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Semester End Examination; May/June - 2019
Digital Signal Processing
Time: 3 hrs Max. Marks: 100

Note: Answer FIVE full questions, selecting ONE full question from each unit.
UNIT - |
1 a. GivenX(K) ={1, 0, 1, 0} compute its 4-point IDFX(n).
b. Compute 4-point DFT of the following sequences gd¥atrix transformation representation :

i)x(n)=cosrm  0<n<3 ii)x(n)=sin% 0<n<3

C. A filter has impulse responséi(n)={L,0,-1} if an input signalx(n)=(n+1) 0<sn<9 is
passed through the filter, determine its outpupoese y(n) using overlap add method.
Take length of input section to be 4.

2 a i)If x(n)={L2,0,3 find x (n)=x((n-3)),
i) If x(n)=4J(n)+2J(n-5) andx(K) as its DFT, findy(n) given,

-j2m

y(K)=X(K)e © 3k

b. State and prove linearity property of DFT.

C. An input sequence(n)=(n+1) 0< n< € is passed through a filter with impulse response

10

4

h(n) ={1,0,- } Determine the outpuy(n) using overlap save method. Use 6-point circular 10

convolution in the computations.
UNIT - 11

3 a. Explain the concept of Butterfly operation, Inplac®mputation and Bit reversed as
applicable to FFT.

b. Compute the 8-point DFT of the sequeng?n) = cos”Z using the DIT-FFT algorithm and

required flow graph. Show all intermediate comgote.
C. Find the DFT of the sequenogn) ={4, 3, 2,} using DIF-FFT algorithm.

4 a. Compare DIT and DIF-FFT algorithms for similaritiésd differences.

b. Derive the scheme to compute 2N-point DFT of a wedled sequence using an N-point FFT
algorithm only once.

c. Compute the IDFT of a 8-point real sequence gives DFT samples as below using DIF-FFT
algorithm : X (k) ={7, - 0.707j 0.707; j ,0.707j 0.70%,
UNIT - 1
5 a. Design a linear-phase FIR low pass filter with fibllowing desired frequency response :

e’ 0w < .

H,(e™) = 4 Use a hamming window. Also determiH{eJWj.
0 %T<\Msn
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b. A linear phase low-pass FIR filter satisfying toddwing specification need to be designed:
Pass band: 0 — 5 kHz, sampling frequency= E8 kHz, Filter length : M =9
Determine the filter coefficient using Frequencyngéing method.

m

—j3w
¢ 0<[w= 2 using the Bartlett

6 a. Design a linear-phase low-phase filter given ti]gf\t('ejw):
d 0 Z<wsn

2 .
worth window. Determine the impulse response coieffit of the filter andH(e'").

b. A low-pass digital filter has the desired frequenegponse as below :

SE n
. |C Os\Msz
Hq(e™) = .
0 E<‘MSH

Determine the filter coefficientla(n) for M = 7 using frequency sampling technique.

UNIT - IV
7 a. Discuss the advantages and disadvantages of Imipwizeant method.

4s+7

Transform the analog filter transfer functien (s) =
S +55+4

into a digital filter H (z) using

Impulse Invariant method & = 2Hz

c. Design a IIR low pass Butter worth filter using iBdar transformation for the following
specifications:
Pass bandp.s|H (e”)|<1 |wj< 0.zr Stop band|H (e")<0.2 0.6r<[wi<7 Assumel =1s.

8 a. Discuss the advantages and disadvantages of BHirr@aasformation method.
b. Derive the relationship between analog and digiegjuencies in a Bilinear Transformation.

c. Design an IIR low pass Butter worth filter using impulse-Invariant method for the following
specification.

Pass band¢.s<|H (e) <1 [w< 0.2z Stop band{H (eiW)\ <0.2 0.67<|w<7 Assume T =1s.

UNIT -V

9 a. Check whether following filter function has linephase or Not, if yes, obtain a linear phase

structure for the samel (Z) :1+%Z‘1 +€1J>Z‘2 +%Z‘3+—:1))Z‘4+—;Z‘5+ VA

b. Obtain the cascade and parallel form realizatiothef LIT system represented by difference

equationy(n)=gy(n—1)—1—l6y(n—2)+x(n)—3x(n—:I)+ *(n- 3-x(n- 3

c. Explain Linear Predictive Coding (LPC) system atisduises.
10 a. Obtain the direct form-I and Il, cascade and paldtirm realization structures for the following
system :y(n) =-0.1y(n-1)+ 0.7y(n- 2+ 0.%(n)- 0.26(n- ¥

b. 5 «
A filter response is given byH (z)=) (2Z) .Obtain the direct form structure and its

k=0
difference equation representation.

c. Explain speech recognition system with neat bldeigm.
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