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MODULE SECTIONS

Section 1: Electrical and electronic systems

SUGGESTED PREAMBLE
DURATION

4 hrs To enable you 1o identify the similarities and important
differences between an electrical power distribution

system and a communications system, and to introduce
students to the concept of a control system and the
difference between open and closed loop operation.

r=_=____== —L i —
This section covers learning outcomes 1 and 2 of the Module Descriptor.

Objectives
Al the end of this section you should be able to:

[0 draw the block diagram of an information transfer system showing:
- input transducer
- transmission medium
- amplifier
- output transducer
- power supply

(] describe the basic purpose of each block in an information transfer system
and describe the general operation of the system

[ indicate typical power levels in an information transfer system

(] draw a simplified block diagram of a power distribution system showing
power input and losses

[0 describe the general charactenistics of an electrical power transfer system

O identify where energy is lost in conversion and transmission processes in
electrical and electronic systems

identify the possible need for feedback in electrical and electronic systems

state the different characteristics of open and closed loop systems

given examples of systems, determine whether they are open or closed loop

o B 0O O

given examples of closed loop systems, determine the action of the
feedback function.
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m i "anﬂ elgeﬁ'ﬂn‘c Sj’ﬁtﬂms Now let's look at a practical information transfer sysiem

Power
mﬂﬁtwufs}::fel::m of a system is * & collection of things which TECEIVES E‘w’ J
Anmmmng .d acts on them to produce certain outputs, with the Dbj?i?llvt' of . J
WWE < function of the inputs and outputs’. This broad defimuon jncludas .- L
mnmm:iﬂmm‘i hysical systems. Electncal, mechanical, h}?dmu!i;. acoustical and l > /
mmeﬁsﬂniimmples of physical systems. Ecnnnrmic.* _poht?cal. and
imhsuial-pianning systems are examples of socio-economic s} stems.

- 4 public address system,

!

e,

Microphone Armpdifar Loudspankar
¥ o - , r; f
A system is characterised by its inputs, its outputs (or responses) and ‘h“] aWso
A Syslc - ' the current-voIlage
S e the laws of operauon are _ B
| on. In electnical systems, ] f interconnection, i.€.
mﬂ J ; . e pf Inlerconnec
AR 8 arious components and the law : ST e
mlauon’shl]_?s i mem\‘ se laws caﬂ be used to denve mathematical equalions rr.ll‘_'.[:[-:tx;
iy Ia“:l?; inputs. These equations form a mathematical model of the sysiem.
the outputs 10 the INputs. :

; ' i . al Hpnk 1.!-\"1.!-] 11]‘1._“1':-:1
3 y 4 ¥ 1< S I 111:\. -.,:“‘"j I!._ n".ll..-ih T'E |
".Ih X 1 h o H uts YLl N i

I'he microphone is the input transducer.
The microphone ;ablt and the loudspeaker cable are the transmission media
The loudspeaker is the output transducer. |

The power output from the microphone would be of the order of nW. and the ower
delivered to the loudspeaker would be of the order of a few W 5

- s d:l‘} fleptindhq_. - i
(= a I"E IH' I - Ii [rl_‘!r’ l'l. - "I ,;ILH s h'

i -\..I L -I-S £

ND‘L"‘ I1I ! M = 1 : - L - . . B <
losed | control used in these SYSIEMS- uamf; ustlcak al a power distribution system and compare it with the information
' and closed 100p ¢ 3 el o
and we will look at open an
i ] ' r system.
Let's start with @ block diagram of a simple informauon ransfer sys
s

Power distribution system
Information transfer system

Trﬁmm!_,
L [

Los<as
input Transmission Amplifier
transducer medium

The mechanical input power may come from a steam turbine. falling water, a
diesel generator or some other source. The generator converts most of this
power to electrical energy and the remainder is lost as heat.

The purpose of the inpul transducer is to convert the information from the
source into an electrical signal.

The transmission medium consists of transformers and transmissi ]
03 i the sienal to the amplifier, where the form There will be considerable iR losses in th " TR lines:
The transmission medium CONveys gn AL The ndded power siderable 1°R losses in the transmission lines. Transformers
of the signal is not altered, but its power level 1s mcre:au;ed. 1; T d;n']*: ¥ are used to allow the use of high voltage and low current to minimise i°R
: i ly, which is a DC source (most hikely Gerive losses.
15 supplied by the power Supply.
from an AC source).
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mechanical and acoustical vibrations but these also dissipate as heat.)

' riso i jon systems
' rison of power and information S} :
g.:ep:m similn'rill;es hetween the information transfer system and the power

distsibution system. For example, the loudspeaker cabie_in our P.A. system n}?y .
have transformers at each end to allow transmission at higher voltage. Though this

reslts in lower i°R losses, efficiency is not the pnme consideration.

The prime consideration In a power distribution system is efficiency, ie.
‘minimising power (or energy) loss.

The prime consideration in an information transfer system B wavefc{nn |
integrity. Waveforms are degraded by noise and various forms of distortion.

Open and closed loop control systems :
Closed loop contro) systems differ from open loop control systems in that they use
negative feedback. Feedback simply means a transfer of information between the

output and inpul of & system.

Here is an example of & negative feedback amplifier.

¥ o h‘\\_

/

The outpul voltage is sampled by the resistive voltage divider to produce a feedback

voliage, v,. This voltage is compared, ie. subtracted from the original i )
PESS input signal
V., and the difference is amplified, € pRMEIE

—
! L . EA120 Elecunnic Signals and Sysiems
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It 1s quite easy to show that if the amplifi

Er gain 15 A and the fractic s
which is fed back (V,/ V_,) is B, then oL e

r r‘: .II
a_rl;’.RI:f::-!-, e

v B

Our mathematical model characterising the sysiem is now v ery simple.

In our example above, if R, = 1k and R, = 9kQ

HI
then B = "
R, + R,
Here is another example. The position of a shaft is controlled by a potentiometer.
The amplifier adjusts the position of the shaft until the control polentiometer and the
posilion sensing potentiometer, are equal.

\

|
. r‘*th =
;]:g,ﬁ/ﬁf- - JL\ L

s
pemitored
by mcior

incgative feedback control systems occur in many areas of engineering, as well as in
biological systems and socio-economic systems. An example of a biological system
1S the way the pupil of the eye is adjusted according to the intensity of received light
to maintain a fairly constant illumination of the retina. An example of a soico-
economic system - prices go up, sales 2o down, so that revenue from sales stays
roughly constant.

An example of an open loop system is the control of a car's speed by the position of
the accelerator. Ideally the speed might depend only on the accelerator position but
there are other controlling factors - wind speed, road gradient, load, engine condition,
gear selected. If cruise control is used (a closed loop system) then these factors are
almost eliminated. There 1s one factor, however, which cannot be eliminated. This
15 the effect of mass (or inertia) when we wish to change speed.

All feedback systems are affected by inertia of some kind. If the price of chocolate
goes up, it may be some time before your chocolate consumption setties to a lower
level! Feedback amplifiers always have capacitance (even if it 1s only stray winng
capacitance) which provide ‘inertia” and affect the response 10 a change in input.
Where a motor is involved, there is clearly a large amount of ‘inertia’.

M_
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wartia but the following
. e el does not allow for inef N 5
Our simplified mathematiot l:'lﬂd control system might respond [0 3 change in inpur, Hew ions
diugrams show how a clased loop Review questions

These questions will help you revise what you have learnt in Section |

Draw a block diagram of an energy transfer system, showing power input and
losses ' =

State two important differences between an electrical power transfer system and
an information transfer system.

e
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) loNns T 4
Review questi Section 2: Signals, spectra and non-linearity

would use closed |l'H‘rp

al/electronic Systems SUGGESTED

: o wing electnc
State which of the following DURATION

control. " o
7 hrs To introduce you 1o Fourier concepts and tt g
- N - ‘ : ! : . = !1 :
The speed control on a kichen food processor C p ¢ spectra of

: ' Some common signals, 2 : i
in a compact disk player. | ‘common ignalf}._and [(.:-. extend these concepis in
acroplane explaining the effect of non-lineanity.

