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Preface

This Introduction to Amateur Radits exactly that: The document provides an enttg in
the wonderful world of amateur radio, specificdtly would-be radio amateurs.

South Africa complies with CEPT T/R 61-01, the Epean recommendation on mutual
recognition of amateur radio licences. South Africadio amateurs can exercise their
privileges in more than 80 countries and territorigth minimal paperwork. In exchange,
we have an obligation to ensure that all licenc&ddrs possess a minimum level of
knowledge commensurate with that required in otioentries.

Andrew Roos, then ZS1AN, produced most of this wtgdide around 2005. Colin de

Villiers ZS6COL brought it into alignment with IS@nits and formatting in 2007. It covers

all items in the HAREC syllabus, which forms Anng@xo TR 61-02. The latest version of
that syllabus is dated 2004-02-12. It is throughdemv’'s and Colin’s hard work and with

mediation from the South African Radio League ttha¢ monumental piece of work is

offered free of charge to anyone wanting to becamadio amateur in South Africa. Our
hope is that its availability will also help woubd amateurs elsewhere in Africa. Amateur
radio has a great role to play in fostering skiismodern communications technology.
There is no better way to learn than to tinker whitings in practice!

We have refrained from including lots of picturepgecifically to keep the document size
manageable for downloading. You will find plentyiofages on the Internet to supplement
the descriptions.

You may notice a few rough edges in the documeamdéinber that it is a volunteer effort,
and an ongoing project. We had to let this vergionso that it can be used, while we
continue to polish some more. Please contribute yosights and observations to the
Editor, so that the next edition will be even bette

Enjoy the process of learning about amateur radiany of us were shaped by amateur
radio. It provided exposure to the world outsideutBoAfrica when the Internet did not

exist, and when our passports were not universedlgome. It offered hands-on technical
exposure that opened doors to technical innovadimh careers, making South Africa a
world leader in many fields of communications.

But above all, it will change your life. You canriio lifelong friendships with people you
haven’'t met. You can visit long-time friends whesuytravel the world. You can learn new
languages. You can even string a wire over a tneldalk to the world, with equipment that
comfortably fits into the palm of your hand.
Arthur C. Clarke’s Third Law states:

Any sufficiently advanced technology is indistisgable from magic.
He was right, you know. It really is all magic.
Chris R. Burger ZS6EZ
CSIR Meraka Institute

Editor: Edition 1.2
Pretoria, January 2016
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Chapter 1: Overview of Amateur Radio

Amateur radio is a hobby that involves experimamntiith radio (and related technologies
like television or radar) for fun and educationisltalso known as “Ham Radio” and radio
amateurs are sometimes referred to as “hams”. mist hobbies, there are many different
activities that fall under its umbrella.

1.1 Communicating With Other Amateurs

Using radio to communicate with other amateursrie of the foundations of the hobby.
Most amateurs have a radio station of their ownréadio clubs often establish stations for
communal use. Increasingly, shared stations caradoessed via the Internet so that
participants can access the station from any caemelocation.

Stations could range from very simple to very etab® A combination of &ansmitterand

a receiveris known as aransceiver Handheld transceivers are available for talkiog t
others in the same town, while small transceiveitable for portable or mobile use can
achieve world-wide communication. Antennas makeaugehdifference to the results, and
can range from a simple arrangement of wires teehargenna farms featuring several tall
towers.

Radio amateurs communicate in many differemddes The term refers to the way
information is encoded onto the radio signal. Rasiignals started with Morse code
telegraphy, where the radio signal is simply swattlon and off in accordance with a
standard code. This mode is known as ContinuouseWar CW), and is still popular in

amateur radio after more than a century. Phonecallactive term for any speech-based
modes, including FM, AM and SSB, where a normal &amoice is transmitted via radio
and interpreted by ear. Finally, many digital modiew data to be transmitted via radio.
These include FSK, PSK, WSPR, WSJT, SSTV and mémyre These modes allow the
transmission of text and pictures, much like thermet does.

Don’t worry too much about these terms; their megmnvill become clear later.

Amateur radio contacts (also known@SQO3 range from the briefest exchange of callsigns
lasting mere seconds to long conversations (kn@avagzchews$ that may last hours.

Amateur radio is not like the phone system since generally can’t contact a particular
station on demand. If you want to speak to a paeigerson, you must agree to a time and
a frequency where you will meet. Such an arrangémseknown as a schedule, or “sked”
for short. Even then, there is no guarantee thapggation will allow the stations to hear
one another.

Otherwise you can just speak to whoever happehs tstening and is interested in a chat,
which is a great way to meet new friends and lesw things. There are also some
regularly scheduled networks (or “nets”) where apans who share a common interest get
together at a particular time and frequency to arge ideas.

1.2 Collecting QSL Cards

After communicating with another amateur statidiis customary to send a confirmation in
the form of a QSL card. This card is a postcardhwiformation about yourself and your
station, and details of the QSO such as the date, frequency, mode and the callsign of
the station worked. Many amateurs take a greatafgafide in their QSL cards, which are
often works of art. As well as being something tepthy and a nice reminder of the
contact, QSL cards are required if you wish tonslaicontact for an award (see below).

V1.2 © 2005 to 2016 SARL 12



South African Radio League Introduction to AmatBadio

At the end of the twentieth century, several etadtr replacements for QSL cards started
evolving. The most important of these, ttegbook of the World;onfirms the correctness
of contacts, but does not include facilities fartpres. As a result, many other systems have
sprung up, witleQSL.cgerhaps being the most popular.

1.3 Building Radio and Electronics Equipment

Many amateurs build at least some of their equigm&ome build equipment from
purchased kits or from plans found in amateur rawégazines or on the Internet. Others
build their equipment from scratch, doing all thecessary design and sourcing the
components themselves. The complexity ranges fiamls projects, such as a computer
soundcard interface that can be built in an eveniagcomplete radio transmitters and
receivers that may take months or years of worklajpmicroprocessors and digital signal
processing (DSP) is an increasingly important parthe hobby, so building equipment
may also involve writing the necessary micro-colfgraor DSP programs.

Of course, for those who do not enjoy electronde®rything you need to participate in the
hobby can be purchased off the shelf.

1.4 Building Antennas

Many amateurs find the complexity of modern trahgas to be beyond their construction
capabilities. However, antennas provide a readgetarfor experimentation. Simple
antennas can be made with string and wire, and miat®rate installations can include
heavy hardware and advanced automation.

Most amateurs build at least some of their own rards. Antenna projects can be very
rewarding as good results may be obtained fromyfaimple designs. A number of

software packages allow you to design an antendanasdel its performance before you
invest in the construction of the antenna.

1.5 Public Service and Emergency Communications

Radio amateurs have a proud history of making thkills and equipment available for
public service and emergency communications. On ghblic service side, amateurs
provide communications for many sporting eventshsas rallies, marathons and cycle
tours where their ability to communicate effectiwdtom remote places is of great
assistance to the organisers.

Many amateurs also ensure that their radio stati@v® some alternative power source,
such as batteries, a generator, or solar powerthab they can continue to provide
communications in the event that the telephone pader distribution systems are
disrupted by a natural or manmade disaster. IntSaidtica, Hamnet, a special interest
group of the South African Radio League, coordigatamateur emergency
communications.

1.6 DXing

“DXing” means communicating with as many differgtéces as possible, often in order to
qualify for certificates and awards. The term corftem the use of “DX” as a telegraphy
abbreviation for “long distance”.

There are many different awards, mostly in the fofra handsome certificate. Some of the
harder awards also include a trophy or plaque. Majards include:

0 The premiere award is thBX Century Club (DXCQC)which requires proven

communications with at least 100 different coustri®ver 60 000 amateurs have
earned DXCC, including more than 200 South Africans
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o Worked All ZSfor contacting 100 stations in the various regiof South Africa.
The award’s name comes from the fact that “ZS"he tmost common prefix
assigned to South African amateur radio stationsio&t 600 of these certificates
have been issued, mostly to South Africans.

0 The Islands on the Air (IOTAgaward series, for communicating with stations
located on islands.

o0 Worked all States (WAS)iven for contacting all 50 states of the USA.
0 Summits on the Air (SOTADr communicating with mountaintop stations.

0 Worked All Zones (WAZjor proven contacts with all 40 CQ Zones. Someeso
are easy, while others are sparsely inhabitedapggationally challenging.

1.7 DXpeditions

Because DXers are always on the lookout for coestrislands, mountains or provinces
that they have not worked before, there is oftéinray of interest and activity when a rare
country or island is activated by some intrepideadnateur. Expeditions to unusual places
for the purpose of setting up and operating a rathtion there are called “DXpeditions”,
and participating in DXpeditions is itself a vegwarding and challenging activity.

1.8 Contests

Contests bring out the competitive nature of soaatoramateurs, who enjoy the challenge
to contact as many different stations as possibér a predetermined period of anything
from an hour or two up to 48 hours or more. Costestly be run on a local, national,
regional or international basis and may attractling from 10 to 5000 contestants. Many
contests have several entry categories to allowasignequipped stations to compete with
each other.

1.9 Satellite Communications

The amateur community has successfully launchedimbar of small communications
satellites for the use of radio amateurs around wbed. Communicating with other
amateurs via satellite (or via the earth’s natseadéllite, the moon) gives radio amateurs an
unparalleled opportunity to learn about the tecbgplthat underlies much of the modern
era of communications. Because amateurs themseleeslop these satellites as a
cooperative, non-profit venture, those who arerggted in the design and construction of
satellites also have the opportunity to study tkeighs and may eventually be able to
contribute to new amateur satellite projects.

1.10 Maritime and Off-Road Communications

The maritime and off-road communities are increglgiturning to amateur radio for their
communication needs. Thousands of small craft sisclgachts make use of the services
provided by maritime nets which pass on weatheontspand crucial safety information,
allow mariners to access email and assist in taeckdor missing boats. Off-roaders who
venture into uninhabited areas can also benefiin flmateur communications, both
between vehicles within a party and also back'twoane base” or to summon assistance in
an emergency.

1.11 Licence Requirements in South Africa

In order to operate an amateur radio station, yastninave a licence issued by the
Independent Communications Authority of South AdrigCASA). When you are issued
with a licence, you will also be given a uniquelsigh. Every amateur station has a
callsign, which is used to identify it on the d&egulations require every transmission to be
identified.
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South African amateur callsigns consist of theelstt'ZR”, “ZS”, “ZT” or “ZU” followed

by a single digit indicating the region of the ctryrin which you are located, followed by
one to three letters. For example, the originahautof this document had a callsign
“ZS1AN". The “ZS” indicates an Unrestricted licencde “1” shows a location in the
Western Cape, and the letters “AN” are a uniquatitler of that particular station.

Amateur radio callsigns are a source of great padd become closely associated with the
individual. It is not uncommon to refer to indivauamateurs solely by their callsigns!

There are two different licence classes:

The Class A Licence (ZR or ZS callsign)
This licence has full privileges on all frequen@nts.

To obtain an Unrestricted (ZR or ZS) licence youstnpass the full Radio Amateur’s
Examination (Class A). You must also demonstraie dbility to install and operate
amateur radio equipment intended for the High Feeqy (HF) bands. This manual
provides the study material for the Class A exationg so if you pass the examination at
the end of the course you will be entitled to as€la licence.

The Class A licence is also recognised internalipnamder the CEPT agreement, as a
Class 1 licence. CEPT is a European organisatiah lrmonises telecommunications
regulation in the European Union, but several ott@mmtries are also signatories. Under
CEPT, a South African Class A licence holder caerafe from any country that supports
CEPT with very simple paperwork. Countries covarafide most of the European Union,
the USA, Canada, Israel, Australia and New Zealdie. syllabus for this study guide is
based on the HAREC syllabus which underlies the TCagteement.

The Class B Licence (ZU callsign)

The Class B licence is an entry-level licence tivatvides youngsters with a simple entry
point into the hobby. It has restricted privilegeshe High Frequency (HF) and Very High
Frequency (VHF) bands, mostly with a maximum traittempower output of 100 W. for
Single Sideband (SSB) transmissions. To obtain @ssCB licence, you must pass a
simplified Radio Amateurs’ Examination. Class Belices are only issued up to the age of
20, and lapse at the holder's™5irthday. Holders are encouraged to upgrade ttaasCA
licence before the expiry date.

1.12 The Radio Amateurs’ Examination

The Radio Amateur’'s Examination is held twice egear, in May and October. It consists
of two papersRegulations and Operating Proceduiasd Technical The Regulations and
Operating Procedurepaper has 30 multiple-choice questions and Teehnical paper
consists of 60 multiple-choice questions. In oftdgpass the examination you must obtain a
minimum of 50% on each of the papers and an overalk of at least 65%. If you pass one
paper but fail the other, you can rewrite just plager you failed at the next sitting of the
examination, provided that you pass sufficientlylweget 65% overall.

The examination is set and administered by thelSAfrican Radio League (SARL), the
national organisation representing radio amatearsSouth Africa. The Independent
Communications Authority of South Africa (ICASA) & statutory body that regulates the
communications industry. The examination fee chanfgem time to time, so ask your
course instructor what the current fee is, or ctirlba SARL Web site, http://sarl.org.za.
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1.13 Restrictions on the Use of an Amateur Radio St  ation

The Radio Regulations include some restrictiongheruse of an amateur radio station. It is
important that you understand these in case yaltfiat what you had planned to do with
your amateur radio licence is not permitted!

1. Amateur radio stations may not be used for brodolgasAmateur radio is intended
for direct “one-on-one” communications with othemateurs, and not as a
community broadcasting service.

2. Amateur radio stations may only transmit music uneery specific conditions,
which are intended to ensure that they do not beqainate broadcast stations.

3. No products or services may be advertised on ameddio.
4. Amateur radio stations may not transmit message®veard.

5. Amateur radio stations may not be used to tranBusiness messages that could be
sent using the public telecommunications service.

6. Amateur radio stations may not be used to trangmiécent, offensive, obscene,
threatening or racist comments.

7. Amateur radio stations may not be used to pasg-garty traffic (in other words,
messages that originate from anyone other tharateteur who is operating the
station) except during an emergency.

This chapter briefly outlines what amateur radiallsabout, what the licence requirements
are, and what legal restrictions there are on vdaat be transmitted by amateur radio
stations. | hope you have decided that amateuo iach hobby that you wish to participate
in. Welcome you to the amateur community! We hopat tyou will find this course
interesting and worth your while.
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Chapter 2: Operating Procedures

2.1 International Regulations

The ITU

The International Telecommunications Union (ITU)ais agency of the United Nations,
tasked with regulating international telecommurias. It is headquartered in Geneva,
Switzerland. Its building houses an amateur ratitian, callsign 4U1ITU, which can be
heard on the air regularly and which counts as ars¢e country for amateur radio
purposes.

The ITU publishes a set of international radio tagons, which govern all countries and
all services. Our South African regulator, the peledent Communications Authority of
South Africa (ICASA) is tasked with implementingdaenforcing regulations to manage all
radio services within South Africa, in compliancghMTU regulations. The latest version
of the ITU Radio Regulations, dated 2012, can hendlmaded from their Web site, itu.int.

The amateur radio service is defined by the ITfbsws:
A radiocommunication service for the purpose dfsalning, intercommunication
and technical investigations carried out by amasguhat is, by duly authorized
persons interested in radio technique solely witlpeasonal aim and without
pecuniary interest.

An amateur radio station is simply defined as tiagtan the amateur service.

You will notice that self-training is one of theipe purposes of the amateur service. We
are all here to learn!

Article 25 of the ITU Radio Regulations governs &mna radio. There are only 13 rules,
spanning less than two pages. National regulatersett a lot of flexibility in the details of
how amateur radio is regulated. The amateur satakirvice is also included by reference
in Article 25.

The ITU defines three regions of the world, witkwhich frequency allocations and other
collective rules are fairly homogeneous. Africddahto Region 1, along with Europe.

CEPT

CEPT is the French abbreviation for the Europeannfé@ence of Postal and
Telecommunications Administrations (cept.org).dive@s a purpose similar to that of ITU,
but applicable only to European countries.

The reason why CEPT is important to us is that ISo@dfrica complies with the
requirements of T/R 61-01, a Recommendation of CER&t governs international
licencing of CEPT amateurs. This manual complieth whie Harmonised Amateur Radio
Examination Certificate (HAREC) syllabus. As a fdesany amateur holding a licence
iIssued by a national authority that has implemeiif@®61-01 can operate in the territory of
any other such country. In our case, we can opeatatest anywhere in Europe, the USA,
Canada, Israel, Australia and New Zealand withpatil paperwork. This concession also
applies to possessions of all these countries, aadllS islands in the Pacific, most Dutch
and French islands in the Caribbean and even Freostessions in South America and the
Pacific. CEPT T/R 61-01 saves huge amounts in tiedaes and reams of paperwork when
travelling abroad.

If you want to operate in a foreign country usirguy South African callsign, download
T/R 61-01 from the Web. As this paragraph is beirgten, the latest version is dated
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2015-01-05. You must carry certain documents with gt all times (including your South
African licence, your passport and your HAREC). HWwREC can be obtained from the
SARL if you are an SARL member. You must use as@gll as prescribed in the table. For
example, let's look at the South African callsigB1AN. More information about callsigns
follows later in this chapter. For the moment,dedccept that this callsign is recognisable
as a South African callsign from the Western C&jpe holder has to sign ZA/ZS1AN in
Albania, OE/ZS1AN in Austria and EW/ZS1AN in BelaruThe USA has more than a
dozen compulsory prefixes, depending on location.Texas, W5/ZS1AN would be
appropriate, while in Hawaii, KH6/ZS1AN would bergect.

The IARU

The International Amateur Radio Union (IARU) (iastg) represents the interests of
amateur radio world wide. It has 155 member sa@setiovering most territories. In South
Africa, the member society is the South African Rddeague (SARL).

Apart from advocacy at the ITU’s rulemaking Worléd#o Conferences, the IARU also
establishes voluntary band plans for amateur uses& band plans normally extend across
an ITU region. South Africa would therefore adher&egion 1 band plans.

In some cases, band plans are included in natioeglilations, making compliance
compulsory. In other cases, band plans are simgidegnen’s agreements, and compliance
is purely voluntary. In general, do not operatetamy to a band plan. These band plans are
carefully formulated to take all interests of anma$einto account, and represent a
compromise that hurts everyone equally. The corsiidas that went into making the band
plan may not be obvious to you, and you may causaticipated damage if you decide to
act contrary to the band plan.

Callsigns

With few exceptions, each licenced radio statiothenworld has a callsign. The purpose of
the callsign is to identify transmissions from ttséition for the purpose of mitigating
interference and to facilitate regulation.

An amateur radio callsign consists of a numberhafracters (letters and digits), normally
between three and six. Examples of callsigns ireMl AW, 7P8Z, 3DA0Z and ZS1AN.

Non-amateur callsigns have different formats. Imt8Africa, callsigns such as ZRB, ZS-
RSA and ZRAMS8100 are used in other services, anchatoconform to the format for
amateur radio callsigns.

Each amateur radio callsign consists of a prefck arsuffix. The suffix normally consists
of one, two or three letters. The prefix contaibgeast one letter and one digit. The exact
rules are beyond the scope of this text, but tlkeéixas above are W1, 7P8, 3DA0 and ZS1
respectively. The suffixes are AW, Z, Z and ASF.

The prefix normally indicates the area in which ttation operates, while the suffix
indicates the individual station. In the examples\e, W1 is the northeastern part of the
USA known as New England. 7P is Lesotho. 3DA indiseSwaziland. ZS1 indicates the
Western Cape province of South Africa. W1AW is tifficial station of the American
Radio Relay League, a callsign inherited fromdtsrider, Hiram Percy Maxim.

Callsigns can also contain appendages, to indggdeial conditions or locations that differ
from the place of issue. W1/7P8Z would indicate tha Lesotho station 7P8Z is operating
in New England. 7P8Z/P indicates that the stat®opartable, not at its normally licenced
location, but inside Lesotho. 7P8Z/M indicates tta station is mobile, somewhere in
Lesotho. ZS1AN/5 indicates that the station is afieg somewhere in KwaZulu Natal
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(ZS5). 7P8Z/MM is maritime mobile, somewhere on therld’s oceans, on a Lesotho-
registered vessel

There are also special callsigns that do not comyjilly these rules. A recent example is
ZS90SARL, a special callsign used by the SARL tmm@morate its ninetieth anniversary.
This callsign has a double digit in the prefix aadfour-letter suffix, clearly not in
accordance with normal rules. Similar callsigns atecated from time to time, mostly for
special events.

By law, callsigns must be used regularly in eadhtact. In some countries, the callsign of
the station itself and the station it is addressingt be used in each transmission. Also in
some countries, displaying the callsign on the @ment is compulsory. Either way, ensure
that you do not make transmissions without prontire intelligible use of your callsign.
Practical guidelines are provided below.

2.2 HF Phone Procedures

HF means “high frequency”, also known as ShortwaWe. these bands, world-wide

communication is possible using simple antennasal.oontacts are more often made on
VHF (Very High Frequency) bands using repeatersitaBle procedures for those

conditions are discussed later. This section dedts Phone (voice) contacts on the HF
bands.

The Phonetic Alphabet

The phonetic alphabet is used whenever informatiast be spelt out. It should be used for
callsigns when initiating a contact. This alphabeas painstakingly optimised for
international communications, taking into accouiffiedences in the way people hear and
speak sounds. Although some amateurs may think cute to use their own phonetics,
doing so hampers intelligibility and places an wa®sary burden on someone whose
mother tongue may not resemble English at all.

