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ABSTRACT

The in situ characterization of acoustic materials is used
to assess material properties of installed devices. The use
of sensor arrays guarantees access to spatio-temporal in-
formation about the scattered sound field that finite sam-
ples or diffusers create in realistic conditions. Such ef-
fects can be investigated by formulating suitable inverse
problems, which incorporates the complexity of acoustic
fields. Since this line of research is in constant evolu-
tion, this paper describes the construction of a database
of impulse responses obtained with in sifu measurement
techniques and some of the results obtained with differ-
ent techniques. A 3D scanner is used to move and posi-
tion the microphone at the coordinates of a pre-established
array geometry. The exploited measurement scenarios,
the data organization, and post-processing strategies are
described. Initial results considering the classical 2-
microphone method, plane-wave expansion and the dis-
crete complex image source methods are presented and
compared.

Keywords: in situ measurements, absorption coeffi-
cient, dataset, acoustic materials

1. INTRODUCTION

The acoustic characterization of materials under in situ or
free-field conditions is valuable for room acoustics and
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noise-control applications. The work of Brandao [1] ex-
tensively reviews such techniques for measurement sce-
narios with a few sensors. Usually, these methods rely
on a mathematical sound field model above the material
and assume the sample to be much larger than the wave-
length [2]. Additionally, microphone array techniques for
absorption measurements have been explored since the
early works of Tamura in the 1990s [3,4], as they provide
information about the distribution of pressure and/or parti-
cle velocity in space. Recent approaches that seek to eval-
uate the acoustical absorption coefficient have benefited
from the use of microphone arrays in conjunction with in-
verse problem theories that aim to reconstruct the sound
field in the vicinity of the sample under evaluation [5—11].

In order to promote further advancement in this re-
search area, constructing a well-structured experimental
dataset is of interest. For instance, some datasets re-
ported in the literature focus on simulations for room
acoustics [12], Head-Related Transfer Function simula-
tions [13], and environmental acoustics [14]. This paper
outlines the methodology adopted for creating a dataset of
in situ measurements of acoustical materials.

The experiments described in this study were carried
out in a large reverberation chamber using relatively low-
cost instrumentation. A time-windowing technique was
applied to isolate the direct sound from the reflections
caused by the chamber walls. A 3D scanner is employed
to move the microphone throughout the spatial coordi-
nates of a pre-defined array, and impulse responses are
collected sequentially. A more comprehensive overview
of the experimental setup and the routines implemented in
the construction of the dataset can be found in Ref. [15].
This study investigates a double planar array topology, as
in Ref. [6, 16]. The measured sound pressure serves as
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input for two inverse problems: a plane wave expansion
(PWE) [9] and a novel approach called the Discrete Com-
plex Image Source Method (DCISM) [11]. The first can
be used to study effects like edge diffraction of the sample,
and the second is a compact sound field model suitable
for short source-receiver distances. The inverse problems
results are compared to those obtained with the classical
two-microphone technique [17, 18].

This paper is organized as follows: Section 2 out-
lines the experimental procedures, encompassing the in-
strumentation built and used, the measured samples eval-
uated, and the array’s geometries. Section 3 presents the
mathematical background necessary to understand the in-
verse problems. Section 4 presents the results and discus-
sions, followed by the conclusions in Sec 5.

2. MATERIALS AND METHODS

The experiments were conducted within a 207 m? rever-
beration chamber at the Acoustic Engineering Labora-
tory [19] of the Federal University of Santa Maria (UFSM
- Brazil). The use of such a room was motivated by its
controlled acoustic characteristics and by the fact that the
walls can be substantially far from the sample and in-
strumentation ! . The samples were positioned directly on
the floor and in the center of the room. Figure 1b visu-
ally represents the experimental environment. This study
presents results for 3 mounting conditions for 48 x 48 cm
polyurethane (PU) foam with 25 mm of thickness. All
evaluated scenarios consider the source positioned above
the center of the sample at a distance of 1 m (normal inci-
dence).

