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Summary

At low frequencies the assessment of the sound reduc-
tion index of building elements in the laboratory ac-
cording to the standard ISO 10140-2:2010 is burdened
by a large variation in the measurement results. This
is due to the fact that at low frequencies the acoustic
field is not sufficiently diffuse.

This paper discusses a measurement procedure in
which a diffuse field is created in the source room by
means of an array of loudspeakers positioned closely
to the building insulation element under test. This
procedure exploits the acoustic near field of the loud-
speaker array.

The problems related to the breakdown of the
diffuse field assumption of the receiving room are
eliminated by measuring the structural response of
the building insulation element under test by means
of laser Doppler vibrometry and the application of
the Rayleigh integral to compute the radiated sound
power. The sound reduction index is determined from
the ratio of the incident sound power, created by the
loudspeaker array, and the radiated sound power.

The measurement approach is validated by means
of a measurement of the sound reduction index of a
single layer glazing. Comparisons are made with an
analytical model and with a standardized ISO 10140-
2:2010 measurement. Although the method offers
clear, strong points in terms of removing room acous-
tic effects from the measurements in the lower fre-
quency range, a point of concern is the measurement
effort.

1 Introduction

Insufficient low-frequency sound insulation between
dwellings combined with the use of powerful music

∗corresponding author, currently working at A&Z Acoustics,
Bratislava, bert.roozen@euroakustik.sk

reproduction systems is one aspect why inhabitants
are often disturbed by their neighbors. Over the last
years, an increased interest in sound insulation at
low frequencies can be observed. Although in cur-
rent standards the assessment of sound insulation in
the frequency range down to 50Hz is still optional
[1, 2], most studies recommend the inclusion of fre-
quencies below 100 Hz [3, 4]. However, it is also well
known that measurents of the sound reduction index
according to the standard ISO 10140:2010 [5] at fre-
quencies below 100 Hz are affected by a large uncer-
tainty [6, 7, 8]. The reason for this uncertainty is the
reduced modal density of the acoustic eigenmodes at
lower frequencies, in both the source room and the re-
ceiving room of the test facility. The resulting modal
behavior cause the acoustic field to deviate from the
ideal diffuse field [9, 10, 11]. This makes the mea-
surement results obtained in a specific testing labo-
ratory strongly dependent on the chosen microphone
positions and therefore uncertain. Moreover, as the
obtained measurement result is dependent on the spe-
cific geometry of the transmission suite, it also causes
a poor reproducibility between laboratories [12, 13].

In the works of Bravo, Maury and Elliott [12, 14]
the breakdown of the diffuse field assumption of the
source room was reduced by using a number of suit-
ably driven loudspeakers close to the building insu-
lation element under test to create a diffuse incident
field as closely as possible. To assess the acoustic
power transmitted through the element under test,
they measured the acoustic sound intensity at a dense
array of points at the receiving side, close to the ele-
ment. However, the effect of the receiving room was
found not to be reduced in this way. The influence of
the receiving room on the transmitted power, using
the sound intensity approach, can only be reduced by
the use of moving diffusers in the receiving room, or
if a larger and more anechoic receiving room is used
[12].
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Roozen et al. [15] showed that the sound power
radiated by a building insulation element under test
at low frequencies can be determined from the vi-
bration pattern of the building element, using laser
Doppler vibrometry (LDV) or other vibration mea-
surement techniques. The radiated sound power was
calculated from the measurement data by means of
the Rayleigh integral, in which an infinite half space
is assumed for the ‘receiving room’. In this manner
the computed sound power is not affected by the room
acoustic modes of the receiving room.

In the present paper the works of Bravo et al. [14]
and Roozen et al. [15] are combined. The diffuse ex-
citation field is created by a loudspeaker array closely
positioned to the building element under test, and the
radiated sound power is determined by means of laser
Doppler vibrometry.

The paper is organized as follows. Section 2 treats
the synthesis of the diffuse sound field by means of
a loudspeaker array. This section also discusses the
computation of the radiated sound power level, using
conditioned spectral analysis. Section 3 reports about
measurements on a single glazing, and validates the
results by means of an analytical model. A compari-
son with a standardized ISO 10140:2010 [5] measure-
ment is given as well. Section 4 draws the conclusions
of the work.

2 Theory for the synthesis of a
diffuse field and the analysis
of the measurement data

The theory to synthesize spatially correlated random
pressure fields is well documented in literature [16].
In this section it is briefly summarized for the sake
of completeness. In addition to this brief summary, a
proposal is elaborated to perform the analysis of the
measurement data by means of a conditioned spectral
analysis, which is different from the approach taken
by Elliott, Bravo and Maury et al. [14, 16, 17, 18].

2.1 The synthesis of spatially corre-
lated random pressure fields

Piersol [19] showed that the cross spectral density of
the sound pressure of a diffuse acoustic field, measured
between two points separated at a distance r from
each other, is given by (see also [20, 21, 22, 23])

SD
sin(kr)

kr
(1)

where k = ω/c is the acoustic wavenumber, ω is the
angular frequency (ω = 2πf) and SD is the autopower
spectrum level of the desired diffuse acoustic field. SD
is a frequency dependent scalar, independent of the
position in the room.

