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

Attempt Al questions.
The figures in the margin indicate Full Marks.
Assume suitable data if necessary.

Define even and odd type discrete time signals with suitable example. Plot the signal
x[-2n+3] where x[n] = {1, 2, 0, -1, -3, -4}.

Determine whether the following system are:

a) y[n] = x[-n]is time-invariant or not.

b) y[n}l= x[nz] is linear or not.

Find the output of LTI system having input signal x{n] = ufn+l}-u[n-4] and impulse
response hin] = (1/2)"u[n-1].

Define ROC of z-transform. Find inverse z-transform using partial fraction expansion of
X(z) = (z*+ 52°- 3z + 4)/ (z* - 1.5z - 1), ROC: |z < 0.5. |

Draw the pole-zero in the z-plane for a system with poles at 0.45 * j1.06 and zeroes at
0.584j2.06. Also plot the magnitude response (not to the scale) of the system.

Compute Lattice and Ladder coefficients and Draw lattice-ladder structure for given IIR
system H(z) = (0.5 - 2z + 322)/(1- 0.5z - 0.727+ 0.327).
Realize the given system in Cascade form of 2" order section in signal flow graph
representation.
H(z) = {( 1 - 0.527)(1 + 0.3527)(1 — 036521 - 036321y} / {(1 - 0.66"2")
(1-0.665"7 1y (1+0.56%™ 721y (1+0.5¢ 32y
Design the FIR filter using suitable window for the specifications:
0899 < [H(E)| <1, forlo|<02n

|HE")|<0.01, for0dn<o<n
What is optimum filter? Show mathematical expression of Remez exchange algorithm for
FIR filter design.

10. Design a digital low pass Butterworth filter by applying bilinear transformation

11

techniques for the given specifications:

Passband peak to peak ripple < 1dB

Passband edge frequency = 1.2KHz

Stopband Attenuation = 40dB

Stopband edge frequency = 2.5 KH.

Sample rate = §KHz :

Find 8-point DFT of sequence x[n] = {I, 2, 3, 3, 5, 0, 4, 6} using Decimation in
frequency Fast Fourier Transform (DIFFFT) algorithm.

12. Find x3[n] if DFT of x3[n] is given by Xs(k) = X;(k) * Xa(k) where X (k) and Xy(k) are

4-point DFT of xq[n]={1, 2, -2} and xo[n] = {1, 2, 3, -1} respectively.
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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. .

Define Power and Energy type discrete time signal with suitable example. Differentiate
between Fourier Seties and Fourier Transform.

Find the output of LTI system having impulse response h[n] with h[-2] = 3, h0] =
h[1] =1 and input signal x[n] = (2)", for -1 <n <3. Also check the answer.

Plot the pole-zero in Z-plane and draw magnitude response (not to scale) of the system
described by differential equation

y()-03y(n-1)=2x(n-2)+0. 7x(n D +4x(n)
Draw the lattice structure from the following system function

1
HO) = —F—5 "5
l+=z" +=z"+—z
372 737 73

+2z

What is optimum filter? Show mathematical expression of Remez exchange algorithm for
FIR filter design.

List out the properties of Region of convergence and locate the ROC of the following
signal
x[n]=(0.1)"u[n]+(0.3)"u[-n~1]

Using bilinear transformation, design a digital filter using Butterworth approximation
which satisfies the following conditions

0.8 <|He' | <1 for 0 < W < 0.211
| He™ | <0.2 for 0.6IT< W <TT

How fast is FFT? Find X(3) and X(5) for given sequence x[n] = {1, -2, 3, 2} using
DITFFT algorithm.

Differentiate between linear convolution and circular convolution compute circular
convolution of signals

Xi[n] = {0,0,1, 1} and Xo[n] = {1, 1, 1, 1}
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. Explain Fourier transform multiplication property for two sequences. Write Drichlet’s
conditions for Fourier series, [4+3]

2. Find convolution between two signals x[n]=2"4[-n], 0 <a<land h[n] 4[n] [6]

3. State Convolution property of Z-transform. Find i inverse Z-transform of
X(z)=z/{(z-0.6)(z+0. 5}, ROC: |z] > 0.6 [3+6]

4. Describe stablhty and causality characteristics of LTI system in terms of Impulse
_ Response and ROC of its transfer function with suitable examples. [4+3]

.5, Compute Lat’ucc and Ladder coefficwnts and Draw Iatnce 1adder structure for given IIR
system H(z) = (0.7-1.52" +0.52" 2/ (1-0.5z" 0.7z +0.327) [6+3]

6. Forthe system described by the following difference equation: [2+8]
yln]=0.67x[n]-0.3x[n-1]+2.75y[n -1]
Map the poles and zero in the z-plane and plot the phase response of the system.

7. Design a low pass discrete IIR filter by Bilinear Transformation method to an
approximate Butterworth filter having specifications as below: [12]

Pass bandedge frequency (wp) = 0.22 & radians

Stop bandedge frequency (ws) = 0.54 « radians

Passband ripple (5,) = 0.11

Stopband ripple (&) = 0.22, Consider sampling frequency 0.5 Hz.

8. Why we need DFT? Find 8-point DFT of sequence x[n] = {1, 2, 3, 3, 5, 1, 4, 2} using

Decimation in frequency Fast Fourier Transform (DIFFFT) algorithm. [2+8]
9. In which case do we choose FIR ﬁlter and IIR filter? Design a Kaiser Window to meet
the following specifications. . [2+4-+4]
099<[H(e™[<1.01,  for0<w<0.16n
He”]<001,  for0.18rsws2n

Draw the flow chart for Remez- Exdhange algorithm
: ok
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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.

