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Abstract
A technique for estimating the sound absorption of materials under oblique incidence plane wave and diffuse 
field excitations is proposed. It requires a mobile loudspeaker and a pair of fixed microphones above a layer 
of absorbing material. Starting from sound pressure measurements made above the material surface for 
multiple source positions and by inverting Allard’s propagation model, the proposed method allows for the 
identification of two effective (or equivalent) parameters, namely, the complex effective density and the 
complex wave number. Obtaining these parameters makes it possible to estimate the sound absorption 
coefficient for a plane wave with any angle of incidence or under a diffuse acoustic field by summation over 
the angles. The results are compared to theoretical values calculated using the Johnson-Champoux-Allard 
model and to reference measurements obtained using an impedance tube, a small cabin, a large reverberant 
room, and a sound field synthesis method. One of the limitations of this method lies in the assumptions 
associated with the Allard model to describe the sound field above the material (assumed to be isotropic, 
homogeneous, of constant thickness, and to behave like an equivalent fluid). The main advantages are (1) 
that the sound absorption coefficient can be estimated under oblique incidence plane wave and diffuse 
acoustic field with values that are always in a physical range (between 0 and 1), and (2) that samples of 
the order of the square meter without specific preparation can be tested which reduces the constraints 
associated with impedance tube or reverberant room measurements.
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Introduction

A precise knowledge of the properties of sound-absorbing materials is essential to achieve effi-
cient noise control and reduction to improve the quality of the sound environment. Several sec-
tors, such as construction and transport, must comply with noise regulations. Still, noise control 
has a broader scope and involves cities, workplaces, and transportation means given the health 
impacts of noise at work and environmental noise.1,2 Two standardized methods are followed to 
measure the properties of sound-absorbing materials, and both were initially proposed nearly a 
century ago.3–9 The first is the impedance tube method10–13 and the second is the reverberation 
chamber method.14,15

Regarding the impedance tube, many improvements have been proposed to the early twentieth-
century standing wave tube apparatus.3 One-,16 two-,17 three-18 and four-microphone19 methods 
were developed in the last 40 years and are now included in standards.11–13 The obtained values for 
the sound absorption coefficient are usually within a physical range, between zero and unity. The 
method also requires a simple setup (a circular or square cross-section tube, at least one micro-
phone and a loudspeaker). However, the impedance tube method is limited to normal or grazing 
incidence and up to a frequency that is restricted by the diameter of the tube. Results are obtained 
on samples that must be cut out from a large sample and may not represent the material’s properties 
given the sample size and the possible cutting and mounting effects.

On its side, the reverberation chamber method has evolved little since its proposal by Sabine.20 
It provides a diffuse field absorption coefficient, which corresponds to an average value over all 
incidence angles (see ASTM C42314 or ISO35415 standards). The reverberant chamber method 
requires extensive and costly measurement infrastructures and provides measurement results cor-
responding to a material’s behavior in a given test room. Unfortunately, standards require a mini-
mum room volume, but no specific dimensions for the reverberation chamber are defined (variable 
geometrical parameters). Ultimately, the material’s size and mounting conditions also influence the 
estimated absorption such that, in general, significant inter-laboratory variations of estimated 
absorption coefficients have been observed.21,22 Moreover, a sound absorption coefficient larger 
than unity can be obtained.

The limitations of these two standardized methods have led to the development of various 
approaches for estimating sound absorption or sound impedance under normal, oblique, and ran-
dom incidence. In addition, evaluating the performance of acoustic materials from an angle-
dependent point of view is critical in a wide range of acoustics-related problems.

Room methods for measuring the sound absorption of materials under diffuse field condi-
tions have been proposed, such as the use of small reverberation rooms (also called “alpha” 
cabins)23 or ensemble averaging in any large rooms or reverberant rooms with pressure-veloc-
ity sensors24,25 or microphones.26 Apart from room-based methods, approaches to estimating 
sound absorption under variable incidence can be broadly classified into two families: (1) The 
use of a single source and several receivers or a microphone array, and (2) the use of several 
sources and a microphone pair. The two-microphone based techniques, geometrical and meas-
urement errors, limitations, and possible extension to in situ measurement are summarized in 
a series of four articles by Waddington and Orlowski27–30 and also by Brandão et al.31 Most 
approaches include an anechoic environment, a single acoustic source, and a pair of micro-
phones32,33 or a pressure velocity sensor.34 Regarding multipoint microphone measurements, 
different arrangements were evaluated. A linear microphone array35,36 or a moving pair of 
microphones37 with adequate post-processing were suggested. A double-layer microphone 
array was proposed in38 to estimate sound impedance and absorption of porous material 



Sciard et al. 3

samples in an anechoic room and an ordinary room, with results that remained consistent when 
sample sizes and incidence angles were varied. Dragonetti et al.39 performed a theoretical and 
experimental comparison between the plane and spherical reflection coefficient for different 
types of porous materials backed by a rigid surface. A single sound source and a linear array 
of 32 microphones were used, and the analysis followed the methods described in.32,37 Using 
the microphone array, Allard et al.’s model40 and an optimization method, these authors were 
able to identify the material’s non-acoustic parameters (complex density and complex 
wavenumber).

Spherical or hemispherical microphone arrays and a spherical harmonic decomposition of the 
incident and reflected sound field were considered to estimate surface impedance, reflection and 
absorption coefficients under point source excitation in laboratory and in situ conditions.41,42 
Nolan43 proposed a method for measuring the angle-dependent absorption coefficient. A sound 
pressure field measured over a three-dimensional volume is decomposed into plane-wave compo-
nents using a wave number transform, and the incident and reflected sound powers are calculated 
over two hemispheres (representing the incident and reflected wave fields). The method was vali-
dated in a classroom using a robotic arm and a single sound source, and a good agreement was 
found at most angles of incidence with calculations made using a transfer matrix method 
calculation.

