16 Blind Separation of Acoustic Signals
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Abstract. This chapter presents an overview of criteria and algorithms for the
blind separation of linearly mixed acoustic signals. Particular attention is paid to
the underlying statistical formulations of various approaches to the convolutive
blind signal separation task, and comparisons to other blind inverse problems are
made. Several algorithms are described, including a novel algorithm that largely
maintains the spectral content of the original mixtures in the extracted source
signals. Numerical experiments are also provided to explore the behaviors of the
algorithms in real-world blind signal separation tasks.

16.1 Introduction

16.1.1 The Cocktail Party Effect

Consider for a moment the last time you had a conversation with a friend at
a social gathering. Numerous conversations were occurring around you, and
yet you had the capability of focusing your attention on your friend’s phrases.
This so-called “cocktail party effect” [1] is well-known and taken for granted
by almost everyone. What are the system elements at work in this situation?

o An acoustic sensor array. In our case, two sensors (our ears) collect acous-
tic information, although there is nothing precluding the use of more than
two sensors in the task from a system design standpoint.

o A computational processing system. Most auditory models allow for sev-
eral layers of signal processing, from lower-level frequency-dependent fea-
ture extraction within the inner ear to higher-level pattern recognition
within the brain [2].

The current boom in electronic devices, while creating a revolution in
human lifestyles, also creates the need for sensing and translating acoustical
information into useful electronic forms. Since we use our ears as information
sensors in conversations with others, it seems only natural to develop similar
listening capabilities in information-processing devices. This quest remains a
challenging problem, despite several decades of research in microphone arrays,
voice recognition, and natural language processing. Moreover, while speech
can be accurately collected using close-to-the-mouth microphones, there are
applications in which such placements are impractical or undesirable, such
as in audio teleconferencing systems and automobile speakerphones. Clearly,
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17 Future Directions for Microphone Arrays

Gary W. Elko
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17.1 Introduction

The telephone, invented more than 140 years ago, has changed very little
with respect to acoustic design in the last 40 years. The most recent techno-
logical improvements were the replacement of the carbon microphone with an
electret microphone and the development of the speakerphone for hands-free
telephony in the early sixties. It might seem quite surprising that in spite
of the rapid changes in communication systems: digital switching, digital
wireless, packet-based data communications and the like, that very little has
changed to the acoustic front-end in telephony systems. For instance, with
the general availability of broadband communication networks, why have we
not significantly increased the audio communication bandwidth? Why don’t
we see stereo or multichannel in telephony and communication systems? Why
don’t we see more ubiquitous adoption of voice recognition in consumer prod-
ucts? Why can’t we tailor the audio response of our communication systems
the same way we do with our entertainment systems? Why do our cell phones
sound so tinny, distorted, and noisy? Why is it so difficult to understand peo-
ple who call us from noisy environments or call us in noisy environments?
These are good questions when one ponders the explosion of inexpensive digi-
tal signal processing integrated circuits combined with the current bandwidth
of communication systems and those that are about to be introduced. Clearly
front-end acoustic signal processing will play a large role in addressing these
questions.

In our increasingly mobile society we find that hands-free operation of
communication systems is becoming more and more the norm, whether we
talk to other humans or to machines. There are significant challenges in en-
abling high quality speech communication in difficult acoustic environments.
Microphone arrays are an enabling technology for hands-free communication
since these systems offer directional gain to improve the signal-to-noise ra-
tio. This chapter will address some new possibilities as well as outstanding
research issues that remain.

17.2 Hands-Free Communication

The hands-free speakerphone was first released by AT&T’s Western Electric
in 1954. The speakerphone allowed many users gathered in one location to
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d or Since turbulent length scales are orders of magnitude lower than acoustic

e to propagating wavelengths, there is the possibility of using adaptive frequency-
wavenumber filtering to remove high wavenumber turbulent sensitivity from

' mi- the microphone array. MEMS technology also allows one to easily build com-

oud- plex combinations of pressure, velocity, and acceleration signals. Combina-

; the tions of these different types of sensors with integral signal processing opens

- the up a whole new area for investigation.
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s00d Microphone array beamforming for human-to-human and human-to-machine

o communication is now a viable and cost effective solution. Microphone array=

sd in will play an essential role in the solution to the difficult problem of hands-

free communication. The biggest challenge that remains is that it will be
lized essentially impossible to obtain an SNR that is as high as a microphone
mounted close to the desired talker (a telephone handset for instance). Linear

Array ; ; - : =
hinte combinations of microphones can only offer a maximum gain of 20log N.
petier where N is the number of microphone elements, and typical realizable gains

that are much less than this limit. Thus one is led to conclude that we need
to search for new parametric and nonlinear processing algorithms in hopes

:lk tl(; of obtaining directional gains that significantly exceed the gains for linear
s processing. This is the challenge that has to be met if we ever hope to attain
handset quality speech in hands-free conditions. One possible solution to this
sllow quality gap is to resort to wearable acoustic communication devices that can
yrray be thought of as “acoustic jewelry”.
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18 Future Directions in Microphone Array
Processing
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18.1 Lessons From the Past

Antenna array processing has had long-standing impact on phased array
radars, sonars and radio astronomy for several decades. 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 claim 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 analog schemes 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 the technology. Today we have affordable DSPs that allow
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 of the
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 array processing. However,
too often the same problems that were considered too hard ten or twenty
years ago are still set apart for ‘future research’. Admitted weaknesses to
proposed solutions are similar to the ones that we have been struggling with
for a long time. Generally speaking we may say that many proposed solu-
tions add to our understanding but lack robustness in order to make a bright
future for themselves.

Meta Platforms, Inc. - Exhibit 1015
131 of 250




394 Van Compernolle

blind signal separation and signal subspace approaches. These techniques do
not require sensitive geometric information about the array layout but work
with any configuration.

These techniques should result in higher configuration robustness. But at
the same time they are computationally very demanding and, while making
fewer assumptions about the layout, they make in general more assumptions
about the signals. Practical implementations have not appeared so far, but
demonstration results are often impressive. So we should keep an eye open for
these techniques. It is unlikely we will find them in products in the coming
years, but in later generation array processing techniques, they may become
the standard way to go.

18.3 Final Remarks

The near-term trend is in one direction: small arrays with few microphones
and a high degree of robustness that behave as speech seeking, directional,
and noise canceling microphones. Depending on the target application designs
may vary from less than a 1 cm in diameter for the hearing aid market, over
5 cm for the car, to a maximum of 20 ¢cm for desktop. After all, human hearing
does very well with two ears spaced about 20 cm apart. These designs will not
reach maximal noise suppression in any theoretical sense. Their goal is clear:
a few dB gain in signal-to-noise ratio across the board at a cost which is only
marginally above that of other microphones. A market of several million units
for such medium cost devices is realistic and therefore economically viable.
Economic potential for large arrays is much more limited and will therefore
remain a niche market.
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Preface

The study and implementation of microphone arrays originated over 20 years
ago. Thanks to the research and experimental developments pursued to the
present day, the field has matured to the point that array-based technology
now has immediate applicability to a number of current systems and a vast
potential for the improvement of existing products and the creation of future
devices. ’

In putting this book together, our 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 topic(s)
of study. The reception we received from our colleagues was quite enthusi-
astic and very encouraging. 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 research, development, and
technological application.

This text is organized into four sections which roughly follow the major
areas of microphone array rescarch 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 of specific applications of array-based technology. Part IV addresses some
open questions and explores the future of the field.

Part T 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 applied to the hands-free speech acquisition problem. However,
the environment in which microphone arrays is used is significantly different
from that of conventional array applications. Firstly, the desired speech signal
has an extremely wide bandwidth relative to its center frequency, meaning
that conventional narrowband techniques are not suitable. Secondly, there
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is significant multipath interference caused by room reverberation. Finally,
the speech source and noise signals may located close to the array, meaning
that the conventional far-field assumption is typically not valid. These dif-
ferences (amongst others) have meant that new array techniques have had
to be formulated for microphone array applications. Chapter 1 describes the
design of an array whose spatial response does not change appreciably over
a wide bandwidth. Such a design ensures that the spatial filtering performed
by the array 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 so-called superdirec-
tive arrays. These arrays are designed to achieve spatial directivity that is
significantly higher than a standard delay-and-sum beamformer. Chapter 3
describes the use of a single-channel noise suppression filter on the output
of a microphone 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 are 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 enhancement applications) with the spatial filtering af-
forded by multi-channel array processing.

Part ITis 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 primary talker, as well as knowledge of any interfering talkers or coher-
ent noise sources, is necessary to effectively steer the array, 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
particular interest lately, is the application of the speaker location estimates
for aiming a camera or series of cameras in video-conferencing system. In
this regard, the automated localization information eliminates the need for a
human or number of human camera operators. Several existing commercial
products apply microphone-array technology in small-room environments to
ste(.)r a robotic camera and frame active talkers. Chapter 8 summarizes the
various approaches which have been explored to accurately locate an individ-
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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 of several 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 IIT of this text 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 rooms, 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
512-clement Huge Microphone Array (HMA) developed at Brown University.
While these systems provide tremendous functionality in the environments
for which they are intended, small arrays consisting of just a handful (usu-
ally 2 to 8) of microphones and encompassing only a few centimeters of space
have become far more common and affordable. 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 compared to their single microphone counterparts. The technology has
developed to the point that microphone arrays are 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 ccho 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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VIII  Preface

tion of microphone arrays to improve the performance of speech recognition
systems in adverse conditions. Strategies for effectively coupling the acous-
tic signal enhancements afforded through beamforming with existing speech
recognition techniques are presented. A specific adaptation of a recognizer to
function with an array is presented. Finally, Chapter 16 presents an overview
of the problem of separating blind mixtures of acoustic signals recorded at a
microphone array. This represents a very new application for microphone ar-
rays, and is a technique that is fundamentally different to the spatial filtering
approaches detailed in earlier chapters.

In the final section of the book, Part IV presents expert summaries of
current open problems in the field, as well as personal views of what the future
of microphone array 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 chapters that we selected for the book were designed to
be tutorial in nature with a specific emphasis on recent important results.
We hope the result is a text that will be of utility to a large audience, from
the student or practicing engineer just approaching the field to the advanced
researcher with multi-channel signal processing experience.

Cambridge MA, USA Michael Brandstein
London, UK Darren Ward
January 2001
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1 Constant Directivity Beamforming

Darren B. Ward!, Rodney A. Kennedy?, and Robert C. Williamson?

! Imperial College of Science, Technology and Medicine, London, UK
2 The Australian National University, Canberra, Australia

Abstract. Beamforming, or spatial filtering, is one of the simplest methods for dis-
criminating between different signals based on the physical location of the sources.
Because speech is a very wideband signal, covering some four octaves, traditional
narrowband beamforming techniques are inappropriate for hands-free speech ac-
quisition. One class of broadband beamformers, called constant directivity beam-
formers, aim to produce a constant spatial response over a broad frequency range.
In this chapter we review such beamformers, and discuss implementation issues
related to their use in microphone arrays.

1.1 Introduction

Beamforming is one of the simplest and most robust means of spatial filtering,
i.e., discriminating between signals based on the physical locations of the
signal sources [1]. In a typical microphone array environment, the desired
speech signal originates from a talker’s mouth, and is corrupted by interfering
signals such as other talkers and room reverberation. Spatial filtering can be
useful in such an environment, since the interfering sources generally originate
from points in space separate from the desired talker’s mouth. By exploiting
the spatial dimension of the problem, microphone arrays attempt to obtain a
high-quality speech signal without requiring the talker to speak directly into
a close-talking microphone.

In most beamforming applications two assumptions simplify the analysis:
(i) the signals incident on the array are narrowband (the narrowband as-
sumption); and (ii) the signal sources are located far enough away from the
array that the wavefronts impinging on the array can be modeled as plane
waves (the farfield assumption). For many microphone array applications, the
farfield assumption is valid. However, the narrowband assumption is never
valid, and it is this aspect of the beamforming problem that we focus on in
this chapter (see [2] for techniques that also lift the nearfield assumption).

To understand the inherent problem in using a narrowband array for
broadband signals, consider a linear array with a fixed number of elements
separated by a fixed inter-element distance. The important dimension in mea-
suring array performance is its size in terms of operating wavelength. Thus
for high frequency signals (having a small wavelength) a fixed array will ap-
pear large and the main beam will be narrow. However, for low frequencies
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2 Superdirective Microphone Arrays

Joerg Bitzer! and K. Uwe Simmer?

! Houpert Digital Audio, Bremen, Germany
2 Aureca GmbH, Bremen, Germany

Abstract. This chapter gives an overview of so-called superdirective beamform-
ers, which can be derived by applying the minimum variance distortionless response
(MVDR) principle to theoretically well-defined noise fields, as for example the dif-
fuse noise field. We show that all relevant performance measures for beamformer
designs are functions of the coherence matrix of the noise field. Additionally, we
present unconstrained and constrained MVDR-solutions using modified coherence
functions. Solutions for different choices of the optimization criterion are given in-
cluding a new solution to optimize the front-to-back ratio. Finally, we present a
comparison of superdirective beamformers to gradient microphones and an alter-
native generalized sidelobe canceler (GSC) implementation of the superdirective
beamformer.

2.1 Introduction

What is “super” about a superdirective microphone array? Compared to
the standard delay-and-sum beamformer a superdirective array achieves a
higher directivity. Therefore, “super”-directivity indicates that summing is
not the optimal choice for combining sensor signals, if optimal directivity is
desired. The term directivity describes the ability of a beamformer to suppress
noise coming from all directions without affecting a desired signal from one
principal direction.

