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Abstract—Kundt's tube and reverberant chamber are
common methods for determining the sound absorption
coefficient or acoustic impedance of materials. These
measurement methodologies are well-known and standardized,
albeit not being practicable in-situ and requiring the isolation of
samples of the material under test. Furthermore, Kundt’s tube
results are affected by sample size, diameter, and length of the
tube itself, while reverberant chamber ones by the room
dimensions and diffusiveness. In literature, noncontact
techniques for sound absorption coefficient and acoustic
impedance measurement are widely debated. In this paper,
three different noncontact systems for the measurement of the
sound absorption coefficient have been investigated: a pressure-
velocity probe, a Laser Doppler Vibrometer, and a spherical
microphone array featuring 64 capsules. The three methods
have been evaluated through in-situ measurements of materials
with known acoustic characteristics: Basotect G+ and Expanded
Polystyrene. Furthermore, the results obtained with the
standard test signal, i.e., white noise, are compared with the
exponential sine sweep technique, which provides an increased
signal to noise ratio, and allows for removing nonlinear high
order distortions and acoustic reflections. As a main
contribution of this work, it will be shown that microphone
arrays are an optimal solution for measuring the sound
absorption coefficient.

Keywords—Ambisonics, laser doppler vibrometer,
microphone array, noncontact measurement, pressure-velocity
probe, sound absorption coefficient alpha

I. INTRODUCTION

Acoustical properties of an environment like reverberation
time, speech transmission index (STI), or loudness level may
have a significant impact on the listening experience. They
can cause discomfort, reduce the attention and learning ability,
and result in a negative user experience. Sound absorbers or
diffusers are commonly employed to reduce the reverberation
and to uniformly distribute the sound energy in a closed space.
Hence, an accurate evaluation of the acoustic properties of
materials, such as the sound absorption coefficient and the
acoustic impedance, is more and more important for the
design of buildings, passive noise reduction treatments, but
also cars [1]-[3] or theatres [4].

The characteristics of these passive acoustics elements are
obtained through the acoustical characterization of material
samples. The standardized measurement methods the Kundt
tube, 1SO 10534-2 [5], and the reverberant room, 1SO 354 [6].
Although these techniques represent the reference, some
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important aspects must be considered. As described in [7], [8],
Kundt’s tube measurements are significantly affected by the
sample size, and by the diameter and the length of the tube.
Also, the mounting condition of the sample and the air gap
between it and the support can affect its vibrational modes and
resonances [9]. Although the 1SO-354 specifies the
reverberant room as an alternative method to the Kundt’s tube,
other factors affect the estimation of sound absorption
coefficients. Most notably, 1SO-354 measures the average
random-incidence absorption while the Kundt's tube measures
the normal incidence absorption and impedance. Additionally,
the room's size and diffusiveness can have an impact on the
measurement results reducing the reproducibility [10]. Both
methods require a small portion of the material under test
(MUT), usually an invasive operation since cutting or coring
the material is necessary. Furthermore, their applicability is
problematic whenever the items to be measured cannot be
touched or altered in any way, e.g., historical objects (ancient
walls or frescos), or the coring may be impossible, such as for
very hard materials, and in all those cases for which the
dismantling of the material from the environment would affect
its acoustic characteristics.

For the above reasons, several in-situ, noncontact
measurement techniques were developed in recent years [11]-
[14]. These methods retrieve the sound absorption coefficient
and the impedance from the sound pressure and/or particle
velocity on the surface of a material. Specifically, there are
techniques employing only standard microphones to separate
the incident and the reflected wave [15]-[17], while other
techniques make use of a microphone and an anemometer to
sample separately the sound pressure and the particle velocity
close to the surface [18]-[22]. The velocity component can
also be measured by using a Laser Doppler Vibrometer (LDV)
[23]-[26].

In this paper, three noncontact methods to measure the
normal sound absorption coefficient are discussed and
compared: pressure-velocity (PU) probe, microphone-LDV,
and a microphone array [27]-[30]. The three methods have
been evaluated through in-situ measurements of commercial
materials  with  known composition and acoustic
characteristics: a 50 mm thickness Basotect G+ panel (a
flexible, open-cell foam made from melamine resin) and a 60
mm thickness Expanded Polystyrene (EPS) panel. Two
different kinds of test signals have been employed. The
standard white noise, and the exponential sine sweep (ESS)
technique [31], which has several advantages: a significant



improvement of the signal to noise ratio (SNR), the separation
of the high order harmonic distortions from the linear
response, the possibility to cut out the reflections of the
environment, making the measurement virtually anechoic, and
a reduced measurement time. The PU-probe demonstrated
good performance on both materials, while the microphone-
LDV method revealed suboptimal, and it did not work on the
Basotect G+ panel, being the latter a porous material.
Eventually, the microphone array method proved to be very
effective for the measurement of the sound absorption
coefficient.

