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1.1.1.1.1. (d)(d)(d)(d)(d)
The input x[n] is non zero for range of n ⇒ –3 to 4
and h(n) is non zero for range of n ⇒ –1 to 2.
Then output will be non zero for –4 to 6.

2.2.2.2.2. (c)(c)(c)(c)(c)
we know that the Laplace transform of

sin(at)u (t ) =
2 2

a
s a+

∴ sin(πt )u(t) =
2 2s

π
+ π

now, the above function can be written as
x (t ) = sin(π t)u (t) – sin [π(t – 2)]u(t – 2)

Taking Laplace transform

 X(s) = 2
2 2

(1 )se
s

−π −
+ π

(∵ x(t – t0) = X(s) ⋅ 0ste− ) shifting property
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3.3.3.3.3. (b)(b)(b)(b)(b)

Since, x(t) =
1

( )
2

j te d
∞

ω

−∞

ω ω
π ∫ X

thus the

( ) ( ) ( )j jX e d X d X e d
∞ ∞ ∞

ω − ω

−∞ −∞ −∞

ω ω + ω ω + ω ω∫ ∫ ∫
is 2π[x(+1) + x(0) + x(–1)] ⇒ 10π

4.4.4.4.4. (a)(a)(a)(a)(a)

N1 =
2

k
π

⋅
Ω

=
2

18
/ 9

k
π ⋅ =

π (k = 1)

N2 =
2

14
/ 7

k
π =

π (k = 1)

∴
1

2

N
N  = 

18
14

 =  Rational

N = LCM (18, 14) = 126

5.5.5.5.5. (a)(a)(a)(a)(a)
Taking Laplace transform

H(s) =
1/ 1

1 11

s
s

s

=
++

∴ h(t) = e–t u(t)
thus h(t) = 0 for t < 0 ⇒ causal

and ( )h t dt
∞

−∞
∫ < ∞ ⇒ BIBO stable

6.6.6.6.6. (c)(c)(c)(c)(c)
Given transfer function

H(z) = 1

1
3

z
K

z
 +  − 

 = 
3

3
z

z Kz
−

− +

=
3

( 1) 3
z

K z
−

+ −
 = 1 3

31
1

z
K z

K

 
 −
 +  −  + 

∴ pole at z =
3

1 K+
for the system to be stable, the poles lies inside the unit circle

 z < 1

or
3

1 K+ < 1

3 < K + 1
K > 2 or K < –4
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7.7.7.7.7. (b)(b)(b)(b)(b)

Given input sequence { }1, 1
↑

f [ ]n

1

n0 1 2

1

f [n] = u[n] – u[n – 2]
u[n] → S[n]

u[n – 2] → S[n – 2] → Time invariant
u[n] – u[n – 2] → S[n] – S[n – 2] → Linear

αnu[n] – αn – 2u[n – 2]
at n = 1 ; α1u[1] – α–1u[–1] = α

8.8.8.8.8. (c)(c)(c)(c)(c)

y[n] = x[n] ⊗  h[n]

[ ]
n

y n
∞

= −∞
∑ = [ ] [ ]

n n

n h n
∞ ∞

= −∞ = −∞
⋅∑ ∑x

[ ]
n

n
∞

= −∞
∑ x = 2 + 4 + 5 + 7 = 18 for given x[n]

[ ]
n

y n
∞

= −∞
∑ = 144

so, 144 = (18) [ ]
n

h n
∞

= −∞
⋅ ∑

⇒ [ ]
n

h n
∞

= −∞
∑ =

144
8

18
=

∴ only signal given in option (c) satisfies

∵ [ ]
n

h n
∞

= −∞
∑ = 2 + 2 + 2 + 2 = 8

9.9.9.9.9. (d)(d)(d)(d)(d)
The complex magnitude spectrum is always even symmetric.
The spectrum of real Fourier series is one sided.
The complex phase spectrum is odd symmetry.
If Real of x(t) is even then bn = 0.

∴ Phase defined as 1tan 0n

n

b
a

−  
− = 
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10.10.10.10.10. (c)(c)(c)(c)(c)

Given signal f(t) =

2

1

0

f t( )

t1 2
The signal f(2t – 3) involves time scaling and time shifting.
Then follow the order of time shifting first and then time scaling.

2

1

0 t3 4

f t(  –3)

5

2

1

0 t1.5 2

f t(2  –3)

2.5

11.11.11.11.11. (b)(b)(b)(b)(b)
by using Taylor series we can expand the sin(z) into polynomial components

i.e. sin x =
3 5

.......
3! 5!

