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Abstract

Beamforming performance can be improved in two ways: optimizing the location of
microphones on the acoustic array and applying advanced beamforming algorithms. In this
study, the effects of the two approaches are studied. An optimization method is developed
to optimize the location of microphones for an acoustic array used in an open-jet anechoic
wind tunnel. Then the benefits of using the optimized array with the recently-developed
advanced beamforming algorithm, the High-Resolution (HR) CLEAN-SC algorithm are
investigated. The microphone locations were optimized to obtain both good resolution
and low side lobe levels. By using the optimized array and applying the HR CLEAN-SC
algorithm, it was found that two closely-spaced sound sources can be resolved in a broad
frequency range below the Rayleigh limit. The findings have also been confirmed through
experimental validation.

1 INTRODUCTION

Acoustic arrays and beamforming algorithms have been employed in many acoustic studies.
After applying beamforming, source maps which visualize, quantify, and localize sources of
sound in a region of interest, are obtained. In aerospace and aeroacoustic studies, this has
been used in various aspects, ranging from outdoor beamforming of fly-over aircraft [1]], to
beamforming for aeroacoustic studies in wind tunnels [2]]. Further investigations of the source
maps help researchers to understand characteristics of contributing noise sources. The insights
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obtained can be used to achieve improved designs with lower noise emission, such as airfoils
with reduced noise [3]].

Ideal source maps should visualize the sound sources at their correct locations. When there
are multiple sources, the sources should be separable. Moreover, false source idendifications
due to side lobes should be minimized. These qualities in the source maps indicate the beam-
forming performance, and can be improved by two ways. First, the location of the microphones
on the acoustic array can be strategically synthesized [4] or optimized [SH7]. Second, advanced
beamforming algorithms can be applied when post-processing the acquired signals. So far,
these two aspects have been done separately. The interplay between optimized array designs
and advanced beamforming algorithms has not yet been investigated.

An advanced beamforming algorithm, the High-Resolution (HR) CLEAN-SC, has recently
been introduced [8]. This method is an extension of the CLEAN-SC algorithm [9]] and is able
to resolve closely spaced sound sources. However, the performance of it depends on the quality
of the array design. Therefore, this study aims to improve the beamforming performance of an
acoustic array with the focus on optimizing the design of the microphone configuration. Once
the beamforming performance of the optimized array configuration is proven to be inherently
good through the application of the conventional beamforming algorithm, the effects of using
the optimized array design on the beamforming performance of the HR CLEAN-SC algorithm
are studied.

The acoustic array used in this study is a planar 2 x 2 m acoustic array holding 64 micro-
phones. The array is installed in the ‘V-tunnel’ facility at Delft University of Technology, which
is an open-jet anechoic wind tunnel for aeroacoustic studies. Moreover, experimental validation
has also been done in this facility.

This paper is structured as follows: In Section [2] the parameters for quantifying the source
map quality are introduced. The state-of-the-art acoustic array microphone placement optimiza-
tion methods and beamforming methods are summarized. Section [3]discusses the optimization
method proposed for this work. Next, the optimization results are presented in Section 4| The
results of applying the HR CLEAN-SC algorithm using an optimized array are investigated
through beamforming simulations. Section [5|provides the results from the experimental valida-
tion. Finally, conclusions and recommendations are given in Section [0]

2 IMPROVING BEAMFORMING PERFORMANCE

2.1 Quantifying beamforming performance

The parameters used to describe the beamforming performance of an array can be derived from
the source map it produces. To generalize this explanation, an analytical source map produced
by a finite-aperture circular array with the diameter D having an infinite number of microphones
is used. Supposing that the array is centered at the coordinate (x,y,z) = (0,0,0) and there is
a point source placed on a plane at the coordinate (x,y,z) = (0,0,4) as shown in Fig. |1} the
array will resolve this point source in an analogous way as in optics, where light is focused
by a circular lens to a spot and a pattern of low-intensity light around it due to diffraction [3].
This pattern is called the Point Spread Function (PSF) or the Airy Pattern. For a beamforming
frequency f and a plane wave assumption, the PSF can be written as
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Figure 1: Notations used in analytical PSF calculation and beamforming

 1201(Esin(@)) 12
Al©) = /D sin(@®)

C

; 6]

where J; is the Bessel function of the first kind, ¢ is the speed of sound, and © is the angle

measured from the array’s center to the point of interest, ® = tan ™! (—”xzﬂz)

In beamforming, the plane where the source lies on is discretized into grid points. For any
grid points, (x,y,z), the source autopower (A) can be determined. For this exemplary case, the
Sound Pressure Level (SPL) at the jth grid point in decibels (dB) is

SPL;j = 101og;[A(®)/ prefl; 2)

where pyer is the reference pressure of 2 x 107> Pa. Assuming a source of 2 x 107> Pa, this
is visualized in Fig. The resulting SPL in plane X — Z is also shown. It can be seen that
the source map consists of a series of lobes. The lobe with the highest peak represents the
sound source. This lobe is called the main lobe. Since the source is actually a point source, it
is desirable to have as narrow as possible main lobe in order to better localize the source and
distinguish this source from another source when they are placed closely together, i.e. having a
high resolution. The parameter Main Lobe Width (MLW) is defined to measure this quality of
the array. The MLW is usually defined as the width of the main lobe at SPL = -3 dB relative
to the main lobe’s peak [4,6]. In a three-dimensional plot, the MLW is the maximum distance
between a pair of points representing the main lobe’s -3 dB contour.

