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Abstract. A method to perform measurements of microphone responses directly in the array of a sensor system
is described. It can be applied in reverberant environments and does not require high instrumentation effort.
Due to the use of internal hardware of the sensor system, the whole signal chain of microphone–preamplifier–
analogue-to-digital converter is characterized. The method was successfully tested for calibration of two types of
planar arrays constructed with micro-electromechanical system (MEMS) microphones. Presented experimental
results illustrate achieved performance, and possible application scenarios are discussed.

1 Introduction

Microphone arrays are widely used in acoustic measure-
ments. An example can be found in acoustic cameras, where
a suitable combination of single-sensor signals allows users
to localize sound sources with the help of beam forming or
to reconstruct the sound field by use of acoustic near-field
holography. Further examples are discussed, for example, in
Brandstein and Ward (2001). The processing algorithms rely
on exact matching between the microphones or at least on the
knowledge of their amplitude and phase responses to com-
pensate for the differences; therefore, extensive research was
devoted to methods of calibrating microphone arrays (Ta-
shev, 2004; Zuckerwar et al., 2006; Szőke et al., 2022).

Microphone sensitivity is usually defined in the labora-
tory either by a comparison with a reference microphone,
by substitution or using the reciprocity approach; in the field
the use of a pistonphone is typical (Brüel & Kjaer, 2019).
The calibration task becomes especially challenging when
the single microphones cannot be removed from the array
after the assembly, e.g. when the array is built of minia-
ture micro-electromechanical system (MEMS) devices sol-
dered onto printed circuit boards (Perrodin et al., 2012). In
multi-channel condenser microphone systems, verification of
single-channel functions can be performed using, for exam-
ple, the actuator method, the insert voltage or the charge
injection calibration methods (Brüel & Kjaer, 2019). These

methods are, however, not directly applicable to the MEMS
microphones.

The approach proposed here allows for a direct in-system
verification of amplitude responses of the MEMS micro-
phones. So control of the actual condition of the microphone
array is possible. The method can be used with a simple hard-
ware that is capable of acquiring and processing signals at
low sample rates only and was successfully tested with planar
arrays in reverberant sites. Although specific target applica-
tions were initially considered, the method can be useful for
other multi-microphone systems.

2 Target application and hardware platforms

The presented method to measure microphone sensitivities in
an array was developed and tested within a project targeting
a system for visualization of surface vibration patterns based
on the acoustic vibrational mode tracking (AVMT) technique
(Ivanov and Kulinna, 2023). For a better understanding of the
hardware parameters and of the physical background, a short
outline of the system hardware and measurement principle
will be given.

Two tested sensor systems are shown in Fig. 1. The sys-
tems are equipped with a high number of miniature omni-
directional microphones (128 and 192 devices) arranged in
close pairs to form discrete pressure gradient probes, below
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referred to as “measurement channels”. The used MEMS mi-
crophones have a low height of 1 mm and are mounted on
printed circuit boards at 3 mm distance from each other, as
can be seen in the inset in Fig. 1a. During a measurement, the
circuit boards are placed in the sound wave with their surface
parallel to the wave propagation direction, so the disturbance
to the sound field is kept at a minimum. The difference of
the microphone signals in the pair can be used to estimate
the sound pressure gradient in the direction of their displace-
ment. From this value, the particle velocity in the sound wave
can be calculated. If the sound wave is created by a vibrating
object surface situated close to the measurement array, the
calculated particle velocities are assumed to be defined by
the motion of the object surface. Measurements performed
simultaneously by different channels would deliver an es-
timation of the current vibrational state of the object. This
would allow contactless measurement of vibrational modes
excited by single non-reproducible events that cannot be ac-
quired by scanning laser Doppler vibrometers. In compari-
son to the related method of acoustic near-field holography,
it is expected that the lower calculation complexity and the
robust algorithm of the proposed approach would allow for
live visualization of non-stationary vibrations.

