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MODULE SECTIONS

Section 1: Electrical and electronic systems

SUGGESTED PREAMBLE
DURATION

4 hrs To enable you to identify the similanties 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.

— #——- — — = e = S
This section covers leamning outcomes 1 and 2 of the Module Descriptor.

Objectives
At 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

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

[J indicate typical power levels in an information transfer system

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

[J describe the general characteristics of an electrical power transfer system

[J 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 O O O

given examples of closed loop systems, determine the action of the
feedback function.
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Electrical and electronic systems

Now let’s look at a practical information

ransfer system - a public address system.
‘ Pawer |
Qverview Uf efinition of a system is * a collection of thm‘gs which .rec*ewesr 2
Mmin'm'npm:gﬁﬁd acts on them to produce certain outputs, with the objective © lud "“\I\
¥ mu:rmg some function of the inputs and outputs'. This broad definition includes o -
fer

‘ . y— == A
physical and non-physical systems. Electrical, mechanical, hydraulic, aicnu?jucal Biig / ==
IR TR . : Economic, political, an

ol are examples of physmal sySItl‘!‘lE- R ;
waﬁﬂ:ﬁng systems are cxamples of socio-economic syslems.

Microphone : ~
o awsz of Louxd
A system 1§ characterised by its inputs, its outputs (or responses) and Ihcl laws o dspaaks
ra . In . 1 ijon are the current-voIlage
. ' ical sy 's of operauon
operall electrical systems, the law ‘ GiEent :
:rel .‘llmﬂﬂ- PS the vari d the laws of interconnection, 1.t
. . s components an ; . | .
K ar:hhﬂ ﬁhl' .fﬂwr ?I;:scu;laws caﬁ be used 1o denve mathematical equations rclufln:
Sl t: inputs These equations form a mathematical model of the system.
the outpuis 10 the INputs. S

}

The microphene is the Input transducer.

The microphone -;ablf and the loudspeaker cable are the transmission media
The loudspeaker is the output transducer. :

T'hc power output from the microphone would be of the
delivered to the loudspeaker would be of the order

order of nW, and the power
applicaton. In a telephone sy

of a few Wats, dependine on the

stem, we would find power levels of the order of a

= ic communication Sysiems N e ml =
; : : - stems with electronic € Now let us look at a pow svste : 3 it s .
We will compare electncal power ¥ 1 used in these systems. power distribution system and compare it with the information
and we will look at open and closed loop control L ‘ transfer system.

we

Bm.)

] ] l-. -

Power distribution system
Information transfer system

Ussful
Output '
transducer Cn e

l U : (eg. r'} ’

Losses Lossas Losses
input Transmission Amplifier
transducer medium P

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 h
Th se of the input transducer is (o convert the information from the = =
e purpo

mto an electrical signal. , I'he ransmission medium consists of transformers and transmission lines.
The transmission medium conveys the signal to the amplifier, where the form il ! Leushis ol s and i

f the sign;l is not altered, but its power level 1s increased. The added power There will be considerable i°R los :
o : es in the transmission lines. T

WET SUu DC ( 1 likely derived l N } igh voltage and low current to minimise R
: i - ly, which 1s a DC source (most i1 ely BERe e of h

1s supplied by the power supp

from an AC source).
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~eived energy to mechanical
. L% ; of the received energy
The 1 transducer converts some SRR ol
om::i:l the remainder is lost as heat. (Some of the encrgy 1s R AEHED D
Em 1 " - b -+ s # L
mrlﬁnical and acoustical vibrations but these also dissipate as heal.)

" ' | ' jon systems
“omparison of power and informati .
"l{?::‘c-m'c similaﬁtl;:s between the information transfer sysiem and the power

distribution system. For example, the loudspeaker cable in our P.A.System "E‘“-"' |
have transformers at each end to allow transmission at higher voltage. Though this

recults in lower iR losses, efficiency is not the pnme consideration.

The prime consideration in a power distribution system is efficiency, le.
minimising power (or energy) loss.

The prime consideration in an information transfer system is wavefl orm
integrity. Waveforms are degraded by noise and various forms of distortion.

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

output and input of a system.

Here is an example of a negative feedback amplifier.

% o EREd
/

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

voltage, v,. This voltage is compared, ie. subtracted from the original i .
fe= input signal
V., and the difference is amplified. & puL S1g

EA190 Elecuonic Signals and Sysiems
Student Warkhbook
June 1995

It is quite easy to show that if the amplifier gain is A and the

fraction ¢ o
which is fed back (V,/ V_,) is B, then iction of the output

if | AB | > >1,

Our mathematical model characterising the system is now very simple

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

H p
then B = ' = __  and _™ =10
R, + R, 10 v,
Here is another example. The position of a shaft is controlled Dy a polentiometer.
The amplifier adjusts the position of the shaft until the control polentiometer and the
posilion sensing potentiometer, are equal.

+

|

= Equal_—
VOIBgDS

incgalive 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 go 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 i1s one factor, however, which cannot be eliminated. This
1s 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 settles to a lower
level! Feedback amplifiers always have capacitance (even if 1L 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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nertia but the following
Our - th ! does not allow for ine
R ‘imp"ﬁni ﬂ'\ﬂll’lﬂmﬂhﬂﬂ] mOd‘El 'F'I E)'ﬂlfm n‘”Eh! rcgl-}(“'ld I'D a fhﬁl'&gc ]['], “-I[““

diagrams show how 3 clased loop contr Review questions

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

:-}FHW a block diagram of an energy transfer system, showing power input and
(55CS

State two important differences between an electncal power transier system
an information transfer system.

- —

: " and Systems
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oV 101S ot f
Review quest Section 2: Signals, spectra and non-linearity

stems would use closed loop

Velectronic SY

State which of the following electnca PREAMBLE

control.

SUGGESTED
DURATION l

S -

.? : T IT f | : B - & -~
The speed control on a kitchen food processor. s | To introduce you to Fourier concepts and the spectra of

The
A remote controller for a model_ acroplane. |
An AGC system in a radio receiver. . |

An oven for the crystal in a high stability oscillator. of the Module Des-::%p_t;_

o ' some common signals, and to extend these concepts
s ' sompact disk player. In f | e
laser tracking System in a comp | explaining the effect of non-linearity.

The pressure controller in a steel rolling mill.

Objecrives

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

[J predict the spectral frequencies of a given periodic wave

L] recognise that a non-periodic signal such as speech contains a continuous
band of frequencies

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

i sic, video and random binary data
4 Brieflv describe the action of the feedback in a voltage amplifier. music, vide a ry

relate one line of video to a grey scale

define non-lineanty

calculate harmonic and intermodulation distortion frequencies.

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

1oop control and the other uses closed loop control. Briefly compare the likely
control charactenistics.

-—_____—___——-l———'—_
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Time and frequency domains Frequency domain

In general, the term frequency domain refers to any graph or measurement which is
. : : taken as a function of frequency. The most commonly encountered measurement is
Time ﬂ‘"“_““:‘ thod ol oliserving electrical signals ) amplitude versus frequency. The resulting display is known as a spectrum or a
The tmdillt?ﬂ; ;:cm*illmCOPC spectral diagram.

domain, USINE i '

The spectrurn analyser displays amplitude versus frequency on the screen. A signal
having only one frequency component appears as a single vertical line. The height
time of this line represents amplitude measured either in volts or milliwatts or dBm
P—— e —— : 4 r = AL - 3 = _ ‘ . -
& | (another way of expressing power measurements). The position of this vertical line
/ J

s to view them in the time

along the horizontal axis tells us its frequency.

