
AQ _ 2870
F'irst Semester M. E. (Elecrrical and Elect.) (New CGS) Examination

ADVA}ICED DIGITAL SIGNAL PROCESSING

Paper I EEEME 3

P Pages : 6

Time : Three Hours I

Note : (l) All qucsrion car4r marks as indicared.
(2) Assume suitlble data wherever nec€ssary.
(3) Illustrate your answtir wherever necessary with the hclp of neat sketches.(4) Use pen of Blu€r'Black hUrefill only for writing'the answer book.

(a) A linear time-inva.riant system with frequency response H(w) excited with
the periodic inpur.

@

x(n) = ! 61rr-1119;
k= _co

Suppose tlnt we conpute the N_point DFI y(K) of the samples y(n),
0 < n < N-l of the ouput sequence. How is y(K) relared to H(W) Z

6
(b) Compute the eight point. DFf of fie sequence

xin) = {li2, Ln, V2, UZ,O, 0, O, 0}

Using the irplace radix 2 decimation_in_frequency algoritlun. Follow

lxactll the corresponding signal flow graph and keep iack of all the
int€rmediate quantities by puning lhem on the diagram. E

OR

IMar. Mark : 80

2. (a) Determine the response y(n), -n > 0, of the system descriH by the

:*:r9--"d". difference equadon y(n) _ 3y(rFl) _ 4y (n_2) = xin) +2x(n-l) to the input x(n) = 4iu(n). 1

A discrete-time system is realized by the structure shown in figure
Q. 2b.

(b)

aQ-2$o

[Fig on Next page]
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a.(n e(1r)L

RlweQ!!

3. (a)

(i) Determine dte impulse response.

(ii) Determine a realization for its inYerse system, that is' the system

which produces x(n) as an output when y(n) is used as an input'
1

The irst--order filtcr shown in figure Q 3a is imptemented in four-bit

(including sign) fixed-point Two's-{omPlement hactional arithmetic ltoducts

are rounded to four-bit resPresentation. Using thc input x(n)=0 106(n)'

rCrr) si(n)

ure q?(

Determine :-
(i) The ffst five outputs if c = 0.5. Does t}Ie filter go into a limiL

cYcle? 
) a limit(i0 'Ihe first five outputs if cr=0.75. Does the filter go int(

cYcle? 6

(b) Obtain dre dirEct form l, direct form lI, cascade ard parallel structures

for fte following systems :

y(n) = -o.ly(n - l) + 0.2ytn - 2) + 3x(n)

+ 3.6x(n - 1) + 0.6x(n - 2) '1

OR

4. (a) Consider the system :

y(n) = 0.875y(n - l) - 0.125v(n - 2) + x(n)

(i) Compute its poles and design the cascade realization of 0tc system
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(ii) Quantize the coefficients of the system using firnction, maintaining a
sign bit plus three other bits. Detormine the poles of thc resulting
system.

.(iii) Repeat part (ii) for the same pre{ision using rounding.

O) Determine a parallel and a cascade rsaliz,ation of the system

H(z) =
l+rl

,l

(t -2, 
t 
)(1 4.8i# zr )( I -{.8(*.rr)

5- (a) Derennine the system f,mition H(z) of the lowest_order Chebyshev d.igital
filter that meets the following spocifications :

I(t) 
; dB riPPIe in the

passband 0<lwl < 0.24r

(ii) Ar least 50 dB attenuation in the stopband 0.35r<lwl<lr. Use the
bilinear transformation. 7

(b) Determine the coefficients [h(n)] of a linear_phase FIR filter of lcngth
m=15 which has a symmetic unit sample response and a frequency
response that satisfies the condition :

n. / 2dl_ I I. k=0, r. 2. 3

\ls/ 10. k=4, s,6.7 6

OR

6. (a) . An analog signal of the fom x"O = a(t) cos Z000nt is
bandlimited to the range 900<Fk l100Hz. It is used as an input to rle
system shown in hgure e. 6a.

