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Abstract

A beamforming technique is introduced to measure the normal acoustic impedance at both normal and oblique inci-
dence in a free field. In the proposed method, microphone array signals are decomposed into incident and reflected
waves using an adaptive nulling algorithm, which is a type of beamforming algorithm. The acoustic impedance can
then be calculated from the ratio of these two signals. To obtain better results, the pressure vector commonly used in
array signal processing is replaced with the transfer function vector between each microphone, and the white Gaussian
noise is suppressed by a wavelet shrinkage technique. For an accurate experimental setup, the incident and reflected
angles are estimated by the multiple signal classification method with spatial smoothing. The experiments conducted in
a semi-anechoic room show that the proposed method is efficient and accurate in measuring the normal acoustic im-
pedance of sound-absorbing materials under a free field condition.
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1. Introduction

One of the important problems in the area of sound
field analysis of acoustic cavities (or enclosures) is
how to measure the normal acoustic impedance of
sound absorbing materials that are treated on their
surfaces. To improve the accuracy of an interior sound
prediction, it would be better to measure the normal
acoustic impedance of an assembled component as it
is, as its interior decorations or trims are often com-
posed of layers of materials. Among the many meth-
ods to measure the normal acoustic impedance, the
impedance tube method [1] is a well-known technique,
as it gives reliable results over a wide frequency range.
However, this method is limited when measuring the
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normal acoustic impedance of an assembled compo-
nent. For this in a normal incidence case to be meas-
ured, uniform and circular samples are required.
Several methods for measuring normal acoustic im-
pedance under a free field condition have been pro-
posed to overcome the limitations of the shape and
incidence angle. Allard et al. [2, 3] proposed a two -
microphone method to measure normal acoustic im-
pedance in a free field condition. In this method, the
acoustic particle velocity is estimated by finite differ-
entiation and the representative pressure value is esti-
mated simply by taking the mean of the measured
pressure signals. The normal acoustic impedance can
then be calculated from these two values. Later, Ta-
mura [4, 5] proposed a spatial Fourier transform
method of measuring the reflection coefficient at obli-
que incidence. However, this method requires a large
area of test material to take the spatial Fourier trans-
form from many measurement points. Recently,
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Lanoye et al. [6] introduced a new method using a
combined particle velocity — pressure sensor to meas-
ure the normal acoustic impedance. Although the
method can provide very simple and fast measure-
ments, it requires a sensor that is able to measure the
particle velocity.

In this paper, a beamforming technique is applied to
measure the normal acoustic impedance at both nor-
mal and oblique incidence in a free field. In the pro-
posed method, pressures are measured using three
microphones that are placed in a form of an array that
is perpendicular to the surface of the test material.
From the measured array signals, the incident and
reflected waves are estimated by applying an adaptive
nulling algorithm [7], and the reflection coefficient is
calculated by the ratio of these two estimated waves.
The normal acoustic impedance and absorption coeffi-
cient can then be calculated from the reflection coeffi-
cient. To obtain better results, the pressure vector
commonly used in array signal processing is replaced
by a transfer function vector composed of the transfer
function between each microphone, and the white
Gaussian noise is suppressed by using a wavelet
shrinkage technique. Particularly, for an oblique inci-
dent case, incident and reflected angles are estimated
by using the MUSIC method [9] for a precise experi-
mental setup. The relative phase between each micro-
phone is also calibrated b a tube method. Lastly, vari-
ous experiments are conducted in a semi-anechoic
chamber to verify the performance of the proposed
method, and the results are compared with the values
obtained by the impedance tube and theoretical
method.

2. Beamforming method

Beamforming is a type of spatial filter that captures
signals from a given direction using a microphone
array. Thus, estimations of the incident and reflected
signals or angles are possible by applying suitable
beamforming algorithms, after which the reflection
coefficients can be calculated from the ratio of the
estimated signals. Particularly, as a number of beam-
forming algorithms may show degraded performance
for mutually correlated waves, careful selection is
required of the algorithms for a situation in which the
incident wave is fully correlated with the reflected
waves, as in this paper. The proposed method uses an
adaptive nulling method to separate the incident and
reflected waves, and it uses the MUSIC method to

detect the angle of incidence from the microphone
array signals. The performance of the adaptive nulling
method is not related to the correlation of each signal
as it uses not the signal cross-spectral matrix but a
directional vector corresponding to each signal (Sec-
tion 2.2). Although in the MUSIC method signal cor-
relations are an important problem as in other beam-
forming algorithms, they can be mitigated by reduc-
ing the correlation with a spatial smoothing technique
(Section 2.3).

