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UNIT I  

Q.1 What is the importance of stability of system? What is meant by stability criteria 

considering the following nonlinear system described by the ID equation 

Y(n)= y
2
(n-1) = x(n), if the input sequence is bounded x(n)=c §(n) if c is 

constant, check whether system is stable or unstable                                  (13M) 

Q.2 Determine the particular solution of the difference equation 

y(n)=
5

6
𝑦 𝑛 − 1 −

1

6
𝑦 𝑛 − 2 +  𝑥(𝑛) 

when the forcing function is x(n)= 2
n
u(n)                                                    (13M) 

Q.3 a)whether the following systems are Static./ Dynamic. Linear/Non—linear,lime 

variant/lime invariant, Casual/Non casual. 

(i) y(n) = cos[x (n)] 

(ii) y(n) = x(n) + x(n +1) 

(iii) y(n) = x(-n + 2) 

(iv) y(n) = x(n) cos(w0n)                                                                                (8M)                                                                                   

b) Obtain the convolution y (n) of the signals : 

x(n) = (1/4)𝑛  u(n) 

h(n) = (𝐴)𝑛  u (n)                                                                                             (6M) 

Q.4 (a) If x(n) = 0 for n < 0, derive expression for x (n) in terms of its even part xe(n) 

and using this find x(n) when xe(n)= 0.9 u(n).                                               (8M) 

(b) Determine the range of value of parameter 'a' for which LTI System with 

impulse response h (n) = a
n
 u(n) is stable.                                                     (6M) 

Q.5 (a) Discuss the classification of discrete time systems with suitable example. 

                                                                                                                        (7M) 

(b) Determine the response y(n), n.?:-0, no of the system described by the second 

order difference equation : y(n) - 3y(n-1) - 4.y (n-2) = x(n) + 2x(n-1) to the input 

x(n) = 4
n
 u(n).                                                                                                 (6M) 

Q.6 (a) Compute the convolution of the following pair of signals 

x(n) = 1 ; n = -2, 0, 1 

        = 0 ; elsewhere 

        = 2 ; n = -1 



h(n) = 8(n) - 8 (n - 1) + 8 (n - 4) + 8 (n - 5)                                                   (8M) 

(b)Show that the necessary and sufficient condition for a relaxed LTI system to 

be BIBO stable is  |ℎ 𝑛 |∞
𝑛=−∞ = 𝑀 <  ∞                                                 (5M) 

UNIT - II 

Q.1 a) What is the need to take a fourier transform of discrete time signal? What we 

achieve by doing so? What we cannot do if we do not take the fourier transform 

the signal?                                                                                                      (9M) 

b) Explain symmetry property of DFT.                                                         (5M) 

Q.2 Consider the signal x(n)= a
n
 u(n),            0<a<1 

The spectrum of this signal is sampled at frequencies  

Wk=2πk/N, where k=0, 1, ……, N-1. Determine the reconstructed spectra for 

a=0.8 when N=5 & N=50                                                                             (14M) 

Q.3 (a) Find DTFT of following signals. 

(i)x(n)= (
1

3
)n 

(ii) x (n) = r
n
 cos (w0 n)u (n) 

(iii)x(n)= u(n) - u(n -5).                                                                                 (7M) 

(b) Using convolution find Inverse Fourier Transform of function 

          X(w) =
1

(1−𝑎𝑒−𝑗𝑤 )
 |a| < 1                                                                        (6M) 

Q.4 Find DFT of signal x(n)using DIT FFT Algorithm 

x(n) = [ 1, 2, 3, 4, 4, 3, 2, 1].                                                                         (13M) 
Q.5 a) Explain the following properties of Fourier transform : 

(i) Parseval's theorem 

(ii) Convolution.                                                                                            (7M) 

(b) Obtain the 8-point DFT of 

x(n) = {1, 1, 1, 1, 1, 1}                                                                                   (7M) 
Q.6 a) Obtain the linear convolution by the method of DFT and compare it with 

circular convolution for 

x(n) = {1, 1, -1, -1 and 

h(n) = {4, 2, 3, 1}                                                                                           (7M) 

b) Explain radix-2 DITFFT algorithm with neat flow diagram.                    (7M)                   

UNIT III 

Q.1 a) Explain various characteristics of ideal and practical ADC.                    (10M) 

b) What is oversampling? What are its effect?                                              (3M) 

Q.2 Consider a DM coder with input x(n)= A cos(2πnf/fs). What is the condition for 

avoiding slope overload? Illustrate this condition graphically.                    (13M) 

Q.3 (a) Consider an analog signal 

xa(t)=3 cos 50πt +10 sin300πt - cos 100πt 

(i)Find Minimum Sampling rate to avoid aliasing.  



(ii) If signal is sampled at FS = 5000 Hz, what is the discrete time signal x(n) 

obtained after sampling ? 