Currently the sensor systems are under evaluation, so the
applicability and limitations of this approach are still to be
defined. Figure 1c gives preliminary results illustrating some
of the acquired normal plate modes measured in the set-up
shown in Fig. 1b; a more detailed analysis and the validation
of the results will be presented elsewhere (Ivanov, 2024).

The proposed measurement principle relies on calculating
differences between the microphone signals in the pairs and
so implies matched sensitivity of the involved microphones.
As experiments showed, the sensitivity spread of low-cost
MEMS microphones in the array was too high to allow for
their direct use without calibration. The initially considered
calibration option was to measure the microphone responses
in a standing-wave tube. Alternatively, measurements in an
anechoic chamber were discussed. Although the calibration
results in the standing-wave tube were sufficiently good for
the application, the practical effort was found to be high: be-
cause of the size limitations of the available equipment, the
microphone array had to be first taken apart and then board-
wise calibrated and, at last, assembled back to the original
grid geometry.

To reduce the calibration effort, the method described in
Sect. 3 was proposed. It allows users to determine micro-
phone sensitivities directly in the array without the need of an
anechoic chamber or other special equipment. The method
was successfully tested with both hardware variants (“Sys-
tem A” and “System B” as they are referred to below), which
differed not only in their geometry and digital signal process-
ing capabilities but also in the complexity of their analogue
front ends.

The microphone array of System A contains 128
consumer-grade MEMS microphones (SPW0442, Knowles)

placed in a rectangular grid configured into a 16 by 4 channel
matrix of 30 mm spacing (Fig. 1a). This system is designed
for acquisition of both stationary and transient processes and
is equipped with a large data storage capacity. It consists of
identical sensor boards, several connector boards to set up the
sensor array, and a master board which controls the measure-
ment process and transfers the results to a PC. Each sensor
board contains four measurement channels (made up of two
microphones each), two four-channel 24-bit audio analogue-
to-digital converter (ADC) ICs (CS53L30, Cirrus Logic) and
a microcontroller (ARM Cortex M4 STM32F446, STMicro-
electronics) to process the signals. The AD conversion of the
audio signals is performed at 48 ksps (kilo-samples per sec-
ond); measurement sequences of up to 43 s duration can be
stored locally on the board.

The second hardware variant – System B (Fig. 1b) – tar-
gets low complexity and cost. Due to the simplified electron-
ics, it is only capable of visualizing quasi-stationary vibra-
tions. In this system, each sensor board also carries eight
MEMS microphones; their signals undergo amplification and
filtering by a simple operational amplifier circuit (MCP6004,
Microchip) and are digitized by the internal 12-bit AD con-
verter of a 16-bit microcontroller (dsPIC33E, Microchip).
The microphone signals are sampled sequentially in a loop
with the effective throughput of 40 ksps. In the presented ex-
periments, the array of System B contained 192 microphones
in total and was configured in a matrix of 12 by 8 channels
with 20 mm spacing.

3 Description of the method

The proposed method targets the case when the microphones
cannot be removed from the array for calibration, so the
acquisition of their responses is performed directly within
the sensor system itself. Due to this approach, the influence
of the whole acquisition chain of microphone–preamplifier–
ADC is taken into account.

