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Abstract
The design of a microphone array affects the performance of beamforming algorithms in the localization and evaluation of

acoustic noise sources. This paper addresses a circular phased array design for near-field aeroacoustic measurements in a

closed-test-section wind tunnel. Microphones were distributed in rings and occupied an equal aperture area—each ring

could have a different number of microphones. The array performance was evaluated through the dynamic range and array

resolution given by the beamwidth. The array designed for the exploration of the novel approach had 112 microphones and

950-mm aperture. In comparison with classical designs, also optimized for the same number of microphones and aperture,

the approach provided the best array resolution and a high dynamic range level almost uniform over the frequency range of

interest (800 to 20,000 Hz). Microphone shading was also assessed for improving the array performance, and the

employment of only the outermost microphones (the innermost ones were shaded) reduced approximately 40% the array

beamwidth.

Keywords Aeroacoustics � Microphone phased array design � Acoustic beamforming technique

1 Introduction

Microphone array-based techniques, as beamforming, have

become widely spread tools for the study of aeroacoustic

noise [11, 16, 22, 28, 32], especially after the development

of deconvolution algorithms [5, 10, 15, 33, 37]. Beam-

forming algorithms steer the microphone array to an

assumed distribution of uncorrelated monopole point

sources over a region of interest, and they produce a spatial

sound pressure level distribution, i.e., a beamforming map.

The noise spectra can be calculated by the integration of

the sound pressure level distribution for each frequency.

The design of a microphone array is of paramount

importance for good beamforming performance. The

number of microphones and maximum array aperture,

usually limited by the physical space available for their

installation, are the main input parameters for the array

design. Important performance parameters of the antenna,

such as array beamwidth, associated with the spatial res-

olution of the identified sources, and dynamic range,

associated with the maximum side lobe suppression, are

provided by the point spread function (PSF). Both param-

eters are susceptible to optimization by the array distribu-

tion of microphones.

Current array designs include circular antennas with

microphones distributed over spiral-shaped arrays

[3, 9, 14, 23], although multi-arms are also commonly

employed [8, 23, 36]. This paper introduces an array design

approach for acoustic beamforming, hereinafter called

annular, for low- to mid-frequency applications in small

closed-test-section wind tunnels. Low- to mid-frequencies

must be taken as relative to a reference frequency scale,

which, in this case, is given by c / D, where c is the sound

speed and D is the array aperture. Variations in sound

speed and aperture for a same design modify the optimal

frequency range. As the array design was intended for

small closed-section wind-tunnel applications, the opti-

mization was conducted only for beamforming in the near-
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field regime, i.e., an acoustic source distance smaller than

the array diameter. The performance of the array for far-

field sources was not investigated. Low spatial resolution

associated with large beamwidth is often a problem for low

frequencies. The design focuses on the optimization of the

resolution with an acceptable level of dynamic range. In

the novel design, the microphones are distributed in

annular sections, or rings, and each ring contains a number

of microphones chosen by the designer. The area assigned

to each microphone is determined from the number of

rings, number of microphones for each ring, array aperture

and innermost annular section diameter. Accordingly, the

internal and external radii of the annular sections are cal-

culated, a rotation is defined among the microphones of

each ring and the microphones are distributed over the

array. The array design exhibits a plateau-like dynamic

range for a given frequency range, owing to the spatial

weighting over the array provided by the use of an equal

aperture per sensor [23]. The geometry developed was

compared with reference antennas designs, and a micro-

phone shading strategy was also explored through the array

PSF study and experiments with a loudspeaker.

The paper is organized as follows: Sect. 2 provides a

brief literature review of classical antenna approaches

employed for acoustic beamforming; Sect. 3 describes the

methodology employed, which includes the array perfor-

mance evaluation parameters, design approach, hardware

and experimental setup employed; Sect. 4 reports the

results of comparisons among the designed array and other

design approaches from the literature and addresses

microphone shading applied over the proposed array; and

finally, Sect. 5 summarizes the conclusions.