(iii) What is the analog signal y (t) reconstructed from its samples ?            (7M) 

(b) sampled signal that varies between -2 volts to 2 volts is quantized using 'B' 

bits. What value of 'B’will ensure an RMS quantization error less than 5 m volts 

?                                                                                                                      (6M)                                            

Q.4 (a) State and explain sampling theorem.                                                        (7M) 

(b) Consider a sampling of Bandpass signal whose spectrum is as shown in Fig. 

6b.  X(F)  

                                  
 

Find minimum sampling rate to avoid aliasing.                                             (6M) 

Q.5 (a) Discuss the discrete time processing of continuous time signals with neat 

block diagram.                                                                                                (7M) 

(b) What is the need of differential quantization? Explain .sigma-delta 

modulation system.                                                                                         (6M) 

Q.6 (a) What is the necessity of sampling of bandpass signal ? State sampling 

theorem and explain how original signal can be recovered from the sampled 

version of the signal.                                                                                      (7M) 

(b) Explain in detail oversampling of D/A converter.                                    (6M) 

UNIT IV 

Q.1 Explain in detail frequency sampling realization of FIR filters.                   (14M) 

Q.2 Design a Lowpass FIR with 11 coefficient for the following specification 

passband frequency edge 0.2J KHz and sampling frequency= 1kHz. Use 

rectangular window.                                                                                      (14M) 

Q.3 (a)Obtain Direct form I and Direct form II realization for IIR system with 

H (z) = 
0.28z2+0.319z+0.04

0.5z3+0.3z2+0.17z−0.2
                                                                            (8M) 

(b) Compare FIR and IIR filters.                                                                    (6M)  

Q.4 (a) Low pass frequency has desired frequency response 

                        



And a Window function w(n) = 1,      0 ≤ n ≤ 4; 

                                                 = 0,       elsewhere. 

Find filter coefficients hd (n). Also find frequency response H(w) of designed 

filter.                                                                                                               (8M)     

(b)Obtain cascade realization of FIR system with transfer function                  

       H(z) = 
2(𝑧+2)

𝑧 𝑧−0.1  𝑧+0.5 (𝑧+0.4)
                                                             (6M) 

Q.5 (a)Obtain the direct form - I, direct form – II cascade and parallel structure for the 

Following 

                                                    (8M) 
(b) Discuss the procedure used for designing FIR filter by triangular window. 

                                                                                                                         (5M) 

Q.6 (a) Design an FIR linear phase digital filter approximating the ideal frequency 

response  

Determine the coefficients of a 25-tap filter based on window method with 

Blackman window.                                                                                        (10M) 

(b) Draw the parallel realization of 

y(n) = 4/3 y(n- 1) – 1/8 y(n- 2) + x(n) + 1/3 x(n- 1)                                       (3M) 

UNIT V 

Q.1 Design a low pass butterworth filter to meet the following specifications 

Passband gain = 0.89 

Passband frequency edge = 30 Hz 

Attenuation = 0.2 

Stopband edge = 75 Hz 

Freq. response is as below 

                            (13M) 



Q.2 (a) What is matched - Z transformation?                                                         (4M) 

(b) Enlist the specification and formulae to decide a filter order with suitable 

example.                                                                                                           (9M) 

Q.3 (a) For analog transfer function 

               H(s) = 
2

 𝑠+1 (𝑠+2)
 

Find H(z) using impulse invariance method. Assume T=1                             (6M) 

(b) Apply impulse invariant method and find H (z) for 

                H(s) = 
(𝑠+𝑎)

 𝑠+𝑎 2+𝑏2                                                                            (7M) 

Q.4 Design a Butterworth Low Pass filter using Bilinear Transformation for following 

specifications 

                          
Assume T=1                                                                                                   (13M) 

Q.5 (a) For the Butterworth filter, prove that 

                                                                         (5M) 

(b) Explain in detail how Bilinear transformation method can be used to convert 

stable analog filter into stable digital.                                                              (8M) 

Q.6 (a) Use bilinear transformation to convert the analog filter with system function 

                H(s) = 
(𝑠+0.1)

 𝑠+0.1 2+9
 

into a digital IIR filter. Select T = 0.1 and compare the location of zeros in H(z) 

with the locations of zeros obtained by applying the impulse invariance method in 

the conversion.                                                                                                 (8M) 

(b) Explain frequency warping effect in brief. How can it be minimized.      (5M) 

UNIT VI 

Q.1 In relation to DSP processor, Explain fixed point and floating point precision, 

explain with importance and need to have both.                                            (13M)                         

Q.2 (a) Compare the features of microprocessor with DSP processor.                  (6M) 

(b) State and explain applications of DSP.                                                      (7M) 

Q.3 With the help of neat diagram, explain Harvard Architecture.                      (13M) 

Q.4 (a) Explain in detail floating point DSP microprocessor architecture in detail. 

                                                                                                                         (8M) 

(b) Explain the implementation of FIR digital filtering application using DSP 

processor.                                                                                                         (6M) 

Q.5 a) Differentiate between fixed point and floating point processor.                 (6M) 



(b) How digital signal processor is used for real time processing of signals ? 

Explain with suitable example.                                                                       (8M) 

 