Let the matrix with desired cross spectral densities
at the Nmic control microphone positions, based on
Eq. 1, be denoted by Sdd. The subscript d indicates
the desired diffuse field. The control microphones are
positioned on the surface of the building element in a
rectangular grid, between the loudspeaker array and
the building element. The matrix Sdd has a dimen-
sion Nmic×Nmic for each frequency being considered,
and the rank of this matrix is equal to Nmic.

To approximate the acoustic field with the above
mentioned cross spectral density as closely as possi-
ble a discrete number of loudspeakers, NLS , is used.
The number of control microphone positions, Nmic,
is normally larger than the number of loudspeakers,
NLS . However, having NLS signals available to cre-
ate the desired acoustic field, that field cannot have a
rank higher than NLS . Therefore, a limited number
of uncorrelated principal components of the desired
acoustic field are considered, following Elliott et al.
[16]. For this purpose the matrix Sdd is decomposed
in its eigenvectors V and its eigenvalues Λ:

Sdd = VΛV∗ (2)

where ∗ denotes the complex conjugate.
The best least-squares approximation to Sdd with

rank NLS can be obtained by taking the NLS terms
with the largest eigenvalues:

S̃dd = ṼΛ̃Ṽ∗ (3)

where Λ̃ is a diagonal matrix that contains the NLS
largest eigenvalues, and the matrix Ṽ contains the
NLS largest eigenvectors. The tilde ˜ indicates that
the variable is the best least-squares approximation
with rank NLS . In the approximation of interest, the
rank of matrix S̃dd is forced to be equal to the number
of loudspeakers of the loudspeaker array, NLS , being
the maximal feasible rank the can be created by the
array.

The NLS input signals to the loudspeaker amplifiers
required to generate the desired cross spectral matrix
S̃dd at the control microphones can be constructed
as follows. A measurement is performed to relate the
NLS input signals x to the pressures y as measured at
the Nmic control microphone positions (for a system
diagram, see Fig. 1). This results in a relationship in
the frequency domain that reads

Y = HX (4)

where H is a matrix of transfer functions having a di-
mension Nmic×NLS for each frequency being consid-
ered, vector Y is the Fourier transform of the control
microphone signals, having a dimension Nmic× 1, for
each frequency being considered, and vector X is the
Fourier transform of the input signals to the loud-
speaker amplifiers, having a dimension NLS × 1 for
each frequency being considered. The matrix with
optimal control filters Wopt can be computed from

Wopt = (H∗H)−1H∗ŨΛ̃
1/2 (5)
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Figure 1: System diagram with input signals to the
loudspeaker amplifiers x, microphone control signals
y, and response of the building insulation element un-
der test w.

where Ũ represents NLS uncorrelated random signals
with unitary variances in the frequency domain. Us-
ing this matrix with optimal control filters, the opti-
mal input signals to the loudspeaker amplifiers X can
be computed with

X = WoptŨ (6)

The time domain signals x to drive the loudspeaker
array can be obtained from the matrix X by means
of an inverse Fourier transform. For a more extensive
description of the synthesis of a diffuse field by means
of a loudspeaker array, see Elliott et al. [16].

2.2 Analysis of measurement data
by means of conditioned spectral
analysis, CSA

Using the optimal loudspeaker signals x, a diffuse
acoustic field with cross spectral matrix S̃dd is ob-
tained. As this excitation field consists of NLS un-
correlated principal components, as discussed in the
previous section, also the structural response w of the
building insulation element under test will consists
of the same number of principal components. These
NLS uncorrelated response components are denoted
by w(k), with k = 1...NLS .

The uncorrelated response components can be ex-
tracted by means of Conditioned Spectral Analysis
(CSA, after Bendat and Piersol [24]) or by means of
virtual source analysis (VSA, after Price and Bern-
hard [25]). The advantage of both approaches is
that the radiated sound powers that follow from these
uncorrelated responses can be simply added to ob-
tain the total radiated sound power, as explained by
Leclere [26]. In this paper, the CSA approach was
taken, which will be outlined briefly below.

Having measured the cross spectra between the re-
sponse signals w and reference signals x, Swx, and the
auto spectra of the reference signals, Sxx, the first un-
correlated contributions w(1) can be computed from

w
(1)
i = Swix1

/
√
Sx1x1 , i = 1...NLDV (7)

where Swixj is the (i, j)-th component of the matrix
Swx, Sxjxj is the (j, j)-th component of the matrix

Sxx, and w
(1)
i is the i-th component of the vector w(1).

In this notation the indexes range as i = 1...NLDV
and j = 1...NLS .

