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FOREWORD

In technology. the most important advances and those with the most significant
consequences are not always obvious to the eventual users of the product.
Modern methods for the digital processing of signals fall into this category as
their consequences are still not generally recognized. and they do not hit the
headlines in the popular press.

It is interesting to reflect bricfly on how these techniques have evolved.
Signal processing by digital calculation in the widest sense of the term is certainly
not a new idea in itself. When Kepler developed his laws of planetary motion from
the series of observations by his brother-in-taw. Tycho-Brahé. he was actually
studying digital signal processing. where the signal was the time series of Tycho-
Brahé's observations of the planetary positions, However. it is only over the last
few decades that digital signal processing has become a discipline in itself: The
novel feature is that clectrical signals can now be processed in real time using
digital methods.

Before this could become possible, a sequence of technical developments had
to occur in many fields. The most important of these was undoubtedly the
fundamental need for the data to be available as an clectrical signal. This led to
the development of a wide range of devices that are sometimes called data
transducers. These range in complexity from radar tu the simple strain gauge.
whirh required a considerable amount of research into the physics of solids bejore
it became possible.

It was then necessary to develop the technological tools which allow
arithmetic opcrations to be carried out at the very high rates required by real time
processing. This was achieved through extensive progress in microclectronics.
[oday. it is quite commor. to use a microprocessor weighing only a few grammes
and consuming milliwatts of electrical power, and with a mean time between
failures of more than 10 years, to perform calculations which carly
computers took several hours to achieve, and often with frequent interruptions
due to machine breakdowns. Indeed, the first electronic computer, ENIAC, was
built only some forty ycars agc.

Finally, programming methods had to be refined and optimized- because.
whatever the impressive calculation capacities of modern microprocessors, their
potential should not be wasted in performing redundant operations. The
development of algorithms for fast Fourier transforms is one of the most striking
examples of the importance of improved programming methods.

Xt



xii FOREWORD

This convergence of technological progress in widely varying fields, whether
dependent on physics, electronics or mathematics, has not occurred accidentally.
-Toa certain degree, advances in one field created new demands which were met
by advances in other disciplines. An examination of this relationship will
_'undoubtedly have great implication for future studies in the history and
epistemology of science and technology.

The immediate consequences of these developments are considerat¥&.
Analogue processing of electrical signals preceded digital processing, and will
continue to be important in certain applications. Howevei, the advantages of
digital processing, paraphrased in the words ‘accuracy’ and ‘reliability’, have
themselves encouraged applications far beyond the electronics and tele-
communications fields from which they sprang. To quote only oue example, X-
ray tomography (or scanning) is based on a theorem derived by Radon in 1917
However, it was not until the developments outlined above were made that this
new diagnostic medical tool could become a practical reality. It is certain that, in
the future, digital signal processing techniques will be involved in a wider range of
products, including those used by the general public, who, while benefiting from
the resulting advantages in price, performance and reliability will not always be
aware of the considerable infrastructure of research, technology and invention
that was involved. This stage has already been reached in the domestic television
market. ’

Almost inevitably, such a technological revolution leads 1o a further
difficulty—user training. For the user, not only is a new tool involved, but also
often a new way of thinking. If care is not taken, this training stage could become
a major obstacle in the introduction of new techniques. This is why this book by
M. Bellanger is important. It is based on a course given for several years at the
Ecole Nationale Supérieure des Télécommunications and at the Institut Supérieur
d’Electronique 1n Paris. With its textbook style and its extensive exercises, this
book will be frequently used. and will undoubtedly play a role in speeding the
evolution of this important technological advance.

P. AIGRAIN



PREFACE

Innovation requires an engineer to give material ferm to his knowledge and to
determine the potentidl offered by new techniques which have been discovered
and developed in research laboratories. The use of digital techniques in signal
processing opens up a wide range of potential advantages such as precise systems
design, equipment standardization and stability of performance characteristics,
as well as ease of monitoring and control. However, these techniques involve a
certain degree of abstraction and their practical application demands a basis of
theoretical knowledge, which is often considered to be more familiar, or at least
more readily accessible, to the research worker than to the engineer. This can
represent an obstacle to their utilization. It is the aiia of this book to overcome
this obstacle and to facilitate access to digital techniques by relating theory and
practice. and by placing thz most valuable results in this field within the reach of
the working engineer.

