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I 1

Speech and audio signal processing, multimedia processing (image
and video), biological signal analysis (ECG, EEG. X-ray etc).
underwater acoustics, communication applications, industrial

control and automation, RADAR, astronomy, seismography

Continuous time signals are defined for all values of time whercas
discrete time signals are defined onlv at discrete instants of time.
Discrete time signal is obtained by sampling continuous-time

signals at regular intervals.

A system is called a BIBO (bounded input bounded output) stable
system, if and only if every bounded input produces a bounded

output.

A discrete time system is one which operates on a discrete-time

input signal and produces a discrete-time output signal

The Fourier representation provides valuable information about the
frequency content of a signal. By decomposing the signal into its

frequency components, we can analyse its spectral content, identify

dominant frequencies, filter out unwanted components. and
manipulate signals in the frequency domain.

Fourier Transform (continuous and discrete Fourier transform)

Aljasing can be avoided by sampling the continuous -time signal at
a frequency greater than twice the maximum frequency present in

the signal

In the Laplace transform representation of a signal:
poles are the roots of the denominator polynomialor (in
otherwords, poles are the values of s for which the trasform

becomes infinite)

Complex frequency domain or S-domain
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PART B
II. 1 |Fourier Series 1.5%2
1. Gives the frequency content of a periodic signal
2. Discrete Frequency spectrum
Fourier Transform
I. Gives the frequency information of an aperiodic signal
2. Continuous frequency spectrum
IL. 2 |Invertibility 2(expin)
If a system has a unique relationship between its input and output, l(:g.)
the system is called the invertible system. In other words, a system
is said to be an invertible system only if an inverse system exists
which when cascaded with the original system produces an output
equal to the input of the first system.
~\(()f) I System \'(() Syslgm Y '(lim\!”
onj () \»‘(j/'z) 1 Vi )
y(1)=5x(t) is an invertible system
y(t) = 5x(t)
Let, x(t) = 3, then the output of the system is,
y(ty=S5x3=15
Let, x(t) = =3, then the output of the system is,
y(t)y=5x(=3)=-15
Hence, different inputs leads to different outputs. Therefore, the
system is in\/el’tible system.
Here the original system has a gain of 5. A system with a gain 1/5
acts as the inverse system for the given system.
11. 3 | When the unit impulse function is applied as input to an LTI 1.5(definition)

system, then the output is nothing but impulse response h(t).

X =d() L yity=hi

By knowing the impulse response of a system, we can predict its
response to any input signal by convolving the input signal with the
impulse response. The impulse response is used to study various

properties of the system such as causality, stability, dynamicity etc

.+.
1.5(significance)
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Here y(n) = x(n%). If n = 2, then, y(2 )= x(4)

The output depends upon future inputs. Hence system is noncausal.

1.5 |Convolution operation to evaluate the output of a system involves 0.75%4
the following steps
I. Folding or time reversal
2. Shifting
3. Multiplication
4. Summation or integration.
I1. 6 |Every signal x(¢) of period 7 satisfying following conditions known
as Dirichlet’s conditions, can be expressed in the form of Fourier
series
I. The signal should have only a finite number of maxima and
minima over a given period.
2. The signal must possess only a finite number of discontinuities
over a given period.
3. The signal must be absolutely integrable over a given period i.e.,
;
j|.\‘(()]d/ < o0
0
II. 7 |Even Signal 2(expin)
+1(eg.)

o A signal which is symmetrical about the vertical axis or
time origin is known as even signal or even function.
Therefore, the even signals are also called the symmetrical
signals.

e A DT signal x(n) is said to be an even signal if x(-n)=x(n)
and a CT signal x(t) is said to be an even signal if x(O)=x(-
t)

Ex, cosine wave, rectangular signal, triangular signal
V(1) W

A N
i ; / AN

\ Y
Ji kY R Y
VARV R

Odd signal

e A signal that is anti-symmetrical about the vertical axis is

known as odd signal or odd function. Therefore, the odd
signals are also called the antisymmetric signals.

