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Abstract

For the evaluation of speech enhancement algorithms in
conditions which contain background noise, often sim-
ulation environments are used that aim to accurately
reproduce the proper noise signal conditions at the mi-
crophones. Besides the power spectral density (PSD),
the spatial properties of the noise field should be repro-
duced correctly to verify algorithms that use more than
one microphone. We consider a Multiple-Input Multiple-
Output (MIMO) arrangement using more loudspeakers
than microphones as a simulation environment. Using
more loudspeakers than microphones decreased the prob-
ability of ill-conditioned acoustic transfer function ma-
trices. Since the acoustic transfer function matrix is
not square, the Moore-Penrose pseudo-inverse is used to
equalize the MIMO system. In measurements taken in a
car environment, the reproduced signals show an equal
PSD as well as a similar magnitude squared coherence
(MSC) compared with the input signals.

Introduction

Hands-free communication systems continue to be popu-
lar in a growing field of applications. However, they are
often operated in noisy environments, e.g. in car com-
munications. To achieve an augmentation of the desired
signals, signal processing algorithms are used that aim
to improve the signal-to-noise ratio (SNR) to ensure a
better communication. Speech enhancement algorithms
where developed, that take the spatial information of the
sound field into account by using more than one micro-
phone signal [1, 2, 3].

To evaluate these algorithms in noisy environments,
background noise simulations are often used. In order
to verify these algorithms in a real acoustic environment,
the proper signal conditions between the recorded noise
signals must be preserved. In the ETSI EG 202 396-
1 standard [4], the background noise conditions are re-
produced by several loudspeakers and one or two micro-
phones. The acoustic transfer functions from the loud-
speakers to the microphones are equalized in third oc-
tave bands and the time-difference-of-arrivals are com-
pensated. However, for enhancement algorithms using
multiple microphones this is not sufficient, since they take
the spatial information of the noise field into account,
which is not considered in this equalization approach.

In order to achieve a more accurate reproduction of the
noise signals, the equalization must be capable to decor-
relate the acoustic propagation paths of the simulation
environment. This is considered in the ETSI TS 103 224

standard [5], where eight loudspeakers and microphones
are used to recreate a sound field around a dummy head
or a hand-held communication device. In the standard,
the inverse of the acoustic transfer function (ATF) ma-
trix is used for the equalization of the acoustic MIMO
system. While this approach shows good results com-
pared with ETSI EG 202 396-1 and other approaches [6],
there are several problems if the inverse acoustic matrix
is ill-conditioned. Therefore a regularization factor is in-
troduced, which can be optimized in different manners
[7, 8].

We propose an approach using more loudspeakers than
microphones compared with [5]. Since we have access
to the signals of the hands-free communication system,
we aim to equalize the MIMO system at the actual mi-
crophones compared with the ETSI TS 103 224 stan-
dard, where measurement microphones around the actual
hand-held device or dummy head are used for the equal-
ization. By using a greater number of loudspeakers than
microphones, no unique solution for the inverse equal-
ization matrix exists. One solution, the Moore-Penrose
pseudo-inverse of the ATF matrix, can be calculated and
be used as a mixing matrix for the noise input signals.
The measurements with this MIMO arrangement in a
car environment show good results for the accurate re-
production of the PSDs of the input signals as well as the
MSC. The frequency dependent condition number shows
that the equalization matrix is better conditioned if more
loudspeakers than microphones are used. Therefore less
or even none regularization is required for the equaliza-
tion of the MIMO system compared with [5].

In the following sections, the signal model and the no-
tation of the MIMO acoustic environment is described.
Further, the equalization approach that uses the pseudo-
inverse of the acoustic transfer function matrix is derived.
The results of the simulation as well as the measurements
are presented afterwards.

The Signal Model

In this section, the acoustic MIMO model as well as the
corresponding notation is presented. We consider the
MIMO system, which consists of M loudspeakers and N

microphones (M > N) as time-invariant and linear. Also
it is assumed, that the signal-to-noise ratio is sufficiently
high, so noise influences can be neglected in the following.
As a result, the signal yn(k) at the n-th microphone can
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be written as

yn(k) =

M
∑

m=1

hm,n(k) ∗ xm(k) (1)

where k is the discrete time index, xm(k) refers to the
discrete input signal that is fed to the m-th loudspeaker
and hm,n describes the acoustic impulse response from
the m-th loudspeaker to the n-th microphone. ∗ denotes
the convolution.