2 Reference designs

Antennas designed for acoustic beamforming are com-

monly circular, although simpler geometries, such as pla-

nar and cross-shaped arrays [18, 19, 30], have also been

used for such a purpose. Several proposals have been

developed for the optimization of microphone distribution

in circular antennas. Spiral array designs are very popular

for acoustic beamforming applications, as they ensure a

non-redundant spacing among microphones and improve

the dynamic range associated with spatial aliasing. The

Archimedean spiral array [23] employs a simple spiral

formulation, and the designer chooses the maximum and

minimum spiral radii and number of spiral turns.

An important step for the microphone array design

development was the control of the microphone distribu-

tion along the spiral. Dougherty [9] introduced the

Dougherty logarithmic spiral, through which microphones

are placed into equally spaced arc lengths and more evenly

spaced than the designs described above. The designer

selects the maximum and minimum spiral radii and a

constant angle between an arc length and the spiral radius

corresponding to the microphone position. Arcondoulis

et al. [3] aimed at an array with a higher concentration of

microphones near the array center and proposed an expo-

nential spiral equation in which the designer chooses the

number of spiral turns and four coefficients to set the array

size and spacing among the microphones.

The combination of spirals was also another important

step for the antenna design. According to multi-arm array

design approaches, microphones are evenly distributed

among arms. In the Dougherty multi-spiral design [23],

each arm is a logarithmic spiral based on Dougherty log-

arithmic spiral [9] and the arms are evenly distributed

around the array center. The designer controls the maxi-

mum and minimum spiral radii, number of spiral arms,

number of microphones per arm and spiral angle. The

spiral arm approach led to other interesting possibilities.

Christensen and Hald [7, 8] introduced the Brüel & Kjaer

multi-arm design for facilitating the antenna assembling.

The microphones are arranged into spokes fixed on two

hoops (as in a bicycle wheel), which limit the spoke length.

The approach enables a non-uniform microphone spacing

along the spokes, and the designer specifies the spoke

length, spoke angle and number of microphones per spoke.

The array performance is marginally reduced in compar-

ison with the more general multi-spiral strategy and facil-

itates the use and transport of the antenna. The Underbrink

multi-spiral [23, 36] is an evolution of the multi-spiral

design and ensures the microphones occupy an equal

aperture area over the array. Its design includes the same

parameters of the Dougherty multi-spiral array.

Prime and Doolan [29] conducted a comparative study

of several antenna geometries for beamforming. According

to the results, the multiple spiral arms with evenly spaced

microphones provide the best array resolution within an

acceptable dynamic range. The concentration of micro-

phones in the array center enhances the dynamic range;

however, it reduces the array resolution. The authors con-

cluded the array design proposed by Underbrink [36] with

a constant area per microphone offered the best overall

performance. Humphreys et al. [17] combined two differ-

ent and complementary arrays, namely LADA—Large

Aperture Directional Array and SADA—Small Aperture

Directional Array. The former provides higher resolution

noise source maps, whereas the latter yields a better

localization of sources for selected noise source regions.

Section 4.1 addresses a performance comparison among

our array design, introduced in Sect. 3.2, and six reference

antennas designs, namely Archimedean spiral [14, 23],

Dougherty logarithmic spiral [9], Arcondoulis spiral [3],

Underbrink multi-spiral [36], Brüel & Kjaer multi-arm
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[7, 8], described in the above paragraphs. The reference

antennas were designed after a brief parametric study based

on a sensibility study, not reported here; the best array

performance was selected according to an accept-

able commitment between the beamwidth and dynamic

range criteria, i.e., low beamwidth and high dynamic range

values in the 800 Hz to 20 kHz frequency range.