Plot the sequence x[n]=u[n]—u[n- 3]+58[n— 4]=nu[n-6]. List out the properties of

LTI system. [3+2]
Determine whether the following system are: [3+3]
a) y[n]=yn-4]+x[n- 4] is Time-invariant or not

b) y[n]=x?[n]is Linear or Nor-linear

Define 2 ROC. What are the properties of ROC of z-transform? Find the inverse Z-

transform of X(z) = 2z* +2z° +3z+ 5)/(z* -0.12-0.2),ROC :\z] <0.4. [143+5]

The poles of a system are located at: 0.45-0.77i and -2+0.31. Map the poles and zero in

the z-plane and plot the magnitude response of the system. : : [2+8]
% Obtain the Direct Form I and Direct Form 1I realization of the following system. [53

: 3y[n]+y[n-1]+ 2yin—4]= 2x[n]+x[n-3]

Determine the lattice coefficients coefficients corresponding to the FIR filter with the

system function: - E [5]

-3
40 3
Design a digital low-pass filter with the following specification: 12}

H(z) = A,(z) =1 +-g—2—z“ 12,0 .

i) Pass-band magnitude constant to 0.7 dB below the frequency of 0.157

ii) Stop-band attenuation at least 14 dB for the frequencies between 06ntom
Use Butter worth approximation as a prototype and use impulse invariance
method to obtain the digital filter.

Design a FIR linear phase filter using Kaiser window that meets the following

specifications: [9+3]
[H(e™)| <0.01, 0< |w| < 0.25
0.95< |H(ejw)| < 1.05,0.35m <lw|<0.6m
|H{e/)| 0.01, 0. 657 = jwlsw E
Also determine the minimum length (M+1) of the impulse response and Kaiser
window parameter f.
Why do we need DFT? Draw the butterfly structure to compute the DFT of the following
signal using Radix-2 DIFFFT algorithm, and compute X(2) and X(1) only
x[n] = {1.5,-1,1.8,0.6,3,1.7} [3+7]
Define zero padding. Find the linear ‘convolution through circular convolution with
padding of zeros for the following sequences: x[n]={LL,L1} and h[n]{2,3}. [1+5]

ekl
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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.

Determine whether the following sequences are linear or not: [3+3]
2) yln]=x"[n]

b) .y[n] = cos(is—;ln + %}

Find the output of LTI system having impulse response h{n]=2"*{u[n]-u[n~-3]} and

 input signal x[n]=3[n]+8[n-1]+8n-2]. [5]

List out the properties of Region of convergence and locate the ROC of the following
signal. - [3+6]

x[n] = (0.6j"_§[h] +(0.25)"u[n]

Draw the'poiés and zeros in the z-plane for a system with poles at 0.45£j1.06 and zeros at

0.584j2.06. Also plot the magnitude response of the system. [2+8]

Draw the Lattice structure from the following system function: [7+3] |
| | _

3+ %%Z“l + 1—;2‘2 + %Z*

5 5. . .
And represent 3 and ~3 in sign magnitude, 1's complement and 2's complement format.

Design a digital low-pass filter with the following specification: [12]

i) Pass-band magnitude constant to 0.7 dB below the frequency of 0.15 =
if) Stop-band attenuation at least 14 dB for the frequencies between 0.67 to =

Use Butterworth approximation as a prototype and use bilinear transformation method to
obtain the digital filter.

Design ‘a linear phase FIR filter using Kaiser Window to meet the following
spécifications: ‘ . | [8+4]

 0.99s[H(E)|<1.0L,  for 0SW<0.197

}H(ef“’){ <0.01,  for 02ln<w<m

Draw the flow chart for Optimum filter design.

How fast is FFT compare to DFT? Draw the butterfly diagram of 8-point DFT of a
sequence as x[n]=n+1 using Decimation in Time FFT algorithm. [3+7]

State the circular convolution property of DFT. Find the circular convolution of: [1+5]
x,(n)={1,2-11} and x,(n)= {1,3,5,7} '

ok
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v Candidates are required to give their answers in their own words as far as practicable.
v Attempt All questions. . ‘ I
v The figures in the margin indicate Full Marks. o , A - -
v Assume suitable data if necessary. S T ey >«
1. Define and plot a discrete time unit step signal. Explain its relation with unit impulse |
signal. ' , [1+2]
2. Calculate y[n], if x[n] is x[-2] = 0.5, x[0] = 1, x[1] = 0.75, x[3] = 0.5 and n[n] is n[0] =1,
nf1]1=0.75 and n[2] = 0.5 and verify your result. 6]
3. Define a ROC. Find inverse Z-transform of X(z) = (22+22°+3z+5) / (2-0.12-0.2),
ROC: \z[ <04 [1+5]
4. Define the difference equation with example. The Poles of a system are located at:-
g 0.45 + 0.77i and 2 £ 0.7 and zeros at: 1.2 £ 0.434, Plot the magnitude response of this
“ system. [2+8]
' 5. Draw the Lattice Structure from the following system function: RN £ )
1 +%z‘1 + _%z‘z + %2'3 + 74 y» ‘ o
1+§z‘1+%z"2+§2"3+z"4 o ;
6. Design a digital Butterworth low pass filter satisfying the constraints o
{0.707 <|HE™|<1 Osw 5%
|H(e)] < 0.2 Mswsn
With T = 1sec using bilinear transformation method. Realize the filter using the most
convenient realization form. : [11+4]
7. Design an FIR linear phase filter using Kaiser window to meet the following |
specifications: , [8]
098 < [H(e™)| < 1.02,for 0 2w = 0.9
|H(e™)| < 0.01,for 014m < w=m
8. Draw the Howchart of Remez-Exchange theorem and explain it. : 7
9. Why we need FFT? Find 8-point DFT of sequence x[h] ={1,-1,3,2,1, 1,3, -2} using
Decimation in frequency Fast Fourier Transform (DIFFFT) algorithm. [2+6]
10. Find xs[n] if DFT of xs[n] is given by Xs(k) = Xi(k) X(k) where X;(k) and Xa(k) are
5-point DFT of xq[n] = {1,-2,5, 1,2} and x;[n] = {1, 2, -3, -2} respectively. ' [7]

dskeck
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. Define Energy and Power type discrete time signal. Check whether signal

Candidates are required to give their answers in their own words as far as practicable.
Attempt All questions. _

icate Bulldlarks.

x[n]=eX™/3**% ig periodic or not. If it is periodic, state its periodic time.