Apart from the main lobe, there is a series of lobes around it which do not represent any
sound sources. These are the so-called side lobes. When the level of the side lobes is high, they
are more likely to be misinterpreted as true sound sources. Therefore, it is ideal that their levels
are as low as possible. To measure this quality, the Maximum Side lobe Level (MSL) is defined
as the relative SPL of the main lobe’s peak and the highest side lobe’s peak [6]. This analytical
case, where the number of microphones is infinite, also shows that the minimum attainable MSL
is approximately -17.6 dB.
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Figure 2: Source map resolved by a finite-aperture array with infinite number of microphones
and definitions of MSL and MLW

2.2 Improving beamforming performance by acoustic array optimization

In reality, the number of microphones on the acoustic array is finite. Because of that, the
beamforming performance will deviate from the ideal-case shown in Fig. [2} i.e. having higher
MLW and MSL. Microphone placement optimization is usually done to obtain low MLW and
MSL.

Many studies have shown that lower MSL can be obtained by having the microphones densely
distributed close to the array’s center. In contrast, when the microphones are more densely
placed close to the array’s edge, the MLW decreases at the cost of increasing MSL [6, 10].
Therefore, the aim is to search for an array design which gives the best trade-off between these
two qualities [4, 7, [11]].

It has been found that acoustic arrays with microphones arranged in a multi-arm spiral manner
can potentially give the best trade-off between MSL and MLW [10]. More specifically, for an
array with 64 microphones, multi-arm spiral arrays with nine arms and seven microphones per
arm (plus one microphone in the center) are likely to give the lowest MSL and MLW [[/]. Apart
from that, it is also known that the distance from each particular microphone to its nearest-
neighbor microphone can be linked to the side lobe suppression ability when beamforming is
performed at a specific frequency [3].

When an array is designed to be used in particular applications, design optimization is usu-
ally performed. For this, random search evolutionary algorithms such as Genetic Algorithm
(GA) [6}12], Differential Evolution (DE) [5], and Particle Swarm Optimization (PSO) [11] can
be used. One common feature among these algorithms are that they evaluate a set of multiple
designs in each iteration. This process can be time-consuming and sometimes does not lead
to satisfactory results. One way to facilitate the optimization process is to utilize the known
relationship between the array’s geometric features and the beamforming performance. For ex-
ample, instead of parametrizing the location of every single microphone in the optimization, the
microphone locations can be collectively defined by some parameters which correlates to MLW
and MSL [4, [13]. With a reduced number of acoustic array design variables, the optimiza-
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tion process can provide acoustic array designs with satisfactory performance with a reduced
computational effort.

2.3 Improving beamforming performance by advanced beamforming algorithms

The beamforming performance can also be improved in the post-processing steps by applying
advanced beamforming algorithms. This paper focuses on the newly-introduced HR CLEAN-
SC algorithm [8] which is an extension of the CLEAN algorithms [9].

Conventional beamforming works by assuming that there is a potential sound source at each
scan point. Then the sound propagation from that scan point is modelled. The estimated source
power at the j" grid point (A ;) s obtained by minimizing the errors between the acquired signal
and the modelled signal. The final expression for the estimated source power in conventional
beamforming is

Aj=wiCwj, 3)

where * represents the complex conjugate transpose. The matrix C is the Cross Spectral Matrix
(CSM) which is expressed as

C=pp" 4)

The vector p contains the Fourier transform of the received signal at each microphone. The
symbol w; in Eq. is the weight vector which reads

g .
W=t 5)
1g;l
where g; is the steering vector, which contains expressions for modelling the signal travelling

from the j™ grid point to each microphone. There exist different ways of modelling the signal
[14]. One frequently-used expression is [8]

—1 —2mifr;
8jn= exp <—f j’n>, 6)

A4rr; p c

where n is the index of microphone and r;, is the distance from the 7 grid point to the n™
microphone, cf. Fig. [I]

The side lobe pattern in the source map produced by conventional beamforming is dependent
on the microphone arrangement and the location of the main lobe [9, [15)]. In other words,
the side lobe pattern in the source map is spatially coherent with the sound source’s location.
The CLEAN-SC beamforming method, where SC stands for (spatial) Source Coherence, makes
use of this fact by identifying the sound source (the peak) in the source map, substracting the
influence of that source from the CSM, and replacing the source’s contribution in the source
map with a clean beam [9].