The second uncorrelated contributions w(2) can be
computed by removing the energy in the spectral ma-
trices which is coherent with the first reference:

S(1)rem
wixj

= Swixj −
Swix1

Sx1xj

Sx1x1

,
i = 1...NLDV ,
j = 1...NLS

(8)

and

S(1)rem
xjxj

= Sxjxj −
|Sxjx1

|2

Sx1x1

, j = 1...NLS (9)

Using these conditioned auto and cross spectra the
second uncorrelated contributions, w(2) can be com-
puted as follows

w
(2)
i = S(1)rem

wix2
/

√
S
(1)rem
x2x2 , i = 1...NLDV (10)

The k-th uncorrelated contributions w(k) can be
computed from

w
(k)
i = S(k−1)rem

wixk
/

√
S
(k−1)rem
xkxk ,

i = 1...NLDV ,
k = 2...NLS

(11)
where the conditioned auto and cross spectra are
computed from the previously computed conditioned
spectra:

S(k)rem
wixj

= S(k−1)rem
wixj

−
S
(k−1)rem
wixk S

(k−1)rem
xkxj

S
(k−1)rem
xkxk

,
i = 1...NLDV ,
j = 1...NLS ,
k = 2...NLS

(12)
and

S(k)rem
xjxj

= S(k−1)rem
xjxj

−
|S(k−1)rem
xjxk |2

S
(k−1)rem
xkxk

,
j = 1...NLS ,
k = 2...NLS

(13)
The multiple coherence [24] can be defined by the

ratio of the energy contained in the sum of the un-
correlated contributions w(k) to the total energy con-
tained in w:

γi =

∑NLS

k=1 |w
(k)
i |2

Swiwi

i = 1...NLDV (14)

Having computed all NLS uncorrelated contribu-
tions w(k), k = 1...NLS , the sound power radiated by

each of the uncorrelated responses, Π
(k)
rad, can be de-

termined. In this work the radiated sound power is
computed by means of the Rayleigh integral, follow-
ing [15]. Using this approach the building insulation
element under test is assumed to be baffled, and the
receiving acoustic domain is a semi-infinite acoustic
domain. In this manner the room acoustic effects of
the receiving room are eliminated. In Appendix A the
numerical procedure is briefly outlined.
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As w(k), k = 1...NLS , contain the uncorrelated re-
sponses of the building element under test, extracted
by CSA, the sound power radiated by each of the re-
sponses w(k) are also uncorrelated to each other. Be-
cause of this property, the total sound power radiated
by the building element can be computed as the sum

of the sound power components Π
(k)
rad:

Πrad =

NLS∑
k=1

Π
(k)
rad (15)

Note that it is essential to compute the (complex
valued) uncorrelated responses w(k), k = 1...NLS , to
allow a correct computation of the radiated powers
of each of the uncorrelated responses. The phase in-
formation contained in each of the uncorrelated re-
sponses w(k) is an essential aspect in the computation

of the radiated power Π
(k)
rad by means of the Rayleigh

integral.
In literature it is mentioned that the accuracy of the

results of the CSA approach in source identification
problems strongly depends upon the elimination order
of the references [27, 28]. However, the context of
the present work is not related to the separation of
source contributions, it is just needed here to separate
uncorrelated responses referenced to a set of arbitrary
inputs. In such a case the total sound power level Πrad

is not affected by the ordering of references.
Whilst driving the loudspeaker array with the opti-

mal loudspeaker signals, x, the sound pressure levels
at the grid of control points (Nmic points) need to be
measured. From the blocked pressure squared, spa-
tially averaged over the Nmic control points, p2bl, the
incident sound power can be estimated by

Πinc =
S

4ρc

1

2
p2bl =

S

8ρc
p2bl (16)

where S is the surface area of the building insulation
element under test and where the factor 1/2 arises from
the reflections on the rigid wall [29, 30]. The blocked
pressure pbl is the pressure acting on the building in-
sulation element under test, where it is assumed that
the impedance of the building element under test is in-
finitely large (in analogy with the term ’blocked force’
as introduced by Gardonio and Brennan [31]).

Finally, from the incident and radiated sound pow-
ers, the sound reduction index R of the building in-
sulation element under test can be estimated:

R =
Πinc

Πrad
(17)

To summarize, the following data needs to be mea-
sured:

� The matrix of transfer functions H between the
acoustic responses y and the loudspeaker signals
x with dimension Nmic ×NLS ,

� The cross spectra of the structural responses w
and the loudspeaker signals x with dimension
NLDV ×NLS , whilst driving the loudspeaker ar-
ray with the optimal signals x, extracted from
analysis of the signals obtained in step 1,

� The cross spectra of the acoustic responses y and
the loudspeaker signals x, with dimension Nmic×
NLS , whilst driving the loudspeaker array with
the optimal signals x, to allow the computation
of the incident power.

3 Measurements

Two types of measurements were performed: mea-
surements according to the ISO 10140-2:2010 stan-
dard [5], and measurements by means of the loud-
speaker array placed close to the device under test, of
which the theory was described in the previous sec-
tion. Section 3.1 discusses the measurement set-up
and Section 3.2 the results.