3 Methodology

3.1 Array performance evaluation

The point spread function (PSF) shows the array response

to a point source of unitary amplitude, which constitutes a

sound pressure level distribution on a plane parallel to the

array at a certain distance from it [4, 19, 23]. For the PSF

calculation, a mesh of N focal points is defined on the

evaluation plane and the array is steered to each focal point

at the frequencies of interest according to

psf ðn;xÞ ¼ Gn

jjGnjj
Gt

�

jjGtjj

�
�
�
�

�
�
�
�

2

ð1Þ

where x is the angular frequency, n is a mesh point and �

indicates conjugate transposition. Gn is a vector containing

the transfer function between each microphone and mesh

point and Gt is a vector containing the transfer function

between a microphone and target point t, i.e., the mesh

point in which the synthetic monopole source is situated.

The vector elements are given by

Gnðrm;n;xÞ ¼ e
�jxrm;n

c

4prm;n
ð2Þ

Gtðrm;t;xÞ ¼
e
�jxrm;t

c

4prm;t
ð3Þ

where rm;t is the vector (and rm;t its modulus) containing

the m-th microphone position relative to the target point, t,

rm;n is the vector (and rm;n its modulus) containing the m-th

microphone position relative to the mesh point n, as shown

in Fig. 1, c is the sound speed and j is
ffiffiffiffiffiffiffi

�1
p

.

As the array aperture is finite and the signal spatial

sampling is discrete, the array response pattern, i.e., PSF,

shows a wide main lobe surrounded by irregularly dis-

tributed sidelobes. Figure 2 shows a schema of a PSF cross

section whose main lobe and some sidelobes are visible.

The beamwidth is given by the main lobe diameter mea-

sured 3 dB below its peak, and the dynamic range is

evaluated as the difference between the main lobe peak and

the highest sidelobe peak.

The lower the frequency, the wider the beamwidth,

hence, the lower the spatial resolution of the acoustic

sources reconstructed, i.e., even when punctual, the

acoustic sources are represented as spots of finite diameter.

At higher frequencies, a small beamwidth is achieved and

the beamforming algorithms can represent more localized

sources. This study considered the 1/12 octave middle

frequencies in the 800 Hz to 20 kHz frequency range

comprising 56 discrete values.

A least square power law fitting was proposed by

Brooks and Humphreys [5] as

BWðf Þ ffi CBW

h

D
f�1 ð4Þ

where BW is the array beamwidth, h is the distance

between the array and beamwidth evaluation mesh plans, D

is the array aperture, f is the frequency and CBW is a

coefficient that characterizes the array beamwidth at all

frequencies and enables the comparison of different

microphone arrays. The lower the CBW value, the lower the

beamwidth. Such a parameter will be employed in the

comparison of the beamwidth performance of the different

arrays reported in Sect. 4.

The dynamic range is a highly irregular function of the

frequency and strongly dependent on the microphone

arrangement. The limited array dynamic range becomes

more evident at higher frequencies, as the PSF shows a

large number of sidelobes surrounding its main lobe.

Sidelobes are considered a problem, as they can be mis-

taken by additional sources. Owing to their highly irregular

distribution over a frequency range of interest, the estab-

lishment of a single dynamic range performance parameter

is a difficult task. The mean dynamic range is not a suffi-

cient measure because the dynamic range above certain

values, say 20 dB, at some frequencies, offers no practical

benefit and does not compensate for very low dynamic

range values at other frequencies. Therefore, both mean

dynamic range (DR) and standard deviation (DRr) were

Mesh

Microphone Array

t

Fig. 1 Diagram of the point spread function (PSF) calculation
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evaluated for the 1/12 octave central frequencies of interest

for the evaluation of the dynamic range of the array designs

discussed in Sect. 4. A good dynamic range performance

combines a high arithmetic mean, i.e., high level, with a

low dispersion, i.e., low standard deviation.

For the verification of our codes and procedures, we

performed a comparison between our beamwidth and

dynamic range estimates for the large aperture directional

array (LADA), presented in Humphreys et al. [17], with the

estimates given in the publication, Fig. 3. The PSF was

evaluated on a plane 1219 mm distant from the array for a

1219� 1219 mm2 mesh size. Humphreys et al. [17] do not

provide a dynamic range curve, but only PSF cuts, showing

main lobe and some sidelobes, at 6 and 10 kHz frequencies,

similar to the scheme of Fig. 2. From the PSF cuts, we

estimated the LADA dynamic range values at 6 and 10 kHz

as 7.5 dB each. These results and our dynamic range

estimates for the LADA are compared in Fig. 3b. The

agreement in both beamwidth, Fig. 3a, and dynamic range,

Fig. 3b, is very good.

