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Digital Signal Processing 

(EC-308, Dec-2005) 

 

Note: Section A is compulsory. Attempt any four questions from Section-B 

and any two from Section-C. 
 

Section-A 

1. a) What are the advantages of DSP over analog processing? 
 b) State sampling theorem. 

 c) Convolve [1, 3, 1] and [1, 2, 2] 
 d) Define LTI system. 
 e) Differentiate between linear-nonlinear systems. 

 f) What is the difference between stable-astable systems? 
 g) What is FIR? 

 h) Define DFT. 
 i) What is Region of convergence? 
 j) State convolution theorem. 

 
Section-B 

2. Perform circular convolution of two sequences. 
  x1 (n) = {0.2, 0.4, 0.6, 0.8, 1, 1.2, 1.4, 1.6} 

  x2 (n) = {0.1, 0.3, 0.5, 0.7, 0.9, 1.1, 1, 3, 1} 

3. Find z transforms of 

0
4

cos

≥















+

n

n
α

π
 

4. Find the inverse z transform of X(z) = 
2356.011

2121

−+−−

−+−+

zz

zz
 

5. Represent system function using linear phase FIR structure  

H(z) = 
2

1
1

2

−
++

zz
 

6. What are the various realization techniques of linear time invariant 

systems? Mention. 
 

Section-C 

7. For a given analog filter system function H(S) = 
162)1.0(

1.0

++

+

S

S
 into digital 

IPR filter by means of Bilencar Z transformation. Digital filter is to have 

resonant frequency wr = 
2

π
 

8. (a) Compare different forms/structures of filter realization from the point 
of view of speed and memory requirement. 

 (b) Explain with neat sketches, the cascade and parallel realization forms of 
digital filters. 

9. (a) List various properties of z transforms.  
 (b) What is decimation in frequency method for computing DFT? What are 
advantages of radix 2 FFT? 
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2) Attempt arny Four questions frorn Section - B.
3) Attempt any Two questions from Section - C.

a)

b)

r J

ci)

e)

Section - A

(10x2=20)

I)efine a discrete time unit sequence function.

Piot the derivative of the function x(r) = sin c(i).

Fincl the signal energy of the signal ;u(r) = t(t) rz(10-rr).

What are the apoiications of z-ffansform?

Wllat are the conditions for the region of conveigence of a noncausal
LTI system?

What is the linearity property of DTFT?

De[' i rre trarts[cr funcl- iorr ol 'a s1,51s1n.

Define Radix-2 FFT algori thm.

Wirat is the importance of windowing?

Compare the pertormance of FIR filter and IIR filter.

0

o )
t /

h)

i )

j )

Section - B

(4x5=20)

{}:l) Differentiate between a recursive ancl non-recul'sive systenr. Defcnninc if lhe
recursive system defirred by the differ:ence ecluation -y(n) = 611t(n-l) I r(n) is
linear.

PT'o.



{1.}) Define the stability conditions for a
the range of values of ,a, 

for which
h(n) as defined below is stable.
h(n) = e", t i)0, n even

linear time invariant system. Deterrnine
the LTI system with impulse response

0. elsewhere.

Q.,l) Determine the causal signal x:(rl ifits z_rransform X(e) is given by

X(z)  l+3e '

I+3; '+2-- .

State the Goertzel algorithm and give its importance.

3rffii;Tffiiltrude 
ancl pha.se lesponse of FIR firters. How is 'i'ear priase

gs)

86)

QT) Deterrnine
the system

H(z) =

Section _ C

the cascade and parallel realizations
furrct iou

(2x10=2A)

for the system described by

" ) \
L  ,  l r-  
-z- ' l ( I -22
1  / ') ( '

ro(r

'-[; . il),'- ] , ' ) ( ' - ; .
[ '

1- - 7 .

2

' - ( ; - ' : ) '

QB) What are quantization efl.ors in FFT algorithms?

ffli;::HH::ilo;urion. 
How can linear convotution be reatizedr-rsing

Q9) what are the limitations .f IIR filter design by impulse invariauce nretrrocr?Hor'v are they overcome by bilinear transfor-rnu,ron rnethocr?Convert the aualog filter with system function

IJ(s)= ;  r+0; l
(s+0.1) -+16

into digitar IIR filter by means of bilinear rra'sformation.

++++
2

(a)

(b)

.I-:103 [60124]



 

 

Digital Signal Processing 

(EC-308, Dec-2007) 

 

Note: Section A is compulsory. Attempt any four questions from Section-B and any two 

from Section-C. 
 

