
 

 
 

 

Internal Assessment Test 2 – Nov. 2025 

 

Sl. Answer any FIVE FULL Questions Marks CO RBT 

1a State and Prove Parseval’s theorem for DFTs. 6 CO3 L1 

1b What is the speed improvement factor in calculating DFT of 128 pt 

DFT of a sequence using direct computation and FFT algorithm? 

4 CO3 L1 

2 Design an FIR filter using hamming window for 𝑁 = 7. The desired 

frequency response is given by  

𝐻𝑑(𝑒𝑗𝜔) = {
𝑒−𝑗3𝜔 , |𝜔| ≤

3𝜋

4

0,
3𝜋

4
< |𝜔| ≤ 𝜋 

 

10 CO4 L2 

3 Develop radix-2 Decimation in Frequency FFT algorithm for 𝑁 = 8. 10 CO3 L2 
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3 Develop radix-2 Decimation in Frequency FFT algorithm for 𝑁 = 8. 3 CO3 L2 
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4 Realize FIR & IIR filters represented as follows: 

a) ℎ(𝑛) = 𝛿(𝑛) +
1

4
𝛿(𝑛 − 1) −

1

8
𝛿(𝑛 − 2) −

1

8
𝛿(𝑛 − 3) 

            +
1

4
𝛿(𝑛 − 4) + 𝛿(𝑛 − 5)    using linear phase realization      

b) 𝐻(𝑧) =
0.5𝑧2+𝑧+0.5

𝑧2+0.5𝑧+0.4
      using direct form II realization 

10 CO4 L3 

5 Consider a FIR filter with impulse response ℎ(𝑛) =  {1, 2} and input 

sequence 𝑥(𝑛)  =  {1, 4,3, 0, 7,4, −7, −7, −1, 3, 4, 3}. Compute 𝑦(𝑛) 

using overlap-add technique assuming the length of the block is 5. 

10 CO3 L2 

6 The magnitude squared function of a LPF has  

|𝐻(𝑗𝛺)|2 =
1

1 + 16𝛺4
,  

Obtain the analog filter transfer function 𝐻𝑎(𝑠) 

10 CO5 L2 

 

7 

Derive mapping function used for transforming analog filter to 

digital filter by Bilinear Transformation, preserves the frequency 

selectivity and stability of analog filter. 

10 CO5 L2 

8 Design a digital lowpass Butterworth filter with 3dB attenuation at 

passband edge frequency 1.5KHz, 10dB attenuation at frequency 

3KHz and sampling frequency of 8000Hz. 

10 CO5 L2 
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5 Consider a FIR filter with impulse response ℎ(𝑛) =  {1, 2} and 

input sequence 𝑥(𝑛)  =  {1, 4,3, 0, 7,4, −7, −7, −1, 3, 4, 3}. 
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6 The magnitude squared function of a LPF has  
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1
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7 Derive mapping function used for transforming analog filter to 

digital filter by Bilinear Transformation, preserves the frequency 

selectivity and stability of analog filter. 
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8  Design a digital lowpass Butterworth filter with 3dB attenuation at 

passband edge frequency 1.5KHz, 10dB attenuation at frequency 

3KHz and sampling frequency of 8000Hz. 
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