1) x(n) =  Cos 0.125(n ,  what is the period of the sequence
Ans: [  b ]
a) 8

b) 16

c) 125 / 2

d) none

2) y (n)  = x (2n)


Ans: [ b ]
a) Causal
b) Non-Causal
c) Time invariant

d) none

3) x(-n + 2) is obtained using following operation
Ans: [ b ]
a) x (-n) is delayed by two samples

b) x (-n) is advanced by two samples

c) x (n) is shifted left by two samples
d) none

4) The output of anti causal LTI system is Ans:[ c ]
a) y (n) = 
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[image: image3.wmf]å

-

¥

-

-

1

)

(

)

(

k

n

x

k

h




d) y (n) = 
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5) ((n-k) * x (n-k)  is equal to  Ans:
[ a ]
a) x(n-2k)

b) x(n-k)

c) x(k)


d) none

6) y(n) = nx2(n) is a ____________system 

Ans: [ b ]




a) Linear      b) Non-linear        c) time-invariant   d) none

7) Power signal is 

Ans: [ a ]
a) Periodic
b) non periodic

c) Continuous
d) none
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9) When the sequence is circularly shifted in time domain by ‘m’ samples i.e. x((n-m))N then on applying DFT, it is equivalent multiply sequence in frequency domain by



Ans: [ b ]
a) 
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10) Which technique is not useful for designing analog LPF
Ans: [ c ]
a) Butter worth filter 


b) Chebyshev filter 

      c) Elliptic filter 



d) none

11) Which filter is more stable?
Ans: [
 a ]
a) Butter worth
b) Elliptic

c) Chebyshev

d) none

12) As ( increases , the magnitude response of LPF approaches with 

Ans:[   b]
a) –20Ndb/oct 

b) –6Ndb/oct 
c) –10Ndb/dec 

d) none

13) Using Impulse invariant technique the pole at S= SP is mapped to Z-plane as 








Ans:
[  b   ] 

a) Z=e-SPTs  
b) Z=e (SPTs)  

c) Z=eSP   (Ts)  

d) None

14.Signal with finite energy is called as:___________Ans: Energy signal
15.Area under doublet is_________  Ans:Zero

16.When highest rate of oscillations in a discrete time sinusoid is obtained?________ Ans: w=Π or –Π

17.Which type of digital filter give linear phase response?:_______- Ans: FIR filters

18.What is the average value of half wave symmetric signal?_____________ Ans:  Zero
19.Which (FIR, IIR) filter is always stable?____________- Ans:  FIR

20. What is a continuous and discrete time signal?

Ans:

Continuous time signal: A signal x(t) is said to be continuous if it is defined for all time t.

Continuous time signal arise naturally when a physical waveform such as acoustics wave

or light wave is converted into a electrical signal. This is effected by means of

transducer.(e.g.) microphone, photocell.

Discrete time signal: A discrete time signal is defined only at discrete instants of time.

The independent variable has discrete values only, which are uniformly spaced. A

discrete time signal is often derived from the continuous time signal by sampling it at a

uniform rate.
21. What are energy and power signal?

Ans:

Energy signal: signal is referred as an energy signal, if and only if the total energy of the

signal satisfies the condition 0<E<_. The total energy of the continuous time signal x(t)

is given as

E=limT___x2 (t)dt, integration limit from –T/2 to +T/2

Power signal: signal is said to be powered signal if it satisfies the condition 0<P<_.

The average power of a continuous time signal is given by

P=limT__1/T_x2(t)dt, integration limit is from-T/2 to +T/2.
22. What are the properties of a system?

Ans:

Stability: A system is said to be stable if the input x(t) satisfies the condition(t)__Mx<_

and the out put satisfies the condition _y(t)__My<_ for all t.

Memory: A system is said to be memory if the output signal depends on the present and

the past inputs.

Invertibility: A system is said to be invertible if the input of the system con be recovered

from the system output.

Time invariance: A system is said to be time invariant if a time delay or advance of the

input signal leads to an identical time shift in the output signal.

Linearity: A system is said to be linear if it satisfies the super position principle

i.e.) R(ax1(t)+bx2(t))=ax1(t)+bx2(t)
23. What is an invertible system?

Ans:

A system is said to be invertible system if the input of the system can be recovered from

the system output. The set of operations needed to recover the input as the second system

connected in cascade with the given system such that the output signal of the second

system is equal to the input signal applied to the system.

H-1{y(t)}=H-1{H{x(t)}}.
24. Is a discrete time signal described by the input output relation y[n]= rnx[n] time

invariant.

Ans:

A signal is said to be time invariant if R{x[n-k]}= y[n-k]

R{x[n-k]}=R(x[n]) / x[n]_x[n-k]

=rnx [n-k] ---------------- (1)

y[n-k]=y[n] / n_n-k

=rn-kx [n-k] -------------------(2)

Equations (1)_Equation(2)

Hence the signal is time variant.