Once it is clear that the other station has gotr yaalisign correct then you can revert to
normal pronunciation (“ZS1AN” instead of the phdoetZulu Sierra One Alpha
November”). Although the prefix is fairly self-exgatory in local communications, the
suffix should always be spelled out if there is @ogsibility of confusion. In this example,
the difference between “N” and “M” is difficult thear, so the suffix should always be
given phonetically.

Alpha Hotel Oscar Victor
Bravo India Papa Whiskey
Charlie Juliett Quebec X-ray
Delta Kilo Romeo Yankee
Echo Lima Sierra Zulu
Foxtrot Mike Tango

Golf November Uniform

Note that some of these pronunciations are a littkxpected. Many operators get J, P and
Q wrong.

Knowing the words included in the phonetic alphadids intelligibility in poor conditions.
For example, if you hear someone with a heavy acsaying something that sounds like
“Bof”, you know the word must have been “Golf”.

1 Huh?
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Initiating Contacts

Before calling, you should listen for at least 3t ssee whether the frequency is clear. If
you do not hear anyone else on or near the frequgoa can ask whether the frequency is
clear:

Is this frequency in use?

You may not be able to hear the station speakirigeamoment, but there may be someone
else who can hear both you and the station speakihg will then respond that the
frequency is in use.

Wait another few seconds. If you have not heardhamy then you can proceed to call
“CQ”" to ask for a contact.

CQ CQ CQ, this is Zulu Sierra One Alpha NovembeduZSierra One Alpha
November, Over.

Wait for at least 5 s. If you have not receivecegponse, you can call again. If after you
have tried many times you still have not receivetegponse, the lack of response may
indicate that propagation conditions are poor @lthnd you have chosen, or that you need
more antenna work...

If you want, you can make directional call, which means asking for only certain stations
to reply. If you callCQ DX you are asking for only “long distance” (DX) caats, which
usually means stations on another continent. Thezeexceptions. On VHF or UHF, a
station from 500 km away would be considered DXn@snally only line-of-sight contacts
are expected. If you call “CQ Europe” or “CQ Germyiaryou are asking only for stations
from a particular continent or country to reply.

Responding to a CQ
If you hear a station calling CQ and you would ltkemake contact, check the following
before you call:

1. Is it a directional call, and if so are you in tiight area to respond? For example, a
South African station should not respond to “CQabdpbut may respond to “CQ
Africa” or to “CQ DX” from a non-African station.

2. Make sure you know where the station is listenimgaf response. Most stations will
listen on their own frequency. However, rare DXistegs may work “split” which
means they are listening on a different frequem@nerally higher than the one
they are calling on. For example, if you hear a 8ation call “Sierra Tango Zero
Romeo Yankee up five” it means the operator willlibening 5 kHz higher than
the frequency he transmitted on. You will neednow how to activate the “split”
function on your transceiver to work this statisn,that you can continue to listen
on his transmit frequency while transmitting on liggening frequency.

3. Ensure that a suitable antenna is connected amk¢iéssary) that your antenna
tuning unit (ATU) is correctly set for the frequgnand antenna. If the ATU is not
set,do nottune up on the frequency where you hear the CRQasalyou will cause
interference to the station calling. Rather chaingguency by at least 3 kHz to an
unoccupied frequency, and after checking that tbguiency is not in use, tune up
there and then return to the frequency where yaude call.
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Of course it is wise to check these thihg$oreyou search for stations calling CQ, so when
you hear one you can respond immediately. Supposehgar W1XX calling and having
checked everything you are ready to call. Thenwould say:

Whisky One X-ray X-ray, this is Zulu Sierra Oneh@liNovember, Zulu Sierra One
Alpha November, over.

Note that the callsign of the station being caliedlways giverirst, and the callsign of the
station calling comekast This order is important and getting it wrong willrk you as a
novice.

It is unnecessary to repeat the callsign of thigostgou are calling. Most people know their
own callsigns! If you are uncertain of the stat®wiallsign, ask specifically. As for your

own callsign: If conditions are favourable and y@ave a powerful station, once should be
enough. Good DX operators can make over 300 cantatthour. Most callers only call

once. Under poor conditions, however, you might wanrepeat your callsign once or

twice.

Exchanging Reports

After making contact, the first things stationsidaisually to exchange signal reports and
basic information such as the name and locatiorthef operator. If the signal report

indicates that the other station is not hearing well, don't try to engage in an extended
conversation. It will only frustrate you and thehet operator when you cannot make
yourself understood.

Signal reports are exchanged according to the atdnBReadability-Strength-Tone code
(RST). The Tone part is only used for carrier-basechmunication (CW and RTTY), so

for Phone it is RS—Readability and Strength onljze Tneaning of the RST code is as
shown below:

Readability
1 -- Unreadable
2 -- Barely readable, occasional words distinguina
3 -- Readable with considerable difficulty
4 -- Readable with practically no difficulty
5 -- Perfectly readable
Signal Strength
1 -- Faint signals, barely perceptible
2 -- Very weak signals
3 -- Weak signals
4 -- Fair signals
5 -- Fairly good signals
6 -- Good signals
7 -- Moderately strong signals
8 -- Strong signals
9 -- Extremely strong signals
Tone
1 -- Sixty cycle AC or less, very rough and broad
2 -- Very rough AC, very harsh and broad
3 -- Rough AC tone, rectified but not filtered
4 -- Rough note,some trace of filtering
5 -- Filtered rectified AC but strongly ripple-mdedted
6 -- Filtered tone, definite trace of ripple modida
7 -- Near pure tone, trace of ripple modulation
8 -- Near perfect tone, slight trace of modulation
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9 -- Perfect tone, no trace of ripple or modulatémny kind

The S component is often associated with S metmlimgs. Some receivers have an S
meter to measure the strength of the incoming sigtavever, the S in RST is not directly
related to the S meter reading. As you can ses, &tually a subjective assessment, not
directly related to any measurement. However, thme®er reading can provide some
guidance on which S report would be appropriate.

In the early days of radio, T was often lower ti& With modern transceivers, almost all
signals are T9. If not, remedial action is required

Readability is strongly dependent on signal-to-@o#tio, so it is perfectly possible to get
reports like 519 (faint signals but perfectly relalé® or 399 (extremely strong but readable
with considerable difficulty).

To simplify paperwork, DXpedition and contest sia8 that make many thousands of
contacts often hand out 59 or 599 reports to everylh you want to make their task easier,
you might want to do the same. Do not be surprisegkt a 59 or 599 report even after the
station has repeatedly struggled to copy your igalls.

The Q code “QTH” is often used to mean the locatibrthe operator, although phone
operation allows the use of normal language, eapgdietween native English speakers. If
you are working someone with limited English, Q epdre very useful.

You might hear the following reply from W1XX:

Zulu Sierra One Alpha November this is Whisky OrayXX-ray. Thanks for the
call, you are five and six, fifty-six. My name isbB Bravo Oscar Bravo, and my
QTH is Boston, Massachusetts. ZS1AN from W1XX.

The signal report indicates that our signal is gy readable, with reasonably good signal
strength. You would reply with a signal report, asb your name and location:

W1XX from ZS1 Alpha November. Good morning, Bod),thanks for the report.

Your signal is five nine, five nine here in CapaviioMy name is Andrew, Alpha
November Delta Romeo Echo Whiskey, Andrew. I'mntest new rig here, a

Kenwood TS850S, running 100 watts into a tribandi a& 15 metres.. W1XX this
is ZS1AN. Over.

Under good conditions, you may want to omit theéidy as it should be obvious when
your transmission is over.

And so the conversation continues. You must byitlemtify your station on each separate
transmission (each “over”).

Ending the QSO

“QS0O” is also from the Q code, and it means a airftetween two stations, which may
include several transmissions (“overs”) by eachigia The end of the conversation will
probably go something like this:

W1XX from ZS1AN. Well, Bob, thanks for the nicd,dhaaust be off now. | will

QSL via the bureau. Greetings to you and your fa@ild see you later. W1XX this
is ZS1AN. Bye!

V1.2 © 2005 to 2016 SARL 22



South African Radio League Introduction to AmatBadio

ZS1AN from W1XX. Fine, Andrew. It was nice to meet Enjoy that new radio, it
sure sounds good from here. All the best until tismé from W1XX, clear.

There are many cutesie phrases like “73", “88” &tdnding by” which some people use.
They are strictly optional. There is no reason wby have to deviate from normal speech.

“73" is from an old telegraphy code meaning “besshes”. It is already plural, so you

should not say “73s” like many do! An alternative when addieg someone of the

opposite gender is “88”, which means “love andés8s“QSL via the bureau” means send
a QSL postcard confirming the QSO via the QSL hureEhe QSL bureau is a bulk

delivery service for QSL cards that operates via #mateur radio societies in many
countries, including the South African Radio Leagu&outh Africa.

After the Contact

If you have not already filled in your log duriniget QSO, you should do so immediately
afterwards. Remember that you are required by takeep a log of all HF transmissions
(including unanswered CQs).

If you have offered to send a QSL card, it is ady@ea to write it out immediately, as it
can become a chore if you wait for hundreds of Q&Ceccumulate before writing out the
cards.

What Not to Do
Don’t put out endless streams of “CQ” calls. Itrisst irritating to hear

CQCQRCRCQCQCRCRCQCQCQCQCQCAHCAQCQ CQRXXQ This
is Zulu Sierra One Alpha November CQ CQ CQ...

There is very little information in the “CQ”. Empsiae your callsign, as that is what people
want to hear. Don't call CQ for longer than aboGtslbefore taking a listen. Few people
are prepared to wait for several minutes before lgten, and will simply tune further
down the band. Nothing prevents you from callingiagf there has been no response.

Never ever say “good buddy” or “10-4” or any otl@&B jargon, or cute phrases like “over
and out” (whatever that means) or “standing by”.

2.3 Telegraphy Procedures

Telegraphy generally takes place through Continlwase (CW) transmissions. You will
later learn exactly what this term means, but fa thoment, just accept that CW means
Morse code telegraphy. Although Morse is no lonigeuse in commercial telegraphy or
radio, it is alive and well in amateur radio.

CW QSOs generally follow a similar format to HF plkeoThe key to the enjoyment of CW
is proficiency. There is only one way: Once you déearned the code, get your feet wet
and practice until you become comfortable. Somth@fmost stimulating conversations on
the ham bands are found on CW!

Pay some attention to sending equipment. These tay®asiest way to get on CW is to
use your keyboard as a sending device, but youauoagider getting a decent paddle and
keyer. The paddle uses a sideways movement withthomb and index finger to produce

dits and dahs with precise timing. You can senddgaminding code at high speed with
little effort. Trying to use a hand key is labordoland will reduce your enjoyment

considerably. You will probably abandon CW comgietand miss out on a fun aspect of
ham radio.
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Abbreviations

Most CW operators use a lot of abbreviations. Ergthing is spelled out at the typical
speed of most amateur Morse operators, very hitteild get said. With the use of
abbreviations, proficient Morse operators convetsst as quickly as on Phone.

There are two main kinds of abbreviations usedQHh@ode, which uses three-letter groups
starting with the letter Q to represent questiams answers; and informal abbreviations for
commonly used words. Let's start with the Q CodaclEentry can be used either as a
question—in which case it is followed by a questmark—or as a statement, which may
be in response to the question. For example, “QTiH@&ns “what is your location?” and
the reply might be “QTH Cape Town” meaning “my ltoa is Cape Town”. You should
get to know the following abbreviations:

Code  Question Statement

QRG  What is my exact frequency? Your exact frequésic. [in kHz]
QRK  What is the readability of my signals? The aedality of your signals is [R]
QRL Are you busy? | am busy.

QRM  Are you being interfered with? | am being ifeeed with.

QRN  Are you troubled by static? | am troubled Iptist

QRO  Should I increase power? Increase power.

QRP Shall | decrease power? Decrease power.

QRQ  Shall I send faster? Send faster. [words/ rajnut
QRS Shall I send more slowly? Send more slowly.rfisbminute]
QRT Shall | stop sending? Stop sending.

QRU Have you anything for me? | have nothing fou.yo

QRV  Are you ready? | am ready.

QRX  When will you call me again? I will call agaa .... [UTC][kHZ]
QRZ Who is calling me? You are being called bjcallsign]
QSB Are my signals fading? Your signals are fading.

QSL Can you acknowledge receipt? | acknowledgepece

QSO Can you communicate with ... directly? | can aont.. directly. [callsign]
QSP Will you relay (a message) to ...? [callsignlvill relay to ... [callsign]

QSY Shall I change frequency to ...? [kHz] Charrggudiency to ... [kHZz]
QTH What is your location? My location is ...

The comments in square brackets indicate whatdhae tsent, and should not actually be
transmitted. For example, you might say “QRX 1730F,in common usage “QRX 5",
which means that the other station must wait farywext transmission in five minutes.

Note that QRX also has the informal meaning “stgfidimd QRT means “shut down the
station”. The difference between QRM and QRN ist t@RM means “man-made
interference”, while QRN means “natural noise”. RP” station means a station
transmitting with low power, usually 5 W outputless.

Initiating Contacts
First listen for at least 30 s to see whether thguency is in use. If nothing is heard, ask
whether the frequency is use by sending:

QRL? de ZS1AN

“QRL?” means “are you busy?” or “is this frequerioyuse?”. “de” means “from” and is
used immediately before the callsign of the statramsmitting the message. If you hear
any response, find another frequency. The statamihg you is supposed to respond with a
“QRL” or “C” (for “Si”, or “Yes” in most Latin-basd languages), meaning “yes, this
frequency is busy, please go away”. However, yduheiar all kinds of responses, such as
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“Y”, or even “YES”. If you hear any of these, fingburself another frequency and try
again.

If no-one responds, you can call CQ, which is simib the procedure on phone:
CQ CQ de ZS1AN ZS1AN K

Once again “de” identifies the callsign of the dagdstation. The single letter “K” at the
end is an invitation tany station to reply, the equivalent to “over”. Noket the phonetic
alphabet is never used in Morse.

Send a little slower than you can comfortably reeeMost novicescan send faster than

they can reliably copy, and set a trap for theneseliy calling too fast. If you are a

beginner, the person answering your call is prgbabinfortable at a much faster speed
than you are, and will probably send slightly fastean you are sending. You may
embarrass yourself when you cannot read what trer station is sending.

Replying to a CQ
As with phone, send the callsign of the station goei callingfirst, and your callsigmast
For example,

W1XX de ZS1AN ZS1AN KN
The “KN” at the end with the bar over it means ‘Gehe letters K and N together without
leaving the normal space between letters”. Sincis Idah-di-dah and N is dah-dit, this
symbol is dah-di-dah-dah-dit, which is an invitationly to the called station to reply.
These symbols made up of two letters run togetteekiaown agprocedure symbaols

Since the “KN” is actually the Morse symbol for apen-bracket “(“, we’ll use that symbol
in following transmissions.

The station will proceed to give you a signal réposually along with his or her name and
QTH.

ZS1AN de W1XX GE OM Tnx fer call ur RST 439 439\Boi Bob
QTH Boston MA Boston MA HW? AR ZS1AN DE W1XX (

As you can see, lots of informal abbreviationsiaed:

GE - good evening

OM - old man, used to refer to any male operator
Tnx  -thanks

fer - for, because it is quicker in Morse!

ur - your

RST - RST signal report
Hw? - How did you receive this?

Of course, in Boston MA, the MA is the ZIP code abbreviation for the stabf
Massachusetts.

AR (the bar indicates that it is a single symbaldah-di-dah-dit) is a procedure symbol
that means “end of message”. You might reply

2 And old timers with personality issues...

V1.2 © 2005 to 2016 SARL 25



South African Radio League Introduction to AmatBadio

W1XX de ZS1AN R GM Bob Tnx fer rprt ur 56n 56n Nantrew Andrew
QTH Cape Town Cape Town = Rig 100W to 3el Yagi =
Wx fine 25C 25C = OK? AR W1XX de ZS1AN (

Again a few new abbreviations:

R - Roger (meaning “I received everything cornggtl

rprt - report

56n - “9” is often abbreviated to “n”. The mosnmmon report is “5nn”
el - three element

Wx - weather

25C - temperature 25 degrees celcius

OK? -did you receive this transmission OK?

Note that the single “R” sent at the start of theseage means “I received everything you
sent correctly”. It is not necessary to spell this; and conversely, you should not send “R”
if you did not receiveeverything The “=" sign stands for the “break” symbol dakeaidi-
dah that is usually used to separate thoughts mtesees. You can fruitfully use this
symbol as a time killer while composing your thotsgtiuring the transmission.

Quick turnaround
Suppose you missed Bob’s name on the first overu ¥ould either send everything
laboriously and include a request for him to sayrtame again, or you can quickly send:

W1XX de ZS1AN Pse name agn? BK
He would then send:
BK Bob Bob BK

after which you can continue with your transmissiti®se name agn?” means “please send
your name again?”, while the “BK” is equivalentttee Phone term “Break”. It can also be
used when trying to break into an existing QSO ¢@iwhjou would obviously only do if you
really had something to contribute, like if onetbé QSO participants is your long-lost
brother).

Other useful abbreviations includesg(message}x (transmitter, transmit or transmission),
rx (receiver, receive or reception) amgd (received).

Ending the QSO

You can send the Q code “QRU” (“I have nothing lfertfor you”) to indicate politely that
you have run out of things to say and would likeetal the QSO. Conversely, if a station
sends QRU, that is not an invitation to tell hiouy life story, but an indication that he or
she wants to finish the QSO. So it might go liks:th

ZS1AN de W1XX R Tnx fer info es nice QSO = QSLvsaitguro =
73 to u es urs hpe cuagn = QRU AR ZS1AN de W1XX (

A few more abbreviations:
es - and (it's shorter and faster in Morse)
urs - “yours”, so “u es urs” means “you and yours”

hpe - hope, or | hope
cuagn - see you again, so “hpe cuagn” meansp¢ to see you again”
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Then we finish with:

W1XX de ZS1AN R Tks Bob QSL OK via buro es lows €81 my friend
VA W1XX de ZS1AN TU

“Tks” is another alternate abbreviation for “Thahkalong with “tnx” and “tu”. CW
operators really are a polite bunch!

LotW is the Logbook of the World, the ARRL’s onlingystem that allows instant
confirmation of contacts for some awards. Once baibh and W1XX have uploaded
particulars of this QSO, both of you will obtain @lectronic QSL that can be used to prove
that you really did make contact on this date, tifnrequency and mode. Most operators
appreciate both LotW and paper confirmations.

“cul” means “see you later” and the procedure syinvo (also written as SK) means “end
of QSO”. The “TU” at the end is a final “thank yoahd is often followed by two Morse
dits (or “e e”) as a final flourish.

2.4 Repeater Procedures

Repeatel (n): A device for increasing the range of poorly-equipstations and reducing
the range of well-equipped stations.

Repeaters are used for local FM communicationsy Htlew stations that might not have
“line of sight” propagation to each other to stilake contact as the repeater will relay the
signal between the stations, as long as both hageof sight to the repeater. Repeaters are
sited on high terrain to provide good coverage.ptimciple, any two stations in the
coverage area can communicate. Repeaters areupaniticuseful for mobile or pedestrian
stations with low power and small antennas. Wellygged fixed stations can often get
better coverage by themselves.

Some repeaters are also linked to other repeatatd-wide via the Internet Radio Linking
Project (IRLP). In South Africa, there are two kaknetworks. The largest one is the Cape
Linked Repeater Network, linking more than a dozepeaters from Cape Town to
Bloemfontein. Such repeaters really do extend yange, as you can talk to other mobiles
halfway around the world.

The repeater consists of a receiver and a traremithich retransmits everything that the
receiver receives. All the 2 m repeaters in SoufficA use a separation of 600 kHz
between the input and output frequencies, withitipeit frequency being 600 kHz below
the output frequency. The user would listen ondhput frequency and transmit on the
input frequency.

The repeater is activated (“keyed”) when it recsigesignal on its input frequency. This
signal is then simultaneously retransmitted ondbput frequency. When referring to the
frequency of a repeater it is standard practiceefier to the repeat@utputfrequency. The
“145,750 MHz repeater” transmits on 145,750 MHz amdeives 600 kHz lower, at at
145,150 MHz.

“kHz" is pronounced kilohertz and “MHz” is megaheriThere are 1000 kHz in 1 MHg.
You will learn the exact meaning of these termerlafor the moment, let’s just accept that
these frequencies are in the 2 m amateur band.

Some repeaters are triggered falsely by noise osiad users, much to the chagrin of
listeners. The repeater my trigger every few migsutausing a hiss until it turns itself off
again. Even worse, it may retransmit the noiseheririput frequency continuously, driving
users up the wall. To circumvent this problem, maepyeaters now have a CTCSS tone
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squelch, which requires a continuous sub-audibhe tof 88,5 Hz on your transmission
before they are activated. You may need to set gadip to transmit a CTCSS tone to get
into your local repeater.

QSOs on the repeater are much less formal thanhdRepQSOs. You don't call CQ on a
repeater, for instance. You either call a specstiation or just ask if there is anyone
listening. For example, | might say:

This is ZS1 Alpha November. Is there anyone omuémcy?

Note that | have not bothered to use phoneticsZ81". Since repeaters are mostly for
local use, everyone will know that | have eitheZ%il or a ZR1 callsign. However, | still
use phonetics for the “AN” to avoid confusion witbr example, ZS1AM.

If there is a station listening who wants to cthat might reply:

ZS1AN this is ZS1 Bravo. Hi there, Andrew. Nickdar you again! What have you
been up to?

The other station will know when you have stoppeehdmitting, as the repeater will shut
off after a short delay. There is no need for egdiignals like “Over”.

