
acoustic waves only permits imaginary wave numbers in the direc-
tion perpendicular to the wall (i.e. into the cavity), which means an
exponential decay. For cavitieswith circular apertures, the TBL exci-
tation is decomposed in duct modes. If the hydrodynamic wave-
length is short compared to the aperture area, modes with
imaginary axial wave numbers (cut-off modes) prevail. Specifically,
the acoustic wave number is imaginary (cut-off) when a mode’s
radial wavenumber is larger than the Helmholtz number, He ¼ xa

c ,
where x is the angular frequency, c is the speed of sound, and a is
2

the cavity radius [14]. For Helmholtz numbers less that 1.84, all
modes are cut-off, except for the plane ductmode. If thewavelength
is long with respect to the aperture radius (low frequency, small
aperture, high convection speed) then mainly the plane duct mode
is excited. In that case, there is not much TBL noise attenuation.
For the cavities considered in this article, the radii are on the order
of 10 mm, and the frequency range of interest is in between
250 Hz and 10 kHz, therefore, only the plane wave is cut-on. Other
acoustic modes decay exponentially with increasing cavity depth.
When the radius of the cavity is no longer constantwith depth, such
as for a countersink, further attenuationoccurs. This is due to the fact
that the change in area results in a transmission loss for the propa-
gating wave [10] due to the change in acoustic impedance.

Cavity walls made of sound absorbing materials, such as mela-
mine, reduce the intensity of reflections and standing wave ampli-
tudes within the cavity. This results in a further reduction in the
TBL noise at the microphone compared to hard walled cavities.
Finally, covering the cavity with an acoustically transparent mate-
rial, such as a fine stainless steel wire cloth or a Kevlar sheet [8,11],
reduces the transmission of the TBL’s hydrodynamic fluctuations
into the cavity. The latter results in as much as a 10 dB additional
reduction in TBL noise at the microphones. The cavities in this
study have both hard and soft walls, a stainless steel cloth cover-
ing, and different depths and aperture areas.

In addition to the spectra measured by the individual micro-
phones, conventional frequency domain beamforming (CFDBF)
[15] is employed to locate and quantify the sound pressure level
(Lp) of the sound sources. Since TBL noise is generally incoherent
from microphone to microphone [16], beamforming itself also
improves the SNR of the measurements by reducing the effects
of this noise source. It should be noted that, whereas the use of
some advanced acoustic imaging algorithms [5–7,17] can further
reduce the effect of TBL and background noise, most of them rely
on the results of CFDBF. Thus, this article only considers CFDBF
results, since improving these is consequently expected to also
improve the results of advanced methods. Additionally, the effect
of applying coherence weighting [18] to the microphone signals
was briefly investigated.

The measurements were performed in the anechoic open-jet
wind tunnel of Delft University of Technology (A-Tunnel) [19]
where a microphone array was used to measure a speaker emitting
white noise located outside of the airflow and the trailing edge
noise of a flat plate.
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The objective of this article is to quantify the SNR improvement
due to different cavity geometries for different flow speeds. The
acoustic measurements are evaluated in terms of the integrated
Lp and SNR when applying CFDBF with diagonal removal. Addition-
ally, the coherence levels between cavities are evaluated for the
speaker measurements to quantify the effect different cavity
designs, especially due to the presence of a stainless steel cloth,
have on the coherence of the acoustic signal.

This article is organized in the following manner: Experimental
set-up which discusses the test facility, array design, and measure-
ments; Experimental results which discusses the boundary layer
measurements, the acoustic measurements of the speaker, the
influence of the TBL on the acoustic measurements for single
microphones and the array, the results of the distributed sound
source measurements, and the resulting effect of cavity geometry
on signal coherence; and finally the Conclusions.
2. Experimental set-up

2.1. Wind tunnel facility

The test section of the A-Tunnel is located within an anechoic
chamber that measures 6.4 m (length) � 6.4 m (width) � 3.2 m
(height). The chamber is covered with acoustic absorbing foam
wedges, which provides free-field sound propagation properties
for frequencies higher than 200 Hz [20,19], thus reducing
unwanted reflections from walls, floor, and ceiling. An open-jet
geometry configuration was employed for this study, with one of
the (rectangular) nozzle edges extended with a plate in which
the microphones were mounted. With this geometry the sound
perceived by the microphones is dominated by the TBL noise over
the array, as would be the case in a closed-section wind tunnel.
This set-up also allows for a speaker to be placed outside of the
flow, avoiding the interaction of the flow with the speaker and
its support hardware. The rectangular nozzle employed has an exit
Fig. 1. Experimental set-up at the A-Tunnel. (a) Array mounted on nozzle. (b) Array mic
seen from in front.

3

area of 0.7 m � 0.4 m, see Fig. 1a, and provides a maximum flow
velocity, U1, of 34 ms�1. For this experiment flow velocities of 20
and 34 ms�1 are considered.