A short historical overview in [6] shows that superdirectivity (or super-
gain) in connection with array processing was first mentioned in the first half
of the last century. The solutions provided at that time were of academic
interest only, since a lot of practical problems occurred which restricted the
use of the theoretical work. The main reasons for failure were the self-noise
and the gain and phase errors of the microphones. In order to overcome these
problems a first constrained solution was published by Gilbert and Morgan
in 1955 [15]. Early applications with slight modifications were seismic and
sonar techniques [5]. It was not until the 90’s that supergain was connected
to microphone applications. Research in hearing aids highlighted the advan-
tages of fixed beamformers over adaptive solutions [17]. Modern designs of
superdirective beamformers include nearfield assumptions and the possibility
to adapt the constraining to the actual problem.

This chapter is organized as follows: Section 2.2 introduces the measures
to judge the different designs. In section 2.3 the optimal design will be derived
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3 Post-Filtering Techniques

K. Uwe Simmer!, Joerg Bitzer?, and Claude Marro3

1 Aureca GmbH, Bremen, Germany
2 Houpert Digital Audio, Bremen, Germany
3 France Télécom R&D, Lannion, France

Abstract. In the context of microphone arrays, the term post-filtering denotes the
post-processing of the array output by a single-channel noise suppression filter. A
theoretical analysis shows that Wiener post-filtering of the output of an optimum
distortionless beamformer provides a minimum mean squared error solution. We
examine published methods for post-filter estimation and develop a new algorithm.
A simulation system is presented to compare the performance of the discussed o
algorithms. :

3.1 Introduction i

What can be gained by additional post-filtering if the Minimum Variance
Distortionless Response (MVDR) beamformer already provides the optimum
solution for a given sound field?

Assuming that signal and noise are mutually uncorrelated the MVDR
beamformer minimizes the noise power (or variance) subject to the constraint
of a distortionless look direction response. The solution can be shown to be
optimum in the Maximum Likelihood (ML) sense and produces the best pos- 3
sible Signal to Noise Ratio (SNR) for a narrowband input [1]. However, it
does not maximize the SNR for a broadband input such as speech. Further-
more, the MVDR beamformer does not provide a broadband Minimum Mean |
Squared Error (MMSE) solution. The best possible linear filter in the MMSE
sense is the multi-channel Wiener filter. As shown below the broadband multi- 1
channel MMSE solution can be factorized into a MVDR beamformer followed ]
by a single-channel Wiener post-filter. The multi-channel Wiener filter gen- !
erally produces a higher output SNR than the MVDR filter. Therefore, addi- ‘
tional post-filtering can significantly improve the SNR, which motivates this
chapter.

The squared error minimized by the single-channel Wiener filter is the
sum of residual noise and signal distortion components at the output of the
filter. As a result, linear distortion of the desired signal cannot be avoided en-
tirely if Wiener filtering is used. Additional Wiener filtering is advantageous
in practice, however, because signal distortions can be masked by residual
noise and a compromise between signal distortion and noise suppression can
be found. Using MVDR beamforming alone often does not provide sufficient
noise reduction due to its limited ability to reduce diffuse noise and rever-
beration.
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4 Spatial Coherence Functions for g
Differential Microphones in Isotropic Noise
Fields |

Gary W. Elko

Media Signal Processing Research, Agere Systems, Murray Hill NJ, USA

Abstract. The spatial correlation function between directional microphones is use-
ful in the design and analysis of the performance of these microphones in actual
acoustic noise fields. These correlation functions are well known for omnidirectional
receivers, but not well known for directional receivers. This chapter investigates the
spatial correlation functions for Nth-order differential microphones in both spher-
ically and cylindrically isotropic noise fields. The results are used to calculate the
amount of achievable cancellation from an adaptive noise cancellation application
using combinations of differential microphones to remove unwanted noise from a
desired signal. The results are useful in determining signal-to-noise ratio gains from
arbitrarily positioned differential microphone elements in microphone array appli-
cations.

4.1 Introduction

The spatial correlation function is important in the design of optimal beam-
formers that maximize the signal-to-noise ratio (SNR), source direction find-
ing algorithms, the calculation of actual SNR gain from arrays, and other
array signal processing areas. The space-time correlation functions are well
known for omnidirectional receivers in two specific environments: spherically
and cylindrically isotropic noise fields. One area of large concern that has been
a topic of ongoing work has been the design and performance of directional
differential microphone systems. One application of these systems is in adap-
tive noise cancellation schemes. In order to predict the expected performance
gains of these adaptive cancellation systems, the spatial correlation functions
between directional microphones are required. Results are presented here for
the specific cases of general orientation for first-order differential microphones
in both spherically and cylindrically isotropic fields. Specific results are given
for the general Nth-order cases for differential arrays that have collinear axes.

4.2 Adaptive Noise Cancellation

The use of adaptive noise cancellation in communication devices has befen
under investigation for more than two decades [1], [2]. The early s.tudles
predicted SNR gains on the order of 10 dB and higher. However, 1t was
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5 Robust Adaptive Beamforming

Osamu Hoshuyama and Akihiko Sugiyama

NEC Media Research Labs, Kawasaki, Japan

Abstract. This chapter presents robust adaptive beamforming techniques designed
specifically for microphone array applications. The basics of adaptive beamform-
ers are first reviewed with the Griffiths-Jim beamformer (GJBF). Its robustness
problems caused by steering vector errors are then discussed with some convention-
ally proposed robust beamformers. As better solutions to the conventional robust
beamformers, GJBFs with an adaptive blocking matrix are presented in the form of
a microphone array. Simulation results and real-time evaluation data show that a
new robust adaptive microphone array achieves improved robustness against steer-
ing vector errors. Good sound quality of the output signal is also confirmed by a
subjective evaluation.

5.1 Introduction

Beamforming is a technique which extracts the desired signal contaminated
by interference based on directivity, i.e. spatial signal selectivity [1]-[5]- This
extraction is performed by processing the signals obtained by multiple sensors
such as microphones, antennas, and sonar transducers located at different
positions in the space. The principle of beamforming has been known for a
long time. Because of the vast amount of necessary signal processing, most
research and development effort has been focused on geological investigations
and sonar, which can afford a higher cost. With the advent of LSI technology,
the required amount of signal processing has become relatively small. As a
result, a variety of research projects where acoustic beamforming is applied
to consumer-oriented applications, have been carried out [6]-

Applications of beamforming include microphone arrays for speech en-
hancement. The goal of speech enhancement is to remove undesirable sig-
nals such as noise and reverberation. Among research areas in the field of
speech enhancement are teleconferencing [7]-(8], hands-free telephones [9]-
[11], hearing aids [12]-[21], speech recognition [22]-{23)], intelligibility improve-
ment [24]-[25], and acoustic measurement [26]. )

Beamforming can be considered as multidimensional signal processing
in space and time. Ideal conditions assumed in most theoretical discus.smr}s
are not always maintained. The target DOA (direction of arrival), which is
assumed to be stable, does change with the movement of the Speakgr. The
sensor gains, which are assumed uniform, exhibit significant distribution. As
a result, the performance obtained by beamforming may not be as good as
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6 GSVD-Based Optimal Filtering for
Multi-Microphone Speech Enhancement

Simon Doclo and Marc Moonen

Katholieke Universiteit Leuven, Leuven, Belgium

Abstract. In this chapter a class of multi-microphone signal enhancement tech-
niques is described, which are based on a Generalized Singular Value Decomposition
(GSVD) and which amount to a specific optimal fiitering problem when the so-called
desired response signal cannot be observed. When applying this GSVD-based op-
timal filtering technique to noise reduction in multi-microphone speech recordings,
simulations show that this technique has a better noise reduction performance than
standard beamforming techniques for all reverberation times and that it is more
robust to deviations from the nominal situation, e.g. encountered in uncalibrated
microphone arrays. If the GSVD-based procedure is used to create speech as well
as noise references, as in a Generalized Sidelobe Canceler (GSC) structure, and an
adaptive noise canceler (ANC) is added, the noise reduction performance can still
be improved. Because computational complexity may appear as a bottleneck for this
algorithm, recursive GSVD-updating and downsampling techniques are needed to
make this signal enhancement technique amenable to real-time implementation.

6.1 Introduction

In many speech communication applications, like audio-conferencing and
hands-free mobile telephony, the recorded speech signals are corrupted by
acoustic background noise and far-end echo signals (see Fig. 6.1). This is
mainly due to the fact that the speaker is located at a distance from the
recording microphones, allowing the microphones to record the noise and
echo sources too. Background noise and far-end echo signals cause a signal
degradation which can lead to total unintelligibility of the speech and which
decreases the performance of speech coding and speech recognition systems.
Therefore efficient acoustic noise and echo reduction algorithms are called
for.

Several single-microphone techniques for noise reduction in speech have
been proposed that are based on a (generalized) singular value decomposition.
While early techniques only dealt with white noise [1][2], more advanced tech-
niques also incorporated colored noise [3][4]. However, since these techniques
are single-microphone speech enhancement techniques, they only perform a
(Signal-adaptive) frequency filtering on the noisy speech signal.

When performing multi-microphone speech enhancement, both the fre-
quency and the spatial characteristics of the speech and the noise sources
can be exploited. Recently a multi-microphone noise reduction technique for
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7 Explicit Speech Modeling for Microphone
Array Applications

Michael Brandstein and Scott Griebel

Harvard University, Cambridge MA, USA

Abstract. In this chapter we address the limitations of current approaches to
using microphone arrays for speech acquisition and advocate the development of
multi-channel techniques which employ an explicit model of the speech signal. The
goal is to combine the advantages of spatial filtering achieved through beamforming
with knowledge of the desired time-series attributes. We offer two examples of algo-
rithms which incorporate this principle. The first is a frequency domain approach
illustrating the utility of model-based microphone array processing for improved
speech spectral analysis. The second is a time domain procedure which highlights
the benefits of speech modeling/spatial filtering fusion for the purpose of improving
speech quality.

7.1 Introduction

A major thrust of microphone array research has focused on improving the
spatial filtering capability of the system in its operating environment. The
previous chapters have directly addressed a number of the methods which
have proven beneficial in this regard. The goal of this chapter is to present
an alternative and complementary strategy which emphasizes the incorpo-
ration of explicit speech modeling into the microphone array processing. As
will be shown, by combining specific knowledge of the desired time-series at-
tributes with the advantages of multi-channel spatial filtering, this approach
can significantly improve the quality of the speech signal and its derived
quantitics obtained in challenging acoustic environments.

Much of this work is motivated from current research in the field of single-
channel speech systems where, due to necessity perhaps, improvements have
been obtained by focusing on the underlying content of the signal of interest
in addition to its environmental degradations. There is a rich history of work
addressing the use of single channel methods for speech enhancement. Sum-
maries of these techniques may be found in texts on the subject, such as [1-
3]. While capable of improving perceived quality in restrictive environments
(additive noise, no multipath, high to moderate signal-to-noise ratio (SNR),
single source), these approaches do not perform well in the face of reverberant
distortions, competing sources, and severe noise conditions. In recent years,
sophisticated speech models have been applied to the enhancement problem.
In addition to utilizing the periodic features of the speech, as in the case of
comb filtering, these systems exploit the signal’s mixture of harmonic and
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8 Robust Localization in Reverberant Rooms

Joseph H. DiBiase!, Harvey F. Silverman', and Michael S. Brandstein?

! Brown University, Providence RI, USA
2 Harvard University, Cambridge MA, USA

Abstract. Talker localization with microphone arrays has received significant at-
tention lately as a means for the automated tracking of individuals in an enclo-
sure and as a necessary component of any general purpose speech capture system.
Several algorithmic approaches are available for speech source localization with
multi-channel data. This chapter summarizes the current field and comments on
the general merits and shortcomings of each genre. A new localization method is
then presented in detail. By utilizing key features of existing methods, this new
algorithm is shown to be significantly more robust to acoustical conditions, par-
ticularly reverberation effects, than the traditional localization techniques in use
today.

8.1 Introduction

The primary goal of a speech localization system is accuracy. In general, es-
timate precision is dependent upon a number of factors. Major issues include
(1) the quantity and quality of microphones employed, (2) microphone place-
ment relative to each other and the speech sources to be analyzed, (3) the
ambient noise and reverberation levels, and (4) the number of active sources
and their spectral content. The performance of localization techniques gen-
erally improves with the number of microphones in the array, particularly
when adverse acoustic cffects are present. This has spawned the research
and construction of large array systems (e.g. 512 elements) [1]. However,
when acoustic conditions are favorable and the microphones are positioned
judiciously, source localization can be performed adequately using a modest
number (e.g. 4 elements) of microphones. Performance is clearly affected by
the array geometry. The optimal design of the array based on localization cri-
teria is typically dependent on the room layout, speaking scenarios, and the
acoustic conditions [2]. In practice, many of these design considerations are
very dependent on the specific application conditions, the hardware avail-
able, and non-scientific cost criteria. In an effort to make its applicability
as general as possible, this chapter will focus primarily on speech localiza-
tion effectiveness as a function of the acoustic degradations present, namely
background noise and reverberations, rather than attempt to address more
specific environmental scenarios.