Let the subscript ‘1’ denote the grid point where the estimated source power from conven-
tional beamforming is the highest (A;), w; is the weight vector associated with this grid point.
The source component (hy) is calculated from
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CW1
h; = . 7
1= wicw, (7

From this point, the measured CSM in Eq. () is assumed to be the result of contributions from
K incoherent sources. The following model is introduced:

K
C=Y pw;. (8)
k=1
This then results in
¥ K
plwl *
by =B i+ —— Y (piwi)pi]. ©)
Aq lelkz‘z k

The source component represents the contribution of the identified source in the CSM. The
degraded CSM (Cgegraded) Which excludes the influence of this source is

Cdegraded =C— (PAlhikhl, (10)

where ¢ is the loop gain or the damping factor, 0 < ¢ < 1. With this new CSM, the new source
map is obtained by summing the clean beams from all identified sources with the source map
produced by the remaining degraded CSM:

~ K ~ 2
Aj=Y 0A10 M5k 4+ Wi CegradeaW;. (11)
k=1
The first term on the RHS of Eq. represents the clean beams from K identified sound
sources, where A is a clean beam shape parameter and d;  is the distance from the 7 grid point
to the identified ™ source location. The process presented from Eq. (7) to is repeated, and
stopped when || Cegradea | < [|C].

The CLEAN-SC method improves the source map’s quality both in terms of MLW and MSL.
The MLW can freely be defined by selecting the clean beam shape parameter (A1) while the MSL
is lowered by eliminating the side lobes which are spatially coherent to the main lobe.

The difference between HR CLEAN-SC and CLEAN-SC is that the HR CLEAN-SC method
allows the marking of the source to not exactly be at the grid point where the estimated source
power is the highest, i.e. w; may not be used. Alternatively, the HR CLEAN-SC attempts
to put the identified source marker at the grid point where the relative contribution of the other
sources’ PSF(s) is the lowest [[8]. The HR CLEAN-SC algorithm works with the known number
of sources (K) identified by the CLEAN-SC algorithm. For each source, the weight vector (wy)
is replaced by a new weight vector u;, where j is associated with a grid point which minimizes
the cost function:

Iz (800112
Fiw)) = — 5y 2la 2

|g7u;l* (Il

Having found the minimizer (u;), the source component can be determined by

(12)
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Cllj

h; = . 13
/ u;Cu; (13)
The contribution of the source in the source map in terms of source power is
A; = (u;Cuy)|whh;|%, (14)

The grid point where A j 1s maximized is the exact location of the source. The maximum value
of A j 1s the source power estimate which is used to construct a clean beam (same manner as
in the RHS of Eq. (I1)) to represent the source at this location. The iteration process repeats
Eq. to for all predefined number of sources until the minimizer (u;) for all sources no
longer moves or until the maximum number of iterations is reached.

The fact that the HR CLEAN-SC algorithm allows a flexible source marker location makes
it able to improve the beamforming performance in terms of resolution. In general, there exists
a minimum separation limit of closely spaced sources, below which the sources cannot be re-
solved by a finite-aperture array using the previously-mentioned beamforming algorithms. This
is the so-called Rayleigh limit which can be derived as follows:

Point sound sources are resolved by a finite-aperture array in form of a PSF as in Eq. ().
When the peak of the source’s PSF of one source is closer than the first zero crossing of another
source’s PSF, these two sources are no longer resolvable. The first zero crossing occurs when
the Bessel function in the numerator of Eq. is zero. Let Oy, denote the minimum angle ®
where two sources are resolvable, J; (7sz0 $in ®p;, ) = 0 when ”J: D gin Omin = 3.83. Using small
angle approximation, we have

c

Omin = 1.22fD. (15)
Let RL be the Rayleigh limit, it can be written in terms of 4 as
RL:htan(l.zzfiD). (16)

When two sources are placed closer than the Rayleigh limit, the HR CLEAN-SC algorithm
shifts the source marker of each source to be at the point where the influence of the other
source’s PSF is the lowest. That point is therefore above the first zero crossing of the other
source, which is the Rayleigh limit. With this principle, these two sources can still be resolved.

However, the selection of the new source marker is constrained by the denominator of Eq.
1| To avoid division by zero, the term | g}fu j|2 should be greater than zero. In addition, the

marker should still lie on the main lobe [8]. Thus, the minimum limit of |gu ;|? should be set.
Let u denote this limit, a constraint can be set for the minimization problem in Eq. (12) as

giu;> > > 0. (17)

The working principle of the HR CLEAN-SC algorithm can be graphically explained using
Fig. 3] First, consider PSF 1 and PSF 2. The peak of PSF 1 is above the first zero-crossing of
PSF 2 and vice versa. By employing conventional beamforming, this is the minimum distance
where PSF 1 and PSF 2 are resolvable, i.e. the Rayleigh limit (RL). Next, supposing that, instead
of PSF 2, there exists PSF 3 which has the peak closer to PSF 1 than RL, the HR CLEAN-SC
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Figure 3: Rayleigh limit and the working principle of HR CLEAN-SC

algorithm shifts the marker of PSF 3 from the peak of PSF 3 to the point where the influence
of PSF 1 is minimized, i.e. the first zero-crossing of PSF 1. Then PSF 1 and PSF 3 can still be
resolved.