2.2. Microphone array

The acoustic array consists of 16 microphones with two addi-
tional flush-mounted reference microphones. These 16 micro-
phones are placed in a sunflower pattern [21] with an array
diameter of approximately 350 mm as seen in Fig. 1b. The layout
was optimized [22] to minimize sidelobes and, thus, maximize
the dynamic range between the frequencies of 2 kHz and 4 kHz.
This design was predicted to have a maximum dynamic range of
9.6 dB based on a simulated monopole source [22]. Having only
16 microphones with this array diameter, limits the dynamic range
and beamwidth compared to typical acoustic arrays that feature
more microphones spread out over a larger area. The usable fre-
quency range of this array is 1075 Hz to 9187 Hz. Usability for
the lower frequency limit is defined as the main lobe width
(3 dB below its peak value) for a point sound source placed in
the direction normal to the array’s center fitting within a 45� wide
beamwith respect to the same direction. The usability of the upper
frequency limit is defined as the sidelobes being 8 dB below the
peak Lp of the main lobe. This array configuration was chosen to
limit the complexity and allow for the experiment to be carried
out for different cavity geometries.

G.R.A.S. 40PH analog free-field microphones [23] were used in
the array which feature an integrated constant current power
amplifier and a 135 dB dynamic range. Each microphone has a
diameter of 7 mm and a length of 59.1 mm. All the microphones
were calibrated individually using a G.R.A.S. 42AA pistonphone
[24] following the guidelines of Mueller [3]. The transducers 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 4 National Instruments (NI) PXIe-4499 sound and
rophone distribution with hot-wire anemometry (HWA) measurement locations as
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vibration modules with 24 bits resolution. The boards are con-
trolled by a NI RMC-8354 computer via a NI PXIe-8370 board.

The array cavities were installed in a 1.1 m � 0.4 m poly-
carbonate plate, see Fig. 1a. Two different plates were manufac-
tured: one with 7 mm diameter holes for the flush-mounted
microphones (array 1) and a second one (arrays 2–4) that is cov-
ered with a 500 thread per square inch (#500) stainless steel cloth
with a thread diameter of 0.025 mm. Arrays 2–4 are the arrays for
each cavity type, as defined in the Cavity design section. The second
plate features 16 threaded holes of 50 mm diameter at the micro-
phone positions, which allowed for different cavity inserts to be
installed for each array. The center of the microphone distribution
(x ¼ y ¼ z ¼ 0 m) is located 800 mm downstream of the nozzle exit
plane in order to allow for the boundary layer along the plate to
become fully turbulent. The flush-mounted reference microphones
were mounted along the array center line (y ¼ 0 m) with one at
x ¼ 0 m and the other was located upstream at x ¼ �0:4 m, as seen
in Fig. 1b.

2.3. Cavity design

Three cavity geometries were designed to compare against the
baseline flush-mounted microphone array, array 1. These cavities
are subsequently referred to as arrays 2, 3, and 4. The cavities in
array 2 are made of a poly-carbonate material and, therefore, fea-
ture hard walls. It features a 45� countersink at the top and has a
diameter of 10 mm and a depth of 10 mm. The schematic of this
cavity can be seen in Fig. 2. This geometry was chosen based on
it being the most effective shape for attenuating TBL noise in a pre-
vious experiment [10]. The cavity for array 3 features soft walls
made of melamine foam. It has a conical shape and features 10
evenly distributed ridges. The ridges were included to study
whether this cavity’s performance would be different than a per-
fectly conical cavity. These ridges were thought to better attenuate
azimuthal modes [25]. Array 4 features cavities made of melamine
foam with the same conical geometry as cavity 3 but without the
ridges. The cavities of arrays 3 and 4 were installed in a threaded
poly-carbonate insert with the same outer mold line as those from
array 2. The cavities for arrays 3 and 4 are derived from a confiden-
tial design. The cavities of arrays 2, 3, and 4 were covered with the
aforementioned stainless steel cloth.

2.4. Hot-wire anemometry (HWA)

Hot-Wire Anemometry (HWA) data were measured at 6 loca-
tions and for flow speeds of 20 and 34 ms�1. This was done to ver-
ify that the untripped boundary layer was turbulent and attached,
Fig. 2. Example shape and dimensions of the hard walled cavity used in array 2 for
this experiment. All three cavity types were mounted in similar holders, indicated
by the cross–hatched area.
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especially near the upper edges of the plate. These 6 locations
include three points along the top of the plate, two points along
the center line, and one point just over a cavity, see Fig. 1b. The
coordinates of these points are contained in Table 1 using the coor-
dinate system defined in Fig. 1a. A calibrated Dantec 1-channel hot-
wire probe was used. The sampling frequency was 50 kHz and each
point was measured for 10s. These measurements were performed
for both the baseline flush-mounted array which was made of
smooth poly-carbonate and for the other arrays which were cov-
ered by a stainless steel cloth to determine whether this cloth
affected the boundary layer.

2.5. Acoustic measurements

A single Visaton K 50 SQ speaker [26] was mounted at a dis-
tance 800 mm normal to the array. This position is outside of the
flow to avoid additional noise sources due to shear layer impinge-
ment. It was located 650 mm downstream from the nozzle outlet
(at x = -150 mm), and aligned with the axis of the jet, as seen in
Fig. 1a. The speaker has a baffle diameter of 45mm and an effective
piston area of 12.5 cm2. The frequency response ranges between
250 Hz and 10 kHz and a maximum power of 3 W. The speaker
was used to emit white noise with an overall sound pressure level
(Lp;overall), measured at the array center (without flow), of 64 dB.