Find the outi)ut of LTI system having impulse tesponse h[n]=(1/2)"{u[n+2]-u[n-2]}
and input signal x[n] = {2, 1, 0.5, -1}. Also check the answer.

State ahd explain the properties of a Region of Convergence (ROC) Find the inverse z-
transform of X(z)- [1 —%z ](1 +z7 Xl -z" )

.. Plot:the pole—zero in z-plane .and Draw Magnitude: Response: (not to the scale) of the
system described by difference equation

y[n- 1]+ 0.2y[n - 2] X[n]+0.5x[n-1]+0. 6x[n 2]+0. 8x[n 3]

fﬁme_ s of 1mpulse response of a low pass FIR ﬁlter having Pass band edge

'frequencym =02n, Stop band edge frequency w, =0.5t and Stop band attenuation

o, = 41dB using any appropriate window function.

What is an optimum filter? Show mathematical expression of the Remez exchange
algorithm for FIR filter design with flow chart.

Design a low pass discrete IIR filter by Bilinear Transformation method to an
approximate Butterworth filter having specifications as below:

Pass bandedge frequency (wp) = 0.27 w radians

Stop bandedge frequency (o) = 0.58 = radians

Passband ripple (3,) = 0.11

Stopband ripple (85) 0.21, Consider sampling frequency 0.5 Hz.

Compute the 8-point DFT of the sequence x[n]= {l -1- l 1 ,0,0,0 O} using Decimation in

2°2°2°2°
Frequency Fast Fourier Transform (DIF-FFT) algorithm.

What is a zero padding? If X;(k) and X5(k) are DFT of sequence x;[n] = {1, 2, 0, 1, -2}
and x3[n] = {1, 0, 1, 1, 2} respectively then find the sequence x3[n]; If DFT of x3[n] is
given by Xs(k) = X;(k), Xa(k).
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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.
1. - How fourier series coefficients are calculated? Explain. [4]

2. Find the output of LTI system having impulse response h[n] with h{-2] = 1, h[0] = i
Ch1]= 3 and mput signal x[n] with x[0] = 1/2,x[2] =2, x[3] = 3. Also checktheanswer [3+2] i

_ 3. Explain the properties of Region of Convergence with examples. : {6]
g 4. Describe s‘cab1hty and causality characteristics of LTI system in terms of Impulse
b Response and ROC of its transfer function with suitable examples. 141

5. Plot the pole-zero in z-plane and Draw Magnitude Response (not to the scale) of the

(o R 'system descnbed by difference equation. [2+4] ,
: [n] 0: 4y{n 1]+0 1y[n 2]= x[n]+0 6x[n— 1]
6 Determme the Direct Form I and Dlrect Form 11 realization of the following systsem ' [5]
Y (n) —0.1y(n-1)+0.2y(n—2)+3x(n) +3. 6x(n—-2)+0.6x(n—2) ' o
g o Compute the lattice coefficients and draw the lattice structure of following FIR system [51
| "‘H(z) 14227 +27 | e
B 8. Describe how digital FIR ﬁlter can be design by window method. Why Kaiser window is - ' [
F - better than other fixed windows in FIR filter design? . [5+3] ; |
[ e ‘9. What is an optimum ﬁlter‘7 Show mathematmal expresmcn of Remez cxchange algonthm SRR
‘ ~ for FIR filter design. - : : _ - [1+6]
--10. Explam about the advantages of selecting blllnear transformatlon method over 1mpu1se _
e invariance method (I I M). Design a digital low pass Butterworth filter using impluse
c invariant transformation with pass band and stop band frequencies. 200Hz and 500Hz =
© " respectively. ‘The pass band and stop band attenuation are -5dB and -12dB respec‘uvely Rt
ST The sampling frequency is 5kHz. Use IM method _ L [3+12] e
o S 11 ' Find the FFT of the ‘signal x[n]{L; 1, 2,4, 3,1,2,1} using DIT-FFT algonthm o B : . < s
12. Compute Circular Convolution of h(n) = {1, 2, 1, -1, 1} and x[n] = {1, 2, 3, 1} o [7]

BRR
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1. Explain the process of calculating fourier series coefficients. : : o {31
2. Determine the system output y(n) of the ﬁ)ﬂomng s:gnals h(n)= {l,l,fl} and -
x(m) = {LLLY | S [l

| ' | ' 3. Define a ROC. Fmd inverse Z-transform of X(z) zf{(z -0, 4)(z+1 .5)*}, ROC: !z‘<0 4 [1+5]
? 4. State linear constant coefficient dlfference equatmn mﬂ eorrespondmg system function.