The book is based upon a course given for scveral years at the Ecole
Nationale Supérieure des Télécommunications and the Institut Supérieur
d’Electionique in Paris. The guthor has attempted o give a clear and concise
discussion of the technical principles of digital processing, to compare the merits
of the various techniques, and to present the most valuable results in a form
suitable for immediate implementation in system design and for rapid evaluation
of a project which is to be developed on a short time scale. Theoretical treatment
has been reduced to that which is strictly necessary for good comprehension and
for correct application of the results. Additional material can be found in the
references to each chapter. At the end of each chapter there are several exercises
which are often based on concrete examples. These allow the reader to test his
understanding of the material in the chapter and to become familiar with its use,

The book is also intended for research workers, for whom it not only gives a
collection of useful results, but indicates possible directions for their research by
displaying the constraints of technological reality. Some results are also given
which are taken from research papets by the author and his colleagues. In order
to establish a dialogue with research workers and to be able to communicate their
discoveries to the technology as quickly as possible, the engineer should be
involved with the scientific work and should make his own contribution to’
gresearch. Through his daily contact with the practical aspects of implementation,
he can not only evaluate and consolidate the results of research, but can also open
up new paths.

xiii
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INTRODUCTION

Pocket calculators can be found today in every child’s schoolbag. Thanks to a
tiny electronic circuit, they are capable of performing the four basic numerical
operations of addition, subtraction, multiplication and division. They can also
store data in a memory, find percentages or even perform running totals. When
such simple and familiar functions can be peformed by tiny and inexpensive
machines. it is not surprising that they should extend their influence from their
original area of information processing to every other aspect of technology.
Instrumentation systems and industrial production equipment are examples
of how the search for precision and safety has led to digitaily controlled
machine tools. However, it is in signal processing that one of the best illustrations
of the opportunities for digital techniques is to be found. Indeed, these techniques
have led to simplifications in design and implementation that are essential for the
widespread development of this supposedly difficult and abstract field. They
reduce the most complicated functions to a sequence of elementary operations.

The signal is the carrier of intelligence in these systems. It transmits the
commands in the control equipment, and it conveys words or images over
information networks. It is particularly fragile and has to be handled with great
care. The processing that it undergoes is intended to extract information, modify
the message that it carries, or adapt it to the method of transmission. This is where
digital techniques are involved. If a signal can be replaced by a sct of numbers
which are stored in a memory and represent its amplitude at suitably chosen
instants of time, then the processing, even in its most complicated form, reduces to
a sequence of arithmetic and logic operations on this set of numbers.

The conversion of a continuous analogue signal to a digital form is either
performed by processors operating on recordings of the signal, or carried directly
in the equipment which sends or receives the signal. The operations which follow
this conversion are accomplished on suitably programmed digital computers.
These techniques are applied in very different fields, and they are encountered in
automation, industrial processes, acronautics, radar systems, telecommuni-
cations, telemetry, medical instrumentation and geophysics.

Before introducing the various chapters of this book, it is appropriate to give
a more precise discussion of the type of processing that is involved. The term
digital signal processing is used to describe the complete set of operations,
arithmetic calculations and numerical manipulations which are performed on the

XV



xvi INTRODUCTION

group of numbers representing the signal to be processed, in order to produce
another set of numbers representing the processed signal. Many different
functions can be performed in this way: spectral analysis, linear or non-linear
filtering, transcoding, modulation, detection, and estimation and extraction of
parameters. Digital computers are used in all of these applications and the
processing obeys the laws of discrete systems. The numbers on which they
operate can, in certain cases, be derived from a discrete process. However, more
often they represent the amplitudes of samples of a continuous signal, and in this
case, the computer follows an analogue-digital converter and, eventually,
precedes a digital-analogue converter. Signal digitization is of fundamental
importance in the design of such systems and in the study of their operation, and
it is necessary to examine sampling and coding. Distribution theory forms a
concise approach, which is simple and effective for this analysis. After giving some
of the background to Fourier analysis, distributions and the representation of
signals, the first chapter presents the results which are of most use in the sampling
and coding of a signal.

Digital processing began with the development of algorithms for the fast
calculation of the discrete Fourier transform. This transform is the basis for the
study of discrete systems and is the digital equivalent of the Fourier transform in
the analogue case. It is the mechanism for passing from a discrete time space toa
discrete frequency space. It appears naturally in spectral analysis using a
step in the frequency domaim which is a factor of the sampling frequency of the
signal to be analysed.

Fast calculatiori algorithms improve performance to such an extent that
they allow real time calculations to be pe rformed in many applications, provided
certain basic conditions are fulfilled. Thus, the discrete Fourier transform not
only forms a basic tool for determining the characteristics of a process and in its
effect on the signal, but further, it gives a basis for the design of suitable equipment
whenever a spectral analysis is involved, for example, in systems involving banks -
of filters or when, through the power of its algorithms, it leads to an advantageous
approach for a filtering circuit. Chapters 2 and 3 are devoted to this subject.
They present the elementary properties of the fast algorithms and- the
mechanics of their application. They also present a unified treatment of the
algorithms and discuss possible developments. As for the system, the discrete
Fourier transform computer is a discrete linear system, and is invariant in time.

