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v Candidates are required to give their answers in their own words as far as practicable.

v’ Attempt All questions.

v’ The figures in the margin indicate Full Marks.

v’ Assume suitable data if necessary.

. o . 21n . fmmy . s s .
1. Determine if the signal x[n] = cos (?) + sin (-3—) is periodic or not. If the signal is
periodic, find its fundamental period. [4]

10.

Find the output of an LTI System with impulse response h[n] = 28[n+1] + 28[n-1] when
an input of x[n] = 8[n] + 28[n-1] — §[n-3] is applied to it. [5]

Define ROC of z-transform. Find the inverse z-transform using partial fraction expansion
of

_ 22%-5z%+2+43 [ .
X(z)= m for ROC [z| < | [1+5]
Plot the pole — zero in z plane and draw magnitude response (not to the scale) of the
system described by difference equation [3+7]

y[n] - 0.4 y[n-1] + 0.25 y[n-2] = x[n]- 0.4 x{n-1]

Compute the lattice and ladder coefficients and draw lattice-ladder structure for the given

IIR system [6+4]
14+z714+272

(1+40.5z71)(1 + 0.3z71)(1 + 0.4z 1)

H{z) =

Design a low pass FIR filter using suitable window to meet following specifications: (8]
0.99 < |H(e")| < 1.01 for0 < |w] < 0.3n
|H(e™)] < 0.01 for035m < |w|<n

What do you mean by optimum filter? Describe the Remez exchange algorithm for FIR
filter design along with the flowchart. [1+6]

Design a digital low pass IIR filter using Bilinear transformation to meet following
specifications: [12+3]

, i
09 <|H(Ee™)| <1 foro<|w| < >
‘ 3n

|H(e™)| < 0.2 forT <lwlsmw
Use Butterworth approximation for design with sampling frequency of 1Hz. Compare
Impulse Invariance Method and Bilinear Transformation method.
How does FFT reduce computational complexity compared to direct calculation of DFT?
Compute 8-point DFT of x[n] = {1,~2, -4, 3,0, 1} using DIT-FFT algorithm. [2+7]

If X(k) and XAKk) are the 5-point DFT of xi(n)= 3" 0<n <3 and x,(n)=2" 0<n <4. Find
x3(n) if X3(k)= X, (k)Xa(k) (6]
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Candidates are required to give their answers in their own words as far as practicable.
Attempt All questions.

The figures in the margin indicate Full Marks.

Assume suitable data if necessary.

A discrete time system has input x(n) and output y(n). The" mput output relation of the
system is given by

y(n) = Z x(k) Y |

k O e e e ———————
Check whether the system is memory less, time invariant and stable or not? [2+2+2]
Determine whether the given signal is periodic or not. If the signal is periodic, determine

jn
TP, S |

the fundamental period x[n] = ¢ !¢ cos 11—7~ . 151
Define the Region of Convergence (ROC) [1+6]

Find the inverse of H(z) = (1 + 22" + 272/ (1 - 0.75z"" +0.12527); ROC 0.25<[7|<0.5

Plot the pole-zero on the z-plane and draw Magnitude response (net to the scale) of an
LTI system described by the equation, y(n) = x(n) + 0.8x(n -1) + 0.8x(n — 2) + 0.49

y(n—2). [3+7]
Draw the Lattice structure from the following system function.
H(z) = 1 [10]

1-02z71 +0.4272 +0.627°
Design the symmetric FIR Low Pass Filter (LPF) for which the desired frequency
response is expressed as [10]

Hy(W) = e"jWT,iWQ < Weand 0 elsewhere. The length of the filter should be 7 and
We = 1 rad/sample. Make use of the Hanning window.

Kaiser window is to be used to design a linear phase FIR filter that meets following
specification [2+2+2]

HE) <001, 021ns[o|<n
0.95<[H(e*)<1.05,  0<|o|<0.197.

Caiculate the optimum value of ripple, attenuation and window length.

Using Bilinear transformation, design a Butterworth low pass filter which satisfies
following conditions:

O.9S!H(ejw)z£1, for 0 Swé%

éH (™ )l 0.2, for 3—4’3 <w<m | [12]
Consider sampliné frequency of 1 Hz.

Compute 8-point DIF-FFT of sequence x(n) = {2, 1,2, 1, 1,2, 1, 2}. [8]
Obtain the circular convolution of the following sequences:

xi(m)={1,2,3, 1} and xo (n) = {4, 3, 2,2} [6]
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A discrete-time LTI system is given by difference equation y(n) = x(n) + e®y(n — 1).

Check this system for BIBO stability. [5]
: . (1Y
Find the output y (n) of LTI system having impulse response  h(n) =f 3 | u(n-3) and
\2
’/1 n-6
input x(n)= Lw\ u(n). [6]
6/

Determine the inverse z-transform of X (z) = = 87_11+0 = (1) if ROC is [z]| > 0.6 (ii)
if ROC is|z| < 0.2 (iii) if ROC is 0.2 < |z| < 0.6 [2+2+3]
Plot the pole-zero in z plane and draw the magnitude response (not to the scale) of the
system described by difference equation y(n) = 0.67 x(n) -~ 0.3 x(n-1) + 2.75 y (n-1) [3+7]
a) Draw the cascaded form structure of H(z) = 10(’»1-0.252"‘) (1-0.667z") (1+2zy/

(1-0.75z"") (1-0.125z") {1-(0.5+j0.5)z'} {1-(0.5-j0.5)z"} [5]
b) Draw the lattice structure for the given FIR filter and also check whether the system is

stable. H(z) = 1 + (13/24) 2 + (5/8)2 + (1/3)z [5]
Design a linear phase FIR filter using suitable window to meet following specifications:

