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Abstract

This paper introduces a three-dimensional (3D) microphone array associated with a ded-
icated beamforming algorithm for aeroacoustic sources identification in an anechoic wind-
tunnel. The array is arranged into a “tunnel geometry” composed of three nearly per-
pendicular planar sub-arrays consisting of 768 digital Micro ElectroMechanical Systems
(MEMS) microphones enclosing the 3

4 open test-section of the wind-tunnel. This setup en-
ables to scan a volume containing the potential noise sources in the wind-tunnel flow. Dig-
ital MEMS microphones allow significant cost reduction and lower complexity for large
array systems. Several spatial arrangements of the microphones were investigated in terms
of resolution and signal-to-noise ratio using synthetic noise sources in order to find the
optimal one under manufacturing constraints. The coordinates of the microphones after
installation of the array system were obtained by using a method based on the differential
times of arrival. The array processing algorithm is based on a 3D implementation of the
beamforming technique, associated to the Clean-SC method extended to applications in-
volving dipolar sources, in order to improve the spatial resolution of the 3D sound maps.
The application results presented in this study concern the dipolar broadband noise sources
radiated by two wall-mounted NACA 0012 airfoils.

1 INTRODUCTION

Microphone arrays are nowadays very common tools in wind-tunnels for performing experi-
mental aeroacoustics studies. Most of the time, planar arrays are used. Such arrays are powerful
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tools to identify the sources of sound in a plane parallel to the array, but their resolution is bad
perpendicularly to the array so that they fail to perform source identification in three dimen-
sions. However, this aspect is important for studying the sound radiation of obstacles which
are strongly three-dimensional (3D). Such studies can be achieved only by using 3D arrays,
measuring the sound radiation over a large solid angle around the source, in order to capture the
3D patterns of the radiation.

In 2010, Dougherty [4] reported the design of a cylindrical cage array of 105 pressure trans-
ducers enclosing a jet. Diverse beamforming techniques were evaluated to investigate the noise
sources at low frequency. Padois et al. [12] used four sub-arrays of 48 microphones mounted
on the walls of the closed test-section of a wind-tunnel, and applied their system to the aelioan
tones produced by a cylinder. Porteous et al. [13] used two perpendicular arrays of 31 micro-
phones to investigate the radiation of cylinders and airfoils; the originality of their study was
the use of a 3D beamforming algorithm (associated to the CLEAN-SC deconvolution technique
[15]) taking into account the dipolar nature of the radiation. In 2017, Ernst et al. [5] designed
a 3D array by optimizing the microphone positions in order to reduce the side lobes in three-
dimensional space. In the present study, some measurements are carried out in a wind-tunnel
with an open test-section. A large array has been designed, with a tunnel shape totally enclosing
the test-section. Such an array requires a high number of microphones (of the order of several
hundreds), in order to reach a targeted operational frequency range reaching frequencies of the
order of 10 kHz.

Large microphone arrays are still rare nowadays because the technological barriers remain
numerous: the congestion of the connections, the complexity of the electronic design and man-
ufacturing of the system, maintenance complexity to replace faulty channels, the difficulty and
time required to deploy the system in situ. To defeat these locks, a strategy is to propose an
architecture dividing the array into sub-arrays. The advantage lies in the ability to position
subsets over a large area, and in the fact that it requires a number of wires lower than the num-
ber of microphones. Silverman et al. were pioneers in making large arrays in the late 1990s,
with the Huge Microphone Array, made up of 512 electret microphones [16]. The architecture
was broken down into 16-microphone modules containing the analog-to-digital conversion and
then connected by optical fiber to the master interface. The LOUD array, designed at MIT in
2004, has long been the largest network, equipped with 1020 channels [20]. In this purpose,
the team designed the most modular structure possible: the instrumentation chain is compacted
closer to each microphone. This has two important advantages: (i) ease of manufacture and
maintenance: all modules are identical, and can easily be replaced in the event of a failure, (ii)
the signal transmission is entirely digital. But this array of transducers was still very complex
and its shape was only two-dimensional. In 2004, Humphreys et al. [7] designed a planar ar-
ray of 128 analog microphones which solved the problem of complexity of the conditioning
stage. The application to a scaled landing gear indicated performances equivalent to arrays of
measurement microphones.