In addition to high accuracy, these location estimates must be updatefi
frequently in order to be useful in practical tracking and beamforming appli-
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9 Multi-Source Localization Strategies

Elio D. Di Claudio and Raffaele Parisi

INFOCOM Dept., University of Rome “La Sapienza”, Rome, Italy

Abstract. Localization of multiple acoustic sources is an important task in many
practical applications. However, in most cases adopted models are not fully ade-
quate to describe real scenarios. In particular, in the presence of reverberation, the
signal model should explicitly take into account both signals radiated by multiple
sources and reflections. In alternative to Generalized Cross-Correlation methods,
array processing concepts can be effectively applied to multi-source localization in
reverberant environments. In this chapter, main features and limitations of wide-
band array processing approaches are briefly reviewed. Furthermore, a new inte-
grated localization and classification system, based on a robust frequency-domain
Time Delay Of Arrival (TDOA) estimation followed by a spatial clustering of raw lo-
cation estimates, is presented. The proposed method efficiently incorporates TDOA
and array processing concepts in an unified approach. Results on simulated data
are supplied.

9.1 Introduction

Many practical applications rely on microphone arrays to localize multiple
acoustic sources. Direct examples include automated systems for surveillance,
videoconferencing and hands-free speech acquisition [1]. Localization data is
also used indirectly for a variety of other tasks: dereverberation of speech,
fault prediction and analysis in machinery, cuing and tracking of television
cameras, speaker verification, etc.

Ideally, localization methods should exploit knowledge of the particular
acoustical transfer functions associated with the sources and sensors. How-
ever, over reliance on these functions in the form of excessive calibration to a
specific environment may result in limited system flexibility and poor adapta-
tion capabilities to different and varying acoustical conditions. This suggests
that localization algorithms should be based on a compact and robust pa-
rameterization of the transfer functions.

If reverberation is present, a general signal model should explicitly take
into account both the signals radiated by multiple sources and their respective
multi-path reflections. The effects of reflective surfaces in closed environments
can be studied in a rigorous manner by solving the wave equations with proper
boundary and initial conditions. This task is generally too expensive and can
be very sensitive to numerical errors and changes in assumptions about the
environment. A physically acceptable approximation may be derived from
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10 Joint Audio-Video Signal Processing for
Object Localization and Tracking

Norbert Strobel!, Sascha Spors?, and Rudolf Rabenstein?

! Sjemens Medical Solutions, Erlangen, Germany
2 University Erlangen-Nuremberg, Erlangen, Germany

Abstract. Applications such as videoconferencing, automatic scene analysis, or
security surveillance involving acoustic sources can benefit from object localization
within a complex scene. Many single-sensor techniques already exist for this pur-
pose. They are, e.g., based on microphone arrays, video cameras, or range sensors.
Since all of these sensors have their specific strengths and weaknesses, it is often
advantageous to combine information from various sensor modalities to arrive at
more robust position estimates.

This chapter presents a joint audio-video signal processing methodology for ob-
ject localizing and tracking. The approach is based on a decentralized Kalman filter
structure modified such that different sensor measurement models can be incorpo-
rated. Such a situation is typical for combined audio-video sensing, since different
coordinate systems are usually used for the camera system and the microphone
array.

At first, the decentralized estimation algorithm is presented. Then a speaker
localization example is discussed. Finally, some estimation results are shown.

10.1 Introduction

Microphone arrays are becoming increasingly important for applications re-
lated to the recording of speech or music for subsequent processing, trans-
mission or storage. In most of these cases, the goal is to extract information
by listening. In object localization and tracking, however, things are differ-
ent. There, the information conveyed by acoustic waves is not related to the
pattern of the signal they carry but to the position of the sound emitting
source.

Of course, sound waves are not the only physical quantity that can be used
for source localization. Other sensors may, for example, measure the range
of the source or detect its retinal image. Since all sensors have their specific
strengths and weaknesses, there is no single modality for object localization
that always outperforms all others. Therefore, it is desirable to integrate the
information of various sensor modalities to exploit different physical phenom-
ena.

A practical example for such a multi-sensor system may comprise a mi-
crophone array and a video camera, for example. Either sensor can be used
to estimate a (single-sensor) source position. Taken together, they can be
viewed as a joint audio-video object localization system. Unfortunately, such
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11 Microphone-Array Hearing Aids

Julie E. Greenberg! and Patrick M. Zurek?

! Massachusetts Institute of Technology, Cambridge MA, USA
2 Sensimetrics Corporation, Somerville MA, USA

Abstract. Microphone-array hearing aids provide a promising solution to the
problems encountered by hearing-impaired persons when listening to speech in the
presence of background noise. This chapter first discusses implementation issues and
performance metrics specific to the hearing-aid application. A review of previous
work on microphone-array hearing aids includes systems with directional micro-
phones, fixed beamformers, adaptive beamformers, physiologically-motivated pro-
cessing, and binaural outputs. Recent simulation results of one promising adaptive
beamforming system are presented. The performance of microphone-array hearing
aids depends heavily on the acoustic environments in which they are used. Ad-
ditional information about the level of reverberation, number of interferers, and
relative levels of interferers encountered by hearing-aid users in everyday situations
is required to quantify the benefit of microphone-array hearing aids and to select
the optimal processing strategy.

11.1 Introduction

Hearing impairments affect 10-16% of the total adult population and at least
one-third of the elderly population [1-5]. Recent surveys in the United States
indicate that roughly 20% of the hearing-impaired population (5-6 million
people) use hearing aids, but only 60% of users are satisfied with their devices
(6].

Users’ overall satisfaction with their hearing aids is highly dependent on
the situations in which they are used. While 90% of hearing aid users indi-
cated that they were satisfied with their hearing aid for one-on-one listening,
62% were satisfied in small group settings, 45% in workplaces and restaurants
and only 25% in large groups [7]. In an analysis of why hearing aid owners
do not use their hearing aids, the second most prevalent reason, given by
25% of respondents, was that the hearing aids “did not work” in background
noise [8].

These complaints are not surprising given the greater susceptibility of
hearing-impaired listeners to interference from background noise. Normal-
hearing listeners typically exhibit speech reception thresholds! (SRT’s) of

! The speech reception threshold is the signal-to-interference ratio at which speech
is 50% intelligible.
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12 Small Microphone Arrays with Postfilters
for Noise and Acoustic Echo Reduction

Rainer Martin

Institute of Communication Systems and Data Processing
Aachen University of Technology, Aachen, Germany

Abstract. This chapter presents arrays with two microphones and a postfilter for
noise reduction and acoustic echo cancellation. The postfilter algorithm exploits
the spatial coherence of the microphone signals. In contrast to single-microphone
enhancement algorithms, it does not need an explicit noise power spectral density
estimate. An analysis of the mean square error reveals that the coherence properties
of the microphone signals are of paramount importance for the performance of the
postfilter. Coherence measurements of signals in various acoustic environments are
presented. The influence of the directivity and orientation of the microphones on
the measured coherence is discussed and rules for the design of the acoustic interface
are given. Finally, applications of this approach are presented. The two-microphone
algorithm is employed to reduce the non-stationary noise in the voice intercom of a
computed tomography scanner. It is also combined with echo cancellers to be used
in a robust desktop conferencing device.

12.1 Introduction

Hands-free operation of voice communication terminals presents a challeng-
ing signal processing task. The relatively large distance between speaker and
microphones, the feedback of acoustic echoes, and the “anywhere and any-
time” paradigm of mobile communications can all contribute to considerably
disturbed speech signals. To achieve a reasonable communication quality the
hands-free terminal must therefore reduce disturbing environmental acoustic
noise as well as acoustic echoes in received speech signals.

Because of their ease of implementation and use, single-microphone speech
enhancement systems are favored in many applications. However, multi-
microphone systems have considerable advantages over single-microphone
systems when the noise is non-stationary or the speech is reverberated. Multi-
microphone systems take the spatial correlation of sound fields into account.
The spatial correlation can be exploited to dereverberate the desired speech
signal and to reduce noise and acoustic echoes. The simplest system which
takes advantage of some of these benefits is the two-microphone array.

In contrast to larger arrays, the two-microphone approach relies less on the
beamforming gain of the array but more on the noise and echo suppression
of a postfilter. The postfilter combines and processes the two microphone
signals in order to compute an estimate of the clean speech signal. The array
can be easily implemented using widely available stereo A/D converters.
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13 Acoustic Echo Cancellation for
Beamforming Microphone Arrays

Walter L. Kellermann

University Erlangen — Niirnberg, Germany

Abstract. Acoustic feedback from loudspeakers to microphones constitutes a ma-
jor challenge for digital signal processing in interfaces for natural, full-duplex
human-machine speech interaction. Two techniques, each one successful on its
own, are combined here to jointly achieve maximum echo cancellation in real en-
vironments: For one, acoustic echo cancellation (AEC), which has matured for
single-microphone signal acquisition, and, secondly, beamforming microphone ar-
rays, which aim at dereverberation of desired local signals and suppression of local
interferers, including acoustic echoes. Structural analysis shows that straightfor-
ward combinations of the two techniques either multiply the considerable compu-
tational cost of AEC by the number of array microphones or sacrifice algorithmic
performance if the beamforming is time-varying. Striving for increased computa-
tional efficiency without performance loss, the integration of AEC into time-varying
beamforming is examined for two broad classes of beamforming structures. Finally,
the combination of AEC and beamforming is discussed for multi-channel recording
and multi-channel reproduction schemes.

13.1 Introduction

For natural human-machine interaction, acoustic interfaces are desirable that
support seamless full-duplex communication without requiring the user to
wear or hold special devices. For that, the general scenario of Figure 13.1
foresees several loudspeakers for multi-channel sound reproduction and a mi-
crophone array for acquisition of desired signals in the local acoustic en-
vironment. Acoustic signal processing is employed to support services such
as speech transmission, speech recognition, or sound field synthesis offered
by communication networks or autonomous interactive systems. Such hands-
free acoustic interfaces may be tailored for incorporation into a wide variety
of communication terminals, including teleconferencing equipment, mobile
phones and computers, car information systems, and home entertainment
equipment. )
For signal acquisition, microphone arrays allow spatial filtering of arriving
signals and, thus, desired signals can be enhanced and interferers can be sup-
pressed. With full-duplex communication, echoes of the loudspeaker signals
will join local interferers to corrupt the desired source signals. Beamforr.ning,
however, does not exploit the available loudspeaker signals as reference 1nfo?-
mation for suppressing the acoustic echoes. This is accomplished by acoustic
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14 Optimal and Adaptive Microphone
Arrays for Speech Input in Automobiles

Sven Nordholm?!, Ingvar Claesson?, and Nedelko Grbié?

! Curtin University of Technology, Perth, Australia
? Blekinge Institute of Technology, Ronneby, Sweden

Abstract. In this chapter, speech enhancement and echo cancellation for hands-
free mobile telephony are discussed. A number of microphone array methods have
been tested and results from car measurements are given. Traditional methods
such as linearly constrained beamforming and generalized sidelobe cancelers are
discussed as well as array gain optimization methods. An in situ calibrated method
which gives an overall improved performance is also presented. Algorithms such
as Least-Squares (LS) and Normalized-Least-Mean-Squares (NLMS) are used to
find optimal weights. Improved performance using an LS-method is shown, but
at the cost of increased numerical complexity limiting its implementation in real-
time applications. By introducing subband processing this issue can be avoided. The
results show a noise suppression of approximately 18 dB and hands-free loudspeaker
suppression of the same order.

14.1 Introduction: Hands-Free Telephony in Cars

The increased use of mobile telephones in cars has created a greater demand
for hands-free, in-car installations. The advantages of hands-free telephones
are safety and convenience. In many countries and regions hand-held tele-
phony in cars is prohibited by legislation. The car manufacturers also pro-
hibit such use since it will interact with other electronic devices in the car
such as air bags, navigation equipment, etc. This means that a mobile tele-
phone should be properly installed and an external antenna should be used.
However, by installing the microphone far away from the user, a number of
disadvantages, such as poor sound quality and acoustic feedback from the
far-end side, are introduced. This means that some form of filtering is re-
quired in order to obtain sound quality comparable to that of hand-held
telephony. This filtering operation must suppress the loudspeaker, as well
as background noise and room reverberation, without causing severe speec‘h
distortion. A number of potential methods will be presented to address this
problem.

For automobile applications, there has also been the desire to replace
many hand-controlled functions with voice controls. The signal degradations
in this context have many similarities to those encountered in dist'ant—talker
speech recognition applications. A study of recognition in car environments
was presented in [1,2]. However this topic is beyond the primary goal here
and is the specific subject of Chapter 15.
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15 Speech Recognition with Microphone
Arrays

Maurizio Omologo, Marco Matassoni, and Piergiorgio Svaizer

ITC-IRST (Istituto per la Ricerca Scientifica e Tecnologica), Povo (Trento), Italy

Abstract. Microphone arrays can be advantageously employed in Automatic
Speech Recognition (ASR) systems to allow distant-talking interaction. Their beam-
forming capabilities are used to enhance the speech message, while attenuating the
undesired contribution of environmental noise and reverberation. In the first part
of this chapter the state of the art of ASR systems is briefly reviewed, with a par-
ticular concern about robustness in distant-talker applications. The objective is the
reduction of the mismatch between the real noisy data and the acoustic models
used by the recognizer. Beamforming, speech enhancement, feature compensation,
and model adaptation are the techniques adopted to this end. The second part
of the chapter is dedicated to the description of a microphone-array based speech
recognition system developed at ITC-IRST. It includes a linear array beamformer,
an acoustic front-end for speech activity detection and feature extraction, a recog-
nition engine based on Hidden Markov Models and the modules for training and
adaptation of the acoustic models. Finally the performance of this system on a
typical recognition task is reported.