FREAMBLE

The laser tracking system
A remote controller for 3 m{}dt!.
An AGC system in a radio receiver. v 1 |

An oven for the crystal in a high 513‘{’”“}’ '?:’]':]”amr' This section covers learning outcomes 3 and 4 of the Module Descriptor.
in a steel rolling mull.
The pressure controller in a

Objectives

At the end of this section you should be able to:

[J' predict the spectral frequencies of a given periodic wave

[ 1 recognise that a non-peniodic signal such as speech contains a continuous
band of frequencies

sketch typical time and frequency domain diagrams for white noise, speech,

1 sic, video and random binary data
4  Brieflv describe the action of the feedback in a voltage amplifier. Music, Vv 3 ary data

relate one line of video lo a grey scale

define non-lineanty

calculate harmonic and intermodulation distortion frequencies.

5. Two motor speed controllers are controlled by potentiometers. One uses open

Ipop control and the other uses closed loop control. Briefly compare the likely
control charactenstics.

M
M E-AIW Eiccu&nl: S.Enajs md S}j‘cm
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Time and frequency domains

is to view them 1n the bime

Time domain hod of observing electrical signals

Frequency domain

In general, the term fre ey dc =fers to anv er: :
Asdiaty i ; queEncy domain refers to any E[dph or measurement which is

taken as a function of frequency. The most commonly encountered measurement is

amphtude versus frequency. The resulting display is known as a spectrum or a

spectral diagram

The traditional MELHo
domain, using an ascill

A" W‘VH"‘“[ 15

/ .
. . mpll |
n {f:.\‘ lavs ! The Ene moves uD o down &S
Time domai pla | e sigoal level varies

0scope.

The spectrum analyser displays amplitude versus frequency on the screen. A signal
having only one frequency component appears as a single vertical line. The heltcrht
of this line represents amplitude measured either in volts or milliwatts or dBm :
(another way of expressing power measurements). The position of this vertical line
along the honizontal axis tells us its frequency.

age) versus ume, which i1s adequate for

The ine moves D Ta e o nght whan
e freguency vares

(\'n]l

The information displayed is amplitude . . ‘
. aveform measurements involving timing and

most low frequency audio and digital w
phase.

—— —— = Frequecy

However. time domain measurements are not gsually adequate when studying RF
devices such as amplifiers, oscillators, hlters, mixers, modulators and antennas. The

reasons for this are given below.

Frequency domain display

One feature of the spectrum analyser is that it allows either linear or logarithmic (dB)

eforms above several hundred MHz. scales. The loganthmic scale permits both large and small signals to be displayed

simultaneously. For example a signal which 1s 60dB below another 15 — of
1000,000

thas signal’s power. On a linear scale only the larger signal would be seen. Viewed
on an oscilloscope, the effect of the smaller signal would not be noticeable.

.  Oscilloscopes cannot normally view wav
Their intemal amplifiers are not capable of amplifying many of the high

“sguency signals found in communications equipment. For example,

AUSSAT signals return 1o earth at 12GHz
(12000 MH2!1!). An oscilloscope can not be used to view these signals.

Oscilloscopes are often not sensitive enough to display the tiny signals found
in communications equipment. For example, most oscilloscopes have 1mV/cm
as the most sensitive range, and could not display signals with uV levels. It
would be even more difficult to display a 1uV signal at the same time as a
10V signal.

An _oscillnscupt cannol break a complex signal down into its constituent parts;
W displays them all added together. Many signals are complex; that is, they
dre composed of more than one frequency component. It is impossible with an
oscilloscope 10 examine mdividual components of a complex wave.

ﬁ you rr:ajdy to throw your oscilloscope away? Don't! Even though it can’t do the
= ;f: mtnhtlrkmc? above, 1L1s probably the most versatile general purpose laboratory
ment. Besides, the instrument that can do everything mentioned above may

<ost between $10,000 : ok _
St and $100,000. This expensive instrument is called a spectrum

I EA |9 Elecoon EA 190 Electronic Signals and Systems
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Spectrum analysar display

ither the time or frequency domains.
domain representations of a signal are
then the other can be denved

In many cases a signal can be observed 1n e
The choice is yours. The time and frequency
complementary, and if one representation is known,

from IL

This field of mathematics is known as Fourier analysis, after Jean Baptiste J(}seph‘.
Raron de Fourier (1768-1830). He accompanied Napoleon on the Egyptian campaign
in 1798, becoming Govemnor of Lower Egypl before returning to Franc:? where he
produced his classic paper ‘Theories Analytique de la Chaleur’ (Analysis of the Flow
of Heat). In it he evolved the mathematical series which bears his name today, and
has fo...d application 1n most branches of apphed science.

Summary
®»  Time domain refers to signals and guantities viewed as a function of time.

=  The oscilloscope displays signals 1n the time domain.

=  Frequency domain refers to signals and quantities viewed as a function of
frequency.
The spectrum analyser displays signals in the frequency domain.

EA 190 Electronic Signals and Systems

Student Workbook
June 1995

Fundamentals of Fourier Analysis

Stated in the simplest of terms, Fourier's theorem says:
A complex penodic waveform may be analysed as a
number of harmonically related sinusordal waves,

'his means that we can synthesise (make) any complex periodic waveform by zddine
together pure sine waves in the right amounts. Electronic music can b-? clrw--{ﬂjd e
exactly this way: certain combinations of sine waves may &crun*d like ;ﬂl;tz M::-:
another combination may sound like a fog-horn. The term periodic simply T‘r:lf‘u.:“i
that the waveform repeats itself after a given time penod T. | ) 1

The frequencies of the constituent sine waves are all integer multiples of the
fundamental frequency of the waveform concermed. The;e multiples are known as
the harmonic frequencies, the second multiple being known as the second harmonic
!.hf.‘ third multiplc bﬁll‘lg known as the third harmonic and so on. The first h'-ﬂ_}'ﬂDﬂH,:
IS just the onginal frequency, and is referred to simply as the fundamental.

This applles to all CD[‘HP]EK PCI’IOCT]L u.-a*.':‘:fcnrn-[s, such as square, mangle. PL‘.]':Ed and
sawtooth signals. An ideal sine wave however, has only a fundamental component
and no harmonics.

Generally speaking, the higher harmonics are weaker than the lower ones. althoush
the individual amplitudes may vary in a complex manner. (Note that in the figure on
the next page, the ninth harmonic is larger than the eighth harmonic). Also note that
the fundamental or any harmonic(s) may have zero amplitude.

An example of this is the square wave which has only odd harmonics. Another

property of the square wave 1s that the third harmonic has an amplitude L that of

=

the fundamental, the fifth harmonic has an amplitude l_ that of the fundamental and

S0 0.

EA 190 Elccuonic Signals and Systems
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Let us now see how a square wave can be made by adding a fundamental frequency
and a number of harmonics. You will recall that only odd harmonics are required,

. _ 1 )
and that the third harmonic has = the amplitude of the fundamental and so on.

Figure (a) below shows the fundamental, the third and fifth harmonics and their
No even harmonics! _ : 1 |
: phase relationships, and Figure (b) shows the resultant. Note that all odd harmonics
jﬁ to infinity must be considered to construcl a perfect square wave, although in
¢ r/f A‘“ practice the higher order harmonics become insignificant.
I : Freq. Final scquare wave
[ T m— '
o1 28458780100

Argh-
nsse

r

|

1

i

|

Fundamental
_ ard harmonic

(s) Square wave

Amplitude

Distrbiution o ‘ Sth harmanic

Phase
E'lﬂmpk relationship

A form has a period T = 40mS. Calculate the frequency of the fundamental,
wavelo

and the second, third and fourth harmonics. {a) Components of a square wave

! Frequncies lo the
Fundamental frequenc= T 5th harmanic

1

- 0 x 107
= 25Hz

Segond harmonic = 2 x 25Hz
R (b) Resultant of frequencies 1o fifth harmonic
Thaurd harmonic =13 x 25Hz

= 75Hz

Fourth harmonic =4 x 25Hz
= |00Hz

I\“ i Iw e Slgmh o 5}.“““.’
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Waveforms and spectral diagrams for common signals
ymmonly found in Random data

: introduced to some of the waveforms common!} et - ]
pon Ll e h“n ' and systems. The waveforms are: or data, the required band ﬂ-'ld_lh 15 1elated to the bit rate. The higher the bit rate, the
Ws equipment = . T t_'d"d?'“j[h > Tequired.  For most applications we can say that the required '
' the sine wave bandwidth is equal to the reciprocal of duration of the Narrowest pulse,

the square wave

while noise - ~

o L

television Wop

random data.

