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Foreword

Just a couple of decades ago we would think of “sound capture and
processing” as the problems of designing microphones for converting
sounds from the real world into electrical signals, as well as amplifying,
editing, recording, and transmitting such signals, mostly using analog
hardware technologies. That’s because our intended applications were
mostly analog telephony, broadcasting, and voice and music recording.
We have come along way: small digital audio players have replaced bulky
portable cassette tape players, and people make voice calls mostly via
digital mobile phones and voice communication software in their com-
puters. Thanks to the evolution of digital signal processing technologies, we now focus mostly
on processing sounds not as analog electrical signals, but rather as digital files or data streams in
a computer or digital device. We can do a lot more with digital sound processing, such as
transcribe speech into text, identify persons speaking, recognize music from humming, remove
noises much more efficiently, add special effects, and so much more. Thus, today we think of
sound capture as the problem of digitally processing the signals captured by microphones so as
to improve their quality for best performance in digital communications, broadcasting,
recording, recognition, classification, and other applications.

This book by Ivan Tashev provides a comprehensive yet concise overview of the funda-
mental problems and core signal processing algorithms for digital sound capture, including
ambient noise reduction, acoustic echo cancellation, and reduction of reverberation. After
introducing the necessary basic aspects of digital audio signal processing, the book presents
basic physical properties of sound and propagation of sound waves, as well as a review of
microphone technologies, providing the reader with a strong understanding of key aspects of
digitized sounds. The book discusses the fundamental problems of noise reduction, which are
usually solved via techniques based on statistical models of the signals of interest (typically
voice) and of interfering signals. An important discussion of properties of the human auditory
system is also presented; auditory models can play a very important role in algorithms for
enhancing audio signals in communication and recording/playback applications, where the
final destination is the human ear.

Microphone arrays have become increasingly important in the past decade or so. Thanks to
the rapid evolution and reduction in cost of analog and digital electronics in recent years, it is
inexpensive to capture sound through several channels, using an array of microphones. That
opens new opportunities for improving sound capture, such as detecting the direction of
incoming sounds and applying spatial filtering techniques. The book includes two excellent
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chapters whose coverage goes from the basics of microphone array configurations and delay-
and-sum beamforming, to modern sophisticated algorithms for high-performance multichan-
nel signal enhancement.

Acoustic echoes and reverberation are the two most important kinds of signal degradations in
many sound capture scenarios. If you’re a professional singer, you probably don’t mind holding
amicrophone or wearing a headset with a microphone close to your mouth, but most of us prefer
microphones to be invisible, far away from our mouths. That means microphone will capture
not only our own voices, but also reverberation components because of sound reflections from
nearby walls, as well as echoes of signals that are being played back from loudspeakers.
Removing such undesirable artifacts presents significant technical challenges, which are well
addressed in the final two chapters, which present modern algorithms for tackling them.

A key quality of this book is that it presents not only fundamental theoretical analyses,
models, and algorithms, but it also considers many practical aspects that are very important for
the design of real-world engineering solutions to sound capture problems. Thus, this book
should be of great appeal to both students and engineers.

I have had the pleasure of working with Ivan on research and development of sound capture
systems and algorithms. His enthusiasm, deep engineering and mathematical knowledge, and
pragmatic approaches were all contagious. His work has had significant practical impact, for
example the introduction of multichannel sound capture and processing modules in the
Microsoft Windows operating system. 1 have learned a considerable amount about sound
capturing and processing from my interactions with Ivan, and I am sure you will, as well, by
reading this book. Enjoy!

Henrique Malvar
Managing Director
Microsoft Research

Redmond Laboratory



Preface

Capturing and processing sounds is critical in mobile and handheld devices, communication
systems, and computers using automatic speech recognition. Devices and technologies for
proper conversion of sounds to electric signals and removing unwanted parts, such as noise and
reverberation, have been used since the first telephones. They evolved, becoming more and
more complex. In many cases the existing algorithms exceed the abilities of typical processors
in these devices and computers to provide real-time processing of the captured signal.

This book will discuss the basic principles for building an audio processing stack, sound
capturing devices, single-channel speech-enhancement algorithms, and microphone arrays for
sound capture and sound source localization. Further, algorithms will be described for acoustic
echo cancellation and de-reverberation — building blocks of a sound capture and processing
stack for telecommunication and speech recognition. Wherever possible the various algorithms
are discussed in the order of their development and publication. In all cases the aim is to try to
give the larger picture — where the technology came from, what worked and what had to be
adapted for the needs of audio processing. This gives a better perspective for further
development of new audio signal processing algorithms.

Even the best equations and signal processing algorithms are not worth anything before
being implemented and verified by processing of real data. That is why, in this book, stress is
placed on experimenting with recorded sounds and implementation of the algorithms. In
practice, frequently a simpler model with fewer parameters to estimate works better than a more
precise but more complex model with a larger number of parameters. With the latter one has
either to sacrifice estimation precision or to increase the estimation time. This balance of
simplicity, precision, and reaction time is critical for real-time systems, where on top of
everything we have to watch out for parameters such as latency, consumed memory, and CPU
time.

Most of the algorithms and approaches described in this book are based on statistical models.
In mathematics, a single example cannot prove but can disprove a theorem. In statistical signal
processing, a single example is . .. just a sample. What matters is careful evaluation of the
algorithms with a good corpus of speech or audio signals, distributed in their signal-to-noise
ratios, type of noise, and other parameters — as close as possible to the real problem we are trying
to solve.

The solution of practically any signal processing problem can be improved by tuning the
parameters of the algorithm, provided we have a proper criterion for optimality. There are
always adaptation time constants, thresholds, which cannot be estimated and their values
have to be adjusted experimentally. The mathematical models and solutions we use are usually
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optimal in one or another way. If they reflect properly the nature of the process they model, then
we have a good solution and the results are satisfactory. In all cases it is important to remember
that we do not want a “minimum mean-square error solution,” or a “maximum-likelihood
solution,” or even a “log minimum mean-square error solution.” We do not want to improve
the signal-to-noise ratio. What we want is for listeners to perceive the sound quality of the
processed signal as better — improved — compared to the input signal. From this perspective,
the final judge of how good is an algorithm is the human ear, so use it to verify the solution.
Hearing is an important sense for humans and animals. In many places in this book are provided
examples of how humans and animals hear and localize sounds — this explains better some
signal processing approaches and brings biology-inspired designs for sound capture and
processing systems.

In many cases the signal processing chain consists of several algorithms for sound capture
and speech enhancement. The practice shows us that a sequence of separately optimized
algorithms usually provides suboptimal results. Tuning and optimization of the designed sound
capturing system end-to-end is a must if we want to achieve best results.

For further information please visit http://www.wiley.com/go/tashev_sound

Ivan Tashev
Redmond, WA
USA
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