The sampling frequency of the acoustic recordings was
51.2 kHz. The signal was sampled for a duration of 45 s. CFDBF
was applied to the acoustic data with diagonal removal. The CSM
is calculated using 4096 samples with a 50% overlap using Han-
ning windowing. The scan grid is located 0.8 m away from the
array in the z direction, at the speaker plane, and centered at the
origin of the coordinate reference system shown in Fig. 1a. The
scan grid is 1 m � 1 m with a spacing between scan points of
Dx ¼ Dy = 0.01 m. The frequency spectra were obtained per micro-
phone and by integrating the source maps using the Sound Power
Integration (SPI) technique within a region of integration (ROI)
[16,27,28,7] covering the speaker’s position. The acoustic spectra,
shown in subsequent sections, are presented for the frequencies
between 250 Hz and 10 kHz because the beamforming array was
optimized for a maximum frequency of 10 kHz and due to the max-
imum frequency response of the speaker.

2.6. Distributed acoustic source

A distributed line source was generated at the trailing edge of a
flat plate mounted at z ¼ 0:35 m from the microphone array plane.
The flat plate was mounted along the jet axis and held by two sup-
port plates, as shown in Fig. 3. The plate was 0.4 m wide and 1.0 m
long and was mounted with a 0� angle of attack. The trailing edge
had a thickness of 1mm and was located at x ¼ 0:16 m down-
stream of the array center point. The flat plate was tripped at 5%
of the chord from the leading edge and the estimated boundary
layer displacement thickness at the trailing edge, d� is 0.0028 m,
from the expression, d� ¼ 0:048x

Re1=5
, where x is the streamwise position

and Re is the chord-based Reynolds number [29]. This plate was
chosen to provide a more representative test case [30] for aeroa-
coustic applications. However, the details with respect to the noise
generating mechanisms by this trailing edge are beyond the scope
of this article.

3. Experimental results

3.1. Boundary layer measurements

The boundary layer properties calculated from the HWA mea-
surements show that the boundary layer characteristics are



Table 1
Hot-Wire Anemometry measurement locations with boundary layer statistics for the U1 = 20 ms�1 and 34ms�1 cases for the stainless steel cloth covered array used for arrays 2,
3, and 4.

Point 1 Point 2 Point 3 Point 4 Point 5 Point 6

x, mm -158 -158 0 197 197 197
y, mm 40 0 0 0 -170 170

U1 , ms�1 20 34 20 34 20 34 20 34 20 34 20 34
d99, mm 29.4 33.4 27.7 33.5 33.0 35.4 31.8 32.4 44.5 41.3 39.2 34.9
d� , mm 4.21 4.25 3.74 4.34 4.94 5.19 4.49 4.60 3.59 4.08 4.42 3.78
H, mm 3.23 3.28 2.95 3.41 3.75 3.97 3.45 3.56 2.96 3.34 3.58 3.11
H 1.30 1.29 1.27 1.27 1.32 1.31 1.30 1.29 1.21 1.22 1.23 1.22

Fig. 3. Flat plate mounted used for distributed acoustic source with array 4
pictured.
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consistent at the several spanwise and streamwise positions on the
array. Table 1 lists the measurement locations as well as the
boundary layer thicknesses d99, displacement thicknesses d�,
momentum thicknesses H, and the shape factors H. The data
shown were measured for a free stream flow velocity of U1 = 20
ms�1 for the array covered with the stainless steel cloth. Measure-
ments were also taken for the U1 = 34 ms�1 case in order to verify
consistency in the boundary layer characteristics at different veloc-
ities. Additionally, measurements were taken for array 1 which has
a smooth surface to quantify the difference due to the surface
roughness. For the 20 ms�1 case with stainless steel cloth covering,
the boundary layer was turbulent as defined by the shape factor, H,
being between 1:2 and 1:4 for all cases indicating a turbulent flow
regime. The regions near the spanwise edges of the plate (points 4
and 6) show no significant changes from the flow near the plate
center line. The HWA measurements taken for 34 ms�1 are simi-
larly turbulent and consistent across the array. The values for the
smooth array 1 are not significantly different from those of the
array covered with the stainless steel cloth. For the stainless steel
covered array for the 34 ms�1 case, the TBL has a shape factor of
H ¼ 1:29 and boundary layer thickness of d99 ¼ 32:4 mm as mea-
sured at point 4. For the smooth baseline array 1, the characteris-
tics are: H ¼ 1:31 and d99 ¼ 36:4 mm. H has an estimated 95%
confidence interval of �0:1 and d99 has an estimated confidence
interval of �3:9 mm. This consistency between the different cases,
reduces the likelihood of any differences between arrays being
attributable to differences in the TBL that forms over the stainless
steel cloth covered arrays and the baseline case.
5