Section-A 

1. a) What are the constraints on the transfer function if it were to represent a casual LTI 
system? 

 b) What is the relationship between the Z-transform and the discrete Fourier transform? 
 c) In what respect does DFT differ from continuous Fourier transform? 
 d) Explain the symmetry properties of DFTs which provide basis for fast algorithms. 

 e) State the final value theorem of Z-transform. 
 f) Mention two symmetry properties of FIR filters for obtaining linear phase. 

 g) State the desirable characteristics of windows in the design of FIR digital filters.  
 h) What is frequency warping in Bilinear transformation? 
 i) What is the difference between Butterworth and chebyshev filters in terms of frequency 

response. 
 j) Explain the concept of pipelining in DSP processor. 

 
Section-B 

2. What is the frequency response of a discrete LTI system? Derive the frequency response 
of a system whose impulse response is given by 

 h(n) = an U(n-1) for a <1  

3. Find the inverse of Z-transform of the function. X(z) = 
2

)3)(1(

)4(

−−

−

zz

z
 for z >2 

4. draw a 8-point radix-2 FFT DIT flow graph and obtain DFT of the following sequence x(n) 

=(0, 1, -1, 0, 0, 2, -2, 0) 
5. Design flow pass FIR filter using Hamming window to meet the following specifications. 

 H (w) = 1 for 0 ≤ [w] ≤π /6 

    = 0 for π /6 ≤ [w] ≤π  

 Use a 10 tap filter and obtain the impulse response of the desired filter. 
6. Which is more sensitive network to finite word length? 

 (a) Direct form-II 
 (b) Cascade form 
 Justify tour answer 

 
Section-C 

7. AN IIR low-pass filter is to be designed to meet the following specifications: 
 (a) pass-band frequency: 0 to 1.2 k Hz 

 (b) Stop band edge: 2 k Hz 
 (c) pass-band attenuation ≤ 0.5 db 
 (d) stop band attenuation ≥ 15 db 

Using butter worth approximation and bilinear transformation obtain the desired IIR digital 
filter. 

8. A LTI system is described by y(n) = y(n-1) – 0.24 y(n-2) + x(n) 

 Find the response of this system fo an input of x(n) = 10 cos(0.05π n)  

9. With the help of a block diagram, explain the architecture of a TMS processor. 
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Instruction to Candidates:

l)  Section -Ais Compulsory.

2) Attempt any Four questions from Section - B.

3) Attempt any Two questions from Section - C.

Section - A

QI) (10x2=20)

a) Write two advantages of digital over analog signal processing.

b) What are symmetric and asymmetric signals?

c) Define circular convolution.

d) Define a Causal system.

e) Differentiate stable from a unstable system.

0 Write any two areas of applications of DSPs.

g) What is aperiodic discrete time sequence?

h) Define a symmetry property of DFT?

i) Write any two basic features of IIR filters.

j) Write any two applications of Z-Transforms in signal processing.

R-766 [2o5El PTO.



Section - B

(4  x5 -24)

Q2) Detetmine the output y(n) of a II'i system with impulse response

h(n) " '  ?""(n),  ;2 |

when input is a unit step sequence, that is x(n)'= u(n)

Q3) What is the physical sigrrificance of ROC in Z transform

Q4) l:itdout tire Z-transform for tl-re follor.ving discrete lime sequellce

x(n) 'kn ,n)0 .

QS) Discgss FFI' algorithm using decimation in tirne technique.

Q6) Discrrss Linear filtering approach for the computation of DFT.

Section - C

(2 xt0 -20)

Q7) Discuss srgnal flow graph representation and lattice structures for IIR systems.

QS) Disclss various steps for the design of linear phase FIR filters using window

method.

e9) Discnss basic architecture of TMS series of digital signal processors.

R-766
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Instruction to Candidates:

1) Section - A is Compulsory.

2) Attempt any Four questions from Section - B.

3) Attempt any Two questions frorn Section - C.

Section - A

Ql )  (10x2:20)

") 
Write any disadvantage of digital over analog signal processing.

b) Differentiatstime variant from time invariant system?

c) Define sampling theorem.

d) Define a Causal system.

e) Differentiate stable from a non-stable system.

f) Write application of FFT algorithm?

g) What is zero padding in DFT?

h) What is linear convolution.