3.1 Measurement set-up

The measurements were performed on a single glaz-
ing with a lateral dimension of 1.35 × 1.54 m2 and a
thickness of 12 mm. The mass per unit area was mea-
sured to be 28.8 kg/m2. The glazing was mounted in a
test opening of 1.37 × 1.555 m2, covered by a wooden
frame and sealed by putty. The dimensions of the
source and the receiving room are approximately 4.11
m (height) × 5.10 m × 4.14 m, which yields a volume
of 87 m3 each.

The text below details the set-up for the measure-
ments by means of an array of loudspeakers and a
scanning laser Doppler vibrometer.

An array of NLS=12 loudspeakers in an arrange-
ment of 3×4 was constructed (see Fig. 3). Each loud-
speaker, a 12inch woofer type Visaton W300-8, was
mounted in it’s own cabinet made from 18mm ply-
wood to prevent acoustic cross-talk with neighboring
speakers. The loudspeaker array cabinet, with a total
lateral dimension of 1.25 × 1.50 m2, was put at a dis-
tance of 20 cm from the glazing, which corresponds
to about half the distance between two adjacent loud-
speakers. This distance is a bit closer but still of the
same order of magnitude as was done in the work of
Bravo [17].

With this loudspeaker array, an acoustic field can
be controlled having a minimum acoustic wavelength
twice the inter distance of the loudspeakers, following
the sampling theorem of Shannon [32]. With an in-
ter distance of 0.41 m and 0.37 m in horizontal and
vertical direction, respectively, this corresponds to a
theoretical maximum frequency of 415 Hz and 450 Hz,
respectively, taking the speed of sound c=340 m/s.

The matrix of transfer functions H of dimension
Nmic × NLS for each frequency considered was mea-
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(a) Control microphone grid
(7 × 9, indicated by crosses)

(b) Laser Doppler velocime-
try grid (14 × 19, indicated
by dots)

Figure 2: Measurement grids on the glazing, LS-array
indicated by dashed lines.

sured by driving each loudspeaker individually and
measuring the acoustic response at Nmic=7 × 9=63
positions, sequentially in time. The measurement grid
is indicated in Fig. 2a. With this matrix, the opti-
mal loudspeaker signals x were computed off-line, as
detailed in Section 2.1.

The control microphone grid was chosen twice as
fine as compared to the loudspeaker grid in order to
have enough redundancy to construct the optimal sig-
nals to drive the loudspeaker array. The maximum
frequency that can be controlled by the loudspeaker
array, however, is determined by the inter spacing of
the loudspeakers (with a theoretical value of 415 Hz
as estimated above).

Next, the glass plate was excited by the loudspeaker
array using the optimal loudspeaker signals x, mea-
suring the response of the glazing w by means of an
in-house developed scanning laser Doppler measure-
ment system, consisting of a Polytec laser head OFV-
505, a Polytec controller OFV-5000, and a dual-axis
scanning mirror system from Thorlabs (see Fig. 5).
A measurement grid of NLDV =14 × 19=266 posi-
tions was chosen (see Fig. 2b). On the glazing retro-
reflecting stickers were glued (see Fig. 4) to increase
the optical reflection, facilitating the laser Doppler
measurement.

Using Kirchhoff’s thin shell theory of an infinite
plate, an approximate estimate of the structural wave-
length of the glazing of about 0.5 m was obtained at
the maximum frequency that can be controlled by the
loudspeaker array (415 Hz). According to the sam-
pling theorem of Shannon [32] this would require a
mesh of 2·1.35/0.5=5 × 2·1.54/0.5=6 points. Taking
6 points per wavelength, a mesh of 6·1.35/0.5=16 ×
6·1.54/0.5=19 would be required. A mesh of 14 × 19
was chosen.

The loudspeakers were driven by a set of ampli-
fiers, 12 in total, and two inter-connected Roland
data acquisition systems, type Octa Capture (8 in-
put channels, 8 output) and type Studio Capture (16
input channels, 8 output) (see Fig. 6). With the
inter-connected Roland data acquisition systems the

Figure 3: LS-array in front of glass plate.

Figure 4: Glazing with retro-reflecting stickers at one
side, a microphone mounted on the other side of the
glass plate (traversed from one position to the other),
and the loudspeaker array also on the other side of
the glass plate.

structural response as well as the acoustic response
were measured, including the signals that were used
to drive the loudspeakers (via a loop back).

