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Chapter 2

Unit Impulse Signal and Fourier Transform

SINGULARITY FUNCTIONS

There are several singularity functions which play a vital role in the study of
communication system . these singularity functions serve as basic building blocks for
the construction of more complex signals . These singularity functions may be listed as
ahead:

1.Unit step function .
2.Unit impulse function.
3.Ramp function.
1.Unit Step Function.

The unit step function is that type of singularity function which exits only for
positive side and is zero for negative side . the unit step function is denoted by u(t)
and my expressed as

An unit-step function.

_(0Ofort<o0
u(t)_{lfort>0

For example , the signal e™ represents an exponential signal which starts at t=-co.

But if want this signal to start at t = 0 , it may be described as e . u(t).
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(a) Exponential signal et (b)exponential signal et _u(t)

2.Unit Impulse Function
The unit impulse function is the most widely elementary function used in the

analysis of communication system .
An unit — impulse function is denoted as g(t) and may be expressed as

s=0 t0

0 g

The unit-impulse function

and [ s(t)dt =1

The unit —impulse function is also known Dirac-delta function.
If unit —impulses function is assumed in the form of a pulse , then following points
may be observed about an unit — impulse function ;
a-The width of the pulse is zero . This means that the pulse exists only at t =0.
b-The height of the pulse goes to infinity .
c-The area under the pulse — curve is always unity.
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(a) Unit-impulse function centered

att=t,.

3.Unit Ramp Function
A continuous —time unit —ramp function is that type of function which starts at

t=0 and increase linearly with time t. It denoted by r(t).

Mathematically ,

] i W ¢

(b} Impulse-function centered

att = tyand haning area A

(c) Continuous-time unit-ramp function

ofort<o0
r(®) = {Tfort>0
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SYSTEM

A system may be defined as a set of elements or functional blocks which are
connected together and an output in response to an input signal .The response output
of the system depends upon transfer function of the system. Mathematically , the
functional relationship between input and output may be written as

Y ()= fx(®)]
Symbolically, we may write: x(t)— y(t)
This means that an input or excitation x(t) is producing an output or response y(t).

x(t) y(t)

(a) Block diagram of a system

e Ay L ) Bus (pulse) ce 3oke o -{B(t)}-Delta-function
AEY L Laad 4508 (Amplitude)

o(t)=0,t20 ,  §(t)=o0, t=0 argument=0
aal g s sbii (pulse) A Aalue Wl (t20) o5 Loie 4lall 4ag el ) <
(0(t)=1)

jo 5(t) dt

Lalill (g 4iint W) (Sar Y 3 LY e g sl 13 o) lie YL 23l
Cla shaiall g il HLEB b Hl1 (Analysis) daladll (ia el (K19 & by 5l

.(systems)
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(Complex-Harmonical signal )
S'(t) = Aexp[jlwt + @) = A", exp(jwt),
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Digital coding

Digital Coding yields a rugged signal highly immune to distortion and interference
,permitting long-distance communication through regenerative repeaters .

Coding provides of signal conversion performed to improve the quality of
communication.

Coding was made possible through the use of large integrated circuits (LIC) and the
applications of high —speed digital signal processing . This method allowed to
increase productivity by more than 10 dB at much lower costs than other methods
.For example ,methods of dragging the transmitter power or size of the antenna.

For any communication system, it is true that the received signal is different from
the transmitted signal. This effect is the result of distortion, noise , interference and
fading.

There are three most common tools for dealing with errors in the data transfer
process.

-error detection codes.
-Error correcting codes (Forward Error Correction-FEC).

Protocols with automatic retransmission requests ( Automatic Repeat Request-
ARQ).
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Fourier transform
Trigonometric Fourier Series :-

A periodic function x(t) may by expressed in the form of Trigonometric Fourier Series
comprising the following sine and cosine terms .