‘Determine the output sequence of the system wxﬂz impulse response h[n] (1!2)" u{n] o
‘ liwhen the input: signal is x[n] 10— 551n(11:n/2)+20wsm —00 <N <00, f‘; B

‘ .5;‘\;"-The system function of a filter is H(z) 2+1.8271-1. 62 +z7 Draw the lmct Form

. ‘and Lattice Structure implementation of the abovz ﬁiter o B
G FUSIN -6..:;‘Explam in detaﬂ -about how rcc‘tangular mnduwsswsed in FIR ﬁlter demgﬂ. How G:bb‘ N
R ey scillations arise in this process.” - . T (]
gty §Exp1a1n about: Remaz exchange - algonthm w1th smble derivation and flow chart. [9]
8. Using bilinear transformation, demgn a buttexwm&h low: pass ﬁlter whlch sausﬁes the :
followmg Magmtude Response. . : : [2;

O89125<]H(e‘“’)|<1 forOSw$O2n
]H(e'w )|0.17783  for03n<wsn

9. Explain briefly about Bilinear tranéfdnnation meﬂwd of IIR filter desién. R [3]

10. Why do we need DFT? Find 8-point DFT of seqme x{ ] _{1,-,1,2,2‘,1,1,2,2} using Fast i
‘ Fourier Transform algorlthm i o RN [2+6] i
F 11; Find xs[n] if DFT of x,[n] is given by X3(k)- g(k)X (k)where X (()and X (k) are B
| S-pomt DFT of x,[n]={1,-2,2,14} and x,[n] = {Z,L-B -—1} respecnvely = M-
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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.

Define energy and power signal. Check the signal x{n] = u[n] and x[n] = S[n] is Energy or

Power type. [2+3]
Find the output of LTI system having impulse response h[n] = (1/3)" {u[n+1]-u[n—2] ;» and
input signal x:[n] = {2,1,0.5,3}. [51
State the properties of region of convergence (ROC). Drive the convolution propesty of
Z-transform. [3+3]
-Find the output of LTI System havmg 1mpulse response h[n] = (1/2)" u[n] and input
.31gna1 x[n} = 56 for o <n <o, [41
. Plot. Magn;tude Response (not to the scale) of the system described by difference
, equahon ‘ | | o [6]
-y[n]«-() 5y[n-1]+0.3y[n-2] = x[n]+0. 7x[n—1] | ' |
. Dé,t.ermme the Direct Form I realization of the following system « : {41

10.

11

(n) =-0.ly(n— 1) +0.72y(n—2)+0.7x(n) - 0.252x(n—2)
Compute the lattice coefficients and draw the lattice structure of following FIR: systm [6]
H(z)=1+2z"-3z7 +4z"

Draw the flowchart of Remez-Exchange theorem and -explain it. Design an FIR limear

phase filter using Kaiser window to meet the following specifications: [6+8]

0.99 <[H(e™)| <1.01,for 0=w20.19%

[HE™)

<0.0Lfor02lrsw<n

Design a low pass digital filter by Bilinear Transformation method to an approximate
Butterworth filter, if passband edge frequency is 0.25 = radians and maximum deviation
of 1 dB below 0 dB gain in the passband. The maximum gain of -15 dB and frequency is
0.45 = radians in stopband, Consider sampling frequency 1Hz. [15]
Find 8-point DFT of sequence x[n] = {1,1,0,1,0,1,2} usingDecimation in Time Fast
Fourier Transform (DITFFT) algorithm. {7]
Why we need DFT? If X;(k) and Xo(k) are DFT of sequence xi[n] = {1,2,4% and
xofn] = {-1,2;,3,1} respectively, then find the sequence x3[n], if DFT of x;3[n] is givs: by
X3k = Xuk) Xak). , - [2+8]

E L ]
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v Candidates are required to give their answers in their own words as far as practicable.
v Attempt All questions. o ‘ '
v The figures inthe margin indicate Full Marks.

v Assume suitable data if necessary. '

|, Find the even and odd part of signal x[n], | S Y

- 1 for-4<n<0
Xnp=
'7l2 . forlsn<4

2. A discrete time LTI system has impulse response h‘fn)= {1,‘3,2,-—1’,1} fof -1 S n < 3.
- Determine the system output y(n) if the input x(n) is given by x(n) = 28(n) - 8(n-1). | [6]
3. Define ROC. Find inverse Z-transform of ' | - [145]

Xz V{(z-05)z+2)}, if
i) < ROC:05<lzl<2.
i)  ROC:lzl<05 -
ii)  ROC:lzl>2

> poles of a system are located at: 0.45+0.77i and -2 +0.3i and zeroes at: 1.2 + 3i. Map
poles and zero in the z-plane and plot the magnitude response of the system, [2+8

mpute Lattice coefficients and draw lattice  structure for given IR system

= 2_1/(1'~0.()1z‘1 ~ 0,232'2-1—0“52'3). Also check the stability of given system. - [4+2+1]
6. 'What is limit cycle effect 1n recursive system? Describe with one cxamplefshowing howit
-~ oceurs. S ' ' - o R Bl

7. Design a low pass FIR filter having Pass band edge frequencyfiop =0.37, Stop band edge
frequency s = 0.5 7 and Stop band attenuation o = 40 dB using any appropriate window

8]

: function. - e
‘8. What is optiniﬁm:’ﬁlter“? Show mathernatical expression of Remez exchange‘algorithm for
FIR filter design. - P .

[1+6]

“Butterworth filter applying bilinear transformation having specifications as follows: [2+9+4]
Pass band frequengcy (w,) =0.25 © radians : = '
Stop band frequency (ws) = 0.55 7 radians

Pass band ripple (8) = 0.11

and stop band ripple (89 =021

Consider sampling frequency 0.5 Hz.

9. What is the advantage of bilinear transformation? Design a low pass discrete time

~ Also, convert the 0btainéd digifai low;pass filter to high-pass filter with new pass band - o
frequehcy (w's) = 0.45 7 using digital domain transformation. =
10. Why do we need DisétetéFbuxgiérvT}ransfofm (DFT) although we have Discrete-time
Fourier Transform (DTFT)? Find circular convolution between x[n] = {1, 2} and

y{n} = u[n] —u[n-4]. e . {2;;5]
11. How fast is FET? Draw the butterfly diagram and compute the value of X(7) using 8 pt - ' o
DIT-FFT for the following sequences: AR ' ' [2+6] £

x(n)=1{1,0,0,0,0,0,0,0}
. A o
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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.