3.2 Design approach

As pointed out by Prime and Doolan [29], the multi-spiral

arms proposed by Underbrink [36] provided the best per-

formance among the arrays studied. Nevertheless, the

multi-spiral arms are still somewhat restrictive, as the

number of microphones per ring is equal to the number of

arms. Here, we investigate improvements to be achieved if

such a restriction is relaxed. One a priori benefit is the

number of microphones does not need to be a multiple of

the number of arms. Yet, the design is based on Underbrink

[36] strategy, which maintained an equal aperture area per

microphone and substantially improved the dynamic range.

Figure 4 shows a diagram of the parameters of the array

design strategy proposed.

The designer chooses a number of parameters, namely

array aperture, D, first microphone ring diameter, d, total

number of rings, Q, and number of microphones per ring,

Cq. M is total number of microphones, i.e.,

M ¼
XQ

q¼1

Cq: ð5Þ

For 2� q�Q, the array area subtracted the internal disk

area is divided by the total number of microphones minus

those of the inner disk, for the evaluation of the area of

each microphone, Smic;q� 2

Smic;q� 2 ¼
p D2 � d2ð Þ
4 M � C1ð Þ

ð6Þ

The area of each ring is given by

-1

0

1

(a) (b)

-1

0

1
-20

-15

-10
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0

[d
B
]

psf cross-section

DR
BW

3 dB
Main
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Side
Lobes

Fig. 2 Beamwidth and dynamic

range definitions. a PSF three-

dimensional diagram. b PSF

two-dimensional diagram

(a) (b)

Fig. 3 LADA beamwidth and

dynamic range results.

a Beamwidth. b Dynamic range
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Sq ¼ Smic;q� 2Cq ð7Þ

for 2� q�Q. The area of the inner disk, i.e., for q ¼ 1, is

S1 ¼
pd2

4
ð8Þ

The microphone radial positions are evaluated through the

following recurrence relation

rq ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi

r2q�1 þ
Sq

p

r

ð9Þ

for 2� q�Q. Note r1 ¼ d
2
.

For each array ring, an offset angle, h0;q, is defined as

h0;q ¼ q� 1ð Þ 2p
Q

þ h0;1 ð10Þ

for 2� q�Q. We chose h0;1 ¼ 0 for the first ring of the

current array.

The microphones within each ring have an angular

spacing

Dhq ¼
2p
Cq

ð11Þ

The angle hq;m, for each microphone of each ring, is then

given by

hq;m ¼ m� 1ð ÞDhq þ h0;q ð12Þ

In cylindrical coordinates, the array microphone positions

are rq and hq;m.
If a microphone array with all microphones occupying a

same aperture area is desired, d should be defined as

d ¼ D

ffiffiffiffiffiffi

C1

M

r

ð13Þ

However, d must be an adjustable parameter defined by the

designer. The innermost microphone ring diameter strongly

impacts the array dynamic range, as the smaller the

diameter d, the higher the dynamic range. On the other

hand, a higher d promotes a smaller beamwidth. The

innermost microphone ring diameter may also need to be

adjusted owing to installation constraints.

3.3 Experimental apparatus

The array is intended for the Low Acoustic Noise and

Turbulence (LANT) wind tunnel designed for aeroacoustic

and boundary layer research at the University of Sao Paulo,

Sao Carlos School of Engineering (USP-EESC) [31]. Its

closed test section is 1000 mm high, 1000 mm wide and

3000 mm long, and the microphone array is mounted on

the wind-tunnel test-section wall, Fig. 5. Therefore, the

array aperture of a circular array could not be larger than

1000 mm and a 950-mm aperture was chosen.