15.1 Introduction

During the last decade research on ASR technology has made significant ad-
vances. As a result, high performance systems are now available for situations
where there is a good match between testing and training conditions [1,2].
However, these same systems tend to suffer from a limited robustness to
variability in their operating environment [3-8].

One of the most attractive potential features of ASR technology is the
flexibility afforded through hands-free interaction. Not being encumbered by
a hand-held or head-mounted microphone may be of considerable utility to
the user. Of particular concern is the distant-talker case where the user is
beyond the normal acquisition range of the system microphone1 (e.g- at more
than one meter in the case of an omnidirectional microphone). For ASR
applications of moderate/high language complexity this represents a very
ambitious task. )

The development of distant-talker ASR will allow for the expansion of
voice activated technology into a number of areas where it has until now

—_—

! The distinctions among different types of microphones will not be treated her'(;.
However, the choices available and their relative characteristics should be specif-
ically addressed in the design of the application.
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16 Blind Separation of Acoustic Signals

Scott C. Douglas

Southern Methodist University, Dallas TX, USA

Abstract. This chapter presents an overview of criteria and algorithms for the
blind separation of linearly mixed acoustic signals. Particular attention is paid to
the underlying statistical formulations of various approaches to the convolutive
blind signal separation task, and comparisons to other blind inverse problems are
made. Several algorithms are described, including a novel algorithm that largely
maintains the spectral content of the original mixtures in the extracted source
signals. Numerical experiments are also provided to explore the behaviors of the
algorithms in real-world blind signal separation tasks.

16.1 Introduction

16.1.1 The Cocktail Party Effect

Consider for a moment the last time you had a conversation with a friend at
a social gathering. Numerous conversations were occurring around you, and
yet you had the capability of focusing your attention on your friend’s phrases.
This so-called “cocktail party effect” [1] is well-known and taken for granted
by almost everyone. What are the system elements at work in this situation?

* An acoustic sensor array. In our case, two sensors (our ears) collect acous-
tic information, although there is nothing precluding the use of more than
two sensors in the task from a system design standpoint.

* A computational processing system. Most auditory models allow for sev-
eral layers of signal processing, from lower-level frequency-dependent fea-
ture extraction within the inner ear to higher-level pattern recognition
within the brain [2].

The current boom in electronic devices, while creating a revolution in
human lifestyles, also creates the need for sensing and translating acoustical
information into useful electronic forms. Since we use our ears as informat'ion
Sensors in conversations with others, it seems only natural to develop sirpllar
listening capabilities in information-processing devices. This quest remains a
Challeﬂging problem, despite several decades of research in microphone arrays,
voice recognition, and natural language processing. Moreover, while speech
can be accurately collected using close-to-the-mouth microphones, there are
applications in which such placements are impractical or undesirable, such
as in audio teleconferencing systems and automobile speakerphones. Clearly,
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17 Future Directions for Microphone Arrays

Gary W. Elko

Media Signal Processing Research, Agere Systems, Murray Hill NJ, USA

17.1 Introduction

The telephone, invented more than 140 years ago, has changed very little
with respect to acoustic design in the last 40 years. The most recent techno-
logical improvements were the replacement of the carbon microphone with an
electret microphone and the development of the speakerphone for hands-free
telephony in the early sixties. It might seem quite surprising that in spite
of the rapid changes in communication systems: digital switching, digital
wireless, packet-based data communications and the like, that very little has
changed to the acoustic front-end in telephony systems. For instance, with
the general availability of broadband communication networks, why have we
not significantly increased the audio communication bandwidth? Why don’t
we see stereo or multichannel in telephony and communication systems? Why
don’t we see more ubiquitous adoption of voice recognition in consumer prod-
ucts? Why can’t we tailor the audio response of our communication systems
the same way we do with our entertainment systems? Why do our cell phones
sound so tinny, distorted, and noisy? Why is it so difficult to understand peo-
ple who call us from noisy environments or call us in noisy environments?
These are good questions when one ponders the explosion of inexpensive digi-
tal signal processing integrated circuits combined with the current bandwidth
of communication systems and those that are about to be introduced. Clearly
front-end acoustic signal processing will play a large role in addressing these
questions.

In our increasingly mobile society we find that hands-free operation of
communication systems is becoming more and more the norm, whether we
talk to other humans or to machines. There are significant challenges in en-
abling high quality speech communication in difficult acoustic environmen.ts.
Microphone arrays are an enabling technology for hands-free communif:atlon
since these systems offer directional gain to improve the signal-to-noise ra-
tio. This chapter will address some new possibilities as well as outstanding
research issues that remain.

17.2 Hands-Free Communication

The hands-free speakerphone was first released by AT&T’§ Western El'ectriC
in 1954. The speakerphone allowed many users gathered in one location to
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18 Future Directions in Microphone Array
Processing

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, sonars and radio astronomy for several decades. 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
cars 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 claim 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 analog schemes 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 the technology. Today we have affordable DSPs that i:llIOW
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 understa.mdlﬂg of the
problems at hand has significantly progressed, as witnessed in this book. Most
of the results presented are from recent years and give new
the potential and the limitations of microphone array processing. However,
too often the same problems that were considered too hard ten or twenty
years ago are still set apart for ‘future research’. Admitted wea.kn.esses‘to
proposed solutions are similar to the ones that we have been struggling Wllth
for a long time. Generally speaking we may say that many proposed so ;11;
tions add to our understanding but lack robustness in order to make a brig
future for themselves.

insight into both
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McCowan, I. A., Moore, D. C., and Sridharan, S., Near-field Adaptive
Beamformer for Robust Speech Recognition, Digital Signal Processing 12
(2002) 87-106.

This paper investigates a new microphone array processing technique
specifically for the purpose of speech enhancement and recognition. The
main objective of the proposed technique is to improve the low frequency
directivity of a conventional adaptive beamformer, as low frequency per-
formance is critical in speech processing applications. The proposed tech-
nique, termed near-field adaptive beamforming (NFAB), is implemented
using the standard generalized sidelobe canceler (GSC) system structure,
where a near-field superdirective (NFSD) beamformer is used as the fixed
upper-path beamformer to improve the low frequency performance. In ad-
dition, to minimize signal leakage into the adaptive noise canceling path for
near-field sources, a compensation unit is introduced prior to the blocking
matrix. The advantage of the technique is verified by comparing the direc-
tivity patterns with those of conventional filter-sum, NFSD, and GSC sys-
tems. In speech enhancement and recognition experiments, the proposed
technique outperforms the standard techniques for a near-field source in
adverse noise conditions.  © 2002 Elsevier Science (USA)

Key Words: microphone array; beamforming; near-field; adaptive; su-
perdirectivity; speech recognition.

1. INTRODUCTION
—

Currently, much research is being undertaken to improve the robustness of
speech recognition systems in real environments. This paper focuses on the
use of a microphone array to enhance the noisy input speech signal prior to
recognition. While the use of microphone arrays for speech recognition has been
studied for some time by a number of researchers, a persistent problem has been
the poor low frequency directivity of conventional beamforming techniques with

87

1051-2004/02 $35.00
© 2002 Elsevier Science (USA)
All rights reserved.
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88 Digital Signal Processing Vol. 12, No. 1, January 2002

practical array dimensions. Low frequency performance is critical for speech
processing applications, as significant speech energy is located below 1 kHz.

By explicitly maximizing the array gain, superdirective beamforming tech-
niques are able to achieve greater directivity than conventional techniques with
closely spaced sensor arrays [1]. This directivity generally comes at the expense
of a controlled reduction in the white noise gain of the array. Recent work has
demonstrated the suitability of superdirective beamforming for speech enhance-
ment and recognition tasks [2, 3]. By employing a spherical propagation model
in its formulation, rather than assuming a far-field model, near-field superdirec-
tivity (NFSD) succeeds in achieving high directivity at low frequencies for near-
field speech sources in diffuse noise conditions [4]. In previous work, near-field
superdirectivity has been shown to lead to good speech recognition performance
in high noise conditions for a near-field speaker [5].

Superdirective techniques are typically formulated assuming a diffuse noise
field. While this is a good approximation to many practical noise conditions,
further noise reduction would result from a more accurate model of the
actual noise conditions during operation. Adaptive array processing techniques
continually update their parameters based on the statistics of the measured
input noise. The generalized sidelobe canceler (GSC) [6] presents a structure
that can be used to implement a variety of adaptive beamformers. A block
diagram of the basic GSC system is shown in Fig. 1. The GSC separates
the adaptive beamformer into two main processing paths—a standard fixed
beamformer, w, with L constraints on the desired signal response, and an
adaptive path, consisting of a blocking matrix, B, and a set of adaptive filters, a.
As the desired signal has been constrained in the upper path, the lower path
filters can be updated using an unconstrained adaptive algorithm, such as the
least-mean-square (LMS) algorithm.

While the theory of adaptive techniques promises greater signal enhance-
ment, this is not always the case in real situations. A common problem with
the GSC system is leakage of the desired signal through the blocking matrix,
resulting in signal degradation at the beamformer output. This is particularly
problematic for broadband signals, such as speech, and especially for speech
recognition applications where signal distortion is critical.

In this paper we propose a system that is suited to speech enhancement in a
practical near-field situation, having both the good low frequency performance
of near-field superdirectivity and the adaptability of a GSC system, while taking

w (O

FIG. 1. Generalized sidelobe canceler structure.
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care to minimize the problem of signal degradation for near-field sources.
We begin by formulating a concise model for near-field sound propagation in
Section 2. This model is then used in Section 3 to develop the proposed near-
field adaptive beamforming (NFAB) technique. To demonstrate the benefit of
the technique over existing methods, an experimental evaluation assessing
directivity patterns, speech enhancement performance, and speech recognition
performance is detailed in Sections 4 and 5.

2. NEAR-FIELD SOUND PROPAGATION MODEL
—

In sensor array applications, a succinct means of characterizing both the
array geometry and the location of a signal source is via the propagation vector.
The propagation vector concisely describes the theoretical propagation of the
signal from its source to each sensor in the array. In this section, we develop an
expression for the propagation vector of a sound source located in the near-field
of a microphone array using a spherical propagation model. This expression is
then used in the formulation of the proposed near-field adaptive beamformer in
the following sections.

Many microphone array processing techniques assume a planar signal
wavefront. This is reasonable for a far-field source, but when the desired
source is close to the array a more accurate spherical wavefront model must
be employed. For a microphone array of length L, a source is considered to be
in the near-field if r < 2L2/A, where r is the distance to the source and A is the
wavelength.

We define the reference microphone as the origin of a 3-dimensional vector
space, as shown in Fig. 2. The position vector for a source in direction (s, ¢;),
at distance r; from the reference microphone, is denoted p, and is given by:

cos 0, sin ¢

ps =75[X, ¥, Z] | siné;singy | . (D
COS ¢
The microphone position vectors, denoted as p; (i = 1,..., N), are similarly

defined. The distance from the source to microphone i is thus
di = [|ps — pill, (2)

where || || is the Euclidean vector norm.

In such a model, the differences in distance to each sensor can be significant
for a near-field source, resulting in phase misalignment across sensors. The
difference in propagation time to each microphone with respect to the reference
microphone (i = 1) is given by

Sl 3)

Cc
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FIG. 2. Near-field propagation model.

where ¢ = 340 ms~! for sound. In addition, the wavefront amplitude decays at a
rate proportional to the distance traveled. The resulting amplitude differences
across sensors are negligible for far-field sources, but can be significant in
the near-field case. The microphone attenuation factors, with respect to the
amplitude on the reference microphone, are given by

=7 (4)

o
Thus, if x1(f) is the desired source at the reference microphone, the signal on
the ith microphone is given by

xi(f) = aixy(f)e /20, (5)

Consequently, we define the near-field propagation vector for a source at
distance r and direction (0, ¢) as

d(f,r,0,¢)= [ozle_ﬂ”f” eI aNe_j2”fTN]T. (6)

3. NEAR-FIELD ADAPTIVE BEAMFORMING
—

The proposed system structure is shown in Fig. 3. The objective of the
proposed technique is to add the benefit of good low frequency directivity
to a standard adaptive beamformer, as low frequency performance is critical
in speech processing applications. The upper path consists of a fixed near-
field superdirective beamformer, while the lower path contains a near-field
compensation unit, a blocking matrix and an adaptive noise canceling filter.
The principal components of the system are discussed in the following sections.
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Fixed
N NFSD 't D R
Beamformer ) S v(H)
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D(f) B x*0 a(f) vith

/

FIG. 3. Near-field adaptive beamformer.

Section 3.1 gives an explanation of the near-field superdirective beamformer.
Section 3.2 proposes the inclusion of a near-field compensation unit in the
adaptive sidelobe canceling path and examines its effect on reducing signal
distortion at the output. Once this near-field compensation has been performed,
a standard generalized sidelobe canceling blocking matrix and adaptive filters
can be applied to reduce the output noise power, as discussed in Section 3.3.

3.1. Near-field Superdirective Beamformer

Superdirective beamforming techniques are based upon the maximization of
the array gain, or directivity index. The array gain is defined as the ratio of
output signal-to-noise ratio to input signal-to-noise ratio and for the general
case can be expressed in matrix notation as [1]

w(HP(fHw(f)
G = , 7
D =whraHwin @
where w( f) is a column vector of channel gains,
w(f) = [wi(f) ... wi(f) ... wn(H], ®)

( )¥ is the complex conjugate transpose operator, and P(f) and Q(f) are
the cross-spectral density matrices of the signal and noise respectively. In
practical speech processing applications the form of the signal and noise cross-
spectral density matrices is generally unknown and must be estimated, either
from mathematical models (fixed beamformers) or from the statistics of the
multichannel inputs (adaptive beamformers). Superdirective beamformers are
calculated based on assumed mathematical models for the P(f) and Q(f)
matrices.