Do not normally give signal reports when using gesder, since you do not know what the
strength of the other station’s signal is to theesder—you only know the strength of the
repeater’'s output, which is of little interest twetother party. If someone does ask for a
report, don’t give an RST report but rather tethhor her in plain language that they are
“loud and clear” or “some hiss” or “breaking up”hatever the case may be. If you say
“full quieting” this means you are receiving a ¢le@nal without any hiss on it.

From there on it is pretty much like a phone cdbu should use a minimum of jargon,
speak naturally, and remember to give your callsigrevery transmission.

There are a number of special points regardingatep&SOs:

1. The repeaters are a shared resource; they aréaretfor your private use. If you
want to have a long conversation with one othelsq®r change to a simplex
frequency — that is, a frequency on which you comicate directly with the other
station, not tying up a repeater. Long “group chatisere anyone can participate
are accepted on repeaters and are quite common.

2. Leave a pause of 2 to 3 s after the end of theiguevransmission before you start
another over. This gap is to give anyone else wantsvto join in the conversation
the opportunity to do so.

3. A station that wants to join a conversation or (metwork—a number of stations
chatting) should wait for a pause between overd,than just give their callsign,
once, on the repeater. The next station to transmduld acknowledge the
“breaker” and hand over to them as soon as conwenie

4. If you have an urgent message to pass on a repeatérfor a pause and then say
“break break” and your callsign. The next statiortransmit should then hand over
to you immediately.

5. Keep your over fairly short, with a maximum of twmthree minutes. Don’t give
speeches or sermons over the repeater!
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2.5 Emergency Communications and Social Responsibil ity

One of the prime reasons why amateur radio is giviele slices of spectrum world-wide,
despite competition from commercial and governnuEmand, is that it provides a unique
emergency contingency communications capabilityafmteurs, we must be proud of our
ability to act as a backup when things go pear-stiapmateurs regularly make the news
when natural disasters such as fires, hurricarethcuakes and floods destroy normal
infrastructure, and the simple portable amateuiosizaves the day.

When dealing with emergency communications, comssse must prevail. With the wide
variety of possible scenarios, there can be noifspéged rules. A few principles apply:

0 If you are in a position to help with emergency commications, make sure that the
authorities know about your existence, as well@g gapabilities. Advise them of
the frequencies that you can access, and whetmee sb those frequencies are
shared by other emergency services.

o0 Join an organisation such as Hamnet, which coomsnamateur radio emergency
communications under the auspices of the SARL. Harhalds regular emergency
communications exercises to iron out unforeseemlenas with procedures and
equipment. Participants also provide useful comegations support at community
events such as ultramarathons, triathlons and mallces.

0 Occasionally see how you can cope when your maimgep supply is turned off.
See what you need to do to make your station usefal disaster communications
tool.

The word Mayday and the telegraphy signal di-ddaih-dah-dah-di-di-dit (popularly
known as “SOS”, but actually one single symbol) may be transmitted for any purpose
except to indicate an emergency. If you are dealiity an emergency where human lives
are at stake, feel free to use them. They provisterlers with a clear, unambiguous
indication that there is an emergency, and they pribbably be prepared to assist as
required.

If you hear an emergency in progress, just lisieyou can contribute in some way, such as
when you have access to telephone service wheothiee parties do not, by all means offer
your assistance. Let the station handling the eemengdecide whether you are needed or
not. If you cannot help, do not transmit.

In some widespread emergencies, such as the 20Ial Nearthquake, worldwide
coordination was conducted via amateur radio. Tatoss advertised several frequencies
in the 20 m band, and used them around the clottierGamateurs were asked to stay off
these frequencies. If you become aware of suclviggtiby all means stay off those
frequencies if you are not directly involved andesig the word to others.

2.6 General Points

Remember that the purpose of these procedures i$adititate clear, intelligible
communication even under poor conditions. Do na usnecessary jargon when plain
language will do. For example, the Q code assifits &ffective communication in Morse
code, where it might take too long to spell it aufull, or when talking to someone who
has a limited command of English. On a repeatextmn talking to a competent English
speaker on HF, it is usually just as quick to useral language, and more understandable.

Amateur radio isnot the place to discuss contentious issues suchligiome politics or
anything that anyone might regard as indecent. tAfram the obvious potential for
conflict, it is also illegal under your licence abiions. With politics, it is probably best left
well alone, even if you know the other person shaa@ur views, as you will never know
who else is listening.
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Never use insulting, obscene or insulting languagen when your type might do so on the
phone. In amateur radio there is no such thing psvate conversation and all amateurs
have an interest in keeping our bands free of abuahd obscene language. If you are
heard using unacceptable language even in a “pfivainversation with someone who

does not mind your language, other amateurs wilbbnteyou to the authorities and demand
that your licence be revoked.

By law you may not interfere with other QSOs in avgy. If you think that someone else is
hogging the repeater, by all means point this alitgly to him or her. Do not be tempted
to respond with jamming, as you will probably eweily lose your licence.

The bands allocated to amateurs are divided ingmeats for different uses according to
the band plan Typically each band has different segments ddeder CW, digital modes
and phone. Some frequencies may be reserved faobhgaon which no other stations
should transmit. Others may be reserved for pdaicpurposes, such as satellite use or
inter-continental DX. Although in most cases itnigt a legal requirement to observe the
band plans, courtesy to other operators shouldffieisent reason to do so.

2.7 Keeping a Log

Keeping a log is a legal requirement, with certexceptions. Most amateurs keep a log
even when it is not required. An old logbook is enderful source of nostalgia, and you
may want to use some VHF or mobile contacts foaward one day.

Time keeping is an important element of loggingt Bmateur radio purposes, the use of
UTC is recommended. UTC is the French abbrevidtorUniversal Coordinated Time. It
is practically the same as GMT (Greenwich Meridiame), which was the British standard
time that served as an international standarddotwies.

In South Africa, we use South African Standard TiBAST). UTC is two hours behind
SAST. When it is 14:30 in Johannesburg, it is 12J3@. SAST and UTC are also referred
to as B and Z time respectively. 14:30B = 12:30Z.

Be careful when operating close to midnight. 01:@®B3:00Z on the previous day!

The advantage of UTC is that it is the same eveeyaion earth. At 16:30Z, it is 16:30Z
everywhere on earth. Even though it may be 11:3@llin New York, 08:30 in San
Fransisco, 01:30 the next day in Tokyo and 06:&0fdllowing day in the Line Islands,
operators in all these locations understand thatli6:30Z.

There are many software packages that can keeplgguSome of them can send Morse
code and digital signals, turn your rotator, conymur radio, show you world maps and
print QSL labels. However, you can also use papgs,|so that you don’t need to turn on
your computer all the time. Some operators keegplgs, later entering the information
into a computer to take care of the routine adrhiores.

You can make your own logbook. Just record yourenamd address on the front page, to

meet the legal requirements for a log. Then makegaheet that contains at least the
required information:
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Date | Time on | Callsign RST | RST | Freq Mode | Pwr | Time off | Remarks

2016 | UTC sent | rcvd | [kHZ] [W] |UTC

02-04 | 06:14 VP8SGI 599 599 3503 CW 500 06:14 S Georg
07:12 VP8SGI 599 599 10115 RTTY 300 07:12 QSDQ@RS
09:18 ZS4TX 53 58 7120 SSB 100 09:18 Bernie Bloem

02-05 | 02:15 PJ2T 339 559 1832 CwW 1000 02:17 Op K8ND
10:00 G3XTT 599| 459 24895 CW 5 10:11 Don nr Londor

A landscape page is probably better to allow marenr to write all the necessary
information. You may decide to add other colummghsas which antenna was being used,
or to leave more room in some columns, such aRémearks column.

2.8 Exchanging QSL Cards

QSL cards have a long tradition within amateur gadin the early days, people used to
exchange simple postcards to confirm contacts.

These days, most stations use pre-printed cards,vamch the information of a specific
contact can be written. Many stations now use adifesive labels to apply the information
to the card.

Cards can be exchanged via airmail. Addresses @@t stations can be found in national
databases, or in generic voluntary-participatiotalbases such as QRZ.com. Many sought-
after stations use other volunteers to do their iQ$or them. These selfless individuals,
known asQSL Managershandle all the paperwork for the common good @spond to
incoming requests, often paying the expenses fam.station has a manager, do not send
the card to the station you worked. You almostaiely will not get a response.

If you want a reply from a station, it is customaoyinclude a Self-Addressed Stamped
Envelope (SASE) to cover the postage. If you do Imamte stamps from the country

concerned, use a Self-Addressed Envelope (SAE) meiilvrn postage. Postage normally
comes in the form of International Reply Coupori®d$). Some operators use US dollar
bills, colloquially known as “green stamps”. In semountries, postage is expensive, and
several IRCs or green stamps may be required.

If you take the cost of two envelopes, postageirnepostage and QSL printing cost into
account, airmail becomes expensive. To alleviaite ¢Rpense, most countries have QSL
bureaux. A QSL bureau handles QSL cards in bulkmbtrs send their cards to the
bureau, where they are merged with cards from otteanbers and bulk-shipped to foreign
bureaux. Once they arrive there, they are sorteddastributed to members, again in bulk.
Bureaux take a long time—it is not uncommon foraadcto arrive after a few years—but
they are easy to use and economical. Apart frormgaon the cost of postage, you also do
not have to address the cards individually.

The SARL has such a bureau, which distributes cardgsd from SARL members. They

recommend that you should keep some large SASHBeorso that your incoming cards

can be regularly shipped to you. Although the uk¢he bureau is a benefit of SARL

membership, there is a limit to the number of cardsember can send annually. Heavy
users have to pay a mass-based fee above thego@asic You should just deliver the cards
to the bureau sorted by the foreign bureaux forctvithey are intended. If you do not

understand how to sort the cards, simply deliventlin alphanumeric order (0 to 9, A to 2)

by callsign.

Once you become active on the air, you should dendiaving some cards printed. Cards

range from very basic to very fancy.
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QSL cards are 90 x 140 mm, using stock of betwe®h dnd 250 gsm. These standards
facilitate handling by the bureau system, but atsdxe the storage of cards much easier.

An example of a QSL card is shown below. This pafér card can be used for several
different locations. Most cards would only featarsingle callsign and a single location.

2015 Caribbean Expedition

€Q Zone 8, North America €Q Zone 9, South America

O PJ6/ZS6EZ sava O PJ2/ZS6EZ curagao
O FS/ZS6EZ st martin O PJ4/ZS6EZ &onaire
O PJ7/ZS6EZ sint maarten [0 PA/ZS6EZ aruba

Date utc
MCDY-MM-DD | hhimm

2015—1 — o 35101 14 21 28 cw 599

Station MHz 2 way RST

Chris R. Burger
Thanks for the QSL P O Box 4485

Pretoria

0001 South Africa
zsbez.org.za

A QSL Card (reproduced half size)

Some cards feature pictures or interesting infalonaibout the operator or the area where
the station is located. A block structure like tme shown is recommended, as it makes the
information about the contact easy to read and nstaled. A good design approach is to
have a simple block design with QSO details on $ide, with the picture and story on the
other. This way, you can achieve a spectaculacteffhile still maintaining clarity and
simplicity where it counts. The QSO side must contl information, so that the person
handling the QSL does not need to turn the card. ove

You can design your own card. However, seek guigldram an experienced bulk QSLer
to ensure that you don’t forget something. There andors that print QSL cards at
reasonable prices. There is even a service thapsit your cards, prepare labels from log
files you send and then ship the cards to burearidwide.

It is common courtesy to confirm a QSO if requestéalu should upload all your logs to
the Logbook of the World (LotW). LotW provides iagt confirmation of contacts for
awards purposes. Once you and the other statioa hpladed your logs, both can use
LotW to prove that the contact really took placartiipation is completely free to all
participants. Only when one of the parties wantsigde LotW to prove a contact for an
award, does that party have to pay a minimal charge

You should also answer all incoming QSL requestsufficient postage is provided, use
airmail. If not, you may elect to respond via thedau to save cost.

Finally, there is an increasing trend towards Gnl@SL Request Systems. Instead of
sending them an envelope with your card and a stgy®u request the card online.
ClubLog is the most popular platform for OQRS. Geilg, you can request a bureau card
free of charge, or a direct card with postage. Chgbincludes a Paypal-based payment
mechanism. OQRS is a bargain, as it saves timeaodsrisk relative to a direct request.
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Revision Questions

1 To prevent annoying or jamming other users when uning up your
transmitter, initially tune:
a. On a harmonic outside the band.
b. Directly into an antenna.
C. Into a dummy load.
d. Directly into a dipole.
2 Amateur band plans are formulated and should belsserved because:
a. They are mandatory.
b. They are governed by international regulations.
C. They are intended to aid operating and helwtidacongestion.
d. They are there for Novice use.
3 The term CQ is used to:
a. Call for a contact with another amateur station
b. Terminate a conversation.
C. Interrupt a conversation.
d. Make a test transmission.
4 Before making a CQ call on any frequency one shii
a. Send a 1750 tone burst.
b. Keep giving your callsign repeatedly.
C. Listen on the frequency before and if clear, w@mce to call.
d. Give your callsign three times.
5 Immediately prior to transmitting, a licenced opeator should always:
a. Check earthing.
b. Check antennas.
C. Check power supplies.
d. Listen to check whether the frequency is clear.
6 To ensure the calling station’s callsign is cledr identified when inviting a
contact, the caller should:
a. Speak slowly and clearly.
b. Speak very quickly.
C. Use maximum speech compression.
d. Use the highest frequency.
7 When calling another station, it is accepted praice to:
a. Give your callsign first and then the statiombecalled.
b. Use only your callsign.
C. Give the callsign of the other station firstjdaed by your own callsign.
d. Use the callsign of the other station once only.
8 When signing off with another station at the endf a contact, it is accepted
practice to:
a. Give your callsign first and then the otheristas.
b. Give the other station’s callsign after youlsigh at the end.
C. Don't use the other stations callsign or yoursday “over and out”.
d. Give the other station’s callsign first and yeoalisign last.
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9 When replying to another station, how often shoul the callsign of the station
being called normally be given?
a. Once.
b. Twice.
C. Three times.
d. Four times.
10 Once having established contact with another dian on a calling frequency, it
is good practice to:
a. Continue the contact on the same frequency.
b. Move to another frequency and have a QSO.
C. Invite others to join you on the same frequency.
d. Be objectionable to all other stations calling.
11 When two stations are in QSO you should:
a. Butt into the conversation without knowing wtiagy are discussing.
b. Listen first and after finding out the gist bietQSO ask to join and start
talking about something else.
c Butt in and start an argument about anotherestibj
d. Listen first and if you can contribute to the@3sk to join and add what
you can to stimulate further discussion.
12 Before you come on the air for the first time yo should:
a. Know all the procedures used on CB and use tbehe full.
b. Use all CB terms even if they do not apply toadeur Radio.
C. Learn basic amateur radio procedures and tarstsahd only then venture
on the air.
d. Learn all commercial radio terms and use them.
13 When you call CQ for the first time and do not gt a reply, you should:
a. Move up or down the band and call every few kHz.
b. Call again and again on the same frequency.
C. Change to another band.
d. Listen around the band to see if there are dtaions active before calling
CQ and call a few times before quitting.
14 The subject matter for any discussion on amateuadio, should include:
a. Politics, religion and sex.
b. Discuss offensive matters.
C. Use indecent language as often as possible.
d. Matters of mutual interest and of a persondkohnical nature in a relaxed
and dignified manner.
15 Which one of the following is correct using tefghony to make a South African
contact?
a. CQ CQ CQ. This is Zulu Sierra six Zulu Zulu Zghiling, Zulu Sierra Six
Zulu Zulu Zulu calling CQ and standing by.
b. CQ CQ Zulu Sierra Six Zulu Zulu Zulu standing by
C. CQ DX CQ DX CQ DX this is Zulu Sierra Six Zulwiz Zulu.
d. CQ CQ This is Zulu Sierra Six Zulu Zulu Zulu. GQIlu Sierra Six Zulu

Zulu Zulu, over.
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16

17

18

19

20

21

22

23

Which one of the following isot correct?

a. It is important to speak clearly and not tod faken the other person
cannot speak the same language as you.

b. Q codes should only be used on Phone when tieg operator is inept in
English.

C. Ham jargon and slang should be used whenevesilpp@sto confuse
unlicenced listeners.

d. Avoid the use of “we” when | is meant.

If a station is calling “CQ Europe” you should:

a. Call him anyway.

b. If he does not answer your ZS call, curse highaecuse him of being anti
South African.

C. Wait and see if he gets replies from Europe iamdt, wait to hear what
area he calls next, and so on until he calls CQcAfr

d. Blow a trumpet or musical instrument to attfaistattention.

When operating on any Amateur Radio band one sld:

a. Operate wherever is convenient and unoccupied.

b. Use Lower Sideband in the Upper Sideband partion
C. Follow the accepted Band Plan for the band bessgl.
d. Use CW in the phone portion if the band is clear

When operating on High Frequency bands, it is gal practice, after contacting
a station initially, to:

a. Go straight ahead with the conversation.

b. Exchange signal reports some time during theersation.

C. Exchange signal reports and ascertain that Isigma suitable for a contact
before proceeding with extended dialogue.

d. Move slightly off frequency to enable the otparties to hear better.

When conditions are good and signals are stromaperators should:

a. Increase power to the maximum permissible bylatign.
b. Increase power and use full compressor facility.

C. Use only sufficient power to make a good contact

d. Increase power to the maximum capability ofefaipment.

Before transmitting, which of the following proedures is not correct?

a. Check that the antenna system is in proper order

b. Check that there is no undue reflected poweherantenna.
C. Check that the correct frequency is to be used.

d. Assume that the last settings of transmittetrotsis suitable.

A signal report of 599 is given when a receivesignal has:
a. A poor signal strength with a good CW tone.

b. A good signal strength but a poor CW tone.

C. Totally unreadable CW.

d. A perfectly readable, strong and clear tonealig

In the RST code, the T is for:

a. Temperature.

b. Tone.

C. Time of transmission.
d. Transmitter type.
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24 A readability report of 2 would indicate:

a. Unreadable.

b Only readable with considerable difficulty.
C. Readable with only slight difficulty.

d Perfectly readable.

25 The S report in the RST code is obtained from:

The apparent strength of the received signal.
The speed at which CW is sent.

The level of interference on the band.

The indication on the receiver's S-meter.

coow

26 A 59 report is commonly given to stations who:

a Generate poorly readable signals.

b. Are unreadable.

c Put in good strong, well-understood signals.
d

Send poor CW.

27 The term “5 and 9” used to describe a signal, is which code?
a. Q code.
b. RST code.
c. Morse code.
d Colour code.

28 The use of the Q code is primarily to:

a. Stop unlicenced listeners from understandisgsimissions.
b Save transmitting power.

C. Ensure effective communication.

d Use sidebands.

29 The Q code for “stand by” is:
QRM.
QRN.
QRS.
QRX.

coow

30 QRP is taken to refer to:
a. Close down.

b Address is.

C High Power.

d Low Power.

31 QRT is taken to mean:

a. Closing down the station.

b Standing by.

C Fading due to propagation variations.
d Low power.

32 “Shall | decrease power?” may be transmitted as:
a. QRP?
b. QRT?
C. QSP?
d. QTR?
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33

34

35

36

37

38

39

40

41

“What is my exact frequency?” may be transmittedas:

a. QRG?

b. QRI?

C. QRU?

d QSP?

The correct Q code for “change frequency to” is:

a. QSR

b. QSX

C. QSsY

d QTH

What is the correct Q code for “what is your loation?"?
a. QRP?

b. QSP?

C. QSY?

d QTH?

QRM means:

a. I am inundated with static.

b | am being interfered with by another station.
c | am going to do a musical transmission.

d I need more modulation.

QRT is defined as:

a. | am going to send now.

b | am going to stand by.

c | am going to close down.

d | am waiting for your message.

Which is the correct Q code for “shall | stop seding?”?

a. QRK?
b. QRL?
C. ORT?
d QRV?

Which is the correct Q code for “when will you all me again?"?
a. QRH?

b. QRX?

C. QsSB?

d QSD?

Which is the correct Q code for “are my signaléading?”?
a. QRH?

b. QRX?

C. QsSB?

d QSD?

Which is the correct Q code for “are you ready??
a. QRG?

b. QRK?

C. QRL?

d. QRV?
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42 Which is the correct Q code for “can you acknoveldge receipt?”?
a. QRK?
b. QRL?
C. QRV?
d. QSL?
43 Which is the correct Q code for “shall | send mie slowly?”?
a. QRK?
b. QRP?
C. QRS?
d. QRV?
44 You switch your radio set on and all you hear isa station’s callsign in
telephony.
a. You call “QRA?"
b. You call “QRZ?”
C. You call “What is your callsign?”
d. You listen until you understand what is going, defore you start

transmitting.

45 You are a new amateur and you hear all sorts gthrases being used by other
amateurs.
a. You follow suit and use these expressions.
b. You accept them as correct and acceptable.
C. You add to the vocabulary new words that yolemap.
d. You use plain language with normal meanings.

46 Which is the correct phonetic spelling of the wal “plug”?

a. Peter London Union Germany.

b. Papa Lima Uniform Golf.

C. Pope Lima Uniform Golf.

d. Power Lima Uniform Golf.
a7 Which of the following is incorrect usage of th@honetic alphabet?

a. Bravo.

b. Sierra.

C. America.

d. India.
48 The correct way to say “P” on the radio is (withthe emphasised syllable
underlined):

a. Peter.

b. Peter.

