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

v
v’ Attempt All questions.
V' The figures in the margin indicate Full Marks.
v’ Assume suitable data if necessary.
1. Compare between energy signal and power signal. Determine whether the signal
iCalE)
x[n]=¢ 2 77 isenergy signal or power signal. [2+2]
. o (e
2. Find the output of LTI system having impulse response h{n] =L—2— {u[n+2}-u[n-2]}
to the input x[n] = {2, 1,0,-1,4}. [5]
3. Define z-transform for a discrete time signal. Find the inverse z-transform for
z ; g ; 1
H(z) = —5——— using partial fraction method for —<|z|<1. i
322 —4z+1 & 3 II [1+5].
4. 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] - 0.3 y[n-1] + 0.2y[n-2] = x[n] - 0.5x[n-1]
5. Compute Lattice-ladder coefficients and draw lattice structure for given system
H(z) = (1 - 04z "' + 0252 %)/ (1-03z 1+ 0.5z %). Also check the stability of given
system. [6+1]
6. Obtain the Direct Form I and Direct Form Il realization of the following system: [4]
y[n] = 0.75y[n—1] - 0.25y[n-2]= x[n] + 0.5x[n-1]
7. Design a low pass digital FIR filter having Pass band edge frequency ©, = 0.2% , Stop
band edge frequency ws = 0.45n and Stop band attenuation a5 = 51 dB using any
appropriate window function. [5+3]
8. What do you understand by optimum filter? Describe Remez exchange algorithm for FIR
filter design along with the flowchart. [1+6]
9. Design a low pass digital IR filter by Bilinear Transformation method to an approximate
Butterworth low pass filter, if passband edge frequency is 0.24 7 radians and maximum
deviation of 0.98 dB below 0 dB gain in the passband. The maximum gain of -14.95 dB
and frequency is 0.57 n radians in stopband, consider sampling frequency 0.5 Hz.
Compare impulse invariance method with bilinear transformation method. [
10. Why we need DFT? Find 8-point DFT of sequence x[n] = {1, 2, 4, 3, 5, -1, 3} using
Decimation in Frequency Fast Fourier Transform (DIFFFT) algorithm. [2-+6]
11. Find the circular convolution of the sequences xin] = {1, -i, -2, 3, -l jand
Xz[n} = :],23} g [7}
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1. Determine whether the signal x[n] = 005[7 .cr)sL—4— is periodic or non periodic and if
it is periodic, find its fundamental period. [4)
2. Find the output of LTI system having impulse response h[n] = u[n] — u[n-4] and input
signal x[n] = (1/2)" u[n]. : [5]
3. Define ROC. Find inverse z-transform of X(z) = (2 +22 +1.52 +0.5)/(Z*+1.52° +0.52),.
ROC : |z] < Y2 [1+5]
4. Determine the zero-input response for a second order system given by: [4]
y[n] - 3y[n-1] - 4y[n-2] = x[n]
5. Plot the pole-zero in z-plane and draw magnitude response (not to the scale) of the system
dsscribed by difference equation. [2+4]
y[n] - 0.4 y[n-1] +0.25 y [n-2] =x[n] -0.4x[n-1]
6.. The system function of a filter is H(z)= ]+;—jz’/ +g—z’2 +§z’3. Draw the Direct
Form and Lattice Structure implementation of the above filter. [3+7]
7. Desisn a linear phase FIR filter using KAISER window to meet the following*
specifications: = [8]
[H(e" )£ 0.01; 0 wi<0.25%
0.95< H(e!" )< 1.05; 0357 wl£0.67
H(e)|0.01; 0.65r <wlsn
8. What is optimum filter? Show mathematical expression of Remez exchange algorithm for
[1+6]

FIR filter design.
9/ Design a LPF Butterworth filter using Impulse Invariance Method (IIM) method with
passhand and stopband frequencies 200Hz and 500Hz respectively. The passband and
stopband attenuations are 5dB and 12dB respectively. The sampling frequency is 5000Hz.
What is pre-warping and why it is necessary? Explain. [12+3]
10. Differentiate between DFT and DIFT. Find the circular convolution of
x1[nj={2, 1, 2, 1} and x,[n] = 1,2, 3.4}

}1. Find the 8 — point DET of x{n] = ufn] — uln-4] vsing FFT DIT aigorithm.

)
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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}.

2. Determine whether the following system are:

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

b) y[n] =x[n’] is linear or not.

Find the output of LTI system having input signal x[n] = ufn+1]-u[n-4] and impulse
Lesponse h[n] = (1/2)"u[n-1]. :

4. 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
0.58j2.06. Also plot the magnitude response (not to the scale) of the system.