In this study, we propose to use a massive multi-channels antenna in order to build a 3D array:
the MegaMicros system, developed at Institut d’Alembert [18]. This new generation of array
is based on the use of a large number of digital MEMS (Micro ElectroMechanical Systems)
microphones (up to 1024). This 3D array will be used in this paper to investigate the noise
produced by two wall-mounted NACA 0012 airfoils.

The present paper is structured as follows. In Section 2, the data acquisition system is first
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briefly presented. In Section 3, the experimental set-up (wind-tunnel, test cases) and the char-
acteristics of the 3D array (response of the microphones, design and optimization of the array
geometry) are presented. The array processing techniques used, based on 3D beamforming, are
introduced in Section 4, followed by results concerning the two wall-mounted airfoils located
in the wind-tunnel test section . The paper ends with a set of conclusions (Section 5).

2 ACOUSTIC DATA ACQUISITION SYSTEM

The acoustic data acquisition system allows to synchronously acquire up to 1024 digital sig-
nals from MEMS microphones and 16 other signals from analog channels. The 1024 MEMS
microphones are divided into 128 bundles of 8 microphones. Each microphone is inserted in
a small PCB card (see Fig. 1). In each bundle, the 8 microphones are controlled by a buffer
card (see Fig. 1) linked to the data acquisition system with a RJ45 cable (see Fig. 2). First,
the data acquisition system collects all the signals acquired by each channel (digital and analog
ones). The MEMS microphones are ICS-43434 microphones developed by InvenSense. These
microphones deliver digital signals: the whole instrumentation chain is directly included on the
chip (the transducer, an amplifier and a 24 bits AD converter). From the microphone to the
interface, signals are handled with I2S serial protocol. The sampling frequency can be chosen
by the user up to 50 kHz. Then, the 24-bit integer samples are converted to 32-bit floats before
multiplexing and transfer via the USB 3.0 serial bus to the host PC.

Figure 1: Photograph of a buffer card and of a microphone card.

Figure 2: Photograph of the acoustic data acquisition system. The colored cables are RJ45
linking the buffer cards to acquisition system.
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3 EXPERIMENTAL SET-UP

3.1 Wind-tunnel and test models

Wind tunnel The anechoic wind-tunnel BETI of the PPRIME Institute is an open circuit
wind-tunnel for aerodynamic and aeroacoustic studies. The wind-tunnel flow is drawn by fan
assemblies downstream the test section with suction. Figure 3 shows the sketch of a part of the
wind-tunnel. The open test section with a wood plank as bottom is located in an anechoic room
of 90 m3 allowing a cutoff frequency of 200 Hz. The length of the test section in wind-tunnel
flow direction is 1.44 m. The wind-tunnel flow is firstly accelerated in a tunnel with decreasing
section area (with a contraction ratio of 10), and enters the test section from a rectangular nozzle
of (0.7� 0.7) m2. At the nozzle exit, the boundary layer thickness is of the order of 10 mm, and
the turbulence intensity of the free-stream flow is about 1.5 %. The flow is then sucked through
a collector of dimensions (width � height) (1.00 � 0.87) m2. The maximum free-stream veloc-
ity of the wind-tunnel flow is up to 60 m/s (216 km/h). The coordinate system (O;x;y;z) used
for the experiments in this paper is presented in Fig. 3. The origin of the coordinate system is
located at the center of line AB (see Fig. 3). Axis x follows the wind-tunnel flow direction, and
axis z follows the vertical direction.

Figure 3: Sketch of the test section of the anechoic wind-tunnel of the PPRIME Institute.

Test models The test models under study are two wall-mounted finite length NACA 0012
airfoils with a flat-ended tip and sharp trailing edge. They both have a chord length C = 200
mm. The short NACA 0012 airfoil has a span length L1 = 400 mm and its leading edge is
located 350 mm downstream of the nozzle exit at zero-angle of attack. The long NACA 0012
airfoil has a span length L2 = 458 mm and its leading edge is located 450 mm downstream of
the nozzle exit at zero-angle of attack. The airfoil models are mounted vertically to the bottom
of the open test section as shown in Fig. 4. The distance between them in the y direction is 200
mm. For the two wall-mounted airfoils, a tripping device using a rough band (sandpaper) with
a width of 15 mm is placed at a distance of 10 mm from the leading edge along the span at one
side of the airfoil surface. Hence, a forced transition of boundary layer can occur on the side
with such devices and a natural transition of boundary layer can occur on the other side of the
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