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This book provides an introduction to digital signal processing.  It covers several aspects, beginning with an introduction to Fourier Analysis.  It then continues with sampling and finishes with sections on different filters and applications.

Chapter one begins with Fourier Analysis.  First, it lays out the Fourier series then moves to the Fourier transform.  Following  is a section on distributions.  Next, norms of these distributions are dealt with.  One norm is highlighted, the Lp norm which is denoted by 
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Norms are used to measure the discrepancies between a function f(x) and the F(x) being approximated.


Next, sampling is covered.  When a signal s(t) is represented by its values s(nt) taken at whole multiples n of the time interval T, it is said to be sampled.  The sampling operation affects S(f), the spectrum of the signal.  It is an amplitude modulation of the signal by an infinite number of carriers whose frequencies are whole multiples of the sampling frequency 
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.  To determine if a set of samples correctly represents the original signal, the Sampling Theorem is used.  One thing to note is the sampling frequency.  It the original signal contains frequencies greater than or equal to the sampling frequency divided by two, aliasing is introduced where the image bands overlap the base bands. Using this, the Sampling Theorem or Shannon’s Theorem is derived:


A signal which does not contain any component with a frequency equal to or greater than a value fm is completely determined by the set of its values at regularly spaced intervals of period T=1/(2fm).
This means that when sampling a signal, you must take into consideration the upper limit of its frequency band and use the appropriate sampling frequency.


Next is given an introduction to the discrete Fourier transform.  The discrete transform must be used when a digital computer is used.   First a definition of the DFT is given.  Following is a list of properties which it exhibits.  This chapter is broken into small sections which describe different ways to calculate the transform.  The first noted is the Fast Fourier Transform (FFT).  Following are two methods that use matrix decomposition to perform the calculations.  The decimation-in-time FFT and the decimation-in-frequency FFT.  To conclude this chapter, methods of spectrum calculation are given which use the DFT.


This book gives a nice introduction to the mathematics involved in digital signal processing.  It is moderately rigorous in the equations used, but does not dwell on the theoretical side of the mathematics.  It introduces concepts in an organized manner and does give exercises for use as a text.  In its latter chapters, it begins to cover different filters used, and ends with chapters on circuits to do the calculations and applications in telecommunication.
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