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Legends: L - Lecture; T - TutoriaUTeacherGuided StudentActivity; P-Practical; C - Credit;
*Teacher Assessment shall be based following components: Quiz/Assignment/ Project/Participation in
Class, given that no component shall exceed more than l0 marks.

Course Objective:
This course will introduce the basic concepts and techniques for processing of discrete time
signals. To familiarize with the important methods in DSP, including digital filter design,
transform-domain processes and Multirate processing.
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Course Outcomer
After completion of this course the students are expected to be able to demonstrate following
attributes: t I '

1. Student will be able to represent discrete time signal analytically and visualize them in the
time & frequency domain and also understand the different transforms techniques & their
significance.

2. Student will be able to analyze and design the discrete time system and design different digital
filters using the concept of digital signal processing.

Syllabus:

UNIT I 10 Hrs.
Discrete-Time Signals and Systems: Discrete-time signals, discrete-time systems, system
properties (linearity, time-invariance, memory, causality, BIBO stability), analysis of discrete-
time LTI systems, discrete time systems described by difference equation, solution of difference
equation

UNIT II 10 Hrs.
z-Transform: The direct z-transform, Region of Convergence, properties of ROC, properties of
the z-transform, inverse z transform, analysis of linear time-invariant systems in the z- domain,
pole-zero plots, time-domain responses of simple pole-zero plots, causality and stability.
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UNIT III 10 Hrs.
Discrete F'ourier Transform: DFT, Properties of the DFT, Efficient computation of the DFT:
Decimation-in-time and Decimation-in frequency Fast Fourier transform algorithms,
decomposition for'N' composite number.

UNIT IV L0 Hrs.
Digital fiIters Design Techniques: Design of IIR digital filters: Approximation of Derivatives,
Impulse invariant and Bilinear transformation, Lowpass/[Iighpass Butterworth & Chebyshev
filter design, Design of FIR digital filters: windowing techniques Rectangular, Hamming,
Hanning windows.

UNIT V 10 Hrs.
Multi rate digital signal processing: Introduction, design of practical sampling rate converters,
Decimators, Interpolators, signal fl ow graph, Polyphase decompositions.

Text Books:
I John. G Proakis & D.G. Manolakis, "Digital Signal Processing: Principles, Algorithms and

Application", 4th Edition, Pearson Education,20}7 .

2 S.Salivahanan, A Vallavaraj & C.Gnanapriya, "Digital Signal Processing", 3'd Edition, TMH,

20t7.
3 A.V. Oppenheim & R.W. Schaffer, "Digital Signal Processing",3rdEdition, PHI,2010.

References:

I Rabiner and Gold: Theory and Application of Digital Signal Processing, I't Edition, PHI

Learning,2009.
2 Ingle and Proakis: Digital Signal Processing- A MATLAB based Approach, 3'd Edition,

Thompson, Cengage Learning, 2010.

3 S. K. Mitra, "Digital Signal Processing: A Computer Based Approach", 4th Edition, TMH,
2013.

List of Experiment:
1. Generate, analyze and plot various discrete-time signals.

2. Verify the operations on sequences (addition, multiplication, scaling, shifting, foldirig etc).

3. Implement linear time-invariant (LTI) systems and test them for stability and causality.

4. Analyze and Compute z-transforms of various discrete time signals.

5. Compute DFT of sequences and generate the phase and frequency plots.

6. Generate linear convolution of two sequences and plot the response.

7. Generate circular convolution of two sequences and plot the response.

8. Design IIR Filter for the given parameters.

9. Design FIR Filter for the given parameters.

10. Implement Up sampling and Down sampling of a sinusoidal signal andanalyze the results.
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