Most, of the present text is based on the study of one-dimensional time-

Iinvag‘zmt' discrete linear systems. From the point of view of digital signah
" processing, these are the most important, the most readily accessible and the most
useful. Multi-dimensional systems, in particular those with two dimensions, have
undergone a certain degree of development. They are applied, for example, to-
image analysis; however, their properties are generally deduced from those of:
. one-dimensional systems, of which they are often only simple extensions. Nona.
linear systems or systems which are variable in time either contain a large sub-set
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which has the properties of linearity and time invariance, or one which can be
analysed using the same technigues.

Linearity and time invariance involve the existence of a convolution relation
which governs the operation of the system, or involve a filter with the same
properties. This convolution equation is defined using the response of the system
to an elementary impulse, the impulse response. Thus, if x(t) denotes the signal to.
be filtered and hA(t) is the impulse response of the filter, the filtered signal y(¢) is
given by the equation:

yu:.zf' hizixle —1) de

This type of equation, even though it directly represents the real operation of the
filter, is of limited interest in practice. This is because it is difficult to détermine the
impulse response from the criteria which define the intended filtering operation.
Also, an equation involving an integral does not allow the behaviour of the
fiiter to be readily discovered or verified. The design is much more easily obtained
in frequency space because the Laplace or Fourier transforms allow access to a
transformed space in which the convolution equations of amplitude-time space
become simple products of functions. Fourier transformation produces the
frequency response which corresponds to the impulse response of the system, and
filtering amounts to_producing this frequency response through the Fourier
transform, or the spectrum, of the signal to be filtered.

In digital systems, which are discrete in character, convolution is performed
by summation. The filter is defined by a set of numbers which defines its impulse
response. Thus, if the set to be filtercd is x(n), the filtered set y(n) is expressed by
the following summation, where n and m are integers:

y(n)=Y h(mx(n—m)

Two cases are then possible. Firstly, the summation can be performed overa
finite number of terms, that is to say, all the h(m) are zero except for a finite
number of values of the integer variable m. The filter is said to have a finite
impulse response. By reference to its construction, it is also said to be non-
recursive, because its implementation does not require a feed-back loop from the
output tothe input. It has a finite memory, as it only stores an elementary signal,
such as an impulse, for a short time. The numbers h(m) are called the coefficients
of the filter, and define it completely. They can be calculated in a very simple
direct manner, for example, by performing the Fourier series expanswn of the.:
frequency response to be achieved. This type of filter has some very impo#tant,
basic characteristics. For.example, it is possible to create a strictly linear phases
response, i.e., a constant group delay. Signals whose components are in the pass
band of the filter are not deformed when passing through it. This potential is used,
for example, in data transmission systems or in s;ectral analysis.
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Secondly, the summation can be performed over an infinite number of terms.
as there are an infinite number of nor-sero fitm). The filter is said to have an
infinite impulse response o1 to be of the recursive type, because it requires a feed-
back foop from the output to the input. s oncration is governed by an equation
according to which anelement of the output set v(n) is calculated by the weighted
summation of a certzin number of elements of the input set x(n) and of a certain
anmber of elements of the preceding output set. For example. if L and K are
integers. the operasion of the filter can be defined by

i [
Vi) = Z ax{rn—~[)— Z bovin— k)
=0 - k=1
The numbersa, U=0.1.. . Lyand b, (k=0.1. ... L} are the coefficients. As with
anatogue filters, this type of filter cannot generally be analysed directly. It is
recessary to change 1o a tiansformed space using. for example. the Laplace or
Fourier transforms. However, for discrete systems. a more suitable equivalent
transform, the Z-transform. is available. A filter is described by its Z-transfer
function. generally denoted by H(Z). which involves the two sets of coefficients:

H{(Z)= ZL}?AQ_:,A

The freguency sesponse of the filter is obtained by replacing the variable Z in
FZ 1 by the foltowing expression. where f denotes the frequency and T is the
sampling pericd of the signals:

7 — clf.‘:l !

In this operation. the imaginary axis in the Laplace plane corresponds to a
circle of und radius, contred on the origin in the Z-space. [t s readily apparent
that the frequency response of the filter defined by H(Z) is a periodic function
with the sampling frequency as its period. Another wpresentation of the function
HiZ )V is useful for the design of filters and involves the roots of the numerator,
calted the zeros of the filter, Z, (/-=1.2..... L). and the roots of the denominator.
caltled the poles. P, tk=1.2, ..., Ky}

[T -2z
HfZl =iy I‘]f—;[ “ - PkZ -1 )

The term ag is a seale factor which defines the gain of the filter. The condition for
the stability 1s expressed very simply by the constraint that all the poles should be
inside the unit cirele. The positions of the poles and the zeros relative to the unit
circle allow a very simple and commonly used representation of the filter
charictenistios.