: wave are periodic, but the remaining signals are nog, e
spectrum, and we know i general terms what each one looks like, but lhe precise | "i'|,I! |||‘ |"_ F ui !
detail of the frequency distribution at any given moment can not be predicted. S Al i
0 1200Hz 2400Hz

freq.

Bandwidth

A commumecation system should provide good transmission for all frequencies where
the signal power spectrum is significant.
Spff;.’r um {xf random data

Speech
For speech, the entire collection of vocal sounds extends from about 80Hz to 12kHz.

with strongly decreasing energy at the higher frequencies, This wide range of
frequencies is required for high fidelity broadcast quality speech. For most
COmmuRications purposes (eg. taxi and police radio, telephone) such a wide range is
unnecessary and 1t can be restricted to 300-3400Hz before the intelligibility suffers. _

But what does this mean? Does it mean that the component frequencies in the
Music -peech that comes from your telephone stop sharply at 3400Hz?
For high fidelity music, the band from 30Hz 10 15kHz is reguired. : , -

No! It means that outside the limits of 300Hz and 3400Hz, the speciral components
Video are weaker by 3 decibels (dB) or more below the strongest Speciral components

within the 300 to 3400Hz band.

For video, frequencies from 0 0 SMHz are required.
Note: The decibel is a logarithmic power ratio which is used throughout all fields of

electronics. In particular, 3 dB means that the power has fallen by half.

In the case of speech which has been transmitted through a telephone network. the
bandwidth will have been reduced so that the 3dB points are 300Hz and 3400Hz.

e e e
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d !
tation of the basec?ra;lldiagrams. it is necessary to adopt a
spe

ardless of their actual spectra. The
e hypotenuse of the tnangle increasing

oy resen :
S e sgnals hive Va1

. . for all of them, reg
srandard ltpfes#ﬂlﬂllﬂﬂ 1 the figure below, th

i show
standard shape 1 asing frequency.

The first zero point on (he SV

CUrve corresponds to the freq

X uency —

of course, l

=

The fundamental frequency is,

in the direction of incre

Symbolic representation of the baseband Example |

T=1Ims, t=02ms

ic shape usually bears no resemblance to the actual baseband ] ]

& = :__:kaf:' _=5 S
alc in fact have the opposite characterisuc. . : K

Locate 5kHz at the first zero of the curve.

Note that this symbol .
signal in the system. Speech sign

The sienificance of this representation will become apparent when we consider the
=

topic Modulation in Section 4.

The spectrum of a pulse train
For 2 rectangular pulse train with penod T and pulse '
: Sinx

l i nents can be found from the cUrve.
relative amplitudes of the spectral compo C =

width T as shown below, the

—_— T =

_ kHz
In this case the 5th harmonic (5kHz) has zero amplitude.

Note that when the above spectra are displayed on a spectrum analyzer, all the
spectral lines are shown above the horizontal axis.

EA 190 Electoonic Signals and Systems
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Example As T increases, the spectral lines get closer together,

T« Ims, ©=03ms (square wave) . I
: If T — = (1e. we have only one pulse), the spectral lines form a continuum.

Ii

Note that a large praportion of the pulse’s energy lies below the frequency

L]

et

Illlnww

-

I
1

Even one cycle of a sinewave has a continuous spectrum. This is used as a test

Example 3 _
e signal 1n Television.

T=1Ims, 1=04ms :
Energy density

A

"\ | h .

ol 8 singwave ::;,;”fsa' oy

frequancy

D 2 1
T T

Note that m this case i Is not a harmonic, and that the i

= rst component to have zero
amplitude is 3t SkHz (the fifth harmonic).

- EA 190 Electionic Signals and Systems
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Non-limear device

The curve can be represented Dy as power series:

V, = A‘Ym 3+ ‘:5;__ ".r: + _‘51 ,-_..
Spectrum with varying signal: - ‘ e
- Lominance: 0 } 5er1:; s Harmonic distortion
! Chromunance: Cen =5

, Honzontal sync: 15625Hz + harmonics. If we let v_ = sinot

Non-linearity A, sin‘

Ouiput voltage 15 not proportional 1o mput voltage. A

A
— — CO520I
2 2

cos2wt = 2nd harmonic.

Likewise the 3rd order term A.v_> will produce a 3rd harmonic.

Intermodualation distortion
Let the nput consist of two sinewaves:

- . \ - V. = SInW;t + sin.t
Output is ot a sinewave bot is stil) penodic. It therefore contains harmonics and

hias the same fundzmental frequency as the input. The second term in the power series above becomes
. : AV, = A, (sinw,l + sinw,t)
Almd:ﬂmlmsvﬁuyn n 2 | 3
A little trigonometry will show that this term produces not only the harmonics 2w,
Vo= AV, and 20, but also sum and difference frequencies ©, + (),
The 3rd order term will produce w, * 20
and 20, * ,.
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inewave are added logether and spplied 1o 4 non

A 1kHz sinewave @0 3 j0kHz »
linesr device, The ouipul will inclode

(i, 10kHz (original frequencies)
Wz kM, Sz (harmomcs of 1kHz)
WikHz, WhHz, $0xHz harmonics of 10kxHZ)

SHz 11kHz (Ind ordex intermodulation)

SkHz. ) 2kHz 1%H2 3 1kHz (3rd ordet srtermodul ation)

= rirriT )

—

arr/T

vir = 4
_ : )-}a: 2xinf it

[ =
eyl Cisk ol SIP% * it
L BTl -t":-.':.r-‘l

=¥ [ Ly -]
it - 2 BA o -
: .l'.-"r:-r.!jl Efrl' "—“ r 7l o -
F) ';:J' wa 'i"]r -
: ey - =
z J-"'.J'.'i ?--'rql"_'r

I
w cos Zeinf )t

I t 4| ‘
- S

?I": W
Il o —_ o - = -
] ¥ ?.r : Tig 2.;“{1' ;.' I‘ll‘_
f ‘ i :;I!' -'_‘.', fr

Z [[=1)= (i‘f ul E'fn’fﬁr

A )
Y0 Bletyunic Lygnats wed & e 15
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Output of an ampiifier
dsiorson
Square wave

Section 2.

\

—

lms

T T-L7 | ® -
g waveforms, state the frequencies of the first three

Ul help you revise what You have learnt in

For each of the followin

compornents present.
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Review questions
Review questions

Sawlooth wave

For the waveform shown below, will the Sth harm

Onic be present?

A rectangular pulse train has a peak amplitude of SV. a pulse

. width of 2ms and
d penod of S5ms.

() Calculate the DC ("average’) value of this waveform

Output of a
half wave
rectifier

- =

(b) Calculate the mark-space ratio.

Output of a full
wave reclifier
-

(Discuss this with your teacher!)

o e R
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Review questions

[ i . v Corniponent
fc) On & lrm:mnt. sketich the five lowest frequency Corif
' .
wavelorm. excloding the DC component

(d) Which harmaonics have zero ampiitede?

. 1 ‘
4 PYA. WNE & —sinxcourve, skeich the spectra of each of te pulse (rains beloy
X

reakmg the frequency order of the harmonic at the first zeto of the curve

r”

= [l"‘_ 20us

. (b) Describe the effect on the spectrurn of

b V & reciangular pulse tran if the cule
width s Jecreawed wi i : : SHC RNSE
I > A ---.r':-l.:-r‘!: . l*"Ih'-t "_r;": F_.-J! ¥ F.-p‘—o-rl,-_":! r":T"'J_}_':lﬂ

- ¥ -
COonsiarn

[J‘ i o Flp AT fawn T -

A ; T TR PG ) ylae
o i t“i-r Wi wnd Syseens Yhalerd Widyrern

Taude g Wenhinahk [
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Skl L::sccd into the passband when @ filter is inserted Into & System. (Ty,
S _

same as transmission

with equal inpul and load iT]]ITEI.I;tIIE{:t;J.