− + +
x xx

thus sin (z2) =
6 10

2 .......
3! 5!
z zz − + −

now, from the above equation, we can deduce that x (–10) = 1
5!

which is nothing but the coefficient of z10

12.12.12.12.12. (d)(d)(d)(d)(d)

Y (z) = [ ] [ ]n nL

n n
y n z n z

∞ ∞
− −

= −∞ = −∞
=∑ ∑ x  = ( )[ ] ( )

nL L

n

n z X z
∞ −

= −∞
=∑ x

now, the previous ROC was, α <  z < β
then after passing through the system the ROC will be

α <  z L < β
(α)1/L <  z < (β)1/L

13.13.13.13.13. (a)(a)(a)(a)(a)

∵ ( ) ( )Ft X j∗ ∗←→ − ωx

and
( )

( ) (0) ( )
t

F X j
d X

j− ∞

ω
τ τ ←→ + π δ ω

ω∫ x
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14.14.14.14.14. (c)(c)(c)(c)(c)

y(t) = 2 15
3

30
t + 

  
x

10 2
10

( )t dt
−∫ x = 100

energy of y(t)
⇒ Since x(t) exist for –10 to 10
so y(t) exist for –157.5 to 142.5

energy of y(t) =
2

142.5

157.5

2 15
9

30
t

dt
−

 + 
    ∫ x

Let
2 15

30
t +

= τ

dt = 15 dτ

⇒ ( )10 2
10

9 15 ( ) d
−

× τ τ∫ x

⇒ 100 × 9 × 15 = 13500

15.15.15.15.15. (a)(a)(a)(a)(a)
For a minimum phase system all the zeros must be inside the unit circle

zeros for H1(z) =
1 1

,
2 3

zeros for H2(z) =
1

2,
2

zeros for H3(z) = 2,  3
hence, option (a).

16.16.16.16.16. (d)(d)(d)(d)(d)

Given, x(t) = 2 cos(50 )t+ π

Frequency of signal ωsig = 50π
Ts = 0.025 sec

∴ sampling frequency ωs =
2

80 rad/sec
sT
π

= π

then, X(jω) = 4 πδ(ω) + π[δ(ω + 50π) + δ(ω – 50π)]
Let the sampled signal be represented as X s(jω), where X s(jω) is given as

X s(jω) =
1

( ( ))s
s m

X j n
T

∞

= −∞
ω − ω∑

⇒ ⇒sampled π/Ts

ω

4 /π Ts

π

ω–50π 50π

4  π

–50π –30π–80π

X j( ) ω X js( ) ω

50π30π 80π
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X s(jω) = 40 [4 ( 80 )] ( 50 80 ) ( 50 80 )]
m

n n
∞

= −∞
π δ ω − π + π δ ω − π − π − π δ ω + π − π∑

now, the sampled input X s(jω) is passed through a low passed filter having cut-off frequency at ω = 40π.
Therefore the output Y( jω) will contain only the components which are less than ω = 40 π.

π/Ts

ω–30π 30π 50π

4 /π Ts

π/Ts

ω–30π 30π

4 /π Ts

LPF

X js( )ω Y j( )ω

80π–80π

Now by putting Ts = 0.025, we will get

40π

ω–30π 30π

Y j( )ω
160π

17.17.17.17.17. (d)(d)(d)(d)(d)
g(t) = rect(4t) ∗ 4δ(–2t)

= 4 rect(4t) ∗ δ(–2t) (∵ δ(–t) = δ(t))

= 2 rect(4t)
1

( ) ( )at t
a

 
δ = δ  
∵

thus g(t) is given as

–1/8 1/8 t

g( )t

2

now, .rect ( ) sinc( )F Tt f←→
.2rect ( ) 2sinc( )F Tt f←→

. 1
2rect (4 ) 2 sinc

4 4
F T f

t  ←→ ⋅    (scaling property)

∴
. 1

2rect (4 ) sinc
2 4

F T f
t  ←→   

18.18.18.18.18. (b)(b)(b)(b)(b)

Given X(s) =
2

2
1n

s

 ω+ 
 

l

Let x(t) = [ ]
2

1 1
2

( ) 1L X s L n
s

− −   ω
= +     

l
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∴ L[x(t)] =
2

2
1n

s

 ω+ 
 

l  = 
2 2

2

s
n

s

 + ω
 
 

l

= ln[s2 + ω2] – ln s2

L[t x(t)] = 2 2 2( )
d

n s n s
dS
−  + ω − l l  = 2 2 2

1 1
2 2s s

s s

− ⋅ +
+ ω

 = 2 2

2 2s
s s

−
+ ω

∴ tx(t) =
1

2 2

2 2s
L

s s
−  − + ω 

 = (2 – 2cosωt)u(t) = 2(1 – cosωt)u(t)

