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ELECTIRONICS AND COMMUNICATION ENGINEIRI
DIGITAL SIGNAL PROCESSING
Tune . 3 his. ' Max. Marks: 100

Note: 1. Answer any FIVE FULL questions
2. Use of 1uterest tables and normal distribution tables allowed

. a Compu(e the N- point DFT of the Sequence,
x(n)=an, 0<n<N-1 (6 marks)
b. Compute the 8-point circular convolution for the following sequences. ‘
q(m)=(,1,1,1,0,0,0,0)
Xo(n) =sin Bmu/8), 0<n<7 : (G marks)
c. For the sequences
xi(r) = cos (2mi/N) , ,
xp(n)=smZm/N), 0<n<N-I
determine the N-point -

(1) circular autocorrelation of x,(n)
(11) circular autocorrelation of x;(+:). (8 marks)
2. a. -Let x(n) be a real sequence of length- N aud its N-point DIFT is given by X(k). Show that:
i) XWN-k)=X* (k) o
(1) - X(0) is real ‘
(i) If Nis even, X(N/2) is real. (8 marks)
b. The first five points of the eight-paint DFT of a real sequence are
x(n) = (0.25, 0.125—0.3018, 0, 0.125-0.0518, 0).
Determine the remaining 3 pomts (4 marks)
2 ¢. Compute the N-point DFT of the Blackman wmdow .
i3 w(n) = 0.42-0.5 cos (2/m/N 1)+ 0.08 cos (4an/N -1), 0 <n < N~1 (8 marks)
2. a. Compute the energy of the N-point sequence :
 x(m)=cos QmiN), 0<n<N-1 ‘ (5 marks)
b. A desiguner has available a number of eight-point FFT chips.-Show explicitly how he could
uterconuect three such chips in order to compute a 24-point DET. (5

miarks)
c. Demvc the signal flow graph for ¥=38 poml radix-2 decimation-in-time FEFT algorithm.

o

4. a Cofnpme the 8-point inverse DFT of the sequence: ‘
X(K) = (20, -5.8282.414, 0, —0.171-0.414,0, =0.{71450.4 14, 0, —5.828+/2.414)

‘using DIF, radix-2, FFT algorithm. (10 marks)
b. prlam how c,hup-Z transforms are used for computing DIFT using linear filtering.
, (6 marks)
c. Show that DIT of a real even sequence is purely real. (4 marks)

)

(10 marks)



6. (a) Let H(s) = @Tg%ﬂf be a causal analog transfer function. Determine the caygal

digital transfer function G(z) from H(s) using the impulse invariance method.
(6 Marks)

(b) Design a digital bandpass filter from 3 second-order analog lowpass Butterworth
filter H(s) = m using the bilinear transformation. The cutoff frequencies
for the digital filter should lie at o — ¥ and w= I (8 Marks)

(c) Let H(z) be an IIR lowpass filter with a zero at z = Zi- Let G(2) be the bandpass
filter obtained by applying a IOWpass—to—bandpass transformation which moves the
poleat z =2, of H (z) to a new location 3 — Zx. Express % in t,erm,é of 2. If the
lowpass ﬁlté-r“has & zero at z = —1, where are the Corresponding zero(s) of the
bandpass filter? o L (6 Marks)

(2) Obtain the direct form L, direct form II, Cascade, and;pavallel structures for the
voten H0) = mastitEE Tty s Marks)

(b) Determine the unit sample response h(n) of a linear-phase FIR filter of length

M = 4 for which the frequency response at w = ( and o — 3 is specified as
H(e) =1 and H(efF) = 0.5, ' C (8 Marks)

in the digital impieinentaﬁoh. (11 Marks)
(b) Let #{z(n)} denote the ideal operation of Hilbert transformation on the sequence

z(n). Determine the net result when the sequence z(n) is operated four times; .
Le. determine y(n) = H{H{H{H{z(n)}}}}.
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I. ‘a) Let z(n) and h(n) be two four-point sequences defined as follows: z(n) = cos (’g‘)
n=90,1,2,5 a{n) = 2%, n=10,1,23. Calculate the four-point DFTs X(k) and
H( k). Hence evaluate the circular convolution of z(n).and h(n). (12 Marks)

(b) A finite-duration seq}ience z(n) of length 8 has the 8-point DFT shown in the fig-
z(n/2), n even,

0, n odd.
Sketch the 16-point DFT of y(n). . o (8 Marks)

ure. A new sequence y(n) of length 16 is defined by y(n).=

11T ,1
Lo L 01“4‘5"

TR 2. (a) Let X(z) be the z-transform -of z{n) = u(n) — u(n — 6). If we sample X(z)at — -

e z = el@/0k k=0, 1,2 3 we obtain a sequenice X(k), 0 < k < 3. Sketch the
o 1 sequence x{n) obtained as the inverse DFT of X (k). (8 Marks;
ooy ’

111:1:; (b) Consider the finite-lerigth sequence z(n) = {1,0.75,0.5,0.25}. If the 4-point DFT

LLI'LE of z:(n) is denoted X (k), plot the sequence y(n) whose DFT is Y (k) = W3 X (k).

vl - : : (4 Marks!

e, | :

nst ‘ ) . . .

"m (c) A real-valued N-point sequence z(n) is called DF'T bandlimited if its DFT X (k) =

i 0 for kg <k < N —ko We inser:t'(L —1)N zeros in the middle of a band-limited
" X (k) to obtain the following LN-point DET '

- o ( X(k), 0<k<ky—1
N Y(k) =1{ 0, ko <k < LN — kg

X(k+N—LN), LN —ko+1<k<LN-1.

Determine the relatiorship betwoen Ly(Ln) and as(n) 0 <n < N-—1, where Y (k)
ol b is the LN-point. DFT of y(n) : (8 Marks)

3. (a) The linear oonvolutlon of 10 OOO-pomt sequence with a ﬁmte—duratlon impulse
response that is 100 pomts long is to behlmplemented. The convolution is to be
impleménted by usirig DFTs and inverse DFTs of length 256. (i) If the overlap-
add method is used, “what is the zmmmum ‘number of 256-point DFTs and the
n:ummum number of 256-point iriverse DF'Ts needed to implement the convolution
for the entne 10,000-point sequence? Justify your answer. (i) If the overlap-
save method is used, what is the minimum number of 256-point DFTs and (he -

1






minimum number of 256-point inverse DFTs needed (o implement the convolution ™.
for the entire 10,000-point sequence? Justify your answer, (8 Marks) ~

(b) If z{n) is au N-point sequence, and X (k) the oorf%ponding N-point DFT, prove
the following equality: TN [z(n)[2 = ¥ s [ X (k)] | (4 Marks)
(¢) Let z(n) = {1,v/2,1,0,—1, -3, ~1,0}. Use the decimation-in-time FFT algo-
rithm with input bit-reversed to compute the DFT of the above sequence. Provide

the values at the intermediate stages. a - (8 Marks)

4. (a) A ﬁmmljengtﬁ-'ééqﬁéﬁéé #(n) is nonzero in the hiterval 0 < n < 19. This signal ig

figure, whers, h(n) : { ei% "";9 2’ 0<n<o28
: e o . 10 otherwise
and W = e~%, The output, y(n) fothe interval 19 <n < 28 can be expressed
in terms of X (¢/) for appropriate vé.lues of w. Write an expression for y(n) in
this inferval in terms of X (ef?), =~ o (6 Marks)

input to the system showu in the

——— e

=(n) = hn)

eI R Fig. Qta

Fig. Q4b

(c) Suppose that z(n) is a: finite-duration sequence of N = 1024points. It is de-
sired to evaluate the z-transform X (2) of the sequence at the points z = e/t

e
PR
h PRl
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| = c—D7
k = 0,100, 200, .-+, 1000. Choose an algorithm for Performing this computation
efficiently. Explain how you arrived at your answer (4 Marks)

