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Abstract
The recent advancements in micro-electro-mechanical systems (MEMS) technology have opened the
opportunity for the reliable use of digital MEMS pressure sensors. Due to these sensors’ low power
consumption and lightweight design, the trend of instrumentation based on MEMS technology is on
the rise. In this paper, we present the design of a scalable low-cost acoustic camera tailored for
jet-noise diagnostics. By leveraging MEMS pressure sensors connected in an array configuration,
we aim to enhance noise analysis implementing advanced beamforming techniques and allowing the
characterization of jet-noise sources from far-field measurements. Intending to render the microphone
array both flexible and scalable, the design relies on the use of multiple attachable modules and subsets,
enabling easy adjustment and expansion of its dimensions. Every subset comprises a printed circuit
board housing 16 sensors, and a microprocessor which is in charge of managing one module of 4
subsets, facilitating the implementation of beamforming techniques. Every module was designed not
only to minimize measurement disturbances, but also to reduce its influence in the acoustic field while
preserving the overall functionality and reliability of the system.
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1 Introduction

Phased microphone arrays have been developed over the last fifty years as an instrument to localize
sources emitting sound [1], mimicking the radar process to estimate the position of an object by the
joint analysis of simultaneous signals. This technology provides an alternative method to assess sound
emission by identifying and localizing sources with the highest sound energy contribution. Furthermore,
moving objects like aircraft, trains, cars, and other machinery can be analyzed to diagnose the acoustic
emission of those parts or components that emanates the most significant sound contribution. [2]. The use
of acoustic cameras has been on the rise due to their flexibility and ability to capture sound contributions
under difficult scenarios. Based on inverse models of sound propagation and arrival estimation, other
noise contributions are separated from the desired acoustic signals, such as speech data acquisition
systems, audio surveillance, and static sound sources detection [3, 4].
In outdoor environments, the primary energy contributions from a complex group of noise sources can
be localized by using this instrument. Whereas, in more controlled conditions, noise diagnostics are
obtained, enabling the study of the acoustic emissions produced by physical phenomena with object
interactions. Indeed, identifying where the sound generation is happening is crucial for acoustic design
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and noise emission optimization [5]. This tool allows for an effective noise reduction, by applying noise
mitigation strategies to those identified sub-sources that contribute the most to the overall sound pressure
levels.
In practice, the localization capability of microphone arrays is constrained by the number of microphones
and separation between them. At low frequencies, the acoustic localization is limited by the end to end
distance of the microphone array, since a larger microphone array aperture is needed to capture longer
wavelengths. This issue represents a challenge for finding a compromise between the size of the array
and the number of sensors. At high frequencies, spatial aliasing occurs, which is tightly related to
the array’s directivity. This type of aliasing appears for those frequencies with wavelengths shorter
than half the distance between the microphones, leading to inaccurate sound localization [2]. These
issues can be solved by building bigger arrays with a vast number of microphones, yet increasing the
number of transducers to acquire acoustic signals means rising the price of the measurement system
and its computational cost. In this sense, Micro-Electro-Mechanical Systems (MEMS) are preferred
for acoustic and vibroacoustic measurements for their price, dimensions, and integrated digital signal
conditioning. The employment of MEMS technology has led to the possibility to build low-cost and
precise instrumentation with less electronic complexity. To illustrate, Pankaj’s proposed array [6] employs
a 16 MEMS microphone group, which showed strong qualitative results as well as quantitative agreement
in comparison to an array of precision condenser microphones. This methodology demonstrates that
lower-cost MEMS sensor systems can be achievable, reliable, and, at times, comparable with a class 1
microphone array. Other MEMS-based arrays have been proposed in [6–8] with the goal of providing low-
cost and low-power measurement systems. However, most of the previous approaches, while achieving
affordable array platforms, were not designed for either being part of a large-scale array of transducers
creating a massive acoustic camera nor for being employed for far-field jet-noise studies.
Hence, the prototype proposed in this work is focused to diagnose and characterize the sound coming from
a cold air jet facility [9], where microphones will be placed in parallel to the streamwise axis. Through
this measurement technique, noise source generated by turbulent airflow produced by jet engines can
be studied and characterized with an optimized design. These diagnostics capabilities can drive the
design of more silent jet engines, modifying the flow to suppress the most acoustically annoying flow
fluctuations.
The design criteria of this acoustic camera are based on an electronically optimized modular system,
with low-cost components. To achieve this, three main aspects have been considered: (1) the ability
to measure jet noise, (2) the capacity to shape-shift the group of subarrays and (3) the possibility of
scaling up to a larger acquisition system. For jet noise studies, the design of the microphone array must
span the most relevant sections of the jet in the streamwise direction. Next, the configuration of the
subarrays must be flexible to be square or rectangular, covering the jet plume regions. Another potential
enhancement to the resolution of the results is the scalability of the number of microphones and array
dimensions. Finally, the selected microphones not only allow for optimized digital audio conversions,
but also microprocessor use a high-speed data traffic interface to send the audio to a master data collector,
allowing for the construction of a massive acoustic camera with 1024 sensors. This feature is desirable
for attaching more subarrays identical to this.
The design of the microphone array is evaluated by simulating its acoustic response, considering physical
properties and microphone distribution. The capability of the beamforming prototype is demonstrated
by using the delay-and-sum algorithm with a spherical sound source propagation model, considering
the microphone positions and different source locations. As a result, the size of the array and distance
between microphones leads to a limitation of the directivity and spatial aliasing.
The remainder of this communication is organized as follows. In Section 2, details and design criteria
are explained. Next, the methodology under which the prototype was evaluated is presented in Section 3.
Conclusions are shown in Section 4.