The acoustic instrumentation included a National

Instruments acquisition system, which houses up to 112

microphone channels divided into seven PXI-4496 boards

of 24-bit 16 analogical inputs. Each PXI-4496 board, which

includes built-in anti-aliasing filters, is arranged into a PXI-

1042Q chassis and enables the simultaneous sampling of

data at rates up to 204.8 kS/s per channel, in a 114 dB

dynamic range. Data are transferred at 132 MB/s by the

PXI-PCI8336 modulus, which connects the PXI-1042Q

chassis and the PXI-8351 computer. 112 G.R.A.S. Sound

and Vibration 1/4 in. 40PH microphones are available for

the antenna. They reach frequencies of up to 20 kHz and

have a large dynamic range of approximately 135 dB. Each

microphone contains an integrated CCP preamplifier and

built-in TEDS chip. A 4 mA constant current power supply

is required for the operation of each microphone.

Tests with a Pioneer TS-MR2040 loudspeaker,

employed as an approximation to a monopole source, and

an anechoic enclosure, for the avoidance of possible wall,

floor and ceiling sound reflections on the microphones

flush mounted on the antenna were conducted, Sect. 4.2.

A house of foam employed emulated an anechoic enclo-

sure, and its walls were coated with a 100-mm-thick

convoluted melamine foam of 0.90 noise reduction coef-

ficient, Fig. 6. The house of foam has internal dimensions

of 1000 mm height, 1000 mm width and 900 mm depth,

and the antenna is positioned at the loudspeaker opposite

wall. The loudspeaker was aligned with the array plane

central point and driven by white noise between 20 and

20,000 Hz. The noise emitted by the speaker was

acquired by the 112-microphone array at a 48 kHz sam-

pling rate over 20 s.

Fig. 4 Diagram of the main parameters of the array design strategy

proposed
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4 Results

4.1 Comparison among the proposed array
and classical designs

A parametric study of the proposed design strategy led to

the array shown in Fig. 7a. It employed 112 microphones,

which reflects an acquisition system with seven slots with

16 channels each. The microphones were divided into Q ¼
10 rings; each of the seven innermost rings contains seven

microphones, and each of the three outermost rings con-

tains 21 microphones. A higher concentration of micro-

phones over the outermost rings was employed, so that

lower beamwidth values could be achieved, whereas the

microphone distribution on the other rings ensures an

acceptable dynamic range level almost constant in the

frequency range of interest. Both array aperture, D, and

first ring diameter, d, were chosen as 950 mm (1000 mm is

the height of the wind-tunnel test-section walls) and 150

mm, respectively. The optimization procedure was based

on a sensitivity study. The number of parameters is vast,

the calculations can be time-consuming and some param-

eters are discrete; therefore, the application of an opti-

mization algorithm can be difficult and we choose to apply

a manual optimization procedure. The array aperture and

number of microphones were pre-defined due to a well-

defined setup and application. Since the goal was not to

find the best possible array, but rather, an array design that,

for our interest, could be better than the alternatives, the

sensitivity analysis, which could be automatized, was suf-

ficient to provide the trends and pointed to some saturation

regions. The same approach was employed to optimize the

classical designs.

Figure 7b shows a photograph of the antenna rear view

mounted on the wind-tunnel test-section wall. The antenna

is assembled in a Plexiglas panel of 10 mm thickness and

supported in aluminum frames, and the 112 microphones

employed in the array are flush mounted. Therefore, the

array is essentially mounted flush to an infinite baffle and

the Green function is doubled to account for this effect

[12]. Such a pressure doubling approximation is correct if

Fig. 5 Test section of the low-speed low-turbulence wind tunnel. The shaded window represents the antenna mounting on the test section

