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Any assumptions made should be indicated clearly)

y (n) = 0.2 x (n) -0.5 x (n-2 ) + 0.4 x (n-3).

is applied to this DSP system, determine
the corresponding digital output sequence

2 Detemline the frequency response, magnitude response and pha')e response for the system

given by y (n) -(3/4) y(n-l) + (1/8) y(n-2) = x (n) -x (n-l) for T =lmsec and

3. Design a digital Chebyshev filter using Bilinear transformation and assuming T = I to satisfy

the constraints O. 707 ~ IH (co)/ ~ I for 0 ~ co ~ 0.27t'

H«(O)I~O.l for 0.5 7t ~ (J) ~ 7t

4. A low pass FIR filter has the desired response'~ given below,

Hd{ro) = e-j3co forO~ro ~7t/2

Hd(ro) = 0 for 7t/2 ~ co ~ 7t

Detennine the Type -I filter coefficients h(n) using frequency sampling techn.iques for N = 7

(Hint: COk = 2 7t kIN) (10)

5. With a relevant example explain how multi rate digital signal processing is used in sub band

coding processes (8)

6. What are the basic requirements of Adaptive Digital Filtering. Derive an expression for
finding the optimum adaptive filter coefficients. What are the practical limitations of basic
Weiner filter design? (10)

7. With a neat block diagram, explain the internal architecture of TMS 320 C5X PDSP. Also
expl8;in how does pipe lining help to improve the performance of the processor. (10)
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3. Implement an_optimwn two stage decimator,-"c, an overall decimation factor of 100 and the

following specifications
Pass band: 0 -40 Hz; transition width: 10Hz Pass balld ripple: 0.01 .

Stop band ripple: 0.002
Input sampling frequency of the filter is 20kHz. Also the draw the frequency response of the
filters. (10)
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avoid the overflow in adder 1 of the implementation (10)
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( Any assumptions made should be indicated clearly)

1. Determine the attenuation at 10kHz achieved by Butterworth filters of first order

when 3 dB cut-off frequencies are assumed to be 2kHz. (3)

.

2. Determine the transfer function H(z) of the digital filter whose difference equation is

given below and hence draw the pole -zero diagram of the filter.

y (n) + (3/4) y(n-l) + (1/8) y(n-2) = x (n) + x (n-l ) (6)

3. Convert the analog filter with system function H(s) = (s+O.l)/ [(s+O.1)2 + 9]

into a digital IIR filter using bilinear transformation. The digital filter should have a

resonant frequency of (Or = 7t /4 {Hint: (Oc =(2/T)tan (ro/2) }

Also draw the canonic form of realization of the resultant filter. (7)

4. Design a linear phase digital FIR filter with the following frequency response

specifications and a stop band attenuation >= 38 dB, using window method, with N=7

Hd( co) = e-j3w for -7t /4 ~ co ~ 7t /4

Hd(O)) = 0 for 7t/4 ~ ro ~ 7t

1i
hd(n) = 1/27t In Hd( O))d n co dO) }

(7)

5. By pole-zero placement method, obtain the transfer function and the difference

equation of a simple digital notch filter that meets the following specifications.

Notch frequency: 30 Hz ; 3 dB width of notch : +/- 6 Hz

Sampling frequency: 360 Hz (7)
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