While using a single sound source does not allow to control the incident sound pressure field, 
a loudspeaker array offers the possibility to generate a plane wave with a given incidence angle 
or a diffuse acoustic field. The application of sound field reproduction methods to acoustic mate-
rial characterization was first proposed for the case of a normally incident plane wave to estimate 
the surface impedance and sound absorption,44 and under a diffuse acoustic field excitation to 
evaluate the sound absorption.45,46 A single loudspeaker was moved at discrete positions above 
the material to define a virtual array at a post-processing step in Robin et al.,45,46 and the sound 
absorption coefficient was estimated under a synthesized diffuse acoustic field (the sound field 
is virtually achieved at a post-processing step, whence the term synthesized). Dupont et al.47,48 
extended previous works, by using a 64-loudspeaker array to estimate the surface impedance and 
the sound absorption under plane waves with variable incidence angle,47 and the diffuse field 
sound absorption coefficient was derived following Paris formula using angle-dependent sound 
absorption coefficients.48 In Dupont et al.,47,48 the sound field was reproduced using a physical 
loudspeaker array. In all studies using physical or virtual loudspeaker arrays, the two-micro-
phone technique was used to estimate the reflection coefficient, the surface impedance, or the 
sound absorption coefficient. In our previous work using the virtual source array approach45,46 
(referred to as the Sound Field Synthesis, SFS, approach in this article), the sound field above 
the absorbing material was described using a simple image source model. Since this model is 
known to fail at low frequencies, the sound absorption provided by the SFS approach was not 
found to be reliable below 400 Hz. The main research question that triggered the present work 
was to improve the low-frequency absorption results of the SFS approach and reduce the associ-
ated experimental uncertainties, still in the paradigm of a virtual source array to create multiple 
incidence excitation.

Using a motorized test bench developed for this project, a characterization approach is pro-
posed, which consists of inverting the Allard et al.’s propagation model40 using sound pressure 
measurements made above a material surface for multiple source positions, and extracting the 
material properties (the complex wave number km  and the complex effective density ρm e, ). 
Starting from these two parameters, it is then possible to calculate quantities such as the surface 
impedance or the sound absorption coefficient for a plane wave with any angle of incidence, or 
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under a diffuse acoustic field by summation over the angles. Compared with the work of Dragonetti 
et al.39 in which a free-field and hard floor calibration was needed to take into account the sound 
source directivity, we rely here on inter-microphone transfer functions and a mobile source, remov-
ing the calibration step. Also, while a comparison between the plane and spherical reflection coef-
ficient is provided in Dragonetti et al.,39 we use the identified complex properties to evaluate the 
sound absorption coefficient for a plane wave and under a diffuse acoustic field and compare the 
results obtained with other methods.

The fundamental equations of the problem considered are first recalled in the ’Fundamental 
concepts’ Section. The reference methods, which include standardized measurements, the equiva-
lent fluid model, and the SFS method are then described in the “Reference methods” Section. The 
proposed method based on Allard’s model inversion is detailed in the next section. The experimen-
tal details of the proposed approach are described in the “Experimental methods” Section and the 
results of the measurements are provided in the “Results” Section. A general discussion regarding 
reference methods and the proposed method is detailed in a specific section, followed by a conclu-
sive Section.

Fundamental concepts

The general problem consists of an acoustic plane wave incident on a planar, homogeneous, iso-
tropic, infinite lateral size layer of absorbing material. In this work, the absorbing material is mod-
eled as an equivalent fluid. The incident acoustic wave is characterized by its angle of incidence θ  
and azimuth ϕ . The complex sound pressures of the incident and reflected plane waves are given, 
respectively, by

   p t e ei
t k x y z

( , ) = 0x j jω θ ϕ θ ϕ θsin cos sin sin cos+ +( )    (1)

    p t Re er
t k x y z

( , ) = ,0x j jω θ ϕ θ ϕ θsin cos sin sin cos+ −( )    (2)

where ω  is the angular frequency, k0  is the acoustic wave number, and R  is the complex reflec-
tion coefficient (in this work, complex quantities are indicated by an upper ~ symbol). The time 
factor e tjω  is omitted in the following. The plane-wave absorption coefficient is defined by

    α ω θ ω θ( , ) = 1 | ( , ) | .2− R     (3)

The diffuse field absorption coefficient αd  calculation from the plane wave coefficient α  was 
first discussed by Paris8 and became the so-called Paris law. Various corrections of the Paris law 
have been proposed49,50 to consider non-perfectly diffuse field conditions. In the present work, the 
Paris law is used for simplicity;

    α ω α ω θ θ θ
π

d ( ) = ( , ) 2 .
0

/2

∫ sin d    (4)

The absorption properties α  and αd  of a given material depend on its physical properties. 
A large body of work in the literature relates the absorption coefficient of a material to its physi-
cal properties.52 One of the simplest models is the equivalent fluid model, in which the material 
is described by two quantities: its equivalent wave number km ( )ω  and its equivalent density 
ρ ωm ( ) , which are complex and frequency-dependent values. This model assumes that the 



Sciard et al. 5

material is homogeneous and isotropic. According to the equivalent fluid model, the surface 
impedance of a layer of thickness d  of material subjected to a plane wave of incidence θ  is 
given by52
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where φ  is the porosity of the material, Zm  is its characteristic impedance, given by 
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The complex reflection coefficient is then given by
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where Z0  is the characteristic impedance of the acoustic medium in z > 0 . The absorption coef-
ficient is finally obtained using equation (3). The following sections detail classical methods and 
the new proposed method to determine either Zs , R , α , or αd  for a given material.

Reference methods

In this work, the absorption results provided by the proposed inversion approach are compared to 
two standardized methods (impedance tube and reverberation chamber measurements), small 
cabin measurements, as well as the Sound Field Synthesis approach,46,51 which has conceptual con-
nections with the proposed inversion method. The experimental results are compared to the 
Johnson-Champoux-Allard and Atalla model predictions.52 These approaches are briefly recalled 
in the following sections.

Impedance tube

An impedance tube can be used to measure a material sample’s normal incidence sound absorp-
tion coefficient (see Figure 1). The experimental procedure is described in the standards 
ISO10534-212 and ASTM E1050-19.13 A small sample is placed within a tube, housing a loud-
speaker and two microphones positioned in front of the sample. Excitation is generated by a 
loudspeaker at one end of the tube (left-hand side in Figure 1), and the tested sample is placed at 
the opposite end and backed by a rigid wall. Two microphones, A and B in Figure 1, are placed 
between the loudspeaker and the sample. The frequency range is defined by the cross-sectional 
diameter of the tube D , the tube’s length, and the spacing between the two microphones s . The 
lower frequency limit is a function of the microphone spacing and equals 0.01 /0c s , where c0  
is the sound speed. The upper-frequency limit corresponds to the tube’s cutoff frequency, up to 
which only normal plane waves propagate. This frequency for a circular cross-section tube 
equals 0.586 /0c D .13

Using the measured complex acoustic transfer function between microphones B and A, HBA , 
that is corrected for microphone amplitude and phase response mismatch using the switched 
microphones technique, the complex reflection coefficient under normal plane wave excitation 
equals12,13
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The sound absorption coefficient under normal plane wave excitation is finally evaluated using 
equation (3).