The proposed method can be divided into two steps.
The first involves the separation of incident and re-
flected waves from the measured array signals
through the application of the adaptive nulling algo-
rithm to calculate the normal acoustic impedance. The
second involves an estimation of the incident and
reflected angles using the MUSIC method for a pre-
cise experimental setup.

2.1 Geometry of the beamforming method and noise
reduction

For the geometry shown in Fig. 1, a linear array of
M microphones that receive incident and reflected
signals from previously known directions & and
7 —6 is considered under plane wave conditions. In
the frequency domain, the measured pressure signals
can be expressed in terms of the phase difference
caused by the space between each microphone. This
is written as

Po(@) 1 1
(o) B ok eoso ik coso 5.()
i ' s, (@)
prl(w) @ k(M -Dyd cos0 o jk(M-1)d cosd
, (D
ny (o)
(@)
ny,, (@)

where j=~/-1, d is the distance between each
microphone and @ is the incident and the reflected
angle, and s,(®), s,(w) denote the incident and
reflected signals at the first microphone, respectively.
Additionally, p,(w) and n,(w) are the pressure
value and the white Gaussian noise at the (m+1)-th
microphone, respectively. For convenience, Eq. (1)
can be expressed by using the directional vectors
between the input signals and measured array signals,
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Fig. 1. Schematic illustration of the beamforming method.

as shown below.
p(w) =[g, g, Is(w)+n(w) . 2

Here p(w) is the pressure vector, s(w) is input
signal vector and g,, g,., column vectors of the ma-
trix in right hand side of Eq. (1), are the directional
vectors or beam vectors corresponding to the input
signals s,(®w) and s,(w), and n(w) is the noise
vector. For simplicity, the frequency argument @ is
omitted from this point.

If there is only one incident signal and if the re-
flected signals are caused by incident signal, the
transfer functions between each microphone will have
deterministic values because of the fully coherent
sound field. Therefore, the pressure vector can be
replaced by a modified pressure vector that consists
of the transfer functions between the first and second
pressure signals. That is,

H, 1 1

. e—jkdcosg ejkdcos& S, 1
. . . S, !

H,, g k(M- cosd o jk(M-1)d cos§
3)
1o/ Py
| /P
nM—l/po
or
p'=[g gls+n/p,, W

where H, is the transfer function between the first
and the (m+1)-th pressure signals as

H, =L 5)

Po

p'and s’ are the modified pressure and signal vec-
tors and s,' and s,' are s,/p, and s, /p, , re-
spectively. Here, the directional vectors in Eq. (3) and
(4) are identical with those in Egs. (1) and (2), al-

"

though there is some change in the pressure and sig-
nal vectors.

Egs. (3) and (4) may be more efficient than Egs. (1)
and (2) as they provide fast measurement and reduc-
tion of computational loads for practical measurement.
For example, if Egs. (1) and (2) are used to estimate
the normal acoustic impedance, the computations
must be repeated k times for k& measurements. The
normal acoustic impedance can be calculated by av-
eraging the k obtained values. However, the use of
Egs. (3) and (4) will require only one computation, as
each transfer function which is the element of those
equations can be averaged by itself.

Considering that all measurements are conducted
under a free field condition, the signal-to-noise ratio
of the measured transfer functions may be relatively
poor compared to that in the impedance tube. For an
enhancement of the obtained values, reducing the
white Gaussian noise is often an important issue. In
this paper, a wavelet shrinkage technique was adapted
to reduce the white Gaussian noise of the transfer
functions. The wavelet which used in this paper was
the Symlet wavelet, and its decomposition level was
five. An overview of the wavelet shrinkage process is
omitted here, as the applications of these techniques
for de-noising have been widely verified in many
papers [10-12]. However, in Section 3, it is possible
to confirm that there was a meaningful difference
between results with and without wavelet shrinkage
in the experiments. For convenience, the noise term is
omitted through the following deployment in this and
the next sections; however, it is considered again in
Section 2.3.