3.2 Measurement results

3.2.1 Estimation of the sound reduction in-
dex according to the standard

The sound reduction index of the glazing was mea-
sured according to the ISO 10140-2:2010 standard [5].
During this measurement the loudspeaker array was
not in the source room. Instead, two loudspeakers,
brand name Mackie, type SRM450 were positioned
in the corners of the source room, opposite of the
test opening, to excite the glazing. In our experience,
these loudspeakers are capable to generate noise from
the 31.5 Hz 1/3rd octave band onwards, as well as
(but with reduced level) in the 25 Hz 1/3rd octave
band. The sound pressure level in the source room
Lp1 was averaged over 8 microphone positions. The
reverberation time T60 and the sound pressure level
in the receiving room Lp2 were also averaged over 8
microphone positions. From these measurement data
the sound reduction index R of the glazing was com-

Figure 5: The in-house developed scanning Laser
Doppler vibrometry measurement system.
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Figure 6: Power amplifiers (left) and data acquisition
measurement systems (right).

puted with the equation

R = Lp1 − Lp2 + 10 lg

(
S

A

)
(18)

where S is the area of the free test opening in which
the element is mounted, and A the equivalent sound
absorption area in the receiving room, which is re-
lated to T60 according to Sabine’s formula as T60 =
0.16V/A, where V is the volume of the receiving room.

Figure 7 shows the measured sound reduction in-
dex. The figure also shows the coincidence frequency,
which is estimated to be approximately 1000 Hz (12
mm thick glass plate, Young’s modulus 56 GPa, den-
sity 2400 kg/m3). Indeed, around the coincidence fre-
quency the sound reduction index R shows a brad dip,
as expected. Although the ISO 10140-2:2010 stan-
dard prescribes to use 1/3rd octave bands from 50
Hz onwards, also frequency bands below 50 Hz are
shown. To slightly improve the accuracy of the mea-
surements in the low frequency range, the number of
microphone positions was increased from the required
5 (ISO 10140) to 8 positions.

The uncertainty in the measured sound reduction
index can be determined by considering the standard
deviation of the sound pressure levels in the source
and receiving room from position to position, σLp1

and σLp2
, respectively, as well as the standard devia-

tion of the equivalent sound absorption in the receiv-
ing room resulting from the reverberation time stan-
dard deviation [33]. Given that the contributions of
the individual terms to the total uncertainty on R are
independent, the combined uncertainty can then be

estimated as σR =
√
σ2
Lp1

+ σ2
Lp2

+ σ2
10 lg(A). In case

of repeated measurements on N (eight) positions, it
can be expected that the error on the mean reduces to
σR,x = σR/

√
N . In addition to the ISO-based results,

Figure 7 also shows the measured sound reduction in-
dex incremented and decremented with its standard
deviation σR and standard error σR,x.

3.2.2 Estimation of the sound reduction in-
dex by means of an array of loudspeak-
ers and laser Doppler vibrometry

The sound reduction index of the glazing was mea-
sured by exciting the glazing by means of a diffuse
sound field created by a near field array of loudspeak-
ers and measuring the glass panel response by means
of laser Doppler vibrometry.
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Figure 7: Sound reduction index measurement results
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ing frequencies below 50 Hz (mean value as a thick
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blue curves), compared with sound reduction index
1/3rd octave results obtained by means of an array of
loudspeakers and a scanning laser Doppler (solid ma-
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Figure 9: Largest 12 principal components of the
Rayleigh computed sound pressure distribution on the
glass plate (units: Pa, spectral amplitude, frequency
resolution: 0.1 Hz), computed by CSA.

Driving the loudspeaker array by means of the op-
timal loudspeaker signals x, the structural responses
w of the building insulation element under test and
the acoustic pressure responses y close to the build-
ing insulation element under test were measured. In
[34] it was shown that the measurement record length
needs to be larger than the reverberation time of the
structural-acoustic system to avoid serious errors in
the frequency response function estimate. As the re-
verberation time of the source room is about 3 sec-
onds, a measurement record length of 10 seconds was
chosen, yielding a spectral resolution of 0.1 Hz. A
Hanning weighting function was applied. The num-
ber of averages was 20, with 75% overlap, requiring
a total measurement time of 60 seconds per point.
The multiple coherence (as defined in Eqn. 14) of the
structural and acoustic measurements is shown in Fig.
8.

The multiple coherence of laser Doppler velocime-
try measurements (Fig. 8a) overall shows a good co-
herence, close to unity, except for a few measurement
points (e.g. measurement points 116-118), which
was caused by a bad optical reflection of the laser
beam at those points. The Multiple coherence of
the microphone measurement close to the glass panel
(in the source room, see Fig 8b) shows coherences
close to unity as well, except for a few measurement
points. Below 20 Hz the multiple coherence of laser
Doppler velocimetry and the acoustic measurement
drops steeply due to the fact that the signal sent to
the loudspeaker array did not contain energy at fre-
quencies below 20 Hz.

The multiple coherences shown in Fig. 8 were
obtained after correcting for latencies between the
two inter-connected Roland data acquisition systems.
An adequate clock-synchronization appeared not to
be feasible. The latency correction was possible as
the loudspeaker driving signals were looped back to
both Roland data acquisition systems. Without la-
tency correction the multiple coherence is significantly
lower, varying between 0.1 and 0.9 at random, for all
frequencies considered.