This experimental method is widely used because it is easy to implement and robust. However, 
the majority of repeatability errors arise from the sample’s cutting method and its positioning 
within the tube. In the case of porous materials with an elastic frame, the lateral boundary condition 
between the sample and the tube wall can have a significant impact on the measurement of the 
sound absorption coefficient.53 Indeed, if the sample diameter is too small compared to the tube 
diameter, air leaks may occur between the sample and the tube wall.54,55 On the other hand, if the 
diameter of the sample is too large, the vibration of the sample frame and the pore compression will 
alter the measurement of the sound absorption coefficient.56–59 Note that an alternative method53 
has been proposed to reduce the effects of the lateral boundary condition in the tube. This method 
allows to estimate the sound absorption of material when a sample of this material is tested in the 
tube with a small lateral air cavity (same as a lateral air ring). Additionally, the lateral dimension 
of the test sample, determined by the tube diameter (typically 29.9 mm, 44.4 mm, or 100 mm), 
might be insufficient to represent the tested material accurately. This is particularly true for non-
homogeneous materials such as shoddy felt.

Note that an application of measurements conducted with an impedance tube is their use in the 
subsequent determination of the input macroscopic parameters of sound propagation models, like 
the Johnson-Champoux-Allard and Atalla model with five required parameters52 or even the 
Johnson-Champoux-Allard-Lafarge model with six required parameters, see Jaouen et al.60 A clas-
sical two-microphone impedance tube, as well as three- or four-microphone tubes, can be used for 
these measurements and estimations of material’s macroscopic parameters by indirect methods61,62 
or inverse methods.52,63

In this project, the Mecanum conventional tubes (see Figure 2(a)) with circular cross-sections 
of 44.4 and 100 mm diameters have been used to measure the normal incidence sound absorption 
coefficient of material samples and to assess some of macroscopic parameters of materials (the 
viscous and thermal characteristic lengths) used in the Johnson-Champoux-Allard and Atalla 
model52 to calculate the equivalent wave number km  and equivalent impedance Zm  of 
materials.

Figure 1. Scheme of a standard impedance tube.
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Reverberation room and acoustic cabin

The diffuse field sound absorption coefficient of a material sample can be measured using (i) an 
acoustic cabin (also called alpha cabin or small cabin) for a medium-sized sample of material (see 
Figure 2(b)) or using (ii) a reverberation room (also called reverberation chamber) for a large-sized 
sample of material (see Figure 2(c)). The reverberation room method is described in the ISO 
354:200315 and ASTM C423-2214 standards and is based on the statistical Sabine approach20 using 
a diffuse field excitation. The edges of the sample must be covered to avoid including their contri-
bution in the calculation of the equivalent sound absorbing area (see Figure 2(b) and (c)). The 
position of the material as well as its area or the ratio between its area, and the volume of the room, 
can greatly influence the results obtained. A large area of sound-absorbing material prevents a 
logarithmic decrease of the sound field and therefore an accurate measurement of reverberation 
times in the reverberant chamber.7,21,22 Too small samples of a sound-absorbing material will lead 
to overestimated values of its actual absorption coefficients (which can largely exceed unity). To 
measure the sound absorption coefficient at low frequencies, this method requires large-volume 
chambers (the requirement in ASTM C423 standard is a minimum room volume of 125 m3) and 
samples with large sizes (ISO 354-2003 suggests the use of a 10–12 m2 sample).

The absorption coefficient of the material in third-octave or octave bands can be calculated as 
follows

    α ωd
sample

V

c S T T
( ) =

55.3 1 1
,

0 0

−












   (8)

where Tsample  and T0  are the reverberation times measured with and without a sample respectively, 
V  is the reverberation chamber volume and S  the sample area. Also, ω  denotes that the sound 
absorption under a diffuse field excitation is in this case a frequency-averaged value (per each 
third-octave or octave band).

Measurements following ASTMC423 standard (interrupted noise method) were conducted at 
Université de Sherbrooke. The room has a volume of 139.5 m3 (7.5 m × 6.2 m × 3 m). The experi-
mental protocol described in the standard was rigorously followed to guarantee compliance with 
recommendations regarding all control parameters including microphone positions, sample posi-
tion and size (6.7 m2). To calculate reverberation times in third-octave bands, signals measured at 
microphones were filtered in the time domain using third-octave pass bands, Schroeder’s back-
ward integration method was applied to those filtered signals, and the decay rate was estimated 
over a 15 dB range.

Figure 2. Reference test benches used to measure/estimate the absorption coefficient under various 
conditions: (a) impedance tube (Mecanum), (b) acoustic cabin (Mecanum), and (c) reverberant room 
(Université de Sherbrooke).
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Similarly to an Alpha Cabin,64 the Mecanum Acoustic Test Cabin is inspired by standardized 
measurements in a large reverberant chamber14,15 and considers a quasi-diffuse field. Uncorrelated 
white noise signals are sent to four fixed loudspeakers inside the cabin, and a variable-position 
four-microphone array is used to measure the sound pressure decay inside the cabin. The room has 
a volume of 5.95 m3 ( . . . )2 4 m 14 m 17 m× × , equipped with four diffusers to improve sound diffu-
sion at low frequencies.65 Measurements can theoretically be conducted between 250 and 10,000 Hz 
using this cabin, and the measurement procedure closely follows standards,14,15 using the inter-
rupted noise method similar to the reverberant room method. This method is generally limited to 
medium and high frequencies (above 250 Hz) and requires smaller sample sizes than those needed 
in the reverberation room method. Indeed, in this study, the Alpha cabin requires a sample surface 
area of between 0.36 and 1.3 m2, while for the reverberation chamber the minimum sample surface 
area required is 6.7 m2.

Equivalent fluid model

Equivalent fluid models, such as the Johnson-Champoux-Allard and Atalla (JCA) model,52 are 
based on the assumption that the material behaves as an equivalent fluid. The material frame is 
considered rigid (or limp) in these models. The JCA model is based on five macroscopic parame-
ters that can be measured/estimated using classical direct or indirect methods: the porosity φ  
(measured here by a weight differential approach66), the tortuosity α∞  (measured here by an ultra-
sound method67), the quasistatic air flow resistivity σ  (measured here by a resistivity meter68), and 
the two characteristic lengths Λ  and Λ’ (estimated here from acoustic tube measurements and an 
indirect method61,62). The JCA model allows for the calculation of the complex density ρm  and the 
bulk modulus Km  of the equivalent fluid, and thus the characteristic impedance Zm  and the wave 
number km  of the equivalent fluid (see Appendix 1 for the parameter expressions). Based on these 
physical parameters, acoustic indicators such as the oblique (or normal) incidence sound absorp-
tion coefficient of a rigidly backed material can be determined.