e A DT signal x(n) is said to be an odd signal if x(-n) =-x(n)
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and a CT signal x(1) is said to be an odd signal if x(-t) =-x(t)

Ex: signum function, sine wave

YOS NGRSO
ANA (I
;/ \ \ D
7 \ o\ /v -
JV

11. 8 Given a continuous-time signal x(t), the Fourier 1.5%2
Transform of the signal is given by
I
X(jw) = / .I‘(/)l?ﬁ‘]m(ﬂ Analysis
ad e DG
The Inverse Fourier Transform of the signal is given by
1 POX”
(L) = }l / N (j)e!™ dw Synthesis
1.9 |Linearity, Time Shifting, Frequency Shifting, Time Scaling, Time 1*3
. . T . (any three)
Inversion, Convolution, Multiplication in Time Domain, Symmetry
11.10 Properties of ROC 1%3

1. The ROC of X(s) consists of strips parallel to the jo axis in the
s-plane.

2. The ROC does not contain any poles.

3. If x(1) is of finite duration and is absolutely integrable, then the
ROC is the entire s-plane.

4. If x(t) is a right sided signal, that is x(t) = 0 for t<tg<oc then the
ROC is of the form Re(s)> amax. Where a umay equals the
maximum real part of any of the poles of X(s).

5. 1fx(t) is a lefl sided, that is x(1) = 0 for t>t,> -oc, then the ROC
is of the form Re(s)< amm . where ams equals the minimum real
part of any of the poles of X(s).

6. 1fx(t) is a two-sided signal, than the ROC is of the

form a;<Re(s)< a-.

(any three)
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PART C
111 »\ 5(Finding
~ule-3)
Mt elementary
\ signals)
y - l ‘ 2(Ex :ession)
K] 3 P
.4‘-
wlers) -u G -3)
( .
L=
2 3 & &
A
u({,g”\, UC{"~@
P
...... T
— L
A D) ule3) b ulbeD) - Ul rudon- ute-3)
n Bl 3)
‘Q;\ AL o wlhA D) Ful-D)
I
IV. |Elementary signals: unit step, unit impulse, ramp, parabolic, Any four
exponential, rectangular, triangular, sinusoidal, signum function 4(Expression)
+
3(fig)

Unit Step Function

L >
P

Unit step function is denoted by u(t). It is defined as u(t) = {; ‘<0
<
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Unit Impulse Function

1 t=0
Impulse function is denoted by 3(t). and it is defined as 8(t) =
0 t#0
IS148]
0
|
|
P
j
|
!
wd 3
& T

Ramp Signal

t t20
Ramp signal is denoted by r(t), and it is defined as r(t) = -
p sig y (k) (t {0 ¢ <0
L1
,,/?
2 ,/’/l
1 o
e
e
o] 1 2 t

Parabolic Signal

22tz
Parabolic sighal can be defined as x(t) = /2 20
0 t<0

Signum Function

1 t»0
Signum function is denoted as sgn(t). It Is defined as sgn(t) = 0 t=0
-1 <0
sga{t)
4
"

Rectangular Signal

Let it be denoted as x(t) and it is defined as

iy == A reet 1 }l

¥
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Triangular Signal

itis denoted as
L 7l
D=4 [1 7 '

het
A

Sinusoidal Signal
Sinusoidal signal is in the form of x(t) = A cos(wgt =+ @) or A sin{wgt =& ¢)

pesie)

Where, A is the amplitude,
@o is the frequency in radians per sec and
¢ is the phase shift in radians

Ty= 2n/ wo is the period
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x(n) = {1,4,3.2}:h(n} = {1.3.2.1}

!

Solution: v
“h(n) starts at np = 0. Therefor,

Step 1: The sequence x(n) starts atn; = 1 -and h(n) staﬂf ‘tz )2isn - herer e
the starting time for evaluating the output sequence y n y by
-1 0=~1.

