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Preface

The study and implementation of microphone arrays originated over 20 yeaxs

ago. Thanks to the research and ecperimental developments pursued to the
present day, the field has maturd to the point that array-based technologr
now has immediate applicability to a number of current systems and a rrast

potential for the improvement of existing products and the creation of future
devices.

In putting this book together, oru goal was to provide, for the first time,
a single complete reference on microphone arrays. We invited the top re
searchers in the field to contribute articles addressing their specific topicft)
of study. The reception we receivd from our colleagues was quite enthusi-
astic and very encouraglng. There was the general consensus that a work
of this kind was well overdue. The results provided in this collection cover
the current state of the art in microphone array resea,rch, development, and
technological application.

This text is organized into four sections which roughly follow the major
areas of microphone array research today. Parts I and II are primarily the'
oretical in nature and emphasize the use of microphone arrays for speech

enhancement and source localization, respectively. Part III presents a num-
ber ofspeciffc applications ofarray-based technology. Part IV addresses some
open questions and explores the future of the field.

Pa,rt I concerns the problem of enhancing the speech signal acquired by
an array of microphones. For a variety of applications, including human-
computer interaction and hands-free telephony the goal is to allow users to
roam unfettered in diverse environments while still providing a high quality
speech signal and robustness against background noise, interfering sources,
and reverberation effects. The use of microphone arrays gives one the oppor-
tunity to exploit the fact that the source of the desired speech signal and the
noise sources are physically separated in space. Conventional array process-
ing techniques, typically developed for applications such as radar and sonar,
were initially applid to the hands-free speech acquisition problem. However,
the environment in which microphone arrays is used is significantly different
from that ofconventional array applications. Firstlg the desired speech signal
has an extremely wide bandwidth relative to its center frequency, meaning
that conventional na,rrowband techniques are not suitable. Secondly, there
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VI Preface

is significant multipath interference caused by room reverberation. Finally,
the speech source and noise signals may located close to the arraS meaning
that the conventional far-field assumption is typically not valid. These dif-
ferences (amongst others) have mea,nt that new array techniques have had
to be formulated for microphone array applications. Chapter 1 describes the
design of an a,rray whose spatial response does not change appreciably over
a wide bandwidth. Such a design ensures that the spatial filtering performed
by the a^rray is uniform across the entire bandwidth of the speech signal. The
main problem with many array designs is that a very large physical array is
required to obtain reasonable spatial resolution, especially at low frequencies.
This problem is addressed in Chapter 2, which reviews secalled superdirec-
tive arrays. These anays are designed to archieve spatial directivity that is
significantly higher than a standard delay-and-sum bea,mformer. Chapter 3
describes the use of a single-channel noise suppression filter on the output
of a mioophone array. The design of such a post-filter typically requires in-
formation about the correlation of the noise between different microphones.
The spatial correlation functions for various directional microphones a,re in-
vestigated in Chapter 4, which also describes the use of these functions in
adaptive noise cancellation applications. Chapter 5 reviews adaptive tech-
niques for microphone arrays, focusing on algorithms that are robust and
perform well in real environments. Chapter 6 presents optimal spatial filter-
ing algorithms based on the generalized singular-value decomposition. These
techniques require a large number of computations, so the chapter presents

techniques to reduce the computational complexity and thereby permit real-
time implementation. Chapter 7 advocates a new approach that combines
explicit modeling of the speech signal (a technique which is well-known in
single-channel speech enha,ncement applications) with the spatial filtering af-
forded by multi-channel array processing.

Part II is devoted to the source localization problem. The ability to locate
and track one or more speech sources is an essential requirement of micro.
phone array systems. For speech enhancement applications, an accurate fix
on the prima^ry talker, as well as knowledge of any interfering talkers or coher-
ent noise sources, is necessary to effectively steer the arra5 enhancing a given

source while simultaneously attenuating those deemed undesirable. Location
data may be used as a guide for discriminating individual speakers in a multi-
source scenario. With this information available, it would then be possible to
automatically focus upon and follow a given source on an extended basis. Of
particula,r interest lately is the application of the speaker location estimates
for aiming a camera or series of cameras in a videoconferencing system. In
this rega^rd, the automated localization information eliminates the need for a
human or number of human camera operators. Several existing commercial
products apply microphon+array technology in small-room environments to
steer a robotic camera and frarne active talkers. Chapter 8 summarizes the
various approaches which have been explored to accurately locate an individ-

Preface VII

ual in a practical acoustic environment. The emphasis is on precision in the
face of adverse conditions, with an appropriate method presented in detail.
Chapter 9 extends the problem to the case of multiple active sources. While
again considering realistic environments, the issue is complicated by the pres-

ence ofseveral talkers. Chapter 10 further generalizes the source localization
scenario to include knowledge derived from non-acoustic sensor modalities.
In this case both audio and video signals are effectively combined to track
the motion of a talker.