(d) Suppose that 4 computer program implemeutmg the FFT algorithm is available

sequence £(n), and the output is the DF’I; X(k). Let X (k) be the & -point DFT

of the sequence z(n),0<n < N — 1. What ig the output of the FFT algorithm
if the mput to the program is X(k),0< k <N -17 (4 Marks)

. (a) Considéf‘*thé system shown below: - -

l‘(n) ) LZ{Ch I

\2 .
7

(i) If the impulse response of J. () is of finite duration and Symmetric, i.e.,
—_ ~L<n< ,
h(n) = h(O n) ot}ll;e;wri”s; L , #ekmhe whether the overall impulse responge
g(n) is FIR and symmetric. (i) Let & (6*) satisfy the following specifications:
(1—51)SH(ej°f)S(1+61), 0<w<w,
—52$H(ei“')552, ¢ W <Sw<r

" and the overall fi'equgncy. Tesponse G(e/) satisfy specifications of the form

A SGE*)<B, o0<w <wp
C<GE“)D, w,<w<r

[H(e™)| < 0.01,
0.95 < |H(e/){ < 1.05,
[H(e’)| < 0.01,

ha(n) to which the Kaiser window should be applied.

3

OSwSQ%m
0.35r <w < 0.6,
0.657 <w < 7.

(8 Marks)

v
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b.

a.

l

A third order Butterworth lowpass filter has the transfer function H(s) = : 5 .
(s+1fs2+s+1)

Design H(z) using impulse — invariant technique. (10 Marks)
Obtain the-direct form — I and parallel form realization for a digital filter described by the

82° — 422 +11z-2
(- Yide? ~2+ 15)

Compare FIR and IIR filters. . (06 Marks)
Design a low-pass filter with a cutoff frequency o, =7, a transition width, Aw = 0.02z

system function H(z) = (10 Marks)

and a stop band ripple §; = 0.01. Use Kaiser window techniques. (10 Marks)
Distinguish between Butterworth and Chebyshev filters. (04 Marks)

Design a 17-tap linear-phase FIR filter with a cut-off frequency o, = 7 » using frequency ‘

sampling technique. ‘ (08 Marks)
Develop the lattice-ladder structure for the filter with difference-equation:
y(n)+ %y(n - 1)+ %y(n - 2) = x(n)+ 2x(n - l) . (69 Marks)
Draw the direct form I structure for the given impulse response of a filter:
h(n) - (%)n [u(n)* u(n - 3)] (03 Marks)
k*hk k%

20f2
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Digital ngnal Processmg

L hrs. ] {Max Marks :
Note: Answer any FIVE full questions.. . L

a).Define DFT of a finite duration sequence,. z(zz‘).saxﬁa(n)m,{l..u 0,0} .

[Hustrate and explam the samphng of the Founer transform of the sequence.

(6 Marks)
b) Find the DFT of a sequence
nj=1, for0<n<?2
- =0, otherwise.
for: 1) N=4 ii) N=8
Plot C magnitude of the DFT X(k) and comment on the resdlt obtained.
. _ . ) (14 Marks)
) i) EDFT (¢(n)] = ’( ), then show that
DET [z((-n)) ) = X((-k)) v
i) If the DFT [z(n)] = X(k), then show that
DFT [a(n).e?2/ln/N) = X ((k -1)) .
iii) If DFT [z(n)] = X(k), then show that _ o
DFT [:B*(TL)] = X*(N——k) ' Geeite oo (12 Marks)

) Make a comparison between circular convolution and linear ‘convolution :
Given 2y(n) = {1,-1,-2,3,-1} & z5(n)={1,2,3}..

™ d the circular cOnsolation of the :z:n(n) & zz(n) o (z+s——s Marks)'

What are the two methods used for the sectional convolution?’ Write briefly
about each one of them. . (8 Marks)

Find the output y(n) of .a filter whose. Jmpulse response is
h n) ={1,1,1} and the input slgnal to the filter is v
=(3, - 1 0,1,3,2,0,1,2,1}' usmg overlap -save method.”" ' (12 Marks)

Why FFT is needed? What is the speed 1mprovement factor in calculating
vd-point DFT of a sequence using direct computatmn and FFT algorithm?

(8 Marks)
What are the dxffcrences and. sumlamtles between DIT and DIF FFT
algorithm? (4 Marks)
Compute the 8~point DFT of the sequence
w(n) ={0.5, 0.5, 0.5, 0.5, 0, 0, 0, 0}
Using the inplace radix-2 DIT algorithm. (8 Marks)

Contd.... 2
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. (a) i) Name the types of ﬁlters based on lmEulse r¢sponse

f< ok PRSI O R T

ii) Name the types of filters based on frequenkfy response.
ii1) What do you understand by linear phase response?

iv) What conditions on the FIR sequence h(n) are to be imposed.in order
" that the filter can bc called a lmear phase flter? (6 Marks)

(b) The frequency response. of:a. hnear pha’se FIR ﬁlter is given by

. H(eJ¥) = €33 [2 4 1.8 cos 3w+120032w+05cosw] :
Find the impulse responsé ‘sequericé of the filter. - =+ - -* (12 Marks)

(a)y What are.advantages, and disadvantages with the design of FIR filters using. .

window functwn? , , . . (6 Marks)

(b) Deduce the equation for the frequency spectrum. for the rectangular window
sequence defined by o .

) ~(N -1) N -1
Wp(n)=1; for =——— sn<-—
=0 ; otherwise
What is the width of the main case of the spectrum? (6 Marks)

(c) The frequency response of a filter is given by
H(ej“’) =jw*; ~T<wLm

Design the filter, using a rectangular window function. Take N = T.(8 Marks}

. (a) Distinguish between Butterworth axlld'Chébysh&,(Tjrp:et‘f)}ﬁl'tcr's.' (4 Marks)

" (b) How can one design digital filters from analog filters? (3 Marks)

(c) Design a Butterworth filter using the bilinear transformation for the following
specifications :

08<!H(67‘”)|<1 for 0 <w < 0.27
lH(eJ“’)! <0.2; for 06mr<w<T

(13 Marks)

. (a) Describe the transformation relation used for converting an analog LPF into

a HPF. _ (6 Marks)
(b) i) Obtain the cascade realisation of the system function :
He)= (142 =2 ) (147 -2 2)

ii) Determine the direct form realisation of the system function :

CH(z)=142z"1-327% 4273 5274 K (T Marks)
(c) Write a note on chirp-Z transform. (7 Marks)

Page No... 2 )L R T - BC52
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N USN
it Semester B.E. Degree Examination,'Januaijy/February 2005
EC/TE/BM/ML
Digital Signal Processing
Sune 3 hirs) : [Max.Marks : 10C

Note: 1. Answer any FIVE full questions.
2. Use of normalized chebyshev Butterworth
prototype tables NOT allowed. v

i. (a) Let zp(n) be a periodic sequence with fundamental period N. Let X;(k)

denote the N-point DFT of one period of z5(n) and X;(k) be the 3N-point

DI'T of three periods of zp(n). What is the relationship between X (k) and

Ai}(k) fOX'OSkSN-l o v (10 Marks)

(b) Let x(n) be any N-point sequence and X(k) be the corresponding N-point

DFT. Suppose that z;(n) = z((m - n)) 5, where 0 <m < N —1 . Starting

from the definition of DFT, find X,(k), the N-point DFT of the sequence

y(n). Using this result, and any other properties of DFT, determine X (k'

if @y(n) = 2((2 ~ n))s, if the first five values of the 8-point DFT of a real

valued sequence are as follows: , , ‘

{16,-(2v2 +2) - (2v2 +2),0,(2v2 - 2),-j(2v2 - 2).0} (10 Ma:io)

