16

| PART C ——7(% x 15 =15 niarks)

(a) Show that convolutlon and cmss conelatmn of the folloang sequences

are sanme o o o (15)'

(i).r r(n) {1 21 l}and y(n) {1 2 2 1}
.(ii). x(n)= {2 0.2 1} and y(n) {2 ——3 -3 2},'

(111) m(n) -{3 O 3}and y(n) {3 1 —3}

_‘ Or
() ICompute the’ hnear convolutxon of following sequences by using I‘I‘T
method x(n) {1 3- 1} and h(n) -2 2} _ o - - (15)
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| - , Maﬁhﬁum: 100 11_1arks
Answer ALL queStions. | ~ |
© . PARTA-(10x 2 = 20 marks)
-- A signei : .;c_(t) =sin(bat)is sampled Varid what is the ;ninilnulﬁ sampling

j fre'quen'cy is needed to reconstruct the signal without aliasing,

' :Flnd the system (transfer) function of given dlffexence equation Usmg

z transform wn)— 05y(n—1) x(n)

. Compute the DF’I‘ of unit nnpu_lse signal.

a Give any two ,applications of DCT.

i
Why Impulse 1nvar1ant tlansformatlon 1s not Su1table for the demgn of h1gh ,
pass fﬂte1‘7 :

Write the ttansfonnatlon whmh is used for conversion of analog domam to

digital domaln by using bilinear tr ansfor matlon

Write the condition for FIR filter to haVe linear phase. -

. Give the Window funetion of Hamming window.

Perform the add1t1011 of the decimal numbels (0 5 and 0. 25) using binary fixed
‘point representation. '

Define deadband. How do calculate the deedbahd ef an IIR system?

s

o}




PART B — (5 x 13 = 65 marks)

11. (a). Relate Nyquist rate criteria and aliasing effect with sampling process.

12

13,

1. ;_x_(n)%u(_ﬂ)'.‘j DR ’ E | @

D@ seeweon. L a
i) jx(n)':(zl')”u-(-—n). | A _" B (5) .
@ summ;_rize t}ie'.proi:.'er't_iés o:fDF'};‘; S o | .

(@) -

- Discuss how aliasing error can be avoided. . S ¢

~Or

—r

Ab) Determine the Region of Co_nvergencé of the following signal using-
_z transform : L ' ' S ' ' : o

" (i) Determine the circular Convolution of the following system“

)

(a)

(i) Compute the DET of givé'n séquence using DIFfFF"I‘_ aléoritiﬁh.r. o

(1) " x(n)-:'{l;‘Z,_Sl}_”and A(y={L21. | R (3 |
@ x(m={412-8) and Oy =0 -12. @
" Or . |

A

x(m)=1{1,2,3,4,4,321}. )

" i) ‘Determine the IDFT of X(o)={6-2-2j2-2+2j} using DIT
_ .algorithm._" S . _ o o , ' 5)

"Coni'pute a Crlhebyshe},r énaiog lowpass filter 'transf'er function by using_ '

bilinear transformation techﬁique for the. following specification

(T =1 sed).

0.8 s[H(e'f’w)[g 1, 0<®<0.27

|HE™)|<02, Obr<o<z. o s

Op
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14,

15.

(b

08 sIH(e""")

| (a)‘

(b) -
~window. -

(a)

®

.Hd_(giw) =

Design a Butteiwvorth digital lowpass filter using impulse invariant -
technique with 7'=1 sec satisfying. the following_spebiﬁcation: - {18)

<] 0<w=<02671

iH (ej“’)|._s 0.15. 0.657 <osn

Design an Ideal highpass filter with freque_ricy response using hamming

- window

, F A Tl
0, - —~gws—]

- Plot the nizf_ignitudé ﬁ_espbnse for N=1. O - '_ o (13)

01

Design an ideal lowpass filtér with frequency response using rectangular -

S .1, —ES(US
I'Id(e}a’) =< . - 7;1

: oL, Sl
e Zeise]

L

(13}

b

" Plot the magnitude response for N="11.

(i)  Define Quantization noise. Derive the ‘(_iuantizatioh noise power. (5) -

(ii); . Compute the coefficient quantization error of given second order IIR

filter system by hoth direct and cascade form. Assume b =3 bits. (8)

. T 1
CH(z)=—= . —
@ (1-0.95z7" + 0.2552 %)

Or

- (1) ',Det,ermine the limit cycle o-scillations' and dgadband of the following

~-first order IIR filter. Truncated bit b=3. . T 8)
(i) + 0.95y(lnﬂv-1) —xn). | o '
Input to the system is

(0875, n=0
x(n)= o

0, otherwisé.

(i) Discuss the overflow error signal scaling. B - (5

3 T 20139,