X(t)= ap + a;c0Sw.t + 8, COS2w.t+...... +a,CcosS N w.t+...
b1Sin w.t+h, Sin2 w.t+....... +bn Sin N w.t+...
X(t)=a. + Yop1 (ancosnwet+bnsinn wot).(t° < t < to +T).
27 ..
Here T=—, an, bn coef ficients.
mO
o. _ fundamental frequency
200, 3 o 40 ,........ harmonics at . .
_1,T 2 (T
a. = Ffo x(t)dt,an = Ffo x(t) cos n wet dt

bn:% fotx(t) sinn wetdt.
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X(0)=F[x(t)]= ffooo x(t)e Tt gt

x() is the frequency domain representation of time domain function x(t). This means
that we are converting a time domain signal into its frequency domain representation
with help of Fourier Transform .

Inverse Fourier Transform
F* [x(0)] = x(t) .
X(t)= Fx(@)]= o [ x(w)el®t dt

Aigma L3 (S ) ) ol e Sy Sallyp Adlie a5 53 (siN) G 43 383 o 0Sas (periodical signal)
Lol dalise 4o 1 JSE cld

2060 DAl (1.2) pmel) e Jaadls
f(t)=2sint-sin2t
.(trigonometric series) JAT usiss (trigonometric functions) ¢ sese (e Sl 5
s EBG (e A3 sSie B Al sl 5K AT da Gl Gaas (e 55
f(t)=2sint-sin2t+2\3sin3t
3538 5 yde (e 4 5She Al sla e Juani 3 50a e i 5 AT 550 (1.D) pul) Aasdla (Say
f(t)=2sint-sin2t+2\3sin3t-1\2sin4t+2\5sin5t-1\3sin6t+2\7sin7t-1\4sin8t+2\9sin9t-1\5sin10t

bi=(-1)".2\k a2 56 (K) Wl (by) 4 3e3 Coefficients
f(t)=Xjx bk sinkt L) S () 4 siall AUS (Say Lavie
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Sampling theorem:

Sy dalasll 038 (sampling process) e dalasy (Uasi 1 (discrete) s (analog signal)
[Transistor, (computer) & o3l Al Alall oda & (sample-and-hold) ke JMA (1o Lgiias
.(sample sequence) 4l !l (Analog signal) o= US| capacitor]

.(PAM) (pulse-amplitude modulation) (ew JS5 5 5L Siw (sampling process) dilae dais
a3 Al (pulses) (e de sana Ll Lebia s (S z Al e 3 LY 0 058 e Ciela el o2

e ¢l (modulated signal)l (PAM) (< 4bliiul (Sas (input analog signal) .(samples)

e Gldaia ()5S Gy 481 (e oS (modulated signal) ol <o of Tas 555 pall (e (low-pass-filter)
(sampling theorem) 4 ks JMA (e ¢ sSen Jlsad) 1 e dulay) Aa)al) 5 ,Lay)

T < 1\2f,
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Ts - time interval of sampling
fm — frequency of modulated signal
fs > fin (Nyquist criterion)
fs = 2f, (Nyquist rate)

EXAMPLE 1. An analog signal is expressed by the equation x(t)=3 cos (50xnt) + 10 sin
(3007tt) — cos (100mt). Calculate the Nyquist rate for this signal.

Solution:- the given signal is expressed as
x(t)=3 cos 50mt + 10 sin 3007t — cos 1007wt

let three frequencies present be 1, ®2 and ®3
so that the new equation for signal,

x(t)=3 cos w1t + 10 sin w,t — cos mat
olt=50nt ; ©®1=50mn

or 2nf;=50x

f1=25Hz

similarly for second factor and third factor
f,=150Hz , f;=50Hz

fs=2fm

where f,=maximum frequency present in the signal

fs=2f; = 2.150=300Hz ans.

