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	Name of the Faculty
	

	Designation/Department
	ASSISTANT PROFESSOR / ECE

	Course Code/Name
	U20EC502 / DIGITAL SIGNAL PROCESSING

	Year/Semester/Department
	III-A/ V/ ECE

	Credits Details
	L: 3
	T: 1
	P: 0
	C: 4

	Total Contact Hours Required
	60


SYLLABUS:
	UNIT I/ FAST FOURIER TRANSFORM
	12

	Introduction to DFT – Efficient computation of DFT - Properties of DFT – FFT algorithms – Radix-2 FFT algorithms – Decimation in Time – Decimation in Frequency algorithms – Overlap add and save methods- Application of FFT Algorithms in Filtering.

	UNIT II/ DIGITAL FILTER DESIGN
	12

	FIR filters: Linear phase filters, Gibbs phenomenon, Design of FIR filters using windowing techniques – Rectangular,-Hamming - Hanning and Blackman Window, Design of FIR filters using Frequency sampling technique, FIR filter structure-Direct form realizations.

IIR Filters: Design of analog Low Pass Butterworth and Chebyshev Filters – Impulse invariance technique – pre warping - bilinear transformation.

	UNIT III/ FINITE WORD LENGTH EFFECTS
	12

	Fixed point and floating point number representations – Comparison – Quantization noise – derivation for quantization noise power –Direct & Cascade Form- truncation and rounding error –input quantization error- product quantization error- coefficient quantization error – limit cycle oscillations-dead band- signal scaling.

	UNIT IV/ MULTIRATE DIGITAL SIGNAL PROCESSING
	12

	Introduction to Multirate signal processing- Interpolation and Decimation, Decimation by an integer factor-Interpolation by an integer factor - Sampling rate conversion by a rational factor - Multistage implementation of sampling rate conversion - Applications of Multirate signal processing.

	UNIT V/ DIGITAL SIGNAL PROCESSORS
	12

	Architectural Features – Harvard, Von-Neumann, VLIW architecture – MAC Unit - ALU – Pipelining- Architecture of TMS320C5x- instruction set - Addressing Modes – Architecture of TMS320C8x Processor- Application of DSP – Model of Speech Wave Form, Vocoders.


Objectives:

	· To understand the concept of DFT and FFT algorithms.

· To study the design methods of digital filters.

· To know the finite word length effects in digital filters.

· To study the fundamentals of Multirate Digital Signal Processing.

· To study the Architecture and programming concepts of digital signal processors.




Text Book: 
	T1: Proakis & Monalakis, Digital signal processing Principles, Algorithms & Applications, , 4 th Edition,Pearson education. 2014

T2: S.Salivahanan, Digital Signal Processing, 4th Edition, TMH/McGraw Hill International, 2019.

T3:B.Venkataramani & M-Bhaskar- Digital Signal Processor Architecture Programming and Application- 2nd Edition, TMH 2017.




Reference Book: 

	R1:S.K.Mitra, Digital Signal Processing 4th Edition, Tata McGraw-Hill- 2014

R2:P.Ramesh Babu, Digital Signal Processing, 6th Edition, SEITECH, 2014

R3:Allan V.Openheim, Ronald W.Sehafer, Discrete Time Signal Processing, 3rd edition-       Pearson/Prentice Hall, 2014

R4:A.Nagookani, Digital Signal Processing, 2nd Edition, McGraw Hill, 2017




Supplementary Book: 

	S1: Dr.J.S.Chitode and “Digital Signal Processing”, Technical Publications. (UNIT I-III).


Website:

	W1:https://www.tutorialspoint.com/digital_signal_processing/dsp_fast_fourier_transform.htm
W2: https://cnx.org/contents/qAa9OhlP@2.44:zmcmahhR@7/Decimation-in-time-DIT-Radix-2-FFT
W3: https://www.rcet.org.in/uploads/academics/rohini_98229548802.pdf
W4: https://www.slideshare.net/FernandoOjeda5/decimation-and-interpolation-49640390
W5: https://www.slideshare.net/DeekshithaReddy23/tms320c5x-174582472
W6: https://www.ti.com/lit/pdf/spru113



