B.E. Electronics & Communication/Telecommunication Engineering (Model Curriculum) Sem-V

ET505M : Digital Signal Processing

P. Pages: 2 GUG/W/22/13926
Time : Three Hours A Max. Marks : 80
Notes: 1.  All questions carry marks as indicated.
2. Assume suitable data wherever necessary.
3. Illustrate your answers wherever necessary with the help of neat sketches.
1 a)  Determine the value of power and energy of the following signals. Find whether signals 6
are power, energy or neither power nor energy signals
iy x(n)=(1/3)"u(n)
.. . J T T
i) x(n)=e!|=n+=
) x(m)=el[Zn+ 7]
b)  Discuss the following classifications of discrete time signals 4
i)  Linear and non linear systems.
i) FIR and IIR systems
iii) Recursive and non recursive system
iv) Causal and non causal system.
c 6
) Find the convolution sum of the sequence x(n)=1{3,2,1,2} and h(n):{l,%,l,z} using
graphical method
OR
2 a)  Compute the 8 point Discrete Fourier Transform of the sequence x(n) = {1,2,3,4,4,3,2,1} 7
Using radix 2 DIT FFT Algorithm.
b)  Summarize the difference between overlap save and overlap add method. 3
c)  Findthe DFT of the sequence 6
x(n)=1for 0<n<2
=0 otherwise
3 a)  Find the impulse response and step response of the LTI-DT system given as 10
y(n)—%y(n —1)+%y(n —2)=x(n) by partial fraction expansion method in z transform
b)  Determine inverse z transform using long division method 6
-1
@)=
1-2z ~+z°
i) Ifx(n) is causal i) Ifx(n) is non causal
OR
4 a)  Two discrete time signals are given as under. 6
X(M=113)"u(n)  Xp(n)=(U/5)"u(n)
i) Find X(Z) using convolution property of z transform
i)  Find x(n) by taking inverse z transform of X(Z) by using partial fraction expansion
method
b)  State and prove the convolution property of z-transform. 4
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5 a)
b)

6.

7 a)
b)

8 a)
b)

9 a)

10. a)
b)

Find the z transform of
i) X(n)=a" sin wgn u(n) i)  X(n)=n2" sin(gnju(n)

Obtain direct form I, direct form 11, cascade and parallel form realization of the IIR system
y(n)=-0.1y(n-1)+0.2y(n-2)+3x(n)+3.6x(n-1)+0.6x(n-2)
Describe Gibbs phenomenon in detail.
OR
Determine the system function and impulse response of the given system
3

[ g 3 .
x(n)—rlau{:':"— — i . TN
.-ij | = _i:/) o)
,I v
G |
|
|_.‘ ] . |
1/2 2
. : . S+0.2 . - .
Convert the analog filter with system function H(s) = > into digital IIR filter
(S+0.2)"+9
using bilinerar transformation method. The digital filter should have resonant frequency of
="
4
Determine digital filter for the given analog filter using impulse invariance method
S+a
H(S) =
(S+ a)2 +b?

OR

Design a Chebyshev filter for the following specification using impulse invariance
method.

0.8 H(ej"v)sl 0<®<0.211
|H(ejW)|sO.2 0.6TT<w<TI
Explain the finite word length effects in digital filter.
Explain with an example

i)  Decimation by factor D i) Interpolation by factor |
OR

Describe sampling rate conversion by rational factor 1/D.

What is Multirate signal processing? Explain any four application of multirate signal
processing.
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