The paper is arranged as follows. Section Il provides a
description of the measurement setup and equipment for each
method, Section Il defines the calibration procedures and
post-processing, while Section 1V presents the results.
Eventually, conclusions are summarized in Section V.

Il. MEASUREMENT METHODS

A. Pressure-velocity probe

The PU-probe is composed of a miniature microphone
which samples the sound pressure, and a double hot wire
anemometer for the particle velocity measurement. The probe
is mounted on a hand-held support mechanically decoupled
from a round shaped loudspeaker. The measurement of the
temperature differential between closely spaced wires forms
the basis of the particle velocity sensor idea. The two platinum
wires which compose the double wire anemometer are heated
up to approximately 200 °C. The temperature of the air rises
as it passes through the upstream wire, cooling the wire in the
process. A voltage differential can be determined as the wires'
different temperatures lead to different electrical resistances
[32]. Due to the probe characteristics, this method is usually
suitable for soft and absorbing materials, and the bandwidth is
limited between 200 Hz and 10 kHz.

The PU-probe employed in this work is Microflown PU
Regular. The connection scheme can be seen in Fig. 1. A
computer is connected to a soundcard (ZOOM F8) to play and
synchronously record the test signals. The output of the
soundcard feeds an analog amplifier (QSC CX168) connected
to the loudspeaker of the probe, while sound pressure and
particle velocity are sampled by the signal conditioner, and
eventually recorded on the first two channels of the soundcard,
both set with an input gain of 30 dB. The Root Mean Square
(RMS) value of the output voltage was set to 1 Vrms by using
a TrueRMS tester. The distance between the loudspeaker and
the sensors is fixed to 26 cm for the Microflown. During the
measurement, the distance between the sensors and the
surface of the MUT was 1 cm.
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Fig. 1. Microflown measurement setup

B. Microphone and Laser Doppler Vibrometer

The LDV is used as a velocity sensor to sample the
vibration velocity of the MUT, while it is excited at a defined
distance with a test signal. The LDV acquires mechanical
vibration characteristics by employing the heterodyne
interferometer technique [33]. The vibrating object is targeted
by the laser beam, which is then reflected. Due to the Doppler
effect, the velocity of a vibrating object causes a frequency
modulation of the laser light. The velocity information is
obtained from this frequency modulation. The need for the
reflection of the laser light may reduce the effectiveness of this
method with open-cell porous materials. A standard
microphone, positioned very close to the surface of the
material under test, is employed to sample the sound pressure.

The LDV system employed in this work was a VibroGo
VG-200 by Polytec. The sensitivity was set to 5 mm/s/V, for
a maximum measurement range of 20 mm/s. A built-in high-
pass filter was enabled at 13 Hz to remove the low frequency
disturbances. The microphone was a laboratory grade one by
Bruel&Kjaer (B&K), type 4189 (class 1), having a sensitivity
of 50 mV/Pa, half inch dimension, inherent noise of 14.6
dB(A), and working frequency range 6.3 Hz — 20 kHz. The
measurement setup is depicted in Fig. 2. A computer is
connected to a soundcard (ZOOM F8) to play and
synchronously record the test signals. The output of the
soundcard feeds the input of an analog amplifier (QSC
CX168), connected to a Genelec Studio Monitor type 835143,
a three-way point source with an almost flat frequency
response (+/- 1.5 dB in the range 38 Hz — 20 kHz). The output
voltage was set to 1 Vrms by using a TrueRMS tester. The
B&K microphone and the LDV were recorded by the
soundcard on the first two channels, both set with an input
gain of 30 dB. The loudspeaker and the LDV were positioned
at 1 m distance from the MUT, while the B&K microphone at
1cm.
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Fig. 2. LDV measurement setup

C. Microphone array

Microphone arrays are nowadays employed for several
applications, such as immersive teleconferencing,
speakerphone units, virtual or augmented reality (VR/AR)
[34], [35], live events streaming, sound field analysis [36].
Their operating principle consists in sampling the sound
pressure at the recording point in several positions of the
space. Then, the recorded signals are processed to derive a
new set of signals, with the aim of encoding the spatial
information of the sound field. This operation is called
beamforming [37], [38], and the most common format for
spatial audio, which is also used in this work, is named
Ambisonics [39], [40]. Ambisonics is conceptually obtained



by placing at the observing point several coincident virtual
microphones, characterized by directivity patterns
corresponding to Spherical Harmonics (SH). These are basis
functions with orthonormal properties for the Fourier
transform on a sphere [41]. In [42], an explicit formulation of
the SH can be found.

