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CHAPTER

Introduction to Digital
Speech Processing

This book is about subjects that are as old as the study of human language and as new
as the latest computer chip. Since before the time of Alexander Graham Bell’s revolu-
tionary invention of the telephone, engineers and scientists have studied the processes
of speech communication with the goal of creating more efficient and effective sys-
tems for human-to-human and (more recently) human-to-machine communication. In
the 1960s, digital signal processing (DSP) began to assume a central role in speech
communication studies, and today DSP technology enables a myriad of applications of
the knowledge that has been gained over decades of research. In the interim, con-
comitant advances in integrated circuit technology, DSP algorithms, and computer
architecture have aligned to create a technological environment with virtually limitless
opportunities for innovation in speech processing as well as other fields such as image
and video processing, radar and sonar, medical diagnosis systems, and many areas of
consumer electronics. It is important to note that DSP and speech processing have
evolved hand-in-hand over the past 50 years or more, with speech applications stimu-
lating many advances in DSP theory and algorithm research and those advances finding
ready applications in speech communication research and technology. It is reasonable
to expect that this symbiotic relationship will continue into the indefinite future.

In order to fully appreciate a technology such as digital speech processing, three
levels of understanding must be reached: the theoretical level (theory), the conceptual
level (concepts), and the working level (practice). This technology pyramid is depicted
in Figure 1.1." In the case of speech technology, the theoretical level is comprised
of the acoustic theory of speech production, the basic mathematics of speech signal
representations, the derivations of various properties of speech associated with each
representation, and the basic signal processing mathematics that relates the speech
signal to the real world via sampling, aliasing, filtering, etc. The conceptual level is
concerned with how speech processing theory is applied in order to make various
speech measurements and to estimate and quantify various attributes of the speech
signal. Finally, for a technology to realize its full potential, it is essential to be able to

'We use the term “technology pyramid” (rather than “technology triangle”) to emphasize the fact that each
layer has breadth and depth and supports all higher layers.
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Concepts

Theory

FIGURE 1.1

The technology pyramid—theory,
concepts, and practice.

convert theory and conceptual understanding to practice; that is to be able to imple-
ment speech processing systems that solve specific application problems. This process
involves knowledge of the constraints and goals of the application, engineering trade-
offs and judgments, and the ability to produce implementations in working computer
code (most often as a program written in MATLAB®, C, or C++) or as specialized
code running on real-time signal processing chips [e.g., application specific integrated
circuits (ASICs), field programmable gate arrays (FPGAs), or DSP chips].

The continuous improvement of digital implementation technology capabili-
ties, in turn, opens up new application areas that once were considered impossible
or impractical, and this is certainly true in digital speech processing. Therefore, our
approach in this book is to emphasize the first two levels, but always to keep in mind
the ultimate technology payoff at the third (implementation) level of the technology
pyramid. The fundamentals and basic concepts of the field of digital speech processing
will certainly continue to evolve and expand, but what has been learned in the past
50 years will continue to be the basis for the applications that we will see in the next
decades. Therefore, for every topic in speech processing that is covered in this book, we
will endeavor to provide as much understanding as possible at the theory and concepts
level, and we will provide a set of exercises that enable the reader to gain expertise at
the practice level (usually via MATLAB exercises included within the problems at the
end of each chapter).

In the remainder of this introductory chapter we begin with an introduction to the
speech communication process and the speech signal and conclude with a survey of the
important application areas for digital speech processing techniques. The remainder of
the text is designed to provide a solid grounding in the fundamentals and to highlight
the central role of DSP techniques in modern speech communication research and
applications. Our goal is to present a comprehensive overview of digital speech pro-
cessing that ranges from the basic nature of the speech signal, through a variety of
methods of representing speech in digital form, to overviews of applications in voice
communication and automatic synthesis and recognition of speech. In the process we
hope to provide answers to such questions as:

* What is the nature of the speech signal?
¢ How do DSP techniques play a role in learning about the speech signal?
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* What are the basic digital representations of speech signals, and how are they
used in algorithms for speech processing?

* What are the important applications that are enabled by digital speech pro-
cessing methods?

We begin our study by taking a look at the speech signal and getting a feel of its
nature and properties.

THE SPEECH SIGNAL

The fundamental purpose of speech is human communication; i.e., the transmission
of messages between a speaker and a listener. According to Shannon’s information
theory [364], a message represented as a sequence of discrete symbols can be quanti-
fied by its information content in bits, where the rate of transmission of information is
measured in bits per second (bps). In speech production, as well as in many human-
engineered electronic communication systems, the information to be transmitted is
encoded in the form of a continuously varying (analog) waveform that can be trans-
mitted, recorded (stored), manipulated, and ultimately decoded by a human listener.
The fundamental analog form of the message is an acoustic waveform that we call
the speech signal. Speech signals, such as the one illustrated in Figure 1.2, can be con-
verted to an electrical waveform by a microphone, further manipulated by both analog
and digital signal processing methods, and then converted back to acoustic form by a
loudspeaker, a telephone handset, or headphone, as desired. This form of speech pro-
cessing is, of course, the basis for Bell’s telephone invention as well as today’s multitude
of devices for recording, transmitting, and manipulating speech and audio signals. In
Bell’s own words [47],

Watson, if I can get a mechanism which will make a current of electricity vary its
intensity as the air varies in density when sound is passing through it, I can telegraph
any sound, even the sound of speech.

Although Bell made his great invention without knowing about information theory,
the principles of information theory have assumed great importance in the design
of sophisticated modern digital communications systems. Therefore, even though our
main focus will be mostly on the speech waveform and its representation in the
form of parametric models, it is nevertheless useful to begin with a discussion of the
information that is encoded in the speech waveform.

Figure 1.3 shows a pictorial representation of the complete process of producing
and perceiving speech—from the formulation of a message in the brain of a speaker,
to the creation of the speech signal, and finally to the understanding of the message by
a listener. In their classic introduction to speech science, Denes and Pinson appropri-
ately referred to this process as the “speech chain” [88]. A more refined block diagram
representation of the speech chain is shown in Figure 1.4. The process starts in the
upper left as a message represented somehow in the brain of the speaker. The mes-
sage information can be thought of as having a number of different representations
during the process of speech production (the upper path in Figure 1.4). For example