Figure 9 shows the Rayleigh computed sound pres-
sure amplitudes based on the 12 principal components
of the glazing response, using CSA. Three frequencies
were chosen to illustrate the vibrational behavior at
resonant frequencies of the glazing. The fundamental
frequency occurs at 28 Hz. The second mode occurs
at 62 Hz and a third mode occurs at 118 Hz.

Figure 10 shows the Rayleigh computed active
sound power radiated by the glazing, using Eq. 15.
The total sound power clearly shows peaks at the
above mentioned resonance frequencies of 28 Hz, 62
Hz and 118 Hz.

Figure 11 shows the total radiated sound power as
in the previous figure, as well as the incident acoustic
power calculated by means of Eq. 16. The incident
acoustic power generated by the loudspeaker array
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Figure 10: Radiated active sound power, computed
from Eq. 15. The bold black curve shows the narrow
band spectrum of the total sound power, computed
as the sum of the individual CSA powers. The bold
magenta curve shows the 1/3rd octave spectrum. The
dashed magenta curve shows the 1/12th octave spec-
trum.
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Figure 11: Narrowband incident sound power spec-
trum (dashed blue curve) and radiated sound power
spectrum (solid black curve), glass panel excited by
12 LS array close to the glass panel, frequency reso-
lution: 0.1 Hz, computed by means of CSA according
to Eq. 16 and Eq. 15, respectively.
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Figure 12: Narrowband sound reduction index R ob-
tained by means of the LS array and laser Doppler
vibrometry of the glazing (blue solid curve), com-
pared with the analytically obtained sound reduction
index R of a simply-supported plate, with (red dashed
curve) and without(magenta dotted curve) taking into
account radiation damping.
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Figure 13: Narrowband sound power spectrum ob-
tained with loudspeakers in the corners of the sending
room (solid blue curves) and obtained with the loud-
speaker array close to the device under test (dashed
black curves), a) incident sound power spectrum com-
puted from Eq. 16, b) radiated sound power spectrum
computed from Eq. 15. The acoustic resonance fre-
quencies of the source room up to 160 Hz are indicated
by vertical dotted black lines.
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has a reasonably flat frequency spectrum, indicating
that the room resonances of the source room was ef-
fectively suppressed.

Taking the ratio between the incident power to the
radiated power (Eq. 17) gives the sound reduction
index, as shown in Fig. 12 in terms of narrow fre-
quency bands and in Fig. 7 in terms of 1/3rd-octave
frequency bands.

In Fig. 12 the obtained results are compared with
a theoretical estimate of the sound reduction index.
This estimate is based upon an analytical expres-
sion of the structural-dynamics of a simply supported
plate, having dimension Lx=1.35 m, Ly=1.54 m,
thickness h=12e-3 m, Young’s modulus E=56 GPa,
Poisson’s ratio ν=0.24, density ρ=2400 kg/m3 and
loss factor η=0.013.

The density ρ of the glass was extracted from a
weight measurement of the glass panel, and the mea-
surement of its dimensions. The Young’s modulus E
was tuned in order to get a reasonable agreement be-
tween the first resonance frequency as predicted by
the analytical model and the experimentally obtained
first resonance frequency. The loss factor η was ex-
tracted from the half power (-3 dB) bandwidth of the
measured transfer function at the first resonance fre-
quency of the glazing. It should be noted that the
damping as specified in the analytical model is valid
at the first resonance frequency only. Thus, the ana-
lytical model has a limited frequency range in which
it is accurate.

From the mobility of the simply-supported plate
(for which theoretical expressions are readily avail-
able), an estimate of the sound reduction index R for
a diffuse sound field excitation is computed (see [35]
for details about this approach). Figure 12 shows the
results for two cases: with and without taking into
account the radiation damping of the plate. The re-
sults with the radiation damping taken into account
correspond reasonably well with the R obtained by
means of an array of loudspeakers and laser Doppler
vibrometry, which validates the latter approach. De-
viations up to 5 dB are observed, which are likely to
be caused by the limited accuracy of the analytical
model to represent the device under test.

To illustrate the effectiveness of the loudspeaker ar-
ray to suppress room modes in the source room, an
additional measurement was performed with classical
loudspeakers in the corners of the source room. The
loudspeaker array was removed from the room for this
experiment. The blocking sound pressure levels at the
surface of the glazing and the response of the glaz-
ing were measured, from which the incident and the
radiated sound powers were computed with Eq. 16
and Eq. 15, respectively. The results are shown in
Fig. 13, in which the acoustic resonance frequencies
of the source room are indicated by dotted lines. The
eigenfrequencies of the source room were predicted by
means of a finite element model of the room, of which

the results are shown in Fig. 14.