@ Ato

rlh)
S9{Ine q6q.-.t--

(i) Determin€ and sketch the spectra for the signalg x(n) and w(n).

(ii) Use a Hamming window of length m=31 to desigr a lorypass linear
phase FIR filter H(w) that passe,s {a(n)}.

6

06r)

Ra .E oo25

3

H(q #k
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(iii) Dcterminc Ore sampling rate of theA'/D converter that would allow

us to eliminate the frequency conversion in figure Q 6a . 'l

(b) Determine lhe system function H(z) of tlle lowest order Chebyshev digital

filter tIaL meets the following specifications :

(i) t dB ripple in the passband O<lwl<O3t'

(ii) At teast 60 dB attenuation in the siop band 0 35r< lwl<r' Use

bilinear Eans-formation. 6

7. (a) Au mA(2) Focess has the autocorrelation sequence :

r ec,i; m=o
I ^rl-4o2--, m=tl
1-

v*(m) = l-zdui 1 m=r2

I o. otherwisc

(i) Determine the coefficients of the mA(2) process that have thc

foregoing autocorrelation,

(ii) Is the solution unique ? If not, give all the possible solutions T

(b) Show that the pedodogram values at ftequehcies fr = lc/L' k=0' t' ---'

L-1, given by
l-= I
S . -prvrLt xln)e
n=0

Can be comPuted by passing thc sequcncc thmugh a bank of N IIR filter'

where each filter has an impulse response :

hk(n)=e-am o1";

and then compute the magnitude squared value of dle filter outpus at

n=N. Each filter has a pole on the unit ckclc at the fiequency f1 6

OR

8. (a) Suppose we have N=1000 samples from a sample sequence of a random

process.

(i) Determifle the frequency resolution of the Bartlett. Welch (50%

overlap), and Blackman-'l'ukey methods for a quality factor Q=10'
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(ii) Determine the record lengrhs (M) for the Bartlett, Welch (50%
overlap) and Blackman-Tirkey merhods. 6

(b) Detcrmine the power spectra fol the random prrrcess generated by the
following difference equations :

(i) x(o): -{.81x(n - 2) + w(n) - w(r - l)
(ii) x(n) = w(n) - w(n - 2)

(iii) x(n) = -O.8tx(n - 2) + w(n)

Where w(n) is a white ooise proc€ss with variance

Sketch the spectra for tlrc processes given in (i), (ii), and (iii). j

9. (a) A sequence x(n) is upsampled by I=2, it passes tfuough an LTI system
t[(z), and then it is downsarnpted.by D=2. Can wc replacc (his process
witlr a single LII system Hz@) ? lf the answer is posirive, detcrmine rhe
systcm function of this system. .l

Show that the hanspose of an l-stage interpolator for incrcasing the
sampling rate by an integer factor I is equivalcnt to an L_state decimator
that decreases the sampling rate by a factor D=1. 6

OR

(b)

10. (a) Design an interpolator that increases the inpur sampling rate by a factor
of l=2. Use the Remez algorithm to determine the coefficienrs of th" t,tn
filter that has a 0.1 clB ripple in the passband (0 < w < n/2) and is down
by at least 30 dB in the sopband. Also, determine the corresponding
pol)?hase filter structure for implerirenting the interpolator 7

(b) We wish to dcsign an efficient non recursive decirnator for D=g using
faclorization :

H(z) = [(l+z-r)(l+zaXl +zr;-- 1t+2-z*-r;1s

(i) Derive an emcient implemenration using filters with system function
HL(ZF( t+rr)s

(ii) Show rhat each stage of the obtained dccimator can be implemented
more efficienntly using a polyphase decom_position. 6
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ll. (a) Discuss the implementation of DSP algorithms on general purpose processor'

12. (a)

(b)

(b) Discuss special purpose DSP processes for digital lilters

OR

Discuss advantages and disadvantagcs of general purpose DSP

Discuss speciat purposc DSP proccsses for FIIL

7

7

7

7

---*-
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