2. {a) A long sequence x(n) is filtered through a filter with impulse response h(n) to
yield the output y(n). If x(n)= {1,1,1,1,1,3,1,1,4,2,1,1,3,1}, h(n) = {1-1}. -

compute y(n) using the overlap save technique. Use only a 5-point circular
convolution in your approach. :

(b) Consider a finite-duration sequence x(»n)#{.0,1,2,3,4,5}. v
i) Sketch the sequence s(n) with 6-point DFT S(k) -——WZI"X(k)

i) Determine the sequence y(n) with 6-point DFT Y(k)=ReX(k), the reai
part of X(k). . 7 o ' (8 Marks)
3. (a) Starting from the definition, prove the following:: : -
D) 550 v(n) = 25 2y(n) B 2y(n), where zy(n) and z,(n) are two
N-point sequences and y(n) the N-point circular convolution of ry{n)
and zy(n). : SEIRART S P R SR :

(12 Merks:

if) Eﬁ__l_o | 2(n) 2 ==—J%J-E£JEO | X (k) |2, where x(n) is anN-pomt sequence,

anid X(k) the corresponding N-point DFT. Prove any intermediate result

that you mayuse. = TS e

(b) Let x(n)= 2§(n) + é(n — 1) + §(n—3). Obtain the sequence y(n) whose
5-point DFT Y(k)= (X (k))z,whereX(k) is the5-pomtDFTofx(n2

4: Marks)

(¢) Let x(n) be the following 8-point sequernce:

X(n)“ {'\7’5‘)1>"ﬁ70a"$)—1)"ﬁ)0}' )

Use the decimation-in-time FFT algorithm to compute the DFT of the above

sequence, Provide the values at the intermediate stages. (8 Marks)
i (n) Let X(k), 0 <k < N -1, to be discrete Fourier transform of a sequence x(1},

How would you use an FFT algorithm to compute the inverse DFT (ie.,

obtain x(n) from X(k))? Hence determine the sequence x(n) whose 8-point

DIT is given by the sequence X(k)= {0,4 - j4,0,0,0,0,0,4+j4}. Use the

decimation- in-frequency FFT algorithm to arrive at your answer. - Provide
; the values at the intermediate stages. (12 Marks}

Contd . 2
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~ (b) Consider the éyéfem function H(z) =

"
Page No... 2 . E\;\
(b) Consider the sequenée x(n) = u(n)- u(n-8). Using chirp-z' transform,
determine the following values X{2) and X(z,) where Z, = 6‘7227_r and z; =
6]%71 (8 Marks)

5. (a) Design a lowpass digital filter using bilinear transformation. The filter is
to be monotonic in both stop-and pass-bands and has all of the following
characteristics: (i) an acceptable passband ripple of 1 dB, (ii) a passband
edge of 0.37 rad, and (iii) ‘stopband ‘attenuation of 40dB or greater beyond

0.67 rad. : (16 Marks)
(b) Transform the alalog filter H(s) :@ﬁ%ﬁf to a digital filter using the
matched z-transform. Let T=0.5sec. ' (4 Marks)

6. (a) Using the impulse reaponse technique, design a lowpass digital filter that
is equiripple in the passband, and - monotone in the stopband. The filter
pass ané) edge is at 0.17 rad with a ri%ple of 2.5 dB or less, and the stopband
edge at 0.27 rad with attenuation 40 dB or more. Use T=1. (16 Meris)

(b) Transform the analog filter H(s)= stg, > 0 to a digital filter using ihe

backward- difference mapping. Comment on the stability of the digital filter.
(4 Marks)

7. (a) Let the specifications on a filter be as follows:
0.99 <| H(eI™) |<1.01,0 < w<0.27
| H(e7™) |< 0.05, 0.257 < w < 0.6,
0.99 <| H(eJ%) [<1.01, 0.7 <w <
(1) These specifications approximate an ideal filter. Derive the by
response of this ideal filter.
(ii) Design a linear-phase filter that satisfies the above specifications using
the Kaiser window. Give the expression for the impulse response of the
- designed filter. ’ (10 Marks)
(b) Starting from a lowpass Butterworth prototype alanog filter, design a fourti.
order Butterworth bandpass analog filter with upper and lower band edg:
frequencies 10rad/sec and brad/sec. (4 Marks)
(¢) Consider an FIR lattice filter with coefficients K7 = 0.65, K, = -0.34,k; =

0.8. Find its impuilse response. Draw the equivalent direct-form structure,
, . . . . 6 Marks)
8. (a) By choosing an appropriate window, design a linear-phase, odd-le::ng(th, lew-

pass FIR filter that satisfies the following specifications:
0-985 <| H(el™)<1,015,0 < w < 0.2,
| H(eJ™) < 0.001,03r <w< 7
Give the expressions for the impulse response and the corresponding frequency
response. o ‘ ' (8 Marks)
’ 1—%z“1

i )
i) ReahS¢the system in direct form I.. ' |
»+ii) Realise the system in cascade form using first- and second-order form I

sections. :
iii) Realise the system in parallel form using first- and second-order direct

form II sections. (12 Marks)




Time: 3 hrs.)
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Digital Signai Processing

Note: answeran y FIVE tull quastions,

+ (@ What is the difference between the di,s,c;refe'\.Foutiér,Series d”d,The discrete Fourier

fransform? ) | (3 Marks)

Consider the finite-length sequence z(n), z(n) = (1, g—,,%—, ;1{) The 4-point DFT
of z(n) is X(K). Plot the sequence y(n) whose DET s Y(K) = W43K X(K).

S - (5 Marks)
Let X(K') denote the N'-poin’r DFT"‘of, an N-point Sequence z(n). X (K) itself is an
N-point sequence. If the DFT of X(K) is computed to obtain a Sequence z, (n),

determine z(n) in'terms of z(n). = (6 Marks)
z(n) denotes q finite-length séquence of length N, R

Show that'z (-n)y] = = (& —n)p]. S R (6 Marks)
Prove Parseval’s relcﬁon as qpplied ’rQ DFT. 4 N (5 Marks)

Let zy(n) = (1,4, T %) and zy(n) = (1, 1, 1, 1). .Compute the DFT of z;(n)
By the decimation in fime FFT algorithm ang that of z9(n) by the decimation in
frequency FFT algorithm, Using the above results, evaluatsthe cireular convolution

a4 (3+3+4 Marks)

How many (reol)»s‘roroge registers are required 1‘0;3 evaluatethe BET by an in-place

FFT algorithm? } . (3 Marks)
R L RO TG e s g g

How many twiddies will make q butterfly fast? 2 Marks)

T

It isurequi'reqto‘ take; DFT of a data sTredm.ofz.siengfhf8~l.92:’ "_HOWe\"/er;..the analyzer
has only a fixed hardware implemenfrotvione-:forfza"204&epc§ih’rfDE?T:;‘.Assuming other
storage is .availgble, along with ways of-adding: and multiplying;: how could the
desired 8192-pt transform be Obtained?... ., . . Ve e

Computation. Can the said clgorifhm, cf‘onyfpc')‘inf'of flme be rhére efficient than.
R e R (6+2+2+2 Marks)’

Confd... 2

@ Mqus) .



