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Preface

This book is an outgrowth of an association between the authors which started as
fellow graduate students at MIT, was nurtured by a close collaboration at Bell
Laboratories for slightly over 6 years, and has continued ever since as colleagues and
close friends. The spark which ignited formal work on this book was a tutorial paper
on digital representations of speech signals which we prepared for an IEEE Proceed-
ings special issue on Digital Signal Processing, edited by Professor Alan Oppenheim
of MIT. At the time we wrote that paper we realized that the field of digital speech
processing had matured sufficiently that a book was warranted on the subject.

Once we convinced ourselves that we were both capable of and ready to write
such a text, a fundamental question concerning organization had to be resolved. We
considered at least 3 distinct ways of organizing such a text and the problem was
deciding which, if any, would provide the most cohesive treatment of this field. The
3 organizations considered were

1. According to digital representations
2. According to parameter estimation problems
3. According to individual applications areas.

After much discussion it was felt that the most fundamental notions were those
related to digital speech representations and that a sound understanding of such
representations would allow the reader both to understand and to advance the
methods and techniques for parameter estimation and for designing speech process-
ing systems. Therefore, we have chosen to organize this book around several basic
approaches to digital representations of speech signals, with discussions of specific
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parameter estimation techniques and applications serving as examples of the utility
of each representation.

The formal organization of this book is as follows. Chapter 1 provides an
introduction to the area of speech processing, and gives a brief discussion of applica-
tion areas which are directly related to topics discussed throughout the book.
Chapter 2 provides a brief review of the fundamentals of digital signal processing.
It is expected that the reader has a solid understanding of linear systems and Fourier
transforms and has taken, at least, an introductory course in digital signal processing.
Chapter 2 is not meant to provide such background, but rather to establish a notation
for discussing digital speech processing, and to provide the reader with handy access
to the key equations of digital signal processing. In addition, this chapter provides
an extensive discussion of sampling, and decimation and interpolation, key processes
that are fundamental to most speech processing systems. Chapter 3 deals with digital
models for the speech signal. This chapter discusses the physical basis for sound
production in the vocal tract, and this leads to various types of. digital models to
approximate this process. In addition this chapter gives a brief introduction to
acoustic phonetics; that is, a discussion of the sounds of speech and some of their
physical properties.

Chapter 4 deals with time domain methods in speech processing. Included in
this chapter are discussions of some fundamental ideas of digital speech processing—
e.g., short-time energy, average magnitude, short-time average zero-crossing rate,
and short-time autocorrelation. The chapter concludes with a section on a nonlinear
smoothing technique which is especially appropriate for smoothing the time-domain
measurements discussed in this chapter. Chapter 5 deals with the topic of direct
digital representations of the speech waveform—i.e., waveform coders. In this chapter
the ideas of instantaneous quantization (both uniform and nonuniform), adaptive
quantization, differential quantization, and predictive coding (both fixed and adap-
tive) are discussed and are shown to form the basis of a variety of coders from
simple pulse code modulation (PCM) to adaptive differential PCM (ADPCM) coding.

Chapter 6 is the first of two chapters that deal with spectral representations of
speech. This chapter concerns the ideas behind short-time Fourier analysis and
synthesis of speech. This area has traditionally been the one which has received most
attention by speech researchers since some of the key speech processing systems,
such as the sound spectograph and the channel vocoder, are directly related to the
concepts discussed in this chapter. Here it is shown how a fairly general approach to
speech spectral analysis and synthesis provides a framework for discussing a wide
variety of speech processing systems, including those mentioned above. Chapter 7,
the second chapter on spectral representations of speech, deals with the area of
homomorphic speech processing. The idea behind homomorphic processing of speech
is to transform the speech waveform (which is naturally represented as a convolution)
to the frequency domain as a sum of terms which can be separated by ordinary
linear filtering techniques. Techniques for carrying out this procedure are discussed
in this chapter, as are several examples of applications of homomorphic speech
processing.

Chapter 8 deals with the topic of linear predictive coding of speech. This repre-
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sentation is based upon a minimum mean-squared error approximation to the time-
varying speech waveform, subject to an assumed linear system model of the speech
signal. This method has been found to be a robust, reliable, and accurate method for
representing speech signals for a wide variety of conditions.