Fig. 6 House of foam employed for experimental cases
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the acoustic wavelength is significantly smaller than the

array aperture. If the acoustic wavelength is comparable or

larger than the array aperture, it can be important to con-

sider diffraction or reverberation effects [11, 20, 35]. Such

effects are not considered in our beamforming codes and

are generally not considered in beamforming codes used in

closed-test-section wind tunnel experiments

[13, 21, 24, 25]. It is admitted that the approach may be

inadequate for low frequencies, but based on the literature

[12] and on a previous work in which our experimental

beamforming results were compared with numerical sim-

ulation results of slat noise [26], we expect the beam-

forming approach here described would be satisfactory

above 800 Hz frequency. It is also noted that the wind

tunnel for which this array is intended has provision for

acoustic treatment on the working section walls, which, as

shown in Serrano Rico et al. [31], reduce significantly these

effects.

Figure 8 shows the PSF of the designed array for 1, 2, 4,

8 and 16 kHz frequencies, from which both beamwidth and

dynamic range data were extracted. Note the side lobes

distribution around the main peak shows a remarkably

good circular symmetry that is normally taken as a good

indication [23].

Comparisons were carried out with some classical ref-

erence designs with the performance parameters formerly

described for accessing the benefits of the annular design.

Figure 9 shows six reference classical antenna designs for

comparisons with the array design approach introduced in

Sect. 3.2. All antennas were designed with 112 micro-

phones and D ¼ 950 mm aperture and optimized to a

substantial degree.

Figure 10 displays the array performance results of the

classical antenna designs (Fig. 9) and those of the annular

antenna for the 1/12 octave frequencies within the 800 to

20,000 Hz range. More quantitative results are found in

Table 1, which shows the array performance evaluation

coefficients defined in Sect. 3.1 and Eq. 4 for the different

antennas studied. The array PSF was evaluated on a plane

500 mm distant from the array for a 5000� 5000 mm2

mesh size with 10 mm equally spaced points, which

resulted in 251,001 discrete points for each frequency of

interest. For lower frequencies, the PSF shows only a single

wide main lobe in the mesh used; therefore, the dynamic

range results are less reliable.

The proposed design approach (annular) exhibited the

lowest beamwidth values among all designs, i.e., approxi-

mately 300 mm at 800 Hz and CBW of 459.9579 m/Hz,

followed by Underbrink multi-spiral (320 mm at 800 Hz,

CBW of 484.0305 m/Hz) and Dougherty spiral (340 mm at

800 Hz, CBW of 504.6835 m/Hz). Arcondoulis spiral

showed the worst beamwidth performance, i.e., approxi-

mately 470 mm at 800 Hz and CBW of 694.1238 m/Hz—

remember CBW parameter was defined in Eq. 4, Sect. 3.1.

The Archimedean spiral geometry exhibited the best

dynamic range levels, i.e., the highest DR, followed by the

Arcondoulis spiral geometry. However, the antennas of

best DR performance coefficient did not display a similar

dynamic range performance in the frequency range, i.e.,

such designs exhibit high DRr values, Table 1, owing to

the higher dynamic range values at lower frequencies,

Fig. 10. For instance, they can reach a dynamic range well

above 20, which is certainly unnecessary for most appli-

cations. The Underbrink multi-spiral and Dougherty spiral

approaches do not show such a large DR; however, their

dynamic ranges are more evenly spread throughout the

spectrum, i.e., the designs show low DRr values.

Overall, the results convey the underlying concept that a

higher dynamic range and a smaller beamwidth are con-

flicting demands. Interestingly, the annular design provided

the smallest beamwidth (CBW ), the lowest DRr and an

acceptable DR level, hence, a good balance between such

conflicting requirements with a fairly constant dynamic

range level throughout the frequency range.