Part III of this texi details some specific applications of microphone array
technology available today. Microphone arrays have been deployed for a vari-
ety of practical applications thus far and their utility and presence in our daily
lives is increasing rapidly. At one extreme are large aperture arrays with tens
to hundreds of elements designed for large roorns, distant talkers, and adverse
acoustic conditions. Examples include the two-dimensional, harmonic array
installed in the main auditorium of Bell Laboratories, Murray Hill and the
5l2-element Huge Microphone Array (HMA) developed at Brown University.
While these systems provide tremendous functionality in the environments
for which they are intended, small a^rrays consisting of just a handful (usu-
ally 2 to 8) of microphones and encompassing only a few centimeters of space
have become fa,r more common and a,ffordable. These systems are intended
for sound capture in close-talking, low to moderate noise conditions (such
as an individual dictating at a workstation or using a hands-free telephone
in an automobile) and have exhibited a degree of effectiveness, especially
when compa^red to their single microphone counterparts. The technology has

developed to the point that microphone axrays a,re now available in off-the-
shelf consumer electronic devices available for under $150. Because of their
growing popularity and feasibility we have chosen to focus primarily on the
issues associated with small-aperture devices. Chapter 11 addresses the in-
corporation of multiple microphones into hearing aid devices. The ability of
beamforming methods to reduce background noise and interference has been
shown to dramatically improve the speech understanding of the hearing im-
paired and to increase their overall satisfaction with the device. Chapter 12

focuses on the case of a simple two-element array combined with postfiltering
to achieve noise and echo reduction. The performance of this configuration
is analyzed under realistic acoustic conditions and its utility is demonstrated
for desktop conferencing and intercom applications. Chapter 13 is concerned
with the problem of acoustic feedback inherent in full-duplex communica,
tions involving loudspeakers and microphones. Existing single'channel echo
cancellation methods are integrated within a beamforming context to achieve
enhanced echo suppression. These results are applied to single' and multi-
channel conferencing scenarios. Chapter 14 explores the use of microphone
arrays for sound capture in automobiles. The issues of noise, interference, and
echo cancellation specifically within the car environment are addressed and a
particularly effective approach is detailed. Chapter 15 discusses the applica-
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Vm Preface

tion of microphone anays to improve the performance of speech recognition
systems in adverse conditions. Strategies for effectively coupling the acous-
tic signal enhancements afforded through bea,mforming with existing speech

recognition techniques axe presentd. A specific adaptation of a recognizer to
function with an array is presented. Finally, Chapter 16 presents an overview
of the problem of sepa,rating blind mixtures of acoustic signals recorded at a
microphone anay. This represents a very new application for microphone ar-
rays, and is a technique that is funda,mentally different to the spatial filtering
approaches detailed in earlier chapters.

In the final section of the book, Part IV presents enpert summaries of
current open problems in the field, as well as personal views of what the future
of microphone axray processing might hold. These summaries, presented in
Chapters 17 and 18, describe both academically-oriented research problems,
as well as industry-focused areas where microphone array research may be
headed.

The individual ctrapters that we selected for.the book were designed to
be tutorial in nature with a specific emphasis on recent imFortant results.
We hope the result is a text that will be of utility to a large audience, from
the student or pracbicing engineer just approaching the field to the advanced
researcher with multi-channel signal processing experience.
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F\rture Directions in Microphone Array

Dirk Van Compernolle

Katholieke Universiteit Leuven, Leuven, Belgium

18.1 Lessons From the Past

Antenna array processing has had long-standing impact on phased array
radars, sonaxs and radio astronomy for several deca.des. The gigantic an-
tenna arrays that were constructed for deep space observation must stand
out as some of the most impressive engineering achievements of any disci-
pline. success in these related fields of signal processing have without any
doubt stimulated interest in microphone array processing. And these suc-
cesses did not only generate interest, they did much more-they created high
expectations. Another interest generating stimulus came from a very different
field, i.e. the one of anatomy and physiology. Nature has endowed virtually
all species with two ears. one good reason, of course, is that there is always
a second as backup when one of the two fails. But at the same time we all
know that our sense for orientation is helped considerably by the use of two
ears instead of one and that it helps us understand each other in the midst
of a noisy crowd.

After 20 years of active research, however, we cannot craim that micro
phone array processing has had the success many of us hoped for, and many
will wonder when the great breakthrough in microphone array processing
will finally come, if ever- Nevertheless, progress in computer technology has
helped us in a big way. In the early days only anarog ,"L"*", of limited sig-
nal processing complexity were possible. This was followed by early years of
high cost DSP computations, where computational cost seemed to impede
widespread use of lhe technology. Today we have a.ffordable DSps that a,llow
us to implement all but the most complex schemes cheaply in digital signal
processing technology in real-time. But this in itself was not enough. Apart
from breaking through the computing bottleneck, our understanding ofthe
problems at hand has significantly progressed, as witnessed in this book. Most
of the results presented are from recent years and give new insight into both
the potential and the limitations of microphone axray processing. However,
too often the same problems that were considered too hard ten or twenty
yeaxs ago are still set apart for 'future resea.rch'. Admitted weaknesses to
proposed solutions a,re similar to the ones that we have been struggling with
for a long time. Generally speaking we may say that -*y ptoposed solu-
tions add to our understanding but lack robustness in order to make a bright
future for themselves.

esslng
18
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