The acoustic transfer functions derived from the corre-
sponding impulse responses as well as the MIMO input
and output signals can be written in the frequency do-
main as the acoustic transfer function matrix

H(ν) =











H11(ν) H12(ν) · · · H1N (ν)
H21(ν) H22(ν) · · · H2N (ν)

...
...

. . .
...

HM1(ν) HM2(ν) · · · HMN (ν)











(2)

ν denotes the frequency bin index. Furthermore, we have

X(ν) = [X1(ν), X2(ν), · · · , XM (ν)] (3)

Y(ν) = [Y1(ν), Y2(ν), · · · , YN (ν)] (4)

where X(ν) is the loudspeaker input signal vector and
Y(ν) is the microphone signal vector. In the following
the index ν is omitted when possible.

As a result, the MIMO system equation as given in Eq.(1)
can be written in a compact form in the frequency do-
main

Y = XH (5)

Equalization of the MIMO system

In the following, the equalization of the MIMO acoustic
environment is derived. Therefore, a new signal vector
S(ν) is introduced, which contains the input signals that
need to be accurately reproduced at the microphones.

S(ν) = [S1(ν), S2(ν), · · · , SN (ν)] (6)

Furthermore an equalization matrix W(ν) is introduced,
that acts as a pre-equalization filter for the input signals
before they are sent to the loudspeakers.

W(ν) =











W11(ν) W12(ν) · · · W1M (ν)
W21(ν) W22(ν) · · · W2M (ν)

...
...

. . .
...

WN1(ν) WN2(ν) · · · WNM (ν)











(7)

The whole system, from the input signals in vector S(ν)
to the microphone signals in vector Y(ν), can be repre-
sented as a block diagram as shown in Figure 1.

The relation between S(ν) and Y(ν) can be written as

Y = SWH (8)

Figure 1: MIMO System - Block Diagramm

In order to equalize the acoustic system it must be as-
sured that the following statement holds

Y
!
= S (9)

which can be achieved by choosing W to fulfil

WH = I (10)

where I denotes the unity matrix. In case the number
of loudspeakers is equal to the number of microphones
(M = N), this obviously results in

W = H
−1 (11)

if H has full rank and is well conditioned. In the ETSI
TS 103 224 standard this is implemented as

W = (H†
H+ βI)−1

H
† (12)

where † is the conjugate transpose and β is a regulariza-
tion factor to avoid problems due to an ill-conditioned
matrix H.

A matrix is ill-conditioned if it has a very high condi-
tion number κ, which is defined as the ratio between the
maximal and minimal singular values σmax and σmin,
respectively

κ(ν) =
σmax(ν)

σmin(ν)
(13)

The condition number also relates the matrix norms of
the matrices H and W, i.e.

κ(ν) = ||H|| · ||W||. (14)

From which we observe that an ill-conditioned matrix H

results in a matrix W with large matrix norm. For large
condition numbers, the regularization factor β in Eq.(12)
limits the norm of W. However, the regularization pre-
vents perfect equalization of the MIMO system.

We propose to use more loudspeakers than microphones
(M > N). This reduces the probability of ill-conditioned
matrices, as will be shown in the following section.
Hence, a smaller regularization factor β can be chosen
or the regularization is completely avoided.

With M > N the matrices are not square and no unique
inverse exists. By using the Moore-Penrose pseudo-
inverse, an inverse of the acoustic system MIMO ma-
trix H can be calculated, analogous to Eq.(12). This
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pseudo-inverse minimizes the matrix norm of the equal-
ization matrix W. The minimized norm also results in
reduced power of the signals that are played back by the
loudspeakers, which follows from the submultiplicative
property

||X|| ≤ ||S|| · ||W||. (15)

Simulation and Measurement Results

In order to verify the proposed equalization approach for
the proper reproduction of noise signals at the micro-
phones, measurements in a car environment where taken.
The simulation scenario consisting of four loudspeakers
and two microphones is shown in Figure 2.