Online Mode of Study:
	NPTEL:
· https://onlinecourses.nptel.ac.in/noc22_ee99/preview
· https://www.classcentral.com/course/dsp1-19592
· https://www.coursera.org/learn/dsp1



Course Plan:

	Topic Number
	Topic
	Reference Detail
	Page Number
	Mode of teaching
	Number of Periods Required
	Cumulative Period

	UNIT I - FAST FOURIER TRANSFORM


	1
	Discrete signal and systems
	T1
	42-69
	BB
	1
	1

	2
	Introduction to DFT
	T1
	449-461
	BB
	2
	3

	3
	Properties of DFT
	T1
	464-476
	BB
	1
	4

	4
	FFT algorithms
	T1
	511-519
	BB
	1
	5

	5
	Radix-2,4   FFT algorithms
	T1
	519-527
	BB
	2
	7

	6
	Decimation in Time
	       R2
	4.3-4.11
	BB
	2
	9

	7
	Decimation in Frequency algorithms
	R2
	4.21-4.27
	BB
	1
	10

	8
	Overlap add and save methods
	       R2
	3.52-3.53
	BB
	1
	11

	9.
	Application of FFT Algorithms in Filtering.
	T1
	538-552
	BB
	1
	12

	Outcome of Unit I:

CO1: Compute DFT and FFT algorithms.


	                                                           UNIT II - DIGITAL FILTER DESIGN

	10
	Linear phase filters
	R2
	6.1-6.5
	BB
	1
	13

	11
	Design of FIR filters using windowing techniques- Rectangular
	R2
	6.29-6.32
	BB
	2
	15

	12
	Hanning and Blackman Window
	R2
	6.39-6.43
	BB
	2
	17

	13
	Design of FIR filters using Frequency sampling technique
	T1
	671-678
	BB
	1
	18

	14
	FIR filter structure-Direct form realizations.


	R2
	6.102-6.115
	BB
	2
	20

	15
	Design of analog Low Pass Butterworth  and Chebyshev Filters

	R2
	5.6-5.23

	BB
	2
	22

	16
	Impulse invariance technique
	R2
	5.35-5.43
	BB
	1
	23

	17
	Pre warping - bilinear transformation.
	R2
	5.44-5.48
	BB
	1
	24

	Outcome  of Unit II:

CO2 :Design the FIR and IIR filters.

	UNIT III - FINITE WORD LENGTH EFFECTS


	18
	Fixed Point and Floating Point number Representations
	T1
	601-608
	BB
	2
	26

	19
	Quantization noise
	T1
	305-307
	BB
	1
	27

	20
	Derivation for Quantization Noise power
	T1
	312-323
	BB
	2
	29

	21
	Direct and cascade form
	T1
	244-247
	BB
	2
	31

	22
	Truncation and Rounding error
	T1
	331-337
	BB
	1
	32

	23
	Input Quantization error
	T1
	223-240
	BB
	1
	33

	24
	Product Quantization error
	R2
	7.21-7.29
	BB
	1
	34

	25
	Coefficient Quantization error
	R2
	7.29-7.30
	BB
	1
	35

	26
	Limit cycle oscillations
	R2
	7.30-7.33
	BB
	1
	36

	Outcome  of Unit III:

CO3: TEXT Analyze the quantization errors in filters and avoiding.

	UNIT IV - MULTIRATE DIGITAL SIGNAL PROCESSING

	27
	Introduction to Multirate signal processing
	T1
	751-755
	BB
	1
	37

	28
	Decimation by an integer factor
	T1
	755-760
	BB
	2
	39

	29
	Interpolation by an integer factor
	T1
	760-762
	BB
	1
	40

	30
	Sampling rate conversion by a rational factor
	T1
	762-766
	BB
	2
	42

	31
	Polyphase Filter Structures
	T1
	766-767
	BB
	1
	43

	32
	Upsamplers/down samplers
	T1
	767-769
	BB
	1
	44

	33
	Multi stage implementation of Sampling rate conversion.
	T1
	775-779
	BB
	2
	46

	34
	Applications of Multirate signal processing.
	T1
	784-787
	BB
	1
	47

	35
	Assignment Presentation
	-
	-
	-
	1
	48

	Outcome  of Unit IV:

CO4: Understand the Multirate Digital Signal Processing.