C. Papa.

d. Papa.
49 The correct way to say “J” on the radio is (withthe emphasised syllable
underlined):

a. Japan.

b. Japan.

c. Juliett.

d. Juliett.
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50 Which of the following is the correct phonetic gelling for the word “ship”?
a. Sugar Hotel Iltem Papa.
b. Santiago Honolulu India Papa.
C. South Hotel India Papa.
d Sierra Hotel India Papa.
51 Callsigns using phonetics should be given:
a. At the end of every transmission.
b. On the first contact with a station.
C. At the beginning of each transmission.
d Regularly during the contact.
52 “Coil”, using the international phonetic alphabd, would be spelled as:
a. Charlie, Ocean, ltaly, Lima.
b Charlie, Oscar, India, Lima.
C. Colin, Oscar, Indonesia, London.
d Colin, Oscar, India, London.
53 Which of the following uses the International Panetic alphabet?
a. Boston, Uniform, Golf.
b Bravo, Union, Gold.
C. Berlin, Uncle, Golf.
d Bravo, Uniform, Golf.
54 Which of the following is correct, using telegrphy, to solicit an overseas
contact?
a. CQ CQ CQ de ZS1XYZ ZSIXYZ ZS1XYZ.
b. CQ DX CQ DX CQ DX de ZS1XYZ ZS1XYZ ZS1XYZ K.
C. CQ DX DX DX de ZS1XYZ AR.
d CQ DX de ZS1XYZ ZS1XYZ KN
55 When using Morse Code initially:
a. Send CQ and your callsign at a very fast speed.
b. Send your CQ and callsign at the maximum splegidybu can receive.
C. Send your CQ and callsign a little slower thHas maximum speed that you
can comfortably receive.
d. Send AR first and then the CQ call.
56 Which mode do repeaters normally operate on?
a. AM
b. FM
C. SSB
d. Cw
57 To reduce false triggers by interference, somepeaters are activated by:

a. A tone burst.

b Any signal on the input frequency.
C. Any signal on the output frequency.
d Remote control.
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58

59

60

61

62

63

64

Continuous operation of a repeater by one statiois:

a. Desirable.

b. Impossible.
C. Dangerous.

d. Inconsiderate.

The main purpose of a terrestrial repeater is to

a. Increase satellite coverage.

b. Increase the range of mobile stations.

C. Increase the range of fixed stations.

d. Minimise contacts by pedestrian stations.

A net is taking place on 2 m. You should:

a. Call CQ on that frequency during a break ingnaissions.

b Listen for a while and then butt in even if yoannot contribute to the
discussion.

C. Wait for a break in transmission, then call ma avait to be called in.

d. Whistle or use a musical instrument to attréerdion.

When using a repeater on VHF, it is good practeto:

a. Use simplex and tell the other stations theyvegak and you don't hear
them at all.

b. Use maximum power and call until someone answers

C. Use the duplex mode, and call on the input feegy and listen on the
output frequency.

d. Use repeater reverse and hope for the best.

When using a repeater you should give:

a. A signal strength report to other stations.
b. Request a RST signal report on your signal.
C. Give RST signal reports to other stations.
d. Report that you are copying loud and clear.

When using a repeater it is correct procedure:

a. To pause between overs to permit another statibreak in.

b. To transmit immediately after the station in ttentact turned it over to
you, to prevent unwanted stations interrupting yaanversation.

C. To pause for a considerable time before replyinthe other station in the
contact.

d. To monopolise the repeater to prevent others fising it.

It is good practice when using a repeater:

a. To use an inefficient antenna.

b. To use an amplified microphone with a speeclegssor.

C. To use a radio set that overdeviates.

d. To be polite and allow other stations to joitoithe conversation.
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65 When you wish to pass an urgent message over epeater that is in use, you
should:
a. Press the microphone switch and shout that s@ina hurry.
b. Whistle continuously to draw attention.
C. Wait until the end of the over, identify youfsednd announce that you
have an urgent message.
d. Press the microphone switch and wait until lmd#tions become silent and
then take over and pass your traffic.
66 When using a repeater, you are told that your gnal is breaking up and
unreadable. You then:
a. Tell the other station that there is nothingmgravith your set.
b. Sign clear until you get into a better positeomd can access the repeater
correctly.
C. Ask someone to relay your unimportant message.
d. Irritate everyone by asking for repeats of mgssa
67 When using a repeater one should always:
a. Keep the overs as longs as you feel like.
b. Discuss subjects including politics, sex anijieh.
C. Keep the overs short so as to allow other us@zsss.
d. Access the repeater without giving your callsign
68 The recommended practice is to use:
a. SAST for local contacts and UTC for DX contacts.
b. SAST for all contacts.
C. UTC for all contacts.
d. SAST in the log and UTC on QSL cards.
69 When it is 12:30B in Johannesburg, it is:
a. 10:30 local time in New York.
b. 10:30Z in New York.
C. 12:30 local time in New York.
d. 12:30Z in New York.
70 A good QSL card:
a. Has a standard size of 90 x 140 mm.
b. Is printed on standard stock of 190 to 250 gsm.
C. Has the QSO information in block format.
d. All of the above.
71 The fastest way to obtain a QSL card for a conta that you would like to
confirm is:
a. SASE.
b. OQRS.
C. LotW.
d. Bureau.
72 The cheapest way to obtain a QSL card for a caamtt that you would like to
confirm is:
a. SASE.
b. OQRS.
C. LotW.
d. Bureau.
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73

The fastest way to confirm a contact is:
a. SASE.

b. OQRS.
C. LotW.

d Bureau.
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Chapter 3: Basic Electrical Concepts

3.1 Atoms and Electrons

The matter that we interact with every day consiétatoms. The term “matter” includes
solid objects like desks and computers, liquids Wkater and gasses like the air we breathe.
Atoms are tiny and invisible to the naked eye amtenonce thought to be the ultimate
indivisible constituents of matter, but we now kntivat they are themselves made up of
various sub-atomic particles. For the purposesisfdiscussion, atoms can be thought of as
a very small central nucleus that is surroundech lnjoud of electrons. Electrons are not
simple particles like miniature planets surroundihg nucleus, but are “smeared out” in
space so that even a single electron can formual@doound a nucleus.

The nucleus consists of one or more protons, acanra@ by one or more neutrons.
Protons are positively charged particles, whiletrs are uncharged (electrically neutral).
The overall charge of a nucleus is always positit@n the positively charged protons.
Electrons are negatively charged, and since oppobk#rges attract, the negatively charged
electrons are attracted to the positively chargedeus, which is what makes the electrons
stay close to the nucleus.

Point to remember: Opposite charges attract, like charges repel.

Of course, since like charges repel, you mightvaisait stops the positively charged protons
in the nucleus from bursting apart and destroyimegatom. The answer is that another force
called the “strong nuclear force” holds the nucléagether. The strong nuclear force is
stronger at the very short distances charactemsdten atomic nucleus than the repulsive
electromagnetic force between the positively chédugetons.

Visible amounts of matter contain huge numberstofma. For example, a copper cube
1 mm on each side would weigh less than one hutidrefda gram, but would contain
about 85 000 000 000 000 000 000 atoms!

3.2 Conductors and Insulators

In some materials, such as copper, some of thér@hscare not very strongly bound to
their nuclei. These electrons are free to move radoin the material, as long as other
electrons replace them when they move. If they wetereplaced, the area they left would
have more protons than electrons, giving it an al/gositive charge. This charge would
attract electrons back there and make it harderofber electrons to leave, since the
negatively charged electrons would be attractethbypositive overall charge.

Materials in which some of the electrons can moweurd relatively freely conduct
electricity and are known as “electrical conductokéaterials in which all the electrons are
tightly bound to their nuclei and cannot move aulo not conduct electricity and are
known as “electrical insulators”.

Most metals are conductors. Silver is the best gotad of all, but too expensive for most
uses. Copper is a very good conductor at a mosonadle price. Aluminium is ideal for

weight-sensitive applications like overhead cabMsrcury is a good conductor that is a
liquid at room temperature. Solder is an alloyeofbf tin and lead, with a low melting

point that is used to connect electrical compontagsther.

Good insulators include most plastics and cerangless, plexiglass, rubber and dry wood.

Impure water is not an insulator, so anything gdtkiely to conduct electricity, especially
if you did not intend it to.
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3.3 Electric Current

When we speak of a material conducting electrigity,mean that electric currents can flow
through that material. But what is an electric eat?

Definition: An electric current is a flow of charge.

Any time that charge is flowing — that is, movimga relatively consistent direction — there
iIs an electric current. Since charge is normallyoamted with particles of one sort or
another, a flow of charge usually entails a floncbérged particles, such as electrons. The
particles that carry the charge are known as “@aggriers”.

The size of an electric current is expressed ineagpnamed after the French physicist
André-Marie Ampére (1775-1836) who was a pioneetha study of electricity. The
official abbreviation is “A”, but the slang termrtg” is widely used.

When an electric current flows through ordinary dwctors like copper, the charge carriers
are electrons, so the flow of electric current esponds to a flow of electrons. However,
because electrons are negatively charged, eledtmmgg from left to right through a wire
would constitute aegativecurrent flowing from left to right in the wire. Thcurrent could
also be described agasitivecurrent flowing in the opposite direction, fromht to left in
this case. Electric current is generally considecefiow in theoppositedirection from the
electrons that carry it!

Whenever someone refers to just an “electric ctirrgou should assume that they are
talking about a conventional current, so if thergbkacarriers are negatively charged
particles like electrons, the direction in whiche tburrent flows will be the opposite
direction to the flow of charge carriers.

You can imagine a (conventional) electric currdotving in a wire to be similar to water
flowing through a pipe. The magnitude (size) of therent would correspond to the rate of
water flow through the pipe. A suitable unit fortesaflow might bet/s (litres per second).

3.4 Electric Potential

Having established that an electric current isosv fof charge, the next question is: What
makes the charge flow? The answer is electric paledifference. Since unlike charges
attract, if you apply a positive potential to omelef a conductor and a negative potential
to the other end, loosely bound electrons in thedaotor will be attracted towards the
positive potential and repelled by the negativeeptial, causing electrons to move from the
negative end to the positive end. In other wordsprarentional current will flow from the
positive end of the conductor to the negative éslthe name indicates, electric potential
difference is always measured between two points.

Definition: The electric potential difference between two moistthe amount of
energy that it would take to move one unit of ckafigppm the point of lower
potential to the point of higher potential.

Since energy is measured in joule and charge inloodu (abbreviated J and C
respectively), the unit of electric potential isilj@ per coulomb (J/C). This unit is named the
“volt” with the abbreviation “V”, named after théalian scientist Count Alessandro Volta
(1745-1827) who invented the battery. Electric po# difference is commonly referred to
simply as “voltage”.
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Electric potential difference is analogous to thesgure that a pump creates in the water it
pumps through a pipe. The higher the pressurea@e)i the greater the quantity of water
flowing through the pipe per second (current).

3.5 Units and Abbreviations

If you measure or calculate the amount of somethjiag usually need to specify the unit of
measurement. For example, saying that somethinghs€L0” does not mean much unless
you specify the unit of measurement—210 grams, dilb@rams, or 10 milligrams.

The units of measure used in this course are #rglatd Sl units that are used universally,
except in a few uncivilised countries. Each ung haname, like “volt” or “ampere”, and a

corresponding abbreviation, like “V” for volt and™ for ampere. This notation saves time

when writing quantities—for example a current 0®‘A” rather than “10 ampere”.

There are also a number of standard prefixes, whighused to indicate quantities a
thousand or a million or more times bigger or serahan the basic unit. For example, the
prefix “milli” which is abbreviated “m” means “onthousandth of”, so one milligram—
written as “1 mg"—means one thousandth of a grahe Tollowing prefixes are widely
used in electronics:

Prefix Abbreviation Scale Factor Scientific Notatim
pico p +1 000 000 000 000 10"
nano n +1 000 000 004 10°
micro u + 1 000 000 10°
milli m +1 000 10°
kilo k x 1 000 10°
mega M x 1 000 000 10°
giga G x 1 000 000 00D 10°

Note that the case in which a prefix abbreviatienwiritten (capital or lower case) is
important. Mm and mm are not the same thing.

Names of units are generally written in lower caseulomb, hertz or ampere. The
abbreviation for the unit is associated with a ffiecase: C, Hz, A. s is a second, the unit
for time. S is siemens, the unit for conductance.

Finally, there are some multiples that can be usetare not preferred:

Prefix Abbreviation Scale Factor Scientific Notatio
centi c +100 10°?
deci d +10 10*
deka D x 10 10"
hecto h x 100 10°

3.6 Scientific Notation

The column headed “scientific notation” may not faeiliar to you. Because scientists
work with very small and very large numbers, it \ebbe inconvenient for them to have to
keep writing many zeroes after the large numberss decimal comma and many zeros
before the small numbers. So they use the factntivdtiplying by ten to the power of any

positive number effectively adds that many zerahatend of the number. So for example
the speed of light is about 3 x®1@/s which means “3 followed by 8 zeros”, or
300 000 000 m/s. This quantity could also be exga@ésis 300 000 km/s or 300 Mm/s.
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Another way of thinking of this is that it is eqalent to moving the decimal point 8 places
to the right, and introducing as many zeros ashapessary to do so. This trick is helpful
when the number already has a decimal comma, fample “2,998 x 19. You can't
simply think of adding zeros, since adding eightogeto “2,998” would give you
“2,99800000000” which represents the same numindy,to a greater precision. However,
if you instead think about moving the decimal comaight places to the right and adding
zeros as necessary you get the correct resulthwi2z99 800 000. The power of ten—in
this case, 8—is known as the “exponent”. Most ddiencalculators have a key marked
“E” or “Exp” which is used to enter numbers in tifagsmat.

Similarly, a negative exponent means you move #wntal point that number of places to
the left, again filling in zeros as required. So for exaepl,6 x 10° is equivalent to
0,000 000 000 000 000 000 16, a very small numbheead. If you were wondering, it is
the charge on a single electron, in coulomb.

3.7 Number Formats

In this document, we follow the ISO convention wiveriting numbers. Decimal dividers
are written as a comma. Thousands are separatedjyce. Examples:

3,1415 is read as “three comma one four one fiaed, is a just over 3.

12 345,678 901 is twelve thousand three hundrddaty five comma seven.

1,5 x 10° is 0,000 015 (zero comma zero zero zero, zerdioae

Numbers with up to four digits are simply writtem @ unit; 7 or 27 or 276 or 2762 or even
3,1415. Numbers with more than four digits are geslin groups of three digits: 12 475 or
13 742 186 or 3,141 592 653 589 793 238 462 643 383

Really large and really small numbers will be verittusing S| prefixes or powers of 10 (e.g.
10 pF =10 x 1*F =1 x 10 F).

Summary

This module has introduced the concepts of electnarge, electric current, and electric
potential. You have seen how the atomic structdimrmaterials allows electric currents to
flow through some materials, which we call condustdut not through others, which we
call insulators.

Electricity is obtained by converting other fornfseaergy into electricity. All energy being
used on earth ultimately comes from the sun.

You have learnt the meaning of the prefixes thatueed to scale units by powers of ten,
and to understand numbers written in scientifi@atiob.

Revision Questions

1 One of the following is an electrical insulator:
a. Silver.
b. Aluminium.
C. Copper.
d. Mica.
2 One of the following is an electrical conductor:
a. Mica.
b. Ceramic.
C. Plastic.
d. Copper.
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3 The unit of electrical potential is the:
a. ampere.
b. amp.
C. voltaire.
d. volt.
4 A current of 15 A is equivalent to:
a. 15x10A
b. 15 x 16 A
c. 1,5 x16A
d. 15 x 16A
5 A voltage of 20 000 V could be expressed as:
a. 20uv
b. 20 mV
C. 20 kV
d. 20 MV
6 The charge carriers in solid copper that allow ito conduct electricity are:
a. positively charged copper ions.
b. negatively charged copper ions.
C. positively charged electrons.
d. negatively charged electrons.
7 Conventional current flows:
a. in the same direction as electrons are moving.
b in the opposite direction to the flow of electso
C. at right angles to the flow of electrons.
d from negative to positive.
8 An electric current always consists of a flow of:
a. electrons.
b neutrons.
C. protons.
d charge.
9 Electricity is obtained from:
a. Splitting atoms into protons and electrons.
b Converting other forms of energy into electyicit
C. Electricity plants.
d Electric blankets.
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Chapter 4: Resistance and Ohm’s Law

4.1 Resistance

In the last module we learnt that an electric autrie a flow of charge that is caused by a
potential difference between two points. We alse Hzat the greater the electric potential
between two points joined by a conductor, the gretite current that would flow through

the conductor.

However, the electric potential difference betwden points is not the only factor that
determines the size of the current flowing betwdwm. The current flow is also affected
by a quality of the conductor, known as its resiséa The resistance of a conductor can be
thought of as being the extent to which it resisis flow of current. The greater the
resistance of a conductor, the lower the curreattwhill flow through it for a given potential
difference. Conversely the lower the resistancihefconductor, the greater the current that
will flow through it for a given potential differee.

The German physicist Georg Ohm (1789-1854) disaale¢hat the potential difference
across a conductor is proportional the current tlosts through the conductor. In other
words, if the current flowing through a conductautles then the voltage across that
conductor will double. Conversely if the currentailigh the conductor halves then the
voltage across the conductor will also be halved.

Mathematically, this relationship can be expreskgdsaying that the voltage across the
conductor is equal to the current through the cotmtumultiplied by some constant (for
that particular conductor). Ohm called this quarttie “resistance” of the conductor,

voltage = current x resistance
This relationship is known as “Ohm’s Law”.

The unit of resistance is the ohm. The abbreviatiorthe ohm is the Greek capital letter
omega, which is written &. A conductor has a resistance of one ohm if thefiegtion of

a potential difference of one volt across the cetmlucauses a current of one ampere to
flow through the conductor.

Resistance may be thought of as the oppositiomeaoflow of electric current through a
conductor or electric circuit. Returning to our gy with water flow, a thin pipe or a fine
filter will exhibit a lot of resistance, while aitk pipe will exhibit low resistance.

4.2 Symbols in Mathematical Equations

In order to save time when writing out equatiohss icommon practice to use symbols to
represent quantities rather that writing out thié iames of quantities like “voltage” and
“resistance” every time.

Certain symbols are commonly used to represenicpkat quantities. For example, “V” is

commonly used to represent an electric potentirdince (voltage), and “R” is usually
used to represent a resistance. A current is ystegresented by “I”. Unfortunately, these
symbols do not always correspond to their Englestmes.

Using these symbols instead of the full names ef dhantities, Ohm’s Law us usually
written as:

Ohm’'s Law:V=1R
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Note that the multiplication sign between “I” and™is also omitted. In mathematics, when
two symbols are written next to each other it isuased that they are to be multiplied
together.

This form of Ohm’s Law is convenient if you knowetburrent flowing through a conductor
and the resistance of the conductor, and wantltulede the electrical potential (voltage)
across the conductor. It shows that you can caketie voltage by multiplying the current
by the resistance.

For example, if a current of 5 A is flowing througlttonductor with a resistance of22the
voltage across the conductor can be calculatedcephacing the “I” with 5 A and the “R”
with 2 Q in the equation for Ohm’s Law, giving

\% =5AXx20
=10V

Note the somewhat confusing use of “V” both as giimbol for voltage and also as the
abbreviation for the unit “volt”. In this equatiothe V on the left hand side (before the
equals sign) is the symbol for electric potentishe V after the number 10 is the
abbreviation for the unit, volt. The two meanings aot the same and you should take care
not to confuse them. You should be able to worktbetcorrect meaning from the context
in which the “V” appears.

The symbol E is also used for electric potentialySu may see Ohm’s Law written Bs=
| Rinstead oV = R.

4.3 Rearranging Ohm’s Law

We now know how to calculate the voltage when weehthe current and the resistance.
However, Ohm'’s Law can also be used to find eithercurrent or the resistance if both the
other quantities are known. This is done by usinmgpke algebra to rearrange Ohm’s Law
as follows:

V=IR
By dividing both sides b/ you get

VII=R
or R =VI/

This formula can be used to calculate the resistafi@ conductor given the voltage across
the conductor and the current flowing through imigrly, if you divide both sides of the
original equation byr you get

VIR = |
or | =V/IR

In this form, Ohm’s Law can be used to calculat ¢hrrent flowing through a conductor

given the electrical potential (voltage) acrossdbeductor and the current flowing through
it. You need to be able to use any of these thogad of Ohm'’s Law in the examination.
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Hint: If you are a bit rusty with rearranging equatioysy may consider

using the triangle trick. This triangle shows tleéationship between V, | /V\\
and R. If you look at any of the three variablemj gan see its relationship H
to the other two at a glance. See if you can okgHithe different forms of “——
Ohm’s Law shown above by using this triangle.

Summary

Ohm'’s Law states that the electric potential aceossnductor is proportional to the current
flowing through the conductor. It can be written\as= | R, where R is a constant of
proportionality that is known theesistanceof the conductor. Resistance may be thought of
as the opposition to the flow of electric currehtough a conductor or electric circuit.
Resistance is measuredahm with the abbreviatio®. Ohm's Law can be used to find the
electric potential across a conductor, or curréoivihg through the conductor, or the
resistance of the conductor provided that the dilkerquantities are known.

Revision Questions
1 The opposition to the flow of current in a circut is called:

a. Resistance.
b Inductance.
C. Emission.

d Capacitance.

2 The current through a 100 Q resistor is to 120 mA. What is the potential
difference across the resistor?

a. 120V

b. 8,33V

C. 83,33V

d. 12 V.