The final chapter, Chapter 9, provides a discussion of several speech processing
systems in the area of man-machine communication by voice. The purpose of this
chapter is twofold: first, to give concrete examples of specific speech processing
systems which are used in real world applications, and second, to show how the
ideas developed throughout the book are applied in representative speech processing
systems. The systems discussed in this chapter deal with computer voice response,
speaker verification and identification, and speech recognition.

The material in this book is intended as a one-semester course in speech process-
ing. To aid the teaching process, each chapter (from Chapter 2 to Chapter 8) con-
tains a set of representative homework problems which are intended to reinforce the
ideas discussed in each chapter. Successful completion of a reasonable percentage
of these homework problems is essential for a good understanding of the mathematical
and theoretical concepts of speech processing. However, as the reader will see, much
of speech processing is, by its very nature, empirical. Thus, some “‘hands on’’ experi-
ence is essential to learning about digital speech processing. In teaching courses
based on this book, we have found that a first order approximation to this experience
can be obtained by assigning students a term project in one of the following three
broad categories:

1. A literature survey and report
2. A hardware design project
3. A computer project

Some guidelines and lists of suggested topics for the three types of projects are given
at the end of Chapter 9. We have found that these projects, although demanding,
have been popular with our students. We strongly encourage other instructors to
incorporate such projects into courses using this book.
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1

Introduction

1.0 Purpose of This Book

The purpose of this book is to show how digital signal processing techniques
can be applied in problems related to speech communication. Therefore, this
introductory chapter is devoted to a general discussion of questions such as:
what is the nature of the speech signal, how can digital signal processing tech-
niques play a role in learning about the speech signal, and what are some of the
important application areas of speech communication in which digital signal
processing techniques have been used?

1.1 The Speech Signal

The purpose of speech is communication. There are several ways of character-
izing the communications potential of speech. One highly quantitative approach
is in terms of information theory ideas as introduced by Shannon [1]. Accord-
ing to information theory, speech can be represented in terms of its message
content, or information. An alternative way of characterizing speech is in terms
of the signal carrying the message information, i.e., the acoustic waveform.
Although information theoretic ideas have played a major role in sophisticated
communications systems, we shall see throughout this book that it is the speech
representation based on the waveform, or some parametric model, which has
been most useful in practical applications.



In considering the process of speech communication, it is helpful to begin
by thinking of a message represented in some abstract form in the brain of the
speaker. Through the complex process of producing speech, the information in
that message is ultimately converted to an acoustic signal. The message infor-
mation can be thought of as being represented in a number of different ways in
the process of speech production. For example, the message information is
first converted into a set of neural signals which control the articulatory
mechanism (that is, the motions of the tongue, lips, vocal cords, etc.). The
articulators move in response to these neural signals to perform a sequence of
gestures, the end result of which is an acoustic waveform which contains the
information in the original message.

The information that is communicated through speech is intrinsically of a
discrete nature; i.e., it can be represented by a concatenation of elements from
a finite set of symbols. The symbols from which every sound can be classified
are called phonemes. Each language has its own distinctive set of phonemes,
typically numbering between 30 and 50. For example, English can be
represented by a set of around 42 phonemes. (See Chapter 3.)

A central concern of information theory is the rate at which information
is conveyed. For speech a crude estimate of the information rate can be
obtained by noting that physical limitations on the rate of motion of the articu-
lators require that humans produce speech at an average rate of about 10
phonemes per second. If each phoneme is represented by a binary number,
then a six-bit numerical code is more than sufficient to represent all of the
phonemes of English. Assuming an average rate of 10 phonemes per second
and neglecting any correlation between pairs of adjacent phonemes we get an
estimate of 60 bits/sec for the average information rate of speech. In other
words, the written equivalent of speech contains information equivalent to 60
bits/sec at normal speaking rates. Of course a lower bound on the "true" infor-
mation content of speech is considerably higher than this rate. The above esti-
mate does not take into account factors such as the identity and emotional state
of the speaker, the rate of speaking, the loudness of the speech, etc.

In speech communication systems, the speech signal is transmitted,
stored, and processed in many ways. Technical concerns lead to a wide variety
of representations of the speech signal. In general, there are two major con-
cerns in any system:

1. Preservation of the message content in the speech signal.

2. Representation of the speech signal in a form that is convenient for
transmission or storage, or in a form that is flexible so that
modifications may be made to the speech signal without seriously
degrading the message content.

The representation of the speech signal must be such that the information con-

tent can easily be extracted by human listeners, or automatically by machine.
Throughout this book we shall see that representations of the speech signal
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