Let the source marker be shifted to the j™ scan point and s be the distance where the marker
is shifted, the value of PSF 3 at this point is \gjfu j|2 > u. It can be seen that when u is lower,
the marker is allowed to shift further and the sources are resolvable even though they are placed
closer together. However, too low a value of u will allow the marker to stay on the side lobes,
which is not desirable. Thus, an array with low side lobes will allow a lower value of u to be
selected and therefore a higher resolution improvement.

When the selected value of u allows the source marker to shift to the maximum distance of
Smax »> the new Rayleigh limit is potentially

RLneW - RL - Smax. (18)

Finally, the resolution enhancement (¥ > 1) is defined to indicate the potential improvement
in resolution due to the selected value of u as

¥

RL RL
RLjew RL — smax

3 ACOUSTIC ARRAY DESIGN OPTIMIZATION METHOD

The concept of the optimization method to be described in this paper is to use a minimum
number of design variables to shorten the optimization time. To achieve that, the formulated
optimization problem links geometric parameters of the acoustic array directly to the beamform-
ing performance; such as the microphone distribution density along the array’s radial distance.
Apart from that, weighing is applied to the side lobes, aiming to minimize the side lobe levels
close to the main lobe so that the array is suitable for the HR CLEAN-SC algorithm.
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A schematic diagram of the optimization routine is illustrated in Fig. 4l There are two op-
timization loops; the main and the nested loop. The main optimization loop has four design
variables which are used to describe the microphone distribution as a function of the array’s
radial distance, and the distances between every pair of nearest neighboring microphones in re-
lation to the microphone’s radial distance on the array. The nested optimization loop has eleven
design variables which are used to generate a set of multi-arm spiral arrays, which have the
geometry as close as possible to that defined by the main loop. The beamforming performance
of the generated arrays is then determined by beamforming simulation. It is hypothesized that
the arrays generated by the same set of design variables from the main optimization loop will
have similar performance, 1.e. will cluster in the same area when plotted as shown on the right
side of Fig. 4 The main optimization loop attempts to find the optimal design variables which
gives as low as possible MLW and weighted MSL. The optimized array can be selected from
the set of arrays generated by these optimal variables. Further details of both optimization loops
are given in the following paragraphs.

s | Define X Cluster of designs
with the same X
r \ /

Generate a set of multi-arm
o spiral arrays using a Initial %
o T
2 |2 ' array Optimal X
8 |8< Benchmark /
=<3 MLW array
s |2
= RN X
X Candidate optimized
N\ l_/ arrays
| Beamforming simulation | MSL,,

//

Figure 4: Schematic diagram of the optimization method used

MLW and MSL,,

The design vector of the main optimization loop (X) consists of four design variables which
affect the descriptions of the array’s geometry as follows:

e X; and X, describe the microphone distribution density along the array’s radial distance
— X indicates the radial location of the microphone density distribution peak
— X, indicates the standard deviation of the microphone density distribution
e X3 and Xy describe the geometry of a curve that represents the relationship between the
microphone’s radial distance on the array and the distance from that microphone to its

nearest neighboring microphone. It is assumed that the further the microphone is from
the array’s center, the further it is from its nearest neighboring microphone.

— X3 indicates the location of the curve’s inflection point

— X, indicates the smoothness of the curve
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This design vector is used in the optimization loop to control the generation of the arrays.
Having obtained a set of arrays that satisfy these design variables, the arrays’ beamforming
performance is evaluated by beamforming simulation.

The beamforming simulation considers a point source emitting white noise at 4 = 1.5 m
aligned with the array’s center. Although the intended scan plane size in real applications is
1 x 1 m, the scan plane used in the optimization is a circular area with the diameter of 2 m to
account for the uncertainty of the source’s location. The design frequencies of the array range
from 1 to 10 kHz. The MLW is evaluated only at 1 kHz. The MSL is evaluated at 4 to 10 kHz
with a step of 1 kHz. The MSL is also linearly weighted according to its distance from the main
lobe; the closer it is to the main lobe, the more weight it gets.

Let MLW and MSL,, represent the averaged MLW and weighted MSL from all arrays at all
relevant frequencies generated by a certain X, the main optimization loop attempts to minimize
the objective function:

;o MLW —MIWer  MSLy — MSLy, et
e M LWref -M SLW, ref ’

where the subscript ‘ref’ represents the reference values of MLW and MSL. In each term of
the objective function, the averaged value is substracted by the reference value. With this, the
further it is from the reference value, the higher J;,,, becomes. The division by the reference
values scales the evaluated differences of MLW and MSL, and allows the summation of these
qualities, which have different units.

Although the optimization in the main loop contains only four design variables, the objective
function evaluation is computationally expensive since it requires beamforming simulations.
Therefore, an optimization algorithm, which has a potential to handle this requirement, should
be selected. In this case, the Generalized Pattern Search (GPS) [16] or the Hooke-Jeeves (HJ)
[17] algorithm was used. The detailed explanation of these algorithms can be found in [[16-18]].

