TEI OF  CRETE

SCHOOL OF APPLIED TECHNOLOGY

DEPARTMENT OF APPLIED INFORMATICS

 DIGITAL SIGNAL PROCESSING

Lecturer:

George Papadourakis, Ph.D.

Book:
Monson Hayes, Schaum’s Outline of Theory and Problems of Digital Signal Processing, McGraw-Hill, 1999.
Bibliography:
1. James H. McClellan, Ronald W. Schafer, Mark A. Yoder, DSP First: A Multimedia Approach, Prentice Hall, 1998. 
2. Emmanuel Ifeachor and Barrie Jervis, Digital Signal Processing: A           Practical Approach, Addison-Wesley, 1993.

Lecture Sublects:
1. INTRODUCTION TO DIGITAL SIGNAL PROCESSING

1.1 History of Digital Signal Processing

1.2 Applications

1.3 DSP Categories

1.4 System Design

2. DISCRETE-TIME SIGNALS AND SYSTEMS

2.1 Signals

2.2 Signal Processing

2.3 Typical Discrete-Time Signals

2.3.1 Unit-Impulse Sequence

2.3.2 Unit-Step Sequences

2.3.3 Exponential Sequences

2.3.4 Sinusoidal Sequences

2.3.5 Operations of Signals

2.3.6 Signal Measures

2.4 Linear, Shift-Invariant Systems

2.5 Convolution

2.6 Stability and Causality

2.7 Digital Filters

3. FOURIER TRANSFORMATION OF DISCRETE SIGNALS

3.1 Frequency Response

3.2 Frequency Response Properties

3.3 Fourier Transform of Discrete Signals

3.4 Units of Frequency

3.5 Real-time signal processing

3.6 Sampling

3.7 DAC

4.  Ζ TRANSFORM AND  DFT

4.1 Z Transform

4.2 Properties of Z  Transform

4.3 Relationship Between  Z Transform and  Laplace Transform

4.4 Geometric Calculation of  Fourier Transform

4.5 Inverse Z Transform

4.6 Solving Difference Equations Using  Z Transform

4.7 Discrete Fourier Transform (DFT)

4.8 Properties of the DFT

4.9 Convolution of Sequences

4.10 Sectioned Convolution

5. DIGITAL FILTERS

5.1 Realization of Digital Filters

5.2 FIR Filters

5.3 Design Techniques for  FIR Filters

5.4 Kaiser Filters

5.5 Optimal Filters

6. IIR  FILTERS

6.1 Properties of  IIR Filters

6.2 Techniques for Determining IIR Filter Coefficients

6.3  Digital Filter Design from Continuous-time Filters

6.4  Frequency Transformation

6.5  Comparison of FIR and IIR Filters

7. SPECTRUM ANALYSIS

7.1  Radix 2 Fasr Fourier Transform (FFT)

7.2  Properties of Radix 2 FFT

7.3  Fast Computation of  IDFT

7.4  Fast Computation of Linear Convolution using FFT

7.5  Analysis of analog signals with FFT

Grades:

10%   Assignments 

90%    Final       (One page A4 - both sides- notes)