6. ’_Cor’xﬁmte Lattice and Ladder coefficients and Draw lattice-ladder structure for given IIR
'system H(z) = (0.5 - 227 + 327%)/(1- 0.5 - 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 — 0.3¢*™°z (1 -
(1-0.6e7R2 1) (140,567 1) (1+0.5e 27
8. Design the FIR filter izsing suitable window for the specifications:
0.899<[H(¢)|<1, for|a|<0.2n
|H()| <001, for04n<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 b
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 = 8KHz :

Find 8-point DFT of sequence x[n] = {1, 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 X3(k) = X;(k) * Xy(k) where X;(k) and X(k) are
4-point DFT of x;[n]={1, 2, -2} and x,[n] ={1, 2, 3, -1} respectively.

*oek

03675211 / £(1 - 0.66"21)

9.

y applying bilinear transformation

11

9.9
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Attempt All questions.

The figures in the margin indicate Full Marks.

Assume suitable data if necessary. : -

Explain Fourier transform multiplication property for two sequences. Write Drichlet’s

conditions for Fourier series. : [4+3]
Find convolution between two signals x[n]=2"4[-n], 0 <a <land h[n]=4[n] [6]
State Convolution property of Z-transform. Find inverse Z-transform of
X(z) =2/ {(z-0.6)(z+0. 5)°}, ROC: |z} > 0.6 [3+6]
. Describe stability and causality characteristics of LTI system in terms of Impulse
Response and ROC of its transfer function with suitable examples. [4+3]
. Compute Lattice and Ladder coefﬁcxents and Draw lamce ladder structure for given IIR
system H(z) = (0.7 - 1.5z +0.52%) / (1 - 0.52" - 0.72% + 0.327) [6+3]
For the system described by the following difference equation: [2+8]

y[n]=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.

Design a low pass discrete IIR filter by Bilinear Transformation method to an
approximate Butterworth filter having specifications as below: [12]
Pass bandedge frequency (©,) = 0.22 = radians

Stop bandedge frequency () = 0.54 = radians

Passband ripple (5,) = 0.11

Stopband ripple (5s) = 0. 22, Consuier sampling frequency 0.5 Hz.

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

Decimation in frequency Fast Fourier Transform (DIFFFT) algonthm [2+8]
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™ ]<101,  for0<w<0.16x
He*]<00,  for0asm<ws<2m

Draw the flow chart for Remez- Exchange 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.

Define Power and Energy type discrete time signal with suitable example, Differentiate

between Fourier Series and Fourier Transform. [3+4]
Find the output of LTI system having impulse response h[n] with h[-2] = 3, h[0] = 2,
h[1] =1 and input signal x[n] = (2)", for -1 < n <3. Also check the answer. [5+2]
Plot the pole-zero in z-plane and draw magnitude response (not to scale) of the system
described by differential equation
y(n)—0.3y(n—1)=2x(n—2)+0. 7x(n 1) +4x(n) [2+71
Draw the lattice structure from the following system function
1
H() = 9
Yyt pdun. Eoay
3 8 3
What is optimum filter? Show mathematical expression of Remez exchange algorithm for
FIR filter design. [2+6]
List out the properties of Region of convergence and locate the ROC of the following
signal
[4+6]

x[n]=(0.1)"u[n]+(0.3)"u[-n-1]
Using bilinear transformation, design a digital filter using Butterworth approxlmatlon
which satisfies the following condmons

i 0.8<|He'| <1 forO<W<02H
[HEY (<02 for08 W< [10]
How fast is FFT? Find X(3) and X(5) for given sequence xn] = {1, -2, 3, 2} using

DITFFT algorithm. [2+8]
" Differentiate between linear convolution and circular convolution compute circular
convolution of signals
[3+7]

Xi[n]={0,0,1,1} and Xp[m]={1,1, 1, 1}

k k¥
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Candidates are required to give their answers in their own words as far as practicable.
Attempt All questions.
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Assume suitable data if necessary.