The task of the nested optimization loop is to generate coordinates of acoustic arrays which
have the geometry closest to that defined by the design vector of the main optimization loop
(X). To confine the number of the design variables used and to limit the optimization to only
potential designs, the acoustic arrays are set to be multi-arm spiral arrays with nine arms and
seven microphones per arm (plus one microphone in the center). For acoustic arrays with 64
microphones, this been found to achieve the best performance [7].

The design vector (a) for the nested optimization loop has eleven design variables. They are
linked to the microphone locations on one spiral arm. Once the location of all microphones
on this arm is defined, the remaining microphone coordinates on this array can be obtained by
equiangular rotation. The design variables in a specify the microphone locations on the first
spiral arm as follows:

(20)

e a; specifies the radial distance of the innermost microphone measured from the array’s
center

e «, specifies the angular distance of the outermost microphone measured from the array’s
center (The radial distance of this microphone is fixed at 0.95 m, corresponding to the
array’s size.)

e a3 and as specify the radial distances of two control points for generating a Bezier curve
which is the spiral arm’s curve

10
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e a4 and ag specify the angular distances of the points specified by a3 and as

e a7 to ay; specify the locations of five remaining microphones on the spiral arm’s curve

The geometry of the generated arrays is then evaluated for how much it satisfies the desired
geometry given by the main loop. Referring to the design vector X, the array’s geometry is
specified in two aspects; the distribution density of microphones as a function of the array’s
radial distance, and the relationship between the microphone’s radial distance with the distance
to the nearest neighbor microphone.

The first aspect is evaluated as follows: Let the radial distance of the array be divided equally
into ny,;, statistical bins (intervals), each bin centers at the radial distance rj, the microphone
density distribution specified by X; and X; will determine the expected number of microphones
in each bin. If N,, is the expected number of microphones in a bin centered at r;, and N;b 18
the actual number of microphones in this bin of the generated array, the mismatch between the
desired and actual number is [N, — N, |.

The second aspect is evaluated for every microphone. Let the n'™ microphone locate at the
radial distance r, measured from the array’s center, the distance from this microphone to its
nearest neighboring microphone specified by X3 and X; is supposed to be dyy, . In the generated
array, the distance from this microphone to its nearest neighbor is actually d;m,r,,' With this, the
mismatch of the desired and the actual distance is |dy,, , — dun,r, |-

The objective of the nested optimization loop is to minimize the summation of all aforemen-
tioned mismatches. The objective function for the nested optimization loop is defined as

LN N =Nl LS o, = |

J, nested —
Npin 1; Nrb N n—1 dnn7rn

21

The summation in the first and second terms of Eq. sums up the mismatches over all radial
distance bins and microphones, respectively. The normalization in the summation normalizes
the mismatch and allows both terms to be added. The division by ny;, and N ensure that the
summation in both terms are having equal relative importance.

For the nested optimization loop, there is no known relationship between the design variables
and the objective function. Moreover, multiple designs are desirable for a certain X to ensure the
design flexibility. Due to these conditions, the Differential Evolution (DE) algorithm [19, 20]
which is a variant of the Genetic Algorithm (GA) is implemented. The detailed explanation of
the DE algorithm can be found in [5].

The structure of the optimization method is summed up in Table[I] This was implemented in
a MATLAB program. Then optimization runs were executed.

4 OPTIMIZATION RESULTS

Figure |5| shows the scatter plots of MLW and MSLy of all arrays evaluated in the optimization.
The markers of the arrays generated by the initial and optimal design vectors (X) are highlighted
in red and blue, respectively. A marker showing the performance of the Underbrink array [21]]
is also shown. It can be seen that the performances of the arrays generated by the initial and

11
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Table 1: Summary of the implemented optimization method

Main optimization loop Nested optimization loop

a containing eleven

design variables used for defining
microphone locations on a spiral
arm in a multi-arm spiral array

X containing four
Design vector design variables describing
the array’s geometric features

Equation (21)) minimizing
the mismatches between the array’s
actual and desired geometric features

Equation li minimizing

Objective function the MLW and weighted MSL

Optimization algorithm | HJ/GPS DE

optimal X are separated. A clear reduction of MLW can be seen. Almost all arrays generated
by the optimal X have somewhat lower MLW and MSLw than the Underbrink arrayﬂ

0.5r
® %00
045} .
2 04l .o * Optimal design vector
— * Initial design vector
E . . Other iterations
~ . ¢ + Underbrink array
=035 ~ meme - -~ Rayleigh limit at 1 kHz
0.3}
0.25 ‘ : ‘
-25 -20 -15 -10

MSLy [dB]

Figure 5: MLW and MSLyw of all array configurations considered in the optimization including
the benchmarking Underbrink array, the arrows show the selected initial and optimal
arrays

A candidate array is selected from the initial and optimal set of array designs for further
investigations. These arrays are pointed by the arrows in Fig. [5] Let them be called the initial
and optimal arrays. The Underbrink, initial, and the optimal arrays are shown in Fig. [

The unweighted MSL and MLW of the selected arrays at different beamforming frequencies
when a point white noise source is simulated at 1.5 m away from the array are shown in Fig.
It can be seen that the MSL shows an increasing trend with the beamforming frequency
while the MLW reduces with the beamforming frequency. At most beamforming frequencies,
the MSL of the optimized array is somewhat lower than the Underbrink array. The low MSL

'Some averaged weighted MSLs (MSLy) are lower than -17.6 dB due to the weights applied.