25. Show that the discrete time system described by the input-output relationship y[n]
=nx[n] is linear?

Ans:

For a sys to be linear R{a1x1[n]+b1x2[n]}=a1y1[n]+b1y2[n]

L.H.S:R{ a1x1[n]+b1x2[n] }=R{x[n]} /x[n] _ a1x1[n]+b1x2[n]

= a1 nx1[n]+b1 nx2[n] -------------------(1)

R.H.S: a1y1[n]+b1y2[n]= a1 nx1[n]+b1 nx2[n] --------------------(2)

Equation(1)=Equation(2)

Hence the system is linear
26. Differentiate DTFT and DFT

DTFT output is continuous in time where as DFT output is Discrete in time.
27. What is warping effect?

For smaller values of w there exist linear relationship between w and .but for

larger values of w the relationship is nonlinear. This introduces distortion in the

frequency axis. This effect compresses the magnitude and phase response. This

effect is called warping effect
28. Why impulse invariant method is not preferred in the design of IIR filters other

than low pass filter?

In this method the mapping from s plane to z plane is many to one. Thus there ire

an infinite number of poles that map to the same location in the z plane, producing

an aliasing effect. It is inappropriate in designing high pass filters. Therefore this

method is not much preferred.
29. For what kind of application , the symmetrical impulse response can be used?

The impulse response ,which is symmetric having odd number of samples can be

used to design all types of filters ,i.e , lowpass,highpass,bandpass and band reject.

The symmetric impulse response having even number of samples can be used

to design lowpass and bandpass filter.
30. What is the reason that FIR filter is always stable?

FIR filter is always stable because all its poles are at the origin.
31. x(n) =  Cos 0.125(n ,  what is the period of the sequence


a) 8
b) 16
c) 125 / 2
d) none

32,y (n)  = x (2n)

a) Causal
b) Non-Causal
c) Time invariant
d) none

33.x(-n + 2) is obtained using following operartion

a) x (-n) is delayed by two samples

b) x (-n) is advanced by two samples

c) x (n) is shifted left by two samples

d) none

34.In situations where both interpolation and decimation are to be performed in succession, it is therefore best to 

a) Interpolate first,  then decimate

b) Decimate first and interpolate

c) Any order we can perform


d) none

35. The output of anti causal LTI system is 

a) y (n) = 
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c) y (n) = 
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d) y (n) = 
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36.((n-k) * x (n-k)  is equal to  

a) x(n-2k)

b) x(n-k)

c) x(k)


d) none

37.Given x(n) the y(n) = x(2n – 6) is 

a) x(n) is Compressed by 2 and shifted by 6

b) x(n) is Compressed by 2 and shifted by 3

c) x(n) is Expanded by 2 and shifted by 3

d) none

38.Decimation by a factor N is equivalent to 

a) Sampling x(t) at intervals ts / N


b) Sampling x(t) at intervals tsN

c) N fold increase in sampling rate 


d) none

39.In fractional delay, x(n-M/N), specify the order of operation.

a) Decimation by N, shift by M, Interpolation by N
 

b) Shift by M, Decimation by N and Interpolation by N

c) Interpolation by N, Shift by M and Decimation by N

d) All are correct

40.Given g(n)  =
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, find x(n)  =  g (n / 2), using linear interpolation

a) 1, 0, 2, 0, 3

b) 1, 1, 2, 2, 3, 3
c) 1, 3/2, 2, 5/2, 3
d) none


41)  


+
y(n)








+

x(n)

In the figure shown, how do you replace whole system with single block

a) [ h1(n) + h2(n) ] * h3(n) 



b) h1(n)h3(n) * h2(n)h3(n)

c) [ h1(n) + h2(n) ] h3(n)




d) none

42. The h(n) is periodic with period N, x(n) is non periodic with M samples, the output y(n) is

a) Periodic with period N




b) Periodic with period N+M

c) Periodic with period M



d) none

43. Power signal is 

a) Periodic
b) aperiodic

c) Continuous
d) none
[
]

44.
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45.When the sequence is circularly shifted in time domain by ‘m’ samples i.e. x((n-m))N then on applying DFT, it is equivalent multiply sequence in frequency domain by
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46.Multiplication of sequence in time domain, on apply DFT, it corresponds to circular convolution in frequency domain and is given as 

a) x1(n) x2(n)
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b) x1(n) x2(n)
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c) x1(n) * x2(n)
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d) x1(n) x2(n)
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47.Linear convolution of two sequences N1 and N2 produces an output sequence of length 


a) N1 – N2 +1
b) N1 + N2 –1

c) N1 + N2 +1

d) 2N1 – N2 +1[
]

48. ROC of a causal signal is the exterior of a circle of some radius r.

[
]

49.ROC of a anti causal signal is the exterior of a circle of some radius r.
[
]

50.ROC of a two sided finite duration frequency is entire Z-plane.