∴ x(t) =
2(1 cos )t

t
− ω

u(t)

19.19.19.19.19. (d)(d)(d)(d)(d)
We know that

[ ( )]tFT e u t− =
1

1 j+ ω

Using duality property

( ) ( )FTt X←→ ωx

( ) 2 ( )FTX t ←→ π −ωx

we have
( )1

2 ( )
1

FTFT e u
jt

− −ω 
←→ π −ω + 

2 ( )FT e uω←→ π −ω
using the time reversal property,
i.e. x(–t) = X(–ω), we have

1
2 ( )

1
FTFT e u

jt
−ω 

←→ π ω − 

∴
1 1

( )
2 1

FTe u FT
jt

− ω  
ω ←→  π − 

I

∴ 1 ( )FT e u− −ω ω  =
1

2 (1 )jtπ −

20.20.20.20.20. (b)(b)(b)(b)(b)
Given N = 13, C3 = 2 + 3j
Ck → periodic with period N = 13

C55 = C4 × 13 + 3 = C3 = 2 + 3j
C–29 = C–2 × 13 –3 = C–3  = C∗

3 = 2 – 3j
∴ C–29 + C55 = 2 – 3j + 2 + 3j =  4

21.21.21.21.21. (b)(b)(b)(b)(b)
Given unit impulse response is

h[n] = δ(n) – αδ[n – 1]
The frequency response is

H(ejω) = 1 – αe–jω = 1 – αcosω + jαsinω

The phase delay φph(ω) =
( )−φ ω
ω
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∵ φ(ω) is the phase of H(ejω)

φ(ω) = 1 sin
tan

1 cos
− α ω 

 − α ω 

∵ phase delay ph
2

( ) πω=
φ ω =

1tan

2

−− α
π

∴ phase delay, ph 2
π φ    = 12

tan−−
α

π

22.22.22.22.22. (d)(d)(d)(d)(d)
Given discrete-time signal

x[n] = 2 sin [ ]
2

nn n u n
π 

  
we know that

sin [ ]
2

Z n u n
 π 

    
= 2

2

sin
2

12 cos 1
2

z
z

zz z

π 
  

=
π  +− +  

Using the multiplication by exponential property,
we have

2 sin [ ]
2

nZ n u n
 π 

    
=

2

sin [ ]
2 z

z

Z n u n
 →  

 π 
    

[ ] ( )

[ ]n

n X z

z
a n X

a

 ←→
 

  ←→     

x

x

= 2

2
1 z

z

z

z →+
 = 2

2

4

z

z +

Using differentiation in z-domain property

2 sin [ ]
2

nZ n n u n
 π 

    
= 2 sin [ ]

2
nd

z Z n n u n
dz

  π −       

[ ] ( )

[ ] ( )

n X z
dn n z X z
dz

 ←→
 
 ←→ −  

x

x

= 2

2

4

d z
z

dz z
 −   +

 = 
2

2 2

( 4)(2) 2 (2 )

( 4)

z z z
z

z

 + −−  
+ 

=
2

2 2

2 8

( 4)

z
z

z

 − +−  
+ 

2 sin [ ]
2

nZ n n u n
 π 

    
=

2

2 2
2 ( 4)
( 4)
z z
z

−
+
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23.23.23.23.23. (b)(b)(b)(b)(b)
Let the exponential Fourier series coefficient of g(t) are Ck then,

g(t) = 0j kt
kC e

∞
ω

−∞
∑

Since, C0 =
2

0 0

1 1
( ) ( ) 1

2

T
g d g d

T
τ τ = τ τ =∫ ∫

So, g(t) = 0 0
1

1
1 j kt j kt

k k
k k

C e C e
− ∞

ω ω

=−∞ =
+ +∑ ∑

To find Ck, let f(t) = ( )
d

g t
dt

So, f(t) = 1 2 ( 2 )
k

t k
∞

=−∞
− δ −∑

The exponential Fourier series coefficient (Fk) of f(t) = Exponential Fourier coefficient Ak of signal ( )1 t∀ –

Exponential Fourier coefficient Bk of signal 2 ( 2 )
k

t k
∞

=−∞

 
δ −  

∑

Let define Ak : Ak =
1 0

0 0

k
k

=
 ≠

Let define Bk : Bk = (1) k∀

So, Fk = Ak – Bk = 
0 0

1 0

k
k

=
− ≠

Since, f(t) = ( )
d

g t
dt

        ⇒ Fk = jω0k Ck

⇒ Ck =
0 0

1kF
j k j k

−=
ω ω

 (for k ≠ 0)

⇒ Ck =
0

1
j k

−
ω

From the definition Ck = Xm

So, Xm = /21 je
m

π

π
(Since period of signal is 2, ω0 = π rad/sec.)