12
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Figure 6: Microphone arrays considered

values at the low beamforming frequencies result from the fact that the MLW is large at those
frequencies, so most of the side lobes are not yet captured in the beamforming region.
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Figure 7: MSL and MLW of the optimized array obtained from simulations compared with those
from the initial and the Underbrink arrays

Interestingly, the MSL of the optimized array is higher than the Underbrink array at the
beamforming frequency of 4 kHz. The source maps produced by beamforming of a single
white noise source using the three arrays in Fig. [6] are shown in Fig. [§] It can be seen that,
although the MSL of the optimized array is higher than the Underbrink array, the side lobes
of the optimized array appear far away from the main lobe. The side lobe levels up to 0.5 m
around the main lobe of the optimized array at 4 kHz are lower than -15 dB. These are the
results of applying side lobe weighing. It is also notable that the MLW of the optimized array
is comparable to the Underbrink array and lower than the initial array.

From this point on, only the optimized array is compared with the Underbrink array. The

13
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Figure 8: Source maps from beamforming simulation of a single source at 4 kHz

ability of the optimized array to aid the HR CLEAN-SC algorithm in resolving two closely-
spaced sources is investigated. Two incoherent point white noise sources are simulated with 10
cm separation at 1.5 m away from the array. With this setting, the Rayleigh limit in Eq. (I6)
suggests that the sources should be resolvable above the beamforming frequency of 3.3 kHz.

The resolvability of two closely spaced sound sources as a function of beamforming fre-
quency can be anticipated by investigating a plot of the resolved SPL of the sources compared
with the exact SPLs as done in [8]]. At frequencies lower than the Rayleigh limit, the CLEAN-
SC algorithm tends to overestimate the SPL of one source, and underestimate that of the other
source with a wrong localization for both sources. Above the Rayleigh limit, the source localiza-
tion and the their resolved SPLs converge to the correct values. The HR CLEAN-SC algorithm
usually resolves two sound sources as one source with a slightly higher SPL up to a certain
beamforming frequency, but below the frequency associated with the Rayleigh limit. After that
point, the localization and SPL estimation of both sources get closer to the exact values. The
frequency range from that certain frequency up to the Rayleigh limit is the improvement caused
by the HR CLEAN-SC algorithm. Therefore, the lower the frequency where the resolved SPLs
converge to the exact values, the larger the improvement is.

Plots showing the resolved SPLs of two closely spaced sources using the CLEAN-SC and
HR CLEAN-SC algorithms with a constant p = 0.25 are shown in Fig. 0] The results from
the Underbrink array and the optimized array are shown separately. The resolved values are
compared with the exact values obtained by beamforming each source individually using the
CLEAN-SC algorithm.

From both plots, it can be seen that the CLEAN-SC algorithm can resolve the sources only
above the Rayleigh limit. The HR CLEAN-SC algorithm resolves the sources from a frequency
slightly higher than 2000 Hz for the Underbrink array and slightly lower than 2000 Hz for the
optimized array. Therefore, there is a slight improvement caused by the optimized array.

As explained earlier, the source marker constraint (1) in the HR CLEAN-SC algorithm can
be adjusted to improve the resolution. However, this needs to be done carefully to prevent
the source marker from staying on the side lobes. It is observed from Fig. [ that the source
resolvability is critical at low frequencies. Fortunately, it is also observed that the MSL values
are low at low frequencies as shown in Fig. We can make use of this fact by adapting u
with beamforming frequency. It is assumed that the MSL is -17.5 dB at 100 Hz and increases
linearly to -5 dB at 10000 Hz. With this assumption, the adaptive u (i(f)) can be calculated
for each frequency as

14
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Figure 9: Resolved SPL of two closely-spaced sound sources versus beamforming frequency,
obtained from CLEAN-SC and HR CLEAN-SC beamforming simulations, compared
with the exact SPL values

The curve of u versus frequency is shown in Fig. [I0] This is applied to the the same simulated
data as in Fig. [9] The results are shown in Fig. [T} It can be seen that for HR CLEAN-SC,
the resolved SPLs converge to a value close to the exact value at a lower frequency than the HR
CLEAN-SC beamforming with a constant (. Again, for the optimized array, this frequency is
slightly lower than for the Underbrink array. Thus, the adaptive p and an array with low MSL
can help widen the frequency range where the beamforming resolution is improved by the HR
CLEAN-SC algorithm.

