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a b s t r a c t

Many speech-related products rely on the deployment of microphone arrays and standard regular
configurations are often used. In enhancing speech quality, the placement of microphones is indeed an
important factor. Moreover, for indoor applications, the room acoustics further increases the difficulty. In
this paper, these problems are addressed. First, we define the LCMV beamformer design problem using
estimated room impulse responses with reverberation. Then, we study the performance limit on the
filter length and formulate the configuration design problem. Finally, we employ a hybrid descent
method with the genetic algorithm for solving the design problem. Numerical examples demonstrate the
effectiveness of the proposed method.

& 2015 Elsevier Ltd. All rights reserved.

1. Introduction

Beamforming techniques have been employed extensively in
speech communication systems, teleconferencing, speech recognition,
and hearing aids (Benesty et al., 2008; Gannot and Cohen, 2008).
Beamformers act as spatial filters to extract a target from a mixture of
signals captured by a set of microphones. Many beamforming
techniques were developed under the assumption that channels are
modelled by delays and attenuations. For instance, the minimum
variance distortionless response (MVDR) beamformer originally pro-
posed in Capon (1969) consists of minimizing the overall interference-
plus-noise power subject to a gain constraint in the speaker direction.
The linearly constrained minimum variance (LCMV) beamformer
(Frost, 1972; Er and Cantoni, 1983) generalizes the idea with multiple
constraints imposed. When the performances of these beamforming
techniques are investigated, it is well-known that the filter length
plays an important role; however the performance limit begins to
plateau out for long enough filters. As proven in Feng et al. (2015),
unless the number of microphones grows significantly, the target
response might not be achieved satisfactorily. On the other hand, for a
fixed size array, the performance can still be improved drastically if
the configuration is carefully chosen (Feng et al., 2012). Furthermore,
for indoor applications, it is also necessary to match the microphone
array configuration with the specific auditory scene. Indeed, in
designing the products embedded with microphones, it is essential
to find suitable beamforming filters to enhance the desire signal. In
addition, it is a common practice to employ regular configurations in

the products without considering different microphone arrangements.
For example, there are products on acoustic measurements which
deploy regular shapes such as planar wheel arrays, spherical arrays
and rectangular arrays. They can be applied for environmental noise
measurements or for indoor applications for sound reception. How-
ever, optimization of these products have not been considered in the
literature for different environments.

If the microphone locations are restricted to vary within certain
dimensions and areas, several optimization problems have been
formulated. For example, if microphones are displaced linearly in a
one-dimensional manner, it essentially reduces to the array thin-
ning technique (Mayhan, 1980; Sarajedini, 1999; Oliveri et al.,
2009; Rocca and Haupt, 2010); different algorithms have been
developed, including evolutionary programming (Kumar et al.,
1998; Delgado et al., 2010), genetic algorithm (Haupt, 1994; Chen
et al., 2007), simulated annealing algorithm (Trucco and Murino,
1999; Trucco, 2002; Doblinger, 2008) and pattern search algorithm
(Razavi and Forooraghi, 2008). For applications inside a vehicle,
microphones are restricted to be in several dedicated areas and an
evolutionary algorithm has been proposed in Ayllón et al. (2014).
In formulating the general multi-dimensional design problem, a
nonlinear optimization problem using the L2-norm was proposed
in Feng et al. (2012), which allows microphones to move around in
a multi-dimensional solution space in search of better configura-
tions. However, the objective function is highly nonlinear and is
essentially nonconvex with respect to the location variables; the
problem is further complicated by the influence of the filter
length. By considering the performance limit for sufficiently long
filters, a reduced optimization problem with microphone locations
being the only set of decision variables was proposed (Feng et al.,
2012). Also, a hybrid descent method using the genetic algorithm
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was developed in Li et al. (2013) to provide a more general
solution technique to the problem.

For indoor applications in a reverberant environment, reverbera-
tion makes the transfer function estimation for sound wave propaga-
tion more complicated and costly. Room acoustics can be estimated
by geometric based models, such as the ray tracing method and the
image-source method (ISM) (Lehnert and Blauert, 1992; Svensson,
2002; Allen and Berkley, 1979; Borish, 1984), and have been applied
for indoor beamformer design (Li and Yiu, 2013; Li et al., 2014).
During the configuration design process, the room acoustics must be
re-calculated whenever the configuration changes. A fast implemen-
tation of the ISM proposed in Lehmann and Johansson (2010)
provides the required tool for synthesizing the room impulse
responses (RIRs) in an efficient manner, requiring only a fraction of
the computation time comparing with the original approach. In this
paper, the fast-ISM technique is adopted and the RIRs information is
embedded into the LCMV beamformer design problem. By optimiz-
ing on the frequency response function directly to obtain the
performance limit on the filter length, a pure location optimization
problem is formulated. A suitable hybrid descent method with the
genetic algorithm is developed to tackle the design problem.