A 3D scanner, developed by the research team [10]
was used to move a transducer through a set of predeter-
mined spatial coordinates ry,, = (x,y, z). As the scanner
operates, it sequentially measures the sound pressure at
each coordinate. The scanner system, adapted from 3D
printing technology, employs four NEMA stepper motors
to move the microphone — two for the z axis (M1 and
M2), one for the y axis (M3), and another for z axis
(M4) — providing three degrees of freedom. The scan-
ner’s control interface comprises an Arduino that handles
the communication between the Python programming and
the scanner, along with the drivers that operate the axis
motors. A similar measurement system was envisioned
and implemented by D’ Antonio et al. [20]. Figure 1b il-

! Additionally, the laboratory does not have an anechoic
room, unfortunately.
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Figure 1: (a) Signal channeling with the cable con-
nections. (b) Experimental setup within the reverber-
ation chamber.

lustrates the experimental setup mounted within the re-
verberation chamber, where it is possible to visualize the
3D scanner holding the microphone over the sample posi-
tioned directly below the sound source.

The acoustic signals reported herein were acquired
using a Behringer ECM 8000 measurement microphone
connected to a Focusrite Scarlett Solo audio interface
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(ASIO driver). Other options were explored in the cur-
rent dataset but are not reported here for the sake of
brevity. The excitation signal consisted of an Exponential
Sine Sweep (ESS) ranging from 100 Hz to 20 kHz, radi-
ated from a full-range loudspeaker mounted on a spher-
ical baffle with a diameter of 9 cm. A Briiel & Kjer
2716C power amplifier drives the loudspeaker. Both mea-
surement and post-processing operate using Python, with
object-oriented programming. The basic repositories pri-
marily used in the work presented here are available on
Github [21, 22]. Furthermore, the open-source library
PyTTa Toolbox [23] was used extensively to create the
excitation signals, record the responses, and compute the
impulse responses. Atmospheric conditions, the name of
the material under study, the hardware utilized, the Ar-
duino setup, and the date and time of the measurements
are stored as metadata on the measurement object and can
be retrieved later.

The array explored in this paper is a double-layered
microphone array, which evaluates the pressure above the
sample’s surface, z > 0. Its dimensions are 0.3 x 0.3 m2,
with 8 microphone positions along the x and y axis, result-
ing in 64 positions per layer and a total of M = 128 mea-
surement points. The vertical separation between the two
layers was set to z, = 0.02 m, while the distance between
the closest layer to the top of the sample was zy = 0.02 m.

3. THEORY OF INVERSE PROBLEMS

Many inverse problem formulations have been proposed
over the years, aiming to reconstruct the sound field above
finite or infinite samples. In this study, two approaches
are considered: a plane wave expansion (PWE) model
formulated as a set of propagating and evanescent plane
waves [9] and the discrete complex image source method
(DCISM), a novel method recently introduced in the liter-
ature by Brandao [11]. This paper briefly describes such
methods, and more details can be found in the literature.
In both cases, the inverse problem can be formulated as a
matrix equation

p=Hx+n, ey

where p € C™M is the vector of measured sound pres-
sures at 1y, X € C! contains the unknown amplitudes of
interest, and H € CM*! is the sensing matrix (Kernel),
which models the acoustic field according to the method
being implemented. Also, n is representative of noise
that contaminates all measurements and model inconsis-
tencies [6,9]. Typically, the dimensions of ¢ and M differ,
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and the inverse problem becomes ill-posed, requiring reg-
ularization. The main topics regarding the assembly of the
sensing matrix for both PWE and DCISM are discussed
in Secs. 3.1 and 3.2. Further notes on the reconstruction
stage are given in Sec. 3.3.