Find the odd and even part of the following signal: _ [4+5]
xind

2

-4 3 2 =i

%

M*"Mi—‘—-uww%

gt

T
i
|

[ R ™ |
[ ] mmwu-@

5t

L=

4

A discrete time LTI system has input signal and impulse response as,

(_fl —isns1 (1 —1S1S 1 g s p ooeout of the system using graphi
= : 8! nj =1 Find ¢ g us aphical
x{r?g =10 eisewhere and hin] to  elsawhere ind the output of the system using grap

“meéthod,

the inverse z transform of: - . [6]

ng partial fraction method.

k)

i do we need difference equation? State linear constant coefficient difference equation

and corresponding system function, . _ [2+3+5]
Consider an LTI system with impuise response hin =(1/2)" u[n]. Determine y{n], if the

input is x[n] = Ae™ ’
I a 3 stage lattice filter for all pole polynomial has coefficients. - {5]

R SR S T o .
K= 7 K, =—and K; = - Obtain the system function of this filter.

L2 3

What is the importance of quantization in Digital Signal Processing? Which one is better
rounding or truncation? Explain about limit cycles in recursive system? Define dead.
band. v [1+1+2+1]
Explain in detail about how rectangular window is used in FIR filter design. How Gibb’s
osciilations arise in this process. [6]
What is a Remez exchange algorithm? Derive its equation and draw its flow chart. {91

Design a low pass digital filter by Bilinear Transformation method to an approximate
Butter worth filter it passband frequency is 0.27 radians and maximum deviation of 1 db
below 0 dB gain in the pass band. The maximum gain of -15.db and frequency is 0.4n

radians in stop band, consider sampling frequency 1 Hz. [15]
A system has input signal x[n] = {1.2.3.4] and impulse response hin} = { 1,3,5,7} and the
DFT of x[n] is X[k} and the DFT of h[n] is Hik]. Find the output of the system yinl it
T . "3, t . o
Gkl = zki}d ik} . {71
Find DFT for {1, 1.2, 0. 1, 2, 0, 1} using FFT DIiT buterfly algorithm and plot the
fil-‘{;ifﬂ.'ih (L2 4 g',_'r,,l_:'i
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Subject: - Digital ;‘Signa’f Analysis and Processing (CT704)

Candidatas are required to give thelr answers in their own words as far as practicable.
Attempt AH questions, '
The figures in the margin mdzcai‘e Fuall Marks.

Assume suitable data if necessary.

SNANKN

1. Determine which of the followmg signals are periodic and compute their fundamental
period: - v , [3]
iy Cos(vmzlg) .

i} Cos{n/2) cos(mn/4)

2. Find output y(n) when: h(n) = { S 4, 3,2} -’:‘s.’}d x(*x) = {1,0,3.2} , {67
3. List out the properties of Reg;en of Convergence, Find the Z-transform and locate the
ROC of the signal. | | : [2+4]
n
X[n},-—'[ ) ufn]— [ ] uf-n—-1}
4-‘.' Find the output of LTT System having impulse response o o [4} :

- hfn}=(1/3)" u[n} and input signal xfn] = 5™ for o <n <oo.

Flof ‘Magnitude - Response (not to the seale): of .the system described by ci. flerence
squation. y[n] - 0.3 y[n-1 3+’1 225y[n-2} = x[n} + 0.5x{n-1} : o 6]
;‘._;Betﬂmzme the Cascc;ds Form realization of the -;oghcwmg, system, : TR {4]

‘ym}———y{n 17+ ;a.f{n-2}+x‘fm3+’ﬁx{nw—ﬁ-,—~ 0

7.

'Ccmpt_tp the ‘amce cmfﬁmmﬁ ¢ draw’ *the Jaiﬁce tructure of following FIR system
H(z)=1+3. iz7 +5.527% +4.2z ';_;,3 2~ 6
8. Describe how FIR filter can be designed by window method, Dlscuss the characteristics
of different type of window function. : . [4+4]
9. What is an optimum filter? Show mathematical expression of Remez exchange algorithm
for FIR filter design, v [1+6]
10. Using bilinear “transformation method, design a digital filter using Butterworth
appmmmatmn which satisfiers the following conditions: , ’ 1163
0.8<[He™|<1 for 0<w<0.2n
: 1Hejwl <02 for 0.6mswsn
e . . e 0.1+0.4z™"
11. A digital LPF with cut off frequency w, = 0.2575 = is given as H(Z) = - -
' : ‘ 1-0.6z7 +0.1z7
Design a digital high pass filter with w', = 0.3567n. | : (5]
12. Define Padding zones, Find 8-point DFT of a.eqwme - {146
xfa] = {1,1,0,0,1,1,2} using Decimation in Time Fast }oux ier Transform ( m"é" FT)
algorithm.
13, Why we need DFT? Siate and prove {f‘é.rm.{iazj Convolution property of DFT. [2+2+4]

g

Lemad
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Candidates. are requlred to give their answers in their own words as far as practicable. -
Attempt All questions. .

The figures in the margzn ‘indicate Full Marks.

Assume suitable data if necessary.

Find the even and odd part of signal x[n], | ) N ] I
e for-4<n<0 | -

xX[n]= o

(2 forl<n<4

Hlustrate the significance of convolutlon summation in digital signal analysis. Compute

the convolution of the following 51gnals h(n)={L,0,1} and x(n)={], 2 -2,3 4} [2+4] .

Define Region of Convergence Find inverse Z - transform of o o v
X(z)=z/{(z-1)(z-2)*},ROC:| Z| <1 | . [1+5]

Given H(z) for a system with the followmg difference equatlon T
y(m) =x(m)+x(n-2) v ‘ [2+6+2]

" Plot its poles and zeros in Z plane. Determine its magmtude response. Also, determme

~whether system is causal and stable.