3 The resistance value of 120Q can be expressed as:

a. 12 10

b. 1,210

C. 1,2 M

d. 0,12 M)

4 How can the current be calculated when the voltagand resistance in a DC
circuit are known?

a. | =E/R
b. P=IE
C. I=RE
d. I=ER

5 A 12V battery supplies a current of 250 mA to doad. What is the input
resistance of this load?

a. 0,02Q
b. 3Q

C. 48Q
d. 480Q
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6 If 120 V is measured across a 440 resistor, approximately how much current
is flowing through this resistor?

a. 56,40 A

b. 5,64 A

C. 3,92 A

d. 0,25 A

7 How can the oltage across a resistor be calculdtevhen the resistance of and
current flowing through the resistor are known?

a. V=1/R
b. V =R /I
C. V=IR
d. V=FR

8 The law that relates the current flowing througha conductor to the electric
potential applied across the conductor is known as:

a. Kirchoff's Current Law

b. Kirchoff's Voltage Law

C. Kirchoff's Current and Voltage Law
d. Ohm’s Law
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Chapter 5: The Resistor and Potentiometer

5.1 The Resistor

Electronic circuits are usually constructed frommponents that can be purchased at
electronics outlets. One such component isrésestor, which is simply a conductor that
has a known resistance. Resistors are availablalires ranging from a fraction of an ohm
to several hundred mega-ohms.

Resistors also come in different tolerances. Therdace shows how close the actual value
of the resistor is guaranteed to be to its nomiahle. For example, the actual resistance of
a 1K resistor with a tolerance of 5% could range frof®Q (1 kQ - 5%) to 10502

(1 kQ + 5%).

Resistors also come in various power ratings. Aswidl see later, the power dissipated by

a resistance depends on the current flowing thrdbghresistance and the voltage across
the resistance. In order to cater for differentuisments, resistors are usually available in
power ratings from one eighth of a watt (125 mW5 t&/ or more.

All electric components have symbols that can kelue draw diagrams showing how the
components should be connected to create a particintuit. These diagrams are known as
“schematic diagrams” and the symbol for a resist@ schematic diagram is:

Symbol for a resistor

In schematic diagrams, a plain line is used toasgmt a connection between two or more
components, so the lines coming out of the left aght of the resistor represent its
connections to the rest of the circuit. The resiggelf is the rectangle between these lines.
This symbol represents a simple fixed resistanidead two connections (represented by the
lines at the top and bottom) and there is a kn@gistance between these connections.

In older schematic diagrams you may also see stoesepresented as a zigzag line, but we
will not use that symbol.

5.2 Different Types of Resistor
Resistors come in several different types, suibespecific applications:

0 Carbon Film resistors are the most common, inexpengeneral-purpose resistors.
They typically have a tolerance of 5% and powéngs from 125 mW to 2 W.

0 Metal film resistors are often used when tightderance is required (i.e. the
resistor must be guaranteed to be closer to thenabwalue). Metal film resistors
typically have tolerances of +1% or better and powvaings from 125 mW to
500 mW.

0 Wire-wound resistors are used in DC applicationgnvhigh power ratings are
required. They are available in tolerances of +5%1®% with power ratings from
2,5 W to 20 W or moreNote that wire wound resistors should never be used
radio-frequency applications because they have cegtably high inductance. You
will learn about the effects of inductance later.
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0 Resistor networks consisting of a number of resistin various circuit
configurations are supplied in packages that ldke integrated circuits. They are
intended for low-power applications and are esplgaiseful when you need many
resistors of the same value.

5.3 The Resistor Colour Code

Resistors are very small components, often onBwarhillimeters long, so if the value of a
resistor (its nominal resistance, in ohms) wereatpd on the resistor it would be very
difficult to read. So instead of printing the valasto resistors, a standard colour code is
used where the value of the resistance is repmxddmn three coloured bands, and the
tolerance of the resistor by a fourth band. Thieovahg diagram represents not the circuit
symbol for a resistor, but rather the physical stesiitself, showing the location of the
colour bands.

SN

Brown Black Rec Gold

From left to right the first two bands represent first two digits in the value of the
resistor. In this case, brown represents “1” aralbrepresents “0” so the first two digits of
the value are “10”. The third colour band — redhiis case — represents the number of zeros
that should be added after the first two digitshie value (in other words, the exponent in
scientific notation). Since red represents the edRyi, two zeros must be appended to the
first two digits, giving a value of 1000 or 1 K.

The last band, the gold one at the far right hadd, gjives the tolerance of the resistor.
Since gold mean&5%, the actual value of the resistor may range f&%& below the
nominal value of 1 R to 5% above the nominal value.

Colour Digit Digit Tolerance
Black 0 x1

Brown 1 x 10 1%
Red 2 x 100 2%
Orange 3 x 1000

Yellow 4 x 10 000

Green 5 x 100 000

Blue 6 x 1 000 00(

Violet 7 x 10 000 00d

Grey 8 x 100 000 000

White 9 x 1 000 000 00pD

Gold 5%
Silver 10%

For each colour the table shows you the digit thegpresents when it occurs in the first
two bands, the multiplier it represents when itegp in the third band, and the tolerance
that it represents when it occurs in the last band.

Resistors with tight tolerances, such as 1% or @8fstors, may have an extra band in the
colour code. In this case, the fitetee bands represent the first three digits of the e/alo
that the value of the resistor can be representeck mrecisely. The remaining bands
represent the multiplier and tolerance as before.
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5.4 Expressing Resistor Values

Because resistors are very common components,@ecofishortcuts may be taken when
writing resistor values. The first is that the “chor Q abbreviation for the unit may be
omitted, so a 10Q@ resistor may be referred to just as “10k”. Theosekis that the k or M
(for kilo and mega respectively) may be written vehthe decimal point would normally
be, and the decimal point omitted altogether. S&3kQ resistor might be written as
“3k3”, and a 1,5 M) resistor as “1M5”. The character “R” is also somes used in place
of the decimal point when there is no scale factol,5Q resistor might be written as
“1R5".

5.5 The Potentiometer

A related component is the potentiometer, whichanaariable resistance. A potentiometer
is typically constructed as a circular carbon orewiound track with a known resistance
and a wiper that can be moved over the track hyirigra control knob. The resistance from
one side of the track to the other remains constanthe resistance between either end and
the wiper depends on the position of the contralkrThe symbol for a potentiometer is
shown below.

A

<— Wipel

B
Potentiometer

The two ends of the circular track are represehtethe connections at the top and bottom
of the diagram. The resistance between these pigifiteed. The arrowhead represents the
wiper. The three terminals are labelled “A”, “B"c&fW” (for “wiper”) for reference in the
following explanation only. These labels are nattomary in most circuits.

Let us assume that the potentiometer has a valuBD&f) (10 000Q). The resistance
between A and B is always 1@kWhen the wiper is in a central position, as regnéed in
the diagram, the resistance between A and W weallabout half of the total, around 8k
and the resistance between B and W would be ther bhif of the resistance, also around
5 kQ.

Suppose we turn the control knob so the wiperdseri to A than to B. Then the resistance
between A and W would be less than half, say abd&@. The resistance between B and W
would be the remainder of the 10 Kotal resistance, in this case abouf(B ISimilarly, if

we set the wiper all of the way over to B, thestsice between B and W would be close to
0, while the resistance between A and W would keetiitire 10 K.

So the resistance between A and W and the resesthettveen B and W when added
together always equal the resistance from A to lclvis the value of the potentiometer.

Potentiometers are often used as controls on etectequipment, for example the volume

control on an audio amplifier or radio receiver.efd is also another symbol for a
potentiometer:
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7
vd
d

Variatlle resistor

In this symbol, only the top and bottom lines repr@ connection points. The line with the
arrow point does not represent a separate connetiin rather means that the resistance is
variable. This typically represents exactly the sasomponent as the more usual three-
terminal symbol shown above. However, only twolaf terminals are used: one side of the
carbon track and the wiper. The other side of thdban track is left unconnected, or
connected to the wiper.

Although | have drawn the symbols for the potengten vertically, while | drew the
symbol for the resistor horizontally, this was pyr®r convenience. Any of the symbols,
like most electronics symbols, can be drawn eittoeizontally or vertically.

Finally, you may encounter the slang term “pot” th\Mihe background you've just learned,
you'll know what it means!

Summary

The resistor is an electronic component with ardefi resistance, tolerance and power
rating. The tolerance is the percentage by whiehaittual resistance may deviate from the
nominal value of the resistor. The value and twoleeaof resistors is represented using the
resistor colour code. The potentiometer is a véiadsistor.

Revision Questions
1. A potentiometer is a:

a. Meter.
b. Variable resistor.
C. Battery.
d Capacitor.
2. How can you determine a carbon resistor's elaital tolerance rating?
a. By using a wavemeter.
b. By using the resistor's colour code.
C. By using Thevenin's theorem for resistors.
d. By using the Baudot code.

3. Which of the resistors below (each identified byts colour coding) would be
nearest in value to a 4kfesistor?

a. Orange violet orange.
b. Yellow green red.
C. Orange violet red.
d. Yellow green orange.
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4, What would the colour code be for an 82 resistor, excluding the tolerance
band?

grey red black

grey red brown

red grey black

red grey brown

coop

5. What would the value of a resistor with the color code orange orange orange
be?

333Q

3310

332

330 &2

coop

A 10 K resistor has a gold tolerance band. Thectual resistance may be:
a. From 9 000 to 11 0GQ
b. From 9 500 to 10 500
C. From 9 800 to 10 20Q
d. From 9 900 to 10 100

A 2,2Q resistor might be labeled on a schematic diagransa
a. 2k2
b. 2M2
C. 2R2
d. 22R

8. The label “4M7” on a circuit diagram could refer to:
a. A resistance of 4,7
b. A current of 4,7 MA
C. A voltage of 4,7 MV
d. Any of the above.

9. The circuit diagram for a resistor is:
a. A straight line.
b. A circle containing a zig-zag line.
C. A rectangle.
d. A triangle.

10. Which of the following types of resistor wouldnot be suitable for radio-
frequency applications?

a. A carbon film resistor.
b. A metal film resistor.
C. A wire-wound resistor.
d. A resistor network.
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Chapter 6: Direct Current Circuits

6.1 Direct Current and Voltage

Direct current (abbreviated “DC") means a curremhattis flowing constantly in one
direction. It is contrasted to alternating curréAC) like the mains supply, where the
direction in which the current flows changes peidatly, usually many times every second.
Despite the apparent contradiction in terms, icésnmon practice to speak of a “DC
voltage” to mean a constant voltage, and an “ACagd” to mean a voltage that is
reversing polarity (i.e. exchanging positive andat&ve terminals) periodically. Although
for the moment we shall only consider DC circuithien we come to AC circuits we will
see that the same principles apply.

Remember that “voltage” is a commonly used termmmgaelectric potential difference.
As is common practice in industry, we will use tieem “voltage” rather than “electric
potential difference” for the remainder of theséeso

6.2 Kirchoff's Laws

Gustav Kirchoff (1824 - 1887) formalised two veliynple laws that allow us to analyze
electric circuits. The first is known as Kirchoftsirrent law.

Kirchoff's Current Law: At any point in a circuit where two or more condust are
joined, the sum of the currents flowing into thenpas equal to the sum of the currents
flowing away from the point.

I, Ry

[
»

IIn I()ul

Ro

Parallel resistors

The diagram above shows two resistors connectegohiallel. The arrows on the lines
represent currents. A curreit flows into the circuit from the left, divides intao currents

I, and }, which flow through resistors;Rand R respectively. After flowing through the
resistors, the currents join again together to dig. For obvious reasons, this parallel
arrangement is known asarrent divider

Note that this is not a complete circuit, as weehaot shown the source of electric potential
that is causing the current to flow. We must assthmaé there is some voltage source with
its positive terminal connected to the wire on kit hand side of the diagram and its
negative terminal is connected to the wire on thkthand side of the diagram in order to
make the current flow.

Applying Kirchoff's current law to the point wheltg splits into | and b, we see that the
sum of the currents flowing into the point — insticase there is only one curregqf,+ must
equal the sum of the currents flowing out of th@pe in this case, I+ I,. One way to look

at this is that current is a flow of charge, andrge cannot accumulate at a point, so charge
must flow out of the point just as fast as it floms

In our analogy with a water pipe, if you put a “G8nnector on a pipe then the rate at which
the water flows out of the two output pipes combinaust equal the rate at which the water
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is flowing into the input pipe, since the waterttls|acoming in has to go somewhere and it
cannot accumulate in the T connector.
So in the diagram above we have

ln =11+ 1>
Referring now to the point where dnd } join together to formdyr, we can again apply
Kirchoff's current law which says that the sum loé tcurrents flowing into the point — that

is, I; + I, — must equal the sum of the currents flowing duhe point, in this case jusgJr-
So this application of Kirchoff's Current Law givas

l1+ 1= lout

Because both equations have ¥1l,” on one side of the equals sign, we can combiamth
to get

lin = lout

which makes sense because the charge that is §awion the left hand side has to go
somewhere, and the only place for it to go is batright hand side of the diagram.

The second of his laws is Kirchoff's Voltage Lawcan be formulated in two different but
equivalent ways. The first formulation, which Idithe most useful, is as follows.

Kirchoff's Voltage Law (1): The voltage between any two points in a circuit is
equal to the sum of the voltage drops along anl pahnecting those points.

This requires some explanation. Consider the ditmlow:

A

R, Vi

R, v,

[llustration of Kirchoff's laws

The symbol on the left hand side of the diagramesgnts a battery. The long line always
represents the positive terminal, but | have la&gelt with a “+” sign to make it clear. |
have also labelled the battery voltage as The battery is generating a voltage across R
and R, which are connected “in series”, and acrogswhich is connected “in parallel”
with R; and R,
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The voltage applied by the battery will cause aramirto flow through Rand R and
another (possibly different) current to flow througs. However, we know from Ohm’s
Law that when a current flows through a resistatiere will be a voltage across the
resistance. The voltage across a resistance is oéferred to as a “voltage drop”, and |
have labelled the voltage drops acrogs R and R as M, V., and \4 respectively. The
lines with arrowheads are used to indicate whattpdhe voltage drop is across. Note that
by convention the arrowhead points towards thetipesside, which means that the arrows
point in the opposite direction from the directionwhich current is flowing in the circuit.
In this circuit, the currents in the resistors altdlowing from top to bottom.

Voltage Drop: the potential difference across a component likesastor caused
by the current flowing through the component.

So what does Kirchoff's Voltage Law tell us abdu tircuit? Consider points A and B in
the diagram. Kirchoff's voltage law tells us thaetvoltage between points A and B is
equal to the sum of the voltage drops along ani pahnecting A and B. If we call the
voltage between A and B ¥", applying Kirchoff's Voltage law to the three thirent
paths between A and B gives us:

Vg = Vg (from the path through the battery)
Vag=Vi+ Vs, (from the path through;Rnd R)
Vag = Vs (from the path through4R

In other words, theamevoltage is found across the battery, across thiesseombination
of R; and R and across R Thinking of it in another way, the battery vokags has been
applied across both the series combination,cditl R and across R The concept is very
simple and straightforward, and you should be #blapply it intuitively and hardly ever
have to think about its formal statement as Kir€sofoltage Law.

A series connection, such as the combination, @ R, is known as a voltage divider.
The second formulation of Kirchoff's voltage law is

Kirchoff's Voltage Law (2): The sum of the voltage drops around any closed
circuit is zero.

This formulation is somewhat less intuitive thaa tiriginal formulation. Suppose we take
a clockwise trip around the outside circuit in thagram above, starting and ending at point
A. We first go “through” the resistorsRand so ¥ is our first voltage drop. Staying on the
outside circuit (and so ignoring;Rand R), we next come to the battery. However, the
voltage across the batteryg Ms not actually a voltagdrop because we are moving from
the negative terminal to the positive terminal Be Voltage isncreasing However, we
can't just ignore it, so we instead count the lgtteltage \s as anegativevoltage drop
and add -¥ to our “sum of voltage drops”. Since adding thgatee of a number is the
same as subtracting that number we get:

sum of voltage drops =3V Vp

However, we have already seen thatavid \g are equal, so the sum equals zero and
Kirchoff is happy!

6.2 Resistors in Series

Having mastered Ohm’s and Kirchoff's Laws, we cae these to derive some simple and
well-known results. The first is the formula forl@aating the effective resistance of two
resistors in series. Consider the following circuit
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- Vv

Vi

e VTma\

Vo

Circuit with series resistors

It shows two resistors connected “in series” sa tha same current flows through both of
the resistors, although the voltages across easistoe may be different. The current
flowing in the circuit is |, while the voltages ass R and R are \, and \ respectively.
The voltage across both resistors combined ag..VThe battery is only shown for
completeness, to show how the current is being rtmélew in the circuit.

Suppose we want to replace the two separate nesiRt@and R by a single resistor, which
will have the same effect. What value of resistarud we choose?

Note that the derivation below is provided for et only and will not be examined. You
only need to know the result that appears in iait the bottom of this section.

From Ohm'’s Law,

Vi
and V,

R:
R>

I
I
From Kirchoff's Voltage Law

Vit =Vi+V,
ReplacingVv; andV; in this formula with the values from Ohm'’s Law,

Vigw =1R1+ IRy
=l (R1+Ry)

But this is just Ohm’s Law for a resistor with thelueR; + R,. In other words, the resistors
R; andR; together behave just as though they were a sieglstor with the valu®; + R..
This relationship gives us the result we are logkor:

When two or more resistors are connected in setiescombined resistance is the sum of
the individual resistances.

Using similar reasoning, it is easy to generaligeresult to any number of resistors. Try to

prove this result. You don't need Kirchoff's and @8 Laws, you can just use the result
for two resistors and the properties of addition.
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For example, if three resistors with the value€Q] R kQ and 4 IQ were connected in
series the combined resistance would b&7 k

6.3 Resistors in Parallel

Another way of connecting components is to contteetn inparallel, so the same voltage
appears across each of the components althougleutiients through them may (and
probably will) differ. Another term for parallel ishunt, which is often used in high-

power applications.

Consider the following circuit, which shows two isters connected in parallel. This time

the source of the potential difference has beeritedr-perhaps it could be described as a
“partial circuit”.

I Total

Parallel resistors

The same voltagd/ appears across both resistors. The currents thringgn ard; andl,,
while the total current through both resistors corat isltorar.

Once again the derivation is provided for interestly and is not required for the
examination.

Using Ohm’s Law,

|1 :V/R|_
and P =VI/R

According the Kirchoff’'s Current Law,
ot =11+ 12

Substituting the values of andl,obtained using Ohm’s Law,
lto =V/R+VIR

Applying Ohm’s Law to the whole circuit,

V / Rearaliel = lroraL
=V/IR+V/R

WhereRp4a1el 1S the equivalent resistance of the two resistoparallel. Dividing by,
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1/R>arallel =1/R1+1/R2

This is the result we were looking for, as it shates relationship between the value of the
combined parallel resistance and the individuaistasces. It is not as easy to put into
words as it was for resistors in series, but iVMegit a go:

When two or more resistors are connected in paraliee reciprocal of the
equivalent parallel resistance is the sum of theipmcals of the individual
resistances.

Note: Thereciprocal of a number i®ne divided byhat number. Example: The reciprocal
of 2 is Y.

Of course, this leaves us with treciprocal of the value we are looking for. Fortunately it
is simple to convert the reciprocal of a numberkbato the number itself. Just calculate
the reciprocal of the reciprocal and this will be priginal number! For example, suppose a
22(Q) resistor is connected in parallel with a 83@esistor. We can find the equivalent
combined resistance of the two resistors in pdrafidollows:

llR’aralIel =1/R1+1/R2
= 1/(220Q) + 1/(330Q)
= 0,004 552" + 0,003 ON*
= 0,007 5&*

So Rearaler =1/(0,007 5&% (the reciprocal of the reciprocal')
=132Q

There is a shortcut that can be applied when ellrésistances in parallel have the same
value. In this special case, if the resistors allehthe valueR and there aré\ resistors
connected in parallel, the equivalent resistanc®/d | leave the proof of this as an
exercise for the interested reader.

Returning to our water flow analogy: If you conneeveral pipes in parallel, the water will
flow more easily and the “resistance” will decrease

Practical Example

A “dummy load” is a high-powered resistor that d@nconnected to the antenna port gf a
transmitter. It enables the transmitter to be tegte aligned without actually having fo
transmit a signal. Transmitting a signal durindgiteswhen not absolutely necessary would
cause interference and would be considered extyelnael manners by amateurs.

Commercial dummy loads are available but they ait g@xpensive. An alternative for the
amateur is to make your own. Unfortunately the neostmonly available suitable resistqrs
only have a power rating of 2 W, while most tramgees will put out 100 W and woulgd
incinerate a 2 W resistor. One solution is to ufsg 2 W resistors all connected in parallgl,
so that each handles one fiftieth of the transcliyiwer. If the resistors are each 2%D(
(2k5) then the effective resistance of 50 resisiorsarallel is 2500/5@ = 50Q, which is
the correct value to match most amateur transceiver

Remember that you will also want to shield the dymload to prevent it from
inadvertently becoming a fully functional transini¢t antenna. When | built one, | did this
by enclosing it in a metal baking powder tin whlathose because it has a screw-on lifl. |
drilled a hole in the bottom of the tin to accommatdan SO235 (UHF) connector apd
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attached the centre conductor to a piece of sfifé wunning down the centre of the tinj |
then soldered the resistors between this centradiwgtor and the body of the tin. In this
way the tin also served as a heat sink for thestasi as well as a shield for the dummy
load.

6.4 The Voltage Divider
Two resistors in series can be used aslige divider Consider the circuit below:

»
»

R

Voltage divider

This diagram shows two resistors connected in s@sebefore. However, this time, we are
measuring the voltage Jvr across one of the resistors. Our task is to fimd butput
voltage in terms of the input voltage applied asfogth resistors.