3.2. Turbulent boundary layer (TBL) noise attenuation

The baseline flush-mounted microphone array (array 1) pre-
sents the highest TBL noise levels. This is expected behavior as
the TBL pressure fluctuations were impinging directly on the
microphones. All three cavity geometries considered in this article
have a significant effect on the measured TBL noise. Fig. 4a shows
the one-third-octave band TBL spectra for the flush-mounted
microphone and each cavity for both flow velocities considered.
Fig. 4b depicts the relative reduction in TBL level with respect to
the values measured by array 1 (i.e. DLp ¼ Lpcavity � Lparray1 Þ in one-
third-octave bands for arrays 2, 3, and 4. These results represent
the average spectra measured by the 16 microphones in each array
(without applying beamforming) and were obtained without an
acoustic source being present, i.e. simply with the wind tunnel
operating at the velocities specified. For the case of 20 ms�1, array
2 provides a maximum reduction in TBL noise of 25 dB between
3 kHz and 4 kHz, whereas arrays 3 and 4 show an even better per-
formance, demonstrating a reduction of 40 dB between 2.5 kHz
and 6 kHz. The TBL attenuation increases with frequency due to
the increasing effectiveness of the cavity. For the higher flow veloc-
ity case of 34 ms�1, all the curves shift to higher frequencies and
provide slightly higher maximum reductions in TBL noise. Fig. 4c
contains the same values as Fig. 4b but with the frequency axis
expressed in terms of the Strouhal number, St ¼ f d�=U1, based
on the free stream velocity and a reference distance of the bound-
ary layer displacement thickness, d� as measured at the array cen-
ter, point 4 as seen in Fig. 1b. A very good agreement is observed
for the two sets of curves at different flow velocities, as expected,
except for array 2 for St P 0:4 indicating that the behavior in this
region may be dominated by acoustic behavior given its similarity
to the acoustic transmission function seen in Fig. 5b. This Strouhal
number corresponds to a frequency of 6 kHz, which will be dis-
cussed in the next section.

In order to increase the SNR of the acoustic measurements, the
cavities’ effect on the acoustic measurements with respect to the
free-field must be smaller than that of TBL. This relationship will
be discussed in the next subsection.
3.3. Acoustic measurements with the speaker without flow

Fig. 5a shows the one-third-octave band spectra obtained by
each array for the case with the speaker emitting white noise with
no flow. A microphone placed in the free-field was used to charac-
terize the signal. The free-field measurements were made by plac-
ing a free-field microphone on a tripod at the same location as
where the cavity closest to the array center would be. The spectra
for the array measurements shown here were obtained from
beamforming. However, similar results are obtained from averag-
ing the spectra from the array microphones, since the source is
almost in the centre of the array and no flow is present. For fre-
quencies higher than 2 kHz, array 2 presents higher Lp values than



Fig. 4. Relative increase in the attenuation of TBL spectral energy of the averages over 16 microphones for arrays 1, 2, 3 and 4 for U1 = 20 ms�1 and 34 ms�1. (a) Measured TBL
spectra, absolute frequencies, (b) Change in spectra with respect to array 1, absolute frequencies, (c) Change in spectra with respect to array 1, non-dimensional frequencies
(St).
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the baseline array 1 (flush-mounted microphones), whereas arrays
3 and 4 measure consistently lower Lp values. Fig. 5b shows the rel-
ative values of DLp ¼ Lp � Lp;Array1 of arrays 2–4 with respect to
array 1 as well as the free field microphone. The results for the
free-field microphone indicate the expected 6 dB increase for the
baseline array due to the doubling of the pressure at the interface
due to the reflection. As a general trend, the differences in Lp for the
6

arrays seem to increase for higher frequencies, achieving maxi-
mum DLp values of 11.2 dB for array 2 at 6.3 kHz and a minimum
of �9.3 dB for arrays 3 and 4 at 8 kHz. The sound amplification
observed from array 2, is most likely due to standing waves ampli-
fied by the hard walls in the cavity. This acoustic excitation was
also observed in a eigenfrequency analysis performed using the
COMSOL finite element package (not shown here). The sound



Fig. 5. (a) Comparison of the SPI one-third-octave band spectra emitted by the speaker by the four arrays with no flow (U1 ¼ 0 ms�1) and the measurements taken by a free
field microphone. (b) Relative DLp values with respect to array 1 for arrays 2–4 and with respect to a single flush microphone for the free-field case.
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reduction for the case of arrays 3 and 4 is due to the sound absorb-
ing material reducing these standing waves and the cavity shape
attenuating the acoustic signal.

It is evident that the cavities influence the measurement of the
signal of interest. To account for this, the measured DLp can be used
to correct acoustic array measurements. This was performed for
the speaker with flow and distributed noise sound measurements
discussed later in Sections 3.4 and 3.5. Given that the previous sec-
tion shows that the cavities reduce the TBL by 25 to 40 dB which is
more than their effect on the acoustic signal, the SNR is increased
with all cavities.