From Fig. 13 it can be seen that the acoustic pres-
sure in the source room significantly peaks at the
resonance frequencies of the source room when using
the classical loudspeakers, whilst not when using the
loudspeaker array. Also the response of the glazing is
significantly higher at those resonance frequencies, in
case of excitation by means of classical loudspeakers,
which becomes evident from the higher sound pow-
ers radiated at those frequencies. In addition, the re-
sponse of the glazing is also higher at its resonance fre-
quencies (28 Hz, 62 Hz, 118 Hz), as expected. When
using the loudspeaker array, the radiated sound power
peaks at the first (28 Hz), second (62 Hz) and third
(118 Hz) resonance frequencies of the glazing, as well
as a peak at 41 Hz (see the black curves in Fig. 11 and
Fig. 13b). Thus the loudspeaker array is capable to
suppress the room modes in the source room, except
for the room modes near 41 Hz.

Figure 7 shows the measured sound reduction in-
dex in 1/3rd-octave bands, according to the ISO stan-
dard. When processing the ISO microphone measure-
ment data in narrow-bands, the results as shown in
Fig. 15 are obtained. This result shows that the nar-
row band estimate of the sound reduction index sig-
nificantly drops at the eigenfrequencies of the source
room eigenmodes, whilst significantly increases at fre-
quencies just below or just above the eigenfrequencies
of the source room eigenmodes. The narrow band
estimate of the sound reduction index based on mea-
surements by means of the loudspeaker array does
not show this dependency on the source room eigen-
modes. These is however one exception. The narrow
band estimate of the sound reduction index does show
a dip around the room mode eigenfrequencies near 41
Hz (see Fig. 15b), in accordance with the observa-
tion discussed in the previous paragraph. This dip is
not caused by a structural resonance frequency of the
glazing (the first three eigenfrequencies of the glazing
occurs near 28 Hz, 62 Hz and 118 Hz). This deficiency
when using the loudspeaker array can be seen in all
results presented in Fig. 10, Fig. 11 and Fig. 12. It
shows the inability of the loudspeaker array to sup-
press the source room acoustics effect at this specific
frequency.

The global trend of the narrow band sound reduc-
tion index R obtained by means of an array of loud-
speakers and laser Doppler vibrometry corresponds
well with the analytical model (ref Fig. 12 and the
previous discussion in this section). The sound re-
duction index R obtained by means of an array of
loudspeakers and laser Doppler vibrometry in terms
of 1/3rd-octave frequency bands, however, shows sig-
nificant deviations as compared to the measurements
according to the ISO 10140-2:2010 standard for fre-
quencies below 250 Hz, as shown in Fig. 7. The
signature of both measurement results are the same,
with dips at the 25 Hz and 62 Hz 1/3rd-octave fre-
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(a) mode 1, 34.15 Hz (b) mode 2, 41.17 Hz

(c) mode 3, 41.61 Hz (d) mode 4, 53.94 Hz

(e) mode 5, 54.18 Hz (f) mode 6, 58.49 Hz

(g) mode 7, 67.07 Hz (h) mode 8, 68.42 Hz

Figure 14: Acoustic eigenmodes of the source room,
as predicted by a finite element model of the source
room. Test opening cove indicated by black lines.
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Figure 15: Narrowband sound reduction index R, us-
ing standardized microphone based approach (solid
magenta curves) and using an array of loudspeakers
and laser Doppler vibrometry (dashed blue curves).
Top figure a) shows frequency range from 20 to 500
Hz, bottom figure b) shows frequency range from 20
to 100 Hz, acoustic resonance frequencies of source
room indicated by vertical dotted black lines.
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quency bands, corresponding to the structural reso-
nance frequencies of 28 Hz and 62 Hz, respectively.
However, deviations up to 15 dB are observed. This
disagreement in the quantitative results of R in the
lower frequency range is likely due to the room acous-
tic effects of the source room (volume 87 m3), caus-
ing a breakdown of the diffuse field assumption. In
the 250 Hz and 315 Hz 1/3rd-octave frequency bands
the sound reduction index R obtained by means of
an array of loudspeakers and laser Doppler vibrome-
try correspond well with the measurements according
to the ISO 10140-2:2010 standard, with deviations of
only 1 or 2 dB. At frequencies above 415 Hz, the loud-
speaker array is not able to control the acoustic field
because of insufficient spatial sampling, as discussed
in Section 3.1.

3.3 Measurement effort in practice

In this section the actual measurement effort of the
measurements on a single glazing, of lateral dimension
1.35 × 1.54 m2, is summarized.

� The measurement of the matrix of transfer func-
tions H between the acoustic responses y and
the loudspeaker signals x with dimension Nmic×
NLS = 63×12, using a sweep excitation signal of
10 s with 3 averages took about 5 hours of mea-
surement time, and an additional 5 hours for the
manual positioning of the control microphone (63
positions), yielding a few GByte of time-domain
data, using a sampling frequency of 4.41 kHz,

� The cross spectra of the structural responses w
and the loudspeaker signals x with dimension
NLDV × NLS = 266 × 12, whilst driving the
loudspeaker array with the optimal signals x,
with a length of 10 s, 20 averages, 75 % overlap,
took about 5 hours of measurement time, yield-
ing about 11 GByte of time-domain data, using
a sampling frequency of 4.41 kHz,

� The cross spectra of the acoustic responses y
and the loudspeaker signals x, with dimension
Nmic × NLS = 63 × 12, whilst driving the loud-
speaker array with the optimal signals x, with a
length of 10 s, 20 averages, 75 % overlap, took
about 1 hour of measurement time, and an addi-
tional 4 hours for the manual positioning of the
control microphone (63 positions), yielding about
9 GByte of time-domain data, using a sampling
frequency of 4.41 kHz.

