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Knowledge Levels (KL) 

K1 - Remembering K4 – Analysing 

K2 - Understanding K5 – Evaluating 

K3 - Applying K6 – Creating 

 

                                                     Part – A, Answer ALL Questions.                    10 x 2 = 20 Marks 

No. Question KL 

1. Find the DFT for ���� = �0, 1, 2, 3�. K3 

2. Calculate the number of multiplications and additions needed in the calculation of 

DFT using direct computation and FFT for 32-point sequence. 

K3 

3. State any two properties of Butterworth filter. K1 

4. Why prewarping is needed? K1 

5. Compare IIR filters with FIR filters. K4 

6. Mention the desirable characteristics of windowing function. K1 

7. Represent the fraction -7/8 in sign magnitude, 1's complement and 2's complement. K3 

8. Define deadband of the filter. K1 

9. Define multirate signal processing. K1 

10. List few applications of adaptive filter. K1 

 

                                                      Part – B, Answer ALL Questions.                    5 x 16 = 80 Marks 

  Marks KL 

11. (a) i. Compute the 8-point DFT for the input sequence                 

���� = �2, 2, 2, 2, 1, 1, 1, 1� using radix-2 DIT FFT algorithm.  

12 K3 

ii. Find the Circular convolution between ����� = �1, 2, 3, 4� and 

����� = �1, 2, 1�. 
4 K3 

OR 

 

(b)  Find the output y(n) of a filter whose impulse response is        

given by ℎ��� = �1,1,1� and the input signal is                    

���� = �3,−1,0,1,3,2,0,1,2,1� using overlap-save and overlap-

add method. 

16 K3 

 

12. (a) 

 

Design a Butterworth filter using  impulse invariant method for 

the following specifications: 

0.8 ≤ |�����| ≤ 1									0 ≤ � ≤ 0.2� 

											|�����| ≤ 0.2					0.6� ≤ � ≤ � 

16 K3 

OR 

 

(b) i. An analog filter has a transfer function ���� = ��
 !"# "��. Obtain 

the equivalent digital transfer function using impulse invariant 

transformation method for T = 0.2 sec. 

8 K3 

QP Code       Register Number         



ii. Realize the following difference equation in direct form-I and 

direct form-II structure. 

$��� = −0.1$�� − 1� + 0.7$�� − 2� + 0.7���� − 0.2��� − 1� 

8 K3 

 

13. (a)  Design a symmetric linear phase FIR low pass filter whose 

desired frequency response is given by  

�'(���) = �*�+�	; 		|-| ≤ .
/ 

																						= 0							; 		�6 ≤ |-| ≤ � 

Using Hamming window with N=7. 

16 K3 

OR 

 

(b) 

 

Design a FIR Low pass filter for a given specification by using 

frequency sampling technique for N=15 samples. 

� 02�115 3 = 1		456	1 = 0, 1, 2, 3 

								= 0.4		456	1 = 4 

													= 0		456	1 = 5, 6, 7 

16 K3 

 

14. (a) i. 
Realize the First order transfer function 

11

1
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−

−

=
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ZH and 

draw its quantization noise model. Find the steady state noise 

power due to product roundoff. 

6 K3 

  ii. The input to the system )()1(999.0)( nxnyny +−= is applied to 

an ADC. What is the power produced by the quantization noise at 

the output of the filter if the input is quantized to (a). 8 bits   (b). 

16 bits. 

10 K3 

OR 

 

(b) i. Consider a second order IIR filter with system function 

.
)45.01)(5.01(

1
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=

ZZ
ZH  Find the effect on quantization 

on pole locations of the given system function in direct form and 

in cascade form. Take b=3 bits. 

8 K3 

ii. A digital system is characterized by the difference equation 

)()1(8.0)( nxnyny +−= with ���� = 0 and the initial condition 

$�−1� = 10. Determine the deadband of the system. 

8 K3 

 

15. (a) i. Derive the expression for the sampling rate conversion by a 

rational factor I/D in multirate signal processing. 

10 K2 

  ii. Compute ��7+� and ��4�� for the following input sequence                

���� = �1,5,1,0.5,−0.2,1.5, −7.5�. 
6 K3 

OR 

 

(b) i. With suitable block diagram, discuss the concepts of adaptive 

echo cancellation in telephone channels. 

10 K2 

ii. Explain in detail about adaptive noise cancellation with a neat 

diagram. 

6 K2 

 