.- Draw lattice structure for given pole - Z€ro system - S ' 6]
H(z)=(0.5+22"" +0.6272) /(1-0.32"" +04z7%)

‘What do you mean by Limit Cycle? How it occurs in recursive system? | o [1+3]
f,'What is the condition satisfied by Linear phase FIR filter? Show that the filter with
: h(n) {=10,1} is a linear phase filter. [2+4]

. Use Hanning window method to design a digital low-pass FIR filter with pass-band edge -~

_ frequency (wp) = 0.25m, stop-band edge frequency (ws) = 0.357 where mam lobe w1dth of

10.

11.

12. ’
* DIT-FFT for the following sequences: ’ R - [2+6]

Hanning window is 8n/M, M is the filter length. | _ R [9j
Why Spectral Transfonnatlon is requ1red‘7 ' , _ o ]

Design a low pass digital filter by 1mpulse invariance method to an approximate
Butterworth filter, if passband edge frequency is 0.2 m radians and maximum deviation of

0.5 dB below 0 dB gain in the passband. The maximum gain of -15 dB and frequency is

0.35 = radian in stopband, consider samphng frequency 1Hz. . [13]

Why do we need Discrete Fourier Transform (DFT) although we have Dlscrete-tlme e
Fourier Transform (DTFT)? Find circular convolution between [2+5]

x[n]={1,2} and y[n]=u[n]~u[n-4]. ) .
How fast is FFT? Draw the butterﬂy diagram and compute the value of x(7) using 8 pt

X(n) ={1,0,0,0,0,0,0,0}

ke ¢



o 'Regulm '

36 TRIBHUVAN UNIVERSITY ' {_Exam By T b
INSTITUTE OF ENGINEERING 3 Level ~ | BE | Full Marks | 80
Examination Control Division i Programme \ | BCT t Pass Markiw‘jl '
2069 Chaltra , Year [Part |IV/1 | Time | 3 hrs.
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Candidates are required to gwe their anSWers in their own words as far as practlcable
Attempt All questzons : , : A .
The figures in: the margin zndzcate F ull Marks :

~Assume suztable data zf neceisary b

xxxﬁt

1. ,Deﬁne Energy and Power ty'pe swnal Wlth su1tab1e examnle Check the signal - _
- x[n]"Cos(2n7t/S)+Sm(n n/3) is penodro or not S DR R 124 B
9. Define LTI system. Fmd the output of LTI system havmg nnpulse response .
~ hn]=2u [n] -2u [n-4} and mput s1gna1x[n] (1/3) wn]. o [1+4] -
3. State the propertles of reglon of convergence (ROC)" Derwe the trme shlﬁmg property of L
5 Z—transform A e _ , [3+3] -

4 Why do we need Drfference Equatwn‘? Draw Pole-zero in Z—Plane and plot magmtude B
response (notto'the. scale) ‘of the system described by difference equatron Sa. [2+2+6]
"y* [n] 04 y [n—l] +0 2y {n—2] x[n] * 0: 1x [n-l] -0: 06x [n~2] : E

5. Deterrmne the Direct “Form reahzatlon of h followmg system. ER
vy(n)— -0.1y (n—1)+ 0. 72y (n—2) +07x(n) 0252x (n-2) e : 41

"Oompute the 1amce coefﬁments and draw the 1attlce structure of follomng FIR system

, H@)= 1+22 3gPdz v g
(o . De51gn a d1g1ta1 FIR ﬁlter for the' demgn ‘of the’ 1ow pass ﬁlter havmg ‘
o= 03m, (Ds = 0.5, 0, = 40 dB using suitable window function. . Bl

o 8. What is optlmum ﬁlter‘7 Descnbe Rernez exr;hange algonthm for FIR ﬁlter des1gn w1th R
0 flow chart. R EI _ . [1+6] :

B 9 .,What is the advantage of bthnear transfomatlon'f’ Desrgn a low pass  discrete time

L Butterworth filter applymg b111near transformatton havmg spec1.ﬁcat10ns as follows: . [2+9+4]

- Pass band frequency (wp) 0. 257 radians
Stop band frequency (Ws) = 0. 557 radra.n&
Pass band tipple (8p)=0.11 =

- And stop band r1pp1e (65) 0.21

»Cons1der samphng frequency 0. SI—Iz '_ |

'Also, convert the obtamed d1g1ta1 low—pass ﬁlter to hrgh-pass ﬁlter thh neW pass band
frequency (w'p) = 0. 45n using digital domain ﬁa‘ansformatmn ~

' .10 Why do we need FFT‘7 Find 8-point DFT Ofi' sequence X [n] = {1 1 221 12 1} usmg

: Decrrnanon in frequency FFT (DIFFT) algorithm. - - e [2-%7'] '_
‘11 Find xs[n] if DFT of x3[n] is given by X3k} = X1(k) Xa(k) where X;(k) and Xz(k) are .
' 4-po1nt DFT of xl[n] {1 2 -2} and xz{n] {}i 2 3,-1} respectwely : . . [6]‘-1 .

Ak sk
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Subject D1g1ta1 Srgnal Analys1s and Processmg S

v Candrdates are requlred to grve therr answers 1n therr own words as far as practrcable
v vAttemptAll questions. B R T :
v’ - Thefigures in the margm mdzcaze Full Marks Lo
v '_'Assume 5 ab!e daz‘a y’ necessary St T

'j.;_-."i[s_J,
e..penod Hfthe szgnal x[n] Zm_ Il R
coeff crents of the srgnal x[n] : ; L >[6]

: ot the’ system y[n] = e"[2 ]1s (a) unear (b) trme 1nvar1ant (c) memoryless T s
[n] is lnput to: system and y[n] is output cf system S S ] B

o 51

;e 5z )(1 z"‘)(l—--- '"5;.‘-?‘)”1[ .