To cope with the practical situation of reverberant environ-
ments, sound sources generating waves with a distinguished
first wavefront were used. The underlying idea is to con-
centrate the signal processing onto this first wavefront and
so to effectively suppress reflected and scattered waves that
reach the microphones later. A short estimation helps to illus-
trate the timing requirements: in 1 ms a sound wave travels
about 34 cm in the air, so using sound waves with the first
wavefront duration in the order of 0.1 ms limits the zone,
where the disturbing reflections can originate from, to ap-
proximately 3 cm from the microphone. Knowing the ge-
ometry of the array and the anticipated sound pressure dis-
tribution on its elements (e.g. from a simulation), measure-
ment of the microphone responses can be carried out. The
results presented below were obtained using the simplified
approach, assuming a uniform pressure distribution over all
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Figure 1. (a) Sensor system (System A) with 64 channels. Inset: a close-up view of a measurement channel; spacing between the microphone
input ports is 3 mm. (b) The experimental set-up for measurement of plate vibration modes. Here a system with 96 channels (System B) is
used with an aluminium plate (250mm×167mm, 0.5 mm thick) that is driven in its centre by a shaker. (c) Colour-coded representation of the
normal plate modes acquired with a sine wave excitation at 259 and 352 Hz. The grid of black squares indicates the positions of measurement
channels; values between the grid points are interpolated. Colour scale maximum M for the off-plane displacement amplitude amounts to
M = 400 a.u. (at 259 Hz) and M = 500 a.u. (at 352 Hz).

microphones in the array and modelling the sound wave as it
would be created by a distant point source.

A suitable source of such an explosion-like excitation can
be, for example, a popping balloon or hands clapping. Char-
acteristics of laser-induced plasma discharges described in
Szőke et al. (2022) would probably allow users to use this
phenomenon as a reliable excitation source. The most practi-
cal source in our tests turned out to be a loudspeaker driven
with a voltage pulse. An example of the related microphone
signal is given in Fig. 2. It was obtained using a loudspeaker
(60 W, 4 �, 5 1/4 in. woofer from JBL GTC5210) positioned
3 m away from the array and driven by a rectangular voltage
pulse of 15.5 V amplitude. It can be seen from Fig. 2 that the
microphone signal exhibits a peak with duration of approx-
imately 8 samples (about 180 µs), corresponding to the first
wavefront.

As described in the previous section, the target hardware
performs signal sampling at frequencies typical for audio
recording (40 and 48 ksps; see Sect. 2); it is hence too slow
to acquire the shape of the first signal peak with necessary
details and accuracy. Achieving a sufficiently high sampling
frequency is, however, not possible with targeted low-cost
hardware solutions. To overcome this limitation, the recorded
signals are interpolated in the time domain before processing
as illustrated in the right plot of Fig. 2. It is important, how-
ever, that the microphone signals are sufficiently low-pass

Figure 2. Microphone signal recorded at 48 ksps and its interpo-
lation shown with different time scales. A loudspeaker driven by a
rectangular voltage pulse was used as the sound source.

filtered and do not exhibit aliasing effects after sampling.
At last, the maximum and arrival time of the first peak are
defined from the interpolated signal. After performing mea-
surements on several sound pulses, the average values are
calculated and used to determine the relative sensitivities of
the array of microphones.

The microphones have a flat frequency response from
50 Hz (−3 dB) to 10 kHz (+3 dB) and a +20 dB peak at
20 kHz. The corner frequency of the anti-aliasing filter was
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set to 19 kHz for System A and to 9 kHz for System B. To-
gether with the high-pass filtering needed to remove the low-
frequency noise, a band-pass filter for the microphone signals
was formed. The high-pass corner frequency of 900 Hz was
used in our measurements.

This procedure of defining microphone sensitivities can-
not be called calibration in the strict sense. First of all, it does
not include the frequency dependency. Additionally, the mi-
crophone properties are measured in a mounted state with
possible interference of the printed circuit boards, the wave
incidence angles are not accounted for, etc.

As long as the microphone signals are sampled without
violation of the Nyquist–Shannon theorem and so no alias-
ing takes place, the signal can be reconstructed in all details
using the so-called ideal interpolation. It can be performed
either by zero padding in the frequency domain or by a con-
volution with the (actually infinitely long) Sinc-kernel in the
time domain. This method is, however, of limited value if it
is to be done in real time during the acquisition of the sig-
nals. Interpolation with several popular kernels (Burger and
Burge, 2013) that can be implemented on systems with very
limited hardware resources (e.g. System B) were tested. The
goal was to provide a good substitution for the ideal interpo-
lation. Some of the test results are shown in Fig. 3 in com-
parison; here once more, a signal from a loudspeaker sound
pulse recorded at 48 ksps is presented. The most convincing
interpolation results were obtained using convolution with
the Lanczos kernel. In the subsequent steps, the Lanczos ker-
nel of seventh order was used.

