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Answer ALL questions. .

PARTA —(10x 2= 20 marks)

. 1.,._ ,State low pass-sampliné theorem.

2. . Wﬁat is n;eani'; ‘by energy and:.power sigﬁals?

3. - What is meént by- radix 2 FFT‘? _

éi. © Give trénsfor.m paif equat_ion of DFT.

5.  What are the ‘Ii’mita'tions of Im?ﬁlse inyafiant_t_ec_hniqﬁé of designin_g fil_.ters?
6. -Gwen the Iow pass transfer function H_(s) = Ll Fm.d the h1gh pass transfel
- ) function havmg a cutoff frequency to 1adfsec . '

7.  What is_linear phase response of a'fﬂterr? |

8. State an_y two important properties of FIR filter.
9. Lisﬁ out the application of Adaptive ﬁltering‘. '

" 10. What do you mean by speech compression?
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(ii) F01 the analog transfer functlon H (s)—

PART B — (6 x 16 = 80 marks)

(i)‘ ; Find the convolution of given signals

x(n)‘ =3"w(-n) and h(n)=[1/3]" IL(IL - 2). | (‘8)

(i) Applying _concentric'circle method, compute circular convolution of

the sequences h(n) = {1; 2, 8,4} and x(n)={1, 2, 3}. (8)

Or

Explain’ the ‘process of analog to dlgltal convelsmn of 31gna1 in telms of -
-samphng, quantlzatlon and codmg ‘

(1) Dlscussthe ;pro.p_rerf_;_ies ofDFT o B _ (8)

Lo (u) DlscuSS f;ﬁ_é’:use ofFFT g_lgq;'ithm in linear filtering and cdrrelatio_n. '

T8 -

_Fmd DFT fo1 {1 1 2 0 1 2 O 1} usmg FFT DIT butterﬂy aigouthm and T
'-_plotthespectmm e L (16) o

(i).. Obtam the direct form I dnect f01m II cascade and palallel form
L "xeahzatlon for the system . L o

y(n) = —0 ly(n 1) +0. 2y(n 2) + Sr(n) +3 61:(n 1) +0. 61:(n —2) (8 ;I)
(s +1)(s+. 2)

. . H (z) usmg 1mpulse invariance method Assume T 1 sec. : _(8) : '

Or :

A low pass :filter'm'eeti-ng the following specifications is required :

0—500 Hz

Stoppband - 2-4kHa -

e P_assb'andripp'le‘. D . 3dB -

. Stopband attenuation . 20 dB

. :_'Sampling‘fre.quency ’ L SkHz
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(a)

Determine the following:

@ . Pass and stopband edge frequencies for a sultable analog prototype

low pass filter.
(ii)' . Order N of the prototype low pass filter.

(iii) Coefficients and hence the transfer function of the discrete time
filter using the bilinear z-transform.

‘Assume Butterworth characteristics of the filter. '(16)

‘Design a FIR bandstop filter to reject frequencies in the range 1.2 to 1.8

rad/sec using Hamming window, with length N = 6. Also, realizethe

_linear phase structure of the bandstop FIR filter.-. =~ o (16)

. .Or

Explain the characteristics of a limit cycle oscillation ;&_ii;h respect to the

- system described by the éguatiog ¥(n) =0.85y(n—2) +0.72y(n—1) + x(n) . e

@

)

: '_(i_i) B Explam d1g1tal s1gna1 p1ocessmg in 1mage enhancement . @ o

 Determine the dead band of the filter ) =(3Jow. a9

@) - Explain aliasinig effect in down sampling. SR '_ BN L

() Ex;ﬁlain sx-lb_bandrc_oding_ te(_:hnique.ﬁ_sed in speech coding. - --(8)

-"Or '

(1) Explam digital pmcessmg of audio sngnais Sl i (8)
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