When the desired signal is known to emanate from a single source at location
(rg, 05, @5), the signal cross-spectral matrix P simplifies to the propagation vector
of the source, and the array gain can be expressed as

IW(HHA(S, rs, b5, d5) |2
w(HEQ(HW(f)

G(f)= 9
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where d(f,r, 0, ¢) is the propagation vector for the desired source, as defined in
Eq. (6).

A diffuse (spherically isotropic) noise field is often a good approximation for
many practical situations, particularly in reverberant closed spaces, such as in a
car or an office [7, 8]. For diffuse noise, the noise cross-spectral density matrix Q
can be formulated as

1
Q= / / d(£.6,$)d(f,0.4)" sin0 do dg, (10)
T ¢ Jo

where d(f, 6, ¢) is the propagation vector of a far-field noise source (r > 2L2/1)
in direction (0, ¢).
The superdirectivity problem is thus formulated as:

\w(H)YHA(S, 7y, 05, $5) |2

11
wh  wWHEQUHW(S) (b

By using a spherical propagation model to formulate the propagation
vector, d, the standard superdirective formulation can be optimized for a near-
field source [9, 4]. As such, the only difference in the calculation of the standard
and near-field superdirective channel filters is the form of the propagation
vector, d. For a near-field source, the assumption of plane wave (far-field)
propagation leads to errors in the array response to the desired signal due
to curvature of the direct wavefront. A thorough discussion of the use of a
near-field model for superdirective microphone arrays is given by Ryan and
Goubran [9].

Cox [10] gives the general superdirective filter solution subject to

1. L linear constraints, C(f)"w(f) = g(f) (explained below); and
2. aconstraint on the maximum white noise gain, w(f)?w(f) =82, where
82 is the desired white noise gain.

as

w(f)=[Q(f) + el 'CH{CAH7 Q) + eI]_IC(f)}_lg(f), (12)

where ¢ is a Lagrange multiplier that is iteratively adjusted to satisfy the white
noise gain constraint. The white noise gain is the array gain for spatially white
(incoherent) noise; that is, Q(f) = I. A constraint on the white noise gain is
necessary as an unconstrained superdirective solution will in fact result in
significant gain to any incoherent noise, particularly at low frequencies. Cox [10]
states that the technique of adding a small amount to each diagonal matrix
element prior to inversion is in fact the optimum means of solving this problem.
A study of the relationship between the multiplier ¢ and the desired white
noise gain 82, shows that the white noise gain increases monotonically with
increasing ¢. One possible means of obtaining the desired value of ¢ is thus
an iterative technique employing a binary search algorithm between a specified
minimum and maximum value for €. The computational expense of the iterative
procedure is not critical, as the beamformer filters depend only on the source
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location and array geometry, and thus must only be calculated once for a given
configuration.

The constraint matrix, C¥(f), is of order L x N, where there are L linear
constraints being applied, and the vector g(f) is a length-L column vector
of constraining values. The constraints generally include one specifying unity
response for the desired signal, d” (f)w(f) = 1, and where this is the sole
constraint the above solution can by simplified by substituting C(f) =d(f) and
g(f) =1, giving

Q)+l
V= AR QU + Il

Once the optimal filters w( f) have been calculated, the near-field superdirec-

tive beamformer output is calculated as

(13)

yu(f) =w(HIx(f), (14)

where x(f) is the N-channel input column vector

X(f) = [x1(f) . xi(f) - an(H] (15)

3.2. Near-field Compensation Unit

The first element in the adaptive path of standard GSC is the blocking
matrix [6]. Its purpose is to block the desired signal from the adaptive noise
estimate. To ensure complete blocking, the desired signal must both be time
aligned and have equal amplitudes across all channels. If this is the case,
cancellation occurs if each row of the blocking matrix sums to zero, and all rows
are linearly independent.

For a near-field desired source, to align the desired signal on all channels,
a near-field compensation must first be applied to the input channels prior to
blocking. To ensure full cancellation we need to compensate for both phase
misalignment and amplitude scaling of the desired signal across sensors. We
define the diagonal matrix

D(f) = [diag(d(f))] 7L, (16)

where d(f) is the near-field propagation vector from Eq. (6). In this paper we
define the diagonal operator, diag( ), to produce a diagonal matrix from a vector
parameter. Conversely, if invoked with a matrix parameter, it produces a row
vector corresponding to the matrix diagonal. The near-field compensation can
be applied as

X (f) =D(Hx(f). (17)

Once this near-field compensation has been performed, a standard GSC blocking
matrix can be employed to block the desired signal from the adaptive path.

The inclusion of this compensation unit is critical for a near-field desired
signal. Without compensation for both phase and amplitude differences between
sensors, blocking of the desired signal will not be ensured, leading to signal

Meta Platforms, Inc. - Exhibit 1015

197 of 250



94 Digital Signal Processing Vol. 12, No. 1, January 2002
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FIG. 4. Comparison of blocking matrix row beam-patterns.

cancellation at the output. The near-field compensation effectively ensures that
a true null exists in the beam-pattern of each blocking matrix row in the
direction and distance corresponding to the desired source. To illustrate, Fig. 4
shows the directivity pattern at 2 kHz for the first row in the blocking matrix
using the array shown in Fig. 5, with the desired source directly in front of the
center microphone at a distance of 0.6 m. The figure shows the compensated
response in the far- and near-fields, as well as the uncompensated near-field
response. It is clear that the uncompensated system will allow a high degree of
signal leakage into the adaptive path as it blocks noise sources rather than the
desired signal.

desired .

source .

localised
noise

FIG. 5. Experimental configuration.
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3.3. Blocking Matrix and Adaptive Noise Canceling Filter

The blocking matrix and adaptive noise canceling filters are taken from the
standard GSC technique [6]. The order of the blocking matrix is N x (N — L),
where there are L constraints applied in the fixed upper path beamformer.
Generally only a unity constraint on the desired signal is specified, and the
standard N x (N — 1) Griffiths—Jim blocking matrix is used:

1 0 -~ 0 0]
-1 1
0 -1 . 0 0
B= . (18)
0O 0 . 1 o0
: -1 1
0 0 0 -1

The output of the blocking matrix is calculated as
x'(f) =B"x(f), (19)

where x”(f) is an (N — 1)-length column vector. Defining the (N — 1)-length
adaptive filter column vector as

a(f) =[a1(f) ... ai(f) ... av-1(P)]", (20)

the output of the lower path is given as

() =a(f)Ix"(f). (21)

The NFAB output is then calculated from the upper and lower path outputs as

Y =yu(f) = yi(f) (22)

and the adaptive filters are updated using the standard unconstrained LMS
algorithm

ap1(f) = ar(f) + uxy (Hye(f), (23)

where . is the adaptation step size and k denotes the current frame.

3.4. Summary of Technique
In summary, the proposed NFAB technique is characterized by the series of
equations
Yu(f) =w(NHx(f) (24a)
x; =BYD(f)x(f) (24b)
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w(f)=a(H)x{(f) (24c)
() =yu(f) — i (f) (24d)
a;1(f) = ac(f) + ux](Hye(f), (24e)

where all terms have been defined in the preceding discussion.

4. EXPERIMENTAL CONFIGURATION
—

For the experimental evaluation in this paper, we used the 11 element array
shown in Fig. 5. The array consists of a nine element broadside array, with an
additional two microphones situated directly behind the end microphones. The
total array is 40 cm wide and 15 ¢cm deep in the horizontal plane. The broadside
microphones are arranged according to a standard broadband subarray design,
where different subarrays are used for different frequency ranges for the fixed
upper path beamformer. The two endfire microphones are included for use by
the near-field superdirective beamformer in the low frequency range. The four
subarrays are thus

e (f <1 kHz): microphones 1-11;

e (1kHz < f <2 kHz): microphones 1, 2, 5, 8, and 9;

e (2kHz < f <4 kHz): microphones 2, 3, 5, 7, and 8; and
e (4 kHz < f < 8 kHz): microphones 3-7.

The array was situated in a computer room, with different sound source
locations, as shown in Fig. 5. The two sound sources were

1. the desired speaker situated 60 cm from the center microphone, directly
in front of the array; and

2. alocalized noise source at an angle of 124° and a distance of 270 cm from
the array.

Impulse responses of the acoustic path between each source and microphone
were measured from multichannel recordings made in the room with the ar-
ray using the maximum length sequence technique detailed in Rife and Van-
derkooy [11]. As the impulse responses were calculated from real recordings
made simultaneously across all input channels, they take into account the real
acoustic properties of the room and the array. The multichannel desired speech
and localized noise microphone inputs were then generated by convolving the
original single-channel speech and noise signals with these impulse responses.
In addition, a real multichannel background noise recording of normal operat-
ing conditions was made in the room with other workers present. This record-
ing is referred to in the experiments as the ambient noise signal and is approxi-
mately diffuse in nature. It consists mainly of computer noise, a variable level of
background speech, and noise from an air-conditioning unit. The ambient noise
effectively represents a diffuse noise field, while the localized noise represents
a coherent noise source. In this paper, we specify the levels of the two different
noise sources independently, as the signal to ambient-noise ratio (SANR) and
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signal to localized-noise ratio (SLNR). These values are calculated as the aver-
age segmental SNR from the speech and noise input, as measured at the center
microphone of the array.

In this way, realistic multichannel input signals can be simulated for specified
levels of ambient and localized noise. As well as facilitating the generation
of different noise conditions, simulating the multichannel inputs using the
impulse response method is more practical than making real recordings for
speech recognition experiments, as existing single channel speech corpora may
be used.

5. EXPERIMENTAL RESULTS
—

This section presents the results of the experimental evaluation. The
proposed NFAB technique is compared to a conventional fixed filter-sum
beamformer, a fixed near-field superdirective beamformer, and a conventional
GSC adaptive beamformer. These beamformers are specified in Table 1.

The techniques are first assessed in terms of the directivity pattern in
order to demonstrate the advantage of the proposed NFAB over conventional
beamforming techniques, particularly at low frequencies. Following this, the
techniques are evaluated for speech enhancement in terms of the improvement
in signal to noise ratio and the log area ratio. Finally, the techniques are
compared in a hands-free speech recognition task in noisy conditions using the
TIDIGITS database [12].

5.1. Directivity Analysis

As has been stated, the main objective of the proposed technique is to produce
an adaptive beamformer that exhibits good low frequency performance for near-
field speech sources. To assess the effectiveness of the proposed technique in
achieving this objective, in this section we analyze the horizontal directivity
pattern. The directivity of a filter-sum beamformer is expressed in matrix
notation as

h(f.r.0,¢) =wo()d(f.r.60,9). (25)
where w, is the length N channel filter vector
Wo(f) = [wo.1(f) . woi(f) ... won(P)]". (26)
TABLE 1

Beamforming Techniques in Evaluation

Technique Description Filters

FS Conventional F'S beamformer w,(f) = [diag(D(f)1"

NFSD Near-field superdirective beamformer w,(f)=w(f)

GSC GSC system with F'S fixed upper path w,(f) = [diagD ()] — D(f)Ba(f)
beamformer

NFAB Near-field adaptive beamformer w,(f)=w(f)—D(f)Ba(f)

Meta Platforms, Inc. - Exhibit 1015

201 of 250



98 Digital Signal Processing Vol. 12, No. 1, January 2002

90 1

150 L LL. 08 150/
180

180

210 SR 210\

270 270
(a)FS (b) NFSD

FIG. 6. Upper path directivity pattern at 300 Hz.

5.1.1. Upper path directivity. First, we seek to demonstrate the directiv-
ity improvement that NFSD achieves at low frequencies compared to a conven-
tional filter-sum (F'S) beamformer. For the F'S beamformer, a common solution is
to choose w, (f) = [diag(D(f))]”. This effectively ensures that the desired signal
is aligned for phase and amplitude across sensors using a spherical propagation
model. For NFSD, we use the filter vector w( ) described in Section 3.1. Figure 6
shows the near-field directivity pattern at 300 Hz for the FS and NFSD. From
these figures, it is clear that the NFSD technique results in greater directional
discrimination at low frequencies compared to a conventional beamformer. At
higher frequencies (f > 1 kHz), conventional beamformers offer reasonable di-
rectivity, and so the F'S and NFSD techniques give comparable performance.

5.1.2. Lower path directivity. Second, we wish to demonstrate the effect
of the noise canceling path. The directivity of the noise canceling filters can be
obtained by using the channel filters w,(f) = D(f)Ba(f). The blocking matrix
and adaptive filters essentially implement a conventional (nonsuperdirective)
beamformer that adaptively focuses on the major sources of noise. To examine
the directivity of the lower path filters, the beamformer was run on an input
speech signal with a white localized noise source (at the location shown in Fig. 5)
added at an SLNR of 0 dB and a low level of ambient noise (SANR = 20 dB).
The steady-state adaptive filter vector, a(f), was written to file for both the
proposed NFAB technique and the conventional GSC beamformer. The near-
field directivity patterns of the lower path filters are plotted in Figs. 7 and 8
for 300 and 5000 Hz, respectively. We see that the lower path adaptive filters
for both beamformers converge to similar solutions in terms of directivity,
producing a main lobe in the direction of the coherent noise source (~124° from
Fig. 5), as well as a null in the location of the desired speaker. As expected, the
directivity of the adaptive path is poor at low frequencies, as seen in Fig. 7.

