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E C E 
S e m e s t e r IV 

E C 5 4 0 4 & D I G I T A L S I G N A L P R O C E S S I N G 
(Regu la t ion2019) 

T i m e : 3 h r s Max .Marks : 100 

C 0 1 Ability to apply the concepts of d iscrete Four ier transform 
C 0 2 Ability to design and ana lyze MR filter 
0 0 3 Ability to design and ana lyze F I R filter 
0 0 4 Ability to ana lyze per formance degradat ion of digital s ignal process ing s y s t e m s due to finite 

precis ion 
C 0 5 Ability to ana lyze the architectural detai ls of f ixed and floating digital s ignal p rocessor 

B L - B loom's Taxonomy Leve ls 
( L I - R e m e m b e r i n g , L2-Understanding, L3-Applying, L4-Ana lys ing, L5-Eva luat ing, L6-Creat ing) 

P A R T - A ( 1 0 x 2 = 2 0 M a r k s ) 
( A n s w e r al l Q u e s t i o n s ) 

Q.No. Q u e s t i o n s Marks C O B L 
1 Ca lcu la te D P T for the sequence x ( n ) = { l , l , 0 , 0 } . 2 1 2 
2 State Pa rseva l ' s theorem in D F T . 2" " 1 I 
3 Enumera te the character ist ics o f But terwor th F i l ter . 2 2 1 
4 1 

Conver t the g iven analog transfer f i inct ion H(s) - into digital 
s+a 

by impulse invar iant method. 

2 2 2 

5 Compare F I R and I I R F i l te rs . 2 3 1 
6 Ment ion the necessary and suf f ic ient condi t ion for the l inear phase 

character ist ic o f an F I R filter. 
2 3 1 

H o w the digital f i l ter is af fected b y quant izat ion o f filter 
coef f ic ients? 

2 4 2 

8 W h y rounding is preferred over t runcat ion i n rea l i z ing digital 
filter. 

2 4 2 

9 Ment ion the appl icat ions o f Mu l t i Ra te S igna l Process ing. 2 5 1 
10 State sampl ing theorem. 2 5 1 

P A R T - B ( 5 x 1 3 = 6 5 M a r k s ) 

Q.No. Q u e s t i o n s Marks C O B L 
11 (a) U s i n g rad ix 2 D I T - F F T a lgor i thm ,determme D F T o f the g iven 

sequence for N=8 x ( n ) = n for 0<n<7 
13 1 3 

O R 
11 (b) Pe r fo rm the c i rcular convolu t ion o f the fo l l ow ing sequences 

x(n) = {1,1,2,1], h(n) = [1,0,4,3] us ing D F T and I D F T 
method. 

13 1 3 

1 2 ( a ) Des ign and real ize analog lowpass I I R Chebyshev f i l ter w i th the 
fo l l ow ing speci f icat ions: ap= 16 d B , 7 d B , /2p= 20k rad/s, 
/2 ,= IOOti rad/s 

13 2 4 

O R 
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1 2 ( b ) Des ign a digital But terworth lowpass f i l ter us ing the b i l inear 
t ransfonuat ion for the fo l low ing speci f icat ions: 

0 . 8 < | H ( e ^ ' ^ ) | < l ; 0 < co < 0.27r 
|H(e^ ' ^ ) | <0.2; 0.671 <co<7r 

13 

1 3 ( a ) Determine the f i l ter coeff ic ients for an F I R fi l ter approx imat ing 
the ideal f requency response hav ing N=7 us ing H a m m i n g 
w indow. 

13 

Ha (^) = 

for 0) 

0; 

O R 
1 3 ( b ) Obtain the direct form I I , cascade and para l le l fo rm real izat ion for 

the system y (n ) = - 0 . 1 y ( n - l ) + 0.2 y ( n - 2 ) + 3 x ( n ) + 3.6 x ( n - l ) + 
0.6 x ( n - 2 ) 

13 

1 4 ( a ) F o r the second order I I R f i l ter, the system funct ion i s , 
1 

H(Z) = r- 77 E x p l a i n the effect o f shift in 
^ ^ ( l - 0 . 5 z - i ) ( l - 0 . 4 5 z - i ) ^ 

pole locat ion w i t h 3-bit coeff ic ient representation i n direct and 
cascade forms. 

13 

O R 
1 4 ( b ) E x p l a i n the character ist ics o f a l imi t osci l la t ion w i th respect to the 

system descr ibed by the di f ference equation y (n ) = x { n ) + - y ( n - l ) , 

where input x ( n ) = ^ 6 (n ) . Determine the deadband o f the fi l ter. 

13 

1 5 ( a ) De r i ve and draw the spectrum o f a down sampler used i n 
decimator. 

13 

O R 
15 (b) I E x p l a i n the polyphase structure o f decimator and interpolator. 13 

P A R T - 0 ( 1 X 15=1 S M a r k s ) 
(Q .No .16 is compulsory) 

Q.No. Q u e s t i o n s Marks C Q B L 
16. A cascaded real izat ion o f the two f irst order digi tal f i l ter is 

shown below. T h e sys tem funct ions o f the ind iv idua l sections 

are H-, ( z ) = — - and Hn (z) = — - . D r a w the 

product quantizat ion noise model o f the sys tem and detenuine 

the overa l l output noise power i f b=3 bits (exc lud ing s ign bi t) . 

15 
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