Using our formula for resistors in series, we kritwat the total combined resistanceRaf
andR; in series iR, + R,. We can apply Ohm’s Law to the input voltage dmidombined
resistance oR; andR; in series to find the input curreht

I =Vin/(R+Ry)

If we assume that negligible current is drawn frdra output, the same curreinflows
through both resistors. Hence we can find the gel@cros®,, which is the output voltage,
using Ohm’s Law:

Vout =1R;

Substituting the value we obtained faby applying Ohm'’s Law to the series combination
of Ry andR, we get

Vout =(Vn/ (R+R)) R
=Vih R/ (Ri+ Ry)

The circuit is known as a “voltage divider” becatise output voltage is proportional to but

smaller than the input voltage, so the effect ef¢hcuit is to divide the input voltage by a
constant (greater than 1).
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Summary

Kirchoff's Current Law states that any point iniecait where two or more conductors are
joined, the sum of the currents flowing into thénpas equal to the sum of the currents
flowing away from the point. His Voltage Law statiat the voltage between any two
points in a circuit is equal to the sum of the agé drops along any path connecting those
points.

We can use these laws in conjunction with Ohm'’s t@walculate the equivalent values of
resistors in series and in parallel (or shunt). Wiweo or more resistors are connected in
series, the combined resistance is the sum ofntffigidual resistances. When two or more
resistors are connected in parallel, the reciprot#ihe equivalent parallel resistance is the
sum of the reciprocals of the individual resistance

The voltage divider consists of two resistors inmiesewith an output voltage measured
across one of the resistors. The formula for titput voltage of a voltage divider is:

Vour=Vin R/ (Ry + Ry)

Revision Questions

1 Two 10 K2 resistors are connected in parallel. If the voltag from a battery
across the resistors sets up a current of 5 mA ihé one resistor, how much current
flows in the second resistor?

a. 10 mA
b. 2 mA
C. 20 mA
d. 5 mA

2 Two resistors are connected in series to a 9 Vthery. The voltage across one of
the resistors is 5 V. What is the voltage acrosséfother resistor?

a. 4V

b. 5V

C. 9V

d. 13V
3 In a parallel circuit with a voltage source and everal branch resistors, what
relationship does the total current have to the cuwent in the branch currents?

a. The total equals the average of the branchmineeach resistor.

b. The total equals the sum of the branch curierggach resistor.

C. The total decreases as more parallel resisteradaled to the circuit.

d. The total is calculated by adding the voltagepdracross each resistor and

multiplying the sum by the total number of all ciitcresistors.

4 Two resistors are connected in series. The comieit resistance is 120. If one
of the resistors is 80@2, what is the value of the other?

a. 10002
b. 800Q
C. 400Q
d. 1200Q
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5 A 100Q resistor is connected in series with a 200 resistor. The equivalent
resistance of the two resistors is:

a. 100Q
b. 200Q
C. 300Q
d. 400Q

6 A 100Q resistor is connected in parallel with a 20®2 resistor. The equivalent
resistance of the two resistors is:

a. 50Q
b. 67Q
C. 75Q
d. 300Q

7 Three light bulbs are connected in series. Whicbf the following statements is
necessarily true?

a. The current flowing through each of the bulbisléntical.
b. The voltage across each of the bulbs is iddntica

C. The resistance of each of the bulbs is identical

d. The light given off by each of the bulbs is itesl.

8 Two light bulbs are connected in parallel to themains supply. One of them
blows, and becomes an open circuit (i.e. no currerdan flow through it). What will
happen to the current flowing through the bulb thatis still working?

a. Twice the current as before will flow througle thiorking bulb.
b. No current will flow through the working bulb.

C. The same current as before will flow throughweking bulb.
d. Half the current as before will flow througtettvorking bulb.

9 The output voltage from a voltage divider with two equal resistances will be:

a. The same as the input voltage.
b. One quarter of the input voltage.
C. Half the input voltage.

d. One third of the input voltage.

10 A dummy load is made by connecting forty-four 2R resistors in parallel. The
resistance of the dummy load is:

a. 20Q
b. 50Q
C. 75Q
d. 100Q
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Chapter 7: Power in DC Circuits

7.1 Power Dissipation in Resistances

When a current flows through a resistance, thestaaste will dissipate (“use up”) power

and generate heat. This principle is used in mdegtrecal devices, for instance in electric

bar heaters and kettles, where the elements areegistances with suitable power handling
and heat transfer abilities.

To calculate the power dissipated by a resistamedijply the voltage across the resistance
by the current flowing through the resistance:

P=VI

It is easy to see why. Remember that the voltagerds:n two points is the amount of
energy that it would take to move one unit of cledrgm the point of lower potential to the
point of higher potential. Now that we are allowitigg charge to flow from the point of
higher potential back to the point of lower potahtihis energy is recovered, usually in the
form of heat. Since current is the rate of floncbarge, the greater the current, the greater
the energy that will be given off each second. fidte at which energy is used is known as
power.

For example, suppose an electric kettle draws 3 248 V. Its power consumption is
calculated as follows:

P =Vl
=240V x5A
=1200 W
=1,2 kW

Although kettles usually work off AC not DC powehe section on AC power will show
that the same formula applies.

7.2 Using Ohm’s Law with the Formula for Power

Ohm’s Law also deals with voltages and currentsMgs as resistances), so it can often be
used together with the formula for power. For exmnmpuppose that in the example above
we had instead been told that the kettle runs 48f\2 and its element has a resistance of
48 Q. We could then use Ohm’s Law to calculate theemnirrsince

I =V=+R
=240V +48Q
=5A
The rest of the calculation would then proceed lasve, giving us the same answer of
1,1 kW. Another way is to combine Ohm’s Law and fitienula for power dissipation first,
and only bring the actual numbers in at the end.
The formula for power is
P =VI

But according to Ohm’s Law, we also know that

I =V +R
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So we can replace the symbél th the power equation withV*/ R to give
P =VV=+R

And sinceV x Vis just \ (pronounced “V squared”), we end up with
P =V +R

Applying this to the example, where V = 240 V ansR8Q, we get

P = (240 V§ +48 Q
=57 600V +48Q
= 1200 W
=1,2 kW

Which fortunately is the same answer as before.

In the same way, if you know the current flowingotigh a resistance and the value of the
resistance, but not the voltage across it, youussnOhm’s Law to calculate the voltage
across the resistance and then apply the formulapfover to calculate the power
dissipation. Or these two steps can be combinadsingle equation:

P =VI (the formula for power)
and V =IR (Ohm’s Law)
SO P =l1IR
=I’R

We now have a simple formula for calculating pofwvem current and resistance:
P =I°R

For example, suppose a S0resistor has a current of 2 A flowing throughTihe power
dissipated is:

P = I°’R
= (2A¥ x 50Q
=4 A x 500
=200 W
Exercise

Use Ohm’s Law to find the voltage across the resisind then the formulR = V | to
calculate the power dissipated by the resistor,s@edf you get the same answer.

7.3 Electrical Sources

Real-life electrical sources, including batteriesl anains-powered supplies, do not always
behave in the manner we would prefer. Normally, wbiéage drops when we start to draw
current from the source.

A real-life supply can be modelled in two ways. Himplest to work with in most cases is

a constant-voltage supply with some internal raeist. This model is known as\arton
equivalent
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VOut

R)urce

Constant-voltage supply with internal resistance

The circle with \ in it represents a perfect voltage supply, whiciintains a constant
voltage of \&. The internal resistance is represented £y.R

In this case, ¥ = Vs when no current is flowing. When current is drainom the power
supply, a voltage Mo, =1 X Rsouce develops across the internal resistance. The butpu
voltage then decreases t@ V= Vsouce— Vorop- ObVviously, the lower the internal resistance,
the smaller the voltage drop will be, and the numestant the output voltage will be. Well-
regulated power supplies and good-quality battdrée® low internal resistance.

Another way to model the same power supply is loprstant-current source with a shunt
resistance. This model is known askevenin equivalent

VOut

Bunt

Constant-current supply with shunt resistance

If the model is a good one, the behaviour mustéaetly the same as the previous model's
behaviour. If no current is being drawng)= Is X Rspuns @S that voltage is developed
across Bnnrdue to the current. As current is drawn by a ldask current flows in &uns as
the total current remains constant, but is divibetveen R....and the load. In this case,
Vou decreases as the load current increases. It déens suitable choice ofland Ryunt
will result in the same behaviour we observed masly.

For the remainder of this course, we will stick donstant-voltage sources with series
resistance, as the Norton model is somewhat easusualise.

7.4 Matching Source and Load

A practical power supply with some internal resis& and a load is represented in the
diagram below. R.q4 is the load resistance. ad is something to which the circuit is
delivering power. Depending on the application iigim be an antenna, an electric motor, a
light bulb or anything else that uses power.
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R)urce

Ia_oad

Constant-voltage supply with internal and load sésis

An interesting question is: What load resistanae (vhat value of R.g) will result in the
maximum power transfer to the load?

If the load resistance is very low, a lot of cutrenll flow in the circuit, but the voltage
across the load will be small. If the resistancaiggh, the voltage across the load will be
high, but the current through it will be low. Sinee= V |, both the current through the load
and the voltage across it are important for povasrdfer.

Although the mathematics is a bit beyond the I®fghis course, it turns out that the load
dissipates the maximum power when the load resistam exactly equal to the source
resistance. In this case, the power dissipatechbyldad isV? + (4 x Reag). This result is
useful to know when designing power sources sughoaser amplifiers. You should note,
however, that with a matched load the source dissgpjust as much power as the load, so
cooling may be quite important! Cooling could baiaged using fans dreat sinksfinned
metal objects that allow heat to be safely exchdngehe air. The fins help to increase the
contact area with the air, for optimal heat trandie some high-power applications, liquid
cooling may even be used.

Summary

The power dissipated in a resistive load can bexdousing the formuld =V I. This
formula can be combined with Ohm’s Law to giRe= I°R andP = V?*/ R In a simple
resistor, this power will be dissipated as heat.

All real-life voltage sources have some internaigence. The internal resistance causes
the output voltage to drop somewhat when curredtasvn. The maximum power transfer
from the source to the load occurs when the loaibtance is exactly equal to the source
resistance.

Revision Questions

1 A light bulb is rated at 12 V and 3 W. The currem drawn when used with a
12 V source is:

a. 250 mA
b. 750 mA
C. 4 A

d. 36 A
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2 The DC current drawn by the final stage of a linar amplifier is 100 mA at
100 V. How much power is consumed?

a. 100 W
b. 1 kw
C. 0w
d. 1w

3 If a power supply delivers 200 W of electrical pwer at 400 V DC to a load, how
much current does the load draw?

a. 05A
b. 2A
C. 5A
d. 80 kA

4 The product of the current and what force gives gu the electrical power in a
circuit?

a. Magnetomotive force.
b. Centripetal force.

C. Electrochemical force.
d. Electromotive force.

5 A resistor is rated at 10 W. Which of the followig combinations of potential
difference and current exceeds the rating of the sstor?

a. 2V at 100 mA
b. 20 V at 20QA
C. 1 kV at 25 mA
d. OmVat2A

6 The starter motor of a motor car draws 200 A fromthe 12 V battery. How
much power does it use?

a. 24 W

a. 240 W

b. 2,4 kW

C. 24 kW

7 What is the resistance of the motor in question 67

a. 60 ng2

b. 100 nf2

C. 600 ng

d. 10

8 The internal resistance of a car battery is foundo be 0,2Q. Into what load
resistance will it deliver the maximum power?

a. 0,1Q
b. 0,2Q
C. 0,6Q
d. 1,20

9 At its peak, a lightning bolt has a voltage of MV and a current of 10 kA.
How much power does it deliver at that moment?

a. 10 W

b. 10°wW
C. 10w
d. 10°wW
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10 A current of 2 mA is measured in a 1 K resistor. How much power is the
resistor dissipating?

a. 2 mW
b. 4 mw
C. 2W
d. 4 W
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Chapter 8: Alternating Current

8.1 Introduction

In direct current (DC) circuits, the current alwdlgavs in one direction. The two terminals
of the voltage sources used to power these ciraliays have the same polarity — one
terminal is always positive with respect to theeotterminal. This positive voltage causes
the current to flow in only one direction in theauiit.

In some circuits, though, the direction in whiclke tturrent flows is constantly changing.
The current flows first in one direction, then hetreverse direction, then in the original
direction again and so on, with the direction chagat regular intervals, usually many
times each second. The circuits are cadleernating current(AC) circuits. Power for these
circuits may be supplied by alternating current YAXower supplies, such as the mains
supply. With AC power supplies, there is no “pagtior “negative” terminal. Instead, one
terminal will be positive with respect to the otlier a brief period, and then the roles will
reverse and the other terminal will become moretipesfor a brief period, and so on.
Although the abbreviation AC stands for “alterngticurrent”, it is also used to refer to
voltages, in phrases such as “An AC Voltage” arial VIAC”.

8.2 The Sine Signal

If you were to plot the voltage or current in an Afcuit against time, there are many
possible shapes (known as “waveforms”) that theycctake. For example:

A Triangular Signal

A Square Signal

However, when we analyze AC circuits, we normalink of the waveform as being a
“sine signal”. A sine function is a mathematicahcept, but it describes something that
occurs frequently in nature. Mechanical vibratiorigating bodies and electrical circuits,
among others, can be described with the same matlwaimodels.

To understand what a sine function is, we startdoking at rotating bodies. Visualise a
point on the circumference of a rotating wheel. Ndwnk only about the vertical
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displacement of the point from the central axi® tjuantity marked aa in the figure
below. If the wheel rotates at a constant spestheafunction is produced by the valueaof
To the right of the wheel is a graph. The horizbatdas represents the phase or angular
displacement of the wheel from some arbitrary istanpoint, starting at 0°. The amplitude
above (or below) the zero line is transferred ®dhaph as well. The relationship between
the angle @, the radius of the ciraleand the amplituda is given by:

sin@=a-=+r

The amplitude is then given lay=r sin @and hence the term “sine function”.

1202 60° — 1

A

30° 60° 90°
PHASE @

Generation of a sine signal

Note that the amplitude values start decreasirey 80°. The amplitude at 120° is the same
as that for 60°. After rotating through half of evolution, the values become negative
(below the line). The shape is the same, but iedert

Each rotation of the wheel represents one cyctbafvaveform, from an angle of 0° to an
angle of 360°.

In electrical circuits, the sine function is apglias:
V = VpeakSin (2eft)

where Vpeax is the peak voltage of the waveforinis its frequencyt is time, z is the
mathematical constant “pi” (approximately 3,14) aidis the trigonometric sine function.
As time increases, the sine function goes from 0 to O to -1 to 0 to 1 and so on. At the
same timey goes from 0 t&/peact0 0 t0 -Vpeak 10 0 tOVpeaand so on.

Note that the sine function doem®t consist of two semi-circles, which is how it is
sometimes incorrectly drawn.

The reason why we deal mostly with sine functiansircuit analysis is because the French
mathematician Joseph Fourier (1768-1830) showedatiya other periodic function could
be decomposed into a number of sine functionsftdréint frequencies. So if we know how
a circuit responds to a sine signal, we can easilgulate its response to any other signal
using the technique known Bsurier analysis A sine signal represents a “pure” AC signal
that contains only a single frequency, known adiuhdamental Any other signal includes
both the fundamental ankdarmonics which are integral multiples of the fundamental
frequency.

You will often hear the termsine wav& Although most radio signals are indeed sjne
waves as they travel through space, we are mageebted in sine-shaped signals in elegtric
circuits. To avoid clumsy constructions likiusoidal signalwe therefore use the term
“sine signdl to describe the voltage and current shapes ireielgrical circuits.
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8.3 Cycles and Half Cycles

An AC signal consists of many identicafclesone after another. The figure above shows
one complete cycle of a sine signal, while abowaréttwo complete cycles of square and
triangular signals.

Question: How many cycles of a square signal are shown ititeefigure of this section?

Usually electrical waveforms like AC voltages andrents are positive for half the time
and negative for the other half. When we want tferrgust to the positive or negative
period, we speak of thebsitive half cycleand “negative half cycle

8.4 Period and Frequency

The period of a waveform is the time taken for egele, which is usually expressed in
seconds, milliseconds or microseconds (s, ms or us)

Definition: The period of a waveform is the time taken for @maplete cycle.

A complete cycle can start at any point on the Vi@we, and continues to the
corresponding point on the next cycle. In eactheffireceding figures, the cycle starts at O
and ends at 0. However, the cycle could equally ste started at the maximum (1) or at
any other point (e.g. when the value is 0,462).

The frequency of a waveform is the number of cyges second. The unit of frequency,
one cycle per second, is called the hertz (abbiebielz) in honour of the German physicist
Heinrich Hertz (1857-1894). The dimension of thé tiz is the same as “per second”.

Definition: The frequency of a waveform is the number of cymesecond.

Since period is the number of seconds per cyclke friaguency is the number of cycles per
second, it follows that the period and frequencyaofvaveform are reciprocals of each
other. That is:

t =1=+f
and f =1+t

wheret is the period (in s) anfthe frequency (in Hz).

For example, the mains frequency in South Africd@sHz (50 cycles per second). The
period can be found from:

t =1=+f
=1+50Hz
=0,02s
=20ms

8.5 Wavelength and the Speed of Light

Electrical currents and voltages move through watesimost the speed of light, which is a
very high but not infinite speed. Radio waves traitted from an antenna also travel at the
speed of light. The speed of light, which is usuadipresented by the symhkmin physics,

is approximately 3 x Tam/s, equivalent to just over 1 000 000 000 km/h!

Think about an AC waveform with a constant freqyemoving through a very long wire
at the speed of light. The start of one cycle widtur at a particular point in time, and
hence at a particular point along the wire. Thet sththe next cycle will occur a certain
time later (this time difference being tperiod of the wave), during which the wave, which
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is traveling at the speed of light, will have moveaime distance further along the wire.
Since the speed of light is constant, and the bietereen successive cycles of the wave (the
period) is also constant, the distance travelethbywave between the start of one cycle and
the start of the next must also be constant farghiticular wave. This distance is known as
thewavelengtiof the wave.

Definition: The wavelength of a wave is the distance it trawvetme cycle.

Because wavelength represents the distance the tneaxeds during a certain time, it is
related to the period and frequency as follows:

A =ct
and A =c/f

where) (a Greek lower case “L”, pronounced “lambda”) lie twavelength in m¢ the
speed of light in m/d,the period in s anfithe frequency in Hertz.

For example, one of the author’s favourite radatishs is Cape Talk, which broadcasts on
a frequency of 567 kHz. The corresponding waveleogh be calculated as follows:

A =c=f
=3x 10 m/s +567 x 1HHz
=529 m

This is the distance that the radio waves tranerthitty Cape Talk will travel during one
complete cycle.

There is a short cut that is quite useful for raalicateurs. Because we express most of our
frequencies in megahertz (millions of cycles p&osel), you can avoid having to deal with
lots of zeros (or with scientific notation) by ugithe formula:

A =300 +F

where/ is the wavelength in m arfél the frequency in MHz. For example, a frequency of
14,100 MHz has a wavelength of:

A =300 +F
=300+14,1m
=213 m

Note that the higher the frequency, the shortemtheelength andice versaYou can also
calculate the frequency from the wavelength udiegfbrmula:

F =300 +4

where F is the frequency in MHz aidthe wavelength in m. For example, the amateur
“two-meter” band has frequencies of approximately:

F =300+A
=300 +2 MHz
= 150 MHz

The actual frequency limits of the two-meter bandouth Africa are 144 and 146 MHz.
The reason for the discrepancy is that “two-meterd is intended as a name for the band,
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not an accurate representation of its wavelendgfivo“ comma zero seven meter band”
would be a bit of a mouthful!

8.6 Phase

It is possible to have two sine signals of the séimguency but where the cycles start at
different times. In this case, we talk of the wavewing aphasedifference The phase
difference is usually expressed in degrees. Onepladen cycle comprises 360° so for
example a phase difference of one quarter of aayoluld be 90°.

0.8 -
0.6 -
0.4 -

0.2

0.2

0.4

-0.6 4

-0.8 4

Two sine signals with a phase difference of 90°

The wave that reaches a certain part of its cyeferb the other is said tead the other
wave. Conversely, the wave that reaches that péd oycle after the other wave is said to
lag the other wave. Any point on the cycle could bedyss long as corresponding points
are used for both signals.

In the figure above, the wave drawn with a thiclkeleadsthe other wave by 90° because it
gets to each valubeforethe other wave does. It leads by 90° at any anidjr chosen
point. In this case, the maximum (1) or the zemssing (0) is easy to see.

8.7 RMS Voltage and Current

Remember the formulae to find power dissipatioregithe value of a resistance and the
voltage across the resistance:

P =V +R

If this formula is applied to sine signal, one csae that the power dissipation is at a
maximum at the positive and negative peaks of tgpas and at a minimum when the
voltage is zero. Remember that thé i¥ positive even when the voltage is negative; the
square of a negative number is a positive number.

If we were able to average out the square of theage through a full cycle of the sine

signal, we could calculate an equivalent DC voltdiget would cause the same power
dissipation in a resistor. This voltage is knowrtlas “root mean square” or RMS voltage.
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In this context, “Mean” indicates the average, ddRmeans “the square root of the
average of the square of all the voltages in aetycl

Definition: The RMS value of an AC voltage is the value oDheroltage that
would cause the same power dissipation in a resigta

For a sine signal, the RMS voltage is the peakagalt(the maximum voltage reached on
both positive and negative peaks) divided by theasgroot of two.

Vrvs = Vpeak™ 2
SO VRMS = 0,707 V’eak

Note that this formula only works for a sine sigred the ratio may be different for other
waveforms.