: -1
)(1 '7

I and d.rrect from II structures Draw the correspondmg block -
i dlrect from I structures ' S e

In terms of direct fr
L dlagrams of d1reet fromI

7. A._'How the spectrum of : nmuous time srgnai is. relatea to qpectrurn of cerresponimg
- . - discrete time signal, obtalned by samplmg the . continuous trme srgnal’7 Explam Drscuss o
.‘,’What IS ahasmg and how 1t occurs "?* : , ' e -1 L
8. If passband edge frequency cop' = 02571: stopba.ud edge ﬁ-equency Ws = O 4571 passband T 2
.- tipple.8, = 0,17 and stopband ripple §, = 0.27 then desrgn a d1g1tal Iowpass Butterworth - B
. filter using bﬂmear uausfonnaﬁnn tef‘hmque R -1

9 Use Blackman window method to design-a dlgltal low-pass FIR filter with PaSSbﬁnd edge -
. frequency o, = 0. 24, stopband ‘edge frequency s =.0.34n Whefe main lobe width of i .

= "FILBIackman wmdow is %— Mi Is ﬁlter length

10 ‘Use the F ast Founer Transform decrmatron in frequency algonthm to ﬁnd the dxscrete
Foumer T“ansform of the sequence x[n] -[1-22 1] » C e
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v' Candidates are required to give their answers m their own words as far as practlcable
v’ Attempt All questions. : :
v AZZ questions carry equal marks.
v

Assume suitab

—t

le data if necessary.

E}.plam the basic ‘block diagram of discrete time processing of continuous signals. Wnte

in detail about practical considerations  during reconstruction.

S

xpression in terms of F ourier coefficients.

W

transformation.

-4 G’i*ven the following two sequénces x[n ]
- =1:i<nX2, determine the-convolution of %[n] and K[n] and plot it as well,

s, E‘lee1 a.sequence V[n] [0, 1,2, 3

aworzthm

= 0.5 dB and o =0, 557, 0, =

Compute the DFT of the 4 pomts sequence x[n]

Derive the expressmn for the discrete time F ourier series along with the power and energy
= [3, 2, 1, 0] using the linear

[11 7,0,-1],-2€n< 1. and‘h‘[n] =[2,3,0,-5],

4.5, 6, 7], determine X[k] using DIT or DIF FFT

= 15dB,; where the'symbols have the

,usual meamng, fmd the order of filter -and: the cutoff fre quency using: Butterworth

approxunatlon

1

7. Cmmn Hlz] =

1-092 14064272 —

IR systems and draw it as well.

0.576z

, find the 3™ stage lattice parameters for

8. Explain the steps of FIR filter design by using 'the Remez ekchan_ge algoritﬁm.

L Heskek

—
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Candidates are requlred to give their answers in their own words as far as practicable.
Artempt All questions. :

The figures in the margin indicate Full Marks.

Assume suitable data if necessary.

. Compute and plot even and odd component of the sequence x(n) = 2u[n]‘— 2u[n - 4]

where u[n] is unit step sequence.

Write whether or not the following sequerices are periodic and write the period.

fert

a) x[n]= (:05[53—7‘C nJ

b) x[n]= sin(%+g—) |

,Fmd the dlscrete Fourier coefficients of the periodic sequence w1th period N = 11 defined
L, |n|=2

' over a perlod as x[n]=
= 0, 2<|n|<g5

Shqfw whether or not the system y(n) =nx[2(n~2)], n> 0 is (a) linear, (b) time invariant,
(c): I"nemoryless

Fmd the system functlon H(z) of the system characterised by difference equation

}’[ ]—-—y[n 1]——y[n —2]-x[n]=0. Find the poles and zeros of the system. Use the

.. pole- zero,..dlagramio.plot..the approximate frequency.response magnitude of the system...... .

.
Realize the system function H(z)= 3

: — in
.T ;T
P 1__227,1__ ,1;_1__2:,1_, 1_26342-1 1_26 4,
- .\ 6. 6 - 4 4

[4]

4

[3]

10T

~terms of cascade of. .second . order sections.- Draw ‘the ‘block -diagram of the cascadé"" T e

. realization.

Show by giving examples that the quantization error by truncation for sign magnitude -

number, ewm, lies in the range -2 - 27y < Ciom < (27 =27") and that for the 2’s

.-COmplement., number €ie,-11€S in the range — (2 - oy )28,y = 0u-by Is the number.of....
- bits before quantization and b is the number of bits after quantization.

How does an IR filter diffei frori an FIR filter?

[6]

v AL D B TN

- [6J
Ca3]




0.

10.

analog Butterworth filter transfer function vH(s)z

Find the system function for digital filter using impulsive invariance technique from the
_ , , )

21 LA
(s+13)(s-13¢ 3 )(s-13 ')
T =1 second, and draw the block diagram of the system function; H(z), realized in terms
of second order sections. .

Show that the filter with impulse response h[n], 0<n<N-1,whereh[n]=h[N-1-n],
~is a linear phase filter. .

11.

Use the window method to desigﬁ a digital low-pass FIR filter with Pass band frequency
(wp) = 0.35m, Stop band frequency () = 0.45% with stop-band attenuation of at least

~ 54dB.

12.

13.

Perform circular convolution of the sequences xifn] = [1,2,1], 0 £ n £ 2 and
X2[n]=[1,2,0,1],0<n<3. '

The duality property of Discrete Fourier Transform (DFT) is, if x[n]———DE———)X[k] then
X[n]—%n’x[[—k]]w For input sequence x[n] an algorithm can compute DFT using

i N-1 L) A
o the formula X[k] :»Z x[n]e N q-l.*How can this same formula be used to find inverse

n=0

o discrete Fourier transform,(IDFT). of input sequence as X[k] with output sequence as x[n]

(use duality property)?
sk

[15]

[6]

[3]

[8]
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Subject: - Digital Signal Analysis and Processing.