The rest of the paper is organized as follows. In Section 2, we
define the configuration design problem by using the estimated RIRs
based on the fast image-source method. In Section 3, we study the
performance limit on the filter length of the LCMV beamformer by
solving the optimal frequency response function directly. In
Section 4, after eliminating the filter length effect, we develop a
hybrid descent method using the genetic algorithm to tackle the
configuration design problem. In Section 5, several numerical exam-
ples are given to evaluate the effectiveness of the proposed method.
Conclusion is given in Section 6.

2. Microphone array configuration design

Assume that the indoor environment is a rectangular room
with N sources settled at rn, n¼ 0;…;N�1. Sound wave propaga-
tion in the room is governed by the room impulse responses (RIRs)
(Fig. 1) from all source points to the microphone array, which can
be estimated by the image-source method.

Without loss of generality, let r0 be the source point of the
signal of interest (SOI) while the others are the source points of
interferences (INT). For a given M-elements microphone array
located at λ¼ ðr1, r2, …, rMÞAΛ�R3�M , suppose the frequency
domain transfer functions describing the acoustics are denoted by

Hn;mðλ;ωÞ, signals captured by the microphone array are repre-
sented by

XmðωÞ ¼
XN�1

n ¼ 0

Hn;mðωÞSnðωÞþVmðωÞ; m¼ 1;…;M: ð1Þ

Assume that there is an L-tap FIR filter behind each microphone
with coefficients wm ¼ ½wmð0Þ;wmð1Þ;…;wmðL�1Þ�T , m¼ 1;…;M, if
signals received by this microphone array are sampled synchro-
nously at the rate of fs per second, then the frequency responses
for the frequency component ω are

WmðωÞ ¼wT
md0ðωÞ; m¼ 1;…;M; ð2Þ

where d0ðωÞ is defined as

d0ðωÞ ¼ ½eð� jω=f sÞð� τLÞ; eð� jω=f sÞð1� τLÞ;…; eð� jω=f sÞðL�1�τLÞ�T ; ð3Þ
and 0rτLrL�1 is the group delay. Therefore, the beamformer
output for each frequency under the array placement λ is given by

YðωÞ ¼
XM
m ¼ 1

WmðωÞXmðωÞ ¼WHðωÞXðωÞ ð4Þ

where WðωÞ ¼ ½W1ðωÞ … WMðωÞ�T denotes the beamformer
response vector and XðωÞ ¼ ½X1ðωÞ … XMðωÞ�T is the received
signal.

Notice that the beamformer output YðωÞ is a function of the
microphone array placement λ and filter coefficients w¼ ½w1;

w2;…;wM �T . To measure the error between the output and the
desired SOI signal SdðωÞ, we define a merit function as

Fðλ;wÞ ¼ 1
‖Ω‖2

Z
Ω
‖WHðωÞXðωÞ�SdðωÞ‖22 dω; ð5Þ

where Ω is the interesting frequency region. Hence, we can
propose the microphone array configuration design problem as
follows:

min
λAΛ;wARM�L

Fðλ;wÞ

s:t: ‖ri�rj‖2Zε0; i; j¼ 1;2;…;M; ia j; ð6Þ

where Fðλ;wÞ is defined in (5), ε040 is a constant to separate the
set of microphone elements for proper functioning. This design
problem (6) can be considered as a bi-level optimization problem
with placement variables λ and filter coefficients w. Clearly, the
optimal filter coefficients w will change whenever perturbing the
locations λ. Moreover, the performance of the beamformer output
YðωÞ is affected by the filter length L. In the following, we introduce
the performance limit on the filter length to estimate the optimal
beamformer output YðωÞ in order to avoid the effect of filter length.

3. Performance limit of LCMV beamformer

For a given λ, the optimal beamformer output YðωÞ will be
achieved when the filter length L-þ1. While the beamformer
design with very long filters are very computationally costly, there
is an equivalent relationship between infinite length filters and
frequency response functions according to (2). The exact frequency
responses Wm;optðωÞ, m¼ 1;…;M are associated with the infinite
length filters (Feng et al., 2011) in the following lemma.

Lemma 1. Given a space spanned by the set of functions defined
from d0ðωÞ (3) as
B¼ feð� jω=f sÞð� τLÞ; eð� jω=f sÞð1�τLÞ;…; eð� jω=f sÞðL�1� τLÞg: ð7Þ
For any complex valued function uðωÞþ jvðωÞAC, where uðωÞ;
vðωÞAR, if uðωÞ and vðωÞ are continuous, absolute integrable and
differentiable, then this complex valued function uðωÞþ jvðωÞ can be
linear represented by the base B at L-þ1, that is there exists a real
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Fig. 1. A typical example of the RIR.
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