Example 2. Find the Nyquist rate and the Nyquist interval for the signal
X(t)=1 /2w cos(4000xt) cos(1000mxt)
Solution : Given signal is
X(t)=1/2mcos (4000mt) cos(1000mt)
Or x(t)= 1/4n[2c0s(40007t) cos(1000mrt)]
Or x(t)=1/4n[cos(4000mt + 1000mt)+cos(4000mt-1000xt)
[.-2cosA cos B= cos (A+B)+cos(A-B)]

Or x(t)=1/4n[cos5000mt+cos3000mrt] ...(1)
Let the two frequencies present in the signal be m; and w; So that the new equation for the
signal will be

X(t)=1/4m [cosmy t + cosmy t ] ...(2)

10
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Comparing equation (1) and (2) , we have
o 1t= 5000t
or 2nfit =5000mt
or 2f,1=5000
f1=2500 Hz

Similarly, for second factor

o >t =3000mt
or 2 1tf t=3000mxt
or 2 nf>=3000
f,=1500 Hz

Therefore, the maximum frequency present in x(t) is
f1=2500 Hz
Nyquist rate is given as
f=2 f
where f,, = Maximum frequency present in the signal .
Here, fn="f;=2500 Hz
Therefore Nyquist rate
fs= 2 f= 2 « 2500= 5000 Hz = 5kHz  Ans.
Nyquist interval is given as
Ts=1/2fn = 1/2, 2500 =1/5000
Or Ts=0.2« 102 seconds = 0.2 m sec. Ans.

Analog Pulse Modulation Method

In analog modulation systems , some parameter of a sinusoidal carrier is varied according to the instantaneous
value of the modulating signal . in pulse modulation methods, the carrier is no longer a continuous signal but
consists of a pulse train . Some parameter of which is varied a cording to the instantaneous value of the
modulating signal .

11
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Pulse Amplitude Modulation (PAM)

Pulse Amplitude Modulation may by defined as that type of modulation in which the Amplitudes of pulses
vary according to instantaneous value of the modulating or message is signal . In fact, the pulses in a
PAM signal may be of flat top type or natural type or ideal type . out of these three pulse amplitude
modulation methods, the flat top PAM is most popular and is widely used , because noise can be easily

removed if the PAM pulse has flat Top.

A sample and hold circuit is used to produce Flat top sampled PAM.

Samping Switch Discharge Switch
I C
G1 62 .—t

(a)Sample and hold circut generating flat top sampled PAM

12
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(b) Waveforms of flat top sampled PAM.

The sampling switch is closed for a short duration by a short pulse applied to the gate G1 of the
transistor. During this period , the capacitor C is quickly charged up to voltage equal to the instaneous
sample value of the incoming signal x(t) . Now the sampling switch is and the capacitor C holds the charge.

The discharges switch in then closed be a pulse applied to gate G2 of the other transistor . Due to this,
the capacitor is is discharged to zero .

Ao(t)

A T

ti

V(A) — PULSE Amplitude
ti — interval (pulse width)
T — period

Carrier wave:

Si(t)=S0 X x=—_o{si(t) — to — kt2}

13



DIGITAL COMMUNICATION
Dr. Yousif H. SULAIMAN

si(t)-one pulse function
Sp — pulse amplitude
ti — pulse interval
to — phase
Sit) ((PAM))
S0 |
0 - Ti
to e
S(t) 5
PAM max
AEH —~ —
Smin
\ I H H_
0

A5G 5 AV G a5 L) ks Lty 4ed O (pulse amplitude) ob eded s ) (e el 5

Example: for a pulse -amplitude Modulation (PAM) transmission of voice signal
having maximum frequency equal to f,,, = 3KHz, calculate the transmission bandwidth. It is
given that the sampling frequency fs=8KHz and the pulse duration C=0.1 Ts.

Solution : we know that the sampling Ts is expressed as :

1 1

Ts = f_s = 87103 seconds

14
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Ts = 0.125 * 10° m seconds ; Ts =125 p seconds
C=01Ts
C=0.1*125
=12.5 p seconds

Now we know that the transmission bandwidth for PAM signal is expressed as
BW = .
-~ 2C

B 1 _1x10°
 2%x125%10"¢ 25

BW =40 KHz . Ans.