Page No... 2 ECs.
4. (a) Develop a fransformation for the solution of a first order linear constant cogffin: -

difference equation by using trapezoidal Obbroximcﬁon for the infegral apprxi-
mation., Highlight the features of transformation,

(io Marks)

: q P -
(b) Using the bilinear Tronsformoﬁon S = ;ﬁg—,l' What is the image of § = ¢J7/2 in
the Z-plane. ' e

(5 Marks)
(©) What is the contour in the Z-plane that is the iMoge of J} axis in the S-plane for
‘ re stable system in the S-plane, mapped into. stah -

(5 Mari

gular wincio -
Jwe(N-1) - -
hd(w) — ? 2 = ws 2 & Marks
= Celsewhere-. »

Ponse of a FIR filter so that h(n)=0 fdrn <0,

Quency response of this filtter can be representect ir: ¢
form ' :

H(el¥) = F (eiw) ejo(w)

D Find g(w) for g S w < m When h(n) satisfies the condition
h(n) =h(N-1_ n)

(U wiays
I Nis even, show that

h(n) =h(N -1 ~-n)

o Implies that BN = 0, where (K ) Is the N-point DFT of h(n). @ me
- ©) BFinQ out the comparison between IR and FIR filters. | | (6 Marks;

'='0/4018% and 7. Determine the
‘1-ff®ﬁsfér‘§‘s;f@h“c;‘ﬁonjH(Z:) for the lowest order Butterworth design which meets the:
Specifications. Use bilineqr transformation, =+ . - EETERE (12 Marks)

R Design an.analog: Chebyshev fiter for which the Squared magnitude raspor s,
[Ha(T0)12 safisfies the condition, . ,

 20logg Ha(s) |, s
Y 910 ' a( ) ’Q:O;Z')r : SR (8 Marrks)
20 10.910, 'Ha(JQ) ’Q:0.37r <-15 )

Conftc... 3
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8. (a) Consider an analog system function
H (9) —= S+a
al5) (s+<z)2+b2

Determine the digital filter from an analog filter by means of impulse invariance.
When would it produce good results?

(6 Marks)
(b) Obtain a paraliel realization for the following H(Z):
H(Z) = 82347241172
z-1)(22-2+1)
Also indicate the governing equations. (& Maiks)

(¢) Implement adigital network whose unit-sample response is eJwon u(n). While imple-
menting this system with a complex unif-sample response, the real and imaginary

parts are to be disTingUished as separate outputs.
\ L {6 Marks)

*¥ ¥ OX¥
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. NEW SCHEME | -

Fifth Semester B.E. Degree..Eia’minafidn, Dec.

Digital Signal Processing
3 hrs.} _ o ) [Max. Marks:100
Note: 1. Answer any FIVE questions. '
2. Use of normalized Chebyshev and Butter worth
prototype tables NOT allowed.
Define DFT. Establish relationship between DTFT and DFT. (03 Mafks)
Compute 8§ — point DFT of a sequence x(n) = (-1)"&', 0 <n<7. Also plot the
magnitude of DFT. ' L (10 Marks)

State and prove the following DFT properties. . .
1) Time reversal of a sequence ii) Circular frequency-shift of a sequence. (07 Marks)
. ) A T . . : .

Compute 8-point circular convolution for the fol‘l'OWih;g;;v Séquénce, using. time domain

' 2 : ' .

formula x((n)={1,1,1,1,0,0,0,0} and Xz(;l) =COS (-%EJ ,0 <n<7. (08Marks) ",

Compute x(n) for the gi\}en DFT X(K)=(2, 14j, 0, 14 ). Use matrix method. «

: : (06 Marks)

Let x(n) be a finite length sequence with X(K) = ( 10, -2+j2, -2, -2-j2 ). Using the
properties of DFT, find the DFT’s of the following sequences. -~

i) xi(n) = x((n+2))s and i) x(n) = x(4-n) o © (06 Marks)

A long sequence x(n) is filtered through 4 filter with impulse response h(n) to yielci the
output y(n). If x(n) = { 1.2. 4,3,0,7,4,-7,-7,-1,3,4,3 3}, h(n) = { 1,2 }. Compute
y(n) using overlap add technique. Use only a 5 ~ point circular convolution in your

approach. : © (10 Marks)
For sequence x(n) = ( 2,0,2,0 ), determine X(2), using Goertzel algorithm. Assume
initial conditions are zero. ' (06 Marks)
Let x(n) be a real sequence defined by x(n) = ( 1, 2, 3, -4.), without evaluating its
-3 3 . L : . : L ' .
DFT, X(k), find 1) ZX(K) i) X(0). (04 Marks)
k=0 B

Develop the DIF FFT algorithm for N = §. Using the resulting signal flow graph
compute the 8 — point DFT of the sequence x(n) = Sin (g n) ,0 < n <7. 1 Marks)

First five points of eight point DET of a real valued sequence is given by
X(k) = {0,2+j2,-j4, 2 -j2, 0 }. Determine  the remaining points. Hence find the

sequence x(n) using DIT FFT algorithm. , : (09 Marks)

Let HS) = —on—o
s?2++/28+1
band gf 1 rad/sec. use frequency transformation to find the transfer functions of the
following analog filters. i) A low pass filter with pass band of 10 rad/sec
i) A high pass filter with cut off frequency of 10 rad/sec.

represent the transfer function of a low pass filter with a pass'

(05 Marks)
Contd... 2
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b. The system function of a low pass digital filter is given by, H(Z) =05 .

Determine i) cut off frequency, wp and (06 ns s
i) Use a low pass transformation to obtain another Jow pass filter with w,' = 1 rad

¢. Name the types of windows used in the design of FIR filters. Write the ananlytical
equations and draw the magnitude Tesponse characteristics of each window. (09 Marks:

6 a  Alow pass FIR filter is to be designed with the following desired frequency res«;

i) o-i2w l W’ < %
w) =
! 0 7 <IW<n -
Determine filter coefficient h4(n) and h(n) if w(n) is arectangular window de., e g
I, 0<n<4
We (n) = B . Also, find the frequency response, H(w) of v isjnee
- |0 otherwise '
FIR filter. _ : S ae)
b. Compare FIR and [IR digital filters, U s ks)

. Determine the transfer functions H(Z) of an FIR filter to §
h(m)= 8(n)+28(n-1)+ 8(n-2),, using frequency sampling techniques. 08 viagt

7 a. The transfer function of analog filter is given by H(s) = m
+1{S+

Find i) H(Z) using impulse invariance method
i) H(Z) if Fs=5 samples/sec TR PR
b. Design an [IR low pass Butterworth digital filter to satisfy the follow:- ‘
Specifications. 1) Pass band ripple = 1dB.
i)  Pass band edge frequency = 100 1 rad/sec
1i)  Stop band attenuation = 354B
1v)  Stop band edge frequency = 1000 1 rad/sec

V) Sampling rate of 2000 Samples/sec. use Bilinear trz;nsformation technique.
: : : : (401 )

8 a. Determine the order and the poles of a type -1 low pass Chebyshev filter tho .:ic'
the following constraints. '

0.8<[H(W)<1, 0<W <02

HW)<02, o6m<w<n

b. Realize the system function

H(Zz) = %+ %Z" +Z7% + :11—24 +Z™ +§Z'5 JF%Z‘6 ’ (U4 Marks)

¢. Obtain the cascade form realization for the given difference equation, .
Y(n) = —%Y(n ~1)- éy(n -2)+ x(n) + 3ix(n ~ 1) Also, draw the sig/7 .

4. _
graph and its transposed graph. CEPTOT

LR 3 33
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Fifth Semester B.E. Degree Examination, Dec.
Digital Signal Processing

Max. Marks:100

Note : 1. Answer-any FIVE full questions.