A gronip of four chrapters s devoted to the study of the properties of these
digial filters. Chapter 4 discusses the properties of discrete time-invariant linear
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systems, reviews the principal properties of the Z-ransfo m. and gives the

necessary elements for studying the filters. Chapter S discusses finite impulse '
response filters. Their properties are considered, together with the techniques for

calculating the coefficients, and the structures for their realization. As infinite

impulse response filters are generally formed as a cascade arrangement of
fundamental ele.aents of the first and second order, Chapter 6 describes these

elements and their properties. These elements considerably simplify the approach

to this type of system and provide a set of results which are of use in practical

applications. Chapter 7 describes the methods for calculating the coefficients of
infinite impulse response filters and discusses the problems of their realization.

with the limitations that are implied, and their consequences, in particular for

round off noise. .

As infinite impulse response filters have properties comparable to those of
continuous analogue filters, it is natural to consider their realization in structures
of the same type as are presently used in analogue filtering. This is the subject of
Chapter 8. which describes ladder structures, A digression is made into
switched capacitor devices, which are not digital in the strict sense of the term,
but-which are nevertheless of the sampled type and are very useful complements
to digital filters. As a guide for the user, a resumé of the relative merits of the
structures described is given at the end of the chapter.

Some equipment. as used for example in spectral analysis or in the tele-
communications field. involves signals represented by a set of complex numbers.
Analytic signals are an important example of particular practical intcrest. Their
properties arc discussed in Chapter 9, along with the design of devices for the
production or processing of such signals. Some complementary concepts in
filtering, such as the mirimum phase shift condition. are also discussed in this
chapier,

If the machircs for digital signal processing are to operate in real time, then
they must operate at a rate which is closelv related to the sampling frequency of
the signals. Thus, their complexity depends on the number of operations to be
performed and on the time interval available for their completion. The signal
sampiing frequency at the input or the output of the system is generally imposed
by other constraints, but it can be varied within the system itself to match the
properties of the signal and the processing. thus reducing the number of
operations and the calculation rate. One simplification to the machines that can
be of great importance is obtained by changing the sampling frequency to match
the band-width of the useful signal throughout the processing. This is multirate
filtering. which is discussed in Chapter 11. The effects on the processing
characteristics ate described, together with methods for their realization. Rules
for their use and evaluation are provided. This technique yields particularly
interesting results for narrow pass band filters or for banks of filters, In this latter
case. the system combines the discrete Fourier transform computer with a set of
phase shift circoits,
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Filters can be determined from a time specification, as would be the case, for
example, when modelling the behaviour of a system. As the properties vary with
time, the filters should adapt to match the evolution of the system to be modelied.
This adaptation depends on an approximation criterion and is carried out at a
rate up to the sampling rate of the system. Such a filter is said to be adaptive.
Chapter 11 is devoted to simple adaptive filters, of the most common type, in
which the coefficients vary according to the gradient algorithm. The approxi-
mation criterion is the least mean square of the error signal. After a brief review of
the properties of random signals, and particularly their auto-correlation matrix
whose eigenvalues play an important role, the gradient algorithm is introduced
and the convergence conditions are studied. The two major adaptation
parameters, the time constant and the residual error, are then analysed, together
with the arithmetic complexity. Several implementation structures are discussed.
and finally the important case of linear predictionsis discussed.

Circuits and technological considerations are dealt with in Chapter 12. The
elements required are an arithmetic unit to perform the calculations, an active
memory to store the data, the intermediate results and the variable parameters, a
read-only memory for fixed parameters such as the coefficients, and a control unit
which coordinates the operation of the other components. The architecture of the
system depends heavily on the arithmetic operator. This can pedform operations
on numbers presented either in serial form, with the binary digits (bits)
representing the numbers at each input and output appearing one after cthe other,
or in parallel form, where the bits are presented together simultaneously. The
circuits are described in this chapter With examples of their construction using
large-scale integration techniques for circuits which are specifically designed for
digital signal processing. As the technology advances, the trend is towards the
concentration of the functions and the use of programmable processors.
Complexity parameters are introduced to give guidance in systems design or in
the development of specific projects.

Telecommunications equipment represents a preferred area for the applica-
tion of difital processing, as transmission networks are progressively digitized
and as digital computers are introduced at the terminals. Chapter 13 presents a
group of typical applications illustrating the theory and the techniques presented
in the book as a whole.
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