3.4. Acoustic measurements with the speaker with flow

3.4.1. Individual microphone
The combined effect of the cavities on the TBL noise and acous-

tic measurements is discussed in this section. Since the TBL is
attenuated more than the acoustic signal by the cavities, an
improvement of the SNR is expected. Fig. 6 shows the indepen-
dence of the acoustic signal from the hydrodynamic TBL noise. This
is evident from the close agreement of the measurements for the
simultaneous presence of the TBL with the acoustic source and
the summation of the independently measured TBL only and
Fig. 6. Comparison between the single microphone measurement for the case where the
independently measured TBL only and acoustic source only measurements. The summati
before transforming to the decibel scale). Array 3 is not shown to improve readability.
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source only cases. The summation is calculated as the sum of
acoustic powers (i.e. before transforming to the decibel scale).
With this assumption, we can calculate the SNR as
SNR ¼ Lp;signal � Lp;TBL with Lp;signal being the level of the acoustic sig-
nal measured without flow (Fig. 5a) and Lp;TBL being the TBL noise
measured without the speaker (Fig. 4a). The results are shown in
Fig. 7. From this figure we see a significant improvement in SNR
due to the cavities with a dependence on flow speed. The maxi-
mum SNR for the 20 ms�1 case is 25 dB and for the 34 ms�1 case
is a much lower 8 dB, which is expected since TBL noise scales with
velocity. Also shown in this figure is the gain in frequency range at
which the acoustic signal is measurable due to the cavities.
Although SNR is an important metric it is dependent on the signal
level (and also the background noise level). It is more important to
look at the transfer function for the acoustic and hydrodynamic
cases.

This is depicted in Fig. 8, where it is shown that the cavities
attenuate the hydrodynamic noise from the TBL more significantly
than their effect on the acoustic signal. Also in the low frequency
range the TBL fluctuations are found to be attenuated while there
is minimal effect on the acoustic signal. The transfer function for
the acoustic signal shows a different shape compared to that of
the TBL pressure fluctuations. This highlights the fact that the
TBL was present simultaneously with the acoustic source and the summation of the
on of independent measurements was calculated by adding the acoustic powers (i.e.



Fig. 7. SNR for a single microphone for each array for the 20 ms�1 and 34 ms�1 cases.

Fig. 8. Acoustic and hydrodynamic transfer functions for the individual cavities for the 20 ms�1 and 34 ms�1 cases.
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acoustic and hydrodynamic induced fluctuations measured by the
microphone within the cavity have different mechanisms. For fre-
quencies below 3 kHz, the hydrodynamic component of the TBL
noise is dominant as evident by its different behavior when com-
pared to the acoustic wave case. However, above 3 kHz, the TBL
measurements show a slightly similar behavior as for the acoustic
only case suggesting that the acoustic component of the TBL noise
may be dominant at the microphone position. This is especially
noticeable for the peak at 6 kHz for array 2. A similar conclusion
can be drawn from Fig. 4c where a collapsing curve with respect
to the Strouhal number indicates hydrodynamic behavior and
deviations suggest acoustic phenomena are present.

3.4.2. Microphone array
The increase in SNR due to the cavities, as discussed in the pre-

vious section, is further improved by the application of CFDBF to
the entire microphone array. Fig. 9 illustrates the source map plot
of each array for the case with U1 = 34 ms�1 for the 2 kHz one-
third-octave band. In this case the speaker is emitting sound and
flow is present over the array. The integrated frequency spectra
over a ROI, defined as square 0.2 m � 0.2 m box centered at the
speaker location, are obtained with the SPI method [16,27,28].
The acoustic array data were also processed by using EHR-
CLEAN-SC [31,5] and functional projection beamforming [32,33],
but no major differences were found in comparison with CFDBF.
The beamwidth and dynamic range were shown to be independent
of cavity geometry and correspond with predictions made during
the array design process [34].
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For arrays 1 and 2 (Fig. 9a and b), the source localization fails
due to the poor SNR at this frequency band. The Lp values of array
1 are also considerably higher than for the other arrays due to the
dominance of TBL noise. Arrays 3 and 4 (Fig. 9c and d) provide sim-
ilar source maps with the speaker clearly identified at its correct
location. Array 3 provides a slightly cleaner source map, with fewer
and lower sidelobes.

Fig. 10 depicts the source maps for the case with U1 = 34 ms�1

but now for the 4 kHz one-third-octave band. Once again, array 1
(Fig. 10a) is not able to properly localize the speaker due to the
poor SNR. The Lp values are again considerably higher than for
the rest of the arrays. This time, arrays 2–4 (Fig. 10b–d) offer very
similar source maps with the speaker clearly identified at its cor-
rect location and with similar sidelobe patterns.

To quantify the SNR increase due to the application of CFDBF, a
similar approach as in the previous section was taken. Now Lp;signal
is obtained from the integration of the source map for the source
only case and Lp;TBL is obtained from the integration of the source
map for the flow only case at the same source location. Fig. 11
highlights the improvement over the single microphone SNR. The
application of beamforming improves the SNR by a maximum of
20 dB and the usable frequency range increases significantly. This
figure also shows the frequency range in which we can reconstruct
the source level from the beamforming plot. For determining these
levels, the correction for the acoustic transfer function (Fig. 5b) was
applied.