2. Use of normalized Chebyshev, Butterworth prototype tables NOT aliowed.

If X(K) is the DFT of the sequence x(n), determine the N-point DFTs of the sequences
. 2K
x.(n)= x(n)Cos anéon; 0<n<N-1 and xs(n)zx(n)Sm' nNon; 0<n<N-I. Use

appropriate properties. (06 Marks)
State and prove circular convolution property and Parseval’s theorem. (08 Maris)
Find the Z-transform of the sequence x(n) ={0:5, 0, 0.5, 0}. Using Z-transform result find
its DFT. (06 Marks)
Distinguish between linear convolution and circular convolution. (02 Marks}
Using overlap-save method, compute y(n), of a FIR filter with impulse response
h(n) = {3, 2, 1} and input x(n) = {2, 1, -1, -2, -3,5,6,-1,2,0, 2, 1}. Use only 8-point
circular convolution in your approach. ' ' (10 Marks;
Find the 4¥point DFT of sequence x(n) =6+ sm(z%) . n= 0,1, N-1. (08 Marks)
Tabulate the number of complex multiplication and complex additions required for the
direct computation of DFT and FFT algorithm for N = 16, 32, 128. (04 Marks)
Compute circular — convolution using DFT and IDFT formulae for the following
sequences, xj(n) =n and x, (n) = cosﬂz7£ for0<n<3. (10 Marks)
Write a note on chirp-Z transform algorithm. (06 Marks)_
1) Using DIF-FFT algorithm compute DFT of the sequence x(0)=1{,2,-1,2,4,2,-1,2}.
ii) If x2(n) = x;(-n) without performing FFT find Xa(k) using X;(k). (10 Marks)
Derive the signal flow graph for 8-point Radix-2 DIT-FFT algorithm. (10 Marks)

Design a digital IIR low-pass Butterworth filter that has a 2 db passband attenuation at a
frequency of 300x rad/sec and atleast 60 db stop band attenuation at 4500z rad/sec. Use

backward difference transformation. . - (10 Marks)
Design a single pole lowpass digital filter with 3 db bandwidth of 0.3m, using the bilinear

transformation applied to the analog filter H(s):: ng » Where Q. is the 3 db bandwidth
S+

of the analog filter,

C

(05 Marks)

The system function of the first order normalized lowpass filter is H(s)= i Obtain the
, s+5

system function of second order bandpass filter having passband from 1 kHz to 3.5 kHz.

L of2 (05 Marks)
o
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Ao pass anadog Bilter s defined by (e tollowing

corresponding mipulse respouse: .
H(s) = /(s ) <« ha(t) = e = .

(N Whatis the gain at de? Ay what radian frequency is the analog frequenc,

response zero? At what time has the anaiog frequency response decayed
Ve of the initial value? o

anster incion and the -

() Prewarp the parameter a and perform bilinear transformation to obtamn (-
digital transter function H(z) from the.analog destgn. What is (he yain o
At what frequency is the response zero? Given an cxpression for the 3 (1
radian frequency. Also find h(n). (PO mirs
Find  H(z) for the following analog transfer functions using impulse  invigia
transformation. :
O H(s) = /)/{(s+u.2)2+b2}
(i1) Ly (s) = U/(s+a) CHO

Design an IR digital filter that when used in the pre-filter A/D-H(z)-D/A structure will
sulisly ihe foliowing specificaticus (use Chebysicy prototype).
(1) LPI with 2-dB cutoff at 100 Hz.
(i) Stop band attenuation of 20dB3 or greater at 500 Hz, and
(111) Sampling rate of 4000 samples/second.
Verify the design.

ok
Show that an FIR filter will have linear phasé.if and only tl
h(n) =+ h(N-1-1), n=0,1 ... N-1 -
Talke only N equal to odd in the analysis. (& mart

The desired {requency response of a fow pass filter is given by
[ e | <344
(@)= .
/(<) 1 0, 3n4<|ew |<x

Determine the frequency response of the FIR filter i Hamming window is vsed switl,
N=T, (8 miarks s

Use the window method with a Hamming window to design a 7-tap FIR differentintor.
The frequency response of an ideal differentiator is defined as below.
H(o)=jo,~-r< o<

Compute and piot the magnitude response of the resulting FIR differentiator (12 marke
A low-pass filter has the desired frequency response,

[ ¢ 0 << 212
HUfw)= 1

0, M2<w<n

Determine h(11) based on frequency-sampling technique. Take ¥ =7 (10 marks)

Sketch the direct forn — ] , direct form — 1[ and transposed realization for the systen:
function given below.

[(z) = (22%47 - 2) 1 (z*~2) (10 meyka
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Fifth Semester B.E. Degree Examination, June / July 08
Digital Signal Processing

3 hrs. ‘ Max. Marks:100

Note : 1. Answer any FIVE full questions.
2. Use of normalized Chebyshev and Butterworth profotype
tables are not allowed.

. - 1 0<n<2
Find DFT of the sequence x(n) = . for N=8. Plot | X(k) [ and £X(k).
0 otherwise
(10 Marks)
State and prove the following DFT properties : 1)  Time reversal of a sequence.
it) Circular Time shift of a sequence iii) Parseval’s theorem. (10 Marks)
Compare linéar and circular convolution. (84 Marks) -

Compute circular convolution using DFT and IDFT for the following sequences.
xi(ny={2,3,1, 1} xa(n)= {1, 3, 5, 3}. (12 Marks)
The even samples of the 11 — point DFT of a length-11 real sequence are given by

X(0) =2, X2)=-143, X@ =1+3)4, X(6)=9+;3, X8 =35, X(10)=12 + ;2.
Determine the missing odd samples of the DFT. (04 Marks)

Let x(n)be a finite length sequence with X[k} = {0, 1+j,v 1, 1 —j} using the properties of
3 T
DFT, find DFT's of the following sequences. 1) x1(n) =¢’ A nX(n)

i) Xo(n)= cos(zzt—nj x(n) | ) x3(m)=x({(n-1))4 1v) x4(n)=(0,0,,0)®4 x(n).

(08 Marks)
Find x {2] , given x(n) = { 1, 0, 1, 0} using Goertzel algorithm. Assume initial conditions

as zero. v - (04 Marks)
Write a note on Chirp Z — Transform algarithm. (68 Marks)

What are the generic differences and similarities between DIT and DIF FFT algorithm?

Explain. (05 Marks)

Find the DFT of the sequence x(n) = {1, 2, 3, 4, 4, 3, 2, 1} usmg Radix ~ 2 DIT FFT

algorithm. (10 Marks)

Compute the DFT’s of the sequence x(n)=cosng—, where N = 4, using DIF FFT

algorithm. | (05 Marks)
How the’nfrequency transformation helps in design of filters? Explain. - (06 Marks)
The system function of a Low pass digital filter is given by Hfz] —% 1;;; . Determine
) cut - off frequency, w, and ii) use a low pass transformation to obtain another
Lowpass filter with w’p= 1 rad. : (06 Marks)

Design an FIR Low pass filter of length 7 using rectangular window with pass band gain
of unity, cut off frequency of 200 Hz and sampling frequency of 1kHz. (08 Marks)

1of2



If h{n] is impulse response of an FIR filter, so that hin] = 0 for n < 0 and 1 20 " s
h[n] is real, symmetric with respect to midpoint for odd N. The frequency respouse of tiis
filter is represented as H(e"™) = Hr (¢) . e 190%) Find Hr(e™) and 6(w) for 0 <w=< 7, when

h[n] satisfies the condition hjn] =h[N -1-n]. {66 Marks)
. Design an ideal Hilbert  transformer having frequency  response
jw —jforOsw<m: | . '
Hgle’" J=¢ . using rectangular window for N = 11. (10 Marks)
j for-n<w<0.

. Compare the FIR and IIR filters. (08 Moy

Determine the order and the poles of a type — 1 low pass Chebyshev filte: for -
following specifications:

PassBand ripple : - 3 d B ; Stop Band attenuation : - -20dB ; PassBand edge - 2 rad/sce
StopBand edge : - 4 rad/sec. (08 Mark

. Design a IR Low pass Butterworth digital filter to satisfy the following anal:

specifications :
i) PassBand ripple : < 3.01 dB ii) PassBand edge : 500 Hz i) StopBan

attenuation : > 15dB iv) StopBand edge : 750 Hz v) Sample rate : 2klz. Usc
Bilinear transformation technique. Also obtain the difference equation realization.