Ampiuce o
- Aieplay ! The Ene moves up of down &S
Time domain displays i | e sgial leve varies

- —

The information displayed is amplitude (voltage) versus time, “.’h":hl o bl fcrrd | :
splay P! _ ents involving timing an

_ Vav m measurements invo & The ine - D ™o kel o e s
most low ﬁ't'ql..lﬂﬂc)' audio l!l'ld dlgllﬂ] wa efo m*h;:. mﬂttaras L=

phase. . || S - o

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

reasons for thi iven below. _ | | =y
DR R are gl One feature of the spectrum analyser is that it allows either linear or loganthmic (dB)
scales. The loganthmic scale permits both large and small signals o be displayed

Freguency domain display

Oscilloscopes cannot normally view waveforms aboye several hundreFl MHz.
Their internal amplifiers are not capable of amplifying many of the high it ot iy o0 Mo o el et 5 604 Beliaw dnotie 15 "

_“souency signals found in communications equipment. For example, _ 1000,000
AL}S’Q‘&"i‘ sienials return to earth at 12GHz tha: signal’s power. On a linear scale only the larger signal would be seen. Viewed
(™ = - L=

(12000 MHz!!!). An oscilloscope can not be used to view these signals. on an oscilloscope, the effect of the smaller signal would not be noticeable.

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 oscilloscope cannol break a complex signal down into its constituent parts;
it displays them all added together. Many signals are complex; that is, they
are composed of more than one frequency component. It is impossible with an
oscilloscope 1o examine individual components of a complex wave.

Are you rca_dy to throw your oscilloscope away? Don't! Even though it can't do the
!hmgs menhone-c_I above, IS probably the most versatile general purpose laboratory
instrument. Besides, the instrument that can do everything mentioned above may

cost betwee AR RS :
ann!yse:mn $10,000 and $100,000. This expensive instrument is called a spectrum

EA 190 Elecronic Signals and Systems
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Spactrum analyssr display

observed in either the time or frequency domains.
and frequency domain representations of a signal are
n. then the other can be denved

In many cases a signal can be
The choice is yours. The ume quer
complementary, and if one represenlation 1s know

from iL

This field of mathematics is known as Fourier analysis, after Jean Baplis‘te Joseph,
‘Baron de Fourier (1768-1830). He accompanied Napoleon on the Egyptian campaign
in 1798, becoming Governor of Lower Egypt before returning (0 Franc:f.: 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 in most branches of apphed science.

Summary
=  Time domain refers to signals and guantities viewed as a function of time.
- The oscilloscope displays signals in 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.

EA190 Elecuronic Signals and §ystems
Student Workbook
June 1995
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T =N

Fundamentals of Fourier Analysis

Stated in the simplest of terms, Fourier's theorem savs:

A complex periodic waveform may be analysed as a
number of harmonically related sinusoidal waves

['his means lhall We can synthesise (make) any complex periodic waveform by 2ddine
together pure sine waves in the right amounts. Electronic music can be +:Lra~f~11:hyqi'1 o
exactly this way: certain combinations of sine WAVES may Smﬁnd S ﬂu'lz e“}:nl
another combination may sound like a fog-hom. The term ps‘:nradn:-s;rn ly m ) i‘e
thal the waveform repeats itself after given ume penod T. | A e

The frequencies of the constituent sine waves are all integer multiples of the
fundamental frequency of the waveform concerned. These multiples are known as
the harmoni nci iple being knc th

armonic frequer_h:ieﬁ. the second mﬁhplc being known as the second harmonic.
!.hi. third multiple being known as the third harmonic and so on. The first harmonic
Is just the original frequency, and is referred to simply as the fundamental.

This applies to all complex periodic waveforms, such as square, triangle, pulsed and
sawlooth 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, althouch
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 m;h: 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 is that the third harmonic has an amplitude - that of
3

the fundamental, the fifth harmonic has an amplitude l_ that of the fundamental and
2

S0 0On.
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% '-1.1
- . . "y - =
ey 3 . Cwe W — "' L]
™ ‘.“_'-_"'J__f.- matumt L0 P
T = Y e Al )

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

: : ] .
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
phase relationships, and Figure (b) shows the resultant. Note that all odd harmonics

to infinity must be considered to construct a perfect square wave, although in
. . = =
Freq. practice the higher order harmonics become insignificant.
R

1=l S 78 8101 Final scquare wave
n123355?591ﬂ“ i

Fundamental

_ 3rd harmonic
=

Rectanguiar wave
(3) Square wave 2

Amplitude

: ion of harmonics
Distribuhion 5th harmonic

Elample raZEﬁhip
A waveform has a period T = 40mS. Calculate the frequency of the fundamental,

and the second, third and fourth harmonics. (a) Componenis of a square wave

| F ]
e L requncies 1o the
Fundamental freque 7 5th harmonic

]

- 40 x 10~
= 25Hz

Second harmonic = 2 x 25Hz
= S0Hz . :
(b) Resultant of frequencies to fifth harmonic
Thard harmonic =3 x 25Hz
= 75Hz

Fourth harmonic = 4 x 25Hz
= |00Hz

EA 190 Electronic Signals and Sysiems
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Waveforms and spectral diagrams for common signals
Y il now be introduced to some of the waveforms commonly found in
ou wi :

communications equipment and systems. The wavelorms are:
~ the sine wave
the square wave
white noise
speech
music
television
random data.

1odi Ining signals are not
ine wave and the square wave are periodic, but the remaining signa o,
hecmm ﬂ:l}wy are not pms:l]ictable. Each of these has its own ch;racten SlIC frequency
spectrum, and we know in general terms what each one looks like, but lhe precise
detail of the frequency distribution at any given moment can not be predicted.

Bandwidth - |
A commumication system should provide good transmission for all frequencies where

the signal power spectrum is significant.

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 migh fidelity broadcast quality speech. For most
communications purposes (eg. taxi and police radio, telephone) such a wide range is
tnnecessary and it can be restricted to 300-3400Hz before the intelligibility suffers.

Music
For high fidelity music, the band from 30Hz to 15kHz is required.

Video
For video, frequencies from 0 to SMHz are required.

EAI9 Electonie Signals and Systems
Student Warkbook
June 1995

Random daia

For data, the required bandwidth is related 1o the big rale. The higher the bir th
- - - ’ . P UG D -
more bandwidth is required. For most applications we i da |},t; = F"-:ijh:, e
. : . = . - £ g .,' o e e ulre
bandwidth is equal to the reciprocal of duration of the narrow est pulse 4
- ML LA Y LS JISE,

JU L

1200bps —fime
1 T 1/1200 sec.

Spectrum of random dala

The term bandwidth in relation to the various signals above, refers to the numerical

difference between the upper and lower frequency limits of the signal. For example,
ig bove has a minimum acceplable bandwidth of 3100Hz.

But what does this mean? Does it mean that the component frequencies in the

speech that comes from your telephone stop sharply at 3400Hz?

No! It means that outside the Limits of 300Hz and 3400Hz, the spectral components
dare weaker by 3 decibels (dB) or more below the strongest spectral components
within the 300 to 3400Hz band.

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.

EA 190 Elecoonic Signals and Systems
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baseband Lo SRR T
on of lh;g spccual diagrams, 1L 15 |'|ELL.$5H.'U-‘} 10 3%1,1£r a
Since signals have 'y hem, regardless of their actual "\[’i{'ll.ll'ﬂ. \ | :
=l sl for all of them, the hypotenuse of the tnangle increasing . =
stand . ; ) The fundamental frequency is, of course

shape | : _I
is;m}icda{;:wclinn of increasing frequency. T

The firs ] | L
Irst zero point on the 2™ cyrve corresponds to the frequency

Symbolic representati

Svmbolic represeniation of the baseband Example |

T=1Ims, t=02ms

o resemblance to the actual baseband : :

ave the opposite charactenstc. = 1kHz, = = SkHz

Locate SkHz at the first zero of the curve.

Note that this symbolic shape usually_hcars n
signal in the system. Speech signals in fact h

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

wpic Modulation in Section 4.

The spectrum of a pulse train
For a rectangular pulse train with period T and pulse

' sinx
CUurve.

width T as shown below, the

relative amplitudes of the spectral components can be found from 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 Electonic Signals and Systems
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Example 2 R
: As T increases, the spectral lines get closer together.

