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Note: i) Question paper consists of Part A, Part B.
i1) Part A is compulsory, which carries 25 marks. In Part A, Answer all questions.
iii) In Part B, Answer any one question from each unit. Each question carries 10 marks
and may have a, b as sub questlons

(25 Marks)

l.a) A discrete-time signal given by x[n] ={1,3,2} is interpolated by a factor of 2. Find the new
signal. [2]
Define Time Invariant and stable systems. Also give examples. [3]
Define the DTFT for a dJscrete tlme 51gna1 How does it dlffer from the DFT when apphed to

‘the same signal?  © / R VAR R TA
"Compute the Inverse FFT of X[k] = {IO, 4 -2, O} LU [ O 4P
What is the key difference between the 1mpulse invariance method and the blhnear
transformation method? [2]

f)  What is the effect of frequency warping in the bilinear transformation method, and how is it
corrected? [3]

List the characteristics of FIR Digital Filters. _ [2]
__.--Expldm why IIR ﬁllers ean become unslab!e and how this’ an be avmded durmg deslbn
What causes dead band effects in quantlzed systems‘? - - [2]

Derive the expression for the frequency response of a stable system given H(z). [3]

PART -B
(50 Marks)

i'___An LSI system is deserlbed by the 1mpulse response h[n] = {1, 1 1} for----- —0,1,2 Calx.ulate
the outputy[n] forthe input x[n] ={1,2,3,4}. :
b) A discrete-time system has the difference equation y[n] — 0.5y[n — 1] = x[n]. Find the
frequency response H(e/®) of the system. [5+5]

OR

3.a) Determine whether the dlfference equatlon y[n] y[n—l]=x[n+2]+5x[n]—6x[n—3] is

~linéar, fime invariant.and causal. - : ; - A B % A
':--Gwen -a,_continuous ; ‘signal samplcd at 100Hz that 1s replcsenu.d m d1scrc.tc form

as x[n] = {0,1,2 3,4}, Perform down samphng by 5 and up sampling by 2 and obtain the final
output‘? [5+5]




b)

b)

Desigr
‘Butterworth filter-t6 meet: the specifications of Samplrng frequency fs = 1kHz, ‘Passband:

_.-'spectral transformanon method

;;_'.'sc,aled "":utoff frequene

:;"_'Explam how the W1nddW1ng Techmque s’ used to des1gn a low pass F lR hlter [6+4]

specifi
edge ‘frequency ranige fi; = 1000-Hz, f,, = 2000-Hz; sarnplrng ﬁ'equeney fs = 6000 Hz :

Find the Fourier Series representation of the periodic function defined as

t if—-n<t<m
w0 = {¢
) otherwr_se

{..Use Ihe Over—Lap Add method to'compute- the DFT of a long slgnal x[u] { l 2 34,5, 6 7 8} wrth

aii FIR filter h[n] =70.5, 0.5}, C[5Fs]
OR
Calculate the 8-point FFT of the signal x[n] ={1,—-1,0,2,0,0,0,0} using Decimation-in-Time
algorithm.
State and prove the properties of Circular Convolution and Parseval’s Theorem of DFT.[5+5]

Iriy ar1ance Te(.h'___-__ique based on ‘a

a d1g1tal low

SS ﬁlter usmg the Impulbe

edge frequency f, = 200Hz, Stopband edge frequency f; = 400 Hz, Passband ripple

A,=3 dB, Stopband attenuation Ag =20 dB.
-1
A prototype low-pass filter is defined by the transfer function H;p(z) = 1+042

1-0.7z71+0.12z72°
Transform this low-pass filter 1nto a h1gh pass ﬁlter w1th the same cutoff frequency using the

[5+5]

/or

Desrgn a drgrtal low-pass ﬁlter usrng a ChebysheV Typel analog ﬁlter and the brlrnear'

transformation method to meet the specifications of Sampling frequency f; = 2 kHz, pass band
edge frequency f, =400 Hz, stop band edge frequency f; = 800 Hz, pass band ripple A,=1 dB,
stop band attenuation Ag = 30 dB.

1+0.5271+0.25272

1~0.9z-1+0:81272"
of _() 6f Uslng speetral transtormatzon assummé, fs- = 3 kHz: [‘3+5]

A low-pass filter is defined as HLP (z) Des1gn another low -pass filter wrth a

Design a band -pass FIR ﬁlter using the Fourrer method w1th the specrﬁcatrons of pass band

edge frequency range f,; =500 Hz, f,, = 1000 Hz, stop band edge frequency range
fs1 =200 Hz, f;, = 1800 Hz, sampling frequency f; = 6 kHz, pass band ripple A,=1 dB, stop

band attenuation Ag = 40 dB. Use the Fourier method to determine the filter coefﬁc1ents and
order of the filter..-

" OR

Des1gn a hlgh-pass FIR ﬁlter using the Hamming window w1th the followmg spec1ﬁcat1ons

sampling frequency f; = 4kHz, pass band edge frequency f,=1000Hz, stop band edge

frequency f; = 500 Hz, pass band ripple A,=1 dB, stop band attenuation Ag = 20 dB. Find the

filter order and the coefficients using the Hamming window.

Design .a band-stop FIR filter using the frequency. samphng techmque w1th the fnllowmg
"__a‘tlons Pass band edge frequem,y range fpl

pass band ripple A,=1dB, stop band attenuation Ag = 30 dB. Determine the filter order and
calculate the filter coefﬁcients using the frequency sampling technique. [5+5]




10.a) Find the system function H(z) for the difference equation
y[n] —0.7y[n — 1] + 0.12y[n — 2] = x[n] + 0.5x[n — 1]

2
b) Draw the structure.of the filter H(z) = —— 026;21:5()2;59329 5z using Direct Form IT realization.

11.a) Determine whether the system H(z) = is stable or not.

z2-0.7z+0.12
b) Given the recursive difference equation y[n] = 0.5y[n — 1] + x[n]. Assume x[n] = 0 for
n > 1 and the initial condition is y[0] = 0.25. Check if the system exhibits a limit cycle with
a quantization step of A =0.1.
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