Convert the analog filter into a digital filter whose system function is H(s) = -

s+ U
Assume T = 1 sec. Use Impulse invariant technique. (4 M
Obtain a parallel realization for the system described by

(1+z_1l1+22—1)

]

Consider a three stage FIR Lattice structure having the co-efficients @ Ky = 0.0
K5 = -0.34, and K3 = 0.8. Evaluate its impulse response by tracing a unit impulse d[n] at
its i/p through the Lattice structure. Also draw its direct form — I structure. (08 Marks)

H(Z) =

ok ok ok

20f2
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Fifth Semester B.E. Degree Examination, Dec.08/Jan.G9
Digital Signal Processing

-

3 hrs.  Max. Marks:100

Note : 1. Answer any FIVE full questtons choosing at least Two
questions from each part A and B.
2. Standard notations are used.
3. Missing data if any, may be suitabley assumed.
4. Draw neat diagrams wherever necessary.

PART - A

Let X (k), 0 <k <N-1 be the N point DFT of the sequence x (n), 0 < n < N-1. We define
{X(k) 0<k<k,,N-k,<k<N-1
X(k) =
0 k. <k<N-k,

and we compute the inverse N point DFT of X(k), 0 <k <N -1 . What is the effect of this

process on the sequence x (n)? Explain. (04 Marks)

27kon ,0<n<N-1. ol {66 Marks)

Determine N point DFT of x (n) = cos

State and prove the relationship between Fourler series - coefﬁ01ent of a continuous time
signal and DFT. : v T i © (10 Marks)

State and prove : 1) Ciseular convolutlon property of DFT ii) DFT of real and even
sequernce. . . (10 Marks)
Determine the response of an LTI system with h (n) = { 1 1 2} for. :an input

xn)=4{1,01-2,1,2,3,-1,0,2 }. Employ over lap add method with block length
1.=4. ’ R , _ B a0 Marks)

How many complex mult1p11cat10ns are reqmred for dlrect computatmn of 64 pomt DFT"
What 1s its value if FFT 1§ used? (04 Marks)
Determine 8 point DFT of x (n) = { 1, 0, -1, 2, 1, 1, 0, 2 } using radix -2 DIT FFT
algorithm. Show clearly all the mtermedlate results " (12 Marks)
What are the two properties of phase factor Wy that are exploited in fast Fourier Transform

lg,onthms? Prove them. : (04 Marks)

Determine 4 point IDFT of :

X () ={2.5,-025+j0.75,0,-0.25 - 0.75 } using DIFFFT algorithm. (04 Marks)
Consider a'finite duration sequence x (n), 0 < n < 7with Z Transform X (Z). 1t is desired
to compute X (Z) at the following sets of values :

{27k 2nk m h

Zx=08 S L0<k<T.
Sketch the points Zy in the complex plane. Detennme a sequence s(n) such that its DFT
provides the desired samples of X(Z). . (06 Marks)

Explam Goertzal algorithm and draw the DF — II structure for the same. © (10 Marks)
lof2
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-~ PART-B

Determine the order of Butterworth and Chebyshev approximation analog filters used 1.,
meet the following specifications : Pass band attenuation of | d B at 4 kHz and stap bang
attenuation of 40dB at 6 kHz. - (06 Mar
Design a Chebyshev type 1 analog filter to meet the following specitications : Pass by
attenuation 2 d B at 4rad / sec and stop band attenuation of 10 d Bat 7rad / sec. (14 Marke)

Determine the FIR filter coefficients, h (ri), which is Symmetric low pass filter with linear
phase. The desired frequency response is :

(M-I -
—J(\»JW < <T
Hiw)= e \ 2% . O<lwisny
0 otherwise.
Employ rectangular window with M = 7. 08 Murky)
What is Gibbs phenomenon? How it can be reduced? (0 Marke

Show that the roots of H(Z) occur in reciprocal pair for a linear phase FIR fijie, 0% B

Explain, how an analog filter is mapped on to a digital filter using impular |,
method. What are the limitations of the method? WS Rlari,, -
Design a digital band pass filter from g 2™ order analog Low pass Butterworth Protoiy
filter using bilinear transformation. The lower and upper cutoff frequencics for band niss
filter are 57/12 and T1/12. Assume T = 2sec. (6 03 T

Consider a FIR filter with system function :
H(z) =1+28221+ 34048, + 1.742°. Sketch the direct form and lattice realizatop

the filter. (08 Marty)
Fory (n) = -0 ly (n-1) + 0.2y (n-2) + 3x (n) + 3.6x (n-1) + 0.6x (n-2), obtain direct form
I'and II, cascade form and parallel form with single pole — zero subsystems (12 Marto)
*xkdk%
2 of 2 o
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CPime: 3 hrs. - Max. Marks:100
Note: Answer any FIVE full questions

I a4 Consider the finite duration signal x(n)={1,2,3,1}
(1) Compute its 4 point DFT by solving explicitly the 4-by-4 system of linear equations
defined by the IDFT formula.
(i) Check the answer in part(i) by computing the 4 point DFT using its definition.
(17 Marks)
b. Lstablish the relationship between DFT & DFS. (G4 Marks)
c. IfDFT of x(n) is x(k). What are DFTs of x((-n))x and IDFT of X‘(N-k) (04 Marks)
2 a. Perform x(n)*h(n) using overlap-add technique. Given h(n)={1,1,1},
x(ny={1,2,3,4,-2,1,0,6,2,8,9,6,2,2,1} Calculate N from the formula
b.  Compute circular convolution using DFT & IDFT for
Xi(n)=28(n)+35(n-1)+ §(n-2)+ 6(n-3)

X5(n)=8(n)+38(n-1)+ 58(n-2)+ 38(n-3) T (96 Miarks)

¢. Let x(k) denote a 6 point DFT of real sequence x(n)={1,-1,2,3,0,0}. Without coripnting the
IDFT, determine y(n) whose 6 point DFT is given by y(k)=W;* x(k) {04 Marks)

3 a. Explain how windowing a signal leads to spectral leakage of the signal. (65 Marks)

b. Compare Direct computation of DFT & FFT with respect to number of complex additions
and multiplications for 8 point sequence. Also explain how the inplace computations and Bit
reversal order helps to save memory in FFT algorithm. {65 Marks)

c¢.  What are the differences and similarities between DIT and DIF-FFT algorithms? Find the 4
point real sequence x(n) if its 4 point DFT samples are x(0)=6, x(1)=-2+j2, x(2)= -2 Use

DIF-FFT algorithm. _ {10 Marks)

4 a. Explain Linear filtering approach to computation of the DFT using Goertzel algorithm.
{06 Marks)
b.  Draw signal flow diagram for a 16 point radix-2 DITFFT algorithm. (06 Marks)

c. The system function of the first order normalized low pass filter is given as
H,,(S)= —S——l—l Obtain the system function of second order bandpaés filter having pasSband

from t KHz to 2 KHz. ' g " (04 Marks)
d. Convert the following low pass digital filter of cutoff frcquenc"y*O;Zn into highpass filter of -

0.245(1+2z71)

cutoff fr%quency 0.3n radians H(z) = — (04 Marks)
N 1-0.509z7"
5 a. Compare design methods for Linear phase FIR filters. . (04 Marks)
b. A linear phase FIR filter has response given by e7**. What is the order of the filter? Assume
filter fs symmetric. ' ' ' ‘ (04 Marks)
¢. Design a low pass FIR filter using frequency sampling technique having cutoff frequency of
n/2 rad/sample. The filter should have linear phase and length of 17. (12 Marks)

1of2
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Design the band pass linear phase FIR filter having cutoff fio aencicn o

and we,=2 rad/sample. Obtain the unit sample response through following = indow:
. )faforosngé 4 . -
w{n)= 4 . Also obtain magnitude/frequency response. (37 Marhs)
o otherwise
Compare IR and FIR digital filters with respect 10 desion methods complexity o
implementation, applications & memory requirement. - (G4 Marks)
Explain the window where a designer can adjust the tradeotl between main spectral obe
width and side lobe levels. (04 Marks)
Consider the analog filter having the transfer function H,(S) = 512
: +
(1) Transform Ha(S) to a digital filter H(z) using impulse invariance technique.