In summary, the experiment took about 15 hours
of measurement time (including manual positioning
of the microphone), yielding about 20 GByte of data.
Using multiple sensors, or a robot to replace the man-
ually positioning of the sensor, would make the mea-
surement easier to perform.

Note that it is required to have a record length
which is at least equal to the reverberation time of
the transmission facility [34], which forces the mea-
surement time for each average to be about 10 sec-
onds.

4 Conclusions

An array of loudspeakers was positioned closely to the
building insulation element under test. The acoustic
near field of the loudspeaker array was used to cre-
ate a diffuse field, following the works of Bravo et al..
The method successfully suppressed the room acous-
tic modes of the source room for most of the frequen-
cies below 150 Hz.

At the receiving side, the sound power radiated by
the building element under test was computed from
the measured vibration pattern of the building ele-
ment. For this purpose the uncorrelated contributions
to the total vibration pattern were determined using
conditioned spectral analysis (CSA), followed by the
application of the Rayleigh integral to compute the
radiated sound power.

From the sound pressures measured at the surface
of the building insulation element under test the inci-
dent sound power was determined. From the incident
and radiated sound powers, the sound reduction index
R was estimated. The estimation of the sound reduc-
tion index R of building elements by means of an array
of loudspeakers and a scanning laser Doppler vibrom-
etry was validated for a single glazing by means of
an analytical model. The global trend corresponded
well. In quantitative terms the narrow band results
showed deviations up to 5 dB, which are probably due
to the limited accuracy of the analytical model.

The newly proposed method is valid only in the
lower frequency range due to the finite spatial sam-
pling of the loudspeaker grid and structural response
grid. For frequencies above the 200 Hz 1/3rd octave
band and up to the 630 1/3rd octave band the results
obtained with the proposed method correspond to the
standardized ISO 10140:2010 measurement results for
the presented case, with deviations of only 1 or 2 dB’s.

At frequencies below and including the 200 Hz 1/3rd

octave band large differences occurred up to 15 dB
between the ISO measurements and both the analyt-
ical model and the newly proposed measurement ap-
proach. These deviations of the ISO results are likely
to be caused by a breakdown of the diffuse field as-
sumption.

As a side note it should be remarked that the loud-
speaker array was not able to eliminate the room
acoustic effects for all frequencies. This affected the
sound reduction index estimate of the glazing at those
specific frequencies (in the present case 41 Hz), caus-
ing a deviation of the narrow band measurement re-
sult as compared to the analytical solution result.
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Although the method offers clear, strong points in
terms of removing room acoustic effects from the mea-
surements, a point of concern is the measurement ef-
fort. For a loudspeaker array consisting of 12 loud-
speakers, the measurements of the blocking pressure
at 63 microphone control positions, and the vibration
response measurement at 266 positions with an aver-
aging time of 60 sec per position, took tens of hours
in total, yielding tens of GBytes of data. Moreover,
a multichannel data acquisition is required, separate
amplifiers for each loudspeaker of the array, and the
construction of a (heavy) loudspeaker array cabinet.
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A Evaluating the Rayleigh inte-
gral to compute the radiated
sound power

Consider a vibrating baffled structure radiating into a
semi-infinite acoustic domain. The structure is vibrat-
ing with a velocity field that is described by v(xe, ω).
The parietal pressure at the points xr on the structure
can be computed by means of the Rayleigh integral
[15, 36, 37]:

p (xr, ω) =
iωρ

2π

∫∫
S

vn (xe, ω)
e−ikr

r
dSr (19)

where r is the distance between the points in vector xe
and vector xr, k is the wavenumber, ρ the density and
ω the radial frequency. Note that the above integral
has a singularity for r → 0.

Equation 19 can be written in matrix form as

p = Zv (20)

where the matrix Z can be computed as follows [38],
taking into account the singularity at r → 0:

Z = ρc


d − ikS2π

eikrij

rij
· · ·

− ikS2π
eikrji

rji
d · · ·

...
...

. . .

 (21)

where

d =
1

2

(
k

√
S

π

)2

− i 8

3π

(
k

√
S

π

)
(22)

Since the normal component of the active acoustic
intensity I along the surface S of a vibrating test wall,
is given by

I (xr, ω) =
1

2
Re [p (xr, ω) v∗n (xr, ω)] (23)

where Re denotes the real part of a complex quantity
and the asterisk denotes the complex conjugate, the
total radiated active sound power Π can be obtained
by

Π (ω) =

∫∫
S

I (xr, ω) dS (24)
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