0.99<|H(e™)|<1.01, for0<|w|<0.3n

| H(e™)| £0.01, for 0.35m <[w] <7 [10]
What is Gibbs phenomenon and how can it be minimized? Why Kaiser window is better
than other fixed windows in FIR filter design? [3+3]
Differentiate between bilinear transformation and impulse invariance. Design a
Butterworth digital IIR lowpass filter using bilinear transformation by taking T = 0.1
second, to satisfy the following specifications. [2+10]

06 < |H(/®)| <1, 0<w<035n

|H(e/®)| < 0.1, 07t <w<m

Why Decimation in Time Fast Fourier Transform (DITFFT) Algorithm is better than
direct computation of DFT? Find 4 point DFT of the sequence x(n) = {2,2,4} using
DITFFT algorithm. [2+6]
Compute circular convolution of the following two sequences using DFT.x(n) = {1,2,4,5}
and h (n) = {2,1,6,8} [6]
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Check whether following signals are periodic or not. If yes, state their periodic time. [2+2]

a) x[n] = Sin(nn) + Cos (nn)
b) x[n] = Sin(3nn/5) + Cos (4nn/7)

Find the output of LTI system having impulse response h[n] = (1/2)™* u[n] and input

x[n] = 5¢"™ for -c0 < n < oo, [5]
Define ROC. Find inverse z-transform of X(z) = (1+2z'1+z'2)/(1-1 527140.527%),
ROC:[z|>1. [1+5]

Differentiate between FIR system and IIR System. The poles of a system are located at
0.45 £ j1.6 and zeros at 0.58 + j2.06. Map the poles and zeros in the z-plane and plot the
magnitude response (not in scale) of the system. [4+6]

Compute Lattice-ladder coefficients and draw lattice structure for given system
H(z)=(2-0.72" +0.52%)/(1-0.32" + 0.252). [6]

Realize the given system in Cascade Form of 2" order section flow graph representation.
H (2) = {(1-04 z ) (1+0.2 z 1) (1-03¢™ z ) (1-0.3¢"™ 2z “)1/{(1-0.5¢ 7z )

(1-0.5¢™ 2N (140.7¢™ 2 1) (1+0.7e7™* 2 1)), [4]
In which case do we choose FIR filter and IIR filter? Design a linear phase FIR filter
using Kaiser Window to meet the following specifications: [2+8]
0.99 < |H(e!™)| <1.01 for 0 < w>0.0167

[HEe™)| < 0.01 for 0.08% < w < 2n

] i

Explain in detail about how Gibb's oscillation arise while using the rectangular window
in FIR filter design. (5]

Design a low pass digital IIR filter by Billinear Tranformation method to an approximate
Butterworth low pass filter, if passband edge frequency is 0.26 n radians and maximum
deviation of 0.99 dB below 0 dB gain in the passband. The maximum gain of -14.99 dB

and frequency is 0.587 radians in stopband, Consider sampling frequency 0.5 Hz. [11]
Describe digital domain Spectral Transformation features and parameters for low pass to
high pass in IIR Filter design. [4]
How fast is FFT? Find 8-point DFT of sequence x[n] = {1,1, 0, 0,1,1 ,2} using
Decimation in Time Fast Fourier Transform(DITFFT) algorithm. [2+6]

Write the complexity of DFT and FFT? Obtain the circular convolution of the following
sequences: [2+5]

Xi[n]=4{1,2,3,1} and
Xo[n]={4,3,2,2}
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. *Define energy and power signal. Determine whether the signal x[n] = cos[z—zg] + sin[%g]

is periodic or non-periodic and if it is periodic, find its fundamental period. [2+2]
Find the output of LTI system having input signal x[n} = 8[n]+2 d[n-1]-8[n-3] and h[n]
=28[n+1] +28[n-1]. [5]
Find inverses Z-transform of X(z) = (2z*+272’-3z+2)/(z*-1.52-1),ROC:|2]<0.5, using
partial fraction expansion method. [6]

Plot the pole-zero in z-plane and draw the magnitude response (not to the scale) of the
equation of the system describe by difference equation:

y [n] - 0.35y [n-1]1 + 0.25 y [n-2] =x [n] -0.75 x [n-1]. [3+7]
Draw direct form 1 and Direct form II realization of the following system.
y [n] - 0.25 y[n-2] + x [n] + 0.4x [n-1] + 0.5x [n-2] [2+2]
Given a 3-stage lattice filter for all zero polynomial with coefficients K; = 1/4,Ky=1/2
and K; = 1/3. Obtain the system function and FIR filter coefficients of this filter. [6]
Define Gibb's phenomenon. Design the FIR filter using Kaiser window technique for the
specifications: [2+8]
0.899 < [H(e!™) <1 for|w| < 0.2n
iH(ei“’ )’ls 0.01 for0.4m<w<m
Discuss the Remez exchange algorithm for FIR filter design. [5]

Design a low pass discrete time Butterworth filter using bilinear transformation having
following specifications: [11+4]

Passband frequency (W,) = 0.257 radians

Stopband frequency (W) = 0.557 radians

Passband ripple (3p) = 0.11

Stopband ripple (8s) = 0.21. Consider sampling frequency of 0.5 Hz.

Also, covert the obtained digital low pass filter to high pass filter with new pass band
frequency, W'p = 0.457 using digital domain transformation.

Why we need FFT? Find the 8-point DFT of the following sequence using radix-2
DITFFT algorithm. [2+6]
If X; (k) and X, (k) are DFT of sequence xl[n]: {1,0,0,1} and xz[n]-—-{Z, 0,2}
respectively then find the sequence X3 [n]; if DFT of x3[n] is given by X3 (k) = X; (k).

Xz (k). (7]
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