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This course aims to give an introduction on fundamental theory of digital
signal processing, including its applications and digital filter design., One of
main features in this course is that it uses a very large number of
numerical problems using functions from MATLAB and Signal Processing
Toolbox in order to hightlight the basic concepts after the theory is
discussed or are worked out first and the theory is then presented.
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1 | 09/13 | Introduction, application of DSP and descripton of chapter 1
various discrete—time signals
2 | 09/20 | History of Filter design, analog and digital signal chapters 1 and 2
processing (Operation of a Mobile Phone Network),
linear time-invariant system
3 | 09/27 | Z-transform theory and its applications, Transient chapter 2
response and steady-state response
4 | 10/04 | Z—transform revisited and convolution revisited chapter 2
5 | 10/11 | Review of model generation, statbility (Jury—Marden chapter 2
Test), solution using MATLAB functions
6 | 10/18 | Frequency—-domain analysis (introduction), theory of chapter 3
sampling




7 | 10/25 | Discrete—time Fourier transform (DTFT) and Inverse chapter 3
DTFT (IDTFT)

8 | 11/01 | DTFT of Unit Step Sequence, Discrete Fourier chapter 3
Transform (DFT) and Fast Fourier Transform (FFT)
(MATLAB)

9 | 11/08 | Infinite Impulse Response (IIR) Filters; introduction, |chapter 4
magnitude approximation of analog filters

10 | 1115 | AT FHHKA

11 | 11/22 | IIR Filters; analog frequency transformations, digital chapter 4
filters and its design with impulse—invariant
transformation

12 | 11/29 | Digital filters design; bilinear transformation, digital chapter 4
spectral transformation, all-pass filters (MATLAB)

13 | 12/06 | Finite Impulse Response (FIR) Filters; linear phase chapter 5
FIR filters, Fourier series method modified by
windows

14 | 12/13 | Windowed FIR filters design with MATLAB, chapter 5
equiripple linear phase FIR filters

15 | 12/20 | Frequency sampling method, filter realization chapters 5 and 6
(introduction)

16 | 12/27 | FIR flter realization and IIR filter realization chapter 6

17 | 01/03 | All-pass filters in parallel and MATLAB program chapter 6
used to find all-pass filters in parallel
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B. A. Shenoi, Introduction to Digital Signal Processing and Filter Design, 2006
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1. Edward P, Cunningham, Digital Filtering: An Introduction, Houghton
Mifflin Company.

2. R, Schaumann, M. S, Ghausi, and K, R, Laker, Design of Analog Filters,
Prentice—Hall Inc,

3. R. D. Strum and D. E, Kirk, First Principles of Discrete Systems and
Digital Signal Processing, Addison—Wesley Publishing Company,

4, Shlomo Engelberg, Digital Signal Processing: An Experimental Approach,
2008 Springer—Verlag London Limited.
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