Low Pass Filtening (reduction of high frequency response) - results in a loss of
clanty and intelligibility of speech.

High Pass filtenng (reduction of low frequency response) - results in 2 loss of
tfullness of tone.

Low pass filtering of square waves
Examples

(1) An ideal LPF removing everything above the 5th harmonic.

r
|
"
L
¥
¥
)
)




T 7Y ‘Review questions
E mll e Review questions

- - R i

i< the bandwidth of a filter normally defined? . I
« State is the ultimate roll-off slope of the simplest R-C filter

e ——e

4. How

Question 3 refers 10 the figure below which shows the amplitudelfrequency respons,

a filter. Y ok :

ofafi ' . A El‘t’lHﬂz LPE Is Inserted bg!ween the composite video output of a colour video
source and the Input of a video monitor. List two effects on the PiCIUEE

Sketch the effect of a 2400Hz LPF on the 2400 bps data signal below.

1]
I 1]
[ [/
s
A

Attanuation (dB)

Why is the phase/frequency response of the filter referred to in Question 8
important?

1
1| ! 1 |
150 151 152 153 154

|
!
|
|
|
|

Frequency (kHz)

5. (&) What kind of filter is n?

10. Give two reasons for using filters in communications equipment.

(b) State i1s the insertion loss.

() Delermine the 3dB bandwidth.

-

m —
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Shill practice :ﬂﬂ . Section 4: Communication systems
Laboratory re

filter response SUGGESTED
DURATION

Measurement of ceramic PREAMBLE

Suggested duration e

Skill practice: 2 hours 6 introduce you ¢ nci
Sl pctce: 2 2Je 8 hrs To introduce you to the principles of a communications
| ‘ system, the need for modulation and the effects of
: | on both analog and digital systems.

1

r the assessment for this module. It assesses — - — X S -

noise

Assessment

-« ckill practice forms part fo . | . | ‘ |
c ;“nﬂ:gﬂafﬁg outcomes 3 and 4 of the Module Descriptor. TS T e —
; in this exe carm
You must work on your own In
part of this exercise.

: 3 B
hle part of this exercise is Step - -
The assessabic p part of this exercise in 25 minutes.

rcise when completing the assessable

Objectives

You miust complete the assessable

The total marks available is 5. Al the end of this section you should be able to:

0 draw the block diagram of a general communication system, with or

Tasks _ 2 :

b: 1 a square wave.
=  To observe the effect of a ceramic filter on ' _ “u
O explain the difference between analog and digital signals and list three

. sources of baseband analog and three sources of baseband digital sienals
Egquipment - g
communications trainer state two reasons for modulation
ceramic filter module
frequency counter module [ state three reasons for the differences between received and ransmirted

AC voltmeler information

.nscope
audio oscillator (10Hz 1o 1MHz) sine/square explain the term ‘multiplexing’

with respect to radio communications, state the decade frequency ranges
from VLF and SHF to state which bands are used for:
- AM broadcasung
Ffj‘,‘? Ealiter Filter module - FM broadcasting
/ - lelevision

in - satellite communications
out

Procedure

list and explain the main differences between analog channels and digital
channels

explain how digital signals may be sent over analog channels which were
not designed for such signals (eg. data over telephone lines)

Before instal_ling the Ceramic Filter Module into the Communications Trainer
frame, examine the module and locate the actual ceramic filter (colour red).

N_j}l& that there are transistor amplifier stages before and after the filter. These
must not be overdriven.

draw a block diagram with waveforms, of the communication system
arrangements listed below and give an example of where each combination
could be found in practice
analog signal (speech) over an analog channel (telephone line)

Connect the frequency counter module to the squirEwave. out e N : digilalrsigna{ (quta} over an analog channel (telephone line) using FSK
oscillator. This provides a : : putoliithe :audio or PSK modulation -

& constant level signal for reliable counting. analog signal over a digital channel
digital signal gver a digital channel.

______—_—-———_—-.—_——
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Communication systems

Block diagram of a communications system

="
[} L)

Destin-

Two possible block diagrams of a communications system are shown above. The
first dingram shows a baseband system where the channel is a cable. The second
dizgram shows a system employing modulation and radio transmission.

Example of information sources are:

= someone speaking inlo a microphone

- the picture ‘seen’ by a video camera

- femperature or pressure being measured by a transducer
- information on & computer disk.

Following the source is a ransducer which is a device that converts the information
into an electmical signal. Examples include a microphone, video camera or

temipe sture sensor. The tansducer at the destunation end converts the electrical
signal to another form, such as sound or light. Possible transducers at the receiving
end include a loudspeaker. a video monitor and a digital display. :

The transmatter will include a modulator to convert the baseband signal (ie. the
transducer output) 1o a form more suitable for the channel. For example, when an
aut:-lin signal is transmitted by radio, the radio signal 1s of a much higher frequency.
'n:us allows the use of a more convenient size antenna and allows different radio
stahions (0 use different frequencies. Using modulation allows a large number of
telephone channels (o use the same pair of wires, oplical fibre or microwave radio
link. A compuler modem (modulator/demodulator) allows digital data to be
transmitted over a channel designed for speech.

EA 190 Electromic Signals and Sysiems
Student Waorkbook
June 1995

The channel on our block diagrams should strictly be defined as a means of one way
communication. In a radio system, the channel occupies a certain frequency band. :
In a telephone system the frequency band is normally 4kHz wide. Broadcast
television Channel 2 occupies the band 63-70MHz in the radio spectrum. A single
pair of wires may carry one or two baseband channels (as in the local ;:lephonc*
network) or, with the use of modulation, a large number of channels. A cable or
radio system carrying many channels is often referred to as a bearer. The term
channel may refer to one hink in the system or a set of links.

Multiplexing

The term multiplexing refers to the use of one bearer to carry more than one channel.
Frequency division multiplexing (FDM) 1s where each baseband signal i1s modulated
to a different frequency range. Time division multiplexing (TDM) is where different
digital signals or samples of analog signals are sent in different ume slots. For
example, a 12 channel FDM telephone system may allocate 4kHz to each channel
and occupy the range 60-108kHz. Radio broadcasung (including television) uses
FDM as each station or channel occupies a different frequency range.

The diagrams below illustrate a 12 channel FDM system. Each of the 12 baseband
signals occupies the range 0-4kHz. After modulation, each channel occupies a 4kHz

slot.

0 4kHz

Belore modulation

l 108k

60kHz

M
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he radio spectrum _ Signals and chan
In radio communications, different parts of the spectrum Hngth analog and dignitez:ls signals may be carried
1 radn ATy o ‘ © Camied on copper wires, radio ic
fibres, However, an analog channel will have amplifiers which cannntbrra;;t';ll;i:'g[ ]
c 12113

following terms:

signals. Likewise a digital ch | wi :
. . VLE Very low frequency , glial channel will have repeaters which discr :
;Okg:z' -ngl;m {f " Tow frequency two voltage levels and cannot handle analog signals. e
300kHz - 3MHz ~ MF  Medium frequency IS possi
3IMhz - 30MHz HF  High frequency (Iiti :?é‘-‘?‘btﬂiil}lﬂwtwr, or analqg channels to carry digital information and for
30MHz - 300MHz VHF Very high frequency = ; _onne’s to camy analog information. Thus we have four combinations of
3{&3}»{!{1 S UHF Ulwa high frequency signal type and transmission channel type.

. SHF Super high frequency _ :

iGhz - 30GHz pe (1)  Analog signal, analog channel

are referred 10 using the

_ - { ferred to as medium wave)
| AM Broadcasting uses the MF band (also re €).
In Austraha, & Example: Speech on a telephone line

Short wave broadcasting uses both MF and HF.

The standard FM broadcast band is 88-108MHz, which is in the VHF band.
Anal
saral /\/\/M\f J\/

Television broadcasting uses both VHF and UHF.

Communications via satellites generally use SHF, but VHF and UHF are used in
some applications. Dieliallstendliariloe.shomie]

Example: Computer data on a telephone line.

Analog and digital signals - _
An analog signal is continuous in time and may have any value within a given range.