2.2 Calculation of the normal acoustic impedance

To estimate the incident signal s, and the re-
flected signal s, , an adaptive nulling method is util-
ized from the various beamforming algorithms. This
is an algorithm that estimates the sought-after values
by maximizing the signals from the incident or re-
flected angles while other directions are maintained at
zero. The adaptive nulling algorithm finds the beam
steering vector ¢, that satisfies the next two condi-
tions for an estimation of the incident signal [7].

Maximize |q,.~g,.|, 6)
subject to ||q‘|| =1, (7)
q,-g =0. ®)

Here, q, is the beam steering vector that determines
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the incident signal. This beam steering vector ¢, can

be easily found by using the orthogonal property of
the vectors. Assuming that the beam steering vector is
expressed as a linear combination of eigenvectors
corresponding to the 2nd to the M-th eigenvalues of
the matrix g,g ", the following equation holds:

M
q,=) ae,, &)
=

where e, is the k-th eigenvector of gg" and a,
is unknown complex constant. As g g, is a matrix
with only one eigenvalue, g, is clearly orthogonal to
the beam steering vector q, defined by Eq. (9).
Therefore, the second condition of Eq. (8) can be
fulfilled by this orthogonal property. To find the
complex constant «, that satisfies Eq. (6), the inner
product is utilized with q, and g,,

q;-8; :Z(akek'gi):a'b . (10)

Here, a is a vector, the element of which is «,, and
b is also a vector consisting of the element e, -g, . It
is clear that the inner product of Eq. (10) has a maxi-
mum value when vector a is parallel to vector b .
Therefore, if a, is defined as the next equation, the
first condition of Eq. (6) is also satisfied.

a,=b=e.g,. (11

Finally, by applying the Eq. (7) with Eq. (9) and (11),
the beam steering vector q, can be determined by

M
Z(ek 'gi)ek
q=pE— . (12)
(ek 'gi)ek
(=2

k

The incident signal can be estimated by taking the
inner product with the beam steering vector ¢, and

the modified pressure vector of Eq. (4).

q; P’ =9q;-[g g l=(q g)=cs'". (13)
Here, ¢, is the complex constant q,-g, . Addition-
ally, the reflected signal is eliminated by the beam
steering vector ¢, , and the incident signal is ampli-
fied by the complex constant ¢, in Eq. (13) in spite
of the full correlation between each signal. The modi-
fied incident signal s, can then be estimated by the
following procedure:

si=s,/py=(a,9")/(a,-8,)- (14)

The modified reflected signal s/ can be also esti-
mated by a repetition of the procedures from Eq. (6)

to Eq. (14).

s.=s./p,=(a,-p)/(a,-g)- (15)

Here, q, is a beam steering vector that is calcu-
lated from the two conditions, Egs. (6) and (8) re-
placed g, with g, . From Egs. (14) and (15), the
reflection coefficient is calculated from the ratio of
the modified incident and reflected signals.

’

R(g):iefjklxcosb):iie—ijXCOSH’ (16)
where x 1is the distance from the surface of the ma-
terial to the position of the first microphone. In Eq.
(16), the phase term expressed as the exponential
function is a factor that calibrates the phase difference
caused by the measurement at the location apart from
the surface of the test material.

Finally, the normal specific acoustic impedance
and absorption coefficient are calculated from the

obtained reflection coefficient,

_ZO)_ 1 1+R(¢9)’ (a7
pc  cos@1-R(0)

a(@)=1-|R@)[, (18)

z(0)

where Z(0) is the normal acoustic impedance and
pand ¢ are the air density and the speed of sound in
air, respectively.