3.1 Plane wave expansion

The basic formulation presented in this section if based
on Refs. [6,9]. It is assumed that the measured sound
pressure can be represented as a superposition of ¢ prop-
agating and evanescent plane waves, separated in an inci-
dent and a reflected sound field. Thus, the kernel matrix
can be written as H = [Hjyc Hyr]. For a given receiver
atry, = (x,y,z) and a wave-number ky, the matrix ele-
ments are composed of

—j (kww+kyy+kz (zfz'*'))

)

inc

0 (tm) = e

(rm) = e (Faothyy—hs(:=27))

2
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4

)

with z* and 2z~ related to retracted virtual source planes
that help to regularize the problem [6,9].

3.2 Discrete complex image source method

This formulation, proposed in Ref. [11] is based in
Ref. [24]. It models the sound field as composed of
a monopole (associated with the original source - inci-
dent sound field), a component associated with the image
source, and a series of monopoles located along a complex
line (reflected sound field). The matrix kernel is given by

e JkIri—rm|

b
Zw;

G(rj,ry) = 5

- 3)
|rj — I
For the original sound source, i = 1, ry = (ws, ys, 25)-
For the image source, i = 2 and ro = (x,ys, —2s)
(%wi = 1 in both cases). For the remaining complex
sources i = 1,2,--- , N, 1; = (&5, Ys, —2s + jgGi), With w;
and ¢; given by the Gauss-Legendre quadrature rule, and b
being a suitable truncation value for the integral [11,24].

3.3 Inverse problem estimation and reconstruction

Given that the Kernel matrix H in Equation 1 leads to
an ill-posed problem, an appropriate regularization tech-
nique is required to stabilize the inversion. This issue is
addressed through Tikhonov regularization, which is for-
mulated as

% = argmin (|[Hx — p[} + A|x[3), @
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with X\ being the regularization parameter selected auto-
matically by generalized cross-validation [25]. After find-
ing X, the sound pressure and the normal component of the
particle velocity can be reconstructed over a set of K grid
points located at the sample’s surface. The reconstructed
sound pressure is given by

f)re = Hrei . (5)

with P, € CK being the reconstructed sound pressure
vector and H,, € CX*¢ the reconstruction matrix con-
taining the wave functions evaluated at the reconstruction
points. The particle velocity vector is retrieved by means
of Euler’s equation of motion, with fi,e = ﬁVHrei.
Utilizing the reconstructed sound pressure and the parti-
cle velocity, an estimation of the surface impedance can
be derived as either a point-wise impedance or the spatial
average of a set of grid points used to compute the recon-
structed surface impedance, where

~ _ i ﬁ(rs)
Zs (rs) - _pC ,&n (I‘s)’ (6)

where p is the air density and c¢ the sound velocity in the
air. Subsequently, the sound absorption coefficient is in-
ferred as

N

4. RESULTS

This section presents the main results and corresponding
discussions from the experimental measurements. The
acoustic sound field is analyzed in the wave number do-
main using the PWE introduced in Sec. 3.1, and the ab-
sorption coefficient is reconstructed using both proposed
methodologies. For comparison purposes, the absorption
coefficient () is also estimated using the conventional
two-microphone technique [17] for each tested sample.

Three polyurethane (PU) foam configurations are
evaluated: (i) a flat rectangular sample (25 mm thick);
(ii) a corrugated sample with similar maximum thickness;
and (iii) a composite configuration consisting of the cor-
rugated foam mounted on the top of the flat sample.

The initial stage of the post-processing is the analy-
sis of the impulse responses (IRs) and their corresponding
frequency response functions (FRFs) to provide an initial
assessment of the measurement quality. Figure 2 presents
an IR obtained from the measurement of the flat PU foam,
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Figure 2: (a) Measured impulse response alongside
its windowed version and the applied window func-
tion. (b) FRF obtained from one measurement of
each sample.

showing both the raw and windowed impulse responses,
as well as the Adrienne window applied to the signal. The
first reflections from the chamber walls reach the trans-
ducer at approximately 0,015 s after the direct sound. It
is important to note that this time delay can vary depend-
ing on the spatial positioning of the microphone within the
reverberation chamber.

