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at stop band edge ftequency fl5, f)s: 100 rad/sec
Convert the analog filter with system transfer function

H(s) =
(s + 0.1)

(s+0.1)2+32
Into a digital IIR filter by mean of the impulse invariant method.
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Digital Signal ProCessing

Time:3 hrs, Max. Marks:100

Note: Answer any FIVE full questions, choosing ONE full question from each module.

a. Given x[n]: p, l, l], obtain rn. Urffi XK].
b. State and prove the following pioperty of DFT:

(i) Periodicity properry (ii) Frequency shift
c. Compute circular convolution using DFT-IDFT for following sequence :

x,[n] = ll,3,t,t1 ; xr[n] =[+, 3, 5, 3]

Modultr2
FindtheDFTofxt.qi:|I,2,3,4,4,m,ngtheDlT-FFT-algorithm.(l0Marks)
Develop an 8 po,int DIF-FFT algorifh; starting from DFT: State clearly all the steps.

Explain how it reduces the number of computations. (10 Marks)
r'i

OR
Develop DIT-FFT algorithm forcomposite value of N:6. f)raw the corresponding sigrral

flow graph. (08 Marks)

b. Find the 4-pt circular convolution of x[n] and h[n] given using radix - 2 DIF-FI]1' algorithm.

htul

n ,Jd*"

c. g[n] and hfn] are the two sequence of length 6, with 6 pt DFT's G(k) and H(k) respectively.
The sequence gfn] :14,3,1,5,2,6]. The DFT?s are related by circular frequency shift as

OR
Differentiate between linear and circular convolution. (04 Marks)
Find the ouput of the LTi system whose impulse h[n] : [1, l, l] and input signal is
x[n] = 13, -1, 0, l, 3,2,0, 1,2, 1] using the overlap save method. Use 6 point circular
convolution. (10 Marks)

H(k): G((k - 3))6. Determine h[n] without computing DFT and IDFT. (06 Marks)

Fig.Qa@) (12 Marks)

' Module-3
Find a Butterworth analog high pass filter with the specifications: Pass band gain of
Kp = 2 dB at pass band edge frequency Op :200 radlsec and stop band gain olK5 : 20 du
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Dcsign a Chebyshev analog lowpass filterthathas a'-3dB cut of frequency of 100 radlsec

and a stop band attenuation 25 dB or greater for all radian frequencics past 250 radlsec.
(12 Marks)

Establish the bilinear transformation between the 's' domain and the 'z' domain. Ilencc

show that the region outside the unitcircle inthe dornain corresponds to the righthalf of 's'

7a.

b.

8a.

9a.
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Design a digital Chebyshev J filtef-ffi'satisfies the following Constrains.

0.8<lH(io)l< 0strrS0.2n
lH(irrr)l < 0.2 0.6 fi,S rrl <,I

Use impulse invariant tratl imation.
Write the difference be{itnen'IlR and FIR filter. .,::

OR
Obtain the direct ftom - II, cascade/series artd parallel form realization of the

function:

(08 Marks)

(14 Marks)
(06 Marks)

following

(12 Marks)

(08 Marks)

(10 Marks)

(10 Marks)

(12 Marks)

(08 Marks)

H(z\= 8i'422 +llz-2
(z-0.25)(22 -z+0.5)

b. RealDor,the following difference qgl4ation using digital stnrotrres in all forms:

ylnl- ]tO-rl+jv(n -2)=N[ni+1lr,r-1),-',

Designa1owpassaigi."riri"rtobeffi,_H(z)_D/Ask.,ucfurethatwillhave-3dB
cutoff at 30n rad/s.eo and attenuation factoi'''of 5 dB at45 n..radlsec. The filteris required to

have a linear phase and the system will use sampling frequency of 100 samples/sec.

b. Define the following windows along with their impulse response:

(i) Rectangle window
(iii) Hanning window

(ii) Hamming window
(iv) Bartlett window

: OR' r'
he filter coeffiiient h[n] obtai{edft,y sampling Ha(r,r) given by,10 a. Determine t- ---

le-j". o<co<*Ho(rrl)=l n '' | 0- *<ro<ntz
b. Realize the linear FIR filter having,,the following:

lll
h(n) = 5(n) +-6(n -l) -:6(n -2) +;6(n -3) +6(n -4)484
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