5.1.3. Overall beamformer directivity. Finally, we examine the directivity
pattern of the overall beamformer for the NFAB and conventional adaptive
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FIG. 7. Lower path directivity pattern at 300 Hz.

systems. The near-field directivity patterns at 300 Hz are shown in Fig. 9.
We see that the directivity pattern of the NFAB system exhibits a true null
in the direction and at the distance of the noise source, while the directivity of
the conventional beamformer is too poor to significantly attenuate the noise at
this frequency. At frequencies above 1 kHz the directivity performance of both
techniques is comparable.

5.1.4. Summary of beamformer directivity. In summary we see that, in
terms of directivity, the proposed NFAB system:

e outperforms the conventional FS system in terms of low frequency
performance and the ability to attenuate coherent noise sources,

o outperforms the NFSD system due to the ability to attenuate coherent
noise sources, and

150/ \ 150/
180

180

210\ £ / 210\

270 270
(a) GSC Lower Path (b) NFAB Lower Path

FIG. 8. Lower path directivity pattern at 5000 Hz.
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FIG. 9. Overall beamformer directivity pattern at 300 Hz.

e outperforms the conventional GSC system in terms of low frequency
performance.

In this way, we see that the proposed system succeeds in meeting the stated
objectives and should therefore demonstrate improved performance in speech
processing applications.

5.2. Speech Enhancement Analysis

The signal plots in Fig. 10 give an indication of the level of enhancement
achieved by the NFAB technique. For the desired speech signal, we used a
segment of speech from the TIDIGITS database corresponding to the digit
sequence one-nine-eight-six. Ambient noise was added at an SANR level of
10 dB, and a localized white noise signal was added at an SLNR level of 0 dB.
The plots indicate that NFAB succeeds in reducing the noise level with negligible
distortion to the desired signal.

To better measure the level of enhancement, objective speech measures were
used to compare the different techniques. Two measures were used, these
being the SNR improvement and the log area ratio distortion measure. The
SNR improvement is defined as the difference in SNR at the array output and
input. As the true SNR cannot be measured, it is estimated as the average
segmental signal-plus-noise to noise ratio. While the signal to noise ratio is a
useful measure for assessing noise reduction, it does not necessarily give a good
indication of how much distortion has been introduced to the desired speech
signal. The log area ratio (LAR) measure of speech quality is more highly
correlated with perceptual intelligibility in humans [13]. The log area ratio
measure for a frame of speech is calculated as

LAR®) =

’1/2

1 1+ r,() 14r,0)
F;[mgl—mm _logl—rp(iJ ’ @0
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Clean Input (centre mic)

Noisy Input (centre mic)

i 1 IR '

NFSD Output

NFAB OQutput

FIG. 10. Sample enhanced signal.

where 7 is the frame number, and r, and r,, are the original and processed Pth-
order linear predictive coefficients of the nth frame, respectively. The overall
log area ratio distortion measure for the signal is calculated as the average
distortion over all input frames.

A set of experiments was conducted in which the localized white noise was
replaced with a localized speech-like noise source taken from the NOISEX
database [14]. This is essentially a white noise signal that has been shaped
with a speech-like spectral envelope and thus represents a more realistic noise
scenario than white noise. The signal to localized noise ratio (SLNR) was varied
from 20 to 0 dB, with the ambient noise present at a constant SANR level
of 10 dB. The output signal to noise ratio improvement and log area ratios
are given in Tables 2 and 3 for the different enhancement techniques.! The
measures have been averaged over 10 randomly chosen speech segments taken

TABLE 2
Signal to Noise Ratio Improvement (SANR = 10 dB)
SLNR (dB)
Technique 0 5 10 15 20
FS 0.5 0.4 0.3 0.1 0.1
NFSD 14 1.6 1.1 0.5 0.2
GSC 1.6 1.8 1.9 2.5 3.3
NFAB 5.5 5.9 6.4 7.5 7.9

! Sample sound files are also available at http://www.speech.qut.edu.au/pages/people/mccowani.
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TABLE 3

Log Area Ratio: (SANR =10 dB)

SLNR (dB)
Technique 0 5 10 15 20
Noisy input 3.6 3.3 2.9 2.6 2.5
FS 3.1 2.7 2.5 2.4 2.3
NFSD 2.8 2.3 2.1 2.0 1.9
GSC 2.6 2.1 1.8 1.7 1.6
NFAB 2.5 1.9 1.6 1.6 14

from different speakers in the TIDIGITS database. These results are plotted in
Fig. 11.

The SNR results show that the proposed NFAB gives considerably greater
noise reduction compared to the FS, NFSD, and GSC techniques, providing
approximately 6-8 dB of SNR improvement compared to the noisy input
signal. Even with a relatively low level of localized noise (high SLNR), the
NFAB technique offers significantly greater noise reduction than these other
methods. In addition, the proposed technique gives less distortion than the other
techniques, as measured by the LAR. As would be expected, the fixed NFSD
technique gives slightly less distortion than the adaptive GSC technique.

From these results we see that, in a high level of diffuse and coherent noise
with a near-field desired speech source, the proposed NFAB technique succeeds
in significantly reducing the noise level, while minimizing the distortion to the
speech signal.

5.3. Speech Recognition Analysis

The same noise scenario was used for experiments in robust speech recogni-
tion. The training and test data for the experiments were taken from the male
adult portion of the TIDIGITS database. Tied-state triphone hidden Markov
models and standard MFCC parameterization with energy, delta, and acceler-

o ) e
— ® 2.5 h\'\\‘l“\\,\‘; —+—input
2 \'\\\‘\‘-‘\‘ :;iso
\.\\_'\g\\, ~--GSC

1.5 — —X—NFAB

Log Area Ratio

SNR Improvement (dB)
o - N w E w (=] ~ @ ©

R\"\o—:'\'
0
] 5 10 15 20 4] 5 10 15 20
SLNR (dB) SLNR (dB}
(a) SNR Improvement (b) Log Area Ratio

FIG. 11. Speech enhancement measures: (a) SNR improvement and (b) LAR.
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TABLE 4
Speech Recognition Results: Word Recognition Rates
SLNR (dB)
Technique 10 5 0 -5
Noisy input 86.8 65.9 23.2 13.1
FS 89.2 81.7 62.9 36.4
NFSD 97.7 93.2 77.2 45.4
GSC 88.8 83.8 73.8 56.8
NFAB 98.2 96.7 91.1 76.7

ation coefficients were used. The models were trained with the clean input to
the center microphone and then refined using MAP adaptation to better match
the noisy environment. The noise segments used in the adaptation process were
taken from a separate recording made in the room. The recognition results are
given as percentage word recognition rates in Table 4 and shown graphically in
Fig. 12.

The results clearly show that NFAB gives excellent robustness to adverse
noise conditions in a near-field speech recognition application. The results at
low noise levels show that the baseline recognition system is already quite
robust to noise, due to the use of MAP adaptation. At more realistic noise levels,
however, unenhanced performance is clearly unsatisfactory. For example, at an
SLNR of 0 dB and SANR of 10 dB, the word error rate for the unprocessed
input is 76.8%. While standard GSC and NFSD are able to reduce this to 26.2
and 22.8%, respectively, the proposed NFAB technique succeeds in reducing the
error rate to 8.9%. As would be expected, the figure shows that NFAB offers

" NN =

. N NN
- N > |
\ o

—X—NFAB
30 \\
20

10

Word Recognition Rate (%)

3
(5]
<
(4]

SLNR (dB)

FIG. 12. Speech recognition results: Word recognition rates.
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similar performance to NFSD when the noise is approximately diffuse (high
SLNR) and demonstrates improved ability to attenuate any coherent noise
sources (low SLNR) due to the GSC-style adaptive noise canceling path. The
recognition performance of NFAB is seen to be similar to NFSD at low levels
of coherent noise (high SLNR) and degrades at a rate comparable to GSC with
increasing levels of coherent noise.

It is apparent from these results that NFAB is an enhancement technique that
is well suited to speech recognition. The experimental results for both speech
enhancement and recognition demonstrate that for an adaptive beamformer to
be applicable in speech processing applications, it should exhibit good directivity
at low frequencies and take care to minimize any signal degradation.

6. CONCLUSIONS
—

A new microphone array processing technique designed specifically for near-
field speech processing applications has been proposed, termed near-field
adaptive beamforming (NFAB). The technique incorporates a fixed near-field
superdirective beamformer into a GSC-style adaptive beamforming structure
and as such exhibits the benefits of good low frequency performance and the
ability to adaptively attenuate coherent noise signals. Distortion due to the
adaptive noise canceling path is minimized by the introduction of a near-field
compensation unit.

Two major problems with common conventional microphone array tech-
niques are their poor low frequency performance and the introduction of sig-
nal distortion in adaptive techniques. By taking care to address both these
issues, the proposed NFAB technique succeeds in significantly outperform-
ing conventional beamforming techniques in terms of objective speech qual-
ity measures and speech recognition results in both diffuse and coherent
noise.

Speech enhancement results indicate that NFAB succeeds in significantly
reducing the output noise power, while also minimizing the distortion to the
desired signal. These characteristics make it ideal as an enhancement technique
for robust speech recognition. In a high noise configuration, with a signal to
localized noise ratio of 0 dB, and a signal to ambient noise ratio of 10 dB, the
proposed technique succeeds in increasing the recognition rate from 23.2 to
91.1%. For the same configuration, near-field superdirectivity and conventional
GSC only achieve 77.2 and 73.8%, respectively.

In summary, near-field adaptive beamforming has been shown to be a speech
enhancement technique that produces a high quality, highly intelligible signal
for applications requiring hands-free speech acquisition where the desired
speaker is in the array’s near-field.
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Near-field Adaptive Beamformer for Robust
Speech Recognition
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McCowan, L. A., Moore, D. C., and Sridharan, S., Near-field Adaptive
Beamformer for Robust Speech Recognition, Digital Signal Processing 12
(2002) 87-106.

This paper investigates a new microphone array processing technique
specifically for the purpose of speech enhancement and recognition. The
main objective of the proposed technique is to improve the low frequency
directivity of a conventional adaptive beamformer, as low frequency per-
formance is eritical in speech processing applications. The proposed tech-
nique, termed near-field adaptive beamforming (NFAB), is implemented
using the standard generalized sidelobe canceler (GSC) system structure,
where a near-field superdirective (NFSD) beamformer is used as the fixed
upper-path beamformer to improve the low frequency performance. In ad-
dition, to minimize signal leakage into the adaptive noise canceling path for
near-field sources, a compensation unit is introduced prior to the blocking
matrix. The advantage of the technique is verified by comparing the direc-
tivity patterns with those of conventional filter-sum, NFSD, and GSC sys-
tems, In speech enhancement and recognition experiments, the proposed
technique outperforms the standard techniques for a near-field source in
adverse noise conditions.  © 2002 Eisevier Science (USA)

Key Words: microphone array; beamforming; near-field; adaptive; su-
perdirectivity; speech recognition.

1. INTRODUCTION
—

Currently, much research is being undertaken to improve the robustness of
speech recognition systems in real environments. This paper focuses on the
use of a microphone array to enhance the noisy input speech signal prior to
recognition. While the use of microphone arrays for speech recognition has been
studied for some time by a number of researchers, a persistent problem has been
the poor low frequency directivity of conventional beamforming techniques with

87
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88 Digital Signal Processing Vol. 12, No. 1, January 2002

practical array dimensions. Low frequency performance is critical for speech
processing applications, as significant speech energy is located below 1 kHz.

By explicitly maximizing the array gain, superdirective beamforming tech-
niques are able to achieve greater directivity than conventional techniques with
closely spaced sensor arrays [1]. This directivity generally comes at the expense
of a controlled reduction in the white noise gain of the array. Recent work has
demonstrated the suitability of superdirective beamforming for speech enhance-
ment and recognition tasks [2, 3]. By employing a spherical propagation model
in its formulation, rather than assuming a far-field model, near-field superdirec-
tivity (NFSD) succeeds in achieving high directivity at low frequencies for near-
field speech sources in diffuse noise conditions [4]. In previous work, near-field
superdirectivity has been shown to lead to good speech recognition performance
in high noise conditions for a near-field speaker [5].

Superdirective techniques are typically formulated assuming a diffuse noise
field. While this is a good approximation to many practical noise conditions,
further noise reduction would result from a more accurate model of the
actual noise conditions during operation. Adaptive array processing techniques
continually update their parameters based on the statistics of the measured
input noise. The generalized sidelobe canceler (GSC) [6] presents a structure
that can be used to implement a variety of adaptive beamformers. A block
diagram of the basic GSC system is shown in Fig. 1. The GSC separates
the adaptive beamformer into two main processing paths—a standard fixed
beamformer, w, with L constraints on the desired signal response, and an
adaptive path, consisting of a blocking matrix, B, and a set of adaptive filters, a.
As the desired signal has been constrained in the upper path, the lower path
filters can be updated using an unconstrained adaptive algorithm, such as the
least-mean-square (LMS) algorithm.

While the theory of adaptive techniques promises greater signal enhance-
ment, this is not always the case in real situations. A common problem with
the GSC system is leakage of the desired signal through the blocking matrix,
resulting in signal degradation at the beamformer output. This is particularly
problematic for broadband signals, such as speech, and especially for speech
recognition applications where signal distortion is critical.