Finally, the source maps produced by conventional beamforming, CLEAN-SC, HR CLEAN-
SC with u =0.25, and HR CLEAN-SC with adaptive u, using the Underbrink and the optimized
arrays at 1 kHz are shown in Fig. The intersections of the dashed lines show the exact
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locations of the simulated sources. It can be seen that for conventional beamforming, CLEAN-
SC, and HR CLEAN-SC with constant u, the results from both arrays are similar, i.e. the
sources are not resolved. On the other hand, two sources can most clearly be distinguished
when the HR CLEAN-SC with adaptive u is used with the optimized array.

5 EXPERIMENTAL VALIDATION

5.1 Experimental Set-up

Figure [13] shows the experimental set-up in the V-tunnel. The Underbrink and the optimized
array were installed on a 2 x 2 m grid in the V-tunnel. Both arrays contain 64 G.R.A.S. 40PH
Free-Field microphones. Since the actual grid contains a finite number of small microphone
housing holes arranged in a square-lattice manner, the microphone configurations to be tested
were adjusted to the closest housing holes.

Up to five Visaton K50 SQ speakers were used in the experiment. Each speaker emitted
30-second long white noise signals generated by MATLAB. The speakers were independently
controlled. The signals played by each speaker were incoherent. To ensure the comparability
of the results, the same speaker always played exactly the same signal file. The speakers were
placed on a plane at 1.9 m away from the array in two arrangements as shown in Fig. [T4] The
following arrangements were considered:

Acoustic array

Figure 13: Experimental set-up in TU Delft V-tunnel

e Five-speaker arrangement: The speakers were placed adjacent to each other. The distance
between the center of the speakers was 6.5 cm. By independently controlling the speakers,
different source arrangements can be replicated. In this paper, the two following schemes
are presented:

— Single-source scheme: This was done by playing the signal using only the middle
speaker.

— Line source scheme: This was done by playing the signals using all the speak-
ers. This scheme can replicate the line source, which is the frequently-encountered
source configuration in aeroacoustics research, i.e. trailing-edge noise.

18
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GBI

(a) Five-speaker arrangement (b) Two-speaker arrangement

Figure 14: Speaker arrangements used in the experiment

e Two-speaker arrangement: Two speakers were placed with varying separation from each
other. The separation was varied from 6.5 cm (the minimum separation), to 10 cm, 20
cm, 30 cm, and 50 cm. With this, the ability of the array in separating two closely-spaced
sources can be investigated. Additional recordings, where each speaker played the signal
individually, were carried out to determine the exact SPL emitted by each speaker. To
keep this section concise, only the results with 10 cm separation are shown.

The sampling frequency of the array’s data acquisition system was 50 kHz. The length of the
recorded signal per session is 30 seconds. The signal was then divided into 0.01 second chunks
with a 50 % overlap. Then the Fourier transform was applied and the CSMs were constructed
and averaged from all signal chunks. With this, the frequency resolution is 100 Hz.

5.2 Experimental Results
Five-speaker arrangement

The source maps obtained from the single-source scheme at 4 kHz using the Underbrink array
and the optimized array are shown in Fig. [[3] The corresponding source maps obtained from
simulated data are also shown. The noise source and the microphone locations are simulated
at exactly the same locations as in the experiment. By comparing the source maps from the
experiment and the simulation, it can be seen that the MLW and the side lobe locations are well
predicted by the simulation. However, the side lobe levels from the experiment appear to be
slightly higher than those in the simulation. This could be due to the speaker’s characteristics,
i.e. not fully omnidirectional, and the fact that there is an offset between the anechoic chamber’s
ability to replicate the free-field condition and the ideal free-field condition.

The same finding is also reflected in Fig. [I6] where the MSL and MLW from these source
maps for frequencies ranging from 1 to 10 kHz are shown. Although the MSL of the optimized
array is predicted to be lower than the Underbrink array by the simulation, the MSL of both
arrays are comparable for almost all frequencies in the measurements.

The line source scheme is obtained when all five speakers play the signals. Source maps
obtained from beamforming at 4 kHz using the Underbrink and the optimized arrays are shown
in Fig. [T7] It can be seen that, as a result of weighing the side lobes, the optimized array can
provide an area with lower side lobe levels around the line source compared to the Underbrink
array. The size of the region representing the sound sources, equivalent to the MLW, of both
arrays are comparable. From this observation, it can be deduced that the features of the source
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Figure 15: Source maps from beamforming of the five-speaker arrangement (single-source
scheme) at 4 kHz compared with those from corresponding beamforming simula-
tions

maps in the case of multiple sources produced by a certain array configuration will still follow
the same trend as is observed in the single-source case of that particular array.

Two-speaker arrangement

Two speakers emitting incoherent white noise were placed with a separation of 10 cm at 1.9 m
away from the optimized and the Underbrink array. With this setting, the Rayleigh limit in Eq.
(16) suggests that the sources are resolvable at the frequencies above 4.2 kHz. The resolved
sources’ SPLs versus beamforming frequency using these two arrays and two beamforming
algorithms (the CLEAN-SC and HR CLEAN-SC with u = 0.25) are shown in Fig. [I§] The
exact values are obtained from CLEAN-SC beamforming when only one source is playing the
signal. The dashed line indicates the Rayleigh limit.