4 Results and discussion

The below-presented measurements of microphone re-
sponses were carried out with the loudspeaker (specified in
Sect. 3) as the excitation source. It was placed at a distance of
2 m (data in Figs. 4, 5 and 7) or 3 m (data in Fig. 6) from the
sensor system and driven by connecting it to a 4700 µF ca-
pacitor charged to 15.5 V. The relative positions of the loud-
speaker and the microphone array were adjusted to achieve
an almost normal sound wave incidence upon the array. All
measurements were performed in ordinary (reverberant) lo-
cations not actually intended for acoustic experiments; the
highest possible repetition rate of the sound pulses to sup-
press effects due to the echoing was found to be 2 Hz. For a
better control of the experiment, the sound pulses were typi-
cally generated with a delay time of 5 s.

The microcontrollers of the sensor system executed a ded-
icated software branch that allowed them to automatically
detect the first wavefront of the sound pulse, to pre-process
the signal (perform digital filtering and interpolation) and to
define the amplitude of the first signal peak as well as its ar-
rival time for all microphones. As a result, after every sound
pulse a data set was generated and transferred to a control
PC that contained the amplitude and time information for all

array microphones. These single measurements will be also
denoted as “shots” in the discussion below. In each geomet-
rical configuration, the shots were repeated at least 100 times
to get a sufficient data basis for evaluation.

Figure 4 shows a distribution of the microphone ampli-
tude responses in the sensor array of System B with 192 mi-
crophones. The relative amplitude responses are calculated
with respect to the average amplitude over all array micro-
phones measured in one shot (i.e. after recording of one
sound pulse). Here a data set with 100 shots is presented. Ev-
ery single measurement is plotted with a blue-to-green line
connecting the relative responses of all microphones in the
rising order of their identification indexes. The colour of the
connecting line is unique for a shot. The blue–green stripe
formed as a result of plotting all 100 measurements in a stack
indicates the uncertainty observed in this experiment. In spite
of conducting measurements in a reverberant room and de-
spite the strong undersampling of the microphone signals and
the necessity of subsequent interpolation, the reproducibility
of data is quite high as indicated by a low width of the blue–
green stripe, which is about 2 %. Most of this spread is pre-
sumably due to the interpolation of the signal, as the noise of
the system as revealed by measurements performed on lower-
frequency signals lies substantially below this value.

The red line in Fig. 4 represents the relative amplitude re-
sponse of the microphones averaged over 100 shots. These
values form the basis for calculation of sensitivity correction
coefficients for single microphones as needed in the target
application described in Sect. 2. The effect of using these co-
efficients will be illustrated below in Fig. 8.

According to the data sheet of the utilized MEMS mi-
crophones (Knowles, 2018), their sensitivity amounts to
−42± 1 dBVPa−1 (reference value of 1 V), which is approx-
imately equivalent to a spread of ±12 % on the amplitude
scale. It can be seen from Fig. 4 that measured sensitivities
lie well within the anticipated range.

Especially when low-cost microphones are used in an ap-
plication, their temperature stability or ageing effects must be
carefully considered. The proposed method allows for con-
tinuous control of the amplitude responses of microphones
already installed in an array and could be used, for example,
for a drift compensation. To implement this correction, the
software controlling the sensor system should be transferred
into a calibration mode to record a dedicated sound pulse or a
pulse sequence. As drift effects are usually slow, only a small
percentage of working time of the system needs to be devoted
to the calibration activities. A possible scenario could be to
process one calibration event with 1 s duration once a minute
and to feed its results into a digital filter tracking the system
state.