Step 2: Express both sequences in terms the index &.
4 xtk)
1

Step 3:
3 on-k) 3
! —1-%
2 2 } h{-1-¥%)
1 1 ) 1
| ’ N
! P L
3 -2 -1 0 YT

As starting time to evaluate y(n) is ~1, shift A(k) by one unit 1o left ©
obtain A(—1 - k).

o

W= 3 x(k)h(-1-k)

ko o

Multiply the two sequences x(k) and 4(~1 ~ k) element by element and sum the
products

g 3 [ RN ¥ T
1) = z O LTE 5
-
= OXD) + ()(2) +0(3) + (13(1) T
+40)+ 30} + 2(0) =1 '[ t i
i
lncrcmc'nl the index by 1, ie., # 1o h(‘w|~)&§) - (I) (R TR
zero, shift the sequence (o right 1o ob- S R . Do
win A{~k) and then mulliply the two Forn=-i ; 3 1 ¢ Do
sequences x(&) and i ~4) element by " I .
clement and sum the products we get ! IR P
3 I I I S R
RUEIDNRIGLES LCURIEI A
broe ) Forn=0 : . g : Lo
= (O)(1) + (0}(2) + 1 (3) + aC1) oy .
+#3(0) 4 2(0) = 7 f [) Ll 3 :
Similarly, M“, S T .
()= ¥ x(k)h(t - k) Forn=t | ‘3 2 El B
Koo Lo ] ] Do
= 0(1) + 1(2) +4(3) + 3{1) + 2(0) T ; +
=17 : N’Q-k‘ z i 3 ‘ : ; I
3 rorn=2 ¢ b 4 12 A
W) = Z x(KYh(2 k) Forn=2 . |i il : : ‘
= (1) +4(2)+3(3)+2(0) = 20 : h(:Mg - i .
3 N AT
3= 3, x(kh(3-4) . L P ] P
e a3 b T
=10} +4{1)+ 3(25+2(3) +0(1) oo .1 ‘ I]
L
= PRI
= T e s L]
oo N ' 1t Il i B i
T P
=31422=7 . ll } '
s HR V"
x9= & stoms-=21=2 EERERREEY
R [ TR
FormeS C 1 0 b i 2 a :
M . i ! ] B vl H
N
SRS o I
23 4 3
¥n)=4,7,17.20.16,7. 2}

4(Procedure)
+

3(Calculations
and final
output)
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VI

(i). Linear and Non-Linear systems
e A system is said to be linear if it obeys the principle of
homogeneity and principle of superposition.
* Therefore, for a continuous-time linear system,
layi(t) + bys(t)] = Tlaxi(£) + bx(6)] = aT[xi(6)] + bT{x:(t)]
e Also, for a discrete-time linear system,
[ayi(n) + byx(n)] = Tlax(n) + bxa(n)] = aT|x(n)] + bT|x2(n))
Hence, we can say that a system is linear if the output of the system due
to weighted sum of inputs is equal to the weighted sum of outputs.
A system is said to be a non-linear system if it does not obey the
principle of homogeneity and principle of superposition.

y(n)=nx(n) and y(1) =1"x(1) are some examples of linear system.

(ii). Time invariant and Time varying systems.

e Ifthe input and output characteristics of a system do not change
with time, the system is called the time-invariant system. Time
invariance means that the behaviour of the system does not
depend on the time at which the input is applied to the system.

* A system whose input and output characteristics change with the
time is known as time-variant system.

Ex: y(t)=x(n-1) is a TIV system whereas y(n)=nx(n-1) is not TIV

(iii). Causal and non-causal systems.

e A system whose output or response at any time instant (t)
depends only on the present and past values of the input but not
on the future values of the input is called the causal system.

Ex: y(£)=x(t-3), y(n)=nx(n)

o A system whose output or response at any time instant (t)
depends also on the future values of the input is called the non-
causal system.