T e Ims, T=035ms (square wave) | |
If T — e (1e. we have only onc pulse), the spectral lines form a continuum,

- ’ 'JM:‘ _]_=2l‘HE l
. ? 1 |

mmnllm: g

-

Note that a large proportion of the pulse's energy lies below the frequency l
1

Even one cycle of a sinewave has a continuous spectrum. This 1s used as a test

Example 3 | | 2
£ signal 1n Television.

T=1ms, 7=04ms

o e L o= 25mH:
2 5 T

(AN I “ “lin‘__

ol a sinewave m‘:.ﬂ:fﬁa
frequency

Note that in this case l 15 not a harmonic, and that the h

= rst component to have zero
amplitude is at SkHz (the fifih harmonic).

m EA190 Elecuronic Signals and Sysicms
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The curve can be represented Dy as power series:

Vo=A,v_ + A, 1.*‘:3 SN g (O S

Spectrum with varying signal :
] Luminance: 0 E:::Hﬂ; i Harmonic distortion
- Chrominance: }

= - | 4 ! LW
> Horizontal sync: 15625Hz + harmonics If we let v_ = sinwt

Non-linearity then A, v.? = A, sin‘ot

Output voliage 15 not proportional to input voltage. A A .
e e PO

2 2
cos2mt = 2nd harmonic.

/ Likewise the 3rd order term A,v_” will produce a 3rd harmonic.
Intermodualation distortion
S eyon Let the input consist of two sinewaves:

- _ . N Vo = SInW,l + sinw,t
Output is not a sinewave bot is still penodic. It therefore contains harmonics and
has the same fundzmental frequency as the input. The second term in the power series above becomes
. , AV, = A, (sinw,l + sinw,t)°
A linear device has v, a v_ ; - ' :
A httle rigonometry will show that this term produces not only the harmonics 2w,
and 20, but also sum and difference frequencies ©, + W,
The 3rd order term will produce w, * 2w,
and 2o, + ©,.

EA190 Elecoonic Signals and Sysiema
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Example

¢ annd 8 10kHz %
A an gﬂ:f The output will inclode

It A 4 e
wive are #-idt_d Hp?f"l'hl’:f ;gj';'t di"l,["'l Jil Cv - Ty
" - :

10kHz (original frequencies) _
;:HH:: % Hz SHz. (harmomics of 1kHz)
WkHz, MAHz ShHz (harmonics of 10kH2)
ok M2 11kHz (Ind ordes mtermoduation) |
gkHz 1 leHz 19k Hz, 21kHz (310 order intermodulztion )

Lot 2ul2f )t 4
[
ine ractilier input sigral

. T §
: =iy WA Ny r
i Figym & perirs FJ‘ :f ru" v

A

} .ﬂ'— +—.-:!-—~
lJ |

i
!

2y rieri T

aeriT ) =08 Zxinfjt

wirl

.
-
"J' o

) "',.-‘ﬁ —
&

2 C0% 2ui51 )1 +

-

p ¥
i e [ = 3 - ]
i) - [sin }‘.'.I"‘l 3 SN Qﬁigﬂ_ir v 5

g$:n ?:f.’ﬂﬁ:r ’

= [ [ . e '?J: b,
Z I 1) ,-(;;“")'-'}lfl I.'fnfv,uf
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Section 2.

These questions will help you revise what you have learnt in

encies of the first three

aveforms, state the freque

L)

For each of the followine w

components present.

Output of an ampifier
Wi crossover
disiorion

R

\

e
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Review quﬁtiﬂns

Review questions

Sawlooth wave

For the waveform shown below, will the 5th harmonic be present?

——

f
!

A rectangular pulse train has a peak amplitude of 5V. a pulse width of 2ms
a period of Sms,
Trianguiar
wave

(a) 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 rectifier
I d—

10ms (Discuss this with your teacher!)

\\— » Igﬂ e 51‘:“‘1'1 < S}Hrm‘
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Review questions

y cornpor IS 10 Lhe

(c) On a lunrr:m:. sketch the five lowest frequenc)

x
waveform. exclading the DC

':'l"a‘:rirl(:rn: il

(d) Which harmonics have zeto ampliitude”

: l
% e Using 2 _sinzcurve, sketch the spectrz of each of the pulse trains below.
g

meakmg the frequency order of the harmonic at the first zero of the curve

{1)

b P - o e
J f.}':,_r:b-'_ the “_'f.r.‘:'_-__ on Lhe ".':_-_,I_I—-IJ-H.F’ oA a rectangular F-".Ji'-t: "

@

width 18 decreased, while the pulse period remaing constant

v -
r_]
‘ s
o ~—= 1008

\_—
W
PA 190 Elecusme 5irnals
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Insertion LosS

The |
same

ass introduced into the p
as transmission loss for

@
"y e

assband when 3 filter is 1
an ideal filter with equal

lnsaction loss = 208

o M i

nserted into a system. (T
5 e o |
input and load |rnpn=,fan£e$

Low Pass Filtenng (reduct)
| uction of hi
clanty and intelligibility of gpcechlgh frequency response) - results in a loss of

High Pass filtenn '
g (reductio ot
fullnese of tore. n of low frequency response) - results in a loss of

Low pass filtering of square waves
Examples

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




Review questions
Review questions

' 1 [ly defined?
1 i< the bandwidth of a hilter normd | 1
4. How s . State is the ultimate roll-off slope of the simplest R-C filer

e

Question S refers 10 the figure below which shows the amplitudelfrequency response

of a filter.

N IS | s
A 2 ﬂiH{z LPF is inserted b?le:f.‘n the composite video output of a colour video
source and the input of a video monitor. List two effects on the picrure

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

Attenuation (dB)

|
|

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

i
=i | |
151 152 153 154

|
|
|
|
!
|

r
|
J

Frequency (kHz)

5. (a) What kind of filter is 11?

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

(b) State is the insertion loss.

{c) Determine the 3dB bandwidth.

-
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gkmpmainel L5 Section 4: Communication systems
Laboratory repo

ent of ceramic filter response SUGGESTED
DURATION

Measurem ¢ PREAMBLE

Su ggesled duration

Skill practice: 2 hours < b _ ——— - — 3

|aboratory report: 25 minules 2 To introduce you to the principles of a communications
; system, the need for modulation and the effects of noise
on both analog and digital svst

r the assessment for this module. It assesses — — — - — B d_ i”_ms'

Assessment

is skill practice forms part fo - This section ¢ ; | i )
: ;unsosﬁe;ning outcomes 3 and 4 of the Module Descriptor. overs leaming outcome 6 of the Module Descriptor.
; in this exe

You must work on your own 11

part of this exercise.

of this exercise 1s Step 8. e e
The assessable part part of this exercise in 25 minutes.

rcise when completing the assessable

Objectives

You must complete the assessable

The total marks available 1s 3. Al the end of this section you should be able to:

[J draw the block diagram of a general communication systemn, with or

Tasks £ a ceramic filter. without modulation

= To measure the frequency response 0

a ceramic filter on a square wave. : -
= To observe the effect of 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 traner state two reasons for modulation
ceramic filter module
frequency counter module [J state three reasons for the differences between received and transmitted
AC voltmeier information
_oscope
audio oscillator (10Hz to 1MHz) sine/square explain the term ‘multiplexing’

with respecl to radio communications, state the decade frequency ranges
from VLF and SHF to state which bands are used for:
- AM broadcasting
Freq counter Filter module - FM broadcasting
7 / - 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 iﬂﬂa!'ling the Ceramic Filter Module into the Communications Trainer
frame, examine the module and locate the actual ceramic filter (colour red).

Note (hat 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 ling) .
Connect the frequency counter module o the s uar : digilalr:;ignal (c'l.;a_na} over an analog channel (telephone line) using FSK
oscillator. This id SeR s late Vave Quipt of the audio or PSK qmdulatmn -

PIOVIEES @ conslant level signal for reliable counting. - analog signal over a digital channel
- digital signal over a digital channel.

_—_‘.___————*——'——__'—
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Communication systems

Rlock diagram of a communications system

Tas-
Ao

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

Example of information sources are:

. someone speaking into a microphone

- the picture ‘seen” by a video camera

- iemperature or pressure being measured by a transducer
: information on a computer disk.