Fig. 12 shows the impact beamforming coupled with different
cavity designs has on acoustic measurements for all arrays. This



Fig. 9. CFDBF source maps for the case with the speaker for the 2 kHz one-third-octave band and U1 = 34 ms�1 for (a) array 1, (b) array 2, (c) array 3, and (d) array 4. The ROI
is depicted as a dashed blue square. DLp correction applied.
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figure also indicates the minimum frequency threshold for being
able to reconstruct the correct source level. The signal of interest
is represented by the solid lines which are the one-third-octave
band spectra emitted by the speaker with no flow (U1 ¼ 0 ms�1).
The frequency threshold is defined as the one-third-octave band
where the difference between the case with flow and the case
without flow is less than 3 dB. These are denoted with a vertical
short and long dashed lines, for the cases with U1 ¼ 20 ms�1 and
34 ms�1, respectively. However, near these frequency thresholds,
localizing the sound source with beamforming is still challenging
due to the fact that the acoustic signal is within 3 dB of the TBL
noise. For array 1 (Fig. 12a), the sound levels emitted by the
speaker are lower than those of the TBL noise for the 34 ms�1 case
which means the baseline case cannot detect the signal of interest.
Array 2 is a clear improvement, detecting the signal after 1.25 kHz
for 20 ms�1, and after 2 kHz for the 34 ms�1 case. Arrays 3 and 4,
with the melamine walls, reconstruct the signal after 1 kHz and
1.6 kHz for the 20 and 34 ms�1 cases, respectively. For the low fre-
quencies it is not possible to retrieve the signal of interest for this
case due to the low signal levels with respect to the TBL noise
levels.

The three cavity geometries enable the source to be measured
at a lower frequency threshold, which directly corresponds to a
decrease in the measured TBL noise level. Since arrays 3 and 4
reduced the measured TBL noise levels the most, by 40 dB, they
9

are able to identify the source at a lower frequency than array 2.
This is despite the fact they slightly attenuate the acoustic signal
(Fig. 5). The microphone arrays and acoustic imaging techniques
allow for the extraction of accurate sound pressure levels even in
conditions where a single microphone would have negative SNR
values [35,7]. This ability is, nonetheless, limited to certain SNR
values depending on the array geometry and experimental condi-
tions, as well as the number of microphones and data acquisition
time [36]. In order to evaluate a more practical case, a distributed
acoustic source with higher levels at these low frequencies was
investigated in the next section.
3.5. Distributed acoustic source measurements

The source maps for the flat plate immersed in a flow with a
velocity of 34 ms�1 and the 4 kHz one-third-octave band are shown
in Fig. 13. The flat plate is denoted with cyan lines and the ROI is
depicted as a dashed blue rectangle. Similar to the test with the
speaker, array 1 is not able to correctly localize the distributed
noise source generated by the flat plate’s trailing edge due to the
insufficient SNR. Array 2 shows a distributed sound source along
the trailing edge, together with the horizontal reflections due to
the support side plates as well as their self noise. Arrays 3 and 4
perform similarly but their distributed source at the trailing edge



Fig. 10. CFDBF source maps for the case with the speaker for the 4 kHz one-third-octave band and U1 = 34 ms�1 for (a) array 1, (b) array 2, (c) array 3, and (d) array 4. The ROI
is depicted as a dashed blue square. DLp correction applied.

Fig. 11. SNR for each array when using CFDBF and for the single microphone baseline for the 20 ms�1 and 34 ms�1 cases.
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is relatively stronger compared to the sidelobes present in the rest
of the map.

The one-third-octave band spectra integrated within the ROI
covering the trailing edge of the flat plate (see dashed blue rectan-
gle in Fig. 13) are depicted in Fig. 14 for the four arrays and the two
flow velocities. The Lp values shown are referred to the baseline of
10
array 1 using the DLp correction shown in Fig. 5b. In addition, the
spectra were corrected in order to consider a normalized span of
1m given that the ROI is 0.3 m wide compared to the 0.4 m wide
plate. Additionally, the spectra were reduced by 6 dB to account
for the differences between the array and the free-field measure-
ments, see Fig. 5b. It can be observed that the spectra of arrays 2



Fig. 12. Comparison of the one-third-octave band spectra emitted by the speaker with the TBL noise spectra for U1 ¼ 20 ms�1 and U1 ¼ 34 ms�1 with and without the
speaker as measured by beamforming at the same source location: (a) array 1, (b) array 2, (c) array 3, and (d) array 4. Acoustic calibration from Fig. 5b is applied to all cases.
Vertical lines are the frequency for each velocity at which the sig.nal is detected.
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to 4 are in good agreement for the case with U1 ¼ 20 ms�1

(Fig. 14a) throughout the whole frequency range. For the case with
U1 ¼ 34 ms�1 (Fig. 14b), the spectrum measured by array 2 pre-
sents Lp values up to 7 dB higher than those by arrays 3 and 4,
especially at lower frequencies. This is most likely due to the lower
TBL noise attenuation by array 2, compared to arrays 3 and 4 (see
Fig. 12). Array 1, on the other hand, shows consistently higher val-
ues (up to 15 dB higher for some frequency bands) than the other
arrays. This is due to the poor SNR of this array, which does not
allow for the correct identification of the trailing-edge noise.