Ex: y()=x(t+3), y(n)=x(n")
(iv). Stable and unstable systems.

e A system is called a BIBO (bounded input bounded output)
stable system or simply stable system, if and only if every
bounded input produces a bounded output.

o Ifthe impulse response of the system is absolutely integrable for

any three

4(Explntn)
+
3(Eg.)
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a continuous time system or absolutely summable for a discrete
time system, then the system is a stable system.

If a system does not satisfy the BIBO stability condition, the

system is called the unstable system. We can say that a system is
unstable even if one bounded input generates an unbounded
output.

Example 1:

y(t) = x(t)

Let the input is u{t) {unit step bounded input) then the output yith = (= u{t) =
bounded output. Hence, the systern is stable
Example 2y (t) = [x{t)dt

the input is u (t) {unit step bounded input) then the output y(t} = fu(t)dt= ramp
signal {unbounded because amplitude af ramp is not finite it goes to infinite when t -

infinite). Hence, the system is unstable.

(v). Static and dynamic systems.

The static system is also called the memoryless system. Fora
static or memoryless system, the output of the system at any
instant of time depends only on the input applied at that instant
of time, but not on the past or future values of the input.

Ex: y(t)=x(t)

A system whose response or output depends upon the past or
future inputs in addition to the present input is called

the dynamic system. The dynamic systems are also known

as memory systems.

Ex: y(O)=x(t+1)

(vi). Invertible and non-invertible systems.

If a system has a unique relationship between its input and output, the

system is called the invertible system. In other words, a system is said to

be an invertible system only if an inverse system exists which when

cascaded with the original system produces an output equal to the input

of the first system.

a1y

DI ]

x{nl

A A
" ', or

i or (RIS TR
v

System Vi System

y(1)=5x(t) is an invertible system
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v{t) = Sx(t)

Let, x(t) = 3, then the output of the system is,

v(t) = 5% 3 =15
Let, x(t) = ~3, then the output of the system s,

w(t) = 5 x {~3) = ~1§

Hence, for different inputs, there is different outputs. Therefore, the system is invertible

system.

but, y(t)=5x*(t) is not an invertible system

VIL
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VIIL

(1) Continuous time and discrete time signal
e The signals which are defined for every instant of time are called
as continuous time signals. The continuous-time signals are also
called as analog signals. In case of continuous time signals, the

independent variable is time.

v "
AN s

» Those signals which are defined only at discrete instants of time

N

are called as discrete time signals. The amplitude of discrete
time signals is continuous but these signals are discrete in time.
The amplitude of a discrete time signal between two time

instants is not defined.

x{:Hj

—

[
50" IS

(2) Deterministic and random signals

e Deterministic Signals — A deterministic signal is the one thaf
exhibits no uncertainty of amplitude and phase at any instant of
time. These signals have a regular pattern,
Sine wave, exponential signals, square wave, etc. are the
examples of deterministic signals.

e Random Signals — A signal that has uncertainty about its

any three

4(Expln)
+

3(Eg,)
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occurrence is known as random signal. A random signal has
irregular pattern and cannot be represented by the mathematical
equations.

Thermal noise generated in an electric circuit is a common

example of random signal.

(3) Periodic and non-periodic signal
» Periodic Signals — A periodic signal is defined as a signal
which has a definite pattern which repeats itself at regular
intervals of time.
A continuous time signal x(t) is said to be periodic if and
only if
x(t+T)=x(t) for—o <t <c0

A discrete-time signal x(n) is said to be periodic if it satisfies
the following condition

A}

» Aperiodic Signals — A signal which does not repeat at
regular intervals of time is known as aperiodic signal.
The aperiodic signals are also called the non-

periodic signals.

() NG

o

(4) Power and energy signals
Energy Signals — A signal is said to be an energy signal if and only

if its total energy is finite ((i. e., 0 < E <o0).
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The average power of an energy signal is zero, i.e., P = 0.
Examples of energy signals are aperiodic signals.

Power Signals — If a signal has finite average power (i.e.,0 < P <
w), it is called a power signal.

The total energy of a power signal is zero (i.e., E = 0).

Periodic signals are the examples of power signals.