Whenever one gives the value of an AC voltagey#iee is assumed to be the RMS value
unless specifically otherwise noted. For examphe, mains voltage in South Africa is
specified as 240 V AC. This is tiRMSvalue. We can calculate the peak value as follows:

Vaws = Vpeak™ 2
SO Vpeak = 2 Vems
=1,41x240V
=338V

In the same way, AC current is usually expressedra®RMS current unless otherwise
specified. The definition is similar:

Definition: The RMS value of an AC current is the value oft@ecurrent that would
cause the same power dissipation in a resistance.

The RMS current can be found from the peak curusig a similar formula to the one
used to find the RMS voltage from the peak voltage:

lrms = lpeak™ V2

SO IRMS = 0,707 ‘Deak

The nice thing about working with RMS voltages audrents is that Ohm’s Law and the
formulae for power work for AC voltages and cureejutst like they do for DC voltages and
currents, as long as you use the RMS values.

For example, if the element of a kettle that ruh240 V AC (RMS) has a resistance of
48 Q, the current flowing through the element is

| =V=+R
=240V +48Q
=5A (RMS)

Although I have noted that the 5 A is an RMS vathés would not normally be necessary
as RMS measurements are assumed for all AC vahlessuotherwise specified.

Similarly the power can be calculated using thealrmula,
P =VI

=240V x5A
=1,2 kW
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Because we are using RMS values, the standard famgnes the right answer.

8.8 Frequency Ranges

Because we are primarily interest in radio, we négdunderstand something about
frequency ranges.

The terminology in the table below may seem someévaicange. Remember that the
technology required to operate on higher and hifjleguencies took time to evolve. When
this table was designed, “high” wasn’t as hightagauld be today, but the terms have been
retained for historical reasons.

Range Frequency Wavelength | Amateur bands
From To From To

LF Low frequency 30 kHz 300 kHz 10 km 1km Experimental

MF Medium frequency 300 kHz 3 MHz 1km 100 m 160 m

HF High frequency 3 MHz 30 MHz 100 m 10 m 80 to 10 m (9 bands

VHF | Very high frequency 30 MHz 300 MHz 10m Im 6m,2m

UHF | ultra-high frequency 300 MHz 3 GHz 1m 100 mm| 70to23cm

SHF | Super-high frequency 3 GHz 30 GHz 100 mm 10 mm Several

EHF | Extremely high frequency 30 GHz 300 GHz 10 mm 1 mm Several

THF | Tremendously high frequency| 300 GHz 3 THz 1 mm 100 pm Several

The majority of amateurs operate on HF, VHF anchges UHF, so these are the ranges
you must be familiar with.

Summary

AC signals consist of many identical cycles, oneranother. Sine signals consist of a
single frequency known as tligndamental All other signals have additional frequencies,
the harmonics.The period of a waveform is the time taken for @oenplete cycle. The
frequency of a waveform is the number of cyclesseeond.

The wavelength of a wave is the distance it travel®ne cycle. The wavelength and
frequency of a wave are related by the formula:

F =300 +4

where F is the frequency in MHz aridthe wavelength in m. Phase differences are
expressed in degrees, with 360° in one complete cyc

AC voltages and currents are expressed as RMSsvallie RMS value of an AC voltage
or current is the value of the DC voltage or currérat would cause the same power
dissipation in a resistance. For sine signals,RMS voltage can be calculated from the
peak voltage using the formula

Vrus = 0,707 \beak

For radio purposes, the frequency of AC currentiveded into bands. The most important
ones are:

Range Frequency Wavelength | Amateur bands
From To From To

HF High frequency 3 MHz 30 MHz 100 m 10m 80 to 10 m (9 bands

VHE | Very high frequency 30MHz | 300 MHz| 10m im 6m,2m

UHF | ultra-high frequency 300 MHz 3 GHz 1m 100 mm|{ 70to 23 cm
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Revision Questions

1 The frequency of an AC waveform is defined in thenit:
a. seconds
b. velocity
C. period
d. hertz
2 The frequency of 5 Hz has a period of:
a. 2s
b. 300 s
C. 200 ms
d. 12s
3 The wavelength of a signal of 100 MHz in free spa is:
a. 30 mm
b. 0,3m
C. 3,0m
d. 30m
4 A radio wave has a period of 20 ms. Its wavelergin free space is:
a. 6 km
b. 60 km
C. 600 km
d. 6000 km
5 Two sine signals are 180° out of phase. When thee signal is at its maximum

positive value the other:

a. Is also at its maximum positive value.

b. Is at its most negative value.

C. Is at zero.

d. Cannot be determined from the information given.
6 Which signal consists of only the fundamental frguency, without any
harmonics?

a. A square signal.

b. A sine signal.

C. A triangular signal.

d. A saw-tooth signal.
7 Which value represents the ratio of RMS to Peakvalue of a sine AC
waveform?

a. 0,5

b. 0,636

C. 1,414

d. 0,707
8 What is the value of an AC waveform, representinghe equivalent heating
effect to a DC voltage, known as?

a. RMS value.

b. Average value.

C. Peak value.

d. Corrected value.
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7. The mains voltage in the U.S.A. is 115 V RMS. Whag the peak voltage?
a. 81V
b. 115V
C. 163V
d. 220V
8. The mains voltage in South Africa is 240 V RMS. lithis voltage is applied

across a heating element with a resistance of 58 how much power will be
dissipated?

a. ow

b. 57,6 W

C. 100 W

d. 576 W
11. An electric geyser operating from the 240 V A®RMS mains supply consumes
2,4 kW. What current does it draw?

a. 10 ARMS.

b. 10 A peak

C. 10 A average

d. 10ADC
12. A hi-fi loudspeaker has a resistance of @. When it is delivering 8 W, what is
the RMS voltage across the speaker?

a. 1V

b. 8V

C. 10V

d. 80V
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Chapter 9: Capacitance and the Capacitor

9.1 The Capacitor

The capacitor is a component that consists of taraactors in close proximity, separated
by an insulating material known as ttielectric. The circuit symbol for a capacitor is quite
suggestive of its construction:

—

Symbol for capacitor

The two vertical lines represent the conductors thiedgap between them represents the
insulating dielectric.

Real capacitors may consist of plates or foil @cks, and may be separated by air, plastic
or liquid. Conceptually, we can think of two paehllplates separated by air. This
arrangement is typical of variable capacitors, Whie will discuss later in this section.

Capacitors have a property knowncapacitancewhich is the ability to store energy in an
electric field between the plates. To see howwligks, consider the circuit below:

I ®

Capacitor with battery and globe

This shows a capacitor connected to a switch thateither be used to connect it to the
battery on the left or to the light bulb on thehtig

Let us start by thinking what happens in terms lgicteons. When the capacitor is
connected to the battery, some of the negativedyged electrons in the upper plate of the
capacitor are attracted towards the positive teahnih the battery, through the conductor
between them. At the same time, some electrons fiom the negative terminal of the
battery to the lower plate of the capacitor. Ineeffthe battery is acting as an “electron
pump”, pumping some electrons from the top platthefcapacitor, through the battery and
to the bottom plate of the capacitor.

Through this process the upper plate of the capatises some of its electrons, so it
becomes positively charged. At the same time theldglate gains some excess electrons
so it becomes negatively charged. In terms of cotimeal current, a current flows through
the capacitor from top to bottom, which generatepotential difference across the
capacitor, with the upper plate becoming more p&dit charged and the lower plate
becoming more negatively charged. This procesnasvk as “charging” the capacitor.

The voltage that is developed across the capaajiposes the flow of current through the
capacitor. As the voltage across the capacitoeas®s the current through it decreases and
when the voltage across the capacitor is equah¢obtattery voltage the current stops
flowing altogether. The capacitor is now fully ched.
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Assume that the switch is now flipped so that tApacitor is connected to the light bulb.
The excess of electrons on the negatively chargeetrl plate will be attracted to the

positively charged upper plate, which has a shertdglectrons, so a current will flow. In

conventional terms, the current flows from the pesly charged upper plate to the
negatively charged lower plate. This current wilkia the light bulb glow. As the current
flows, the charges on the capacitor plates wildgedly return to neutral, and the voltage
across the plates will reduce. This reduced voltatjereduce the current flowing in the

circuit until eventually both plates have the satoacentration of electrons. There is now
no potential difference across the capacitor amdcilrrent will stop flowing altogether.

This process is known as “discharging” the capacito

When a capacitor is charged in a DC circuit it hamltage across it and a current flowing
through it, so power is being provided to the c#pa@ccording to the formul® =V I.
However, this power is not being dissipated intatlas it was in a resistor. Instead, energy
is being stored in the electric field between ttags. When the capacitor is discharged this
energy is released — in this case, it causesghebulb to glow.

Capacitors come in different values. The value cdjgacitor (its capacitance) depends on:

0 The surface area of the platesThe greater the area, the greater the capacitance.

0 The distance between the platesThe greater the distance, the lower the
capacitance.

0 The dielectric constant.This constant is property of the dielectric. Theger the
dielectric constant, the greater the capacitanhe.dielectric constant of a vacuum
is 1, with air being very close to 1.

Large capacitors (meaning those with high capao#amot necessarily related to their
physical size) are able to store a lot of energyalbywing a large excess of positive or
negative charge to accumulate on the plates. Siap#citors can only store a little energy,
as only a small amount of excess charge can beratated. The value of a capacitor is
measured in farad (abbreviation F), and typicatfical capacitors range in size from 1 pF
to 1000uF or so. Some capacitors are marked with colouegaimilar to resistor codes,

while others are marked with stenciled letteringc&use they” in “ uF” appeared to cause

problems for manufacturers, the abbreviation “MREPbften marked on capacitors.

Extending our previous flow analogies, a capaaitor be modelled as a diaphragm, which
can store energy by flexing if a pressure diffeeeiscapplied across it. Once the pressure is
removed, the fluid will flow from the pressuriseddeof the diaphragm and into the
unpressurised end, until the pressure differenceelisved. Note that no water flows
through the diaphragm, just like no electrons ditdlw through the dielectric.

9.2 Capacitors in AC Circuits

Capacitors get more interesting in AC circuits. €ldar this circuit, which shows an AC
voltage source connected to a capacitor througisiator:

v —

AC voltage source and capacitor
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The “~" symbol on the voltage source means thas ian AC source. The symbol “V”
represents the voltage of the source, and “C” ssgms the value of the capacitor.

The first question is whether a current will flowvadl. If the voltage source was DC then the
capacitor would soon charge up to the same voléegthe voltage source, and no more
current would flow, except possibly for a very shiabkagecurrent. However, because in
this circuit we have an AC voltage source, theasitun is different. As the current flows in
one direction, the capacitor will begin to chargeand the potential difference this causes
will oppose the flow of current through the capaiciHowever, when the current changes
direction, the capacitor will start to discharged @éhe energy it had “borrowed” will be
returned to the circuit. Eventually the capacitdll e fully discharged and will start to
charge up again but with the reverse polarity. Théren the current direction reverses
again, the capacitor can discharge again beforee @gain charging in the original
direction.

With an AC source, an AC current will flow throughcapacitor. It is interesting to consider
the effect of frequency. A low frequency AC souvaé cause the current to flow for a long
time in one direction. During this time, the caparcivill become appreciably charged and
the potential difference that forms across itsgdawill significantly oppose the flow of
current in the circuit. For a low frequency sourtterefore, only a small current will flow.
On the other hand, with a high frequency sourceeotiwill only flow in one direction for

a short time before reversing direction. This deldy not be long enough to charge the
capacitor much, so not much potential differenckk dévelop across the plates, and there
will not be much opposition to the flow of curreRor a high frequency source, therefore, a
larger current will flow.

9.3 Capacitive Reactance

The opposition to the flow of current that we exgece with capacitors in an AC circuit is
not resistance. If it were resistance, power wdiddlissipated by the capacitor. However,
we have seen that the energy that is “borrowedinduone half cycle is returned to the
circuit during the next half cycle. The opposititmthe flow of current in a capacitor is
called “capacitive reactance” and usually given #ynbol X. The formula for the
reactance of a capacitor is:

Xe =1/Q2zfC)

where X is the capacitive reactanced f the frequency in Hz and C the capacitance in
farad (abbreviation F). Note that the reactadeereasess the frequencincreases This
trend is because capacitors oppose the flow oéntitess and less as frequency increases.

Our original question was how much current willwlan the circuit. Fortunately, Ohm’s
Law works for reactance in just the same way dedis for resistance:

I =V/X

Once we have calculated the reactance of the ¢dapasie can easily calculate the current
flowing in the circuit. However, note that althougbsistance and reactance are both
measured irf2, you cannot simply add them together. You will erstand later how these
gquantities can be related.

For example, in the circuit above suppose the gelt¥ is 1V, the capacitance of the
capacitor is 1 nF (IDF) and the frequency is 1 MHz (16z), the reactance of the
capacitor is:

Xe =1/2zfC)
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=1/(2x3,14x 10Hz x 10 F)
=1/(0,006 28 F.Hz)
=1590

The current flowing in the circuit can be foundngsiOhm’s Law in a slightly modified
form:

| =V /X

Here, |X| means “the magnitude of X", in other weotlde value of X but without the minus
sign if it has one. So

I =1V/1590Q
=0,0063 A
= 6,3 mA

9.4 Phase of Current and Voltage

The current flowing through a capacitor and thetag#® across the capacitor have an
interesting property: they are always 90° out odiggh To be precise, the current flowing

through a capacitdeadsthe voltage across the capacitor by 90°, so thtage across the
capacitorlags the current flowing through the capacitor by 9@°the graph below, the

thick line represents the current through the démaowhile the thin line represents the

voltage across the capacitor.

The material within this box is for developing gtsi and will not form part of the RAE.
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This result is not as counterintuitive as it miglgem at first glance. Remember that
capacitor is charging — that is, the voltage acitssglates is increasing — for as long as th
is current flowing through it in the right direatio The capacitor should reach maxim
positive charge — i.e. with the maximum positivétage across the plates — when a posi
current has been flowing through it for as longpassible. Time B in the diagram abo
indicates this condition. Similarly, the capacigbrould reach maximum negative charge

the
ere
m
tive
ve
2 at
ch

the point where a negative current has been flowhingugh it for as long as possible, whi
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it does at time D.

Also, since the rate at which a capacitor chargeischarges depends on the current flowing
through it, this rate should be greatest at thatpaf maximum current. For example, at time
A where the maximum positive current is flowingdhgh the capacitor, the rate at which it is
charging is greatest. The voltage therefore risest mapidly at this point. Similarly at time C,
where the maximum negative current flows througl dapacitor, is where its rate |of
discharge is greatest, and the voltage drops rapgtly.

We mentioned before that reactance differs fromstasce, even though they are bpth
measured 2. The voltage across a resistance is always ingplvéth the current through the
resistance, while the voltage across a reactanedwiays 90° out of phase to the current
flowing through the reactance. In fact, this expgawhy there is no power dissipated by a
reactance. The formula for power is:

P=VI

However, remember that a positive number multipbgdanother positive number provides a
positive result, as does a negative number mudtipiy another negative number. A positive
number multiplied by a negative numberare versgproduces a negative result.

If you look at the graph above showing the voltageoss and current through a capacitor,
you will see that in the first quarter of the grapbim time A to time B, both voltage and
current are positive, so the power “dissipatedjasitive. However, in the last quarter of the
graph, between time D and time A, the voltages @andents have exactly the same values
(although in reverse), but this time the voltagaegative while the current remains positive,
so the overall result is negative. This negativesipation” precisely cancels out the positjve
power dissipation in the first quarter of the graph

Similarly, between C and D the voltage and curi@m both negative, so the result i$ a
positive power “dissipation”. However, the voltaged current have exactly the same values
between B and C (again in reverse), but this tiheeuoltage is positive while the currgnt
remains negative, so the overall power “dissipdtismegative and exactly cancels out the
positive power dissipation between C and D.

So the positive dissipation from A to B and fromt&D is exactly cancelled out by the
negative “dissipation” from B to C and from D to Ahe capacitor is “borrowing” energy as
it charges, only to “return” it as it discharges.

9.5 Capacitors in Parallel and Series

Two or more capacitors connected in parallel atgvedent to a single capacitance with a
value equal to the sum of the values of the indigldtapacitors.

So for capacitors connected in parallel,

Croa =Ci+Co+ ...
Note that this equation is similar to the equafmnresistors irseries
For capacitors connected in series,

1/Grota = 1/CL + 1/C, + ...

Note that this result is similar to the equationrsistors irparallel.

V1.2 © 2005 to 2016 SARL 85



South African Radio League Introduction to AmatBadio

9.6 Types of Capacitor

Many capacitors are not really a pair of platesassted by a dielectric. Like resistors,
capacitors come in several different types thatlasggned for different applications.

o0 Ceramic capacitorsare generally good for radio frequency (RF) ampians and
are inexpensive but their tolerance is poor (arotbhd) so they should not be
used in critical applications such as the frequeadetgrmining elements in
oscillators or filters. They are available in vaduanging from 100 pF to 100 nF or
so, and in high voltage ratings up to 15 kV.

o Silvered Mica capacitorsare also good at RF and have much tighter tolesanc
(typically £1%) but are quite expensive. They ardycavailable in fairly small
values from 1 pF to 100 nF.

o Polycarbonate capacitorsare suitable when higher capacitance values greresl
at medium tolerances (5% is typical). Values raingm 10 nF to 1QF.

0 Electrolytic capacitors use metal (usually aluminium) foil as one “platd#”the
capacitor and a conductive fluid as the other gjlatlhe insulating dielectric is a
very thin chemical layer that is deposited on theahfilm by the dielectric fluid.
Electrolytic capacitors can have very high valugsto 100 F, but most of them are
polarisedmeaning that one of the terminals must alwaysdsgtige with respect to
the other. This limitation makes them most suitedtC applications like power
supplies.

o0 Variable capacitors consist of two sets of plates. Turning the conkrmb moves
one of the sets of plates (thetor) and varies how much they overlap the set of
fixed plates (thestator). In this way the capacitance can be varied. \bégia
capacitors were once used as the tuning controlsadibs. The symbol for a
variable capacitor is shown below:

A

Symbol for variable capacitor

Summary

Capacitors consist of two conductors separatedchbypsulating dielectric. Capacitors have
a property known asapacitance which is the ability to store energy in an eliecfreld
between the conductors. The energy is stored whertdpacitor ichargedand released
when it isdischarged The capacitance of a capacitor depends on thaceuarea of the
conductors, the distance between the conductorshandielectric constant of the insulating
material.

In AC circuits, capacitors exhibreactancewhich opposes the flow of current. Although
reactance is measured( it is not the same as resistance as no enetuging dissipated.
The reactance of a capacitor is given by the foamul

X =1/(2=xfC)

Ohm’s Law can be applied using the magnitude elatance in place of a resistance

V=1]X] or X|=V /I or I=V/|X]
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The current flowing through a capacit@ads the voltage across the capacitor by 90°.
Conversely, the voltage across a capad#igs the current flowing through the capacitor by
90°.

For capacitors connected in parallel,
Crow =Ci+Co+ ...
While for capacitors in series,
1/GCroa = 1/ICL + 1IC, + ...
There are many different types of capacitors suttedlifferent purposes. Electrolytic
capacitors are usually polarised, and one ternmmedt always remain positive with respect

to the otherVariable capacitorsvere once used as the tuning control in many sadio
Revision Questions

1 The phase shift between voltage and current in@apacitor is:
a. 90°
b. 45°
C. 360°
d. 0°
2 Three capacitors of 1 uF each are connected in dlel. The equivalent
capacitance is:
a. 330 nF
b. 3 uF
C. 300 nF
d. 33,33 uF
3 A capacitor of 250 pF is required to resonate auhed circuit. A 100 pF

capacitor is connected in parallel to a variable gaacitor. What value must the
variable capacitor be set to to achieve resonance?

150 pF

300 pF.

350 pF

400 pF

coow

A value of 1000 pF is equal to:
a. 10 nF

b. 1nF

C. 0,1 nF

d. 100 nF

5 The energy in a charged capacitor is stored in &
a. Voltage across the terminals.
b. Current applied to the capacitor.
C. The electric field between the plates.
d. Form of magnetism.
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6 The unit of capacitance is called:
a. farad
b. permeability
C. conductance
d. impedance
7 What is the total capacitance of two similar capeitors connected in parallel?
a. The same as either capacitor.
b. Half the capacitance of either capacitor.
C. Twice the capacitance of either capacitor.
d. The capacitance cannot be determined withouwvkigpthe exact values of
the capacitors.
8 What do the units uF and pF specify?
a. Inductance.
b. Capacitance.
C. Resistance.
d. Current.
9 As the plate area of a capacitor increases, itagacitance:
a. Decreases.
b. Increases.
C. Stays the same.
d. Becomes voltage dependent.
10 Which of the factors below wouldnot influence the capacitance value of a
capacitor?
a. Area of the plates.
b. Distance between the plates.
C. Voltage rating.
d. Dielectric constant of the material betweenglages.
11 The magnitude of the reactance of a capacitor:
a. Remains constant with changing frequency.
b. Increases with increasing frequency.
C. Decreases with increasing frequency.
d. Increases with decreasing frequency.
12 The capacitive reactance of a 16 pF, 40 V elealytic capacitor to a signal of
100 Hz is:
a. 10
b. 10 2
C. 10Q
d. 100Q
13 If the frequency of AC applied to a capacitor isdoubled, the capacitor’s

capacitive reactance will be:

a. doubled.

b. four times original value.

C. one quarter the original value.
d. halved.
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Chapter 10: Inductance and the Inductor

10.1 Inductors

A typical inductor consists of a coil of wire, whienay be wound around a former or may
be self-supporting. When a current flows through wire, it generates a magnetic field,
just like an electromagnet would. Whenever the entriflowing through the inductor
changes, the corresponding changes to the madisddiénduce a voltage into the inductor
that opposes the change in the flow of currentsTplhenomenon is known as “self
inductance” since the voltage is induced in theesanil that generates the magnetic field.