(A baseband analog signal is an analog of a physical quantity. For example, the
voltage from a microphone is an analog of the sound pressure. Sound pressure can
Analog signal
i (carier fraquency)

~ vary ~antinuously with time). Digital signals can only have certain values (usually

only twn) and can only change at certain points in ume. The terms analog and
digital roughly correspond to continuous and discrete. f\ﬂﬂﬂﬂ /U»w M}l

Volage
(111) Analog signal, digital channel

Example: Speech or music on a digital channel.

e Degliml sigral

T UL
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alog signal, such as one directly
s the signal by a bit stream. At the
the analog signal. Yoy will

takes an an ; b
A codec (coder-decoder) Review questions

representing speech, and approximate
receiving :ﬁd the bit stream is used to reconstruct

learn more about this in the next section. These questions will help you revise whar you have learnt in Section 4

Digital signal, digital channel 1. (a) Draw a block diagram of a cormmunications system employing radio.

Example: Computer data on a local area network (LAN)

cital Digital
::':slJl'slsul'1r!|r:m;l ithar signal

Degradation of signals in transmission | _ . |
Whether analog or digital transmission is used, the received signal will be differeng

from the onginal becavse of noise added at every stage, because of crosstalk from
other channels, and because of the non-ideal transmission charactenistics of the

channel (distortion, limited frequency response non-uniform time delays).

In the case of digial ransmission, if repeaters (regenerators) are used before the
signal is badly degraded, the emor rate can be kept very very small. With digital
Signals, emors can be detected and even cormrected. (This is very important if you are

transferming large sums of money electronically!)
In an analog system, noise and distortion are always cumulative. (You will be aware
of this if vou have ever made a copy of 4 copy of an audio or video cassette tape

recoruiag), : :
(b) What 15 meant by ‘channel® and how is it different to a *bearer’?

The diagram below illustrates the difference between an amplifier in an analog
channel and a regenerator in a digital channel. It also shows how a regenerator can

TEMOVE Noise.

(c) List three possible source transducers and two possible destination

Amplifier Amplifier transducers.

AN NG
- ) L~

Is a microphone a source of baseband analog signal?

’»{wﬁﬂeneratnr w{i:ganeramr
I//

Digital signa) L~ —
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Review questions
Review questions

Orl.

State which of the following are reasons for using modulali
What would happen to an analog signal if an allemp! was made 1o transmit it

To improve the signal to noise ratio Y S
To allow muluplexing

Ta increase the speed of transmission
To allow use of a more suitable frequency range.

Briefly describe what a modem is and what it does.

Give three reasons why a received signal may differ from the

What is the name given to a device which allows analog signals 10 be
transmitted over a digital channel?

Name the two types of multplexing.

<.ate the freguency bands for the following:

(a) TV channel 0

(b) TV channel 28

(c) S48MH:z

(d) CB Radio channel 40 on 27.405MHz

Briefly explain what is meant b : '
y.exi y SHF, including what frequencies it cove
stale a major application. / rsaﬂd

j‘ EI . EA 190 Elecoonic Signals and Systems

68 EA 190 Electonic Signals and Systems Srudent Workbook
Student Workbook June 1995
June 1995




EAI90 Electronie Signals and Systems

Student Workbook
Jume 1995

D i *
E i B e S
.

P =

Section 5: Pulse code modulation

SUGGESTED PREAMBLE
DURATION

.6 h_rs | l'o introduce you to the sampling theorem and PCM.

This section covers leaming outcome 7 of

the Module Descriptor.

Objectives

Al the end of this section you should be able to:

L1 sketch the spectrum of a pulse amplitude modulated signal for each of the

following cases:

- Sampling rate greater than 2f(max)
- sampling rate equal to 2f(max)

- sampling rate less than 2f(max)

use the spectrum of a PCM signal 1o:
- deduce the sampling theorem
- show that the original signal can be recovered with a low pass filter

explain why in practice, signals are sampled at a rate higher than that
required by the sampling theorem

explain why an anti-aliasing filter is necessary

use a block diagram to describe the operation of a PCM communication
Iimk compnsing the following processes or components:

filter

sampling gate

A/D conversion/quantising

parallel/senal conversion

D/A conversion

low pass filter signal recovery.

EA 19 Elecoomc Signals and Systems
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Introduction The PCM encoding process

What is PCM? ~ation in which an analog signal is encoded into g The basic PCM encoding process involves the following steps:

PCM is a means of communi srnemission medium in a digital format. and . Low-pass fillering

soiral cional. (hen transmitied over 4 Lr = Sampling
gf;;f:-_f!fcnodcd back into its onginal analog form. e . Analog to Digital Conversion (Quantisation & Encoding)

=== =
ol o el

wmpgummmmwﬂ

The concept of PCM is not new, and is credited to Alec Reeves _whp concelved the
idea whilst working in the Paris laboratory of ITT 1n ]93?.‘ Partial implementation
of PCM however, had 10 wait for the invenuon of the transistor many years later,

The first commercial PCM systems were installed in the early 1960s.

What are the advantages of PCM?
. 2emng a digital signal, PCM has high immunity to noise and interference.

PCM signals can be regenerated ‘as good as new’ at regular intervals along the
transmission medium. This ensures that the transmission quality remains high
over the length of the path, regardless of the length.

‘The present worldwide trend is towards integrated digital networks. PCM is
compatible with this trend. Analog signals, once ‘digitised’, are
indistinguishable from data signals, and both such signals may be treated as
one.

PCM allows the capacity of existing transmission systems such as telephone

cables 10 be greatly increased. For example, 30 users can be multiplexed on
Just 2 twisted pairs of wires.

Are ll?ert any disadvantages with PCM?
The primary disadvantage is the large bandwidth required. However, most existing

types of transmission medis are under-utilised when carrvi |
n me Ing analog signals, and
actually have sufficient bandwidth 1o carry PCM sign:f]? - o

|N M]m Ell:l:uu"lt S_l{'{“.als ml Sh_sttm
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Lﬁw«p&ﬁﬁ"eﬁl_‘ﬂ gl could contain frequencies higher than the capabijyje of {h
The nrmins inpul ilﬂ;ﬂ [ . ucncié.s are not rcnh,wcd PJ'ij (O .~::un]:1llrl.l5’.1 a [ m of e
PCM system, If SIK:I;?“E. occurs. To avoid this aliasing distortion, g gy Pass

i @ - ““ H ’ . wh - ’ ‘ . T
g;:tnt:;m kﬂi;w 55 the first block in most PC M systems,
ilter 1s provi

= 300Hs

e

—i_
e

\_..._" H
AW l

Sampling -
When an anilog message is senl over an analog communications system. the full

message is camed at all tmes. In a digital communications system, only samples of
the message are transmitied at regular intervals. It may seem astonishing thay regular
samples of @ message and not the entire waveform can adequately describe a) the

information contained within the message.

NP Ay

Sampling - known es
Pulss ampitce modulation (FAM)

Shannon’s Sampling Theorem (1949) states that any band-limited signal with

maximum frequency f_ Henz. is uni i
which ocour al least miquely determined by €qually spaced

2, times per second.

m
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Therefore a speech signal which has been band-limited 10
A00-3400 Hz can theoretically be sampled at 6800 times per second. In practice
however, a slightly faster sampling rate (8000Hz) is used. which greally assists in the

demodulation process.

One of the great benefits associated with sampling is that it is possible 1o utilise the
gaps between samples with samples from other message sources. This technique is
known as Time Division Multiplexing (TDM),

Channal 1 Charninsl 1

—_—
L
Channol 2 . Channad 2
Ll “‘\\ f
l e —N (.0 — = —
D —
Charnel 3

—y
Channel 3 ‘

==

-

Twne division muRtiplexing

spectrum of sampled signals
Let’s assume that our message signal is speech, and has a frequency spectrum

extends from OHz to 3400Hz.

Timee domain

/\f\.._...

Lt

Spectrum of samplad signal

If this message signal is sampled at a rale greater than
2f . for example 8000Hz, the resulting sampled signal has a frequency spectrum
which consists of upper and lower sidebands around the sampling frequency and its

multiples.