	UNIT V - DIGITAL SIGNAL PROCESSORS

	36
	Harvard, Von-Neumann Architecture
	R2
	11.8-11.9
	PPT
	1
	49

	37
	VLIW architecture
	R2
	11.9-  11.10
	PPT
	1
	50

	38
	MAC Unit
	R2
	11.10-11.11
	PPT
	1
	51

	39
	ALU
	R2
	11.11-11.13
	PPT
	1
	52

	40
	Pipelining
	R2
	11.13-11.15
	PPT
	1
	53

	41
	Architecture of TMS320C50
	R2
	11.15-11.23
	PPT
	1
	54

	42
	Addressing Modes
	R2
	11.25-11.27
	    PPT
	1
	55

	43
	Instruction Set
	R2
	11.28-11.34
	PPT
	1
	56

	44
	Architecture of TMS320C8x Processor
	WR5
	-
	PPT
	1
	57

	45
	Application of DSP
	R2
	11.6-11.8
	PPT
	1
	58

	46
	Model of Speech Wave Form.
	WR6
	-
	PPT
	1
	59

	47
	VOCODERS
	WR6
	-
	PPT
	1
	60

	Outcome  of Unit V:

CO5: Understand and write program using DSP Processors.



Course Outcome:

	At the end of course: Students should be able to do:

CO1:Compute DFT and FFT algorithms.

CO2:Design the FIR and IIR filters.

CO3: TEXT Analyze the quantization errors in filters and avoiding.
CO4: Understand the Multirate Digital Signal Processing.
CO5: Understand and write program using DSP Processors.



Course Outcome Vs Program Outcome Mapping:

	CO
	PO1
	PO2
	PO3
	PO4
	PO5
	PO6
	PO7
	PO8
	PO9
	PO10
	PO11
	PO12

	CO 1
	3
	3
	3
	2
	1
	-
	-
	-
	-
	-
	-
	2

	CO 2
	3
	3
	3
	-
	-
	-
	-
	-
	-
	-
	-
	2

	CO 3
	3
	3
	3
	-
	-
	-
	-
	-
	-
	-
	-
	1

	CO 4
	3
	3
	3
	-
	-
	-
	-
	-
	-
	-
	1
	1

	CO 5
	3
	3
	3
	2
	-
	-
	-
	-
	-
	-
	2
	2


Content beyond Syllabus:

	· Adaptive Filter
·  Study of advanced digital signal processors 




Assignment:

Assignment 1:

	Batch Details
	Register Number
	Total Number
	Mode of Assignment

MCQ/Seminar/PPT
	Topics

	Batch 1
	DSUG20106001 to DSUG20106015
	15
	Written
	Solve Problem using DIT FFT & DIF FFT
Design FIR filter using Windowing Techniques.

	Batch 2
	DSUG201060016 to DSUG20106029
	14
	Seminar*
	Discuss the Properties of DTFT.

	Batch 3
	DSUG20106030 to DSUG20106043
	14
	PPT*
	Explain Structure of FIR filter.
Design IIR filter using bilinear

& impulse invariance technique. 


Assignment 2:

	Batch Details
	Register Number
	Total Number
	Mode of Assignment

MCQ/Seminar/PPT
	Topics

	Batch 2
	DSUG201060016 to DSUG20106029
	14
	Written
	Compare Quantization noise power,Product Quantization error & Coefficient Quantization 

	Batch 3
	DSUG20106030 to DSUG20106043
	14
	Seminar*
	Limit cycle Oscillation

	Batch 1
	   DSUG20106001 to DSUG20106015
	15
	PPT*
	Multistage Implementation of  Sampling  rate conversion


Assignment 3:

	Batch Details
	Register Number
	Total Number
	Mode of Assignment

MCQ/Seminar/PPT
	Topics

	Batch 3
	DSUG20106030 to DSUG20106043
	14
	Written
	Architecture of TMS320C50,Instuction Set, Addressing Modes

	Batch 1
	   DSUG20106001 to DSUG20106015
	15
	Seminar*
	         VLIW architecture

               MAC unit


	Batch 2
	DSUG201060016 to DSUG20106029
	14
	PPT*
	Discuss Real time applications in Digital signal Processing fields.