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

. o,
b) y[n}= cos(—s—n + Z)

Find the output of LTI system having impulse response h[n]=2" *{u[n]—u[n-3]} and
input signal x[n]=38[n]+8[n-1]+8[n-2]. [5]

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

x[n] = (0.6)"u[n] +(0.25)"u[n]

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

0.58+j2.06. Also plot the magnitude response of the system. [2+8]
Draw the Lattice structure from the following system function: [7+3]
1
Yoo g g Ea 34
24 8 9

And represent %and —% 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 =
ii) Stop-band attenuation at least 14 dB for the frequencies between 0.67 to 7@

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
specifications: [8+4]

0.99< ‘H(ejw )| <1.01, for 0Sw<0.197
[H(e™ )| <001, 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: [14:5]

RS RS SR R I T T | L SR B (s M i i )
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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]=yln-4]+x[n-4] is Time-invariant or not

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

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

transform of X(z) = (22* +22* +3z+5)/(z* -0.12-0.2),ROC :‘z] <0.4. [14+3+5]
The poles of a system are located at: 0.45-0.77i and -24+0.3i. 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 II realization of the following system. [5]

3y[n]+y[n-1]+2y[n- 4]=2x[n]+x[n-3]

Determine the lattice coefficients coefficients corresponding to the FIR filter with the
system function: [5]

52 25 1
H(z)=A.(2)=1+=—=z" +== A g
D=t e 3

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

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

ii) Stop-band attenuation at least 14 dB for the frequencies between 0.6n to T
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| < 0.257

0.95< |H(ejw)] < 1.05,0.35m <w|<0.6m

IH(e™™)| £0.01, 0.65m < iwl ==

Also determine the minimum length (M+1) of the impulse response and Kaiser
window parameter p.

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]= {1,1,1} and h[n]{2,3}. [1+5]
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Assume suitable data if necessary.

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

x[n] = edm/3+n/4) i periodic or not. If it is periodic, state its periodic time.

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

State and explain the properties of a Region of Convergence (ROC). Find the inverse z-

transform of X(z)= zz[l - ~23—z‘1:,(1 +z Xl - z"l)

Plot the pole-zero in z-plane and Draw Magnitude Response (not to the scale) of the
system described by difference equation
y[n]-0.4y[n-1]+0.2y[n-2] = X[n]+0.5x[n—1]+0.6x[n —-2]+0.8x[n-3]

Draw the direct form and Lattice structure of a filter with system function

H(z) = 140.727'+1.222-73,

Why Kaiser window is better than other fixed windows in FIR filter design? Find out first
six coefficients of impulse response of a low pass FIR filter having Pass band edge
frequency ©, =027, Stop band edge frequency o, =0.5n 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 (w,) = 0.27 n radians

Stop bandedge frequency (ws) = 0.58 7 radians

Passband ripple (6p)=0.11 :
Stopband ripple (&) = 0.21, Consider sampling frequency 0.5 Hz.

Compute the 8-point DFT of the sequence x[n]= {%,%,%,%,0,0,0,0} using Decimation in
Frequency Fast Fourier Transform (DIF-FFT) algorithm,

What is a zero padding? If Xi(k) and X,(k) are DFT of sequence xi[n] = {1, 2, 0, 1, -2}
and xo[n] = {1, 0, 1, 1, 2} respectively then find the sequence x3[n]; If DFT of x3[n] is
given by X3(k) = X;(k), Xa(k).

* %k

[2+2]

[3+2]

[3+3]

[3+7]

[3+7]

[2+6]

[1+6]

[15]

[7]

[1+7]
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1. Explain the process of calculating fourier series coefficients. 31
2. Determine the system output y(n) of the following signals: h(n) = {1,1,1} and
x(n) = {L,L,L,1} (6]
3. Define a ROC. Find inverse Z-transform of X(z) =z/{(z—0.4)(z+1.5)’},ROC: |7/ <0.4 [1+5]
4. State linear constant coefficient difference equation and corresponding system function.
Determine the output sequence of the system with impulse response h[n]= (1/2)"u[n]
when the input signal is x[n]=10~5sin(nn/2)+20cosnn —o0 <n <. [3+7]
5. The system function of a filter is H(z)=2+1.82"" —-1.6z"% +z. Draw the Direct Form
and Lattice Structure implementation of the above filter. [3+7]
6. Explain in detail about how rectangular window is used in FIR filter design. How Gibb's
oscillations arise in this process. [6]
7. Explain about Remaz exchange algorithm with suitable derivation and flow chart. [9]

8. Using bilinear transformation, design a butterworth low pass filter which satisfies the

10.