D Write any two basic features of IIR filters.

j) Write any two applications of Z-Transforms in signal processing.

Section - B

(4*5:20)

Q2) Show that h(n) is equai to the convolution of the following signals

h, (n) :  6 (n)  +  5(n-1)
h,(n):  (%)"u(n).

Q3) What is the physical significance of ROC rnZtransform.

E-44r Ir2081 PTO.



Q4) Find out the Z-transform for the following discrete time sequence

x(n) :kn2,n)0 .

QS) Discuss FFT algorithrn using decimation in frequency technique.

Q6) Discuss various properties of DFT.

Scction - C

(  2  "  I0 :20)

Q7) Discuss signal flow graph representation and lattice fotrl structures for FIR

systerns.

QS) Discuss various steps for the design of linear phase IIR frlters by impulse

invariance technique.

Qg) Discuss basic architecture of ADSP series of digital signal processors.

EEEE
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Instruction to Candidates:

1) Section - A is ComPulsorY.

2') Attempt any Four questions from Section - B.

3) Attempt any Two questions from Section - C.

Section - A

QI)  (10x2=20)

a) What is Gibb's Phenomenon?

b) Differentiate floating point and fixed point number system?

c) What is the function of MAC in DSP processors?

d) State scaling property of z transform?

e) Determine the z-transform of the following signal and sketch the pole-

zero Pattern:
x(n) : (- 1)".(2)-'.u(n).

0 What is a linear phase filter?

g) Explain causal and non-causal LTI systems. Give examples of each?

h) Fxplain sampling function or sinc function.

D What is the relation between z transform and laplace transform?

j) What are the various methods to find out inverse z transform?

M-e64 [1gsel PTO.



Section - B
(4  x5 -20)

Q2) What are the advantages of FIR filters over IIR filters?

Q3) State and prove convolution property of z transform?

Qa) Obtain the cascade realization of the system characterizedby transfer function

H(t) : 2(z+2) I z(z-0.1 )(z+0 5)( z+0 4)

Q5/ State five properties of Discrete Fourier Transform (DFT)?

Q6) Given an analog transfer function as

H(s) :1 / (s+1) (s+2)

Obtain H(z) using impulse invariantmethod. Take T:ls.

Section - C
(2 x10 -20)

Q7) Find the inverse DFT of X(k) : {1,2,3,4)

O8) Draw the architecture of TMS 320C5x?

Q9) (a) Show that for LTI discrete-time system to stable, all the poles should lie
within the unit circle?

(b) Write a short note on Bilinear transformation method?

)M-964
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Instruction to Candidates:

1) Section - A is Compulsory.

2) Attempt any Four questions from Section - B.

3) Attempt any Two questions from Section - C.

Section - A

(10x2=20)

QI) a) What is the disadvantage of using DSPs if signdl with large bandwidth
are involved?

b) What is scaling of discrete time signals?

c) What is the difference between static and dynamic discrete time signals?

d) Describe linearity property of Z trunsform.

e) Detine Circular symmetric of a sequence in DFT.

0 What is the computational advantage of FFT?

g) What is the basic difference between cascade form and direct forrn
structures for FIR systerns?

h) In what cases FIR filters will be preferred over IIR filters?

i) What will happen if length of windows is increased in design of FIR
filters?

j) Write the basic difference between ADSP and TMS series of processors.

J-78e[81 2el P,T,O.



Section - B
(4x5-20)

Q2) Describe basic elements of DSP systems with block diagram.

83) Compute convolution of'y(n) of the signals

fa",*3n<n<5
X(n) = i

I

10, elsewhere

| . l ,  o< n<4
h(n) = l

I
10. elsewhere\ ,

Q{) Find Z-transform of the following discrete time sequences

X(n) = sin(nwT), n = 0,1, . . . . . . . . . .

Q5) A finite duration sequence of length L is given as

f t ,o < n< L-l
X(n) = j

[0, otherwise

Determine N-point DFT of this sequence for N > L.

Q6) Discuss DIT and DIF algorithms and also compare the two algorithms.

Section - C
(2x10=20)

87) (a) Describe Cascade form structure for FIR system.

(b) Discuss quantization of filter coofficients in design of IIR and FIR
filter.

Q8) Discuss design of FIR filter using window method. Also compare design
using Kaiser and Hantring Windows.

QD (a) Why frequency transfonnation in analog domain is done? Discuss in
detail.

(b) Discuss architecture of ADSP processor using a block diagrarn.

trnil
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