Note that the estimation/measurement of macroscopic parameters can be highly dependent on 
the material sample and the boundary conditions applied to the sample, particularly for macro-
scopic parameters estimated from acoustic tube measurements. Indeed, as previously mentioned, 
the lateral boundary condition between the sample and the acoustic tube wall can significantly 
impact the measurement of acoustic indicators and parameters, particularly for porous materials 
with an elastic frame. Thus, measurement on several samples of the same material can induce a 
significant dispersion in the estimation of the macroscopic parameters of the material.

Sound absorption coefficient under a synthesized pressure field - sound field 
synthesis (SFS) approach

The SFS approach has been described in detail in Robin et al.45,46 so that only the main steps are 
recalled here. The general principle is to create a given excitation at the surface of a material using 
a virtual monopole array and a sound field synthesis approach. More precisely, it is based on a 
spherical decoupling assumption, sometimes called an image-source model.32,69 The spherical 
assumption introduces a bias for small values of the product of the acoustic wave number k0  and 
the source-receiver distance R  (source-to-material separations of the order of an acoustic wave-
length or less), and this assumption is deemed valid when the value of k R0 1 .

The concept starts with the case of a single monopole over a laterally infinite layer of absorbing 
material. Considering an ideal point source at a height z zs=  above a layer of porous material of 
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thickness d , the acoustic field at two microphones M1  and M 2  (placed above the porous material 
at heights z z= 1  and z z= 2 , respectively) is a superposition of two spherical acoustic waves, gener-
ated by the real source with volume velocity Q  and the corresponding so-called image source with 
volume velocity   Q RQ’=  (see Figure 3(a)). Assuming a small separation of the two microphones so 
that the angle θ  is considered identical for both microphones, the measured acoustic pressure p j ( )ω  
for a given position of the point source at microphone M j  ( )j =1,2  can be written

    p r z j Q
e

R
R

e

Rj j

jk R
j

j

jk R

j

j

( , ; ) = ( ) ( , ) ,0

0
0
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  (9)

with R r z zj s j= ( )2 2+ −  the distance between the source and the microphone M j, 

′ + +R r z zj s j= ( )2 2  the distance between the image source and the microphone M j  and R( , )ω θ  

is the spherical wave reflection coefficient of the material corresponding to the position of the point 

source. Note that the reflection coefficient R( , )ω θ  in this case considers the spherical wave to 
reflect specularly. This plane wave approximation is a simplification of the spherical wave reflec-
tion which considers that the reflected wave has its amplitude and phase changed by a simple pla-
nar reflection coefficient.70 This research question was also studied by Dragonetti et al.39 who 
underlined that the reflection coefficient of porous materials can differ from the one provided by 
the plane-wave hypothesis, especially when the sound source is close to the porous material sur-
face and if the studied material has a non-locally reacting behavior.

Measuring the transfer function between microphone 1 and microphone 2, 
  H p r z p r z( , ) = ( , ; ) / ( , ; )2 2 1 1ω θ ω ω , allows calculation of the complex reflection coefficient for a 

given source position using the classical relation32
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Figure 3. (a) Description of the problem and coordinate system for a single point source and (b) an array 
of point sources in a plane parallel to the material surface.
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Figure 3(b) illustrates the approach proposed in Robin et al.45,46 to reproduce a surface sound 
pressure excitation described by its spatial cross-spectral density function, such as diffuse acoustic 
field. A sound source is successively positioned at i  discrete points over a rectangular grid parallel 
to the material surface, and a microphone pair is kept fixed at the center of the material surface. The 
complex reflection coefficient is measured under various incidence angles corresponding to suc-
cessive source positions i  over the source grid. These successive positions correspond to a virtual 
array of monopoles, in which point sources are driven by volume accelerations jω ωQi ( ) . At a 
post-processing step, the squared reflection coefficient | ( ) |2Rsynth ω  under the combined effect of 
all sources can be calculated, and is given by:

    | ( ) | = ,2Rsynth

H

H
ω

h S h

g S g
1 QQ 1

1 QQ 1′ ′
    (11)

where ′
′

− ′

g
e

Rij

jk R
ij

ij

( ) =
0

ω  are the free field Green’s functions between the image point source i  and 

the microphone M j , ′ ′g1 = { }1 gi
T , h1 = { ( , ) }1K % KR gi i

Tω θ ′  and T  and H  denote the trans-
pose and hermitian transpose, respectively. Also, the cross spectral densities of sources i and j 

volume velocities S Q Q
Q
i
Q
j

i j 
 = *  ( *  being the complex conjugate) are assembled in the cross-

spectral density (CSD) matrix SQQ .
To summarize this procedure to obtain the sound absorption coefficient under a synthetic sound 

field, which is referred to as the Sound Field Synthesis (SFS) approach in the following:

•• A database of complex reflection coefficients under various source position is constructed 
using equation (10),

•• This database is coupled to a calculated source volume velocity CSD matrix SQQ , calcu-
lated using a Planar Nearfield Acoustical Holography (P-NAH) approach45,71 and represent-
ing the statistics of the target sound pressure field,

•• The CSD of the target pressure field on the material surface is defined to be an ideal Diffuse 
Acoustic Field (DAF)72 or a plane wave with prescribed incidence,73 The corresponding 
absorption coefficient αsynth  can be finally deduced using equation (3) and | ( ) |2Rsynth ω .

While an ideal DAF implies a 90° limit incidence angle in the theoretical CSD, the largest inci-
dence angle that can be included in the database of measured reflection coefficients is defined by 
the source to reproduction plane separation zs  and the largest reproduction source to microphones 
distance. With the configuration used for measurement, see Test Bench Section, this value equals 
approximately 70° depending on the considered microphone (which is close to the 78° limit angle 
value reported in the scientific literature when using the Paris formula, see26,48). Note also that 
equation (9) represents an approximate description of the acoustic pressure field that is valid when 
k R0 1 , which leads to a low-frequency limit of the SFS method especially for small source-
microphone separation. In the next section, we propose to use Allard model inversion (AMI) to 
improve material characterization at low frequency.