*Note:

· Seminar contents should be of minimum 8 pages.

· PPT contents should be of minimum 24 slides.

· Each students Seminar and PPT should not be in Unique.
SIM Questions:
	SIM 1
	Questions of Anna University with year mentioned (12Q + 12Q + 12Q) is given below

	SIM 2
	

	SIM 3
	


Submission Details:

	Phase 1(Before AT 1)
	Phase 2 (Before AT 2)
	Phase 3 (Before AT 3)

	Assignment 1
	SIM 1
	Assignment 2
	SIM 2
	Assignment 3
	SIM 3

	
	
	
	
	
	


Prepared By







                    Verified By

Approved By
SIM Questions:
	SIM - I

	UNIT-I

	S.No.
	Questions
	Marks
	Year

	1.
	i).Compute the DFT of the sequence x(n)={0,1,2,1}. Sketch the magnitude and phase spectrum.

(ii)For the given x1[n], x2[n] &N, compute the circular convolution of x1[n] & x2[n].
1) x1[n] = δ[n] + δ[n-1] + δ[n-2] , N=3
x2[n] = 2δ[n] - δ[n-1] + 2δ[n-2]
2) x1[n] = δ[n] + δ[n-1] + δ[n-2]- δ[n-3] , N=5
x2[n] = δ[n] - δ[n-2] + δ[n-4]
	(7)
	

	
	
	(6)
	NOV/DEC-2019

	2.
	i) Perform Linear convolution of the following sequences by overlap-add method. x(n)={1,-2,3,2,-3,4,3,-4} and h(n)={1,2,-1}

ii) Compute the 8 point DFT of the sequence

x(n)={1,1,1,1,1,1,1,0} using DIT- FFT algorithm.
	(7)

(6)
	NOV/DEC-2019

	3.
	i)State and prove any 4 properties of DFT
	(8)
	

	
	ii)Perform the circular convolution of the following sequences x1(n)={1 1 2 1} and x2(n)={1 2 3 4}
	(5)
	APR/MAY-2018

	4.
	i) Find the 8 point DFT of the sequence x(n)={2,2,2,2,1,1,1,1} using Decimation in Time FFT algorithm.

ii) Determine the DFT of the given data sequence

x[n] = {2, 1, 4, 6, 5, 8, 3, 9} using DIF-FFT algorithm.
	(13)
	NOV/DEC-2017, NOV/DEC-2013, APR/MAY-2012

	5.
	Compute the DFT for the sequence {1,2,3,4,4,3,2,1} using radix-2 DIT and DIF FFT algorithm
	(16)
	APR/MAY-2017

	6.
	In an LTI system, the input x(n)={1,1,2,1} & impulse response h(n)={1,2,3,4}. Perform the circular convolution using DFT and IDFT. Also find the circular convolution

using concentric circle method or matrix method
	(16)
	APR/MAY-2017

	7.
	Compute IDFT of the sequence X(K) = {7, -0.707-j0.707, - j, 0.707-j0.707, 1, 0.707 +j0.707, j, -0.707+j0.707} using

DIT and DIF algorithm.
	(16)
	NOV/DEC-2016

	8.
	Find the output y[n] of a filter whose impulse response is h[n] = {1, 2} and input signal is x[n] = {1, 2, -1, 2, 3, -2,
-
3, -1, 1, 1, 2, -1} using (i) Overlap save method and
(ii)

Overlap add method.
	(16)
	NOV/DEC-2016, NOV/DEC-2014, NOV/DEC-2011

	UNIT - II

	S.No.
	Questions
	Marks
	Year

	9.
	For the given specifications, design an analog Butterworth filter and plot the magnitude response.

0.9 < |H(jΩ)| < 1,
0 < Ω < 0.2π

|H(jΩ)| < 0.2,
0.4π < Ω < π
	(13)

(7)
	NOV/DEC-2019 APR/MAY-2018

	10.
	i)For the analog transfer function Ha(s) = 2 / (s+1)(s+2),

determine H(z) if T=1s, using impulse invariance method.
	(7)
	NOV/DEC-2019

	
	ii)Realize the system with difference equation y(n)=[image: image1.png]


y(n-1) - [image: image2.png]


y(n-2)+x(n)+ [image: image3.png]


 x(n)
	(6)
	APR/MAY-2018

	11.
	i) Explain IIR filter design using Impulse Invariance techniques with example

ii) Explain the IIR filter design using bilinear

transformation. Also explain IIR filter design by Approximation of derivatives
	(13)
	APR/MAY-2019 NOV/DEC-2017