LS1 LS2

LS3 LS4

Mic1 Mic2

Figure 2: Loudspeaker-Microphone Arrangement in the Car
Environment

The input signals are two noise signals that are recorded
in a car at a driving speed of 100 km/h, which should
be reproduced at the microphones. For the equalization
approach, the acoustic transfer functions in the simula-
tion environment from each loudspeaker to each micro-
phone where measured using a logarithmic sine sweep.
Based on that measurement, the mixing matrix W was
calculated. Since the elements in W contain non causal
filters, W is transformed to the time domain and de-
layed to obtain a causal filter. Then the input signals are
pre-equalized with the corresponding filters of the mix-
ing matrix in the time domain. The filter length for the
MIMO equalization was chosen to 8192 samples and a
sampling frequency of fs = 16 kHz was used. The pre-
equalized signals are sent to the loudspeakers and the
results are recorded with the two microphones. For com-
parison, further measurements where also taken with the
signals pre-equalized as suggested in the ETSI EG 202
396-1 standard.

To verify, that the correct power spectral densities of
the input signals are reproduced at the microphones, the
PSDs where analyzed in third octave bands for our equal-
ization approach as well as for the ETSI EG 202 396-1
standard and compared with the PSDs of the original

input noise signals. The results are shown in Figure 3.
The reference (A) shows the PSD for the input signal,
which is aimed to be reproduced at microphone 1. The
PSDs for the equalization after ETSI EG 202 396-1 (B)
as well as for our proposed MIMO equalization approach
(C) are shown. As can be seen, both equalization ap-
proaches match quite well in terms of the PSD compared
with the reference signal.
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Figure 3: Power Spectral Density Comparison - A: Input
Signal (Reference); B: ETSI EG 202 396-1 Equalization; C:
proposed MIMO Equalization

In Figure 4, a comparison for the correct reproduction of
the magnitude squared coherence between the two input
signals is depicted. The MSC for the input signals is
denoted as the reference (D). In comparison, the MSC
for the MIMO equalization approach is shown (F). As
can be observed, the MSC is reproduced quite well over
the whole spectrum. In low frequencies, the performance
decreases due to the not sufficient filter length for the
equalization filters, but the overall performance can be
considered good. The ETSI EG 202 396-1 standard (E)
does not consider spatial reproduction at all, so the MSC
is close to one for the observed frequencies.
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Figure 4: Magnitude Squared Coherence Comparison - D:
Input Signals (Reference); E: ETSI EG 202 396-1 Equaliza-
tion; F: proposed MIMO Equalization
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To verify if the estimated acoustic transfer function ma-
trices are well-conditioned, the condition number over
all frequencies for the matrices are plotted in Figure 5.
The acoustic transfer function matrices are derived using
two microphones and a varying number of loudspeakers
(N = 2 and M ∈ {1, 2, 3}). The frequency dependent
condition numbers for two (2 × 2), three (3 × 2) and all
four loudspeakers (4×2) are shown. As can be observed,
the frequency dependent condition number values are the
highest for the two loudspeaker case and decrease as more
loudspeakers are used. Hence, the measurements show
that the inverse / pseudo-inverse pre-equalization matrix
is better conditioned using more loudspeakers than mi-
crophones.

10
2

10
3

Frequency in Hz

0

10

20

30

40

50

60

70

V
a

lu
e

Frequency Dependent Condition Number for H

2x2
3x2
4x2

Figure 5: Condition Number Comparison - 2× 2: two loud-
speakers; 3× 2: three loudspeakers, 4× 2: four loudspeakers

Conclusion

In this paper, we proposed an approach for the reproduc-
tion of noise signals in a car environment. In contrast to
the ETSI TS 103 224 standard, we proposes a setup with
more loudspeakers than microphones. The MIMO sys-
tem is equalized using the Moore-Penrose pseudo-inverse
of the acoustic transfer function matrix. Using more
loudspeakers than microphones decreased the probabil-
ity of ill-conditioned acoustic transfer function matrices.
The measurements in a car environment show that the

noise PSD is reproduced well at the microphones, where
an acoustic MIMO system consisting of four loudspeak-
ers and two microphones was considered. Similarly, the
MSC between the input signals is reproduced with high
precision. For a system with a small number of target
microphones, the proposed approach simplifies the mea-
surement and reproduction setup for the noise simulation
compared to the ETSI TS 103 224 standard.
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