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

lempe sture sensor.  The transducer at the desunation 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 ransmitter will include a modulator to convert the baseband signal (ie. the
transducer output) (o a form more suitable for the channel. For example, when an
ami‘lio signal is transmitted by radio, the radio signal 1s of a much higher frequency.
'H'uf allows the use of a more convenient size antenna and allows different radio
stations (o use different frequencies. Using modulation allows a large number of
t:lephmc channels to use the same pair of wires. optical fibre or microwave radio
link. A computer modem (modulatorfdemndulalur) allows digital data to be
transmutted over a channel designed for speech.

62 EA 190 Electronic Signals and Sysiems
Student Workbook
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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 certan 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 telephone
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 link in the system or a set of links.

Multiplexing

The term multiplexing refers to the use of one bearer (0 carry more than one channel.
Frequency division multiplexing (FDM) 1s where each baseband signal 1s modulated
to a different frequency range. Time division multiplexing (TDM) is where different
digital signals or samples of analog signals are sent in different time 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 modulanon, each channel occupies a 4kHz

slot.

0 4kHz

Belore modulation

ENENENAN \I\RW

60kHz

M
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The radio spectrum Signals and
In redio communications, different paris ARl e Bngth analog aﬁcr!] Hd?;f;ls signals may be d
o ; : - S Inay be camed on co ' ad; PO
following lerms. fibres, How i PPer wires, radio or optical
£ s fitz:;znd&‘_ﬂ?fﬂlg channel wlll have amplifiers which cannot han!:::llr: digital
3kHz - 30kHz VLE Very low frequency o '“ T 1g1tal channel will have repeaters which discriminate between
30kHz - 300kHz ~ LF  Low frequency oltage fevels and cannot handle analog signals.
. . c):

300kHz - 3MHz MF  Medium frequen . 5 .

HE  High frequency 3' IS ;osalbic. however. for analqg channels to carry digital information and for

1g1tal channels to carry analog information. Thus we have four combinations of

3Mhz - 30M VHF Very high frequency
-300MHz V Ery I ITEY i : issi
;&g‘l}iz ?BGHz UHF Ulua high frequency signal type and transmission channel type.
. SHF Super high frequency :
AGhz - 30GHz per g (1)  Analog signal, analog channel

. ' ’ ferred to as medium wave
traliz. AM broadcasting uses the MF band (also re ).
In Australia, Example: Speech on a telephone line

are referred 1o using the

Short wave broadcasting uses both MF and HF.

The standard FM broadcast band is 88-108MHz, which is in the VHF band.

Television broadcasting uses both VHF and UHF.
use SHF, but VHF and UHF are used in

Communications via satellites generally

some applications. (1)  Digiral signal, analog channel

Analog and digital signals | : :
An analog signal is continuous in tme and may have any value within a given range. Example: Computer data on a telephone line,
(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
£ (camer frequency)

~ vary ~ontunuously with ime). Digital signals can only have certain values (usually

only twn) and can only change at certain points in ime. The terms analog and
digital roughly correspond to conunuous and discrete. /) qumm”

Volage
(1) Analog signal, digital channel

Example: Speech or music on a digital channel.

<——>  Digtal sigral

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

A codec (coder-decoder) takes an an
the analog signal. You y;),

representing speech, and approximate
receiving end the bit stream is used 1o reconstruct

learn more about this in the next seclion.

Digital signal, digital channel

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

. . Digital

Degradation of signals in transmission ' |
Whether analog or digital transmission is used, the received signal will be different
from the onginal because of noise added at every stage, because of crosstalk from

other channels. and because of the non-ideal transmission charactenstics of the
channel (distortion, limited frequency response non-uniform time delays).

In the case of digital ransmission, if repeaters (regenerators) are used before the
signal 15 badly degraded, the emor rate can be kepl very very small. With digita]
signals, errors can be detected and even comrected. (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 haye ever made a copy of a copy of an audio or video cassette lape

recoruing).

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.

Amplifier

M_WDM{L

l//’

/\-/\,.,./""\

j Analog signal

—

ﬁ.ieneratnr Regenerator
2 [ "m NN

—V e V
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Review questions

These questions will help you revise what vou have learnt in Section 4

i

(a) Draw a block diagram of a communications syslem employing radio

(b) What i1s meant by ‘channel’ and how is it different to a “bearer'?

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

Is a microphone a source of baseband analog signal?
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Review questions
Review questions

State which of the following are reasons for using modulation.
What would happen to an analog signal if an allempt was made o transmit it

To improve the signal to noise ralo through a digital channel?
To allow multuplexing

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

Briefly describe what a modem is and what it does.

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

Name the two types of multiplexing.

—.wute the frequency bands for the following:

(a) TV channel 0

(b) TV channe] 28

(c) S48MHz

(d) CB Radio channel 40 on 27.405MHz

Briefly ex]_::lain wl?ai is meant by SHF, including what frequencies it covers and
stale a major application.

| " FE; EA190 Elecoonic Signals and Systems
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Section 5: Pulse code modulation

SUGGESTED
DURATION

PREAMBLE

6 hrs T

Th:-a section covers learmng outcome 7 of the Module

| To introduce you to the sa.mp]mg theorem and P(‘M

e — e

De t:cnp[{:-r

Objectives

Al the end of this section you should be able (o

Ll 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 to:
- 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 descnibe the operation of a PCM communication
link compnising the following processes or components:

filter

sampling gate

A/D conversion/quantising

parallel/serial conversion

D/A conversion

low pass filter signal recovery.
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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 a8 means of commun i <sion medium in'a digital format. g ™ Low-pass filtering

digital signal, then ransmitied over a rans . Sampling

finally decoded back nto 1S original analog 10 e . Analog to Digital Conversion (Quantisation & Encoding)

e | S— g (e _ sagig
el =
il M e

DYA conversion LPF
. ’._-y‘_p
Single channal PCM communicalion Sysiem Decoding I— e |7

The concept of PCM is not new, and 1s credited lo_Alca: Reeves ‘whp- conceived the
idea whilst working in the Pans laboratory of ITT 1n ]93?', Partial implementation
of PCM however. had to wait for the invention 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 ‘digitsed’, are
indisunguishable from data signals, and both such signals may be treated as
one.

PCM allows the capacity of existing transmission systems such as telephone

f:ahles 10 be greatly increased. For example, 30 users can be multiplexed on
just 2 twisted pairs of wires,

Are there any disadvantages with PCM?

;I'ht pri;mu}' digad_vantagekis the large bandwidth required. However, most existing
Ypes o u-ansmtsmqn media are under-utilised when carrying analog signals, and
actually have sufficient bandwidth to carry PCM signals - : 1

m\_‘ EA190 Electronic Signals and Systerms
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Lﬂ“’-pﬂss ﬂ"ﬂ"nﬂ o asolt contain frcquffni-‘i” higher than the L.;lp-.]hullll['}:. of 1}
The analog input ilg;:r : oancies are ol removed pnor o sampling, a for m of e
PCM system. I such ireq To avoid this aliasing distortion, low Dai

istorti as ‘aliasing’ occurs. : Ik
g::::r;;mgas the first block 1n most PCM systems,

r‘-m

s
e

Sampling -
When an analog message Is sent over an analog communications system, the fy])

message 15 camed at all umes. In a digital communications system, only Samples of
the message are transmitied at regular intervals. It may seem astonishing tha regular
samples of @ message and not the entire waveform can adequately describe a] the

information contained within the message.

N Ay

Shmm's Sampling Theorem
Mmaximum frequency f_, Hengz,
which occur at least

2., times per second.

s
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Therefore a speech signal which has been band-limited to
300-3400 Hz can theoretically be sampled at 6800 times per second. In practice
however, a slightly faster sampling rate (8000Hz) is used. which greatly assists in the

demodulation process.

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

Charnnal 1 Channal 1

| [

I ]
Channel 2 — —

B e / . ]

 EE— " r—

‘ Channel 3

| S

Time division muftiplexing

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

extends from OHz to 3400Hz.