	12.
	Determine the system function H(z) of the lowest order chebyshev and butterworth digital filter with the following specifications.

i) 3dB ripple in the passband 0≤ω≤0.2π

ii) 25dB attenuation in the stop band 0.45π≤ω≤π. Use the bilinear transformation
	(15)
	NOV/DEC-2018, APR/MAY-2017

	

	SIM - II

	UNIT - II

	1.
	Obtain the direct form I, direct form II, cascade and

parallel form realization for the system function y(n) = 0.1 y(n-1) + 0.2 y(n-2) + 3x(n) + 3.6 x(n-1) + 0.6 x(n-2).
	(15)
	NOV/DEC-2017

	2.
	Design a digital Butterworth filter with the following specifications

0.707 < |H(jΩ)| < 1,
0 < Ω < π/2

|H(jΩ)| < 0.2,
3π/4 < Ω < π. Determine the system function H(z) for a butterworth filter using

a)Bilinear transformation (b) impulse invariant.
	(16)
	APR/MAY-2017

	3.
	Design a Chebyshev low pass filter with specifications

αp = 1dB ripple in the passband 0 ≤ ω ≤ 0.2π, αs = 15dB ripple in the stopband 0.3π ≤ ω ≤ π, using (a) bilinear

transformation and (b) impulse invariant method.
	(16)
	NOV/DEC-2014, NOV/DEC-2010

	UNIT - III

	S.No.
	Questions
	Marks
	Year

	4.
	i) List the steps in the design of FIR filter using windows. Point out the characteristics of the following window functions. a)rectangular window b)Hanning window c)Hamming window

ii) Explain the design procedure of FIR filter using frequency sampling method
	(13)
	NOV/DEC-2019, NOV/DEC-2017

	5.
	Given Hd(ω) =
e –j3ω
-π/4 ≤ ω ≤ π/4
0
Otherwise

Design a FIR filter using Hamming window with N=7.

ii) i)Explain the design procedure of FIR filter using frequency sampling method
	(15)
	NOV/DEC-2019

	6.
	i)Write the expression for the frequency response of

Hanning window
	(3)
	

	
	ii)Design an ideal high pass filter with frequency response Hd(e jω ) =
1 for π/4 ≤ |ω| ≤ π
0 for |ω| ≤ π/4

Find the values of h(n) for N=11. Find H(z). Plot the magnitude
response.
(Using
Hanning&
Rectangular
window)
	(10)
	APR/MAY-2019, APR/MAY-2017

	7.
	i) Determine the filter coefficients hf(n) obtained by sampling

Hd(e jω ) =
e –j(N-1)ω/2 for 0≤ |ω| ≤ π/2
0
for π/2≤ |ω| ≤ π
for N=7.

ii) Write the expression for the frequency response of Rectangular window and Hamming window and explain.
	(13)
	APR/MAY-2019, APR/MAY-2018

	8.
	i) Design an FIR low pass filter satisfying the following specifications αp ≤ 0.1dB, αs ≥ 44.0dB, ωp = 20rad/sec, ωs = 30rad/sec, ωsf =100rad/sec.
ii) Using a rectangular window technique design a low pass filter with pass band gain of unity, cutoff frequency of 1000Hz and working at a sampling frequency of 5KHz.

The length of impulse response should be 7
	(13)
	NOV/DEC-2018

	9.
	An FIR filter is given by the difference equation

y(n)= 2x(n)+ [image: image4.png]


x(n-1)+ [image: image5.png]


x(n-2)+ [image: image6.png]


x(n-3). Determine its lattice form.
	(15)
	APR/MAY-2018

	10.
	Determine the coefficients of a linear phase FIR filter of length N=15 which has a symmetric unit sample response and a frequency response that satisfies the conditions.