Proposed characterization approach: Allard model inversion 
(AMI)

Similar to the SFS approach, the material characterization approach proposed here is based on a 
mobile loudspeaker and a pair of fixed microphones above a layer of absorbing material. Assuming 
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that the loudspeaker behaves as an omnidirectional point source and neglecting waves diffracted 
by the edges of the material sample, the problem corresponds to a monopole source S  of volume 
velocity Q  at height zs  above a laterally infinite layer of thickness d , complex wave number km  

and complex effective density 


ρ
ρ
φm e
m

, = . Here, in contrast to equation (9), we are looking for an 
exact solution to this problem.

According to Thomasson74 and Allard et al.40 and referring to Figure 3(a), the sound pressure at 
location ( , )r z j at the microphone M j above the surface of the material for this problem is given 
by
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where ρ0  is the density of the acoustic medium in z > 0 , k0 the acoustic wave number ( )k c0 0= /ω , 
ν 0

2
0
2= k k− ,  νm mk k= 2 2−  and J0  is the cylindrical Bessel function of order 0. In contrast to the 

previous and simplified image-source model, equation (12) provides the exact solution for the sound 
pressure above an absorbing layer modeled as an equivalent fluid, with extended reaction. The charac-
terization approach proposed here consists of inverting this model from sound pressure measurements 
above the material surface to extract material properties km  and ρm e, . The integral in equation (12) is 
calculated numerically using the Matlab function integral, which uses global adaptive quadrature.

Using the experimental test bench described in Section 5, a loudspeaker is moved at a series of 
positions i  in a plane parallel to the material surface and the sound pressures p i1, ( )ω , p i2, ( )ω  are 
measured by a fixed microphone pair close to the material surface, with its axis perpendicular to 
the material surface. The resulting inter-microphone transfer function   H p pi i i( ) = ( ) / ( )2, 1,ω ω ω  is 
then extracted for each source position, this transfer function being independent of the source 
amplitude Q . The material properties km ( )ω  and ρ ωm e, ( )  are searched as the values that mini-
mize the sum of squared errors between the experimental and theoretical inter-microphone transfer 
functions at each frequency,

 ( ( ), ( )) = | ( ) ( ) | ,,
2   k H Hm m e

i
i i

thω ρ ω ω ωargmin∑ −  (13)

where Hi
th  are the theoretical inter-microphone transfer functions for source position i  derived 

from equation (12). The optimization problem, therefore, involves solving two complex quantities 
at each frequency. This was carried using the Matlab constrained nonlinear multivariable optimiza-
tion function fmincon, which uses a gradient-descent algorithm. Constraints on the sign of the 
searched quantities were also specified in the fmincon function, such that ℜ( ) > 0km , ℑ( ) < 0km , 
ℜ( ) > 0,ρm e , ℑ( ) < 0,ρm e . In theory, two source positions are sufficient to solve the two complex 
properties km ( )ω  and ρ ωm e, ( ) at each frequency. However, to avoid overfitting and provide a more 
robust solution, it was found that more than two source positions are required. The minimization 
algorithm proceeds as follows:

•• Since measurement noise has a larger impact on low frequency material property extraction, 
the calculation is initiated at the highest frequency of interest, starting from user-defined 
initial values for the complex properties km and ρm e, ;

•• Upper and lower bounds for km  and ρm e,  are also specified; these include sign constraints 
specified above;
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•• The minimization algorithm solves equation (13) at the highest frequency of interest;
•• The calculation is repeated at the next frequency bin, using as initial estimates the optimal 

values of km  and ρm e,  found at the previous iteration.

Once the optimal material properties km  and ρm e,  have been obtained over the frequency range 
of interest, the plane wave surface impedance Zs ( , )ω θ , plane wave complex reflection coefficient 
R( , )ω θ , plane wave absorption coefficient α ω θ( , ) are found for any incidence angle using equa-

tions (5), (6), and (3) respectively. The diffuse field absorption coefficient can be calculated from 
equation (4).

Figure 4 presents a graphical summary of the methods considered and compared in this work.

Experimental methods

Test bench: Design, instrumentation and data processing

Previously, when the SFS method was implemented,45,46 the acoustic source was manually moved/
positioned by the operator (the test bench was not automated), which could induce errors in the 
position of the source and repeatability. Moreover, measurements could be time-consuming for the 
operator. To implement the SFS and AMI methods using repeatable and reproducible measure-
ments, a specific and automated test bench was developed to meet the following specifications, see 
Figure 5. The test bench must allow for measuring the transfer functions between two fixed micro-
phones and a sound source at a given position above the material. The sound source can be trans-
lated along a plane area above the sample. The distances between the source and the microphones 
must always be accurately known for all source positions. Considering these distances, the area of 

Figure 4. Graphical summary of the approaches considered in this work.
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the virtual source array must be sufficiently large (at least 1 m2), and the sample surface has to be 
at least equal to that of the virtual source array.45,46 Two parallel actuators allow moving the source 
in the x-plane, and one actuator perpendicular to these moves the source on the y-axis (see Figure 
5(a)). Two motors are connected to each axis and are controlled by motor control and feedback 
boards. The system is servo-controlled, and correctors are used to improve the setpoints to obtain 
precise and repeatable position values. The rest of the structure is made up of aluminum profiles to 
ensure rigidity and system stability during measurements. Reflections of sound waves off the 
bench elements or adjacent walls can induce significant errors in estimating the sound absorption 
coefficient. For this reason, parts of the aluminum profiles of the bench were covered with thick 
sound absorbers (glass wool and melamine foam) and the bench was positioned in the hemi-ane-
choic chamber of ICAR laboratory (Infrastructure commune en acoustique pour la recherche de 
l’École de technologie supérieure - Institut de recherche Robert-Sauvé en santé et en sécurité du 
travail) (see Figure 5(a)).

LabVIEW software was used to create a code and user interface to control the bench and per-
form measurements. The code sends instructions to the actuators to move the source along a grid 
above the material and, for each position, performs the measurements (generation of the source 
signal, acquisition and processing of the signals measured at the microphone pair). The sound 
source is an RCF 5055 compression chamber, with a 100–5000 Hz bandwidth. Sound pressure 
signals are measured using two phase-matched half-inch microphones (G.R.A.S. 40 GK). Signal 
acquisition and generation are performed using a NI-4431 card. Three inputs are used to acquire 
the signals from the two microphones, one for the return of the signal sent to the source, and one 
output for transmitting the excitation signal to the source. For each source position along the virtual 
mesh, a logarithmic swept sine on the 100–5120 Hz frequency range and over 2 s (improved signal-
to-noise ratio at lower frequencies than a linear swept sine) and 20 averages with no overlap were 
considered. These parameters lead to a good compromise between the results’ quality and the 
measurement’s overall duration.