W\ \pr —

Lt

Spectrum of samplad signal

If this message signal is sampled at a rate 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 message signal is sampled at exactly 21, the sidebands just touch ope

: ching onto the adjacen Sideh;
i ssage withoul encroac - “d jg
another. Recovery of the me I

nol possible using a practical low-pass filter.

: . 2f,.,, the sidebands overlap, ang jf
S signal is sampled at less the 21, the SIAEDANUS OV the
H-‘h" me;s:agc ?gﬂ | with a low-pass filter, ‘aliasing distortion” will be presep,

s,

N
L""\A’W i

Effect of sampling frequency on spectrum

Analog to digital conversion
The signal that emerges from the sampling gate is known as Pulse Amplitude
Modulation (PAM), with the information being contained in the amplitude of the

sample pulses.

Littie wnuld be gained in transmitting this PAM signal directly, since it is basically

A

stll an analog signal, and is thus suscepuble 1o noise and interference.

In PCM, the PAM signal is passed to an analog to digital converter, in which each
s:iln:;plc value 1s represented by a binary code. The amplitude range of the analog to
digital convertor is divided into discrete steps, known as quantisation steps, each ste
having its own unique binary code. : i

EA190 Elecuonic Signals and Systems
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Quantisation 1s a process of ‘rounding off” so that a limited number of levels
represents the complete signal.

r1 \ | »
B PR I poeryy R

WL WA A

__-llJ_ I.-'—.—.-'u'_n!....:..ll =t i

Analog/digital conversion

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 quanusation noise. However. a greater number of
steps requires more bits, which in tumn 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 in a parallel form, so 2 stage of paralle] to
serial conversion completes the basic PCM encoding process.

T.ic PCM decoding process

The serial PCM signal is first converted [0 2 parallel signal. The D to A converter
then reconstructs quantised PAM. Finally the message is recovered with a low pass

filter.
Sﬂrwmpamnal:__
OOy arEsaon

EA 190 Electonic Signals and Sysiems

Student Workbook
June 1995




Derivation of PAM spectrum

Review questions
Pulse amplitude modulation (PAM)

These guestions will help you revise what you have learnt in Section 5.

An audio signal with a frequency range 0-15kHz is sampled at 32kHz.

(a) Skeich the spectrum of the resulting PAM signal.

Sarmple pulses
operme swiich

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

= PAM = Message x Pulse train

= sin 2nf,t x [DC + A,sin27ft +

(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 |
| pectral components of th |
produces sum and difference frequencies. The : e

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

(d) Suppose the message had a 19kHz whistle supenimposed on it (not removed
by an anti-aliasing filter). What effect would this have on the recovered

] message?
: SN—1
” II aI ml

=
From the above tru
provided tha ';:P;: M we see that the message

me

State the steps required to convert PAM to PCM.
¢an be recovered with 2 ILPE.

|
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Review questions

Section 6: Noise

I onverter.
| ghitAtoDc SUGGESTED
: Julator uses an G
3. A PCM modu 150 DURATION

ion levels are posSIDIE:

(a) How many quantisal : e

PREAMBLE

Tu_ enable you to explain the various classifications of
noise and the effects of noise on communication Systems.

This section covers learning outcome 8 of the Module Descriptor.

to quantisation noise ratio?

possible signal

(b) What is the maximum

Objectives

in demodulating PCM.

4. Last the steps involved Al 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
- npatural
- intemnal
5 A 12 channel TDM PCM telephone system USES 8kHz sampling and 8 bits per $§E:al
impulse
random

sample.

(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 is the minimum bandwidth required in theory? e_xpla!n u.-l?}- impulse noise may cause errors In a digital signal yel cause
little impairment to an analog signal

convert SNR to dB and vice versa.
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Noise

ntroduction
:lﬁiu can be defined as interference

: be au ;
. 1is ultimate effect mﬂ?ﬂ : snee on a television screen, o
l?::' speaker, visible as sriow Of other interferen 1 may

in in computer data When the interference comes from another el
resull in errors . | |
in the system, 11 15 generally called crosstalk,

which dcgfﬂdfﬁ the useful information in a

h l]u 1 ; I I unILli[i[)r] 'w..'l"'\ t{ll'}

There are many different SOUrCes of noise and we will start by classifying them s
external and internal.

External noise

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

Sources of man-made noise include car igniion sysiems, x?vih:hcs (eg. in a
refrigerator), and brushes in electric motors, Switching noise 1s worse where the
current is large and the load 15 inductive, In fact all electrical equipment will radiate
some noise. In pnnciple, the noise from these sources can be suppressed at the

SOUrce,

Natural external noise sources include electnical storms and discharges in the
atmosphere and jonosphere, and cosmic and solar noise. These noise sources have g
greater effect on radio communication systems than on other systems. The effects
can be minimised by suitable choices of frequencies and antennas, and by careful
posiioning of antennas.

Internal noise

This Kind of noise 15 generated natwrally in electronic components such as resistors,
diades and transistors, Noise generated in resistors is called thermal noise. It is due
10 the random movement of electrical charge. Because this movement is thermally
generated, the noise power is proportional (o absolute lemperature.  Also, because the

| movement is‘mndum. !hc noise 18 uniform across the spectrum and the available
Ny no1se power 18 proportional to bandwidth.

| "he available noise power from a resistor is kTB (watts) and the available noise

voltage into an open circuit is [AkTRR

4 whm t - '-38 X lu-ﬂ-

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

n electrons cross a potential barrier.
Y proportional to the bias current, Like
M and its power spectrum is flat with frequency.
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The Power produced by shot noise is directly
FEILNOISE, 1115 also purely rando

dible (the conventional meaning of nojse) fron
I

type of random noise occurring in resistors and

Flicker noise 15 another | . |
semiconductors. Above a few kHz its power spectrum 15 essentially flat, but at lower

For this reason it is also called 1/f noise. Metal film
resistors produce less flicker noise than carbon resistors.

frequencies il increases,

Internal noise may also be produced from dirty switch contacts, dry solder _Jmnts,
other poor connections and faulty components. [deally these sources of noise can be

eliminated.

White noise, as we have already said, is 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 to reduce ”'“? effect
of impulse noise in some equipment (€g. v r_cc_ewmjsj. Because imp?l?f: noise may
have a large amplitude, il can easily corrupt dllglla] 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 s 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 it 15
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-lo-noise rauo
becomes.
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4 how digital regenerators gan remove noise from a digigy,
ow

rsﬁnhl]ﬂﬂ.lliw

signal). :
| - et/ 15e OWET. [ - .
Signai-to-1 1 jo (SNR) is the ratio of signal poweri® Pt Electrical Noise and [)!smrtmn
RIS e Noise - unwanted electrical energy presen
| : 10log,s(SNR).
e T - Correlated noise - produced as a result of _
Example - ImW distortion, and further divided into these categores: 1001 .
| T e - distortion, transient intermodulation distortion and quantisation noise

: = InW | _
Noise power thought of as being uncorrelated ).

t in the passhand of a communication system.

the signal and related to the signal. Gcnerullj_,f called
harmonic distortion, intermodulation
(although this is generally

ndent of the signal and present during the absence of the sigpal
les are: phone line noise, amplifier hum and tape hiss.

' = ImW/InW ]
= :1.300000 or 10° Uncorrelated noise - indepe
T (unless noise gates arc used). Examp

10102 (OF =508 A. External Noise - produced outside the communications system and entering into it in the

~ voltage ratio squared (this 1s becayse yassband.
Powgr, SNR & £ ]

. voltages rather than
If we know YOIlag squami)-

power 1§ propartional to voltage (i)  Man made.

Electric field produced from voltage which is in close proximity. May be shielded with
grounded conductive screen.
Sigaal, =11 Magnetic field produced from current flow in close proximity. May be shielded with low
e =11 reluctance sereen, ie. iron or mu-metal.

V) Spark producing mechanisms such as switches, commutators, car ignitions and fluorescent
SHERS =LA lamp starters. Impulses produce a wide range of frequencies.