To illustrate the variation of measurement results, the rel-
ative amplitude responses acquired in 100 subsequent shots
are given in Fig. 5. From the total of 192 microphones of the
system shown in Fig. 4, three were selected to represent the
average, the minimum and the maximum sensitivity ranges.
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Figure 3. Three interpolation methods in comparison. A sound pulse produced by a loudspeaker is shown, sampled at 48 ksps.

Figure 4. Relative amplitude responses of 192 microphones in the array. Results of 100 measurements are presented with line colours
ranging from blue to green. The average over all measurements is shown in red in the plot and in the histogram.

The coloured lines illustrate different possibilities to obtain a
stable value from the varying results of single measurements.
The red line stands for a cumulative average; it allows users
to visually estimate how many measurements must be per-
formed so that their mean value becomes stable. As can be
seen from Fig. 5, the cumulative average does not vary much
after completion of 20 measurements. This indicates that it
would be sufficient to acquire data of just 20 shots to come
to stable mean values. The value of the cumulative average
by the end of 100 shots coincides with the simple averaging
over these measurements as it was used for the data in Fig. 4.

In the right plot, the action of two exemplary digital filters
upon the original results is presented; such filtering could
be more suitable for tracking slow changes than the sim-
ple averaging. As the input data, the sensitivity of only one
microphone (Mic. 2) is shown here. There exist numerous
variants of digital finite impulse response (FIR) and IIR fil-
ters that could be used for the tracking, with, for example,
the moving average as one of the simplest. The right plot

shows the filtering results achieved with Butterworth filters
of the first (blue) and second (green) orders with time con-
stants of 50 and 25 measurements, respectively. They reach
steady states after approximately 60 to 80 shots and deliver
a smoothed representation of the incoming measurement re-
sults. The initialization of the filters was performed here ac-
cording to Likhterov and Kopeika (2003). The choice of the
filter characteristics must be done according to the requested
control period and anticipated change rates in a specific ap-
plication.

The arrival time of the first wavefront is plotted in Fig. 6
for exemplary measurements. The data in the left plot were
acquired using System A in the form as it is depicted in
Fig. 1a: the sensor boards were arranged into four parallel
lines at a distance of 30 mm from each other. Only values
corresponding to the microphones of the front array row are
shown for clarity. Note the sub-sample resolution on the time
axis which is possible due to the interpolation of the sig-
nals. The interpolation was performed by a factor of 16, the-
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Figure 5. Variation of relative amplitude responses of selected microphones in subsequent measurements. Three different averaging ap-
proaches are compared: cumulative average (red) and Butterworth infinite impulse response (IIR) filters of first (blue) and second (green)
orders with characteristic times of 50 and 25 measurements, respectively.

Figure 6. (a) First wavefront arrival time in comparison with the theoretical curve. (b) Effect of a dirt particle partially obstructing the
microphone port on the measured wave arrival time, indicated with a green circle.

oretically leading to a 16 times higher resolution. The green
curve shows the theoretically anticipated arrival time based
on the point source model for the given geometry (the speed
of sound was taken to be 344 ms−1). A good agreement with
the simple theoretical model can be observed.

The right plot in Fig. 6 was acquired with System A con-
figured into lines consisting of three sensor boards. Here both
the front and the rear microphones of one line are presented.
It can be clearly seen that the wave arrival time measured by
one of the microphones (indicated by a green circle) stands
out from the anticipated pattern. The inspection of the sensor
boars performed after the measurement revealed a dirt parti-
cle which partially obstructed the input port of the concerned
microphone. Although the time shift generated by the pres-
ence of the disturbing particle is well below one sampling
period, the method is sufficiently sensitive to detect it. It is

hence possible to also use it for the condition monitoring of
the array: should the pattern of microphone reactions differ
from the one measured with a definitively intact sensor sys-
tem, an indication of possible malfunction can be triggered
and the location of the probable point of failure defined.