In this paper, a microphone separation of 5 cm along the x and y-axis of the grid, a height 
between the lowest microphone and the surface of the material of 5 cm, a height of 30 cm between 
the source and the surface of the material, and an array of 7 × 7 sources covering a mesh area of 
0.9 m × 0.9 m were used. This set of parameters arises from previous work.46 The mesh of the suc-
cessive positions for the mobile source is schematically described in Figure 5(b), the subset of 10 

Figure 5. (a) Picture of the test bench installed in the hemi anechoic room and (b) numbering of the 
source positions (horizontal axis is x -axis, vertical axis is y -axis).
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source positions used for the AMI method is indicated by red circles. This subset forms a non-
redundant set of source positions for homogeneous, isotropic absorbing materials.

Tested materials

Three sound-absorbing materials were considered in this work: a 50.6 mm thick melamine foam, a 
76.3 mm thick rock wool, and a 30.7 mm thick recycled cotton. The five macroscopic parameters 
required for the JCA model were measured in the GRAM-ICAR lab of Groupe de Recherche en 
Acoustique à Montréal (GRAM) at École de technologie supérieure.

The mean value and the standard deviation of the obtained JCA parameters for the three materi-
als are listed in Table 1, and the methods used to measure or estimate these parameters are detailed 
in the Equivalent fluid model Section. Photographs of samples used for impedance tube measure-
ments are shown in Figure 6. The dimensions of the samples of the three materials used in the 
different test benches are given in Table 2.

Results

Complex wavenumber and complex density

This section reports the complex wavenumber km and complex density ρm of the three tested mate-
rials, measured with the test bench using the AMI method. Measurements were carried out in a 
hemi-anechoic room with the parameters mentioned in the Test Bench Subsection. The frequency 
range of the Allard inversion was set to 100 Hz–2 kHz, the lower frequency corresponding to the 
loudspeaker response limitation.

Table 1. Measured material macroscopic parameters used in the JCA model.

Material Tortuosity Porosity Resistivity Viscous length Thermal length

 α∞
[-]

φ
[-]

σ
[Nm-4s]

Λ
[µm]

′Λ
[µm]

Melamine foam 1.02 ± 0.01 0.971 ± 0.006 8644 ± 123 123 ± 7 186 ± 12
Rock wool 1.01 ± 0.01 0.963 ± 0.018 11,842 ± 258 91 ± 10 198 ± 22
Recycled cotton 1.02 ± 0.01 0.963 ± 0.008 3837 ± 332 111 ± 10 191 ± 31

Figure 6. Front and side pictures of samples of the three materials for impedance tube tests.
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Since all materials tested are assumed transverse isotropic, there are redundant source posi-
tions among the 7 × 7 measured positions. A subset of 10 source positions, corresponding to a 
non-redundant octant of the square source array, was used to minimize the cost function in equa-
tion (13). The initial values of the gradient-descent search for the highest frequency (2 kHz) were 

set to km = 50(1 )− j  and ρm e, = 1− j for all materials (the optimization was also checked using air 

properties ρ0 and k0  at the highest considered frequency, i.e. k k jm = (1 )0 −  and ρ ρm e j, 0= (1 )−  

which provided similar results). It is conjectured that the optimization problem of equation (13) 
has local minima; therefore, the initial values of the gradient-descent search have to be selected 
with precautions. Global optimization algorithms75 such as evolutionary methods can avoid these 
problems at the expense of a much larger computation cost than the gradient descent algorithm 
used here.

Figures 7–9 show the identified wave number and material effective density (real and imaginary 
parts) for melamine, rock wool and recycled cotton, respectively. They are compared with Johnson-
Champoux-Allard (JCA) predictions based on the measured/estimated macroscopic parameters 
presented in the previous section. The Allard model inversion provides results similar to the JCA 
predictions in the higher frequency range for melamine and rock wool. The deviations between the 
identified properties and the JCA model become larger below 400 Hz, especially for the complex 
density, because measurement noise, as well as spurious reflections from test bench components 
and diffraction by edges of the material sample become important at low frequency.

Table 2. Dimensions of the material samples for the different test benches.

Material Sample thickness 
d [cm]

Imp. tube sample 
diameter [cm]

Small cabin 
Sample [cm2]

Reverb. room 
sample surface [cm2]

AMI bench sample 
surface [cm2]

Melamine foam 5.06 4.44 and 10 91 × 110 - 91 × 110
Rock wool 7.63 4.44 and 10 91 × 110 67,000 91 × 110
Recycled cotton 3.07 4.44 and 10 91 × 110 67,000 91 × 110

Figure 7. Identified wavenumber km  (top) and effective density ρm e,  (bottom) of the melamine foam.
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More significant deviations are observed for recycled cotton between the measured properties 
and the JCA model (notably for the real part of the wavenumber). It is believed that recycled cotton 
exhibits more heterogeneity than melamine and rock wool, as well as more significant variations 
in thickness. This may explain the larger differences between the Allard model inversion and the 
JCA model (for which some macroscopic parameters are extracted from a small material sample).

It is also essential to remember that the proposed approach and validation results assume an 
equivalent fluid response of the materials, the used model cannot describe sound-absorbing materi-
als for which the solid phase has a significant elastic response. We underline that there is no suspi-
cion of a significant skeletal elasticity effect in the results shown for the three considered materials, 

Figure 8. Identified wavenumber km  (top) and effective density ρm e,  (bottom) of rock wool.

Figure 9. Identified wavenumber km (top) and effective density ρm e,  (bottom) of recycled cotton.
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except for the melamine foam whose sample in the impedance tube seems to exhibit a frame reso-
nance (see section Comparison of sound absorption coefficients). This being said, precautions 
should be taken when applying the approach to materials that could exhibit an elastic response.

Comparison of sound absorption coefficients obtained with the AMI method and 
reference approaches

In this section, the sound absorption coefficients obtained with the AMI method are compared with 
those calculated using JCA’s model based on porous material properties presented in Table 1 and 
the SFS method. Sound absorption coefficients measured using the impedance tube are also pro-
vided for the normal incidence case. For the diffuse field case, measurements in a small cabin and 
a reverberant room (for the rock wool and the recycled cotton) are considered for the three 
materials.