= 10°

Example:

1 Natural

: SNR) — 60dB (11) 1 _ | e — | |

P s sk D b « Atmospheric such as lightening and air ionisation (aurora borealis), called "static™.
or we .an take 20 log (ImV/1pV) and get the same result. Frequency response:

f{lin)
o Extraterrestnal, "deep space noise" such as caused by solar noise from the sun's reactions
(low intensity) or solar tlares and sunspots (high intensity).
The sun has an I1year cycle within a 99 year cycle. ‘
e Cosmic noise, "galactic™ or “black body noise", emanates from the stars and dark matter
between the stars. It is evenly distributed across the sky.

B. Internal Noise - produced within components in the communications system.

e Thermal noise, " mian". "random" " - = :
Caused by th: ‘rq%u“ m‘mt“ random”, "Johnson", "resistance", "white" noise.
: > random motion of electrons in conductors - el
Pt | otion of LlLLtl’ﬂ}'l&. in conductors moving between different energy
5. r{'lpﬂl'!ll:ln:ll 1O tl;,‘l,'ﬂpﬂ["dturc and th:.'lluﬂnC}'. n
Frequency response:

{{log)

TP f{1in)
crmal noise 1s random. conlinuous,

N—_—_—__—" 1 covers all fre uencles : 1S} : -

: s s and 18 in all elec Yairn
AEE: [t is the most important source of noise . n all clectronic devices.
| ! EA 190 Electronic Signals and 5??:*”:: '

Waork
Srudent 095




ESSnoise.doc

ESSnoise doc
23
. qant (1.38x 107 ) Noise spectrum.
. = k = Boltzmann's cons 0 —.273°C T
Noise power: N kTB, T = absolute temperature (0K 273°C) White noise: has equal POWET across the frequency spectrum.
R = bandwidth of system o ;nunds like hiss, eg. an FM receiver tuned off station.
INK Noise: as equal power per frequency octay decade
- ced by | , _ =N y octave or decade.
Vxis r;ﬂ:::e vqlt;itcpf:d“‘i‘w sy'sgﬂm used for audio testing.
equivalent resistanc ‘
e
= R, :
R; = Ry for maximum transfer of power
ie. power to load is N = kTB

Vo
Output voltage V7, :T" = JKTBR,

v, = JakTBR,

e Shat noise, "transistor noise”, appears in semi
different path lengths of the charge carmcrs dye to the
bias current through the device and to bandwidth.

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

conductors and valves and is caused by the
ir random motion. It 1s proportional tg

f(lin)

Flicker noise, o1 " "low frequency”, "excess" noisc 1s caused by surface defects in crystal

structures of materials. It is proportional to DC current and temperature.
Frequency response: - - f{log)
Eftects of noise.
Analogue systems: becomes part of the signal and therefore usually impossible to remove or

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: _ : ,

¢ Transit noise, low frequency Signal to Noise Ratio A

* Burst noise (popcom), low frequency (1/f%) Power ratio:  SNR(dB) = 10log g o<l

* Hesistance noise in semiconductors noisepower
signalvoliage

Switching noise from temporary open circuits Voltage ratio: SNR(dB) = 20log,

neisevoltage

- correlated noise (distortion) can be reduced by negative feedback, as used in opamp circuits

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

audio system,

Noise Ratio

Noise Figure NF = 10logNR > (0dB

The lower these figures are the better especially at low level input stages.
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Review questions

These questions will help

You revise what you have learn; in Section 6.

State two sources of man-made extemal noise.

State two sources of natural extermal 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 f
an amplifier?

rst stage of

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
rnoise?

-—_—mm
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Review questions

. _impulse noise or white
ter effect on 3 digital system - 1 p
ich wi the greater
8.  Which will have
noise?

e
e

I ———

' |stance.
9. A microphone has 100 Ohms internal resistanc

bandwidth at 27°C.

(b) If the microphone delivers 2ZmV of signal, what is the signal-to-thermal

noise ratio in dB?

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

EA 190 Eleconic Signals and Systems
90 Student Workbook
June 1995

i | .i‘ o - N, -
Ll O WS Tl e Ty

e T i e

ESS pracl

ELECTRONIC SIGNALS AND SYSTEMS

Practical 1

This consists of three demonstration labs set up for you. There will be limited -
hands-on opportunity. .
A report of these labs will be writien and handed in.
Included will be:
-description of equipment. =
-aim of lab.
-diagrams.
-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?

Lap B Spectrum of radio transmissions
-sketch the spectrum of a number of radio stations.
-sketch the spectrum of a single radio station.
-record relevant frequencies.

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

Lab C Fourier synthesis of waveforms

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

-1s the output a “good” square wave?
-how can the output wave shape be improved?




iy . T -
ek el P, Y g ¥ =10 dndi
. » " ) ,."-.,-..- T{‘hq!‘ ﬁ.&

-

Pt Com,, Taing,
J~il¥, CAY;0
PREFIXES | ﬁf
:1 ”"'J’I'r"' L‘{-q‘,xtan_ C;:eﬁ_ e 'T_.G' rr'_:,
S l-_‘lf|'| /'?C" mV "'12/{21"
{‘ e E#c-/ ﬂy.:.

Kilo
mMega

= QIQa

lera

=

FREQUENCY A0Hz SO0HI  JiMp I0kH 0 - i
( 100m 10m m 10em cm Imm  100pm 2) To observe the erff
Carrier™
Mot Sare specs SNV aTe Tt i 4 5 B4 7 ‘ 5 :
OCated QMY Bbove s banc. ' = il 3P mes T 17528 {Ra 7 5 1028
COmraes SUSF ML Smnitucs - By a7 Cﬂuﬂ+ Erh CL\O @

- — === ] — ! AlM: 1) To plot the AHP
T JOGH: 300GH: 3TH:
WAVELENGTH  10Mm 1Mm 100Km  10Km ! 'Upm W
. = triangular wave
Australian MF-AM Australian TV Channels ;
Broadcat standards = 2y s 3 L D R Ve ey Gy o R EQUIPMENT: Comms Trainer, Bandpass Fi|ter CM10, CRO,
Frocusncy Rangw: =28 5. 1608 Suris i : i e s | : sz 50,7 PR, meter, Adaptors and Leads,
; i) : 225 grae Frequency Counter. log /in Vb L g
571.29
Modton (C-Ounm) 25Hz o0 1 o oy = "y ne e — ==
2 e & Gev. of 3% 15 5% of R o w e Australiq | =SS —
- iz CMIQ |
('[) |

s |__EF [VOCE | wir | ) 4T UHF | sHF | sz 2Ef Y INFRARE[ -
Y TR Ty Tyt ety L BANDPASS FILTER.
_ S e o (MY I G ¢ Millivolt
Chasnel Frequencees: <37 S0 525 1583 16D 2 : 7 Signa enerator, ac VO
Racarren rary ree modfcabons, | . B4 24 = i ¥ a7
60 # : 12 23125, o8 PROCEDURE :
JusSratre o 1'1 < o :
— Fad = L F . =
S CB Radio Ch
L
N

[

vat excescing 4% at Bos ] T2 o ) = E95 ; - .
odLEaton (40087 1 SkHy) B 183 34 B 72 £3 e B 7.7 <y Ausi HE “Aust UHE T s 3 =
1= —— LER D . (WH) (MHz) F G’En

1828 mn 125 any 78 t4 052
|

o Tt 5 -
a0 MG S i 435
—

25975 478 459
oy 26 BAS 470,475 i ity R

s Australian VHF-FM 5 sum ey I Mo e 2700 :
roadcast Standards 0B & an  1en oo 76 53¢ '
Frequency Range: 5108042 i ey o B en s e, 1) Connect up the equipment as above,
Channe! Frequancies. 851,884, . 1077, 1079 N o 1 B 7es3s omm Shaeis 476 600 ¥ 2) Set the Bandpass Filter for a |ower cut-off frequency
o s 5 sex gy & TRE L m 27,075 {76 65 of 300Hz and an upper cut-off frequency of 3000Hz.
e, B N & s - 27,108 476708 o 3) Switch on and vary the input frequency to achieve
Fmrmum-F y: - . 618,25 27 € M5 e A0 eLlolhzs ma. imum filter output. (watch for e pRing) i an
2y 2 s 2 88 oy 812 7¢ : 7124 il g 4) Adjust the signal level from the generatnrbtu give
s N _ : i = 3) above.
1 l-:vqffcw---.rq'.weftn-usnu be i e . VHF Band | h 83 HE Band IV ""E?" 2 UERIDE e ancte X
TN DIDDOBT shanead E-Lm:.l.'ﬁrFu::r,..L-.-:-,m:F:‘&u 3- '-';FB.:-'EH Ch .'ﬂ{;g LLJJ'HEE'.":':;::. 27.17 :f;.:-,_; DUtPUt BLEOCERIAL Nt i
£ 476.87%