Figure 11 shows an assessment of the beamwidth and

dynamic range performance degradation over a line in the

horizontal direction for the annular array. The PSF curves

-0.5 0

(a) (b)

0.5
Streamwise Direction [m]

-0.5

0

0.5

Sp
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w
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e
D
ir
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]

Fig. 7 Antenna design with

seven inner rings containing

seven microphones each and

three outer rings containing 21

microphones each, which total

112 microphones. aMicrophone

positions of the designed

antenna. b Antenna mounted on

the wind-tunnel test section
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were evaluated for a punctual monopole source at several

target points between ðxt; yt; ztÞ ¼ ð� 475; 0; 500Þ and

(475, 0, 500) mm. A source horizontally and vertically

centered on the array shows the best combined perfor-

mance, i.e., higher CBW and DR, and acceptable DRr. The

CBW performance is essentially symmetrical with respect to

the microphone array center. Such a symmetry is not

observed for the dynamic range parameter performance. In

general, the dynamic range shows a degradation trend with

the source moving from the array center. The trends along

a vertical line are similar to those of the horizontal line, in

particular for the beamwidth. Johnson and Dudgeon [19],

Mueller et al. [23] and Prime and Doolan [29] reported

degradations in both beamwidth and dynamic range for

sources far from the array center. The level of degradation

observed in the current design can be considered similar to

that of other designs, i.e., the proposed design does not

overcome or circumvent those degradation tendencies and

is not more vulnerable to such effects than other designs.

4.2 Improvement in array performance
by shading

Array shading is a common acoustic beamforming practice

[2, 6, 34]. One of the array shading approaches employs

only a portion of the microphones composing the antenna.

The performance of several antenna configurations com-

prised of selected rings, i.e., 1–7 (configuration #1, 49

microphones), 1–3 and 9–10 (configuration #2, 63 micro-

phones), 5–7 and 9–10 (configuration #3, 63 microphones),
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Fig. 8 Annular array PSF for

selected frequencies. a 1 kHz.

b 2 kHz. c 4 kHz. d 8 kHz. e 16
kHz
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8–10 (configuration #4, 63 microphones) and 1–10 (con-

figuration #0, 112 microphones, full array) was evaluated

regarding beamwidth and dynamic range.

Figure 12 and Table 2 show, respectively, array per-

formance parameters and their coefficients. The analysis

indicates the use of only the outer array microphones can

reduce the beamwidth. Configuration #4, which employed

the outermost microphones, displays the lowest beamwidth

values, for example, approximately 250 mm at 800 Hz, and

CBW of 376.5635. The trade-off alluded corresponds to a

reduction in both beamwidth and dynamic range. Yet, the

dynamic range distribution over the frequency of interest

remained uniform.

Experiments with a loudspeaker positioned near the

array center in a plane 900 mm apart from the array,

Sect. 3.3, were performed for illustrating the array shading

effect over the beamforming map. The array used was

based on the proposed design, i.e., the annular array. In-
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Fig. 9 Antennas designed

according to the reference

strategies. a Archimedes spiral.

b Arcondoulis spiral. c Brüel &

Kjaer multi-arm. d Dougherty

spiral. e Dougherty multi-spiral.

f Underbrink multi-spiral
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house beamforming algorithms [1, 2, 26, 27] were

employed for the signal post-processing. For the calcula-

tions of the beamforming maps, the mesh was contained in

a squared domain of 1500� 1500 mm minimum dimen-

sions with 10 mm equally spaced points; it was centered in

the array 900 mm apart from the array plan, i.e., the same

distance within which the loudspeaker was positioned.

Figures 13 and 14 show the conventional beamforming

maps for the five different array shadings presented above

and 800 and 2250 Hz frequencies. Only sound pressure

levels 12 dB below the peak normalized for exhibiting a 0

dB maximum value are displayed. A cross indicates the

loudspeaker source position in the figures.