Normal and oblique incidence sound absorption coefficient. For the sake of conciseness, only the 
results for the melamine foam are presented here. Similar trends are obtained for the other materi-
als at low frequencies. For some materials, mainly recycled cotton, discrepancies are observed 
between the reference/impedance tube method and the SFS and AMI methods. These differences 
also appear in diffuse field excitation and are discussed in the following Subsection. Figure 10 
(respectively Figure 11) compares the normal (respectively oblique at θ = 45 ) incidence sound 

Figure 10. Normal incidence sound absorption coefficient α ω( ,0 )  of melamine foam — comparisons 
between various methods.
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absorption coefficient of melamine obtained with various approaches. Table 3 summarizes the 
calculated root-mean-square deviation (RMSD) used to evaluate the error between the estimated 
sound absorption values (using the inverse Allard, the SFS, or the impedance tube method) and the 
predicted sound absorption values (using the JCA model). It was calculated as 

RMSD =
1

( )
=1 , ,

2

nf i

n
f

Method f
i

JCA f
i∑ −α α , where nf  is the number of data points that are used 

(i.e. the number of frequency steps in the considered frequency band). Estimated and calculated 
data are compared on three different frequency bands: between 100 and 500 Hz and 500 and 
2000 Hz, and finally from 100 to 2000 Hz, always using a 50 Hz frequency increment.

For the normal incidence, the impedance tube provides sound absorption values generally in 
excellent agreement with JCA’s model (Root-mean-square deviation of 0.042 with the JCA model 
over the 100–2000 Hz frequency range) except between 400 and 800 Hz, where discrepancies are 
noted. These could be due to the first frame resonance of the sample in the tube; indeed for the 
JCA’s model, the material frame is supposed to be rigid (or limp). The results obtained via the AMI 
and SFS methods match very well with JCA’s model above 500 Hz (with RMSD values of 0.018 
and 0.02, respectively). Below this frequency, the AMI and SFS methods give results that follow 
the model quite well on average, down to 100 Hz for AMI and 200 Hz for SFS, even though some 
oscillations appear. For the AMI method, these oscillations are directly related to those revealed in 
effective density and wave number identifications. Note that the SFS method leads to noisier data 

Figure 11. Oblique incidence sound absorption coefficient α ω( , 45 )  of melamine foam — comparisons 
between various methods.
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below 300 Hz and can even lead to negative sound absorption coefficient values. This is translated 
in an RMSD of 0.120 in the 100–500 Hz frequency range, twice the RMSD obtained in the case of 
the AMI method. For the oblique incidence, despite some oscillations below 400 Hz, the sound 
absorption coefficient obtained with the AMI method follows the JCA model. For the SFS method, 
the sound absorption curve deviates significantly from the reference value below 700 Hz and even 
leads to negative values of α , and consequently a largely biased estimation in the 100–500 Hz 
frequency range (RMSD = 0.43, while the RMSD obtained with the AMI method equals 0.127, 
nearly three times lower). This is due to the inability of the simple image-source model of equation 
(9) to represent the sound field over the absorbing material at low frequencies. Overall, the AMI 
method performs much better than the SFS method according to the results provided in Table 3 and 
in Figures 10 and 11.

Diffuse field sound absorption coefficient. Figures 12–14 compare the diffuse field sound absorption 
coefficient obtained with the AMI method and the reference approaches. The three tested materials 
are described in the Tested Materials Section. As in the previous section, the root-mean-square 
deviation (RMSD) is used to evaluate the error   between the estimated sound absorption values 
(using the inverse Allard, the SFS, or the reverberant room or small cabin methods) and the pre-
dicted sound absorption values (using the JCA model). Estimated and calculated data are still 
compared on three different frequency bands (100–500 Hz, 500–2000 Hz, and 100–2000 Hz). For 
the small cabin, the first frequency band is 250–500 Hz. The calculated RMSDs are summarized in 
Table 4.

Figure 12. Diffuse field sound absorption coefficient α ωd ( ) of melamine foam — comparisons between 
various methods.
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Regardless of the material considered, the sound absorption coefficients obtained from rever-
beration time measurements are overestimated compared to models or other estimates. In the case 
of the rock wool, see Figure 13, the results often exceed unity, making them unusable in room or 
building acoustics simulations. The JCA’s model provides results that are close to the AMI method 
for all the materials, particularly at low frequencies down to about 200 Hz. Indeed, the RMSDs 
obtained with the AMI method are always lower than those obtained with the reverberant room 
method. Similarly to the plane wave incidence excitation field, oscillations associated with the 
identified values of the material acoustic properties are observed in AMI’s diffuse field absorption 
coefficient. The SFS method leads to similar results to the AMI method above 800 Hz, with a gen-
erally lower error for the AMI method in the 500–2000 Hz range. Despite using the bench, which 
reduces uncertainties compared to the previous study on SFS,46 the precision of the SFS method is 
still limited in the low-frequency range because of the inaccurate image source model involved. 
Large negative values of the sound absorption coefficient lead to larger RMSDs for the SFS method 
in the 100–500 Hz frequency range. However, these RMSDs are still lower than those obtained 
with the reverberant room method in the 500–2000 Hz range. In the case of recycled cotton, see 
Figure 14, both AMI and SFS methods lead to a poor agreement with the JCA model at frequencies 
above 600 Hz. Therefore, as experimentally observed, the absorption coefficient of the material is 
very sensitive to the sample’s dimensions and lateral boundary conditions. These dimensions and 
boundary conditions differ between the samples used for the impedance tube measurements (used 
to indirectly identify the JCA model’s viscous and thermal characteristic lengths) and the samples 

Figure 13. Diffuse field sound absorption coefficient α ωd ( )  of rock wool — comparisons between 
various methods.
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used for the test bench measurements. In concrete terms, this corresponds to a small circular sam-
ple held on all its edges in the impedance tube versus an assembly of samples of different finite 
dimensions and free of lateral stress for the bench. The spatial inhomogeneity of the material thick-
ness, which is not considered in the Allard model and therefore does not allow for a good estimate 
of the effective density and wave number, is the preferred hypothesis to explain the differences 
observed between the methods.

Discussion

From the measurements performed on the developed test bench, the AMI method allows for the 
identification of two effective (or equivalent) parameters, namely the complex effective density 
and the complex wave number. Starting from these two parameters, it is possible via the equivalent 
fluid model to calculate quantities such as the surface impedance or the sound absorption coeffi-
cient. The total computation time to arrive at the target quantity, that is, the sound absorption, is on 
the order of a few minutes (using a laptop equipped with an Intel core i7 processor, with a FLOPS 
performance around 100–200 gigaFLOPS).