[
]

51.Direct form I required less no.of memory elements as compared to Canonic form.

[
]

52.A linear time invariant system with a system function H(Z) is BIBO stable if and only if the ROC for H(Z) contains unit circle.




[
]
53. In Impulse invariant transformation, the mapping of analog frequency ( to the digital frequency is 
a) one to one 
b) many to one 
c) one to many 
d) none

54.The digital frequency in bilinear transformation is 

b) w = 2 tan-1((Ts/2)


 b) w = tan-1((Ts/2) 

c)
w = 2 tan-1((Ts) 


d) w = 2 tan-1((/2)

55.Which technique is not useful for designing analog LPF

c) Butter worth filter 


b) Chebyshev filter 

c) Elliptic filter 



d) none

56.Which filter is more stable.

a) Butter worth
b) Elliptic

c) Chebyshev

d) none

57.Using backward difference, the poles in LHS are mapped into 

a) Unit circle center at 0, 0


b) Unit circle center at (0.5, 0)

c) Circle with radius 0.5 center (0.5,0)
d) none

58.As ( increases , the magnitude response of LPF approaches with 

d) –20Ndb/oct 
b) –6Ndb/oct 

c) –10Ndb/dec 
d) none

59.Using Backward difference method what is the relation between S and Z

a) S = (Z-1)/ Z Ts  b) (S-1)/ STs 

c) S = (Z-1)/ Ts
d) S= Z-1-1 / Z-1Ts

60.Using Impulse invariant technique the pole at S= SP is mapped to Z-plane as 

a) Z=e-SPTs  
b) Z=e (SPTs)  

c) Z=eSP   (Ts)  

d) None

61.Stable analog filter is stable using Forward difference algorithm ( T / F)

62.The disadvantage of Chebyeshev filter is less transition region ( T / F)

63.The advantage of Butter worth  filter is flat magnitude response. (T/F)

64.The Butterworth LPF of order N is defined as: ____________________________

65.For N=3 what are the stable Butter worth angles :________________________

66.–0.5db convert in to gain equivalent =______________________

67.Using Bi-linear transformation, the pole at S = Sp is mapped into Z-plane using …………………………..
68. The DTFT of a sequence x(n) is





[
]
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69. DTFT of  ejwon x(n) is







[
]
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70. DTFT of x1[n]   *  x2[n] is 






[
]


a) X1[w] X2[w]     b) 
[image: image41.wmf]N
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X1[w] X2[w]    c)  X1[w]  * X2[w]    d) 
[image: image42.wmf]N

1

X1[w]  * X2[w] 

71. The smallest value of N for which x(n +N) = x(n) holds is called

[
]

a) Fundamental period  b) Fundamental frequency  c) fundamental signal  d) None

72.DFS of real part of periodic signal is 





[
]

          a) Xe(K)                 b) Xo (K)     c) XR(K)          d) XIm(K)

73. Expression for DFT is 







[
]
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74. DFT of x1[n] x2[n] is 







[
]

       a) 
[image: image47.wmf]N
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 X1[K]  * X2[K]       b) 
[image: image48.wmf]N
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 X1[K]  + X2[K]    c) X1[K]  * X2[K]    d) X1[K]  + X2[K]  

75. If M & N are the lengths of x(n) & h(n) then length of x(n) * h(n) is

[
]

      a) M+ N –1      b)  M + N +1      c) max (M,N)      d) min (M,N)

76.Zero padding means







[
]

a) increasing length by adding zeros at the end of sequence   

b) Decreasing length by removing zeros at the end    

c) Inserting zeros in between the samples       d) None of the above

77. The F.T of discrete signal is a discrete function of ( 



[
]

78.In a discrete signal x(n), if x(n) =x(-n) then it is called symmetric signal
[
]

79.The F.T of the product of two time domain sequence is equivalent to product 

     of their F.T


80.The DFT of a signal can be obtained by sampling one period of FT of the signal


[
]

81.DFS is same as DTFS







[
]

82. ) If x(n) = {-1, 0, 1,  2,  1, 0, 1, 2, 1, 0, -1} What is X(0)


a) 6 


b) 10 


c) 0 


d) none

83. If x(n) = 1,     |n|≤2


       0,  other wise

Find DTFT

a) sin(5w)/sinw 
b) sin(4w)/sinw 
c) sin(2.5w)/sin(0.5w) 
d) none of the above

84.If x(n)=h(n)=u(n), then h(n) is equal to

a) (n+1)u(n) 

b) r(n) 


c) r(n-1) 

d) none

85) if x 
[image: image49.wmf](n) = { 1,0,1,1} and  h (n) = { 1, 2, 3,1} find y  (n)


[image: image50.wmf]a) {6 , 6, 5, 4}
b) {1, 2, 4, 4} 

c) {5, 4, 1, 0}

d) None

86) x(n) = {4,  1,  3}  h(n) =   {2, 5, 0, 4}  what is the output of the system.