Note that there is no overlapping of spectra. At the low frequency end of the
spectrum is the original message spectrum, which may be recovered with the aid of a

low-pass filter.

*_““
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If the signal is sampled at exactly 2f,.- the sidebands just touch ppe
message .

another. Recovery of the message withou

not possible using a practical low-pass filter.

. ‘ . the sidebands overlap, ang f
If the al is sampled at less the 2f,,,,. the sidebands ov It the
mnmtgcmcis:ﬁﬁ?f;d with aiiuw-pasﬁ filter, “aliasing distortion” will be presen,

e ] N'HZ

|

M

W\/Pﬂ\/

Effect of sampling frequency on spectrum

Analog to digital conversion

The signal that emerges from the sampling gate 1s known as Pulse Amplitude
Modulation (PAM), with the information being contained in the amplitude of the
sample pulses.

Little wanld be gained in ransmitting this PAM signal directly, since it is basically
still &n analog signal, and is thus suscepuble (o noise and interference.

having its own unique binary code.

EA190 Elecyonic Signals and Systems
Student Workbook
June 1995

t encroaching onto the adjacen Sideban
1 i

Quantisation 1s a process of ‘rounding off’ so that a limited number of levels
represents the complete signal.

 —
i Y

I ) | ;m?;“‘“m&'?'"m r — IR e

Analog/dighal corversion

The difference between the actual sample height and the guantised approximation is
called quantisation error. An accumulation of these random errors is called

quantisation noise.

The largest error that occurs due to quantising is half of the step size, and the grealer
the number of steps, the lower the quantisation noise. However. a greater number of
steps requires more bits, which in tum increases the data rate. hence bandwidth of

the system.

In an n-bit system, there are 2” quantising steps. Typically, 7 or 8 bits are required
for reasonable quality of speech, giving 128 and 256 steps respectively.

The quantising and encoding functions are performed simultaneously by the analog to
digital converter. The output is generally 1n a paralle] form, so a stage of parallel] 10
serial conversion completes the basic PCM encoding process.

T.c PCM decoding process

The serial PCM signal is first converted 1o 2 parallel signal. The D to A converter
then reconstructs quantised PAM. Finally the message is recovered with a low pass
filter.

LPF

s e
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Derivation of PAM spectrum

Review questions
Pulse amplitude modulation (PAM)

: These gquestions will help you revise what you have learnt in Section 5.
/\] A I.  An audio signal with a frequency range 0-15kHz is sampled at 32kHz.

u. =800

(a) Sketch the spectrum of the resulting PAM signal,

L
Sarrple pulses
operate switch

Switch open: Output = Input x 0
Switch closed: Output = Input x 1

.~ PAM = Message x Pulse train

= sin 2nftx [DC + Asin2aft +

(b) How could the message be recovered from the PAM signal?

Multiplying the message by the DC component leaves the message frequencies intact

Multiplying the message by each of the other s
; i pectral components of th ;
produces sum and difference frequencies. The 3 € pulse train

(¢) Is the sampling rate high enough?
resulting spectrum is:

(d) Suppose the message had a 19kHz whistle supenmposed on it (not removed

by an anu-aliasing filter). What effect would this have on the recovered
message?

2, State the steps required to convert PAM 1o PCM.

m
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Reyiew questions

Section 6: Noise

to D con yverter.

it A S—
¢ uses an s b SUGGESTED PREAMBLE

DURATION

A PCM modulato
-
cation levels are p-ossrhle.

- uant I -
(a) How many q - - - : 4 hrs To enable you Lo cxplam the various classifications of

b - noise and the effects of noise on communication systems,

)sation noise ratio? . B —
to quantisal 1o This section covers Iearnmg outcome 8 of the Module Dc:cnpmr

possible signal

(b) What is the maximum

Objectives

. s in demodulating PCM.
4. Last the steps involved In At the end of this section you should be able to:

[0 define and give a typical source for each of the following types of noise:
- external

- man-made
- natural
- internal
A 12 channel TDM PCM telephone system uses 8kHz sampling and 8 bits pe; th;@al
: wihite
T impulse
random

(a) What is the bit rate of the system?

explain why the SNR decreases as an analog signal passes through a
communication system

(b) What 1s the mummum bandwidth required in theory? explain why impulse noise may cause errors in a digital signal yel cause
little impairment to an analog signal

convert SNR to dB and vice versa.

EAI9Y Electronic Signals and Sysilems
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Noise

[ntroduction |
'Nl_l].;li'lt can be defined as interferen

. ay be au 7
signal. Tis vitimalte Ry interference on @ television screen, or j May

' ¢ ‘snow’ or other
lwﬂipll:kut. w?inb:::pust:? duta. When the interference comes from another g, -
resull in erors 1 . |
in the system, it 1 generally called crosstalk,

ce which degrades the useful information ip, 4

x 'Iu . il I ¥ I- lLljtll‘) "‘I%qt[:lll
w

There are many different Sources of noise and we will start by classifying them g
externa) and internal,

External noise

External noise may come from man-made sources or natural sources,

Sources of man-made noise include car ignition systems, sg'itchcs (eg. in a
refnigerator), and brushes in electric molors. Switching noise 1s worse whur_e the
current is large and the load is inductive. In fact all electncal equipment will radiare
some noise. In pnnciple, the noise from these sources can be suppressed at the

source,

Natural extemnal noise sources include electrical storms and discharges in the
atmosphere and ionosphere, and cosmic and solar noise. These noise sources have g
preater effect on radio communication systems than on other systems. The effects
can b minimised by suitable choices of frequencies and antennas, and by careful
positioning of antennas.

Internal noise

This kind of noise 15 generated naturally in electronic components such as resistors,
diodes and transistors, Noise generated in resistors is called thermal noise. It is due
(o the random movement of electrical charge. Because this movement is thermally
gencrated, the noise power is proportional (o absolute temperature. Also, because the

mavement 1€ random, the noise is umiform across the spectrum and the available
noise power 15 proportional to bandwidth,

TIF gvaflable n0ise power from a resistor is kTB (watts) and the available noise
voltage into an open circuil is WTBR

Where Kk = 1.38 « T

1= absolute temperature in Kelvin
B = the bandwidth of measurement in Hz.

Shot noise is ge ' '

hierated in semiconductors wl ATT]
The _ 1en electrons cross 1al barmer.
L power produced by shot noise is direc froEIal BTy

noise, it s also purel ll,:"' proportional to the bias current. Like
purely random and its POWEr spectrum s flat with frequency.

P
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dible (the conventional meamng of noise) fr,,-
I3

ne|

Flicker noise is another type of random noise 0‘:{311"”'"8}“ resistors and 1
cemiconductors. Above a few kHz its power spectrum 15 essentially flat, but at lower
frequencies it increases, For this reason it is also called 1/f noise. Metal film

resistors produce less flicker noise than carbon resistors.

| noise may also be produced from dirty switch contacts, dry solder joints,

Intermné :
other poor connections and faulty components. Ideally these sources of noise can be

eliminated,

White noise, as we have already said, 15 noise which has uniform power across the

spectrum, measured in W/Hz.

Impulse noise is noise which occurs in short sharp bursts, such as noise produced by
lightning or from switching a motor off. Measures can be taken (o reduce Lh; effect
of impulse noise in some equipment (€g. TV (egcnvcfs_}. Because tmpu:l].r:c noise may
have a large amplitude, it can easily corrupt d.:gnal signals, causing a 1" to be
interpreted as a ‘0" or vice versa. Impulse noise may be annoying wh;n you are
listening on the telephone (though it 15 usually too short) but it is not likely to reduce

intelligibility.

This impulse may cause the zero to be interpreted as a one.

Random noise is noise which is unpredictable. Examples of non-random noise are
50Hz hum induced into the system from the mains, and hum produced by power

supply npple.

Effect of noise on an analog signal

Generally when noise is added to an analog signal it becomes indistinguishable from
the signal. It is therefore not possible to remove it. (Two exceptions here are certain
types of impulse noise and noise which can be removed by a filter because 1t 1S
outside the frequency range of interest.) Because noise is added at every stage of an
analog system, the further the signal travels, the worse the signal-to-noise rato
becomes.,
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ection 4 h digital regencra(er gan remove noise from a digjyy, d
- _ cnion 4 how FSSnoise.doc
(We showed n Sec
signal).