11.

following Magnitude Response. [12]
0.89125<[H(e™)|<1 for0<w<0.2n '
lH(e‘W )|$O.17783 for0.3n<w<n

Explain briefly about bilinear transformation method of IIR filter design. 31
Why do we need DFT? Find 8-point DFT of sequence x[n]= {1,-1,2,2,1,1,2,2} using Fast
Fourier Transform algorithm. [2+6]
Find x,[n] if DFT of x,[n] is given by X;(k)=X,(k) X, (k) where X, (k)and X, (k)are
5-point DFT of x,[n]={1,-2,2,1,4} and x,[n]= {2,1,-3,—1} respectively. (71

sk
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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] = 2,
h[1] = 3 and input signal x[n] with x[0] = 1/2 , x[2] = 2, x[3] = 3. Also check the answer. [3+2]
3. Explain the properties of Region of Convergence with examples. [6]
4. Describe stability and causality characteristics of LTI system in terms of Impulse
Response and ROC of its transfer function with suitable examples. 4]
5. Plot the pole-zero in z-plane and Draw Magnitude Response (not to the scale) of the
system described by difference equation. [2+4]
y[n]-0.4y[n—-1]+0.1y[n - 2] = x[n]+0.6x[n —1]
6. Determine the Direct Form I and Direct Form II realization of the following system. [5]
y(n) =-0.1y(n-1)+0.2y(n - 2) +3x(n)+3.6x(n—2) + 0.6x(n - 2)
7. Compute the lattice coefficients and draw the lattice structure of following FIR system. [5]
H(z)=1+2z" +27 :
8. Describe how digital FIR filter can be design by window method. Why Kaiser window is
better than other fixed windows in FIR filter design? . [5+3]
9. What is an optimum filter? Show mathematical expression of Remez exchange algorithm
for FIR filter design. [1+6]
10. Explain about the advantages of selecting bilinear transformation method over impulse
invariance method (I I M). Design a digital low pass Butterworth filter using impluse
invariant transformation with pass band and stop band frequencies 200Hz and 500Hz
respectively. The pass band and stop band attenuation are -5dB and -12dB respectively.
The sampling frequency is SkHz. Use IIM method. [3+12]
11. Find the FFT of the signal x[n]{1,1,2,4,3,1,2,1} using DIT-FFT algorithm. [8]
12. Compute Circular Convolution of h(n) = {1,2, 1,-1, 1} and x[n] = {1, 2,3, 1}. (7]

% %k




. Define enerayb and power sxgnal VC eck th°’51gnai x[n J = u{n j and xfn] o{n] is, Energy or»:
;v;__Power type. ‘ R s s

Find the OLtput of LTI System havmo 1mpulse response hin] = (1 /’) ) u[n] and npur .
signal x[n} = 5¢™" for -co<n <o, '

* Plot Magnitude Response (not to the scale} of me Q)ster'w deacnmd by difference

equatlon

' _‘ y[n]-0.5y[n-1]+0.3y[n- 2] = »[n}+0 7x{n l]

. .. ,0‘99<IH(ej“

e of 1 dB beloW"O di%gam m the passband The maximum gam of 15 dB and frequency 1s

'5~m$ ,1\“'~Hv9.r

AiH(z)—l+2L : -32 +4z

' Detemlme the Direct Form 11 realization of the Ioliowmg system .

g o

8 Draw the ﬂowchart of Remez—Exchange theorern and e\plam it Deswn an FIR hnear
i phase ﬁlter usmg Kaiser window to meet the iellowmg specmcatxons o

<101ﬁn0>w>01%r“"

e 0 45 T radlans in stopband Consxder -samphng frequency 1Hz.:

10.
- Fourier Transform (DITFFT) algomhm g
e

l*md 8-pomt DFT of sequence x[n]

Why we need DFT‘7 If X;(k) and X2(k) are DFT of sequence \(,[n] = {1 24} and
x[n] = {-1,2,3 1} respeetlvely, ‘then ﬁnd the sequence X3[n] if DFT of x3[n] is glven by

CR@EXMKO. ey

Ak &

:‘{1',1,0,1,0 1,2} usmo Dccxmatlon m fxme Fast

r2+3? '

".Fmd the output o*‘ LTI system havmg unpulse response h[nl ( 1/3) { u[n+]] u[n 2]\ anu
-ﬂmput srgnal x[n} = {2 1 OS 3} R R g ~ ;
'_’-"State the* properneq of regxon of convergence (ROC) Dnve tbe (‘onvo]nnon vropertv of
,‘Z—transform ' o : G P,

[3+
4
[6]

g

” [5];_“‘._

[6+8];-1-

[15yf'"'
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“DFT of x[n] is )([k] and the DFT of hf fn] is d[k] Fmd the output of the system y{n] if
Gi=XpdHK N




0“)(z+2)}
.ROC 05<Izl<2
) ROC:lzl<05
) © ROC:lzl>2 TR

A 4. The poles of a system are located at: 0.45+0.77i and -2 +‘0 3i‘an‘d zeroes at: 1.2 £ 3i. Map '
s et Gt the'poles and zero in the z-plane and plot the magmtude response of the'system. [2+8

5. Compute Lattlce coefﬁcrents and draw lattrce structure for given IIR system L
: '—1/(1 :0.01z" =023z 240, 5z3\ Alsocheckthe stabrhtvof";l 'en:system [a+2+1];3,_,__7._