The three main advantages of this method are:

1. The complex effective density and the complex wavenumber are classically obtained by 
impedance tube measurements and the use of various dedicated benches that require careful 

Figure 14. Diffuse field sound absorption coefficient α ωd ( )  of recycled cotton — comparisons 
between various methods.
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preparation of small samples (at most one square decimeter). Since the AMI method oper-
ates on sample sizes of the order of the square meter, no special attention should be paid to 
the sample preparation.

2. Once the complex effective density and the complex wave number are obtained, it is pos-
sible to estimate the acoustic absorption coefficient for any angle of incidence for a plane 
wave, or under diffuse field by summation over the elevation angles (in the case of isotropic 
materials) and to even vary the maximum incidence angle in the computation of α ωd ( ) , as 
in Dupont et al.48

3. The low frequency limitations for this method are pushed back to a frequency as low as 
100 Hz, and even if the identification of the two complex parameters is sometimes imper-
fect, the estimation of the sound absorption coefficient is relatively unaffected by these 
imprecisions (especially for the diffuse acoustic field case). It is, therefore, possible to 
estimate the sound absorption coefficient for plane waves with arbitrary angle of incidence, 
or for a diffuse field, and this for samples of reduced dimensions compared to the rever-
beration chamber method. The values obtained are always in a physical range (between 0 
and 1) and are therefore directly usable in room acoustics simulations.

The limitations of this method lie mainly in the assumptions associated with the Allard model 
to describe the sound field above the material. In particular, the material is assumed to be laterally 
infinite, isotropic, homogeneous, of constant thickness, and to behave like an equivalent fluid. 
Furthermore, the assumption of isotropy results in an absorption coefficient that depends only on 
the elevation angle of incidence θ  but not on the azimuth ϕ . Consequently, the method based on 
the inversion of the Allard model is not applicable, as it stands, to materials with spatial inhomo-
geneities, anisotropic materials, or materials whose skeletons can deform. The practical question 
that arises is: can many common absorbing materials be considered with this method? The authors 
believe this method allows for dealing with most of the absorbent materials available on the mar-
ket. Even if some of them have a certain degree of anisotropy, inhomogeneity and may have an 
elastic skeleton, the proposed method can provide an order of magnitude of the absorption coeffi-
cient that will provide a more accurate estimate than existing methods, especially in the case of 
diffuse field excitation.

Furthermore, it should be noted that in the case of the diffuse field excitation, the estimation of 
the absorption coefficient by the SFS method proposed in Robin et al.46 using the improved meas-
urement bench remains accurate and interesting for the frequency range considered, especially if 
these results are compared to the overestimated ones obtained by the standard reverberation cham-
ber method and for sample surfaces of area 7 m2. However, limitations in the low-frequency range 
remain similar to those mentioned in Robin et al.46 (below 400–600 Hz depending on the tested 
material). Also, the SFS method includes a limit incidence angle for the DAF that is linked to the 
maximum incidence angle that is included in the measured reflection coefficients. Regarding the 
sound absorption coefficient under plane wave type fields in normal and oblique incidence which 
have been studied more specifically in this work, estimation remains accurate, but only above a 
frequency of about 500 Hz (frequency that depends on the material and the exciting field consid-
ered). The frequency limitation is more severe in the case of the plane wave because the synthesis 
in specific directions or angles of incidence becomes problematic for a fixed source array, unlike 
the case of the diffuse field, which involves an average over the angles of incidence. In summary, 
the SFS method does not allow for an accurate estimation of the sound absorption coefficient at 
low frequencies. However, in its domain of applicability (medium to high frequencies), this syn-
thesis method has the advantage of having a very short post-processing time (on the order of a few 
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seconds). It could help develop new materials for which small surfaces are available. It is also 
possible with this synthesis method to vary not only the angle of incidence θ  but also the azimuth 
ϕ  which may be of interest in the case of non-isotropic materials (i.e. whose behavior depends on 
the angle of incidence but also on the azimuthal arrival direction of the sound wave). This possibil-
ity has yet to be evaluated given the (supposed) isotropy of the tested materials and the persistent 
limitation in low frequencies, but it could be helpful in other more specific cases.

Conclusion

This paper proposes a method to extract equivalent fluid properties (frequency-dependent complex 
wave number and complex effective density) of a sound absorbing material by inverting the Allard 
propagation model for a point source above the material surface (AMI method). The method uses 
a dedicated experimental test bench with a mobile loudspeaker and a pair of fixed microphones 
above the material’s surface. The equivalent material properties are extracted by fitting the meas-
ured inter-microphone responses for a set of loudspeaker positions, to the responses predicted by 
the Allard model. The plane-wave and diffuse-field absorption coefficients can be deduced from 
these equivalent material properties. The absorption coefficients obtained with this method have 
been compared to standard methods (impedance tube and reverberant chamber measurements), as 
well as to small cabin measurements, JCA model predictions, and results obtained with a Sound 
Field Synthesis approach (that used data collected with the same experimental test bench).

For the two reported materials that comply with equivalent fluid assumptions (melamine and 
rock wool), the AMI method provides absorption coefficients in good agreement with the JCA 
model or impedance tube measurements; in particular, the AMI method shows improved results in 
low frequency when compared to the sound field synthesis method (SFS). For these materials, the 
sound absorption coefficient can be estimated for plane waves with arbitrary angle of incidence, or 
a diffuse field, and this for samples of reduced dimensions compared to the reverberation chamber 
method. However, the AMI method only applies to isotropic, homogeneous and constant-thickness 
materials. Materials including spatial inhomogeneities, non-isotropic materials, or materials whose 
skeleton can deform cannot be characterized using this method. The use of an automated measure-
ment bench, combined with various post-processing methods, suggests an interesting and robust 
alternative to standard methods (impedance tube method, reverberation chamber method), includ-
ing the possibility of taking into account various acoustic excitations (diffuse field, plane wave at 
variable incidence).
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Appendix 1—Johnson-Champoux-Allard model

The Johnson-Champoux-Allard and Atalla (JCA) model52 is an equivalent fluid model based on 
five macroscopic parameters: φ  (the porosity), σ  (the static airflow resistivity), α∞  (the tortuos-
ity), Λ (the viscous characteristic length), and Λ’ (the thermal characteristic length). It is supposed 
that the frame of the material is rigid (or limp). The equivalent density and the equivalent bulk 
modulus are given by:
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with the Biot’s cut off angular frequency :
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where γ  is the adiabatic constant, η is the dynamic viscosity, B2 the Prandtl number, and P0 the atmo-
spheric static pressure.

The functions F ω( ) and G B2ω( ) are given by:
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Then, the equivalent characteristic impedance and the equivalent wave number are given by:
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