The distributed source acoustic measurements are compared
against the Brooks, Pope and Marcolini (BPM) semi-empirical
model [37]. The model predicts the turbulent boundary layer trail-
ing edge noise and vortex shedding noise contributions among
others. The total Lp predicted for the flat plate is in good agreement
with that measured by arrays 2–4, as seen in Fig. 14. These arrays
detected a spectral peak at 2 kHz for the 20 ms�1 case and at 4 kHz
for the 34 ms�1 case. These peaks agree with the BPM predictions
for the vortex shedding contribution. The baseline array, array 1,
was unable to identify any vortex shedding. However, these mea-
surements are limited by the high noise levels from the TBL.
3.6. Effect of cavity geometry on signal coherence

CFDBF is based on the phase delays of the arrival of an acoustic
wave at different microphones. Therefore losses of coherence
within the travel time of the sound waves are detrimental for the
beamforming results. This is why the effect of cavity geometry
on the coherence is important to quantify. The coherence of each
microphone signal with respect to that of the center microphone,
and with respect to all other microphone signals was calculated
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using Eq. 1 where Pxy is the cross-spectral density of a pair of sig-
nals x and y and Pxx and Pyy are the power spectral densities.
Cxy ¼
Pxy

�
�

�
�
2

PxxPyy
ð1Þ

The aim is to determine how the relative cavity locations, flow
conditions, and cavity geometry influence the coherence of the
acoustic signals and whether this affects the performance of acous-
tic imaging. Additionally, in order to determine whether further
improvements in beamforming can be achieved, coherence
weighting was investigated using the approach discussed in
Amaral et al. [18]. The reasoning for applying this method is that
due to the expected higher coherence of the optimal cavities, more
microphones are part of the beamforming process. The micro-
phone signals are multiplied by a weighting factor between 0
and 1 based on their relative coherence with the other micro-
phones. This approach (results not shown here) did not lower the
frequency threshold at which the signal could be detected. This
is due to the fact that at SNR values near zero, the incoherent noise
sources are at a similar level as the coherent sources. The resulting
coherence weighting of the microphones reduces the weighting for
all microphones and, thus, reduces the measured signal and noise
levels equally.

Fig. 15 depicts the coherence of all cavities compared against all
others sorted with respect to their relative distances in the stream-
wise, Dx, and spanwise, Dy, directions. These results are with flow,
U1 = 34 ms�1 and with the speaker for array 4 for the 4 kHz band.
This figure is representative of all arrays when the acoustic signal is
dominant. When the TBL is dominant, the coherence for all cavities
is low, as expected. This representative figure shows that coher-
ence across the array is consistent and that cavity geometry has



Fig. 13. CFDBF source maps for the test with the flat plate for the 4 kHz one-third-octave band and U1 ¼ 34 ms�1 for (a) array 1, (b) array 2, (c) array 3, and (d) array 4. The
flat plate is denoted with cyan lines and the ROI is depicted as a dashed blue rectangle. DLp correction applied.

Fig. 14. One-third-octave band spectra emitted by the trailing edge of the flat plate integrated within the ROI for the four arrays and for U1 ¼ 20 ms�1 and U1 ¼ 34 ms�1

compared with the BPM model. Lp;all is the total BPM prediction and Lp;VS is the predicted vortex shedding contribution. The Lp values are referred to the baseline of array 1
using the DLp correction shown in Fig. 5b.
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no detectable influence on the coherence. This behavior is similar
for all other arrays. Looking more closely at two representative
cases, Fig. 16 shows the coherence for array 1, Fig. 16a, and array
4, Fig. 16b, with respect to frequency for three different micro-
phone pairs for the case with the speaker and U1 ¼ 34 ms�1.
12
Fig. 16c and d are the cases for arrays 1 and 4 respectively with
the speaker only and no flow. The selected pairs are the two closest
cavities (Dx = -0.05 m, Dy = 0.06 m), the largest streamwise dis-
tance (Dx = -0.36 m, Dy = 0.08 m), and the largest spanwise dis-
tance (Dx = 0.05 m, Dy = -0.33 m). At 100 Hz, flow noise is



Fig. 15. Comparison of the coherence between all cavity locations with respect to
all others, sorted by relative distance in the stream-wise and span-wise directions.
Coherence is calculated for the case with the speaker and flow, U1 ¼ 34 ms�1 for
array 4 at 4 kHz.
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dominant and coherence is dependent on the boundary layer
coherence lengths for both arrays. For array 4, the coherence values
increase only once the TBL noise is 6 dB beneath the acoustic
source’s signal which occurs for frequencies higher than 2 kHz.
Array 1 does not meet this threshold resulting in low coherence,
irrespective of frequency. For comparison, the cases with only
the speaker, Fig. 16c and d, show coherence values close to 1 for
frequencies above 1 kHz. The conclusions drawn from this analysis
are as follows:

� The resulting normalized coherence between microphones
approaches 1 and is relatively consistent with respect to dis-
tance in the streamwise direction for arrays 2, 3, and 4.