[ stop. band rlpple (85) =0.21 _
nsrder samphng frequency 5 Hz"

: :.;?: 'Why do we need Drscrete Fourler Trans orm (DFT)lal | ough _We have Drscrete—tlme i
o Fourier Transform (DTFT)‘? Fmd crrcular convolutron between x[n] =A{1, 2} and L
yIn] = u[n] —u[n-4] o LI g . , P L [2+5]~ :

4 11 How fast is FFT’7 Draw the butterﬂy dlavram and compute the value of k(7) usmg 8 pt

; é Kk
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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.
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—

. Determine which of the following signals are periodic and compute their fundamental
period: [3]
i) Cos(nn%8)
if) Cos(n/2) cos(nn/4)

Find output, y(n) when: h(n) = {5,4,3,2} and x(n) = {1,0,3,2} [6]

2
3. List out the properties of Region of Convergence. Find the Z-transform and locate the
& ROC of the signal. [2+4]

X[n]= (— %) u[n] ——[%) u[-n-1]

4. Find the output of LTI System having impulse response [4]
h[n] = (1/3)" u[n] and input signal x[n] = 56" for -co<n<co .

5. Plot Magnitude Response (not to the scale) of the system described by difference
equation. y[n] - 0.3 y[n-1]+0.225y[n-2] = x[n] + 0.5x[n-1] [6]

6. Determine the Cascade Form realization of the fbllowing system, [4]

y[n]—%y[n—-l]+%y[n—2]—x[n]_— 2x[n-1]=0

J. Compute the lattice coefficients and draw the lattice structure of following FIR system

H(z)=1+3.1z7' +5.5272 +4.227° +2.327 [6]
8. Describe how FIR filter can be designed by window method. Discuss 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. ‘ [1+6]
10. Using bilinear transformation method, design a digital filter using Butterworth
approximation which satisfiers the following conditions: [10]
0:8<[He™|<1 for 0sw<0.2n
_IHej‘"l <02 for 0l6m<w <
- . o 0.1+0.4z""
11. A digital LPF with cut off frequency w, = 0.2575 = is given as H(Z) = - >
1-0.6z7 +0.1z
Design a digital high pass filter with w', = 0.3567x. ’ [5]
12. Define Padding zones. Find 8-point DFT of sequence. [1+6]

” x[n] = {1,1,0,0,1,1,2} using Decimation in Time Fast Fourier Transform (DITFFT)
algorithm.
13. Why we need DFT? State and prove Circular Convolution property of DFT. [2+2+4]

A ok %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. Plot the sequence x[n] = u[n + 8] — u[n — 4]. [3]

;2. What is the period of following signals? [4]
(a) x[n] = cos (1%' n)

In
(b) x[n] = e’s
3.What is a sampling? How are the spectrum of continuous time signal and the spectrum

of signal obtained by sampling the continuous time signal related? Illustrate with 6]
diagram.

‘4. Write about the following properties of discrete time system: :
{a] linearity, [b] time invariance, [c] memory, [d]causality [e] stability. [5]

5. Find the frequency response H(e’/?) of the system characterized by difference
equation y[n] — 0.8 y[n — 1] + 0.15 y[n — 2] — x[n] = 0. Plot the frequency response

of the system. [6]
'6. Realize the system function
1 -
H(z) = - ; 3 %
(1-05z7%) (1-0.7¢74z-1) (1 - 0.7¢/42-) (1 - 0.327)
- in-terms of cascade of second order sections. Draw the block diagram of the cascade
realization. [6]
7. Write about the sign magnitude and 2’s complement representation of binary
fractional number. Write about truncation error and rounding error. (6]
8. Describe digital Butterworth filter design using impulse invariance technique. What
are the limitations of impulse invariance technique? [15]
9. Derive the expression for frequency response of symmetric linear phase filter of 6
length M, where M is odd. (6]
10. Use the Hanning window to design a digital low-pass FIR filter with Pass band
frequency (w,) = 0.25x and Stop band frequency (ws) = 0.37. (8]

11. Perform circular convolution of the sequences x[n] = [1 0 1]and h[r] =[1 0 2 1]. [5]

12. Write about multiplication and convolution property of Discrete Fourier Transform. (6]

13. Draw the flow diagram of four point decimation in time Fast Fourier Transform
algorithm. (4]

*k ok
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Candidates are required to give their answers in thelr own words as far as practlcable

. Attempt All questions. —

The figures in the margin mdzcate Full Marks :
Assume suztable data if necessary

. Find the energ}-' and power'of the signal x[n] = u[n].