The behavior as observed in Fig. 0] can still be seen. Obviously, the CLEAN-SC algorithm
can resolve both sources correctly at frequencies above the Rayleigh limit. However, the HR
CLEAN-SC algorithm makes it possible for both sources to be resolved also at frequencies
below the Rayleigh limit. The sources are resolved by both arrays from around 2000 Hz.

Further investigation is done by applying the adaptive u (same as in Fig. [10) to this ex-
perimental data. The resolved source’s SPLs by the HR CLEAN-SC algorithm with u = 0.25,
adaptive 1, and the exact SPL values are shown in Fig. [19]for the Underbrink and the optimized
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Figure 17: Source maps from beamforming of the five-speaker arrangement (line source
scheme) at 4 kHz

array. Again, for both arrays, the adaptive y makes the HR CLEAN-SC algorithm resolve the
sources at a lower frequency than the constant u case. The optimized array resolves the sources
from around 600 Hz while the Underbrink array resolves the sources from around 1000 Hz.
Finally, the source maps produced by both arrays using the conventional beamforming, the
CLEAN-SC algorithm, the HR CLEAN-SC algorithm with u = 0.25, and the HR CLEAN-SC
algorithm with adaptive u at 800 Hz are shown in Fig. [20] The intersections of the dashed lines
indicate the centers of the speakers. As expected, this frequency is lower than the Rayleigh
limit, the conventional beamforming fails to resolve the sources while the CLEAN-SC and HR
CLEAN-SC algorithms resolve both sources with overestimated SPLs. Only the HR-CLEAN-
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Figure 18: Resolved SPLs of two sound sources with 10 cm separation versus beamforming
frequencies, obtained from CLEAN-SC and HR CLEAN-SC beamforming of experi-
mental data, compared with the exact SPL values

SC algorithm using the optimized array with adaptive ( can clearly resolve two sound sources.
Source localization offsets can be seen. This could be due to the fact that the source is not a
perfect point source and the maximum SPL at 800 Hz might be dominantly emitted by a certain
part of the speakers.

6 CONCLUSIONS AND RECOMMENDATIONS

In this paper, the microphone configuration has been optimized for an acoustic array in an
open-jet anechoic wind tunnel. The effects of the optimized design on the performance of the
High-Resolution (HR) CLEAN-SC beamforming algorithm have been investigated.

The proposed optimization method focuses on using a minimal number of design variables.
The optimization aims to reduce both the Main Lobe Width (MLW) and Maximum Side lobe

22



7" Berlin Beamforming Conference 2018 Luesutthiviboon et al.

SPL [dB]

[ —Left exact

—Right exact

-+ Left HR CLEAN-SC, o = 0.25

—+Right HR CLEAN-SC, 1 = 0.25

= Left HR CLEAN-SC, adaptive p

251 = Right HR CLEAN-SC, adaptive 1

~-Rayleigh limit

20 : :
10° 10° 10

Frequency [Hz]

(a) Underbrink array

60

551

50

45

40

SPL [dB]

—Left exact
—Right exact

~+Left HR CLEAN-SC, 1 = 0.25
—+Right HR CLEAN-SC, 1 = 0.25
= Left HR CLEAN-SC, adaptive p
25+ = Right HR CLEAN-SC, adaptive
-~Rayleigh limit

35

30

20 : T :
102 10° 10
Frequency [Hz]

4
(b) Optimized array

Figure 19: Resolved SPL of two sound sources with 10 cm separation versus beamforming fre-
quency, obtained from HR CLEAN-SC beamforming of experimental data with a
constant and adaptive [, compared with the exact SPL values

Level (MSL). The weights are applied to the side lobes according to their distances from the
main lobe. This resulted in a region with side lobe levels lower than -15 dB around the main
lobe. Low MLW has also been maintained.

The fact that the array design gives low side lobe levels can be further exploited by the
HR CLEAN-SC algorithm. It was found that, when the optimized array is used to resolve
two closely-spaced sound sources using the HR CLEAN-SC algorithm with an adaptive source
marker constraint (i), the two sources can be resolved in the broadest range of frequency below
the Rayleigh limit.

Two recommendations can be given based this study. First, only attempting to minimize the
MSL may not be sufficient for designing an acoustic array since the location of the side lobes
also matters. In this study, the side lobes are associated with their distances from the main lobe
through weighing. The produced source maps both from conventional beamforming and the
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Figure 20: Source maps of two closely-spaced sources for various beamforming algorithms at
800 Hz, using experimental data
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advanced beamforming algorithms show satisfactory results. Second, to best exploit the ability
of the HR CLEAN-SC algorithm, the source marker constraint (i) should be adjusted according
to the MSL at the frequency of interest. This should be done especially at the frequencies below
the Rayleigh limit where the source resolvability is low, but the side lobe levels are generally
low as well.
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