Candidates are required to give their answers in their own words as far as practicable.
Attempt AU questions.

The figures in the margin indicate Full Marks,

Assume suitable data if necessary.

ANANENRN

b 1. Define energy and power type signals with suitable examples. Check whether the unit

e - step signal and unit impulse is energy type or power type with corresponding measure. [6]
OR
If y[n] = x[n] cos(n/2)n, then draw Y('®) for given X(e).
X(e™n
I
\ /\ %
; /2 n/2 3 w
”;', 2. ' Draw power density spectrum of given periodic signal X(n) = { 1,0,1,1} with fundamental
“’periodic time N = 4. [6]
. 3. Define recursive and non recursive system with suitable examples. Find the output of LTI
‘ = system for input x[n] and impulse response h[n]. [2+5]
x[n] h[n]
2

1.5@ L [ |
-2 / T 2 n. T ] n .
‘ TN L T G l -
-1 )

-1 -1

4. If Xi[K] and X,[K] are DFT of sequence X,[n] = {1,2,-1,3} and X,[n] = {0.5,1,2,1}
respectively, then find the sequence X3(n), if DFT of X3(n) = X;(K) X2(K). [6]

OR

Find X(4) and X(5) components of DFT values of sequence x(n) = {1,2,-1,3,2,0,1} using
any Radix-2 FFT algorithm.

5. Define steady state and transient response of an LTI system. Find the output of LTI
system if input signal x[n] = 15 — 7sin(n/2)n + 20cosnm and impulse of h[n] = (1/2)" u[n]. [2+5]



10.

11.
12.

The output of a system is characterized by y[n] = 0.2y[n - 1] + 0;15y[n — 2] + x[n] +
0.1 x[n ~1] - 0.72x[n — 2]. Show the pole zero of system, draw magnitude of response of"

system. (not to the scale) : [2+6]
What are the advantages of lattice structure over Direct Form Structure? [4]
Show that the resolution of floating pomt representation is finer for smaller number and -
coarser for large number. - [4]
Draw lattice structure for given system in Direct Form 11 structure. [8]
BL l B ] .5 .
x[n ' -
[n] . y[n]
0.6 2
T
0.2 0.5
“ , - s+0.1 ., .
For an analog system function H(s) = —————, convert it into digital IIR filter by
(s+0.1)+9 ‘

-impulse. invariance  method 'and matched . Z-transform method by selecting T = 0.1.
Compare both digital T.F. [8]
Describe Park McClellan algorithm with the help of type I linear phase FIR filter. I8]
Write short notes on: (any two) [4x2]

a) Gibb’s Phenomenon

b) Kaiser window

¢) Characteristic of fixed window

d) Limit cycle =

eokosk
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v Candidates are required to give (I

v Attempt All questions. ,
v’ The figures in the margin indicate Full Marks.
v’ Assume suitable data if necessary:

1eir answers in their own words as far as practicable.

. Define energy and power type signals with suitable cquations. Caleulate and plot

Fourier coefficients for x[n] = Sin (3n/5)n (4+5)
2. Whatis a stability? Explain it with suitable derivations and examnples. (2+3)
3. If input sequences are x[-4] = 2, x[-2] = -I, x[0] = -2, and x[1] = 3, impulse
responses to ‘the system are h[-2] = 1, h-1] = 0.75, h[0] = 0.5, and k1] = 0.25.
Ca_lculate,,o,u_tput sequences and plot input, impulse response, and output. (8)
4, Define a difference equation. Draw the block diagram for y[n] 2v[n-2j + 3v[p-3]
- 4v{n-4] = 3x|n] + x{n-1]. (2+5)
5. Differentiate between direct form I and II with suitable block diagrauis. (7)
6.  Compute and draw the lattice structure of given FIR filter. &)

7. Define One’s tomplement, 2°s complement and s

H(z)=2+0352"+ 0322+ 0.452°+ (.55

numbers. Represent 80/136 in § bit 17s complement form,

gn magnitude representation of

(6+2)

8. Explain about Park’s McClellan algorithm with suitable derivation and flow

(8)

chart.
9. Design a low puass discrele tlne flier by appiying impuise invariance 1o an

approximate Butterworth continuous filter, if Ppassband frequency is 0.27
radians and maximum deviation of 1dB below 0dB gain in the passband. The
maximum gain of -13dB and frequency is 0.37 radians in the stopband,
Consider sampling frequency 1 ez

10. Find the FFT of the signal x[n] = (27, 1.5,3.2, 1.7)

(12)

(6)
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—

Explain in brief about the ener

gy and power type signals. Determine the energy and
power of the unit step sequence. :

Explain recursive and non-recursive system. Show that a linear
-stable if its impulse response is absolutely summable,

C mpute DFT of the four point sequence.
Zqy = { 23 5 -2}

time invariant system is

R}

Find the frequency response of the movin

g average filter. The impulse response of the
_ moving average filter is

Chm) = UMIM24) -M,<n<M,
o ;o otherwise
- Sketch the magnitude and phase responses for M; = 0 and M, = 4,

Write down the general hi
the block diagram repres
difference equations,

Lh
.

gher order difference equations. Find its system function. Draw
entations of Direct Form I and Direct Form II of the Nth order

6. Explain in brief about bilinear transformation method

of filter design. Also derive an
expression for the continuous frequency (QQ)

to the discrete time frequency () as

Q= -f- Tan[gw , Where T is the sampling interval.

g 2)

- 7. What is Gibb’s Phenomenon? Explain in brief about Kajser Windo

w filter design method.
8. Write short notes o1

a) Fast Fourier Tré.nsform (FFT)
b) Limit Cycles Oscillations

e sfe sk