The first virtual Ambisonics microphone (SH of order 0)
corresponds to an omnidirectional microphone, whose polar
pattern is a sphere, usually denoted as W. The second, third,
and fourth virtual Ambisonics microphones (SH of order 1)
correspond to pressure-gradient, or particle velocity,
microphones oriented along Y, Z, and X directions (following
the current standard “AmbiX” for channel numbering), and
their polar pattern has a “figure-of-8" shape. Hence, the usage
of the first and fourth virtual Ambisonics microphones allows
for encoding the pressure W (Fig. 3, left) and velocity X (Fig.
3, right) signals, which can be used for calculating the sound
absorption coefficient.

Virtual pressure pattern Virtual particle velocity (+X) pattern

Y X Y X
Fig. 3. Virtual pressure microphone (left) and virtual particle velocity
microphone (right).

In this work, a commercial microphone array was
employed, the Eigenmike-64. It features 64 electret capsules
arranged over a rigid sphere of 84 mm diameter. A reader
familiar with the subject will have already noticed the array is
small if compared to the wavelength at very low frequencies.
For this reason, it is expected to get a progressive reduction of
accuracy from 500 Hz and below. The schematic for the
microphone array measurement can be seen in Fig. 4. A
computer is connected to an RME Digiface Dante sound card
via Universal Serial Bus (USB). The sound card receives the
64 pressure channels from the array and transmits
synchronously the test signal to the loudspeaker through the
analog out of a Dante amplifier. The loudspeaker is the
Genelec Studio Monitor previously described (see Section 1l-
B). The output voltage was set to 1 Vrms by using a TrueRMS
tester. The loudspeaker was positioned at 1 m distance from
the MUT, while the array at 1 cm.
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Fig. 4. Measurement schematic with spherical microphone array.

I1l. POST-PROCESSING AND CALIBRATION

In this Section, the signal processing required for the ESS
technique, the microphone array, and the calibration of the
measurement systems are described.

A. Exponential Sine Sweep technique

The several advantages of this technique derive from the
convolution of the recorded ESS with the inverse ESS. Such
operation packs the entire information in a very short time
domain signal, named impulse response (IR). One IR is
obtained for each recorded channel; hence, two for the PU-
probe or microphone-LDV system, and 64 for the microphone
array. The ESS technique allows for separating the linear
response, which we are interested in, and the high order
harmonic distortion components, as shown in Fig. 5. Once the
linear response is isolated, a fading window is applied. In Fig.
6, the linear IRs and fading windows for pressure and velocity
channels of the PU-probe can be seen as an example. If strong
reflections caused by the environment are found, the linear IR
can be cut shorter to exclude them, namely virtual anechoic
measurement technique. This is a significative advantage with
respect to the white noise signal.
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Fig. 5. Time domain Impulse Response with linear response and high
distortion orders.

One can note the delay occurring between the zero sample
and the main peak of the linear IR corresponds to the travel
path of the sound wave in air, calculated as:

d=2"c @

where D is the delay in samples, fs is the sampling frequency
and co is the sound speed. In the case of Fig. 6, that is a
Microflown measurement, the values D = 37, fs = 48 kHz, and
Co = 343 m/s provide a result of d = 26 cm, as expected. Eq.
(1) can also be applied to identify the main reflections
occurring after the direct sound, where D is the humber of
samples between the peak of the reflection and the main peak
of the IR. In the case of Fig. 6, the reflection occurs at sample
457, hence D = 457-37 = 420. This leads to a sound path equal
to 3 meters, which is twice the distance between the PU-probe
and the floor/ceiling, being the PU-probe positioned in the
middle of a 3 m height laboratory.
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Fig. 6. Time domain linear Impulse Response with fade window for pressure
channel (above) and velocity channel (below).