Sampling rate=2 samples/second.
(i) ~ Will the impulse response h(n) match the impulse response h(t) of the analog filter at
the sampling instants. Assume system to be causal.
(i) ~ Will the step response s(c) match the step response s(t) of the analog filter at the
sampling instants. (12 Marks)
A second-order Butterworth low pass analog filter with a half power frequency of 1 rad/sec
s converted to a digital filter h(z) using Bilinear Transformation at sampling rate 1/T =1 H7.
(i) What is the transfer function H(S) of analog filter.

(ii)What is the transfer function h(z) of digital filter. (06 Marks,

Consider the signal flow graph given in Fig.8(a). Write difference wquation & syster

function. (046 Miariss
x@)ﬁ_;___,;,,— D) ! o 4(n)
—'\ ‘ ’('Z.:l i
-_z’ /N |
——<— -
. 3 7
7 A
L
| &
Fig.8(a)

. ‘Consider the 3stage FIR lattice structure having the coefficients k1=0.1, k2=0.2, x3=0.3.
- Evaluate its impulse response by tracing a unit impulse §(n) at its input through the lattice

structure. (06 Marks)
Write short notes on any two:
(i) Frequency prewarping
- (it) Matc\;hed z transformation
(iii)Hilbert Transform . , - : ' (O

A *.’
y PR
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Fifth Semester B.E. Degree Examination, June-July 2009
Digital Signal Processing

Time: 3 hrs. Max. Marks:100

3 a
b.
C.
4 a
b.
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Note:1. Answer any FIVE full questions choosing
at least two from each part.
2. Missing data if any may be suitably assumed.
3. Use of normalized chebyshev, Butterworth prototype tables
not allowed.

Part A

Detine DFT. Establish a relationship between the Fourier series coefficients of a continuous-
time signal and DFT. (07 Marks)

z _ilm)p2 ..
The N-point DFT of the N-point sequence, x(n)=e ’(N) " for N even is

~jE jln) k2 )
X(k)=vNe £ e’(N) . Determine the 2N-point DFT of the 2N-point sequence
—jln ) p2
y(n)=e j(N Jn , assuming that N is even. ’ ~ (05 Marks)
i) Let N =4M, where M is an integer. Let '
0.5, k=M

X(k)=405, k=3M .

0, otherwise

Compute X(n). Let y(n)=(-1)"x(2n), 0<n<2\§1. Compute V(k).

15 G ‘
ii) Evaluate the sum S=le(n)x;(n) when xl(if cos(igi), xz(k)=3’ 0<k<l5s.
n=0 4
e , (08 Marks)
. Determine,dzpoint circular convolution of the foowing pair of length-4 sequences using
2{DFT computations: x(n)=(3, 2, 1,§), h(m)=(2,1,1,3) (08 Marks)
* s 1), o@)=x(n)*y(n) and o(nj=(6,~1,7,~4) compute the sequence y(n)
: - : (07 Marks)

“tput ‘y(.n)'*qf a filter whose impulse fésponse is h(n)=(1, -2) and input signal
(m= 3, -2, 4, 1, 5, 7, 2, -9) using overlap-add method. Use only 5-point circular
convolution in your approach. - (05 Marks)

For sequence x(k)='(S, 342, -3, 3+j2), determine x(2) using Goertzel algorithm. Assume

that the initial conditions are zero. : (06 Marks)
Develop the DIF-FFT algoréthm to compute IDFT. Write the signal flow graph for N = 8.
19 ‘ (10 Marks)

What are the orders of Butterworth and Chebyshev filters necessary to meet the following
design specifications? »

5P =SS =0.01, Qp = 0.6682 rad/sec, Qg = 1 rad/sec. (04 Marks)

A sequence x(n) is filtered using a first-order LTI system with an impulse response h(n)
giving output y(n). A 4 point DFT and IDFTs via radix-2 FFT algorithms are used to
compute y(n). Select these algorithms appropriately and write the signal flow graph between
normal ordered x(n) and y(n). What is the length of a non zero padded sequences x(n) and

h(n) where y(n) represents alias-free output of the circular convolution? (12 Marks)
Show that the'pr.oduct of two complex numbers (a+jb) and (c+jd) can be performed with
three real multiplications and five additions. (03 Marks)

1of3
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i) The jQ axis ins

"Plane onto the yp;t circle, |

-Plane, Re(s)<0 inside the uni
ws the frequency fesponse of

z]:I.

tcircle, /z<1[.

an inﬁm'te-length ideal multi-band req i
> impulse I€sponse of this;%;’jilter. Present the sketch of implementation of w(njagn:
(Truncateq Impulse T€sponse of thi§ﬁ1ter) via block
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C. We are interested tq design 4R filter with g stopband  attenuatiop, of 64 4B
Aw=0.057 using windows. Provige the means to achieve precisely this attenuatiop using
Suitable window furiction,
6 a

(03 Marky:
The transfe, fupcﬁ'bn of analog Jow

S—1
pass filter g given by H(s)= 5 ( 3 ) oy ind
S“~I}s +s+1,)
using impy]se invariance method. Take T
Jesign g linear phage highpass f

(06 Mariy,)
lter using the Hamming window for the fo]
quency response,

lowing desire
e-j}m %Sl&)/STC
H, (0)= n
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C0(11)=‘~0.54~~0.46(:os( m

N J, where N is the length of the Hamming windowy. (08 Marky)
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Let H(s)= a second-order low pass Butterworth filter prototype having the

|
2425+
half-power point at Q& = 1. Determine the system function for the digital bandpass filter
using bilinear transformation. The cutoff frequencies for the digital filter should lie at

51 n
o =—— and @ =——. Take T =2. (06 Marks)
L2 uo12

Obtain the direct form II, cascade and parallel structures for the following difference
3 1 1
cquation. y(n)zjy(n—l)— Ey(n—2)+x(n)+—3—x(n—l) . (08 Marks)

Design a digital lowpass Butterworth filter using Bilinear transformation method to meet the
following specifications. Take T =2 sec.

Passband ripple £1.25 dB

Passband edge =200 Hz

Stopband attenuation>15 dB

Stopband edge = 400 Hz

Sampling frequency = 2 kHz (12 Marks)

Design a linear phase lowpass FIR filter with 7 taps and a cutoff frequency of ® C=0.37r

using the frequency sampling method. (06 Marks)
A z-plane pole-zero plot for a certain digital filter is shown in figure Q8 (b). The filter has
unity gain at DC. Determine the system function in the form,
(1+a 2! X1+b 272+ 2'2) . )
H(z)=A L Y 1 : 2 —71 | giving the numerical values for parameters A, aj, by,
IHC][ 11+dlz_ +dzz )

by, ¢1, d; and d. Sketch the direct form II and cascade realizations of the system. (09 Marks)

‘zl:‘%\ ‘z,}::l_

’Ri 23

Fig. Q8 (b)
Determine the parameters Ky, of the Lattice filter corresponding to the FIR filter described
by the system function,

H(z)=14+1382"1+1.311272+1.3372 2 +0.927* (05 Marks)

