16.

(a)

(b)

PART C — (1 x 15 = 15 marks)

Compute the characteristics of a limit cycle oscillation with respect to the
system described the differencé equation x(n)=095y(n-1)+x(n).
Determine the dead band of the filter. Assume 4 bhit sign
magnitude representation including sign bit and the input as

0.875, for n=0
x(n) = ’ : . (15)
¥(n) {O, ‘otherwise ’ ' . _
Or
(i) Perform Circular convolution of the two sequences: (7N

"‘-; (n,) {2 1,2, 1} -xz(n):{l, 2,3, 4}

(u) Fmd the 4 pomt DI‘T of :the sequence - 'c(n) cos(zn) using

Decnnatlon in Flequency algouthm - 4_ . o - (8)
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Answer ALL questions. :

PART A — (10'>< 2 = 20 marks) .

1, ~ For the discrete time mgnal x(n) shown in the I‘lg 1 below sketch the signal |

~x(n-3) and, x(n,+2)

x(n)
4
el
4321012314 S
.Fig.'l.-: .

Define correlation of two different signals. -

3. Mention the number of computations involved in direct computation of DFT.

4.  State the circul_ar frequency shift property' of DFT,

‘Mention the char acteustlcs of the Butterwor th 'md Chebychev analog fﬂte1s

ot

“r

" 6. Mentlon two advantages and chsadv'mtages of IIR flltels B

~

Define the Hammmg and Hanmng window functions.

~1

8. Sketch the direct form structure for the FIR filter with the differe.nce equation: = -

oon 1 1 N S _
y{(n) =..\,(n,) +.§.x(n—1)+Za,(nfhl2)+§.x(n—2.3_) .



10..

i1

- o, @ Sketch the ﬂow glaphs of the basm buttelﬂy computatmn and the

T1s.

Mention the three ways of representing negatlve numbers, Expless —7/8 in the
three forms. :

What is the advantage of scaling compared to saturation arithmetic?
PART B — (6 x 13 = 65 marks)
(a) . ' ) - JConsadel the periodic sampling of a contmuous time signal,
' establish the relation between analog and digital signal ﬁequenc1es
(i1 V_Con'sidel the analog signal x,(t)= 3cos1007r£ :

'v_(l) _ Determine the mlmmum samphng rate lequued to av01d
- aliasing. . - B ¢3)

() ASuppose that the 31gna1 is sampied at the 1ate I‘ =300Hz

~and 75 Haz. What is the dlsciete time 51gna1 obtalned after

'samphng" SR I ST ).

NOREOE Determine the power and energy of the unit step signal. (3
(i1) fDetelmme the Z t1 ansfoun of the s1gnsl x(n)——a"u( o 1) Sketch

. itsROC.. ol e ()
w0 (i) ,Compute the convolutmn of the two s;gnals rl(n) {1, - 2 1} and

L, 0snsb R B
“xy(n L : : o 5
2( )_ {0 othe1w15e - R e VR ()

- impulse. 1esponse h(n) {1 2, 3} to the 1nput sequence *c(n) {1 2 2, 1}.

'_AssumeN 8, e - P s (13) '

: '()_r

- 8 point Decimation in time: FET.. ST UIOEUR PR TR (6}

(i) Using the flow. graph, detenmne the 8 pomt DFT of the sequence
-jx(n,) {12221000} coto s (7)

(a) A digital IIR 1ow pass fﬂter s 1equned to meet Lhe followmg fxequency .

fdomam specifications :

3dB npple (maxnnum) in the passband 0 <(u<0 3 T 1ad

-At least 20 dB (mmlmum) attenuatmn in the stopband 0 Gr<w<n

_l The dlgltal ﬁltel is to be des1gned by applymg b1hnea1 tl ansf01 matlon

Or

(7)

a3

14,

15,

(a).. By meanS Of DFT and IDFT... detelmme the 1eSp0nse Ofthe flltel Wlth e e e s

b)) A dig:ltal low pass‘ filter is to be designed to have a maximally flat

" frequency response with the following specifications.

20log|H ()|, >-1.9328dB
. 20loglH(w), _,, <-18.9794dB

Find the transfer functlon of the fﬂtel to meet the above specifications

* using impulse invariant transformation method. - (13)

(é) - The desh‘ed'frequency response of a low pass filter‘i_s_'_ given by

' -'3(:1. : 37{ g .
. e 7 l( PRy : .
Hd(m)— 3 1 Deteunme the flequency response of the FIR
10, ~~-~<lml<fr - S :
N Ailter if Hammmg_wmdow__isiu'sed withN=17. o _: _' o (13)

L Or.

| (b). - Desngn a 17 tap lmem phase FiR low pass flltel w;th cut off flequency L

(4

(a) Cons1de1 the recursive filter shown in the I‘lg 2 below The input r(n)

has a range of Values +100V, 1epresented by 8 blts Compute the

~ variance of the output of the A/D conversion p;ocess,_ e (13) o

(c —E The des1gn is to be done usmg fLequency samphng techmque (13) L ’

- Pig gt

' (bj : I‘md the effect of coeff1c1ent quantlzatlon on, pole 1ocatlons of the given
) second order IR system,- when it is realized in direct form | and in

cascade form Assume a word length of 4 b1ts tinough truncation.

ff(z)‘ L D T (13)_

1= osz-1+02z