Vi S

w28 (S0 SAHn e e 1 ’ L4 J
A : Signa J

et C =

ST . e

A oh

B Ry

s bk

in steps from SOHz
h enerator input frequency
el fegnrding the amplitude of the filter output (mV

Marrimn Devaten T Sar VHF Band il i
Mo i sen FEX or FM G5 476,500 8 o 5kH (
3 2 16 ooe e z t (use
769 ¢ tzt;rl a;d phase di{fference between input and outpu

m

Presmphass 10 1 50us - ¥
pe VHF Marine Frequencies , 025 7630

lead/ lag).
log/linear graph paper

e Y T |

C -] -d-m-r_-uq.l_,-\._
]

Al sl my

B B3 B g N ]

£ The wquences 176,877, &7 E7.5 & BAMMY Neve bean
Servces SUCh s Touret Rase ot ;hr‘.; C (MR a-l‘— ;’E g::ﬂ 1 2 AL as shown
Lol L Ship Bhore .. . . - s 477 0=
- : , : above on
Australian Colour TV ol 0,850 477,050 6) Plot the =
B =100 00 & 15607 jegers gt L mse_ P.ng
155150 160 750 (>, 156 155 183 722 - e e -I::;l' -
TAAHY veg ! soetand prang 5 St 5 : :
1 25y ;:; e 1-{-4-;3 1{!.1:‘_:-:] Ed 156272 160 525 21315 4TTA75 d & )
158300 [S6300 65 {sazs 160475 . 3 477200 : o
5-.:."-""‘1-" ;.'I-'_'F:."-!;" SN 1548 400 154 450 fre= i 7 2258
247 18T =it D g k7 HBITs =y 7728 ]
142 BTS2 atoew prmary ; 154 450 156450 g 3:; :;:: NS piL :-.-51 R ' ? ng I
“ 477 30 MY - — siqle
Fegatrer armpts, e mdsiaben 156 554 155 =un 0 152 &34 154 535 : L =¥ = ‘F\ H= ’ <
035 s egred 31 58 800 1S 1y 154 5 7% 15':-.;..': 3“" 477350 o 75 1
562554y § B . 477.375 i
Sz 135,700 iS5 T r ] 155 4T 150 £74 ay h
156750 154 125 7 s 3on R Emergency Chonnela Calling Channels shetch the
N 4 1725 1587 ASLHF (AM) on g .1:,5;?_;5}; (AM)]  Cn i 7) ut to S00Hz Triangu lar wave ﬂnﬂnf
o | 11:.'--;« e S L I (TP NZ HF Ch 15 Aust UHF Ch Il 8) Change 1inp filter frequency settings OH
o : 26 800 101500 3 b BT JE ) 574 = ”;:HFI"'-” Chi s fi It.EI‘ autput for {b] 100;10'00 e
s Caffapr Bmeoe ek ’ rey o e s 1 { a ]
o S1 e 8 bl Lk 16507y NZ Channpls 264 afelor S5B ke only bove for a SquareuaUE ianIt‘ waveforms of
Lire tlankng oien (st : 157,100 161,700 0 : Iurr;: - REPEAT B) abo ?fect of the fllter on the
4 157 1um "]
TN 12 2 157200 161800 ge 7 AUSfl’a"an 27Ml'!z 10) Explain the e
> BT wan e = . & 1 EYS
& ] T 11‘r'_'r"l'- Va1 e Mqune Fre uencles HJ a ﬂd g J -
LT PP I —" 1:-;'3-'.- w-l i (3] 157374 161 675 Freq (MH)) Use
o .,._; : : ¥ ara J1 TS 157 57 «/ EHG ':-_-H'..-r.p;c,_” ofgansatons. Calling and wakn
V=T .50 63 oo i.h 1435 f Lhip-ah 0 and shpyahog 5 CDNCLUS l ENS H | M
éca"é' /6?/;/0“- }f“' LA ’
?7}"‘1&) /

TEaNe D lor g by covian Livw Possgs Coany p;ﬂr-r-”_d_.:ﬂg o Eys
477.000 " CRO and note
155 05n 1 60 650 i ] 15E 02 VEO 625 F 27 2 477 0TS
. L elow.
st Standards : b dapures ol :
158 200 180600 63 146175 160,775 &7 477153 -
- -
h':-ﬁ-.p-:"':] L= 148 350
T 156 330 10250 &  jrga 160 525 477225
SN R 136 500 e 5065 3 155475 156478
= 37 a77 a5 e
i % 10 o™
156 149 1460 N e LI i 27 405 L h
S 477400 Sk B
Show your graph to the Teac
156 &0 LR ) TT 158 KT 156875 A= "
Ll UHF Ch 5735 Aust HF [588) Ch. 18
125 855 161 445 ‘ ¥ ; e
¥ (4] ] 1, o] rfos IE_II"_:: HHIES'HE’ Ci"—»-l’::"}i-"t. 1.24 aro ’l:l-'ﬁ}pf e ‘_I':.‘.i 300!3000”: B
13-1_!-..1 | 157 0ay 161 550 By ¥ VE1
L8 BV Te=
POl o ) 58 161 150 B4 7K S ]
. d 100 B
: 76" Ok ey W i 161 850 A 2y
v L0 Py Ny
:;:ﬂw!'l“hm Pulse
rval S kg D £y
p I ¥ - = kes VE =
e Iu:m e Low ey, ] 34 720 F‘r.r:.rr-g, wonal I.',f'---HJ Ca W] G sy A
gt g : Use 2 Wachig o Al 31p- shore ' o

1040 p-'--'l'i."-'.. Nl lehing, Caknng Gad worig

¢ SAR Port Orsrations :
e - : AP M e
b 0 FPrn O rEiliora =3 BEG tr.l =2t WO b "" - I
L S - Al : RS, Mlaty and caling DO TH ' 5"' & - e{,
; /{:‘ (= b i 3

Fon ‘:-".'.l-'ih;ﬂ;
f'l..u-rtrq'-- 3 ; diai <t an .'”:“r] Distres
. . ! AIBIreeL . Byl il caibn
Bchis g 27 100) Ay nnd cafong Lhct et

i

Fieic Sync Pulse bntery ) 4

Fmﬂlmtmg btesrug) 24

Rane Fan on o Ty S L=l N P,

FEak soung ClifTuer; s ®14 Feon Crsratrng WA Non G ) ofgandiilons Caling |
¥ BR B b i T

B oo T Sykhonm f”" Diastriyy il :-’-'*"Fr Yoo 37¢
< Pén rmaalcine | Wiy <,.010 hon f'.-'.lum.-n_..qs afpamsahong. Canm
d el R —

ChY el Cnd 200n
SoLmn Moyl on Fad T Pt Cormaponinc, : o .
. 3340 Hon Canund el HaEnnns Ll &

I:h:.q.rﬂ‘l_lq | . .
Wit ehuh OVENLS, Bl s aHd s

mhﬂﬂm A,
; p_ i 67 [ Sl Ay . d
- . o - Vatong - e e LS LY H Y 7000 Mt Commuarcial organitane Cakng &
i - el lj'.t-,p..:, Ll LT -,hr_ s ol iB
‘ ; f uphand, € 1) s

ki = il el
Vil TR i 1IN L= T fegcue e
al FifY N s whinyg  Alspes i nd S04




= . Bl 1 H'j ™ .; I~‘~
. oy 1 i LA W
Lk Vit Sy e 4

¥

ANSWERS -

'O REVIEW QUESTI()NS

Mechanical —— —— e
enerngy

Inpun Tl'“ar‘_ﬁrr;ur_';-' ""‘—4* —
tran Sd ucar — , Sﬁ'laﬁ-l D m.ﬂ
HEASURING AMPLIFIER SNR

. e
] Iﬁ-‘&ﬁ..ll
——a U?J':Sﬂ;w .
(Generator) | | (eg. m Olor] = Oulpy
= = L

T

Lossas

—

Lossas

. In an electrical power transfer S
AMPLIFIER

In an information transfer syste
ratio are the prime consideratio
(CM2)

yStem, efficiency s th
m, wavefg
ns.