B. Microphone array beamforming

The conversion of the pressure signals recorded by the
microphone array into Ambisonics virtual microphones has
been performed by means of a linear processing, with a
matrix H of Finite Impulse Response (FIR) filters. The FIR
filter matrix H is computed in frequency domain with the
Kirkeby algorithm [43]:

H[klyxym = CI9, 9, klixp - A9, lpxy - € I -
[6[19' P, k]IIVIxD ' 6[19; , k]DXM + ,B[k] . IMXM]_l (2)

where 9 the azimuth, ¢ is the elevation, k is the frequency
index, M is the number of capsules (M = 64 for the
Eigenmike-64), D is the number of directions, VM is the
number of virtual microphones (VM = 2 in this work), '
denotes complex conjugate, * denotes the pseudo-inversion,
C is the array response matrix, 4 is the target directivity
matrix, e /™ ensures filter causality, and g is a frequency
dependent regularization parameter [44]. The matrix C is
obtained by measuring the microphone array with a sound
source and two-axis turntable, from hundreds of directions D.
Since the characterization of the microphone array is out-of-
scope for this work, the authors refer the treatment to previous
works [45]-[48]. The target function imposed by the matrix
A was defined for this work as the directivity of the first and
fourth Ambisonics virtual microphones, respectively sound
pressure W and particle velocity along X direction (see
Section 11-C and Fig. 3).

The beamforming matrix H is then converted to time
domain, resulting in h, by applying an Inverse Fast Fourier
Transform (IFFT). Eventually, the recorded pressure signals p
are converted in time domain to virtual microphones vm
(pressure and velocity) by means of:

vm=p=x*h (3)
where * denotes convolution.

C. System calibration

The calibration procedure for PU-probe and microphone
array differs from the one for the microphone-LDV system. In
the first case, it is possible to perform a free field recording of
the test signal, which is instead not possible in the second case,
since the LDV does not work in free air but requires a surface
to reflect the beam light.

In the case of the PU-probe and microphone array, a free
field recording is performed by playing the test signal through

the loudspeaker, and by recording it with the microphone and
anemometer in the case of the PU-probe, or with the 16
pressure channels with the microphone array. If ESS is
employed, the IRs are obtained (see Section I11-A). In the case
of a microphone array, IRs are also convolved with the
beamforming matrix h, to get pressure and velocity signals
(see Section 111-B). The calibration is then performed by
calculating the transfer function H; between the pressure and
the velocity, as:

_ Pyx(D)

() = 25 @)
where f denotes the frequency, Py is the Cross Power Spectral
Density (CPSD) between the input signal x (pressure) and the
output signal y (velocity), and Py is the Power Spectral
Density (PSD) of the input signal x. The CPSD and PSD were
calculated by averaging multiple blocks having a size of 2%
samples each, overlapped by 75%, Hann windowed. The
transfer function H, is converted to time domain by means of
an IFFT, thus providing the calibration filter, or “matching
filter” h,, of 2*4samples length too. The matching filter h, for
the PU-probe can be seen in Fig. 7 and Fig. 8, in time and
frequency domain, respectively.
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Fig. 7. Matching filter h, for PU-probe, time domain.
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Fig. 8. Matching filter h, for PU-probe, frequency domain.
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One can note the main peak of the filter occurs at half of
its length, that is sample 8192 in this case. Hence, when
applied to the velocity signal, the latter gets an initial delay,
which must be compensated by delaying the pressure signal
of the same number of samples. This can be done by
convolving the pressure signal with a centered Dirac’s Delta
6 (Fig. 9) of the same length as the matching filter. Eventually,
the calibration is performed by applying the Dirac’s Delta §
to the pressure signal p and the h,filter to the velocity signal
v, thus resulting in the calibrated pressure p. and calibrated
velocity ve:

Pc=Dp*6 Q)
Ve =vHhy (6)
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Fig. 9. Dirac’s Delta for pressure delay for PU-probe, time domain.