Furthermore, Figure 2b displays the FRFs (windowed

signal) obtained from the first measurement of each sam-
ple (near its center). The difference between the samples
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Figure 3: Wave-number spectrum for the PU sample estimated from the microphone array data.

is easier to be observed above 1000 Hz. Note that for the
mounted sample, the magnitude of the FRF is significantly
different than the others between 1 and 2 kHz.

Figure 3 shows the reflected components of the wave-
number spectrum (k-space) at frequencies 500, 1500, and
2500 Hz for the PU flat, corrugated, and the mounted (cor-
rugated + flat) situations. Each subfigure plots the radia-
tion circle as a gray line to distinguish between propagat-
ing and evanescent plane waves. The source planes are
located 1 cm below the lower layer of the microphone ar-
ray and at 1 cm above the top layer. That ensures sym-
metry between the distances from the microphone array
to the sample and to the source planes. In Fig. 3, the
main lobe at the center of each subplot is associated with
plane waves traveling in the direction of specular reflec-
tion, while the side lobes are likely due to the finite dimen-
sions of the absorbers [9]. In all cases, at the frequency
of 500 Hz, the wave-number spectra are similar and the
evanescent components appear more prominent compared
to the other spectra. This behavior is attributed to the fact
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that the wavelength of the incident wave is comparable
to the size of the sample, which enhances the diffraction
effects. The evanescent components tend to decrease in
amplitude with increasing frequency, indicating a greater
concentration of propagating waves at higher frequencies.
It is interesting to note that the diffraction components for
the corrugated samples seem to have slightly larger am-
plitudes when compared to the flat sample at 1500 and
2500 Hz, which can be attributed to a more irregular re-
flection pattern caused by the surface irregularities.

The absorption coefficient values for the three mount-
ing configurations are shown in Fig. 4. The solid lines cor-
respond to the results obtained using the DCISM method,
while the dashed lines represent the values estimated us-
ing the PW approach. Dash-dotted lines are representa-
tive of the 2-mics technique. The three inference methods
yield similar results across all configurations and mount-
ing conditions. The DCISM and the plane-wave expan-
sion methods show a closer agreement. Notably, the
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DCISM tends to underestimate the absorption values be-
low 500 Hz (compared to the plane-wave expansion). This
discrepancy can be attributed to the different modeling
assumptions. The absorption values for the stand-alone
corrugated sample are relatively low because the aver-
age material thickness is small. For this reason, the es-
timates obtained using the two-microphone method show
more erratic behavior above 1000 Hz. Note also that
the absorption coefficient increases significantly for the
mounted condition (corrugated on top of the flat sample).
In both corrugated sample cases, it might be challenging
to establish a surface to reconstruct the surface impedance
on, which may contribute to the discrepancies between the
DCISM and the plane-wave expansion models.

1.0

—= PU Corrug Mounted - PWE
—— PU Corrug Mounted - DCISM
++ PU Corrug Mounted - 2 Mics
PU Corrug - PWE
— PU Corrug - DCISM
++ PU Corrug - 2 Mics

PU - PWE
—— PU - DCISM

al-]

500 1000
Frequency [Hz]

2000 4000

Figure 4: The sound absorption coefficient for 3
mounting conditions of finite PU samples measured
with a double planar array.

5. CONCLUSIONS

The proposed experimental setup effectively measured
impulse responses near three material configurations. The
measurements performed with the double-layered array
proved consistent, and the implemented inverse methods
yielded satisfactory and insightful results regarding the
behavior of the acoustic sound field. Additionally, both
the PW method and the DCISM demonstrated consistency
in reconstructing the absorption coefficient, with minor
discrepancies aligned with predictions found in the litera-
ture. The two-microphone technique also proved to be a
straightforward and reliable approach for establishing a a
metric for comparison. The data presented herein will be
included into the in situ acoustic database currently under
development.
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