BW

Time Division Multiplexing (TDM)

In PAM, PPM and PDM, the pulse is present for a short duration and for must of the
time between the two pulses, no signal is present. This free space between the pulses can be
occupied by pulses from other channels. This is known as Time Division Multiplexing (TDM).

Thus, time division multiplexing makes maximum utilization of the transmission channel.

= 8 ya o gedall 128 ,zm)nz)u;‘g\w?yhbdgabw}zx dul\’b;?@.d\w,duw il glaia 368 a4 ) (a yal
.(multiplexing)

n-source n-output
one-communication channel,
MK DEMUX
/ n-information channel. l\_

(multiplexing)

alda A Sl LaY) Y mi(t), i=1,n QI LI e anend 54 < gllaal) Cus ,(multiplexing) Alac o 9e ‘;JUI\ ) <

8 U 50 Lais (SOUMCE) e JS (e 4adldll (data) cobladl A 5 el JLaYL ans Glal¥) cilef g Gadd I il sheall

st (Flow) cusSis o s& (buffer) 31 (symbol) sl (byte) 1 sf (bit) 1 daba i 3 4sas ) (buffer) IS (bé (buffer)
obadl ) £ g sana (00 B (55 Y G e mg(t) Ukl Jls ) A ju anle 5 m(t) (data) <L) o (Stream)
(modem) JMa (e 055 3 2ie (aNalog) Y s s dsed )l adllsy s of Sas M(t) .(digital signal)

((source) saae JS1aal o555 5) (cycle of time interval) sa (frame) LSl

15
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: i i : : : —>
i . Time

One frame =

A

lllustration of TDM concept

16
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mi(t) :‘:I Prfrar mi(t) a) Transmitter

scan
operation

t

meft) modem %

multiple stream modulated
(flow) multiple stream

b)TDM Frame

< frame ) F frame %

112 n 112 n

C)Receiver

J.M maodem
¥ /?

modulated multiple stream
multiple stream

((TDM System))

PULSE TIME MODULATION

In pulse time modulation , the signal to be transmitted is sampled as in pulse
amplitude modulation (PAM). In pulse time modulation, amplitude.

Of pulse is held constant, whereas position of pulse or width of pulse is made
proportional to the amplitude of signal at the sampling instant. There are two types of
pulse time modulation, viz. Pulse width modulation (PWM) and Pulse Position
Modulation (PPM). Because in both PWM and PPM, amplitude is held constant and
does not carry any information, therefore amplitude limiters can be used. The
amplitude limiters, similar to those used in FM, will clip off the portion of the signal
corrupted by noise and hence provide a good degree of noise immunity.

17



DIGITAL COMMUNICATION
THIRD STAGE

Dr. Yousif H. SULAIMAN

Pulse Width Modulation

This is also known as pulse Duration Modulation (PDM). Three variations of
pulse width modulation are possible. In one variation, the leading edge of the pulse is
held constant and change in pulse width signal is measured width respect to the
leading edge. In other variation, the tail edge is held constant and width respect to it,
pulse width is measured. In the third variation, centre of the pulse is held constant and
pulse width changes on either side of the centre of the pulse.

Pulse Width Modulation

Comparator
Modulating h
signal x(t) ® ' »————o PWM output
g:r\:g?aciz)hr Monostable}—o PPM output

PWM and PPM generator

x(t) Sawtooth

waveform
V l/\'\ # time

iy {[PWM output

(comparator output)
+ time
— time

Fig. : Waveforms
24
Advantages Of PWM

1. Unlike, PAM, noise is less, since in PWM, amplitude is held constant.

2. Signal and noise separation is very easy.

3. PWM communication does not require synchronization between transmitter and
receiver.

18
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Pulse Position Modulation

In this system, the amplitude and width of the pulses are kept constant, while
the position of each pulse, with reference to the position of a reference pulse, is
changed according to the instantaneous sampled value of the modulation signal . Thus
, the transmitter has to send synchronizing pulses to keep the transmitter and receiver
in synchronism As the amplitude and width of the pulses are constant . the transmitter
handles constant power output , a definite advantage over the PWM . But the
disadvantage of the PPM system is the need for transmitter —receiver synchronization
. Pulse position modulation is obtained from pulse width modulation . Each trailing
edge of the PWM pulse is a starting point in PWM and hence it is proportional to the
instantaneous amplitude of the sampled modulating signal .

