                               EEE 3106 DIGITAL SIGNAL PROCESSING
Course Objective:

 This course will introduce the basic concepts and techniques for processing signals on a computer. By the end of the course, you be familiar with the most important methods in DSP, including digital filter design, transform-domain processing and importance of Signal Processors. The course emphasizes intuitive understanding and practical implementations of the theoretical concepts.
Course Outcome

 By the end of the course the student will be able to:

( Represent discrete-time signals analytically and visualize them in the time domain.

 ( Understand the meaning and implications of the properties of systems and signals. 

( Understand the Transform domain and its significance and problems related to computational complexity.

 ( Be able to specify and design any digital filters using MATLAB
Lesson plan

	S.No
	Toipc
	No. Of Classes
	Tutorials

	1. 
	Discrete - Time Signals And Systems:
	4
	

	2. 
	Frequency Domain Representation of Discrete
	3
	

	3. 
	Time Signals and Systems
	4
	2

	4. 
	Properties of the DFS
	5
	1

	5. 
	Finite Word Length Effects.
	2
	

	6. 
	Radix – 2 Decimation – In – Time (DIT)
	5
	

	7. 
	FFT Algorithms, Inverse FFT.
	6
	2

	8. 
	Design of IIR Filters from Analog Filters
	5
	1

	9. 
	Bilinear Transformation Method
	3
	

	10.
	Step and Impulse Invariance Technique
	6
	

	11.
	Fourier Series Method
	5
	2

	12.
	Comparison of IIR and FIR Filters.
	6
	

	13.
	Applications of FFT in Spectrum Analysis
	5
	1

	14.
	Application of DSP in Speech Processing.
	6
	1


Total classes =65+10 =75

    LECTURE SCHEDULE:
	S.No
	Description of Topic
	No.of Classes

	1. 
	Introduction to Signals And Systems:
	1

	2. 
	UNIT-1   Discrete – Time Signals – Sequences
	1

	3. 
	Linear Shift – Invariant Systems
	1

	4. 
	Stability and Casuality
	1

	5. 
	Linear Constants –
	1

	6. 
	Coefficient Difference Equations
	1

	7. 
	Frequency Domain Representation of Discrete
	3

	8. 
	Time signals and systems
	1

	9. 
	Tutorial
	2

	10. 
	UNIT-2 Applications of Z – Transforms:
	1

	11. 
	System Functions H(z) of Digital Systems
	4

	12. 
	Stability Analysis
	1

	13. 
	Realization of Digital Filters
	1

	14. 
	Finite Word Length Effects.
	1

	15. 
	Tutorial
	3

	16. 
	UNIT-3   Fast-Fourer Transform
	1

	17. 
	Radix – 2 Decimation – In – Time (DIT)
	1

	18. 
	Decimation – In – Frequency (DIF)
	3

	19. 
	FFT Algorithms,
	1

	20. 
	Inverse FFT.
	1

	21. 
	Tutorial
	3

	22. 
	UNIT-4 IIR Digital Filter Design Techniques:
	1

	23. 
	Design of IIR Filters from Analog Filters
	1

	24. 
	Analog Filters Approximations (Butterworth and Chebyshev Approximations),
	2

	25. 
	Frequency Transformations
	2

	26. 
	General Considerations in Digital Filter Design
	2

	27. 
	Bilinear Transformation Method
	1

	28. 
	Step and Impulse Invariance Technique.
	1

	29. 
	 Tutorial
	3

	30. 
	UNIT-5 Design of FIR Filters:
	2

	31. 
	Fourier Series Method
	3

	32. 
	Window Function Techniques
	2

	33. 
	Comparison of IIR and FIR Filters.
	1

	34. 
	Applications of FFT in Spectrum Analysis
	4

	35. 
	Filtering
	4

	36. 
	Application of DSP in Speech Processing
	1

	   37.
	Tutorial
	2


Total no of estimated periods            
: 
66 periods
syllabus
Discrete – Time Signals and Systems:
Discrete – Time Signals – Sequences, Linear Shift – Invariant Systems, Stability and Casuality, Linear Constants – Coefficient Difference Equations, Frequency Domain Representation of Discrete – Time Signals and Systems.
Applications of Z – Transforms:
System Functions H(z) of Digital Systems, Stability Analysis, Structure and Realization of Digital Filters, Finite Word Length Effects.
Discrete Fourier Transform (DFT):
Properties of the DFS, DFS Representation of Periodic Sequences, Properties of DFT, Convolution of Sequences.
Fast – Fourier Transforms (FFT):
Radix – 2 Decimation – In – Time (DIT) and Decimation – In – Frequency (DIF), FFT Algorithms, Inverse FFT.
IIR Digital Filter Design Techniques:
Design of IIR Filters from Analog Filters, Analog Filters Approximations (Butterworth and Chebyshev Approximations), Frequency Transformations, General Considerations in Digital Filter Design, Bilinear Transformation Method, Step and Impulse Invariance Technique.
Design of FIR Filters:
Fourier Series Method, Window Function Techniques, Comparison of IIR and FIR Filters.
Applications:
Applications of FFT in Spectrum Analysis and Filtering, Application of DSP in Speech Processing.

Text Book:
1.Alan V. Oppenheim and Ronald W. Schafer: Digital Signal Processing, PHI.
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3.Raddar and Rabiner, Application of Digital Signal Processing.
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