2.3 Estimation of the incident and reflected angle

In the process of measuring the normal acoustic
impedance, the speaker must be located far from the
test material to satisfy the plane wave condition.
Therefore, it may be difficult to set the speaker with
the precise angle of incidence. For a precise experi-
mental setup, the MUSIC method was utilized to
estimate the angles of incidence and reflection. As the
performance of MUSIC may be seriously degraded
by the signal correlation, a spatial smoothing tech-
nique was adapted in order to reduce the coherence.
In this section, an overview of the MUSIC method
with spatial smoothing is briefly presented. A more
detailed account can be found in the literature (see
refs. 8, 15, 16).

A cross spectral matrix of a modified pressure vec-
tor in Eq. (4) is considered such that

R,, =E[pp"]=[g g R,[g g1 +0,T, (19)

where notation E is the expectation operator, R, is
the signal cross-spectral matrix E[s's’"] and o!” is
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o,}[/R’ when o}=E[nn"] and B'=E[p,p,"].
Here, R,, must be singular as the incident signal is
fully correlated with the reflected signals generated
by it. In further processing, this singular condition
will prevent eigenvalue grouping corresponding to
signal-plus-noise and noise subspace segmentation.
To succeed with the process of the MUSIC method,
the coherence between two signals must be reduced
by various signal processing techniques. In this paper,
spatial smoothing was employed to do this.

Spatial smoothing reduces the coherence by aver-
aging the cross-spectral matrices computed for sev-
eral sub-arrays. As shown in Fig. 2, the array of four
microphones is divided into overlapping sub-arrays of
three microphones. The cross-spectral matrix R,
can be recomputed by averaging the cross-spectral
matrices of each sub-array.

2

Rp,,,,:i;(R; +RY), (20)
where ﬁp,p, is the averaged cross spectral matrix (3
by 3) and R/ and R/ are the forward and conju-
gate backward cross spectral matrices computed from
the A-th sub-array. The forward and conjugate back-
ward cross spectral matrix can be calculated as

R/=E[f£"], k=12, 1)
R;=(E[b,b"]), k=12, (22

where f =[H, , H, H,] and b, =[H, H H_],
and the mark * denotes the conjugate operator. By
replacing the cross-spectral matrix R, with f{p,p,
in Eq. (19), the singular condition caused by the co-
herence between the two signals can be removed
while reducing the array size by three [8].

To estimate the angle of incidence, the eigenvalue
decomposition of ﬁp,p, is considered.

_ 3
Rp’p’ = Zﬂ’qvq Vr’: ’ (23)
1=l

!
Ps G)
P O }Sub array 2

" ®
" O

Test Material i

Concrete floor

Fig. 2. Decomposition of the line array into two overlapping
sub-arrays.

Sub array 1

where 1, is the /-th eigenvalue and v, is the ei-
genvector corresponding to it. As the matrix ﬁp,p, is
composed of two signals with the level of coherence
reduced by spatial smoothing, the first and second
eigenvalues correspond to the signal-plus-noise sub-
space and the third eigenvalue is related to the noise

subspace. Therefore, the third eigenvalue is
h=o. 24)

From relationship between the eigenvalue and the
eigenvector, the next equation can be deployed.

(R,, -0 Tv,=0. (25)

By substituting Eq. (19) into Eq. (25), following
equation can be obtained as

[g; gr]Rs’s’ [g,» g,]H V= 0. (26)

Eq. (26) implies that each beam steering vector g,
or g, is orthogonal to the eigenvector associated
with the noise subspace, as the signal correlation ma-
trix R, is non-singular and the beam steering ma-

trix [g, g,] has a full rank [13]. Thus, Eq. (26) can
be written as

(g g1"v,=0. @7

Finally, the MUSIC power is given by
Powsic=——> (28)

where g, is the directional vector corresponding to
direction 6,. As the MUSIC power has peak values
that result from the orthogonal property when the trial
vector g, is exactly parallel to the incident and the
reflected beam steering vectors g, and g, , the an-
gles of incidence and reflection are estimated by de-
termining the peak values of the MUSIC results.
Given that the MUSIC algorithm is highly sensitive to
the precision of the experimental setup, each micro-
phone must be put on its precise point.