H(2πk/15) = 1
for k=0,1,2,3

= 0.4 for k=4

= 0
for k=5,6,7
	(15)
	NOV/DEC-2018, APR/MAY-2017

	UNIT - IV

	S.No.
	Questions
	Marks
	Year

	11.
	i) A digital system is characterized by the difference equation y(n)=0.8y(n-1)+x(n). Determine the limit cycle behavior& the deadband of the system with x(n)=0 and initial condition y(-1)=10. Assume that the result y(n) is rounded off to the nearest integer.

ii) Given H(z)= (0.5 + 0.4z-1)     is the transfer (1 - 0.312z-1)

function of a digital filter. Find the scaling factor S0 to avoid overflow in adder 1 of the digital filter shown in

figure 1.
	(7)

(6)
	NOV/DEC-2019


	
	[image: image7.png]o)

AL
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	12.
	Discuss the effect of coefficient quantization on pole locations of the following IIR system, when it is realized in direct form-I. H(z) =   [image: image8.png]*
(1-072-1+0122-2)



 . Assume a

word length of 4-bits through truncation.
	(13)
	NOV/DEC-2019

	

	SIM - III

	UNIT - IV

	1.
	i) With necessary diagrams, explain product quantization error.

ii) How is signal scaling used  to prevent overflow limit

cycle in the digital filter implementation?. Explain with example.
	(13)

(15)
	APR/MAY-2019, APR/MAY-2018

	2.
	i) Explain the characteristics of a limit cycle oscillation with respect to the system described by the difference equation y(n)=0.95y(n-1)+x(n). Determine the dead band of the filter. Also explain the characteristics of the same equation for x(n)=0; y(-1)=13.

ii) Define zero input limit cycle oscillation and explain.
	(13)
	NOV/DEC-2018, NOV/DEC-2017, APR/MAY-2017

	3.
	i) The input to the system y(n)=0.999y(n-1)+x(n) is applied to an ADC. What is the power produced by the quantization noise at the output of the filter if the input is quantized to a (1) 8 bits (2) 16 bits.

ii) Consider the recursive filter y(n)=0.8y(n-1)+x(n). The input x(n) has a range of values of ± 100v, represented by a

8 bits. Compute the variance of output due to A/D conversion process.
	(6)

(7)
	NOV/DEC-2018

	4.
	i) The output signal of an A/D converter is passed through a first order low pass filter with transfer function given by H(z)= [image: image9.png]


  for 0≤a≤1. Find the steady state output noise power due to quantization at the output of the digital filter.

ii) Briefly explain about Coefficient quantization error
	(13)

(4)
	APR/MAY-2018

	5.
	i) Two first order filters are connected in cascaded whose system functions   of   the   individual   sections   are H1(z)=[image: image10.png]1-057-1



     and   H2(z)=[image: image11.png]0671



 Determine the overall output noise power.

ii) Briefly explain about Truncation and rounding
	(16)

(5)
	APR/MAY-2017, APR/MAY-2018


	UNIT – V

	S.No.
	Questions
	Marks
	Year

	6.
	Sketch the architecture of a DSP processor and explain its

special features that support signal processing applications.
	(13)
	NOV/DEC-2019

	7.
	i) Explain the concept of circular buffering in a DSP processor. Explain how this is useful in implementation of FIR filters

ii) Comment on the factors that decide the choice of a DSP processor for a system
	(7)

(6)
	NOV/DEC-2019

	8.
	Propose a DSP based system to process signals in an audio system that includes recording, storage, transmission and reproduction of signals and explain. Also highlights the

features of commercial DSP processors.
	(15)
	NOV/DEC-2019

	9.
	i) Illustrate the different addressing formats of a DSP processor with examples

ii) Write short notes on VLIW architecture
	(7)

(6)
	APR/MAY-2019

	10.
	i) Explain in detail about Multiply and Accumulate(MAC) unit.

ii) Write short notes on Von Neumann Architecture and Harvard architecture.
	(13)
	APR/MAY-2011

	11.
	With suitable block diagram explain in detail about TMS320C54x DSP processor and its memory architecture.
	(13)
	MAY/JUNE-2016

	12.
	i) Discuss in detail about pipeline operation of TMS320C54xx processors

ii) Explain the various pipeline programming models that are adapted in DSP processors.
	(7)

(6)
	APR/MAY-2017


7