The data given in Fig. 7 were obtained using System B
in the configuration with eight lines of sensor boards con-
taining three boards each (see the photograph in Fig. 7; the
front array line is “line 1”). It is the same data set that was
used for determining microphone sensitivities in Fig. 4. In
a similar manner, the blue-to-green lines denote single mea-
surements, and plotting data from all 100 shots on top of each
other creates a blue–green stripe indicating the spread in re-
sults. The plotted data clearly deviate from the theoretical
parabolic curves anticipated from the point source model. It
is especially pronounced close to the centre of the array (ar-
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Figure 7. Arrival time of a sound pulse for two array lines (line 1 is in the foreground of the photograph). Results of 100 measurements are
presented with line colours ranging from blue to green. The averages over all 100 shots are given by the red and black lines.

Figure 8. Vibrational mode of an aluminium plate (250mm× 167mm× 0.5mm) driven by a sine wave at 547 Hz as acquired by System B
without (a) and with (b) correction of microphone sensitivities. The same vibration measured with a scanning laser vibrometer on identical
grid (c).

ray line 4) and for the rear microphones which are located
5 mm away from the board boundary.

This effect is most probably caused by the interference of
the sound wave with the supporting structure and indicates
that the mechanical construction of the microphone array can
significantly influence the measured wave arrival time. It can
be seen by comparing the photograph and the plots in Fig. 7
that the strongest deviation from the theoretical parabolic
curve occurs close to the positions of the supporting bars in
the array structure (horizontal grid lines in the plots).

Nonetheless, the wave arrival time remains reproducible
from one shot to another as indicated by the relatively small
width of the blue–green stripes created by the overlay of sin-
gle plots. It confirms the possibility to use the method for
condition monitoring of the array.

The vibration patterns presented in Fig. 8 were acquired
with System B to prove the validity of the described ap-
proach for determining microphone sensitivity correction co-
efficients in the target application. The experimental set-up
is of Fig. 1b: plate modes induced in an aluminium plate
by a shaker were acquired by the microphone array situated

above the plate; the array and the plate had effectively the
same size. Figure 8b depicts the plate vibrational mode that
was acquired using the calculated sensitivity correction co-
efficients; in Fig. 8a, the result of recording the same plate
vibration with uncorrected microphone responses is shown.
The true shape of this vibrational mode can be seen in Fig. 8c,
it was acquired using laser Doppler vibrometry as a refer-
ence technique. Comparison of the three plots clearly shows
that correction of microphone amplitude responses helps to
achieve a good reproduction of the true vibration pattern.

5 Conclusions

The presented approach allows users to perform measure-
ments of microphone responses directly in the array using
the internal hardware of the sensor system. In this way, the
whole signal chain starting from the microphone, including
the filters and the preamplifier, and ending with the analogue-
to-digital converter is characterized. The measurements do
not need special equipment like an anechoic chamber and
can be carried out in ordinary reverberant locations. The nec-
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essary excitation source producing sound waves with a short
and well-formed first wavefront can be implemented using a
loudspeaker driven by a capacitor discharge.

As experiments show, an estimation of the microphone
sensitivity in the array can be performed with a sufficient
precision to apply algorithms relying on the pair-wise sub-
traction of measured sound pressure values. If at least one
of the array microphones is previously calibrated, it can be
used as the reference for determining the absolute sensitivity
of other microphones in the array.

Except for correction of microphone sensitivities, several
possible application scenarios for the proposed method were
identified. For example, it can be used for the compensation
of drifts in the system caused by a temperature change or by
the ageing of the components. Another possibility is to peri-
odically monitor the system state to avoid incorrect measure-
ments. Additionally, the sub-sample resolution of acquired
time-of-arrival signals can be used for calibration of the ar-
ray geometry.

The method can be realized with a low hardware effort: it
was implemented in the full above-described scope on a 16-
bit microcontroller with 32 kB flash memory and 4 kB RAM
for processing of eight microphones at 40 ksps.
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