* ¥ k % ok
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Fifth Semester B.E. Degree Examination, Dec.09/Jan.10
Digital Signal Processing
Time: 3 hrs. ' : ' Max. Marks:100
Note: Answer any FIVE full questions, selecting
at least TWO questions from each part.
PART-A
I a. Consider the sequence x;(n) = {O 1,2,3,4}, xo(n) = {O 1,0,0,0}, s(n) = {1 0,0,0,0} and
thetr 5-point DFTs
1) Determine a sequence y(n) so that y(k) xl(k)xz(k)
i) Is there a sequence x3(n) such that s(k) = x;(k)x3(k)? (10 Marks)
b.  Suppose that we are given a program to find the DFT of a complex-valued sequence x(n).
How can we use this program to find the inverse DFT of x(k)? (04 Marks)
¢. Consider the sequence  x(n) = 48(n) + 38(n — 1) + 28(n — 2) + §(n — 3). Let x(k) be the six
point DFT of x(n). Find the finite length sequence y(n) that has a six point DFT
y(k) = We™*x(k). (06 Marks)
2 a. State and prove time shifting property of DFT. (08 Marks)
b. Explain how the DFT can be used to compute N equispaced samples of the Z transform, of
an N-point sequence, on a circle of radiusr. (04 Marks)
c. A long sequence x(n) ic fil itered through a filter with impulse response h(n) to yield the
output y(n), if x(nj =, 1, 1, 1, 1, 3,1, 1, 4, 2, 1, 1, 3, 1}, h(n) = {1, -1 }. Compute
y(n) using overlap save techniques. [Use only 5 point circular convolution]. (08 Marks)
3 What is FFT? Explain Radix-2 DIT-FFT algorithm. (06 Marks)
Develop decimation-in-frequency (DIF) FFT algorithm with all necessary steps and neat
signal flow diagram used in computing N-point DFT, x(k) of a N-point sequence x(n). Using
the same, compute the DFT of sequenc¢ x(n) = {1,1,1,1,1,1,1,1}. (14 Marks)
4 a Let,x(n)={1,2,0,3,-2,4,7,5} witha 8-pomt DFT x(k). Evaluate the followmg thhout
explicitly computing x(k):
1) x(0) i1) x(4) 1i1) Zx(k) iv) ZI x(k) |? (08 Marks)
k=0 k=0
b. Let x(n) be a given sequence with N points with x(k) the corresponding DFT. Denote the
operation of finding DFT as follows: x(k) = F{x(n)}. What is the resulting sequence x(n)
operated upon four times. i.e., determine y(k) where y(k) =F { F { F {F {x(n)}}}} (06 Marks)
¢.  What is linear filtering? Explain how DFT is used in linear filtering. (06 Marks)
PART -B
§ a. A designer is having a no. of 8-point FFT chips. Show explicitly how he should interconnect
three chips in order to compute a 24-point DFT. (10 Marks)
b. Explain analog to analog frequency transformation. (10 Marks)
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6 a2 Determine the order of a Chebyshev digital filter that meets the following specifications:
i) 1dB ripple in the passband 0 <|w| <037
ii) At least 60 dB attenuation in the stopband 0.35m < | w | < 7. (06 Mar}
b. Use the bilinear transformation to design a discrete time Chebyshev high pass filter with
equirriple passband with 0 <| HE™ <01, 0<|w|<0.1n and 0.9 <|H(E™) =10
03n<|w|<sm B _ (14 Mar!

7 a. Consider the pole zero plot, as shown in Fig.7(a).

\1‘/' 4“3
=
1zl = 5/1’
Fig.7(a)
i) Does it represent an FIR filter? ii)Is it a linear phase system? (v M
b. Compare FIR versus IIR. (06 Ma
A filter is be designed with the following desired frequency response.
| 0. - Tew<Z '
Hqy(w) = 4 4
o T iwl<n
T4
Find the frequency response of the FIR filter designed using 2 rectangular window de:
as we(n) = L O<n<4 (10Mm
K 0, otherwise

8 a. Explain the structures used for realizing FIR filters by illustrations. 10 M

b. Consider the causal linear shift invariant filter, with system function
1+0.875z"

(1+0.2z7" + 0.9z72)(1-0.727")

Draw a signal flow graph for this system using

i) Direct form-I

ii) Direct form-II

iii) A cascade of first and second order systems realized in direct form-II

iv) A cascade of first and second-order systems realized in transposed direct form-I1.
: (10 0

H(z) =

* ok K ¥ K
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Fifth Semester B.E. Degree Examination, May/June 2010
Digital Signal Processing
Time: 3 hrs. Max. Marks:100
Note: Answer any FIVE full questions, selecting

J at least TWO questions from each part.

PART - A

j I a. For the following sequences, find: (12 Marks)
. c i) N-point DFT of x(n) = cos—ﬁnKon ii) 5-point DFT of x(n) = {1, 1, 1}
M”f b. Find IDFT for the sequence : x(k) = {5, 0, (1 -j), 0, 1, 0, (1 +j), 0} (08 Marks)
" : 2 a. State and prove circular frequency shift property of DFT. " (04 Marks)
L b. Compute the circular convolution of the sequences x;(n) = {2, 1, 2, 1) and
P x2(n) = {1, 2, 3, 4) using DFT and IDFT method. (08 Marks)
Z ¢. Find the output y(n) of a filter whose impulse response is h(n) = {1, 2} and the input signal
s T to the filter is x(n) = {1,2,-1,2,3,-2,-3,-1,1,1,2, -1} using overlap-save method.
(08 Marks)
z 3 1 a Determine the number of complex multiplications, complex additions and trigonometric
= = functions, required for direct computation of N-point DFT, (10 Marks)
= b. How many complex multiplications and additions are required for 64-point DFT in FFT?
zF (04 Marks)
; ¢. Prove: i) Symmetry and ii) Periodicity property of a twiddle factor. (06 Marks)
= ? 4 a. Develop Radix-2 N-point DIT-FFT algorithm and draw the signal flow graph. (12 Marks)

K b. Obtain 8-point DFT of the sequence, x(n) = {2,1,2,1,0,0,0, 0}. Using Radix-2 DIF-FFT

= algorithm. Show clearly all the intermediate results. , (08 Marks)
72 PART - B
L = 5§ a. Given ]Ha( jQ)|2 = 1__’11657 , determine the analog filter system function Ha(S).‘ (08 Marks)
I~ <l +
(5 5 b. Derive an expression for ‘N’ and Qc, of Butterworth filter if passband and stopband
gk attenuations are in dB. (08 Marks)
E ¢ Let H(s)=— i represents transfer function of a low pass filter with a passband of
o S"+s+
- | rad/sec. Use frequency transformation to find the transfer function of the following analog
- filters:
: i) A LPF with Q'p = 10 rad/sec ii) A HPF with Q'p = 100 rad/sec. (04 Marks)

6 a. Derive an expression for frequency response of a symmetric impulse response for N-odd.

(08 Marks)
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A lowpass filter is to be designed with the following desired frequency response:
" e ™ o|<
Hy(@) = H,(0) = ol
0, %dol<n

Determine the filter coefficients hy(n) and h(n) if w(n) is a rectangular window defined as

follows:
1, 0<n<4
0, otherwise

Wi (n) = {

Also, find the frequency response, H(®) of the resulting FIR filter. (12 Marks)

Derive the expression for the bilinear transformation, to transform an analog filter to a
digital filter, by trapezoidal rule and explain the mapping from s-plane to z-plane. (08 Marks)

Convert the analog filter with system function Ha(s) = ~(S+—021)—— into a digital filter (1IK)
s+0.1)"+9
by means of impulse invariance method. (08 Marks)
Given the analog transfer function, H(s) = _ (5+2) . Find H(z), using matched
(s+D+(s+3)
z-transform design. The system uses sampling rate of 10Hz (T = 0.1 sec). (04 Marks)

Obtain direct form I, direct form II, cascade and parallel structure for the system described

by y(n) =-0.1y(n - 1) + 0.72y(n — 2) + 0.7x(n) — 0.252x(n - 2). (16 Marks)

Obtain the direct form realization of linear phase FIR system given bv

H(z)=1+%z‘l+lsiz'2+%z”3 +z7*, (04 Marks)
* %k ¥ % ¥
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