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Preface

Real-time digital signal processing (DSP) using general-purpose DSP processors is very
challenging work in today’s engineering fields. It promises an effective way to design,
experiment, and implement a variety of signal processing algorithms for real-world
applications. With DSP penetrating into various applications, the demand for high-
performance digital signal processors has expanded rapidly in recent years. Many
industrial companies are currently engaged in real-time DSP research and development.
It becomes increasingly important for today’s students and practicing engineers to
master not only the theory of DSP, but equally important, the skill of real-time DSP
system design and implementation techniques.

This book offers readers a hands-on approach to understanding real-time DSP
principles, system design and implementation considerations, real-world applications,
as well as many DSP experiments using MATLAB, C/C++, and the TMS320C55x. This
is a practical book about DSP and using digital signal processors for DSP applications.
This book is intended as a text for senior/graduate level college students with emphasis
on real-time DSP implementations and applications. This book can also serve as a
desktop reference for practicing engineer and embedded system programmer to learn
DSP concepts and to develop real-time DSP applications at work. We use a practical
approach that avoids a lot of theoretical derivations. Many useful DSP textbooks with
solid mathematical proofs are listed at the end of each chapter. To efficiently develop a
DSP system, the reader must understand DSP algorithms as well as basic DSP chip
architecture and programming. It is helpful to have several manuals and application
notes on the TMS320C55x from Texas Instruments at http://www.ti.com.

The DSP processor we will use as an example in this book is the TMS320C55x, the
newest 16-bit fixed-point DSP processor from Texas Instruments. To effectively illustrate
real-time DSP concepts and applications, MATLAB will be introduced for analysis and
filter design, C will be used for implementing DSP algorithms, and Code Composer
Studio (CCS) of the TMS320C55x are integrated into lab experiments, projects, and
applications. To efficiently utilize the advanced DSP architecture for fast software
development and maintenance, the mixing of C and assembly programs are emphasized.

Chapter 1 reviews the fundamentals of real-time DSP functional blocks, DSP hard-
ware options, fixed- and floating-point DSP devices, real-time constraints, algorithm
development, selection of DSP chips, and software development. In Chapter 2, we
introduce the architecture and assembly programming of the TMS320C55x. Chapter
3 presents some fundamental DSP concepts in time domain and practical considerations
for the implementation of digital filters and algorithms on DSP hardware. Readers who
are familiar with these DSP fundamentals should be able to skip through some of these
sections. However, most notations used throughout the book will be defined in this
chapter. In Chapter 4, the Fourier series, the Fourier transform, the z-transform, and
the discrete Fourier transforms are introduced. Frequency analysis is extremely helpful
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in understanding the characteristics of both signals and systems. Chapter 5 is focused on
the design, implementation, and application of FIR filters; digital IIR filters are covered
in Chapter 6, and adaptive filters are presented in Chapter 8. The development,
implementation, and application of FFT algorithms are introduced in Chapter 7. In
Chapter 9, we introduce some selected DSP applications in communications that have
played an important role in the realization of the systems.

As with any book attempting to capture the state of the art at a given time, there will
necessarily be omissions that are necessitated by the rapidly evolving developments in
this dynamic field of exciting practical interest. We hope, at least, that this book will
serve as a guide for what has already come and as an inspiration for what will follow. To
aid teaching of the course a Solution Manual that presents detailed solutions to most of
the problems in the book is available from the publisher.

Availability of Software

The MATLAB, C, and assembly programs that implement many DSP examples and
applications are listed in the book. These programs along with many other programs
for DSP implementations and lab experiments are available in the software package
at  http://www.ceet.niu.edw/faculty/kuo/books/rtdsp.html and http://pages.prodigy.net/
sunheel/web/dspweb.htm. Several real-world data files for some applications introduced
in the book also are included in the software package. The list of files in the software
package is given in Appendix D. It is not critical you have this software as you read the
book, but it will help you to gain insight into the implementation of DSP algorithms, and it
will be required for doing experiments at the last section of each chapter. Some of these
experiments involve minor modification of the example code. By examining, studying and
modifying theexample code, the software can also beused asa prototype for other practical
applications. Every attempt has been made to ensure the correctness of the code. We would
appreciate readers bringing to our attention (kuo@ceet.niu.edu) any coding errors so that
we can correct and update the codes available in the software package on the web.
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