- er/noise pOWEer. . _ _
) is the ratio of sugnai BOWRLTE ] Electrical Noisc and Distortion

sent in the passhand of a communication System.

S'EMI “tg-noise TR0 S Noise - unwanted electrical energy pre

o 5 SNR). . . .
vert this dB we take 10108 Correlated noise - produced as @ result of the signal and related to the signal. Generally called

ided into these categories: harmonic distortion, intennodpl:;.tiun
adulation distortion and quarntisation noise (although this is generally

L distortion, and f_i.ll'tht..‘:f div
) i distortion, transient miterm
thought of as being uncorrelated ).

Frample:  Signal power =
e Noise power =

r 5 -
SNR = ImW/1nW Uncorrelated noise - independent of the signal and present during the absence of the signal

&
~ 1,000,000 or 10 : , S , :
oy (unless noise gates are used), Examples are: phone line noise, amplifier hum and tape hiss.

10log 107 = 50es A, External Noise - produced outside the communications system and entering into it in the

NR = voltage ratio squared (this 1s because passband.
’ : ther than poWer, SNR = voltag
If we know voltages rather Py

power is propartional to voltage squared). o S s |
e Electric field produced from voltage which is in close proximity. May be shielded with
grounded conductive screen.
Magnetic field produced from current flow in close proximity. May be shielded with low
reluctance screen, i€. iron or mu-metal.
Spark producing mechanisms such as switches, commutators, car ignitions and fluorescent

- pV): . L :
Sl bl lamp starters. Impulses produce a wide range of frequencies.

= 10°
Natural
: SNR) — 60dB (1) | o o . |
To convert to dB we sl take 1008 1SN/ e Atmosphenc such as lightening and air ionisation (aurora borealis), called "static".

or we oan take 20 log (1mV/1pV) and get the same result. Frequency response:

f{1in)
Extraterrestnal, "deep space noise" such as caused by solar noise from the sun's reactions
(low intensity) or solar flares and sunspots (high intensity).
The sun has an 11year cycle within a 99 year cycle. _
Cosmic noise, "galactic™ or “black body noise", emanates from the stars and dark matter
between the stars. It 1s evenly distributed across the sky.

Internal Noise - produced within components in the communications system.

T

(I.:hcrnml noise, "Brownian", "random", "Johnson", "resistance”. "white" noise

uu\" .| I X . " Y »lEmg " 1 ' :

2 :;Ld by the random motion of electrons in conductors moving between different energy

evels. Proportional to temperature and frequency. .
Frequency response: -

Thermal noise i Ll
o al noise is random, continuous. covers all frequencie
L18 the most important source of noise.

‘ . 1 f{log)
§ and 1s in all electronic devices.




ESSnoise . doc

ESSnaise disc
s constant (1.38 Noise spectrum.
Noise power: N = kTB, k = Boltzmann's ﬁ.;mturt‘{ 0K ) White noise:  has equal : wryae the fro i
T — absolute temp udl power across the frequency spectrum,
B = bandwidth of system sounds like hiss, eg. an FM receiver tuned off station.
Pink noise:  has equal power per frequency octave or decade.
used for audio testing.

X [0°

-

)
N (

Vy 15 noise voliage pmduc:mi.hy
equivalent resistance of the system.

Ir:
h' — __{"-_

R. i
R; = Ry for maximum transfer of power
ie. power to load is N = kTB

V.

Output voltage ¥, =— = JKTBR,

9
v, = JAkTBR,

' ise' pars in semi s and valves and
mtransistor noise”, appears in semiconductors : c by
carriers die to their random motion. It 1s proportional to

Shat noise 1s caused by the
L] o ] 1
different path lengths of the charge ‘
hias current through the device and to bandwidth.

It has a "white "noise spectrum.
Frequency response:

f(lin)

l o 1] n = - -, ny -
Flicker natse, "— ", "low frequency”, "excess” noise 1s caused by surface defects in crystal

structures of matenals. [tis proportional to DC current and temperature.
Frequency response: f(log)
Effects of noise.
Analogue systems: becomes part of the signal and therefore usually impossible to remove aor

reduce without affecting the signal.
Digital systems: causes bit errors, but may be detected and corrected, although if too major there

can be catastrophic loss of signal.

Other less significant noises: _ , :
e Transit noise, low frequency Signal to Noise Ratio ws

n B“’?‘ noise {P?P‘?ﬂm)- low frequency (1/f) Power ratio: SNR(dB) = 10logg s:g{m kg
* Resistance noise in semiconductors noisepower
* Switching noise from temporary open cireuits Voltage ratio: SNR(dB) = 20log,, > 2ralveltage

neisevoliage

Note: comrelated noise (distortion) can be reduced by negalive feedback, as used in opamp circuits

Uncorrelated noise cannot be reduced by NFB due to its randomness. This 1s probably the most important parameter in evaluating a communications system or an

audio system,

SNR
Noise Ratio NR=——— > ]
SNR,

Noise Figure NF = 10logNR > 0dB

I'he lower these figures are the better especially at low level inpul stages.
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Review questions

These questions w

dl help you revise whar You have learnt in Section 6.

State two sources of man-made extermal noise.

State two sources of natural extemal noise.

Name three types of internal noise generated in components.

4.  Why should the first stage of an amplifier operate at low current?

Why are metal film resistors

preferred over carbon resistors in the first stage of
an amplifier?

6. Is 1/f noise an example of white noise? Explain your answer.

7. Which will have greater effect

on an analog system - impulse noise or white
noise?

-_—_—
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ESS.pracl

Review questions

ELECTRONIC SIGNALS AND SYSTEMS

» _ . impulse noise or white
tal system
t on a digial 5

| Practical 1
8  Which wall have the greater effec

noise?

iy This consists of three demonstration labs set up for you. There will be limited g

hands-on opportunity.
A report of these labs will be written and handed in.
resistance. Included will be:

-description of equipment. e

9. A microphone has 100 Ohms internal

- it thermal noise voltage generated over a 20kHz -aim of lab.
(a) Calculate the UP:“ cuchl -diagrams. -
bandwidth at 27°C. -discussion of findings and observations.

Lab A. Spectrum of signals.
(1) sine
(11) square
(111) white noise

(1v)  pink noise
-sketch the waveforms.
-describe the aural properties.
-describe the difference in sound between sine and square waves,
-why do sine and square waves above about 6kHz sound the same?

- . ; ~10- al =l LS b - i .
b) If the microphone delivers 2mV of signal, what is the signal-to-therm Lab B Speclrmjm of radio tmnsmyf,smm:
(D) | i -sketch the spectrum of a number of radio stations.
NoIse ral0-n Az -sketch the spectrum of a single radio station.
-record relevant frequencies,

-list frequency ranges of AM and FM radio broadeast stations and of the Sydney TV
channels.

Lab C Fourier synthesis of waveforms

-observe the construction of a square wave from its harmonics.
-sketeh all waveforms.

-15 the output a “good” square wave?
-how can the output wave shape be improved?

10, An amplifier is rated (o deliver 100W 1o a loudspeaker with a signal-to-noise
ratio of 80dB. What noise power does it produce?

M—
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HEASURING AMPLIFIER SNR

—a= AC mV meter
AMPLIFIER
(CM2)

——— (CRD

AlM: To measure the S{gnal

to Nolse Ratio of an amplifi{ier.
EQUIFHENT: Comms Tralner.
Res!stnnca Box,

{'-’Iﬂ:/*ﬂ:m a d’:}."ﬁr)
PRDCEDURE:

CH2 Amplifier,

mV meter, CRO,
Signal Generator.

A {?4;-/:3;,‘: I L > f_fj?a"'qf&-ﬁa,_#

the amplifier Volume contro|
Position for the

Decade

Set

to maximum and

remainder of the lab,
Interna|

amplifier,

leve |

=) Place a decade box
adiusgt it to halve the

amplifier®g OUutput.
decade hoyx will equal

the amplifier’e

Cnnna:t a
téerminalg
Observe th

resistance equa |
and measure the amp] i
€ Output on the CRO.