Find the period of the signal x[n] Zm——w on -~ 2 - 3m] Fmd the- Founer series -

coefﬁ01ents of the signal x[n].

State whether or not the system y[n] = e"lz"] is (a) lmear (b) time irivariant © memoryless
(d) causal. Where x[n] is input to System and y[n] is output of system

. Convolve the sequences x[n] = 3"u[-n — 5]and y[n] = u[n = 5]

difference equation y[n] —;—Zy[n =1] kalzy[n 2]=x[n].. If input to the system is

x[n] = sin (% n] + sin(—;E n) then determine output y[n] of the system.

AN

Realize the overall system function:

(1—;e 52“)(1 z“)(x Sz

H(Z)— .K N
! e’ 72“')

(=320~ 2720 "‘)a—‘7

In terms of direct from I and direct from II structures. Draw the correspondmg block

diagrams of direct from I and d*rert from 11 structures. -

How the spectrura of continucus time signal is related to ‘speclruin of comesponding

discrete time signal obtained by sampling the contmuous time: s1gna1‘7 Explain. Discuss "~
what is aliasing and how it occurs. :

If passband edge frequency w, = 0. 257t stopband edge frequency ws = 0.457, passband

~ rpple 8, =0.17 and stopband ripple &, = 0.27 then desxgn a d1g1ta1 IOWpass ‘Butterworth
- filter usmo bilinear transformation techmque

10.

Use Blackman window method to design a digital low-pass FIR filter w1th passband edge

frequency oy = 0.247, stopband edge frequency ws = 0.34n where""ém 10be width of _‘

- Blackman window is %— M 1s filter length

Use the Fast Fourier Transform dec1mat10n in ﬁequency algorlthm to f'md ‘the d]SCI ete
Fourier Transform of the sequence x[n]=[1-221].

dekck

RIE

(61

(5]
5]

. Find the frequency reSponse of the Tinear time: mvana.nt system characterized by = -

(7]

8]

(18]

97



L

- - U !
'INSTITUTE OF ENGINEERING  * | Level BE. Full Marks | 89
Exammatwn Conitrol DlVlSlon Programme | BCT | Pass Marks |32
2070 Ashad | Year/ Part Iv/1 ' Time , 3l_lrs.

=
B
Bl

36 TRIBHUVAN UNIVERSITY o

T Squect - D1g1ta1 S1gna1 Analy31s and Processmg (CT704j

v Cand1dates are requlred to glve their answers in their own words as far as practlcable
v’ Attempt All All 'questions. e

v The figures in the margm mdzcate F ull Mark

/ Assume suztable data if n necessary

x(n)= {1,0,0,0,0,0.0,0}

ok

P4

Bl

[2+4]

6]

NI

1. Find the ev_en_ and odd part of signal x[n], S
' RN ‘ 1 - for-4<n<0
x[n]= . C
2 forl<n<4
2. Tllustrate the significance of convolution summation in digital signal analysis. Compute . .
~ the convolution of the following 51gnals h(n) {1 0,1} and x(n) {1, ~2 2 3 4}
3. Define Region of Convergence Find inverse Z - transform of - : .
 X(2)=z/{(z~1)(z- 2) }.ROC:[Z|<1 | [145]
. 4. Given H(z) for a system with the followmg dlfference equatlon ST
‘ y(n) =x(n)+x(n-2) - : L [2+6+2] L
Plot its poles and zeros in Z plane. Determine its magmtude response. Also, determme
. whether system is causal and stable : :
5. Draw lattice structure for given pole zero system
 H(z)=(0.5+2z7 +0.6272)/(1- 0.3z +0.427%) |
6. What do you mean by Limit Cycle? How it oecurs in recursive system? [1-.l-_3]
7. What is the condition satisfied by Linear phase FIR filter? Show that the ﬁlter with
oo h(n)={-1,0,1} is a linear phase filter. [2+4] :
- 8. Use Hanning window method to des1gn a digital low-pass FIR filter with pass-baﬁd edge o L
- frequency (wp) = 0.25m, stop-band edge frequency (ws) 0.35n where mam lobe w1dth of
Hanning window is 8n/M, M is the filter length. L . o1
9. Why Spectral Transformatlon is requxred‘7 : ‘
10. Design a low pass digital filter by unpulse invariance method to an approximate
* Butterworth filter, if passband edge frequency is 0.2 n 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 nradian in stopband consider sampling frequency 1Hz. . [13]
11, Why do we need Discrete Fourier Transform (DFT) although we have Dlscrete-txme .
Fourier Transform (DTFT)? Find circular convolution between [2+5]
X[n]={12} and y[n]=u[n]-u[n-4]. . S
' 12. How fast is FFT? Draw the butterﬂy diagram and compute the value of x(7) usmg 8 pt .
‘DIT-FFT for the following sequences: . . [2+6]
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Candidates are required to give thelr answers in their own words as far as pracncable

