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SYLLABUS
❖ Design of linear phase FIR filters windowing
❖ Frequency sampling methods  
❖ Realization structures for FIR filters 
❖ Transversal and Linear phase structures 
❖ comparison of FIR & IIR



Aim and Objectives
❖ To make students familiar with the most important 

methods in Digital signal processing. 

❖ To study about Design of linear phase FIR filters 
windowing and frequency sampling methods.

❖ To impart knowledge about applications of FIR filters.



Pre-Test MCQS 



1. The function given by the equation x(n)=1, for n=0; x(n)=0, for n≠0 is a 
_____________

a) Step function

b) Ramp function

c) Triangular function

d) Impulse function

Answer: d



2. A real valued signal x(n) is called as anti-symmetric if ___________

a) x(n)=x(-n)

b) x(n)=-x(-n)

c) x(n)=-x(n)

d) none of the mentioned

Answer: b



3. The discrete time function defined as u(n)=n for n≥0;u(n)=0 for n<0 is 
an _____________

a) Unit sample signal

b) Unit step signal

c) Unit ramp signal

d) None of the mentioned

Answer: c



4. Which of the following conditions made digital signal processing more 
advantageous over analog signal processing?

a) Flexibility

b) Accuracy

c) Storage

d) All of the mentioned

Answer: d



5. If a system do not have a bounded output for bounded input, then the 
system is said to be __________

a) Causal

b) Non-causal

c) Stable

d) Non-stable

Answer: d



6. What is the DFT of the four point sequence x(n)={0,1,2,3}?

a) {6,-2+2j-2,-2-2j}

b) {6,-2-2j,2,-2+2j}

c) {6,-2+2j,-2,-2-2j}

d) {6,-2-2j,-2,-2+2j}

Answer: c



7. If x(n) and X(k) are an N-point DFT pair, then X(k+N)=?

a) X(-k)

b) -X(k)

c) X(k)

d) None of the mentioned

Answer: c



8. What is the circular convolution of the sequences X1(n)={2,1,2,1} and 
x2(n)={1,2,3,4}, find using the DFT and IDFT concepts?

a) {16,16,14,14}

b) {14,16,14,16}

c) {14,14,16,16}

d) None of the mentioned

Answer: b



9. In Overlap save method of long sequence filtering, what is the length of 
the input sequence block?

a) L+M+1

b) L+M

c) L+M-1

d) None of the mentioned

Answer: c



10. In Overlap save method of long sequence filtering, how many zeros are 
appended to the impulse response of the FIR filter?

a) L+M

b) L

c) L+1

d) L-1

Answer: d



Prerequisite  
❖ Basic knowledge of Digital Electronics.

❖ Basic Knowledge of Signals and System.
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Frequency Sampling Method













Post -Test MCQS 



1. If {x(n)} is the signal to be analyzed, limiting the duration of the sequence 
to L samples, in the interval 0≤ n≤ L-1, is equivalent to multiplying {x(n)} 
by?

a) Kaiser window

b) Hamming window

c) Hanning window

d) Rectangular window

Answer: d



2. Which of the following is the advantage of Hanning window over 
rectangular window?

a) More side lobes

b) Less side lobes

c) More width of main lobe

d) None of the mentioned

Answer: b



3. What is the approximate transition width of main lobe of a Hamming 
window?

a) 4π/M

b) 8π/M

c) 12π/M

d) 2π/M

Answer: b



4. What is the width of the main lobe of the frequency response of a 
rectangular window of length M-1?

a) π/M

b) 2π/M

c) 4π/M

d) 8π/M

Answer: c



5. Which of the following is the first method proposed for design of FIR 
filters?

a) Chebyshev approximation

b) Frequency sampling method

c) Windowing technique

d) None of the mentioned

Answer: c



6. In frequency sampling method, transition band is a multiple of which of 
the following?

a) π/M

b) 2π/M

c) π/2M

d) 2πM

Answer: b



7. What is the number of filter coefficients that specify the frequency 
response for h(n) symmetric?

a) (M-1)/2 when M is odd and M/2 when M is even

b) (M-1)/2 when M is even and M/2 when M is odd

c) (M+1)/2 when M is even and M/2 when M is odd

d) (M+1)/2 when M is odd and M/2 when M is even

Answer: d



8. What is the number of filter coefficients that specify the frequency 
response for h(n) anti-symmetric?

a) (M-1)/2 when M is even and M/2 when M is odd

b) (M-1)/2 when M is odd and M/2 when M is even

c) (M+1)/2 when M is even and M/2 when M is odd

d) (M+1)/2 when M is odd and M/2 when M is even

Answer: b



9. The anti-symmetric condition with M even is not used in the design of 
which of the following linear-phase FIR filter?

a) Low pass

b) High pass

c) Band pass

d) Bans stop

Answer: a



10. What is the approximate transition width of main lobe of a Blackman 
window?

a) 4π/M

b) 8π/M

c) 12π/M

d) 2π/M

Answer: c



11. What is the peak side lobe (in dB) for a rectangular window?

a) -13

b) -27

c) -32

d) -58

Answer: a



12. What is the peak side lobe (in dB) for a Hanning window?

a) -13

b) -27

c) -32

d) -58

Answer: c



13. How does the frequency of oscillations in the pass band of a low pass 
filter varies with the value of M?

a) Decrease with increase in M

b) Increase with increase in M

c) Remains constant with increase in M

d) None of the mentioned

Answer: b



14. To reduce side lobes, in which region of the filter the frequency 
specifications have to be optimized?

a) Stop band

b) Pass band

c) Transition band

d) None of the mentioned

Answer: c



15. Which of the following is introduced in the frequency sampling 
realization of the FIR filter?

a) Poles are more in number on unit circle

b) Zeros are more in number on the unit circle

c) Poles and zeros at equally spaced points on the unit circle

d) None of the mentioned

Answer: c



16. Why is it desirable to optimize frequency response in the transition 
band of the filter?

a) Increase side lobe

b) Reduce side lobe

c) Increase main lobe

d) None of the mentioned

Answer: b



CONCLUSION
❖ At the end of the course the students will be able to  
❖ To understand concept of FIR filters.
❖ To Design FIR filters using windowing and frequency sampling 

methods.
❖ To Design of Finite Impulse response [FIR] filters for various 

applications.
❖ To Design filters using Matlab DSP tool box  
❖ To Apply signal processing concepts in systems having more than one 

sampling frequency
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Assignment
1. Implement the all-pass filter for N = 1 and show plots of the impulse response (the first 100 
samples), the magnitude of the frequency response, and the group delay.

2. Plot the pole-zero diagram. You may find the function roots helpful in doing so. 

2.1  Process the speech file, stored as the variable speech (sampled at rate fs = 11025 Hz), using the 
command filter to run the filter implemented in (a). Listen to the result and comment specifically 
on whether there is audible distortion. 

3. Implement the filter for N = 50 and again show plots of the impulse response (the first 5000 
samples), the magnitude of the frequency response, and the group delay.

4. Repeat (b). In your write up, comment specifically on how you would subjectively describe the 
distortion and on what aspect of the filter is it’s primary cause. 