Noise psp
5)

Ealculnte the amplifier'g SNR.,

€) Repeat 2),
meter,

CONCLUS | oNs .

What errors are
Carried out ab

ove?' Are any aof

Hae T,?#g =

ANSWERS TO REygw,

QUESTIONS

Mechanical

anengy ] inpunt L Transmissign |_E; m 1'_ -
—> transducer Sysiem - =

— | | e ol
. o AN enr Wy
[Gﬂmfﬂlﬁﬂ l — ;B; Molor) [——s= Outp

T T

)
Lossas Lossges

Lossas

In an electrical power transfer System. cificiency is the Prime
In an information transfer system, wavef

Consideration
OMm mntegrity ang Sig
ratio are the pnme considerations.

i'.-?.*.]-hj—nmgg

In an electrnical power transfer g

YSiem, power is provided
In an information transfer syste

al the source.
M, power is provide at

Vanous points.

The laser tracking system in a compact disk player
an agc system 1n a radio receﬁvler |

a crystal oven for a higi? stability c:sc_ﬂlamrl

The pressure controller in a steel rolling mill

Note that a remote controller for a model deroplane transmits but does
eive. Therefore there can be no feedback 1o the controller itself, th

receive. _

nere would be feedback in the plane.

not
ough

The output voltage is sampled by a resistive divider. The sample is compared
Wi:-;] the source and the difference (error signal) is amplified.

O loop control: The motor speed will greatly dePend on the moter load
] anlzuélm;l.t[:q:)lr;,r voltage, as well as on the controller setung.

4 1 =

- =
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HEASUR I NG AHPLIFIER SNR

—

=4
AMPLIFIER
Vs

kK | e

AlM: To measure the Signal

EQUIPMENT - Comms Trainer,
Resistance Box .,
(g*%/Q“hh<¢#anHﬂJ
FROCEDURE - 1)

Signal Generator.

Set the am
in this Position for
amplifier Cutput to the

Lo produce ma x i
amplifier, USing the CRO ¢t

leve | Wwith the mV meter.

3 Place 3 decade box
adjust ¢ to halve the
decade box wi]]

Ri =

Noise O/P =
S SNR.

SNR =
B)  Repeat 2), 3) and S)

above,
meter. Ask Teacher If not fam{ |

SNR =
CﬁNCLUSIDNS:

Vhat €rrors are
Carrfed out ab

ove? Are any of

[_,n_ AC mV meter

CM2 Amplifier,
ANBYS T, 2 Bee/ mm,

plifier volume control

the remainder of t he
internal

L= (CRD

to Noise Ratio of an amplifier.

mV meter, CRO, Decade

Lo maximum and
lab.

Heasure cutput

...L(rmS =

'S input and
The Setting on the

resiﬂtance.ﬁi.

L] L ™ L ]

te Ri acrossg the amplifier"
filer's Cutput wit

S Input
h the mvy meter.

ces.. £V

*++....dB,
UsSing the dB Scale

ar with thisg method

on the mv

Involved In the SNR MEasurement
these slgnif!cant?

Explain,

g‘“-rk¥eg‘

4

ANSWERS TO REVIEW QUESTIONS

Section 1

Irypnt | Transmissin |
transducar ol Sysiem |
(Genarator) |

—

o | Usshs
LUCEr .
- UW mofon ——= OUipDIN

T o

Lossas

lm‘ m;

In an electrical power transfer system, efficie
In an information transfer system, waveform
ralio are the prime considerations.

ncy 1s the prime consideration .
integrity and signal-to-noise

In an electrical power transfer System, power 15 provided at the source.
In an information transfer system, power is provide at various points.

The laser tracking system in a compact disk player
an agc system In a radio re::efvltr |

a crystal oven for a high stability DSC.IHEIDI'.

The pressure controller in a steel rolling mill

i : smits but does not
Note that a remote controller for a model aeroplane transmits tnft foen
S2E) Therefore there can be no feedback to the controller itself, g
receive. _
Jiere would be feedback in the plane.

tp ' IV The s is compared
I'h ut voltage is sampled by a resistive divider. :E a;mple S comp

ou . ; |

! 1:;1 the source and the difference (error signal) 1s amphiie

\ F

load
1 control: The motor speed will greatly depend on the motor 10
00 : : e

] ?np; r:;upplif voltage, as well as on the controller setting

=
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Section 2

l, (a)
(b)
(c)
(d)
(e)

IkH2, 2kHz, 3kHz

IkH2, 3kHz, SkHz
100kHz, 300kHz, S00kH?
IMHz, 2MHz, 3MHz
IMHz, 3MHz, SMHz

() 50Hz, 100Hz. 20017

(2)
No

(a) 2V
(b) 2:3

100Hz, 200Hz, 300Hz.

or 0.667

Sth, 10th 15th elc.

(i)
(11)

(111}

(1v)
(v)

The
the

5.  30Hz

The 5th harmonic falls at the first zero of the curve.
The 50th harmonic falls at the first zero of the curve.

The 500th harmonic falls at the first zero of the curve.

The S millionth harmonic falls at the first zero of the curve.
The spectrum is a continuum,

spectral frequencies remain the same but more components fall in

first lobe of the SINX/X curve. That
with significant am
bandwidth.

1S, there are more harmonics

plitude. Therefore, the signal requires more

= 15kHz (or perhaps 20kHz for JOUNE people with excellent hearing),

6.  Noise with equal power per unit of bandwidth,

TAFE/

98 EA190 Electronic Signals and Sysiems
Student Warkbook
June 1995

mlmlﬁ il

:‘hl
2400Hz  4800H2

2nd order:  ® |00Hz, 14kHz (Harmonics)
® 6.95kHz, 7.05kHz (Intermod products)

3rd order; ® 150hz, 21kHz (Harmonics)
® 6.9kHz, 7.1khz, 13.95kHz, 14.05kHz

10. 98, 99, 100, 102, 103 and 104MHz

Section 3

25 200

-2 {z).
3. Band stop filter. (Stop band = 100 - 200 kHz

4. As the 3dB bandwidth.

I
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FDM and TDM
5. (a Band pass :
‘("; 0B . (a) VHF
(€} 4kHz (148 - 152kHz) (b)  UHF
(c) UHF
6. 6dB/octave. (d) HF

7. ®1oss of colour . ® Super High Frequency
® loss of definition ®* 3GHz - 30GH;z

® used for satellite communications

Its amplitude would pe restricted o two levels.

= A modem is a modulator/demodulator which
it Sutable for transmission through an analog ¢

converts a digital signal 1o a form
hannel and reconverts to digital,

Both the phase/frequency response and the amphtude/frequency response affect
the shape of the waveform. The shape of the waveform is Very important for
dignal signals. ‘
Section 5
10. = 10 select a particular signal
® 1o reject unwanted signals and noise - (a)

Section 4

1.  (2) l\/

15 17 47 49 64

——

With a 15kHz LPF.
(b) :

(¢) Yes, provided fairly sharp cut-off filters are used.
number of channels.

(d) An alias would occur at 32kHz - 19kHz = I3kHz.
(c) = Source: Microphone, strain gauge, video camera

= Destination: Loudspeaker., printer, video monitor Analog to digital conversion (quantisation and encoding) and parallel to serial

| Conversion.
Ne, the source would be the sound, the microphone is the transducer.

256

_ . . (@
To allow multiplexing 49.8dB

* To allow use of a more suitable frequency range. (b)

' ne- . ® Seral to parallel conversion
:mj D@ee of the following: ® Digital to analog conversion
noise :
®  crosstalk ® [ ow-pass filtering
= limited frequency response .
® delay distortion (R 768 kbps
® non-lineanues. (b)  384kHz
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Section 6
Motor brushes, relays (virtually anything electrical!).
Lightning and cosmic radiation.

Thermal, shot and flicker.

4. To reduce shot noise. (Noise produced in the first stage of an amplifier 1s
amplified by all the other stages.)

. To minimise flicker noise.

6. No, it has more power at lower frequencies whereas white noise has uniform
POWEr over the spectrum.

White noise.
Impulse noise.

(a) 182nV.
(b) 81dB.

10. luW.
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