2 Acquisition System

This initial phase of project involves designing the hardware capable of measuring acoustic waves using
a large number of microphones while keeping the cost low. Additionally, the scalability of the arrays,
which consists of connecting multiple identical acquisition modules in parallel, requires efficient data
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Acústica 2024 – TecniAcústica 2024, 11 a 13 de setembro, Faro, Portugal

Figure 1 – Left shows a 16 microphone sub-module PCB. Right shows the complete 64 microphone
module comprised of four 16 microphone sub-modules.

traffic management.

2.1 Concept design

To characterize the sound source position in terms of its elevation and azimuth, a bi-dimensional
distribution of sensors is needed, which leads to an increase in both cost and complexity. In our design
we opted to use a Uniform Planar Array (UPA) with the microphones placed in a square grid, see Figure 1.
This allows for easier geometrical scalability since growing the size of the array while maintaining the
spatial pattern is straightforward.
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Figure 2 – Concept diagram for the array configuration and data acquisition strategy.

Following [6] we decided to employ smaller 16-microphone sub-modules to allow for more flexibility in
the acquisition strategy and in the array configuration. Figure 2 shows the concept diagram.

2.2 Acquisition strategy and data transmission

The vast quantity of data generated by microphone arrays requires advanced signal acquisition and
processing strategies. To harness the full potential of these arrays, particularly for applications like
beamforming, all elements should capture sound simultaneously to enable for precise phase alignment
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of the signals.
With this in mind, we chose the ICS-52000 MEMS microphone for several reasons. Firstly, its design
is specifically tailored for array applications, providing an efficient multiplexing interface. Additionally,
its output is already digitized, which eliminates the signals’ path noise effect on the acquired signal. The
ICS-52000 also boasts a scalable easy-to-use data interface such as I2C with time domain multiplexing
(TDM) while maintaining exceptionally low-cost, remarkable signal to noise ratio and frequency
response. These microphones allow for a daisy-chained style connection where the clock and data
lines are common for every sensor and the sampling is done sequentially throughout all of the chain.
Each sub-module is fed by its microprocessor (see Figure 2) with a clock with 24.5 MHz which allows us,
with ease, to acquire the signal of the microphones sampled at 48 kHz, to acquire data from the four sub-
modules that comprise the 64 microphone array, we employ a BeagleBone Black development platform
since it features up to four full-speed I2C interfaces. Figure 3 (right) shows the interface connections
inside a 16-microphone sub-module.

2.3 Hardware design

Each printed circuit board (PCB) was designed to accommodate 16 MEMS pressure sensors, spaced
equally from each other and positioned halfway between the board’s edge to maintain consistent
spacing when integrating more modules. The designs were done following the sensor manufacturer
recommendations to ensure signal integrity and to minimize propagation delay mismatches, as well as
to reduce the impact of the system’s presence in the measurement field.
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Figure 3 – The diagram on the left shows the 16 microphone sub-module array geometry, where the
selected configuration is 𝐿 = 25 cm and 𝑑 = 62.5 mm. The diagram on the right shows the MEMS

electrical connections.

To avoid ringing, all the digital traces — clock (CLK), serial data (DATA), and chip/word-select (WS)
— were designed to have 50Ω impedance. A 20Ω terminating resistor was placed close to each
microphone’s data bus pin to prevent impedance mismatches between the copper trace and the MEMS
chip, which might cause distortion of the signal waveform and compromise the accuracy of the sensor
readings. With the aim of reducing the propagation delay, the high-speed lines were connected to the
middle of the daisy chain, effectively halving the maximum delay by cutting the trace length in half.
Since the word-select line starts in the first microphone of the chain, its length was increased to match
the delay introduced by the difference in distance to the connector. Additionally, a minimum spacing
equal to the trace width was kept between each line to minimize cross-talk [10]. Figure 3 (right) depicts
the onboard electronic connections of the sensors.
Instead of following the approach suggested in [6], we made the decision not to add a buffer driver in order
to simplify the electronics connections. The decision was supported by the following considerations:

• Given a medium of 𝜀 = 4.6 (FR-4), a 24.5 MHz clock has a wavelength of 5.7 m. By taking a
conservative approach, a distance of 𝜆/20 can be used as a maximum to decide if buffering is
needed [11].
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• Tri-state capacitance for each sensor is reported to be around 6 pF per microphone. Taking into
account the series resistance matching and the line capacitance, the total value is approximately
96 pF, which is considerably under the maximum capacitive load of 150 pF for a 2 ns propagation
delay.