In this paper we propose a system that is suited to speech enhancement in a
practical near-field situation, having both the good low frequency performance
of near-field superdirectivity and the adaptability of a GSC system, while taking

. Ot

1]

N

A a
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care to minimize the problem of signal degradation for near-field sources.
We begin by formulating a concise model for near-field sound propagation in
Section 2. This model is then used in Section 3 to develop the proposed near-
field adaptive beamforming (NFAB) technique. To demonstrate the benefit of
the technique over existing methods, an experimental evaluation assessing
directivity patterns, speech enhancement performance, and speech recognition
performance is detailed in Sections 4 and 5.

2. NEAR-FIELD SOUND PROPAGATION MODEL
—

In sensor array applications, a succinct means of characterizing both the
array geometry and the location of a signal source is via the propagation vector.
The propagation vector concisely describes the theoretical propagation of the
signal from its source to each sensor in the array. In this section, we develop an
expression for the propagation vector of a sound source located in the near-field
of a microphone array using a spherical propagation model. This expression is
then used in the formulation of the proposed near-field adaptive beamformer in
the following sections.

Many microphone array processing techniques assume a planar signal
wavefront. This is reasonable for a far-field source, but when the desired
source is close to the array a more accurate spherical wavefront model must
be employed. For a microphone array of length L, a source is considered to be
in the near-field if » < 2L2/4, where r is the distance to the source and A is the
wavelength.

We define the reference microphone as the origin of a 3-dimensional vector
space, as shown in Fig. 2. The position vector for a source in direction (8, ¢s),
at distance r, from the reference microphone, is denoted p; and is given by:

cos O sin ¢,

Ps =r(X, ¥, 2] | siné,sing; | . (1)
COS ¢
The microphone position vectors, denoted as p; (i = 1,..., N), are similarly

defined. The distance from the source to microphone / is thus
di =|lps — pil, 2)

where | || is the Euclidean vector norm.

In such a model, the differences in distance to each sensor can be significant
for a near-field source, resulting in phase misalignment across sensors. The
difference in propagation time to each microphone with respect to the reference
microphone (i =1} is given by

__ di ~Meta Platforms, Inc. - Exhibit 1015 @)
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FIG, 2, Near-field propagation model.

where ¢ = 340 ms™! for sound. In addition, the wavefront amplitude decays at a
rate proportional to the distance traveled. The resulting amplitude differences
across sensors are negligible for far-field sources, but can be significant in
the near-field case. The microphone attenuation factors, with respect to the
amplitude on the reference microphone, are given by

(4)

Thus, if x1(f) is the desired source at the reference microphone, the signal on
the ith microphone is given hy

xi(f) = eixy(f)e™ 2, (5)

Consequently, we define the near-field propagation vector for a source at
distance r and direction (9, ¢) as

d(f,r,8,¢)= [ale_jg”f” e age i T aNe"jz"fm]T. (6)

3. NEAR-FIELD ADAPTIVE BEAMFORMING
——

The proposed system structure is shown in Fig. 3. The objective of the
proposed technique is to add the benefit of good low frequency directivity
to a standard adaptive beamformer, as low frequency performance is critical
in speech processing applications. The upper path consists of a fixed near-
field superdirective beamformer, while the lower path contains a near-field

compensation unit, a blocking matrix arﬁe@ﬁgﬁg%g Aoise gansaling, Blter
The principal components of the system are discussed in the followjpg gegfjons.
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FIG. 3. Near-field adaptive beamformer.
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Section 3.1 gives an explanation of the near-field superdirective beamformer.
Section 3.2 proposes the inclusion of a near-field compensation unit in the
adaptive sidelobe canceling path and examines its effect on reducing signal
distortion at the output. Once this near-field compensation has been performed,
a standard generalized sidelobe canceling blocking matrix and adaptive filters
can be applied to reduce the output noise power, as discussed in Section 3.3.

3.1. Near-field Superdirective Beamformer

Superdirective beamforming techniques are based upon the maximization of
the array gain, or directivity index. The array gain is defined as the ratio of
output signal-to-noise ratio to input signal-to-noise ratio and for the general
case can be expressed in matrix notation as [1]

w(HTPHW(S)

G = \ 7
2 w(NHTQNHW(f) @
where w( f) is a column vector of channel gains,

w(f) = [wi(f) ... wi(f) ... wn(H], ®

()" is the complex conjugate transpose operator, and P(f) and Q(f) are
the cross-spectral density matrices of the signal and noise respectively. In
practical speech processing applications the form of the signal and noise cross-
spectral density matrices is generally unknown and must be estimated, either
from mathematical models (fixed beamformers) or from the statistics of the
multichannel inputs (adaptive beamformers). Superdirective beamformers are
calculated based on assumed mathematical models for the P(f) and Q(f)
matrices.

When the desired signal is known to emanate from a single source at location
(rs. 5. d5), the signal cross-spectral matrix P simplifies to the propagation vector
of the source, and the array gain can be expressed as

L W), 2 b
G(F) = ns, Inc. - Exhibit 1015 (9
D ==wmrw P
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where d(f, r, 6, ¢) is the propagation vector for the desired source, as defined in
Eq. (6).

A diffuse (spherically isotropic) noise field is often a good approximation for
many practical situations, particularly in reverberant closed spaces, such as in a
car or an office [7, 8]. For diffuse noise, the noise cross-spectral density matrix @
can be formulated as

Q(f)=4i / f d(£.6.4)d(f. 6, )" sin6 d6 dg, (10)
’i ¢ IO

where d(f,8, ¢) is the propagation vector of a far-field noise source (» 3 2L2/1)
in direction (4, ¢).
The superdirectivity problem is thus formulated as:

[W(AOHA(f 15, b5, ds)|2

11
v WHAQUHIW(S) (1

By using a spherical propagation model to formulate the propagation
vector, d, the standard superdirective formulation can be optimized for a near-
field source [9, 4]. As such, the only difference in the calculation of the standard
and near-field superdirective channel filters is the form of the propagation
vectar, d. For a near-field source, the assumption of plane wave (far-field)
propagation leads to errors in the array response to the desired signal due
to curvature of the direct wavefront. A thorough discussion of the use of a
near-field model for superdirective microphone arrays is given by Ryan and
Goubran [9].

Cox [10] gives the general superdirective filter solution subject to

1. L linear constraints, C(f)#w(f) = g(f) (explained below); and
2. aconstraint on the maximum white noise gain, w(f)”w(f) = §~2, where
82 is the desired white noise gain.

as

w(f)=[Q() + I 'ICH{CN™IQS + el 'C(H) g, (12)

where ¢ is a Lagrange multiplier that is iteratively adjusted to satisfy the white
noise gain constraint. The white noise gain is the array gain for spatially white
(incoherent) noise; that is, Q(f) = I. A constraint on the white noise gain is
necessary as an unconstrained superdirective solution will in fact result in
significant gain to any incoherent noise, particularly at low frequencies. Cox [10]
states that the technique of adding a small amount to each diagonal matrix
element prior to inversion is in fact the optimum means of solving this problem.
A study of the relationship between the multiplier ¢ and the desired white
noise gain 82, shows that the white noise gain increases monotonically with
increasing ¢, One possible means of obtaining the desired value of ¢ is thus
an iterative technique employing a binary search algorithm between a specified

minimum and maximum value for ¢. The mwﬁg#gmg,eﬁp&qqgﬂﬁﬁhpﬁggative
procedure is not critical, as the beamformer filters depend only gig the spurce
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location and array geometry, and thus must only be calculated once for a given
configuration.

The constraint matrix, C?(f), is of order L x N, where there are L linear
constraints being applied, and the vector g(f) is a length-L column vector
of constraining values. The constraints generally include one specifying unity
response for the desired signal, d” (f)w(f) = 1, and where this is the sole
constraint the above solution can by simplified by substituting C(f) = d(f) and
g(f) = 1, giving

Q) +el7td()
ANHTQY) + eIl 1d(f)’

Once the optimal filters w( ) have been calculated, the near-field superdirec-

tive beamformer output is calculated as

w(f)= (13)

() =w(Hx(f), (14)

where x(f) is the N-channel input column vector
x(f) =[x ... x(f) .. xn (D] (15)

3.2. Near-field Compensation Unit

The first element in the adaptive path of standard GSC is the blocking
matrix [6]. Its purpose is to block the desired signal from the adaptive noise
estimate. To ensure complete blocking, the desired signal must both be time
aligned and have equal amplitudes across all channels. If this is the case,
cancellation occurs if each row of the blocking matrix sums to zero, and all rows
are linearly independent.

For a near-field desired source, to align the desired signal on all channels,
a near-field compensation must first be applied to the input channels prior to
blocking. To ensure full cancellation we need to compensate for both phase
misalignment and amplitude scaling of the desired signal across sensors. We
define the diagonal matrix

D(f) = [diag(d (/)] (16)

where d(f) is the near-field propagation vector from Eq. (6). In this paper we
define the diagonal operator, diag( ), to produce a diagonal matrix from a vector
parameter. Conversely, if invoked with a matrix parameter, it produces a row
vector corresponding to the matrix diagonal. The near-field compensation can
be applied as

X' (f) =D(HR(f). 1mn

Once this near-field compensation has been performed, a standard GSC blocking
matrix can be employed to block the desired signal from the adaptive path.

The inclusion of this compensation unit is critical for a near-field desired

signal. Without compensation for both ph%ﬁpglgmy%glffmﬁﬁsﬂﬁ%veen
sensors, blocking of the desired signal will not be ensured, leadpug $9 gjgnal
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FIG. 4. Comparison of blocking matrix row beam-patterns.

cancellation at the output. The near-field compensation effectively ensures that
a true null exists in the beam-pattern of each blocking matrix row in the
direction and distance corresponding to the desired source. To illustrate, Fig. 4
shows the directivity pattern at 2 kHz for the first row in the blocking matrix
using the array shown in Fig. 5, with the desired source directly in front of the
center microphone at a distance of 0.6 m. The figure shows the compensated
response in the far- and near-fields, as well as the uncompensated near-field
response. It is clear that the uncompensated system will allow a high degree of
signal leakage into the adaptive path as it blocks noise sources rather than the
desired signal.

| ]
localised

nois
Meta Platforms, Ienc. - Exhibit 1015
FIG. 5. Experimental configuration. 230 of 250
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3.3. Blocking Matrix and Adaptive Noise Canceling Filter

The blocking matrix and adaptive noise canceling filters are taken from the
standard GSC technique [6]. The order of the blocking matrix is N x (N — L),
where there are L constraints applied in the fixed upper path beamformer.
Generally only a unity constraint on the desired signal is specified, and the
standard N x (¥ — 1) Griffiths—Jim blocking matrix is used:

1 o .- 0 0]
-1 1
0 -1 . 0 0
B=— . (18)
0 0 . 1 0
-1 1
0 0 0 _IJ

The output of the blocking matrix is calculated as
x"(f) =Bx'(f). a9

where x"(f) is an (N — 1)-length column vector. Defining the (N — 1)-length
adaptive filter column vector as

a(f)=[ar(f) ... a(f) ... an1(N], (20)
the output of the lower path is given as
w(f)y=aHx"(f). (21)

The NFAB output is then calculated from the upper and lower path outputs as

y(f) = .Vu(f) - )’!(f) (22)

and the adaptive filters are updated using the standard unconstrained LMS
algorithm

ap1(f) = ar(f) + ux Ny ), (23)

where u is the adaptation step size and k denotes the current frame.

3.4. Summary of Technique

In summary, the proposed NFAB technique is characterized by the series of
equations
() =wHIx(f)

(24a
" 0 eta Platforms, Inc. - Exhibit 1015
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() =a( )= (f) (24¢)
() =yu(f)=w(f) (24d)
a1 (F) = an () + ux{ (Five(f). (24e)

where all terms have been defined in the preceding discussion.

4. EXPERIMENTAL CONFIGURATION
—

For the experimental evaluation in this paper, we used the 11 element array
shown in Fig. 5. The array consists of a nine element broadside array, with an
additional two microphones situated directly behind the end microphones. The
total array is 40 cm wide and 15 cm deep in the horizontal plane. The broadside
microphones are arranged according to a standard broadband subarray design,
where different subarrays are used for different frequency ranges for the fixed
upper path beamformer. The two endfire microphones are included for use by
the near-field superdirective beamformer in the low frequency range. The four
subarrays are thus

(f <1 kHz): microphones 1-11;

(1kHz < f <2 kHz): microphones 1, 2, 5, 8, and 9;

(2 kHz < f < 4 kHz): microphones 2, 3, 5, 7, and 8; and
(4 kHz < f < 8 kHz): microphones 3-7.

The array was situated in a computer room, with different sound source
locations, as shown in Fig. 5. The two sound sources were

1. the desired speaker situated 60 cm from the center microphone, directly
in front of the array; and

2. alocalized noise source at an angle of 124° and a distance of 270 em from
the array.

Impulse responses of the acoustic path between each source and microphone
were measured from multichannel recordings made in the room with the ar-
ray using the maximum length sequence technique detailed in Rife and Van-
derkooy [11]. As the impulse responses were calculated from real recordings
made simultaneously across all input channels, they take into account the real
acoustic properties of the room and the array. The multichannel desired speech
and localized noise microphone inputs were then generated by convolving the
original single-channel speech and noise signals with these impulse responses.
In addition, a real multichannel background noise recording of normal operat-
ing conditions was made in the room with other workers present. This record-
ing is referred to in the experiments as the ambient noise signal and is approxi-
mately diffuse in nature. It consists mainly of computer noise, a variable level of
background speech, and noise from an air-conditioning unit. The ambient noise
effectively represents a diffuse noise field, while the localized noise represents
a coherent noise source. In this paper, we specify the levels of the two different

noise sources independently, as the signal to ambient-noise ratio (SANR) and
Meta Platforms, Inc. - Exhibit 1015
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signal to localized-noise ratio (SLNR). These values are calculated as the aver-
age segmental SNR from the speech and noise input, as measured at the center
microphone of the array.