� Due to potential three-dimensional flow effects present at the
edges of the plate, the cavities near the edge, Dyj j > 0.3 m have
a reduced coherence value of 0.5.
Fig. 16. Coherence plotted with respect to narrow band (Df = 25Hź) frequencies for c
following cases: (a) array 1, with the speaker and flow, U1 ¼ 34 ms�1; (b) array 4, with
speaker only.
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� The coherence calculations for the cases with the acoustic
source and without flow show that irrespective of distance, all
cavities have a coherence of almost 1.

� Arrays 3 and 4 have higher coherence compared to array 2,
which was higher than array 1, for the case with a speaker
and flow.

� The trends with respect to relative distance are independent of
the type of cavity employed.

3.6.1. Effect of stainless steel cloth covering
The stainless steel cloth that covers the cavities in arrays 2, 3,

and 4 improves the SNR by reducing the influence of the TBL
hydrodynamic fluctuations as shown previously in Fig. 4. Given
the low acoustic impedance of the cloth, 0:15, normalized with
respect to air, a negligible change in the acoustic signal’s amplitude
is expected due to the cloth. Fig. 16d shows the relative effect of
the cavity geometry and cloth on the acoustic signal. Compared
with the baseline case, Fig. 16c, where there is no cloth present,
there is no significant change in coherence of the acoustic signal
due to the cloth. Both arrays show coherence values close to 1
above 1 kHz and a reduction for lower frequencies where the
acoustic signal amplitude is lower and outside of the speaker’s
intended frequency range. From these results it is concluded that
the cloth has a negligible impact on the signal coherence and thus
the acoustic beamforming results.
4. Conclusions

This work quantifies the impact of cavity geometry on the SNR,
and on the accuracy of acoustic imaging results for microphone
arrays. Three cavities, one with a hard walled countersink and
avity pairs at three different separation distances. Coherence is calculated for the
the speaker and flow, U1 ¼ 34 ms�1; (c) array 1, speaker only (c); and (d) array 4,
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two conical cavities with melamine walls, all covered with a high
thread count stainless steel cloth, are compared with a baseline
flush-mounted microphone array. Each array featured 16 micro-
phones in the same layout. These arrays were mounted flush with
an open jet wind-tunnel nozzle and used to measure white noise
emitted by a speaker mounted outside of the flow and a distributed
source from the trailing edge of a flat plate placed within the flow.
Conventional frequency domain beamforming with diagonal
removal was used to determine the effect cavity geometry has on
the acoustic signal, TBL, and resulting SNR.

These cavities reduced the amount of measured TBL noise while
minimizing the effect on the acoustic signal, thus increasing the
SNR. The cavities with melamine foam (arrays 3 and 4) reduced the
TBL noise by up to 40 dB compared to the flush-mounted array. The
hard walled cavity, array 2, reduced the TBL noise by up to 25 dB.
However, thehardwalled cavity amplified the signal by 10dB at cer-
tain frequencies due to an acoustic mode, whereas the soft walled
cavities caused a reduction between 5 and 10 dB at certain frequen-
cies compared to the flush array. Overall, the SNRwas increased due
to the TBL being attenuatedmore than the acoustic signal.

When comparing the hydrodynamic and acoustic transfer func-
tions, the TBL’s hydrodynamic phenomena appears to be dominant
below 3 kHz. Above 3 kHz, its acoustic component begins to show
similar behavior as the acoustic transfer function, seen for the
speaker only case. However, the interplay between the TBL’s
hydrodynamic and acoustic components is complex and requires
further study.

The resulting impact on SNR is that the CFDBF has an additional
20 dB improvement over the single microphone for the same cavity
geometry. This improvement is seen in the beamforming source
maps and integrated Lp where the recessed arrays detected the
acoustic signal when the flush-mounted array could not. Moreover,
arrays 3 and 4 detected the signal at a frequency threshold 400 Hz
lower than array 2.

The coherence of the acoustic signal for all cavity geometries
was consistent with respect to the cavity position in the array.
The stainless steel covering has minimal impact on the acoustic
coherence and, thus, on the beamforming performance. Coherence
improves with frequency for arrays 2 to 4 due to the reduction of
incoherent TBL noise.

The improvements using the cavities, especially in arrays 3 and
4, are also seen in the flat plate measurements. The source maps
using these arrays successfully imaged the trailing edge noise
whereas the baseline array did not. Additionally, these arrays iden-
tified a spectral peak from vortex shedding that agreed with the
BPM model. The baseline case, array 1, was unable to distinguish
these peaks from the TBL noise.

These results show that using an appropriately designed micro-
phone cavity augments the acoustic imaging capabilities of amicro-
phone array using CFDBF signal processing. Beamforming with
diagonal removal reduces the incoherent TBL noise by up to 20 dB.
Adding cavities further improves these measurements by reducing
the TBL noise by an additional 40 dB for the melamine cavities. By
usingoptimizedcavity geometrieswith largerdiametermicrophone
arrays with more microphones, even greater improvements to SNR
are expected. This approach potentially enables testing of acoustic
sources whose sound levels are near the background turbulent
boundary layer noise levels. However, more work is needed on
understanding the relationship between the hydrodynamic TBL
behavior and the cavity geometry to better optimize these cavities.
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