24.24.24.24.24. (c)(c)(c)(c)(c)

Since H(ω) =
sin2

2cos
ω ω   ω

= (e–jω + e jω)
sin2ω 

  ω
Since

Inverse
Fourier Transform

Inverse
Fourier Transform

Inverse
Fourier Transform

sin2 1
rect

2 4

sin2 1 1
rect

2 4

sin2 1 1
rect

2 4

j

j

t

t
e

t
e

− ω

+ ω

ω  →   ω
ω − →   ω
ω + →   ω
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⇒ h(t) =
1 1 1 1

rect rect
2 4 2 4

t t+ −   +      

Thus,               h(0) =1

25.25.25.25.25. (a)(a)(a)(a)(a)

Given that h[n] = 
1 ( )
2

n

u n 
  

  and g[n] is a causal sequence.

y[n] = [ ] [ ]h n g n∗

h[n] = 1 1 1
1, , , .....

2 4 8↑

 
  

g[n] = , , ,.....
↑

 α β γ  

y[n] = h[n] ∗ g[n]

y[n] =

1 1 1
..... 1

8 4 2
..........

.....
8 4 2

.....
4 2

.....
2

1
......... 1

2

γ β α
α α α α

β β β ×

γ γ × ×

Now, α = 1

Also,
2
α + β =

1
2

or, β = 0
∴ g[1] = 0

26.26.26.26.26. (a)(a)(a)(a)(a)
The above signal can be represented as

1
1

2

–2

t–1–2

Then differentiating the signal we get
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3

–3

t

d t
dt
x( )

0 1
2

3

( )d t
dt
x

= 3g(t) – 3g (t – 1)

thus A1 = 3, A2 = –3
T1 = 0, T2 = 1

27.27.27.27.27. (d)(d)(d)(d)(d)
Y(s) = H(s) X(s)

Since, it is asked in the question to find the forced response thus, we will take the initial conditions to be
equal to zero.

Y(s) =
1

( 2)( 3)( 1)s s s+ + +

Taking partial fraction, we get

Y(s) =
1/ 2 1/ 2 1

( 1) 3 2s s s
+ −

+ + +

∴ y(t) = 3 21 1
2 2

t t te e e− − −+ −

∵ We are taking the Laplace transform with zero initial condition thus the response so obtained is the
forced response.

28.28.28.28.28. (c)(c)(c)(c)(c)

Given X(z) =
1

1
; ROC;n z

z −
α  >   αα −

l  = ( )1n 1 ( )z −− − αl

now expanding it by Taylor series, we get

X(z) =
2 3

1 ( ) ( )
( ) .........

2 3
z z

z
− −

− α α
α + + + 

 
 = 

1

1

( )
k

k

z

k

−∞

=

 α ∑

∴ X(z) =
1

k
k

k

z
k

−∞
−

=

α ⋅∑

Taking the inverse z - transform, we get

x[n] =
1

( )
k

k

n k
k

−∞

=

α
δ −∑ [∵ δ[n – k] ↔ z –k]

∴ x[n] = [ 1]
n

u n
n

− α −  
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29.29.29.29.29. (a)(a)(a)(a)(a)
Applying initial value theorem (since the F(s) function is proper we can apply initial value theorem)

f(0) = initial value = lim ( )
s

sF s
→∞ = 

2

2

3
lim 3

5 6s

s
s s→∞

=
+ +

Now, we can apply final value theorem because the poles of F(s) are in left half of s-plane

So, f(∞) = 0
lim ( )
s

sF s
→  = 

2

20

3
lim 0

5 6s

s
s s→

=
+ +

So, f(0) = 3,
f(∞) = 0

30.30.30.30.30. (d)(d)(d)(d)(d)

+1

+1 t

x( )t

–1

–1

⇒ x(t) = δ(t + 1) – δ(t – 1)

so, x(t) ∗ h(t) = y(t) = h(t + 1) – h(t – 1)

h t(  + 1)

1

–1 1
t

3

– (  – 1)h t

–1

1 53

so, y(t) = h(t + 1) – h(t – 1)
y t( )

–1

1
53

–1
t

1