€ pnm Consideration

i
b
M integrity and signal-to-nojse

s In an electrical power transfer

In an information transfer syst
AlM:

SYSIEm, power is Provided at the squrce

€I, power is provide at
To measure the Signal

Vanous points.
to Nolse Rati{o of an amplif{er.

EQUIPMENT : Comms Tralne:,
Rn:i:tan:u Box,

CH2 Amplifier.
(’34@/ My 14’}-*‘17-)

The laser tracking system in a compact disk
=igna| Generator.

an agc system 1n a radio receiver
a crystal oven for a high stability oscillator
PROCEDURE ; 1) Set the amplifier volume contraol

The pressure controller in a steel rolling mill
to mMaximum and
leave ¢ Set In this Position for the remainder of the lab,

Switch the amplifier

Note that a remote controller for 2 model aeroplane transmits I_:aut cfloes nmh
o
<) Set Vg ¢ S tPut from the receive. Therefore there can be no feedback 1o the controller itself, thoug
“ e L o . ;
amplifier, Using the C the output, fleasure outpyt Jiere would be feedback in the plane.
leve | With the mv meter,
Lfrms -

3) Flace a 4

Plifier's inpu
adjust

The setting on the
the amplifier’g input resistance,Rj.

mV meter, CRO,

player
AxBvs/130 0 , A g“"f/‘:""“u',

Decade
g-l-"t: Tﬁé

Ca

output voltage is sampled by a resistive divider. The sample is compared
1.!1;31 the source and the difference (error signal) is amplified.

' tor load
Open loop control: The motor speed will greatly dePcnd on the motor
] anpde suppll; voltage, as well as on the controller setting.

SNR‘

6) Repeat =) .
mMeéter.,

CGHCLUEIDNS:

What @rrors are
Carried out ab

Involved In the
ove? Are any of

SNR measurement as
these Significa

nt? Explain.

=
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HEASUR I NG AHPLIFIER SNR

=
AMPLIFIER

’__4.. AC mV meter
Vs

1kHz / EME)

V= (CRD

AlM: To measure the Signal

to Noise Ratio of an amplifi{er.
EQUIPMENT - Comms Trainer,
Resistancea Box,

(Bwe/ émm o /30 ¥orr)
PROCEDURE :

CH2 Amplifier, mV meter, CRO,

DECade
Signal Generator.

Ax BVe/T30 ;i 1 g#C/'ﬁﬁ&q{ Bae T, e
Set the amplifier volume contro|l
in this Position for
amplifier Cutput to the
to produce max i
amplifier, USing the CRO t

leve] Wwith the mV meter.

to maximum and
the remainder of the lab.

internal

=) Place 3 decade box

adjust ¢ to halve the
decade bpy wilj

L FV

S input and
The Setting on the

resistance.ﬁi.

4) Connect a r
terminals and m
Observe the put

Ri : . & &
to Ri across the
filer's output

€sistance equa |
Easure the amp| {

amplifier'g input
PUtl on the CRO.

with the mV meter.

<) Noise g/p =

Calculate the amplifier's SNR. ) SOLES G

©) Repeat 2), 3)
Mmeter.

SNR = 8 aliuiald e .
and 5) above, i

Using the 4B Scale on t
Ask Teacher If not familar with this method sy

SNR =
CﬂNCLUSIONS:

What Errors are
Carried out ab

g Invalved In the SNR

Are any of these slgniflcant?

measurement
Explain,

Section 1

In an electrical power transfer system, efficiency is the prime consideration
In an information transfer System, waveform integrity and signal-to-noise
ratio are the prime considerations.
In an electrical power transfer system, power 1s 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 agce system in a radio receiver

a crystal oven for a high stability oscillator

The pressure controller in a steel rolling mill

Note that a remote controller for a model aeroplane transmits but does n-:;th
receive. Therefore there can be no feedback to the controller itself, thoug
Jqiere would be feedback in the plane.

The output voltage is sampled by a resistive divider. The sample is compared
— . _ r
with the source and the difference (error signal) i1s amphiied.

= Open loop control: The motor speed will greatly de:pend on the motor load
anIT:le supply voltage, as well as on the controller seting.

: : —sayly
s Closed loop control: The effect of load and supply voltage will be greatly
reduced by the feedback.

- ———— wm
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Section 2

I. ({a) IkHz, 2kHz, 3kHz
(b) IkHz, 3kHz, SkHz
(c) 100kHz, 300kHz, S00kH?
(d) IMHz, 2MHz, 3MHz
(e) IMHz, 3MHz, SMHz
() 50Hz, 100Hz. 280H>
(2) 100Hz, 200Hz, 300Hz.

No

g; ?3 or 0.667 | l”“l”lhﬂj”’“t;ﬁml

2nd order:  ® 100Hz. 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

i) Sth, 10th 15th elc.

(a) (1) The 5th harmonic falls ar the first zero of the curve. Section 3
(n)  The 50th harmonic falls at the first zero of the curve.
(1) The 500th harmonic falls at the first zero of the curve.
(1v)  The S millionth harmonic falls at the first zero of the curve.
(v) The spectrum is a continuum.

The spectral frequencies remain the same but more components fall ip
the first lobe of the sinx/x curve. That is, there are more harmonics
with significant amplitude. Therefore, the signal requires more
bandwidth.

v A
30Hz - 15kHz (or perhaps 20kHz for JOUNg people with excellent hearing), el
Band stop filter. (Stop band = 2

Noise with equal power per unit of bandwidth,

As the 3dB bandwidth.

m EA15 Electronic Signals and Sysems EA 100 Electronic Signals and Systems
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3. (a) Band pass

(b} 1d4B

(c) dkHz (148 - 152kHz2)
6. 6dB/octave.

. ® loss of colour
® lass of definition

o UL

Rounded edges

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
digital signals.

10. = 10 select a particular signal
* loreject unwanted signals and noise

Section 4

1. (=2

S EEE

(b) A channel is a means of One-way communication. A bearer may carry a
number of channels.

c) = Source: Microphone, strain gauge, video camera
= Destination: Loudspeaker, printer. video monitor

No, the source would be the sound, the microphone is the transducer.

* To allow multiplexing
* To allow use of a more suitable frequency range.

Any three of the following:

® noise

®  crosstalk

*® limited frequency response
® delay distortion

® non-lineanties.

e
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FDM and TDM

(a) VHF
(b) UHF
(¢) UHF
(d) HF

= Super High Frequency
* 3GHz - 30GHz

= used for satellite communications

Its amplitude would pe restricted to two Jevels

A modem is 2 modulamrf’demodu]amr which

, lul COnVerts a digital signal 1o a form
suitable for transmission through an dnalog ¢

hannel and reconverts to digital.

Section 5

(a)

S

15 17 47 49 64

——

(b) With a 15kHz LPF.
(c) Yes, provided fairly sharp cut-off filters are used.
(d) An alias would occur at 32kHz - 19kHz = I3kHz.

Analog to digital conversion (quantisation and encoding) and parallel 1o serial
conversion.

(a) 256
(b) 49.8dB

® Senal to parallel conversion
= Digital to analog conversion
®= | ow-pass filtenng

(a) 768 kbps
(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 is
amplified by all the other stages.)

% To minimuse 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. 1uW.

|
!
?
Il
|
|
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