Attempt AUl questions. o : T
The figures in: the margin ma’zcate Full Marks
“Assume suztable data zf necessary ; L

o] |

_ Deﬁne Energy and Power type s1gna1 wﬁh sultable example Check the signal -
e x[n]—Cos(2nn/5)+Sm(n n/3) is penodlc ornot. - AR [2+2]
- "2. Define LTI system -Find - the output of LTI system havmg unpulse response -
o h[n] 2u(n] - 2u[n-4] andmput31gnalx[n] = (1/3)" u[n] VR : [l+4]
3. State the propertres of reglon of convergence (ROC)‘7 Der1ve the time sh1fnng property of o
_ Z-transform W ‘ S [3"‘3] e i

4. ‘Why do we need Dxfference Equatron‘7 Draw’ Pole -zero in Z-Plane and plot magmtude
" response (not to the scale) of the system described by difference equation o e [2+2+6]
[n] 0.4 y [n-1] +O 2y [n-2] = x[n] +0.1x [n-l] -0. 06x [n-2] ‘ R

s, Determine ‘the Direct Form 1 realization = of the following syste_rn -

i '
.

e (n)-—-O ly (n-1 )+072y (n-2 )+07x(n) 0252x (n-2) . , [4] '

6, Compute the lattrce coefﬁ01ents and draw the latt1ce structure of followmg FIR system o
0 H@= 1+2z -3z% 423 SR : - [6]

- 7. ,De51gn a digital FIR ﬁlter for the desrgn of the low pass ﬁlter havmg

) | =037, s = 0.5m, 05 = 40dBusrng suitable wmdowﬁmctron = _[8]

8. j:What is optlmum ﬁlter‘7 Descnbe Remez exchange algonthm for FIR ﬁlter de51gn w1th -
= .‘j..ﬂowchart , _ _ ORI [1+6]

' 9 What is the advantage of bthnear transformatlon? De31gn a low pass  discrete t1me

S Butterworth ﬁlter applymcr bilinear transformation having spemﬁcatlons as follows ' [2+9+4]

Pass band ﬁequency (wp) 0. 257 radians

Stop band frequency (ws) = 0.557 radlans T

Passbandnpple(ﬁp) 011 - e el

- And stop band ripple (§;) = 0.21 s
-Con31der samphng frequency 0.5Hz

N _Also convert the obtamed d1g1ta1 low-pass ﬁlter to hlgh-pass filter w1th new pass band
’ frequency (w'p)=0. 45n usmg dlgltal domain transformation. = -

10 Why do we need FFT‘7 Find 8-point DFT of sequence x [n] = {1 1,..,2 1 1 2,1} using

Decimation in frequency FFT (DIFFT) algorithm. - L [2-F7]
ll Find x3[n] if DFT of x3[n] is given by X3(k) = X;(k) Xz(k) where Xl(k) and X;(k) are - |
4-p01nt DFT of x1[n] = {l 2 -2} and xz[n] = {l 2,3,-1} respectwely . _ - [6]

Ak L

- p3
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Candldab_egjLeTequlred to give their answers in their own words as far as practlcable -
/
Attempt All questions. S

The figures in the margin lndzcate 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 sequences are periodic and Write the period; :

| a) x[n] = coé(s?n n)

e w)
_b). x[_n]_—sm[ﬁ+8)._

- Find the discrete Fourier coefficients of the periodic sequence with period N =11 defined

1, |n|<2

" over a period as x[n]={0 2<|n|<5
<|n

Show whether or not the system y(n) =nx[2(n-2)],n>01is (a) linear, (b) time invariant, .

(c) memoryless.

Find the system function H(z) of the system characterised by difference equation

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

pole-zero d1agram to plot the approximate frequency response magmtude of the system

- terms of cascade of second order sectlons Draw the block dlagram of the cascade

)
Realize the system function H(z) =- - = —— n
» . 1‘—'5—2_1 l_l..z‘l) .1,.___ 4 -1 1_3 J4Z—l

6 6 4 4 »

reahzatlon : v - .

Show by giving examples that the quanrization error by truncation for sign magnitude

number Cusms lies in the range — (2~ - bu) S€um S (2'b - 2_"“) and that for the 2’s

- [2]

o

' complement number €uc, lies in the range —(2 -b —27% )< e,zr-’«@ b is the number of .. .

bits before quantlzatlon and b is the number of bltS after quantization.