2.3.1 Mechanical design

In terms of mechanical design, we opted for a square-shaped design of 25 cm × 25 cm for each 16
microphone sub-module to host the microphones in a grid, easing the expansion with additional modules.
To improve the manufacturability and the mechanical strength of the board we chose a 4 layer stack up,
which allows for smaller controlled impedance traces and a reduction in the risk of array’s curvature or
bend due to temperature changes.
To minimize the impact of the systems’ presence in the measuring environment, the PCB was designed
to have as much hollow space as possible without compromising the mechanical integrity of the board.
The holes throughout the surface of the PCB allow the pressure wave to reach the sensor with less
delay, which also helps with the diffraction needed for the omnidirectionality of the microphones. This
also serves to minimize reflections on the surface of the board, whose influence will be measured in an
anechoic chamber.

3 Beamforming Performance

To ensure the correct operation of the electronics and as a test of the viability of the prototype, the
fixed distance between microphones was set to 62.5 mm. Indeed, microphone separation determines the
capability of the array to acquire high frequencies without grating lobes produced by spatial aliasing [12].
This sets the maximum aperture while maximizing the number of microphones, since the total length
of the data line was recommended to be around 50.8 cm to match the maximum delay supported by the
data interface. Consequently, the aperture, i.e. the distance between end-to-end microphones, defines
the low-frequency acquisition capability.
The classic sensors array literature [13] often presents only the planar wave model, either for near or
far-field applications. The planar waves method is unable to identify the position of the source in the
far-field, but the direction or incidence angles can be determined in both near and far-field. In recent
works [14], the distance calculation applied is equivalent to the propagation of a spherical wave model,
resulting in useful also for larger normal distances. To allow for a better characterization, we employed
this latter method in our design procedure. Figure 4 shows the simulation results for the frequency with
better response (4843 Hz) and for the frequency corresponding to treating the microphone separation as
half-wavelength (2744 Hz). For frequencies with a wavelength higher than 𝜆 = 𝑑 = 62.5 mm spatial
aliasing starts to occur for 𝑓 ⪆ 5.5 kHz as can be seen in the left plot of Figure 4, where secondary
high-level lobes start to appear.

Figure 4 – Spherical wavefront response for broadside direction (𝜙 = 𝜃 = 0) and a range of 1m from the
punctual source emitting 1 Pa. Delay and Sum algorithm was used to collect the incident wave.

Beamwidth@-3 dB for 𝑓 = 2744 Hz is 232 mm and for 𝑓 = 4843 Hz is 131 mm.

Due to the spherical propagation model, a change in range affects the array behavior since the wavefront
gets progressively more planar, Figure 5 (right) shows how the response pattern is affected by the distance
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to the source for 4843 Hz.

Figure 5 – Left shows spherical wavefront response for broadside direction (𝜙 = 𝜃 = 0) and different
ranges for 𝑓 = 1588 Hz. Right shows the spherical wavefront response for broadside direction and

different ranges for 𝑓 = 4843 Hz. The black square represents the microphone array.

The array’s aperture represents a limitation regarding the lowest frequency to acquire, this can bee seen
in Figure 5 (left), where the frequency with wavelength equal to half the aperture of the array (1588 Hz)
presents a wider beam than the one in Figure 5 (right). To capture changes in lower frequencies accurately,
larger arrays are needed to cover the wavelength of the incident signal.

4 Conclusions and Future Research Directions

This work addresses the design process of a microphone module for a massive acoustic camera tailored
for jet-noise experiments for far-field and controlled conditions. The proposed design leverages from
MEMS pressure sensors to provide accurate measurements while maintaining both low-cost and great
scalability.

Each 64-microphone module is arranged by adding four smaller 16-microphone sub-modules. Mi-
crophones are placed on a square grid, allowing for easier geometrical scalability by simplifying the
sensors’ distribution. Providing an easy solution to increase the number of microphones allows for a
more flexible acquisition strategy and configuration. Simulations were carried out to analyze the array’s
response to a spherical wavefront in terms of lobular pattern and beam width. The highest frequencies
that can be accurately captured are restricted by the phenomenon of spatial aliasing, which starts to
occur for frequencies with wavelength smaller than 62.5 mm, which corresponds to the distance between
microphones. Therefore, the limit for spatial aliasing of this prototype is 5.5 kHz. Additionally, the
physical aperture of the array imposes a lower limit on the frequencies that can be effectively measured.
Frequencies below this threshold may not be captured with sufficient accuracy, leading to potential loss
of information. For the 64-microphone module, the minimum frequency is 784 Hz approximately. By
making the system scalable, the lower bound can be improved since the aperture would be increased by
creating a bigger surface array by joining multiple modules.

To characterize the acquisition system, measurements within an anechoic chamber will be carried out
to evaluate the array limitations in its ability for spatial discrimination in terms of both beam width and
range, as well as the effects in the limits due to spatial aliasing. The effect of the presence of the array in
the acoustic field will also be evaluated.
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