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l. The spectra of this signal is

l. Deternrine the reconstructed
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c. Compute thc 8-point circular convolution of x,(n, = (i)"
0<n<7.
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Ilifth Semester B.E. Degree Examination, July/August 2022
Digital Signal Processing

-fime: 3 hrs. Max. Marks: 80

h"ote: Ansx,er anJ, FIVE fttll questions, choosing ONE full question from each moclule.

N{odule- I
a. Consider the signal x(n) = a"u(n), 0 < a (

l'requencies W,. =45, K :0, l, ...... N -
N

a:0.8whenN:5.
b. Compute the 8-point DFT of x(n) = (-1)"-', 0 < n < 7.

OR
a. Establish thc rclationship bctrveen (i) DFT and DFS (ii) DFT and DTFT (05 N{arks)

b. Define DFT and IDFT. Compute IDFT of the sequence X(K): {2,1 +j,0, 1 - j} ttt Marks)

Module-2
a. State and prove the lollowing DFT propcrtics:

(i) Tirlc rcvcrsal of a scquence (ii) Circular frequency shift (08 Marks)
b. The five samples of ti-point DFT X(K) arc givcn a-s follows:

X(0) : 0.25, X(l) : 0.125-j0.3018, X(6) :X(4) - 0, X(5) : 0.125 -j0.0518
Deterrnine the remaining samples if sequence x(n) is real valued sequence. (08 N{arks)

OR
Find the output y(n) of a filter whose impulse response is h(n): {1, l, 1} and the inpr"rt

signal tothefilteris x(n): {3,-1,0, 1,3,2,0,1,2,1} usingoverlapsavemethod.
(08 Marks)

What are FFT algorithms'/ State their advantages over the direct computation of DFT.b.
(04 Marks)

,0(n <7 and xr(n)=.orln,

Module-3
5 a. I)erive the signal florv graph for N : 8 point Radix - 2 DIF-FFT algorithm.

b. Use the S-point Radix-2 DIT-I'FT algorithm to find the DFT of sequence:

x(n) : {A.107, 1, 0.707,0, -0.J07,-1, - 0.707, 0}

OR
a. What is Goefizel algorithm? Obtain the Dircct fonn-Il realization of it. (08 N'larks)

b. ForX(K): {0, 0,-j4,2- j2,'0 ,2 + j2,0,2- j2}, find sequence x(n) using DIF-FFT
algorithrn. (08 Marks)

samplcd at

spectra lor

(08 N{arks)

(08 Marks)

(04 Marks)

(08 Marks)

(08 Marks)
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Module-4
Dcsign a Chebyshev frlter to meet the following specifications:
(i) Passband ripple < 2 dB
(ii) Stopband attenuation > 20 dB
(iii) Passband edge : I rad/sec

(iu) Stopband edge : 1.3 radlscc

The system lunction of lorv pass digital

above equation lind y(n).

(10,\larks)

/r--, r\
filter is given by lliz; = 0 5l 

= 
-1- l. I'rom thc

[2 z')
(06 NIarks)

15ltc52

(06 )Iarks)

Obtain thc

rcsonrull at

(10 NIarks)

b.

OR
Derive an expression fbr ordcr and cutoff fiequency of the Buttcrwor-th filter.

The system function of the analog filter is given as H"(s)=, l*;?r1' 
',(s+0.1)'+16

system function of the digital filtcr using Bilinear translotmation which is

8a.

b.

It
0)- = -.,2

a. Dctennrne thc filter coctficients

lilter given by

Module-5
h,,(n) lbr the dcsircd frequcncy rcsponse of thc lorv pass

(0tl NIarks)

(0tll i\Iarks)

- 0.3. I'ind
(0tl IIarks)

,<>F***(

l" ''" for - 
n 

< ,,,< I
H.,(ej",; = ] 4

I o lor I.r,,,l<ni.+
If rve define ner.v filter coefJicient by h(n) = h,,(n).co(n),

where n,tni={l for o<n*<4

[0 elscwhcrc

Determine h(n) and also the frequency responsc H(C'o) and compare with Hu(cr' ).

b. Explain the frequency sampling method of designing linear phase FIR fi1ters.

OR
l0 a. The coefficients of threc stagcs FIR lattice structure is Kr :0.1, Kz:0.2 and I(r

the coelficicnts of direct fbrm * I FIR fiiter and draw its block diagram.
b. Write short notcs on:

(i) Hamming window
(ii) Hanning window
(iii) Bartlctt window (t)ll \larkr)
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