Advantages of PPM
1.Like PWM , in PPM , amplitude is held constant thus less noise interference .
2. Like PPM , signal and noise separation is very easy .

3. Because of the constant pulse widths and amplitudes , transmission power for each
pulse is same.

Disadvantages of PPM
1.Synchronizaition between transmitter and receiver is required .

2. Large bandwidth is required as compared to PAM.

19
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PAM, PWM and PPM at a glance:

~
l_HLI_

Analog Signal

‘ || | Amplitude Modulated Pulses

_‘ ¥‘ _I 1 Width Modulated Pulses

‘ ‘ ‘ ‘ ‘ Position Modulated Pulses

20
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PERFORMANCE COMPARISON OF VARIOUS PULSE ANALOG MODULATION METHODS
W

Table 5.2. Performance Comparison of PAM, PPM and PDM

S. Pulse Amplitude Pulse Width/ Duration Pulse Position Modulation
No. Modulation (PAM) Modulation (PPM)
(PWM) or (PDM)
k Waveform Waveform Waveform
. e e b L | [ S B
' I HEBIL M m-m o
| JIERITIAL i i il
RIEARY i it b
B ho % (Rt il i
. 1 IRRITIRL i
s,
! Time Time Time
9. | Amplitude of the pulse 18 | Width of the pulse is propor- | The relative position of the
proportional to amplitude of | tionalesto amplitude ~of | pulseig proportional to the |
modulating signal. modulating signal. amplitude of modulating |
signal. |
3, | The bandwidth of the trans- | Bandwidth of transmission | Bandwidth of transmission
mission channel depends on | channel depends on rise time of | channel depends on risimg
width of the pulse. the pulse. time of the pulse. '
5. | The instantaneous power of | The instantaneous power of the | The instantaneous power of
the transmitter varies. transmitter varies. the transmitter remains
' constant. j
g | Noise interference is high. | Noise, interference is mini- | Noise, interference is mini.i
System is complex mum. mum :

S/N in analog pulse modulation

The higher the data rate , the greater the damage may be cause unwanted noise
(Claude Shannon ). The task of the detector is to recognize the received signal as
accurately as possible with a given signal quality degradation during transmission
.There are two reasons for the increase in the probability of error. The first is the
effect of filtering in the transmitter , channel and receiver . The second reason for the
increase in the probability of error is electrical noise generated by various sources,
such as the galaxy and the atmosphere, impulse noise combinational noise, and also
interference with signals from other sources. Whit proper precaution , most of the
noise can be removed and reduce the effects of interference .At the time there is noise

21
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, Which cannot be eliminated ;it is noise caused by the thermal movement of electrons
in any conductive medium .This movement generates thermal noise in amplifiers and
communication channels ,which is superimposed on signal .These characteristics
(Additive ,White ,Gaussian) have defined the accepted name for noise AWGN
(additive ,white ,Gaussian noise) .

transmitted 1 0 | 1 0 0 1 1 0 0 1 0 1 0
data

signal

noise

signal and
noise

oS 0 U [ 01 R N1 010 I O 8

received data 0 1 0 1 ] 0 1 1 1 0 0 1 0 0 0

reference data | 0 0 1 1 0 0 1 1

e
“———— error bits "'//

effects of noise on the digital signal.

SNR 4, =10 Ig( signal power / noise power)
C=Blog; (1+ SNR)
Where C- channel capacity (bit/sec)
B- channel band width (Hz)
Example: Assume that the channel extends range from 3 to 4 MHz, a (SNR) is 24 db
B=4-3= 1MHz
SNR db= 24 db = 10 Ig (SNR)
SNR=13.8
C=10°. In (1+13.8)= 10°. 4= 4 Mbit/sec
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