" 'How does an IR filter dlffer from an FIR filter?



10.

11.

12.

13,

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

analog Butterworth filter transfer function H(s) = o 1, 3
. . — 2z _j2n
(s+13)(s—13e 3)(5—13 3)

T= l second and draw the block diagram of the system function, H(z), realized in terms

r\*F onr\r\nA r\v/"ov- Aeants A~

[SRO RV

Show that the filter with impulse response h[n], 0 <n < N -1, where h[n] = h[N -1 —n],
1s a hinear phase filter. -

Use the window method to design a digital low-pass FIR filter with Pass band freQuency '
(cop) = 0.35m, Stop band frequency (ws) = 0.457 w1th stop-band attenuation of at least

54dB.

Perform circular convolution of the sequences Xxi[n] = [1 2 1] 0 <n <2 and
%[n] =[1,2,0,1],0<n<3, : '

The duahty propcrty of Dlscrete Fourier Transform (DFT) is, 1f x[n] X[k] then

X[n]—2 5 nx[[- —k]]y. For input sequence x[n] an algonthm can compute DFT using

N-1 _2_7t

the formula X[k]= Zx [n]e N . How can this same formula be used to find inverse
n=0

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

(use duality property)?

ook ok
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- b) x(n)=

-—

~ conditions y(—l) 2, y(—2) 4,

. F ind the lattice-ladder filter structure for the LTI system with system functlon

=

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

The figures in the margin indicate F ull Marks.

Assume suitable data if necessary. N

Plot the sequence x(n) = u(n) un->5) +58(n - 6) +nu(n-7) - nu(n - 9) where u(n) is
the unit step sequence and &(n) is unit sample sequence. .

[BOF
“

Write whether or not the followmg sequences are penodlc and write thé period.

| —cod Zn+l
a),_x.(h)—cos( 3 n+4}

sing(0.8n) RS S S
Find the expression for discrete Fourier series of the sequence (4]
x(n) = ZS(n - 4m).

Show whether or not the following systems are (a) linear; (b) time invariant, (c) ‘causal,
(d) memoryless, (¢) BIBO stable. i
a) y(n)= 2log2(x(n)) 4 ologa(x(n))

b) y(n) = sin{x(n) - x(n - 1)} . . ' .

(101

Perform circular - convolution of the sequences x;(n) = [l 2] 0 s n <

......

Show the computatlon of DFT of sequence x(n) [l 3,4 5] usmg dec1mat10n in time FFT
algorithm and find the values of X(k). -

Let a system be charactenzed by difference equatlon

y(n) —.0:5y(n — 1) - 0.25y(n — 2) — x(n) = O, where mput x(n) 0.2" u(n), initial_

Find (a) zero input response of the system, (b) zero state response of the system, (c) total
response of the system, {d) system function H{(z) (e) po]es of H(z). :

L 1., 1 1
—4—z' =224z

H(z) - 2 13.m 4 5

3
l+—z +272724+27
5 . 5 5

—



9. For the first order filter, y(n) = Q{a y(n - 1)} + x(n), the product term “a y(n —1)” has

been quantized by rounding it to 3 bits. y(=1) = 0, x(n) = 0.8758(n), a
whether the filter goes into limit cycle. What is the period of limit cycle?

= -0.5. Show

10. Design a digital low-pass Butterworth filter -using Billinear transformation. Filter

a) .Find the order of filter (N)
- b) Find the cutoff frequency ()

c) Find the poles (sx) of the squareu maguiiude u:op
d) Find H(s)

e) Find the digital Butterworth filter H(z)

af Amalan Dy

Vi unaav g

specifications are as follows: Pass band frequency (w,) = 0.3n, Stop band frequency
" (ws) = 0.4m, Pass band ripple (8,) = 0.11, Stop band ripple (&) = 0.21.

utterwarth filter

11. Design a digital low-pass FIR filter with the following specifications using. Kaiser
'~ Window. Pass band frequency (w,) = 0.25m, stop band frequency () = 0.657, Pass band
ripple £5,) = 0.035, Stan hand rinple (8) = 0. 033

‘rr

a) Find the order of ﬁlter ™)
b) Find the cutofi-frequency ()

c) Find the value of shape paramete: (B)

o d) Find Kaiser window (w(n))
" e) Find the filter impulse response (h(n))

Some modified Bessel function values are as given below.

1.93

X 0 -1.3165 | 1.7237 | 1.8455 | 1.9271 1.9903 2
Jo(x) 1 1.4826 | 1.8926 | 2.0508 | 2.1675 | 2.1718 | 2.2642 | 2.2796
*kk
_—



