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Reg. No.          
 

V SEMESTER B. TECH (ELECTRICAL & ELECTRONICS ENGINEERING) 

ONLINE EXAMINATIONS, JANUARY - FEBRUARY 2021 

DIGITAL SIGNAL PROCESSING [ELE 3152] 
REVISED CREDIT SYSTEM 

Time: 3 Hours  Date: 30 January 2021 Max. Marks: 50 

Instructions to Candidates: 

❖ Answer ALL the questions. 

❖ Missing data may be suitably assumed. 

❖ Bold and underlined sample represents a sample at zero location. 

❖ * represents convolution sum. 

❖ Use of DSP reference manual is allowed. 
 

 

1A The discrete time signals 𝑥[𝑛] 𝑎𝑛𝑑 ℎ[𝑛] are given by 𝑥[𝑛] = [1, 𝟏, 1, 1, 1, 1/2] and 
ℎ[𝑛] =[-2, -3/2, -1, -1/2,  𝟎,  1/2, 1, 3/2, 2]  

Sketch the following: 
a) 𝑥[𝑛 + 2] ℎ[1 − 2𝑛] 

b) ℎ[𝑛] 𝑥 [−
𝑛

3
] 

3 

1B Evaluate the convolution sum of the following discrete time sequences: 
(𝑢[𝑛 + 10] − 2𝑢[𝑛 − 1] + 𝑢[𝑛 − 4])  and 𝛽𝑛𝑢[𝑛];   |𝛽| < 1 4 

1C Use the properties to find the DTFT of  

𝑥[𝑛] =
sin (

𝜋
2 𝑛)

𝜋𝑛
 ∗  

sin (
𝜋
2 (𝑛 − 3))

𝜋(𝑛 − 3)
 3 

   

2A Obtain the time-domain signal of 𝑋[𝑧] =
1+

7

6
𝑧−1

(1−
1

2
𝑧−1)(1+

1

3
𝑧−1)

;       
1

3
< |𝑧| <

1

2
 

Mention whether this system is stable and causal? 
 

 

 

5 

2B. If the sampling of a CT signal 𝑥(𝑡) =  cos(Ω𝑡) results in the sequence 𝑥[𝑛] =  cos (
𝜋𝑛

5
)   at 

a sampling rate of 1000 samples/sec, mention any three possible values of Ω that could 
have resulted in the given sequence 𝑥[𝑛]. 3 

2C. Find the inverse DFT of the sequence  𝑋[𝑘] =  {
5,   𝑘 = 0        
3,   𝑘 = 2, 8    
2, 𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒

; where 0 ≤ 𝑘 ≤ 9. 

Obtain the expression for x[𝑛]. 2 

   

3A. Determine the output y[n] of a filter using Overlap-save method whose impulse                   

response is ℎ[𝑛] =  −2𝛿[𝑛 + 1] + 𝛿[𝑛] − 𝛿[𝑛 − 1], and the input sequence is                                                                   

𝑥[𝑛] = 4 cos (
𝑛𝜋

4
) [𝑢(𝑛) − 𝑢(𝑛 − 7)]. Take sub-frame length of 4.          

   3 
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3B. Find the 8-point DFT of the signal  𝑥[𝑛] = {
2 sin (

𝑛𝜋

2
) − |𝑛| ; −3 ≤ 𝑛 ≤ 3

0; 𝑜𝑡ℎ𝑒𝑟𝑤𝑖𝑠𝑒 
 .  

Use radix-2, DIT-FFT algorithm. Show all the intermediate values on the signal flow 
graph. 4 

3C. Design an ideal low-pass filter using frequency sampling method to satisfy the 

following conditions: 

Length of filter = 9 

Sampling frequency = 32 KHz 

Passband: 0 ≤ F ≤ 4 KHz 

Also find the transfer function of the filter. 3 

   

4A. Consider the system function H[𝑧] =
1+3𝑧−1+3𝑧−2+𝑧−3

1−0.9𝑧−1+064𝑧−2−0.58𝑧−3
. Sketch the lattice-ladder 

realization of the system. Mention whether the system is stable. 6 

4B. Given a composite signal 𝑥[𝑛] = cos 0.1𝑛 + cos 0.4𝑛. For a specific application it is 

required to reject the signal of low frequency and to retain the signal of high frequency. 

The impulse response of the filter is causal and is given by h[𝑛] = {𝜶, 𝛽, 𝛼}. Find the 

impulse response. 4 

   

5A. Using windowing technique design a symmetric, 11-tap FIR filter with desired 

frequency response: 

𝐻𝑑[𝑒𝑗𝜔] = {
0;  |𝜔| <

𝜋

3
        

1;  
𝜋

3
≤ |𝜔| ≤ 𝜋 

 

Use Hamming window. Draw an appropriate filter structure and also obtain its 

frequency response. 5 

5B. A digital lowpass Butterworth filter is required to meet the following specifications:  

                              0.8 ≤ |𝐻[𝑒𝑗𝜔]| ≤ 1;      0 ≤ 𝜔 ≤ 0.2𝜋 

|𝐻[𝑒𝑗𝜔]| ≤ 0.2;      0.6𝜋 ≤ 𝜔 ≤ 𝜋                       

Design the filter using bilinear transformation technique. 5 
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