(5) Even and odd signal
* A signal is said to be an even signal or symmetric signal if it
satisfies the following condition:
x(n) = x(-n) or x(1) = x(-1)

ex. Cosine signal, triangular signal

S
SN (R i

»  Asignal is said to be an odd signal or anti-symmetric signal if it
satisfies the following condition
x(-n) = -x(n) or x(-t) = -x(1).

ex. Sine signal, signum function

(6) Real and imaginary signals
» Asignal is said to be real when it satisfies the condition
X (=x(1)
or x* (n)=x(n)
For a real signal, imaginary part=0
e Asignal is said to be imaginary if,
x'(0=-x(t)
or x"(n)=-x(n)

For an imaginary signal, real part=0
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IX.

Sampling Theorem

A bandlimited continuous time signal with maximum frequency f,, can
be represented in its samples and can be recovered back when sampling

frequency f, is greater than or equal to the twice the highest frequency

component f

nt

of message signal. i.e.. [, 22/,
Sampling of input signal x{/) can be obtained by multiplying x(£) with
an impulse train p(f) of period 7, .

The sampled version of the continuous time signal is,

EZ

x ()= x()p(t) = Z x(O)oU—nT)= 2 x(nT Yo —nT))

e

The spectrum of the sampled signal, X (jw) = FT{X((Z)}

= —;— Z X(j(w-w,)

The Fourier transform of the sampled signal is thus given by an infinite
sum of shifted replicas of the spectrum of the original signal

Y(w)
, /\ fs > 2fu
7 \ / N /N, over sampling
s /N SN
7 | N/ NS N
Ws 8] Ws 2ws
Y(w)
/\ / \\ // \\ // \\\ fo = 2fm
e / N\ // \\ 7N perfect sampling
. p
W, 0 ws 200
Y(w)
7 A~ fe < 2f
\ \ / \ /N under sampling
XA X X N
‘W 0 We 2ws

To reconstruct x(/), we must recover input signal spectrum X (@) from
sampled signal spectrum X {jw). which is possible when there is no

overlapping between the cycles of X (jw).

For f. 22/, the signal is perfectly sampled without any information

loss.

2(theorem)
+

3(expintn)
+

2(diagrms)
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But for f, <2f,,, over-lapping of spectrum occurs, which leads to

mixing up and loss of information. This unwanted phenomenon of over-
lapping is called as Aliasing

e i)

1*'{ “,
SN

g (Ferfm) o 0 fm () fe

Signal reconstruction

In order to reconstruct the original signal x() , we can use an ideal
lowpass filter on the sampled spectrum which has a bandwidth of any

value between £, and (f, = f,,) . The filter will pass only the portion of
sampled spectrum, X (f), centred at f = 0and will reject all its
replicas at f = nf,, forn # 0. This implies that the shape of the
continuous time signal x, (f}, will be retained at the output of the ideal

filter.

x40 = a{npin Rt

Hiws

Lowpees fiter
Spectrum of LPF

4

H{jw}

f<B<fs-fm

A continuous-time periodic signal can be decomposed into a sum of
sinusoidal or complex exponential functions with different frequencies,
amplitudes, and phases. This representation is known as the Continuous
Time Fourier series representation.

ie, The Fourier series allows us to express a periodic signal as a linear
combination of harmonic components.

A periodic signal is one which repeat itself periodically over
—00 < | <0

i.e., A signal is periodic if, x(f) = x(1+T) for all ¢

3(expintn)
+
2(equation)
+
2(eg)

Page 16 of 20




where, T is the fundamental period and @, = 27 / T is referred to as the
fundamental frequency.
The Fourier series is thus a decomposition of periodic signals into the

sum of a (possibly infinite) number of complex exponentials whose
frequencies are harmonically related.

The set of harmonically related complex exponentials is given by

B (1) = =Dk =0,£1,42,...