(a) (b)

Fig. 10 Performance evaluation

parameters of reference strategy

antennas for 800 to 20,000 Hz

1/12 octave frequency range.

a Beamwidth. b Dynamic range

Table 1 Beamwidth and dynamic range performance coefficients of

reference strategy antennas evaluated for 800 to 20,000 Hz 1/12

octave frequency range

Array CBW (m/Hz) DR (dB) DRr (dB)

Annular 459.9579 13.9579 2.0116

Archimedean spiral 542.6654 15.6935 4.6362

Arcondoulis spiral 694.1238 14.8299 3.8398

B&K multi-spiral 553.1658 12.9228 3.0458

Dougherty spiral 504.6835 12.6359 2.1276

Dougherty multi-spiral 546.0115 14.5404 2.4281

Underbrink multi-spiral 484.0305 12.2647 1.2575

Annular design results are given for reference

(a) (b)

Fig. 11 Study of the annular

microphone array beamwidth

and dynamic range performance

degradation. a Beamwidth.

b Dynamic range

(a) (b)

Fig. 12 Parameters of

performance evaluation of

different array configurations /

shading for 800 Hz to 20 kHz

1/12 octave frequency range.

a Beamwidth. b Dynamic range
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The acoustic map for microphones distributed near the

array center, as in configuration #1, Fig. 14, shows a wider

source in comparison with the full array. On the other hand,

configurations #3 and #4, which use an outer microphone

distribution, display acoustic maps with a narrower source

representation, although a number of sidelobes surround

the noise. In view of the results from the full array, the

determination of the real source is not ambiguous and the

source localization is substantially better. Under some

circumstances, a strategy using the external microphones

via shading may improve the source localization of previ-

ously isolated sources through the use of a full array, which

can be useful for investigations on low-frequency noise

sources in small wind tunnels.

5 Conclusions

This paper has introduced a microphone phased array

design approach for near-field acoustic beamforming. A

total of 112 microphones were distributed over a 950-mm

aperture representing a setup for a closed-test-section wind

tunnel. Beamwidth and dynamic range parameters, defined

through the array PSF, were employed for the evaluation of

the array performance. A good microphone array design

combines a small beamwidth and a high dynamic range;

however, the achievement of good performance in both

items simultaneously is difficult.

The annular design combined the characteristics of the

Underbrink multi-spiral array, i.e., an equal aperture area

per microphone guided by a reference spiral, with the

possibility of more microphones distributed over the

outermost rings, which enhanced the array resolution (low

Table 2 Performance

coefficients of array microphone

shading configurations

evaluated for 1/12 octave

frequency within the 800 to

20,000 Hz range

Array CBW (m/Hz) DR (dB) DRr (dB)

#0-Full, 112 microphones 459.9579 13.9579 2.0116

#1-Rings 1–7, 49 microphones 637.7129 12.9567 3.7815

#2-Rings 1–3, 9–10, 63 microphones 466.5477 11.1957 2.6796

#3-Rings 5–7, 9–10, 63 microphones 402.5416 10.0774 1.3784

#4-Rings 8–10, 63 microphones 376.5635 8.8790 0.2618

(a) (b)

(d) (e)

(c)

Fig. 13 Conventional beamforming acoustic maps of a speaker source at 800 Hz for different array shadings. a #0, Full. b #1, 1–7. c #2, 1–3 and

9–10. d #3, 5–7 and 9–10. e #4, 8–10

Journal of the Brazilian Society of Mechanical Sciences and Engineering (2018) 40:354 Page 11 of 13 354

123



beamwidth). The beamwidth requires special attention for

small closed-test-section wind tunnels, as the noise source

evaluation plan is very close to the microphone array.

Comparisons with reference design strategies revealed the

proposed array exhibits the lowest beamwidth, whereas a

very high averaged dynamic range was achieved with an

even distribution over the frequency range of interest. The

performance degradation for a source located far from the

array center is similar to that observed in other designs. A

design with a high concentration of microphones near the

array aperture and a moderate concentration over its center

provided the best balance between the beamwidth and

dynamic range for our current interests. The idea, however,

can be applied, within limits, for the control of such

parameters.

A study of possible array configurations produced by

microphone shading was also carried out. When the 63

outermost array microphones were used, a 40% beamwidth

improvement was achieved at an expense of an approxi-

mately 35% reduction in the dynamic range mean level.

For beamforming purposes, a combination of the full array

and microphone shading schemes can be employed for the

association of a good level quantification (full array) and

better source localization (outer microphone rings).
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