3. Measurement of the normal acoustic im-
pedance and discussion

3.1 Relative phase calibration

In the proposed method, the measured normal
acoustic impedance may be sensitive to the phase
difference between each microphone as the direc-
tional vectors are dependent on the phase difference,
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as shown in Eq. (1) or (3). Particularly, at low fre-
quencies, although the absolute phase error of the
transfer functions between each microphone is small,
the relative phase error increases, as the wave length
is much longer than the space between the micro-
phones. To obtain meaningful data at lower frequen-
cies, it is essential to calibrate the relative phase error
between each microphone.

We employed the tube method to calibrate the
phase error at low frequency, as shown in Fig. 3. Mi-
crophones used to measure the normal acoustic im-
pedance were arranged at the end of the tube. To pre-
vent the generation of a mode in the tube, the end of
the tube was closed by using absorption material. At
the other side, one speaker was set to radiate the pres-
sure signal under the plane wave condition. If the
measured transfer function from the first to the
(m~+1)-th microphone is H" , the calibrated transfer

m 2

function can be calculated by the next equation,
H,=H!"[H", (29)

where H]* is the measured transfer function from
the first to the (m+1)-th microphone in a free field.

3.2 Measurement of the normal acoustic impedance
and discussion

Shown in Fig. 4 is the experimental setup for the
measurements of the normal acoustic impedance at
normal incidence in a semi-anechoic room. The test
material of glass wool of 1 cm thickness was placed
on the concrete floor. Its size was 1m by 1m. One
speaker was set at a height of 2 m in a vertical direc-
tion relative to the floor in order to satisfy the plane
wave condition. The array consisted of B&K Type
4935 microphones, and the distance from the surface

of the test material to the first microphone was 0.4 cm.

The space between each microphone was 0.7 cm. The
data acquisition equipment and software were LMS
SCADAS 1II and CADA-X, respectively. The trans-
fer functions between each microphone were obtained
by averaging 1500 trials when the FFT size and fre-
quency resolution were 8192 and 8 Hz, respectively.
The effect of de-noising with the wavelet shrinkage
technique was considered in the first experiment. The
line array consisted of three microphones, and the
transfer functions between the first and the additional
microphones were measured and calibrated, as pro-
vided in section 3.1. Fig. 5 shows the average transfer

J. C. Sun et al. / Journal of Mechanical Science and Technology 23 (2009) 2169~2178

function between the first and second microphones
with and without de-noising by the Symlet wavelet
and at a decomposition level of five. As shown in this
figure, the transfer function with de-noising is slightly
smoother than the original values. Additionally, it is
readily apparent that the phase values at low frequen-
cies below 1000 Hz were very close to zero, as men-
tioned in section 3.1. Next, from these two sets of
transfer functions, reflection coefficients and absorp-
tion coefficients were calculated by using the adaptive

Speaker Absarption material
-~
Plane Yave \\
Tube
a

Microphones

| 1/ Absorption material

:Souroe

o o— =

Microphones

Fig. 4. Experimental setup of the measurement of the normal
acoustic impedance at normal incidence.
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Fig. 5. Comparison of the transfer function with and without de-noising. (a) and (b) are the magnitude and phase of the transfer
function between the first and second microphones. s transfer function without de-noising; - - - - - , transfer function with
de-noising.
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Q L
300 1000

Fig. 6. Comparison of the measured results by the beamforming method with and without de-noising. (a) Reflection coefficient,
(b) Absorption coefficient. O, A, results with de-noising; <, +, results without de-noising.

nulling method. It is shown in Fig. 6 that the results
with de-noising were less spread compared to those
without de-noising. Particularly, the effect of de-
noising was significant concerning the results of the
absorption coefficients as shown in Fig. 6 (b). These
results show that de-noising with wavelet shrinkage
can be a good means of overcoming the noisy condi-
tion.

To verify the values obtained by the proposed
method, the normal acoustic impedance and reflected
coefficient were also measured with a B&K two-
microphone impedance measurement tube (Type
4206). As shown in Fig. 7, the values obtained by the

beamforming method with wavelet de-noising are in
good agreement with the data from the impedance
tube in the frequency range 400 to 6400 Hz.