Thus, a periodic signal x(7) can be represented as

o
x(1) = Z ¢, where @, = 27/ T = Fundamental Frequency

s,
¢, = fourier coefficients and nm, = harmonic frequencies

The term for n=0 is a constant

The terms for n=+/ are the fundamental/first harmonic components
The terms for n=+2 are the second harmonic components

The terms for n=+N are the N harmonic components

The frequency range of continuous time signal is from - to +oo,
and so CTFS has infinite frequency spectrum.

The Fourier coefficients can be evaluated using the equation,
b+ T
¢ == j x(D)e "™ dy

Iy

The Fourier coefficient ¢, represents the amplitude and phase
associated with the »” frequency component. The Fourier
coefficients provide the description of x(f) in the frequency

domain.

Example:

Consider the sinusoidal signal, sin(z7)

The fundamental frequency of sin(x7) is 7. By inspection, using

Euler’s theorem, we can write:

. 1 [
sin(zt) = —e"™ ——e "
2J 2J
So,¢, = ~]——, ¢, =——and ¢, =0 otherwise
2j 2]

Thus, here sin(zt) is expressed as a linear combination of Fourier

coefficients, C,

Page 17 of 20




XL

7. lIntegration

1. linearity
L
fu(®) — F(s) withROC= Ry
Ly .
L&) — E(s) with ROC= R,
L7, .
afy(8) + bf() — aF () + bR (s): ROC= Ry 0V Ry
2. Time Shifting
LT
fl) = Fis) withROC= R

Flt =z} = 87 F(5): ROC = R

3. Time Scaling:

4, Shiftin S-domain
£ pas F(s) withROC= R
L LT )
eStof(£)) — Fls—55): ROC = R + Re{sy}
5. Time-reversal
LT
f(&) — F(s) with ROC= R
7.
F{t) = F{—s) withROC= —R
6. Differentiation in S-domain
oRT
F(£) = F(s) with ROC = Ry

LTy .
tf () — ;;F(S):ROC =R

saration theorer states that

e > (s
[ iydne—E—s )
s =

2| [, 16| é F(s)

8. Convolution in Time
N S CEE
i F(t) ~ Fis) with ROC = Ry and Fe () — H{sywith ROC = Ry
Flis e h{E) 5 F{DH(s) BOC = Ry 61 Ry

9. Initiel Value Treorem

Initis! value theorem is applied when in Laplace transform th

he degree of the numerator is less
than the degree of the denominator

FUOY == Hamg L SF(S)

Any seven

1%7
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10. Final Value Theoren:
Flow) = Him, 4 SF(5)

11. Multiplication by time:

o & - ““5)

12. Complex Shift:

f(t)e™ «E—F(s+a)

If all the poles of sF(s) lie in the left half of the S-plane final value theorem is applied.

XII -3t -2k 4(problem
MO < eTue) be ult) solving)
il - - goe/ RY: Re(s) » =3 -t
1l - o o) 3ti)
-2t . poc (Ro): RelD?-%
1»?1 ‘({)z = —§+L; )
A})P(‘jmj ‘9_0,,(0.@’({3 F”YOa'f'y )
[ {cod = i L)+ ?2%(&)%
S$*3 Ero
= s+z+st? 2548
(Ls»fg)(ﬁz) (S@Cm)/
Ruc o£ ad v R0OR
i, Ra(r>-2
XI1I. (i) o(t) 24243

X6 = [xn)edt o :
o/ zfﬁ(t)e“’dt:l

0
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(i) u(t)

X(s)= ] x(t)e Fdt = / e dt
0 0

(iii) t u(t)
() =tulr)

Lir@)] = [tesar

0
| R S =
==t _i_e—st = }.2._
§ 0o ¥ g §
X1V, -5 4(partial
X(5) = s
¥ S2+5-s+~6 fraction
— s .
~ Ty salving)
=55 . 3 LT
=5ty (inverse LT)
) s
4= b =) I
B G
=yt
8
A= AP o
-3 _
=G

-2 :
XY=t

Taking inversg'Laplace. transform we get

" x(n) = =2 %u(t) + 3¢ P u(r)
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