              

 a) {8, 22, 11, 31, 4, 12}         b)  {8, 22, 11, 31, 4, 12}       c) {8, 22, 11, 31, 4, 12}         d)  none 

  

87) y(n) = x(n) * h(n) then y1 (n) = {0, 0, x(n), 0 } * { 0, h(n), 0 } is equal to

       a) {0, 0, y(n), 0}    b) {0, 0, 0, y(n), 0, 0}     c) [0, 0, y(n), 0 }  d) {0, y(n), 0, 0}

88) If x(n) and h(n) are having N values each, to obtain linear convolution using circular convolution, the number of zeros to be appended to each sequence is

   a) N – 1     b) 2N – 1     c) N      d) N + 1 

89)W49 = ?
   a) – j    b) + j   c) + 1   d)  -1  

90) DFT [ x* (-n) ] = ?

    a) X  * (K)     b) X  *  (-K)     c) X * (N-K)    d) none

91) If x(n)(X(K), then IDFT [ X (K), X(K) ]  = ?

    a) x (n / 2)     b) 2x (n/2)    c) ½ x (2n)    d) none.

92) Both discrete and periodic in one domain are also periodic and discrete in other domain (T / F)

93) If h(n)= -h(-n) then H(K) is purely real 





(T / F)

94) Reversing the N point sequence in time is equivalent to reversing the DFT values (T / F)

95) FT of non periodic discrete time sequence is non periodic


 (T / F)

Match the following: For a real valued sequence, the DTFT follow the properties as

96) Re [H (jw) ] 
                           a) Real valued function of w 

97) Im[ H(jw) ]                          
   b) even function of w 

98) F.T [even symmetric sequence]      c) Imaginary valued function of w

99) F.T [odd symmetric sequence]        d) odd function of w

100) Write DFF & IDFT formulas.
________________________​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​​__________  

101) Total no of real multiplications in DFT is: ___________________________ 

102. )What is the parsval’s theorem expression in DTFT _______________________ 

Match the following:

103) E = (, P = 0                        a) power

104) E ( (, P = 0                        b) Neither energy nor power

105) E = (, P ( 0, P ( (             c) Energy

Match the following

1065) e-t u(t)                                 a) power

1076) u(t)                                     b) Neither energy nor power

108) 1/(t                                     c) Energy

 109) x (n) = 6e j 2 ( n / 4, what is the power of the signal 

a) 36W      b) 72W      c) 18W      d) none

Match the following: For a real valued sequence, the DTFT follow the properties as

110) Re [H (jw) ] 
                           a) Real valued function of w 

111) Im[ H(jw) ]                          
   b) even function of w 

112) F.T [even symmetric sequence]      c) Imaginary valued function of w

113) F.T [odd symmetric sequence]        d) odd function of w

114) x(n) = {4, 1, 3}  h(n) =   {2, 5, 0, 4}  what is the output of the system.

              

 a) {8, 22, 11, 31, 4, 12}         b)  {8, 22, 11, 31, 4, 12}       c) {8, 22, 11, 31, 4, 12}         d)  none 

  

115) y(n) = x(n) * h(n) then y1 (n) = {0, 0, x(n), 0 } * { 0, h(n), 0 } is equal to

       a) {0, 0, y(n), 0}    b) {0, 0, 0, y(n), 0, 0}     c) [0, 0, y(n), 0 }  d) {0, y(n), 0, 0}

116)If x(n) and h(n) are having N values each, to obtain linear convolution using circular convolution, the number of zeros to be appended to each sequence is

   a) N – 1     b) 2N – 1     c) N      d) N + 1 

117)Write DFF & IDFT formulas.________________________________     






__________________________________                                      

118)W49 = ?
   a) – j    b) + j   c) + 1   d)  -1  

119) DFT [ x* (-n) ] = ?

    a) X  * (K)     b) X  *  (-K)     c) X * (N-K)    d) none

120) If x(n)(X(K), then IDFT [ X (K), X(K) ]  = ?

    a) x (n / 2)     b) 2x (n/2)    c) ½ x (2n)    d) none.

State TRUE or FALSE

121.In direct –form II realization the number of memory locations required is more than that of direct form –I realization  






[
]

122.An LTI system having system function H(z) is stable if and only if all poles of H(z) are out side the unit circle.






[
]

123.The inverse Z – transform of z/z-a is an u(n) 




[
]

124.Digital filters are not realizable for ideal case.



[
]

125.As the order of Butter worth filter increases than the response is closer to ideal filter response.

      h1(n)











h3(n)





h2(n)
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