At low frequencies below 400 Hz, the results by the
proposed method are very different from those ob-
tained using impedance tube method. One reason for
this error is that the distance between each micro-
phone was very short in comparison with the wave-
lengths of the low frequencies. However, the error
cannot be reduced by increasing the space between
each microphone, as the plane wave condition will
not be satisfied when it is distant from the surface due
to the finite sample size
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Fig. 7. Comparison of the measured results with the impedance tube and the beamforming methods. (a) Reflection coefficient,

(b) Normal acoustic impedance.
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part); O, beamforming method (real part); 2\, beamforming method (imaginary part).

Fig. 8. Experimental setup of the measurement of the normal
acoustic impedance at oblique incidence.

The normal acoustic impedance was then measured
for the oblique incidence case. Before computing the
normal acoustic impedance, the incident and reflected
angles were estimated by the MUSIC algorithm. As
shown in Fig. 2 and Fig. 8, four microphones (B&K
Type 4935) were set on a vertical line against the
surface of the test material. The distance between
each microphone was 0.7 cm. One speaker was lo-
cated 2 m from the array. These experiments were
conducted at a very high frequency of 6000 Hz, as the
space between each microphone was very close and
because the resolution of the MUSIC results is gener-
ally fine at higher frequencies, although the incident
and reflected angles are independent of the frequency.
Fig. 9 shows the results of the MUSIC method with

MUSIC Power

O |
0 20 40 60 80
Angle (degree)

100 120 140 160 180

Fig. 9. Comparison of the MUSIC powers with and without
spatial smoothing at 6000 Hz. By determining the peak value
at the left side in this figure, an incident angle of approxi-
mately 58° could be estimated. , MUSIC power
with spatial smoothing; - - ------ , MUSIC power without
spatial smoothing.

and without spatial smoothing.

As shown in these results, the incident angle could
be clearly estimated using MUSIC with spatial
smoothing, whereas the result without spatial smooth-
ing failed to detect the angles. The normal acoustic
impedance for the incident angle estimated by
MUSIC was calculated by beamforming method with
wavelet de-noising. Although four microphones were
set to measure the pressure signal, three microphones
located close to the surface of the test material were
used to calculate the normal acoustic impedance. To
verify the results measured by the beamforming me-
thod, theoretical values were obtained by the transfer
matrix method [14] using the properties in Table 1.
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Table 1. Properties of the test material.

Thickness (mm) 10
Bulk Modulus ( kg /m*) 81.81
Flow resistivity ( MKS Rayls/m) 48210
Structure Factor ( - ) 1.05
Porosity ( -) 0.88
Viscous characteristic length ( zm ) 46.46
Thermal characteristic length ( zm ) 128.50

Reflection Coefficient
o
T
Il

10 20 30 40 50 60 70
Angle (degree)
(a)

Normal Specific Acoustic Impedance

10 20 30 40 50 60 70
Angle (degree)
(®)

Fig. 10. Comparison of the measured results with theoretical
and beamforming methods for the oblique incidence at 1000

Hz. (a) Reflection coefficient, (b) Normal acoustic impedance.

, theoretical values (real part); - ------- , theoretical
values (imaginary part); O, beamforming method (real
part); A\, beamforming method (imaginary part).

These properties, with the exception of the thick-
ness, were also estimated by a numerical method and
normal absorption coefficient [13]. Figure 10 shows a
comparison of the theoretical values and experimental
results at 1000 Hz. In these figures, the results ob-
tained by the proposed method are in good agreement
with the theoretical values.

4. Conclusion

The normal acoustic impedances at normal and ob-
lique incidence were measured by a new beamform-
ing method in a free field. The accuracy of the meas-
ured normal acoustic impedance could be improved
by using a transfer function vector which had the
white Gaussian noise reduced by the wavelet shrink-
age. A speaker and microphone array were located at
precise directions or positions by estimating the inci-
dent and reflected angles from MUSIC with spatial
smoothing. The proposed method was verified
through comparisons with the impedance tube data
and theoretical values. Particularly, for the normal
incidence case, the values obtained by the proposed
method were in good agreement with the values ob-
tained using the impedance tube in a range of 400 to
6400 Hz.
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