In this way, realistic multichannel input signals can be simulated for specified
levels of ambient and localized noise. As well as facilitating the generation
of different noise conditions, simulating the multichannel inputs using the
impulse response method is more practical than making real recordings for
speech recognition experiments, as existing single channel speech corpora may
be used.

5. EXPERIMENTAL RESULTS
—

This section presents the results of the experimental evaluation. The
proposed NFAB technique is compared to a conventional fixed filter-sum
beamformer, a fixed near-field superdirective beamformer, and a conventional
GSC adaptive beamformer. These beamformers are specified in Table 1.

The techniques are first assessed in terms of the directivity pattern in
order to demonstrate the advantage of the proposed NFAB over conventional
beamforming techniques, particularly at low frequencies. Following this, the
techniques are evaluated for speech enhancement in terms of the improvement
in signal to noise ratio and the log area ratio. Finally, the techniques are
compared in a hands-free speech recognition task in noisy conditions using the
TIDIGITS database [12].

5.1. Directivity Analysis

As has been stated, the main objective of the proposed technique is to produce
an adaptive beamformer that exhibits good low frequency performance for near-
field speech sourees. To assess the effectiveness of the proposed technique in
achieving this objective, in this section we analyze the horizontal directivity
pattern. The directivity of a filter-sum beamformer is expressed in matrix
notation as

h(f.r.6,6)=w,(/)7A(f,r.0,9), (25)
where w, is the length N channel filter vector
. T
Wo(f) = [wo,l(f) e we i (f) L wu,N(f)] . (26)
TABLE 1
Beamforming Techniques in Evaluation
Technique Description Filters
FS Conventional FS beamformer w,(f) = [diag(D(FN1*
NFSD Near-field superdirective beamformer w,(f)=w(f)
GSC GSC system with FS fixed upper path w,(f) = [diag(D{ N7 - D(fHBa(f)
beamformer

NFAB Near-field adaptive beamformer w,(f)=w(/)—D{(/HHBa(f)
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FIG. 6. Upper path directivity pattern at 300 Hz.

5.1.1. Upper path directivity. First, we seek to demonstrate the directiv-
ity improvement that NFSD achieves at low frequencies compared to a conven-
tional filter-sum (FS) beamformer. For the F'S beamformer, a common solution is
to choose w,(f) = [diag(D())]7. This effectively ensures that the desired signal
is aligned for phase and amplitude across sensors using a spherical propagation
model. For NFSD, we use the filter vector w( f) described in Section 3.1. Figure 6
shows the near-field directivity pattern at 300 Hz for the FS and NFSD. From
these figures, it is clear that the NFSD technique results in greater directional
discrimination at low frequencies compared to a conventional beamformer. At
higher frequencies ( f > 1 kHz), conventional beamformers offer reasonable di-
rectivity, and so the FS and NFSD techniques give comparable performance.

5.1.2. Lower path directivity. Second, we wish to demonstrate the effect
of the noise canceling path. The directivity of the noise canceling filters can be
obtained by using the channel filters w, (/) = D(f)Ba(f). The blocking matrix
and adaptive filters essentially implement a conventional (nonsuperdirective)
beamformer that adaptively focuses on the major sources of noise. To examine
the directivity of the lower path filters, the beamformer was run on an input
speech signal with a white localized noise source (at the location shown in Fig. 5)
added at an SLNR of 0 dB and a low level of ambient noise (SANR = 20 dB).
The steady-state adaptive filter vector, a(f), was written to file for both the
proposed NFAB technique and the conventional GSC beamformer. The near-
field directivity patterns of the lower path filters are plotted in Figs. 7 and 8
for 300 and 5000 Hz, respectively. We see that the lower path adaptive filters
for both beamformers converge to similar solutions in terms of directivity,
producing a main lobe in the direction of the coherent noise source (~124° from
Fig. 5), as well as a null in the location of the desired speaker. As expected, the
directivity of the adaptive path is poor at low frequencies, as seen in Fig. 7.

5.1.3. Overall beamformer directivity. iRy SrhTamne RSty
pattern of the overall beamformer for the NFAB and conventional agagpve
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FIG. 7. Lower path directivity pattern at 300 Hz.

systems. The near-field directivity patterns at 300 Hz are shown in Fig. 9.
We see that the directivity pattern of the NFAB system exhibits a true null
in the direction and at the distance of the noise source, while the directivity of
the conventional beamformer is too poor to significantly attenuate the noise at
this frequency. At frequencies above 1 kHz the directivity performance of both
techniques is comparable. '

5.1.4. Summary of beamformer directivity. In summary we see that, in
terms of directivity, the proposed NFAB system:

e outperforms the conventional FS system in terms of low frequency
performance and the ability to attenuate coherent noise sources,

e outperforms the NFSD system due to the ability to attenuate coherent
noise sources, and

150/ Y . 150/
180

180

210\ £ y, 210\

270 270
(a) GSC Lower Path (b) NFAB Lower Path
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FIG. 9. Overall beamformer directivity pattern at 300 Hz.

e outperforms the conventional GSC system in terms of low frequency
performance.

In this way, we see that the proposed system succeeds in meeting the stated
objectives and should therefore demonstrate improved performance in speech
processing applications.

5.2. Speech Enhancement Analysts

The signal plots in Fig. 10 give an indication of the level of enhancement
achieved by the NFAB technique. For the desired speech signal, we used a
segment of speech from the TIDIGITS database corresponding to the digit
sequence one-nine-eight-six. Ambient noise was added at an SANR level of
10 dB, and a localized white noise signal was added at an SLNR level of 0 dB.
The plots indicate that NFAB succeeds in reducing the noise level with negligible
distortion to the desired signal.

To better measure the level of enhancement, objective speech measures were
used to compare the different techniques. Two measures were used, these
being the SNR improvement and the log area ratio distortion measure. The
SNR improvement is defined as the difference in SNR at the array output and
input. As the true SNR cannot be measured, it is estimated as the average
segmental signal-plus-noise to noise ratio. While the signal to noise ratio is a
useful measure for assessing noise reduction, it does not necessarily give a good
indication of how much distortion has been introduced to the desired speech
signal. The log area ratio (LAR) measure of speech quality is more highly
correlated with perceptual intelligibility in humans [13]. The log area ratio
measure for a frame of speech is calculated as

P
%Z{l 14700 Megap llai"faﬁﬁ.%an - Exhibit 1037)
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FIG. 10. Sample enhanced signal.

where n is the frame number, and r, and r,, are the original and processed Pth-
order linear predictive coefficients of the nth frame, respectively. The overall
log area ratio distortion measure for the signal is calculated as the average
distortion over all input frames.

A set of experiments was conducted in which the localized white noise was
replaced with a localized speech-like noise source taken from the NOISEX
database [14]. This is essentially a white noise signal that has been shaped
with a speech-like spectral envelope and thus represents a more realistic noise
scenario than white noise. The signal to localized noise ratio (SLNR) was varied
from 20 to 0 dB, with the ambient noise present at a constant SANR level
of 10 dB. The output signal to noise ratio improvement and log area ratios
are given in Tables 2 and 3 for the different enhancement techniques. 1 The
measures have been averaged over 10 randomly chosen speech segments taken

TABLE 2
Signal to Noise Ratio Improvement (SANR =10 dB)
SLNR (dB)
Technique 0 5 10 15 20
FS 0.5 0.4 0.3 0.1 0.1
NFSD 14 1.6 1.1 0.5 0.2
GSC 1.6 1.8 1.9 2.5 3.3
NFAB 5.5 59 - 64 7.5 7.9

M - . .
1 Sample sound files are also available at http://www.sggei{éﬁgfggﬂif/pl)ggcés/pggéf ! rrllgc%(v)vla%i.

€
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TABLE 3

Log Area Ratio: (SANR =10 dB)

SLNR (dB)
Technique 0 5 10 15 20
Noisy input 3.6 3.3 2.9 2.6 2.5
FS 3.1 2.7 2.5 24 2.3
NFSD 2.8 2.3 2.1 2.0 19
GSC 2.6 2.1 1.8 1.7 1.6
NFAB 2.5 1.9 1.6 1.6 14

from different speakers in the TIDIGITS database. These results are plotted in
Fig. 11.

The SNR results show that the proposed NFAB gives considerably greater
noise reduction compared to the FS, NFSD, and GSC techniques, providing
approximately 6-8 dB of SNR improvement compared to the noisy input
signal. Even with a relatively low level of localized noise (high SLNR), the
NFAB technique offers significantly greater noise reduction than these other
methods. In addition, the proposed technique gives less distortion than the other
techniques, as measured by the LAR. As would be expected, the fixed NFSD
technique gives slightly less distortion than the adaptive GSC technique.

From these results we see that, in a high level of diffuse and coherent noise
with a near-field desired speech source, the proposed NFAB technique succeeds
in significantly reducing the noise level, while minimizing the distortion to the
speech signal.

5.3. Speech Recognition Analysis

The same noise scenario was used for experiments in robust speech recogni-
tion. The training and test data for the experiments were taken from the male
adult portion of the TIDIGITS database. Tied-state triphone hidden Markov
models and standard MFCC parameterization with energy, delta, and acceler-

\\‘ + —4—input
w —0—FS
—B— NFSD
—4&—GSC
1.5 — —%—NFAB

f
J

SNR Improvement {dB)
<o - N «w o~ L ] [} ~N ® ©

0 5 10 15 20 0 5 10 15 20
SLNR (dB) SLNR {dB}
(a) SNR Improvement {b) Log Area Ratio

FIG. 11. Speech enhancement measuresMetaNHatfpranspEncandihibiR1015
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TABLE 4
Speech Recognition Results: Word Recognition Rates
SLNR (dB)
Technique 10 5 0 -5
Noisy input 86.8 65.9 23.2 13.1
FS 89.2 81.7 62.9 36.4
NFSD 97.7 93.2 7.2 45.4
GSC 88.8 83.8 73.8 56.8
NFAB 98.2 96.7 91.1 76.7

ation coefficients were used. The models were trained with the clean input to
the center microphone and then refined using MAP adaptation to better match
the noisy environment. The noise segments used in the adaptation process were
taken from a separate recording made in the room. The recognition results are
given as percentage word recognition rates in Table 4 and shown graphically in
Fig. 12.

The results clearly show that NFAB gives excellent robustness to adverse
noise conditions in a near-field speech recognition application. The results at
low noise levels show that the baseline recognition system is already quite
robust to noise, due to the use of MAP adaptation. At more realistic noise levels,
however, unenhanced performance is clearly unsatisfactory. For example, at an
SLNR of 0 dB and SANR of 10 dB, the word error rate for the unprocessed
input is 76.8%. While standard GSC and NFSD are able to reduce this to 26.2
and 22.8%, respectively, the proposed NFAB technique succeeds in reducing the
error rate to 8.9%. As would be expected, the figure shows that NFAB offers

X —

. AN NN,

o AN N
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20 \\
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similar performance to NFSD when the noise is approximately diffuse (high
SLNR) and demonstrates improved ability to attenuate any coherent noise
sources (low SLNR) due to the GSC-style adaptive noise canceling path. The
recognition performance of NFAB is seen to be similar to NFSD at low levels
of coherent noise (high SLNR) and degrades at a rate comparable to GSC with
increasing levels of coherent noise.

It is apparent from these results that NFAB is an enhancement technique that
is well suited to speech recognition. The experimental results for both speech
enhancement and recognition demonstrate that for an adaptive beamformer to
be applicable in speech processing applications, it should exhibit good directivity
at low frequencies and take care to minimize any signal degradation.

6. CONCLUSIONS
—

A new microphone array processing technique designed specifically for near-
field speech processing applications has been proposed, termed near-field
adaptive beamforming (NFAB). The technique incorporates a fixed near-field
superdirective beamformer into a GSC-style adaptive beamforming structure
and as such exhibits the benefits of good low frequency performance and the
ability to adaptively attenuate coherent noise signals. Distortion due to the
adaptive noise canceling path is minimized by the introduction of a near-field
compensation unit.

Two major problems with common conventional microphone array tech-
niques are their poor low frequency performance and the introduction of sig-
nal distortion in adaptive techniques. By taking care to address both these
issues, the proposed NFAB technique succeeds in significantly outperform-
ing conventional beamforming techniques in terms of objective speech qual-
ity measures and speech recognition results in both diffuse and coherent
noise.

Speech enhancement results indicate that NFAB succeeds in significantly
reducing the output noise power, while also minimizing the distortion to the
desired signal. These characteristics make it ideal as an enhancement technique
for robust speech recognition. In a high noise configuration, with a signal to
localized noise ratio of 0 dB, and a signal to ambient noise ratio of 10 dB, the
proposed technique succeeds in increasing the recognition rate from 23.2 to
91.1%. For the same configuration, near-field superdirectivity and conventional
GSC only achieve 77.2 and 73.8%, respectively.

In summary, near-field adaptive beamforming has been shown to be a speech
enhancement technique that produces a high quality, highly intelligible signal
for applications requiring hands-free speech acquisition where the desired
speaker is in the array’s near-field. Meta Platforms, Inc. - Exhibit 1015
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