The amplitude calibration of the microphone-LDV
system requires recording two calibration signals, separately.
The B&K microphone was calibrated with a microphone
calibrator (B&K type 4231), which produces a pure tone at 1
kHz, having an RMS value p.,; = 1 Pa (rms), that is a
Sound Pressure Level (SPL) of 94 dB re 20 pPa. The LDV
was calibrated with a vibration calibrator (B&K type 4294),
which produces a pure tone at 1000 rad/s (159.2 Hz), having
an RMS value v.,; = 0.01 m/s (rms), that is a velocity
level of 140 dB re 1 nm/s. The amplitude calibration factor
v, s for the LDV is obtained as:

Vcal , Pcalr ,

Vep = P Co (7)
where p.q;» is the RMS value of the sound pressure at the
microphone while recording the microphone calibrator, v.4; -
is the RMS of the velocity at the LDV while recording the
vibration calibrator, p = 1.2 kg/m? is the density of dry air
in standard condition, and ¢, = 343 m/s is the sound speed
in standard condition. In addition, the velocity signal recorded
by a LDV system also requires phase correction, which must
be proportional to the frequency, as:

Pcal Vcalr

_ KE(D+ik()
Z(f) - 1+k2(f) (8)
with k:
k(F) = 2L ©)

where f denotes frequency, i is the imaginary unit, ¢, is the
sound speed (343 m/s), d is the distance between the LDV and
the MUT (1 m), and k is the wave number. The phase
correction can be converted into a time domain IR by means
of the IFFT, thus providing the phase correction filter z, which
can be seen for the PU-probe in Fig. 10 (time domain) and in
Fig. 11 (frequency domain).
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Fig. 10. Velocity calibration filter for PU-probe, time domain.
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Fig. 11. Velocity calibration filter for PU-probe, frequency domain.

Also in this case, the main peak of the filter occurs at half
of its length, hence the pressure signal must be delayed by the
same number of samples. Therefore, the calibration is
obtained by applying (5) on the recorded pressure signal p,
while for the velocity v it is first required to multiply by the
amplitude calibration factor v, » (7) and then to convolve with
the phase correction filter z:

Vo= v.p)*z (10)

IV. EXPERIMENTAL RESULTS

The main mechanical characteristics of the measured
materials are reported in Table I. They were both tested in the
same conditions of temperature and humidity. Each sample
was positioned on the floor, first measured ten times in the
center point (black dot of Fig. 12) and then eight times moving
the test point by two cm around the (squared points in Fig. 12).
The texture of the materials can be seen in Fig. 13.

TABLE I. MATERIAL PROPERTIES
Property Basotect G+ EPS panel
Dim. (WxLxH) [cm] 100x50x5 100x50x6
Density [kg/m?®] 9 16
Compr. strength [kPa] >9 >70
Tensile strength [kPa] > 120 > 150
2cm
£,000
§ 51
o ~'0 e 0
o oono
100 cm

Fig. 12. Measurement schematic for each material sample. Center point (dot)
repeated ten times.

Fig. 13. Texture of the measured materials: Basotect G+ (left), EPS (right).



The method employed in this work for calculating the
sound absorption coefficient was first introduced by Farina
and Fausti in [49], [50]:

4-|Re (Pyx ()] (11)

a =
) Re(Pex () +Re(Pyy (F)) +2:|Re(Pyx ()]

where f is the frequency, P,, is the CPSD, P, and P,, are the
PSD of x and y, and Re denotes the real part. All the results
shown in the next paragraph are obtained in 1/3 octave band
spectrum. Regarding the test signals, a 120 s length white
noise was employed, while the parameters of the ESS were as
follows: frequency range 20 Hz — 20 kHz, fade-in 0.5 s, fade-
out 0.5 s, length 10 s. One can note the ESS technique allowed
for a not negligible reduction of the measurement time.

In the following sections the results for the two materials
are shown. The repeatability of the measurement was verified
by calculating the maximum variation of the absorption
coefficient among the ten measurements repeated on the
center point. The maximum variation is obtained by
subtracting the minimum value from the maximum value of
the ten results, at each frequency. The absorption coefficient
curve is obtained by averaging the measurements performed
in the eight points around the center.

A. Basotect G+

First, the Basotect G+ was measured with the Microflown
PU-probe, results can be seen in Fig. 14 and Fig. 15. One can
note the variations are almost negligible with the ESS,
particularly at low frequencies where the increase of the SNR
provides the highest improvement. Nevertheless, the
absorption coefficient alpha is correctly estimated with both
methods, despite the ESS being more robust in the frequency
range 150 Hz — 500 Hz.
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Fig. 14. Basotect G+, variation of the absorption coefficient alpha for ten

measurements in the center point, PU-probe.
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Fig. 15. Basotect G+, average absorption coefficient alpha for eight
measurements around the center point, PU-probe.

