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Note: Answer any FIVE full question*5'e, osing ONEfutl questiolp[rom each module,

''' iflroaurea rya. Prove the linearity propertl.SFOf'f for the given.signal x(n)=xr(n)+xr(n), where

atd xr6ffir{ forN=4. ,."9 (l2Marks)xr(n) = sln-
44

b. Given two signals.;r&F'= n 1 1,0 < n S 3 and xr(n) ={1,2,1,3}. Find the circular
'i,ll* ,rir,

convolution of th&e sitgnals using stockharni:sJhethod. (08 Marks)
.

.,,1 .', Q["*;'.
a' Comnu,ffi.8uput of a LTI system whbse impulse response h(n) - {l,Z,ty, and the input

:igru] is x(n) = {5,6, 7,1,2,3,415,6, 7} using over@,a66 method, with circular anay
length N = 6. *t (lo Marks)

b. Prove the circular time shiftpqerty for DFT. rr" $fr*,t{ignal x(n) : Fl,, -t, 2,3} .Find the
DFT ofx(n). If a new signal y(n): x(n-2)4, find V(K) ming time shifiproperry. (10 Marks)

i1i=',,;:"!$
* ModuId-2T d s"

a.Findout8pointDFTofx(n):,,,0m*gDIT-FFT;adix-2algorithm.Drawthefull
. !o* diagram. ,,,*.',t{,,'.'-," k . * 

- d u, 
(12 Marks)b. Explain the folisfing terms in FFT *ffithrms: !ry(i) Computational complexity " .

(ii) *.$J,p"computation .t , ff (o8Marks)

s?r. i::' .*$r ,,,::::: OR . *u-

a. The.first Iy" po_rnlr ordffifi-slgnal is given hy xcrl = {0,2 + j2, -j4,2 - j2,0}. Determine
,,1$g remaining DFT points and find the-;#qubnce x(n) using i.rr"rr" brp-rrr radix-Z

. algorithm. (10 Marks)
b.,Determine the circul.q convolution of x1(n) = {1, 1,2,2} and xz(n) : {1,2,3,4} using

DFT-IDFT method by radix-2 Dtr-FFT algorithm. (r0 Marks)
i.,, ii,i' :, -,r.ltir

. ri, ;i ";;::::::'r"'!r1.,r Module-3
a. Explain how a frequency response is transformed from analog domain to digital domain

using bilinear transformati0p. (10 Marks)b. Design a digital low pass filter using bilinear transformation to follow the following
characteristics:
(i) Monotonic stop band and pass band
(ii) *3.01 dB outdTf frequgncy of 0.5 n rad
(iii) Stop band:#enuation atleast 15 dB at0.75 n rud

,,"'li;tl,,if-,::1.

r,,r,tf, ' I of2

(10 Marks)



(ii) Linear phase structure
ofthe given FIR filter.

i( !f * X..{.
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transformations with

(10 Marks)

(10 Marks)

:: "1+*

,1,:, '::::.,

' ,.r&!. '::l:'

:::,,'r:,j'i,"

6 a. Use Impulse
T: 1 sec.

OR
lnvariant transformation to obtain tlG).foi the analog

(i) H.(s) =
(s+1)(s+2)

(ii) H"(s)=

b. Design an analog ChebYshev tYPe 1 fi

D Pass band gan2.5 dB at Oo: 20

iD Stop band attenuation 30 dB
Show the pole positions and ob

Module-4
7a. Design a digital low pass EFtnut*eetsthe.followiing specifications:

i) Kr: -1dB 0 < rad

::tl:,.

(12 Marks)Use bilinear transfgrynation.
b. What is frequeqerytiit$formation? Explain hqw it is used in designing filters. (08 Marks)

.,.^*ft'w oR

2

ii) K,: -15 dB 0.3 < n rad,

.dk-t,. 
-. 2+z-t + j-z-' ,*.'r.o---lre= 4- fu*;,:,..'" ."..H(z)=M 

,ll+-t1ll))
\ z ,/\ ,._.,.

Obtain direct form - I a;.{S.,hrm - II structure. (08 Marks)

b. For the equation ff(z) giv in Q8(a), "b*,".ry$ascaded 
*r,:_?,.-:t;.(ii) Parallel t.,lX?1:1,

; uoaute-s
9 a. The desired fre-{ii€ncy response of d$p. wpass filter is given'6y

:r:;is$lll!

q$S:i:::,:,.:.,:) 
dryHo(e-r') = I "* .J T:, r""''l*"-l o ?'L?t*fu :

*D*e_termine the filterrco.-elif€ients and frEqfiHffi response of the FIR filter if Hamming

window is used. * "' " (10 Marks)

6i'-,..'Exptain how windffiwin"[ tr"hniq.r"s 4re r*sed in designing FR filters. (10 Marks)
.-\

" 
. qr:.

10 a. Design a ffi6ss FIR filter usffig'frequency sampling technique, with cut off frequency

* = 3 . The filter must hm#Jinear phase and length N - 17 (12 Marks)"2 1*xdsd',t' _1 I _. _a !r_, *!r_u.Obtain :b. ForaFIRfilter H(z)=l+ 7z-' +z' +-z' +z' +--'-'e,2 3 4 3 2

(i). Direct form
Obtain the i
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(08 Marks)