Then, the Basotect G+ was measured with the
microphone-LDV system, results can be seen in Fig. 16 and
Fig. 17. Despite an acceptable repeatability, one can note the
absorption coefficient is not correctly evaluated by either
method, confirming that the LDV cannot be successfully used
for porous materials.
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Fig. 16. Basotect G+, variation of the absorption coefficient alpha for ten
measurements in the center point, microphone-LDV system.
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Fig. 17. Basotect G+, average absorption coefficient alpha for eight
measurements around the center point, microphone-LDV system.

Eventually, the Basotect G+ was measured with the
microphone array, results can be seen in Fig. 18 and Fig. 19.
The repeatability of the measurement is very good with both
test signals. White noise showed a tendence to overestimate
alpha at low frequency and to underestimate it at high
frequency. The ESS correctly measured the absorption
coefficient above 300 Hz. As expect (see Section I1-C), the
result is less reliable at lower frequencies due to the reduced
size of the employed microphone array.
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Fig. 18. Basotect G+, variation of the absorption coefficient alpha for ten
measurements in the center point, microphone array.
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Fig. 19. Basotect G+, average absorption coefficient alpha for eight

measurements around the center point, microphone array.

B. Expanded polystyrene (EPS)

First, the EPS panel was measured with the Microflown
PU-probe, results can be seen in Fig. 20 and Fig. 21. Also in
this case, one can note the variations are almost negligible
with the ESS. Despite a trend of underestimating alpha at very
low and high frequencies with the white noise can be
observed, results are very similar for both test signals.
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Fig. 20. EPS, variation of the absorption coefficient alpha for ten

measurements in the center point, PU-probe.
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Fig. 21. EPS, average absorption coefficient alpha for eight measurements
around the center point, PU-probe.

Then, the EPS panel was measured with the microphone-
LDV system, results can be seen in Fig. 22 and Fig. 23. One
can note the repeatability is very good with both test signals,
and the estimation of alpha almost identical. The absorption
coefficient is correctly evaluated in the frequency range 400
Hz — 4 kHz, while it resulted significantly underestimated at
lower and higher frequencies.
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Fig. 22. EPS, variation of the absorption coefficient alpha for ten
measurements in the center point, microphone-LDV system.
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Fig. 23. EPS, average absorption coefficient alpha for eight measurements
around the center point, microphone-LDV system.

Eventually, the EPS panel was measured with the
microphone array, results can be seen in Fig. 24 and Fig. 25.
An excellent repeatability of the measurement is observed
with both test signals. The white noise showed a tendence to
overestimate alpha at very low frequency, where the SNR is
very poor. However, the absorption coefficient estimation is
very close to the PU-probe result.
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Fig. 24. EPS, variation of the absorption coefficient alpha for ten
measurements in the center point, microphone array.
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Fig. 25. EPS, average absorption coefficient alpha for eight measurements
around the center point, microphone array.

V. CONCLUSIONS

Three noncontact techniques for measuring the acoustic
absorption  coefficient were compared:  PU-probe,
microphone-LDV system, and a microphone array. Two
different test signals were employed: white noise, which has
already been in use for decades, and the ESS. The latter packs
the time domain information in a short Impulse Response,
allowing to improve the SNR by tens of dB, remove the non-
linearities, and cut the reflections of the measurement
environment. The three methods and the two test signals were
used for the measurement of two different materials, Basotect
G+ and EPS. The acoustic absorption coefficient alpha was
estimated by means of the Farina-Fausti formula.

The PU-probe is the current reference method for
noncontact, in-situ measurement of sound absorption
coefficient, and it is confirmed by the results of this work. It
worked correctly with both materials and test signals, although
the ESS is highly recommended for its several advantages and
the reduced time required for the measurement.

The microphone-LDV did not work on the Basotect G+
panel, since the LDV is not suitable for porous materials, as
expected. Instead, the result on the EPS panel was corrected
in comparison with the PU-probe in the frequency range 400
Hz — 4 kHz. Despite the reduced cost of a laboratory grade
microphone, an LDV system is usually quite expensive, and
considering the limited frequency range of correct operation,
it turned out to be the least convenient.

The microphone array technique is the most promising,
besides the greater contribution of the presented work. It
performed well with both test signals and materials, and
particularly with the Basotect G+. The ESS provided more
reliable results at low frequency, where the measurement
benefits of an increased SNR, and at high frequencies, which
are usually affected by the reflections of the environment. As
for the PU-probe, it allows for free field calibration. The
growing availability of microphone arrays on the market
makes it possible to find commercial solutions even at reduced
cost, of various shapes and number of capsules, suitable for
different ranges of applications.
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