For example, consider the following circuit:

R

Circuit with inductor and spark gap

In this circuit, a battery is connected via a slits an inductor. The inductor is represented
by the component in the middle of the diagram Ibaks like a coil of wire. A spark gap is
connected in parallel with the inductor, represeiie the two dots on the right hand side of
the diagram.

When the switch is closed, there is initially nareat flowing in the inductor. However, the
voltage of the battery will cause a current to fl@s the resistance of the wire making up
the inductor is typically very low. This currentuses the inductor to generate a magnetic
field, and the growing magnetic field induces aagéV, into the inductor that opposes the
attempt to increase the current through the induds a result, the currerit flowing
through the inductor will grow gradually, ratheathreaching its full value as soon as the
switch is closed.

When the switch is opened, the magnetic field starcollapse, which induces a voltage
across the inductol, acts to oppose the reductionlithat was initiated by opening the
switch. Because there is no low-resistance pathnarohe circuit with the switch opened,
the only way it can allow current to flow is to ggate a voltage that is high enough to
cause a spark to jump across the spark gap. Téhieén voltage across an inductor, which
is also called theack EMFE may be many times the supply voltage. Rememla@BEMF is
the electromotive forcewhich we remember as an early term used to desedltage.

The ignition circuit in cars with old (non-electiopignition systems works exactly this
way. The ignition coil is an inductor, and the geiact as a switch that opens, cutting off
the current supply to the ignition coil and causing generate a high back EMF across one
of the spark plugs. Even though most automotivetetal systems have a 12 V battery, the
coil can generate a voltage of several kV acrossplark plug.
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When the switch is closed and current flows settipga magnetic field, energy is taken
from the circuit and stored by the inductor inmtagnetic field. When the switch is opened,
the inductor returns that energy to the circuititasmagnetic field collapses. So like a
capacitor, an inductor “borrows energy from” andttrns energy to” the circuit, but does
not actually dissipate power.

10.2 Inductor Values

Thevalue of an inductor indicates how much energyait store in its magnetic field, and
hence how effectively it can oppose attempts tonghahe current flowing through it. The
value of an inductor is measured in henry, with #idreviation H. Typical values are
measured in microhenrylf) or millihenry (mH).

The value of an inductor depends on its physicataxtteristics:

0 The number of turns: The more turns, the more inductance.

0 The coil diameter: The larger the diameter, the more inductance.

0 The spacing between the turns of wire:The closer the spacing, the more
inductance. Therefore, a longer coil will have l@sductance, all other factors
being equal.

0 The permeability of the core: The permeability of the core affects the strerajth
the magnetic field that will be caused by a curfémwing through the inductor.
Since ferrite has much higher permeability than aiferrite-cored inductor will
have a greater inductance than an air-cored induétb the same number of turns.
Although ferrite cored inductors have higher indmcte than air-cored inductors,
they also have higher losses, especially at radmguencies. Air core inductors may
be wound with stiff wire, in which case they candadf supporting, or they may be
wound on a plastic former.

Inductance is usually abbreviated “L”, since “I"abeady taken for current!

10.3 Inductors in AC Circuits

Consider the following circuit, which shows an A®ltage source connected to an
inductor.

© v v,

AC supply with inductor

The AC supply continually attempts to change theenu flowing through the inductor.
This current will change the magnetic field, whighl in turn induce a voltage across the
inductor that will oppose any change to the curflemting through the inductor.

For example, suppose the voltage source is attegtiincrease the current flowing in the
direction ofl. The induced voltage will be in the directi¥f opposing the increase in the
current. However, when the voltage starts tryingréduce the current flowing in the
directionl, the induced voltage will be in the direction of, Yiow opposing the attempt to
reduce the current flowing in the direction ofridaso on.
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The fact that the induced voltage always opposeshiange in the flow of current does not
mean that one cannot change the flow of curreranininductor. It just means that the
current flowing through an inductor cannot changstantaneously; it will always take

some time (depending on the value of the inductameckthe voltage applied) to reach the
final value.

10.4 Inductive Reactance

Because in AC circuits the current is always chaggand inductors oppose any attempt to
change the current flowing through them, inductppose the flow of current in an AC
circuit. However, this opposition is not resistargiace the inductor does not dissipate any
power — it merely “borrows energy from” and “retaranergy to” the circuit, just like a
capacitor. As with capacitors, the opposition ® fllow of current exhibited by an inductor
in an AC circuit isreactance

Consider the effect of frequency. The higher tlegdiency, the greater the rate at which the
flow of current is changing. Since the inductoeffectively acting to oppose changes in the
flow of current, it will exhibit higher reactance high frequencies (where the current is
changing fast) than at low frequencies (where adiri® changing slowly). This trend is
evident in the formula giving the reactance ofrafuctor:

X =2xzfL

where X_ is the reactance of the inductor @, n the mathematical constant pi

(approximately 3,14); the frequency in Hz anld the inductance in H. It is proportional to

the frequency: if the frequency is doubled, thetaace is doubled, and if the frequency is
halved the reactance is halved.

10.5 Ohm’s Law and Reactance

Once you have determined the reactance of an iodupbu can apply Ohm’s Law to
calculate the current or voltage in a circuit bglaging resistance with the magnitude of the
reactance, |X|. For example, suppose a 1V signal feequency of 1 MHz (£ftHz) is
applied across an inductance of (i (10° H). The reactance of the inductat this
frequencycan be found as follows:

X =2xzfL
=2x3,14x 10Hz x 1 H
=62,80

The current flowing through the inductor can becgkted using Ohm's Law, with
resistance replaced by the magnitude of the reeetan

| =V /[X|
=1V /62,80
= 0,016 A
= 16 mA

Note that although reactance is measuredjnit is not the same as resistance, so
resistances and reactances cannot be added together

10.6 Phase Relationship between Voltage and Current

The voltage across an inductor alwadgadsthe current flowing through the inductor by
90°. Conversely, the current flowing through anuirtdr lags the voltage across the

inductor by 90°. The 90° phase difference betwenvbltage and current means that no
power is dissipated by a perfect inductor. Enelhgy ts taken from the circuit and stored in
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the magnetic field during one part of the cyclegiirned to the circuit during another part
of the cycle.

Real inductors are made of electrical wire thatdwse resistance. Although the resistance
is usually small, some power is dissipated dubéaesistance of the wire.

A useful acronym to remember the phase relationsliiphe voltages and currents in
inductors and capacitors is “CIVIL". The first tleréetters “CIV” mean “in a capacitor (C),
current (1) leads voltage (V). The last three Istimean “voltage (V) leads current (1) in an
inductor (L)".

10.7 Inductors in Series and Parallel

Inductors in series and parallel behave similadyrésistors in series and parallel. For
inductors in series,

Lrom=Li+ Lo+ ...
while for inductors in parallel,
1/|—Total = 1/L1 + 1/L2 + ...

For example, if a 4,dH inductor is connected in parallel with a 33 inductor, the
equivalent inductance could be found as follows:

l/LTotaI = 1/L1 + 1/L2+
= 1/(4,7 x 10° H) + 1/(3,3 x 1¢ H)
=212 766 /H + 303 030 /H
=515 796 /H

SO Lrow =1/515 796 /H
= 1,94H

Summary

Inductors store energy in their magnetic fields.tle current through an inductor changes,
the changing magnetic field induces a voltage actbs inductor that acts to oppose the
change to the current flowing through the inductbhis phenomenon is called “self
inductance”.

In AC circuits, inductors exhibit a reactance pntipmal to frequency. The formula for the
reactance of an inductor is:

X =2xflL
Ohm’s Law can be applied using the magnitude alatance in place of a resistance
V=1]|X] or X|=V /I or [=V/|X]
The voltage across an inducteadsthe current flowing through the inductor by 90heT
phase relationships between voltage and currentapacitors and inductors can be
remembered using the acronym “CIVIL".

The equivalent inductance of two or more inductorseries is given by:

Lrowm=Li+ Lo+ ...
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The equivalent inductance of two or more inductorngarallel is given by:

1/|—TotaI= 1/L1 + 1/L2 + ...

Revision Questions

1 The characteristic back-EMF which a collapsing mgnetic field causes in a coil
is called:

a. mutual inductance.

b. self inductance.

C. magnetic flux.

d. the solenoid effect.
2 What is the unit of inductance?

a. henry

b. coulomb

C. farad

d. ohm
3 A small air-core coil has an inductance of 5 pHA/hat do you have to do if you
want a 5 mH coil with the same physical dimensions?

a. The coil must be wound on a non-conducting tube.

b. The coil must be wound on a ferrite core.

C. Both ends of the coil must be brought aroundoton the shape of a

doughnut, or toroid.

d. The coil must be made of a heavier-gauge wire.
4 For radio frequency power applications, with whit type of inductor would
you get the least amount of loss?

a. Magnetic wire.

b. Iron core.

C. Air-core.

d. Slug-tuned.
5 In an inductive circuit, the alternating current produced in relation to the
applied EMF is:

a. Lagging by 90°.

b. 180° out of phase.

C. Leading by 90°.

d. In phase.
6 The phase shift between voltage and current in anductor is:

a. 90°

b. 45°

C. 360°

d. In phase.
7 The reactance of an inductor:

a. Remains constant with changing frequency.

b. Increases with increasing frequency.

C. Decreases with increasing frequency.

d. Increases with decreasing frequency.
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Chapter 11: Tuned Circuits

Inductors and capacitors can be combined in senesparallel to form circuits that have
the ability to accept or reject signals of part&ufrequencies. These circuits, which are
calledtuned circuits are of great importance in radio.

As you will see later, modern radios use digitehteques to achieve tuning, but until late
in the twentieth century, tuned circuits were usedersally for selecting frequencies to
receive.

11.1 Reactances in Series

Both capacitors and inductors exhibdactancein AC circuits. The reactance depends on
frequency according to the formulae:

Xc =1/(2xfC)
and
XL =2xfL

When reactances are connected in series — for d&atwp capacitors or a capacitor and an
inductor — then the reactances can be added tothevequivalent reactance of the two
reactances in series. However, remember that thseplag between voltage and current is
opposite for capacitors and inductors. To make iptow for this difference, we add
inductive reactances and subtract capacitive reeetato determine the total reactance.

X =Xu+ X+ ..
and
Xc =Xc1+ Xea + ...

If capacitive and inductive reactance are bothgires
XTotaI = XL - )Q:

For example, suppose we connect two 100 pR%ED capacitors in series. At a frequency
of 10 MHz (10 Hz), the reactance of each of the capacitors iddally is:

Xc =1/(2xzfC)
=1/(2x3,14x10x 10" @
=1/0,006 282
=1590

So the equivalent reactance of the two reactamcgsries is:

Xroa  =X1+ X3
= -Xe1— Xe2
=-1590 -1590
=-318Q

Remember that capacitive reactance must be sudadract compensate for its opposite lag
to that of an inductor.

Of course there is another way to find this ressilhice we have two capacitors of the same
value (100 pF) in series, the equivalent capac#amast be half the capacitance of the
individual capacitors, or 50 pF (5 x10F). We can calculate the reactance of this
equivalent 50 pF capacitance at 10 MHZ'(#i@) as follows:
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Xc =1/(2xfC)
=1/(2x3,14x10x5x 10 @
=1/0,003 142
=318Q2
or
XTotaI =-318Q
As expected, we reach the same answer.

11.2 Reactances in Parallel
Similarly, the formula for the equivalent reactaféwo reactances in parallel is:

l/XTota| = 1/X1+ 1/XZ + ...

For example, if we take our two 100 pF {i®) capacitors, which each has a capacitive

reactance of 15@ at 10 MHz, and connect them in parallel, the egjeint reactance is
found as follows:

l/XTota| = 1/X1+ 1/XZ + ...
= 1/-159Q + 1/-159Q
=-0,0126 2
SO
Xrot = 1/(-0,0126 £2)
=-7950

Once again this makes sense since the two 100 p&citars connected in parallel are
equivalent to a single 200 pF (or 2 X&) capacitor, with a reactance at 10 MHz of:

Xc =1/@2xfC)
=1/(2x3,14x10x2x 109 Q
=1/0,012602
=79,50Q

11.3 The Series Tuned Circuit

Of course you might well ask, why bother to ledre formulas for reactances in series and
parallel if we can calculate the same results ugiegormulas for capacitors and inductors
in series and parallel that we already know? Gagsktion; the answer can be found in the
following circuit, which shows an inductor and gaaitor connected in series.

Y YN | |
|

6,pH 39 pF
LC series tuned circuit

Suppose we want to calculate the equivalent t@attance of these two components at
10 MHz (10 Hz). We can’t use the formula for inductors iniegror the formula for
capacitors in series, since the circuit contairs a@fneach. So instead we must calculate the
individual reactances of each component at a freguef 10 MHz, and then use the
formula for reactances in series.
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The reactance of the inductor is found as follows:

X, =2xfL
=2x3,14x10x6,5x 10 Q
= 4080

The reactance of the capacitor is given by:

Xc =1/(2xzfC)
=1/(2x314x 1 39x 109 Q
=1/0,006 9082
= 4080

So the combined reactance of the inductor and @apat series at 10 MHz is

XTotaI = XL - XC
=408Q — 408Q
=00

That's right—zero! The capacitor has reactance,thadnductor has reactance, but at this
frequency (10 MHz) the positive reactance of trauoior exactly cancels out the negative
reactance of the capacitor, leaving no reactanedl!athe frequency at which the positive
and negative reactances cancel out is known aggomant frequencgf the circuit. The
circuit itself is called @eries resonantircuit or aseries tunedircuit.

Since the reactance of the inductocreaseswith frequency, while the reactance of the
capacitordecreaseswith frequency, this canceling out will only happat one specific
frequency. At any other frequency, the circuit vakhibit either inductive (positive) or
capacitive (negative) reactance.

Real tuned circuits also contain a little resistartue to the wire from which the inductor is
wound and the leakage current of the capacitor. é¥e@w good quality components will
result in very low resistance.

The graph below shows the inductive reactancdwhich is always positive), capacitive
reactance ¥ (always negative) and the combined reactanceeo$dhies circuit X As you
can see, the combined reactance is negative (t@padielow the resonant frequency of
10 MHz, and positive (inductive) above the resorfigguency.
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Reactances in a Series Tuned Circuit
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Reactance in a series tuned circuit

The series tuned circuit is very useful in radiectlonics as the low reactance near the
resonant frequency means that current can easiy ith the circuit near this frequency;
while the high reactance at other frequencies appose the flow of current at frequencies
other than the resonant frequency. In this wayeraes tuned circuit can be used to accept
signals with frequencies near the resonant freqyemlgile rejecting other signals.

11.4 Impedance

We have now learned about resistance, capacitiaetarce and inductive reactance, all
measured iif2 and all opposing current flow. We also learned thare is a 90° phase shift
between current and voltage with a pure reactasitieef capacitive or inductive). Now let
us try to relate the three quantities.

In real life, a component has ampedance measured 2, which describes the ratio
between voltage and current. The impedance canstaigesistance and reactance. In DC

circuits, there is no reactance and the impedascgimply equal to resistance. In AC
circuits, there may be some reactance and the iampeds a combination of resistance and

reactance.

In the previous section, we learned that inductigactance is always positive, while
capacitive reactance is always negative. Theseipetadescribe the positive and negative
phase shift associated with the particular reaetanc

In a series circuit containing inductors and cajasj you can simply add all the inductive
reactances and all the capacitive reactancesite atrthe total reactance:

Xtotal = Xig + Xz + Xz + .. - Xer - Xez - Xes -
You can also add the resistances:

Rrom=Ri+ R+ R+ ...
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The ratio between the two determines the phase #hifiere is lots of resistance and little
reactance, there will be little phase shift. Ifrhes lots of reactance and little resistance, the
phase shift will be close to 90°, with the sensedelictated by the sign of the reactance
(positive for inductive and negative for capacitreactance).

For maths wizards only!
If you are comfortable with complex numbers, yow ¢hink of resistance as the real
component of impedance, and reactance as the imrggiart. The total impedance is then

Z=R+jX=V/I

Where j = (-1)”, which is orthogonal to 1 and which you may knomni classica
mathematics as The impedance is therefore the complex combinaifR and X, andX_
andX¢ are complex conjugates.

Obviously, the total phase shift betwedrand| is then dictated by the phase shiftn
(with @ = tan™ (X/R). All the forms of Ohm’s law can then be comfofiabsed withZ
instead oR and with voltage and current being representambagplex numbers or vectors.

11.5 The Parallel Tuned Circuit
Having seen the strange and interesting behavieuget when we connect an inductor and
capacitor in series naturally raises the questfomhat would happen if we were to connect

them in parallel. To save us unnecessary calcaktiove choose the same values of
L =6,5uH and C = 39 pF.

6,5H
Y Y Y Y L

39 [)F

An LC parallel tuned circuit

Once again, we will calculate the combined readaat 10 MHz — since this was the
resonant frequency for the series tuned circuithages it will also show some interesting
behaviour in thigarallel tuned circuit

From the formula for reactances in parallel, wevkitioat

1 %otal =X + X
= 1/408Q + 1/-408Q
=0,002 454 - 0,002 452
=0/Q

SO xEQUIV =1/0
= 9977

What has happened here? Once again the positiuetind reactance has cancelled out the
negative capacitive inductance, but this time # ledt the zero in the denominator (bottom)

of a fraction, which means that the result is umdef. However, if we plot a graph showing

the reactances for a range of frequencies, weuwderstand what is happening better.
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Reactancesin a Parallel Tuned Circuit
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Reactance in a parallel tuned circuit

Once again the inductive reactance is always pesitvhile the capacitive reactance is
always negative. This time, however, the combinegattance of the tuned circuit starts
slightly positive (inductive) and rapidly gets moasmd more positive as the resonant
frequency is approached. However, at the resomaquéncy it instantaneously transitions
from being a very high positive (inductive) readanto being very high negative
(capacitive) reactance. No wonder the exact valuesmnance is undefined.

As a result, a parallel tuned circuit has a higictance near resonance while its reactance is
small away from the resonant frequency. This mahas a parallel tuned circuit can be
used to block signals near its resonant frequemdyile allowing signals of other
frequencies to pass relatively easily.

11.6 Circulating Current in a Parallel Tuned Circui  t

A parallel tuned circuit has two components thataapable of storing energy. The inductor
stores energy in its magnetic field; and the cdpadtores energy in the electric field

between its plates. At resonance, energy is cottgteing transferred from the capacitor
to the inductor and back again.

As the capacitor charges up, a voltage developsdeet its plates. This voltage causes a
current to flow through the inductor, which genesaa magnetic field. As the capacitor
discharges the voltage across its plates drops;hwieinds to reduce the current flowing

through the inductor. However, an inductor willistsany attempt to change the current
flowing through it. The magnetic field of the indac collapses, inducing a potential

difference into the inductor that acts to keepdbgent flowing in the same direction as it

was before. This current flow now charges the camaap again, but with the opposite

polarity to before. As the capacitor charges aagat develops across its plates. This
voltage causes current to flow through the induittdhe reverse direction, which generates
a magnetic field, and so on.
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So the parallel tuned circuit acts somewhat likeadulum, continually transferring energy
between two different forms. In the pendulum, thizsens are the potential energy when
the pendulum is stationary at the top of its ancl the kinetic energy when the pendulum is
moving at maximum speed at the bottom of its arc.

Remember that the parallel tuned circuit has lbteactance at the resonant frequency. It
therefore does not allow a lot of current to flawrh the surrounding circuit. However, the
circulating currentthat flows in a parallel tuned circuit — thattise current flowing around
the circuit containing the capacitor and the induct can be much larger. In practical
circuits, it is not uncommon to have a circulatqugrent that is 100 times the input current.

11.7 Calculating the Resonant Frequency

We have seen that in bothsaries tuned circuiand aparallel tuned circuit something
interesting happens at thesonant frequencwhich is where the reactance of the capacitor
and inductor have the same magnitude (value) baiisopositive and the other is negative.
The reactances counteract one another. We caredefirmula for the resonant frequency
as follows:

At resonance, the magnitude of the capacitive addative reactances are equal, so

X = Xc

2zfL =1/(2xfC)
SO

f =1/(47*LC)
and

f =1/2zVLC )

You do not need to know the derivation, but youutidoe able to apply the result. For
example, let us calculate the resonant frequeneysafries or parallel circuit consisting of a
6,5uH inductor and a 39 pF capacitor:

f =1/(@zVLC )

=1/(2x3,14x6,5x 10 x 39 x 10? Hz
=1/(6,28 xV 253,5 x 139 Hz
=1/(6,28x 1,59 x 1¥) Hz

=1/10"Hz

= 10" Hz

=10 MHz

This answer agrees with the resonant frequencliarseries and parallel resonant circuits
above.

11.8 Circuit Losses and the Quality Factor

The discussion so far has ignored circuit losses.eixample, all practical inductors have
some resistance as well as their inductance, gpacitars also have some losses although
these are typically negligible compared to the dessaused by the resistance of the
inductor.
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The effect of these losses is that in a practieaés tuned circuit, although at resonance the
reactancewould be zero, there would still be some sma8istance In a parallel tuned
circuit, the effect of circuit losses is to limfie reactance at resonance to a high but finite
value, rather than being completely undefined {iafirfite”) as predicted by the maths.

The extent of circuit losses is expressed by a murnchlled the “Quality Factor”, or “Q
Factor” or just the “Q” of the tuned circuit. A ligQ means low circuit losses, while a low
Q means high circuit losses. The Q is defined ag¢hctance of either the inductor or the
capacitor at resonance (remember they are equal@@d by the circuit resistance. So

Q =X /R
:XC/R

The Q of practical tuned circuits is typically betwn 50 and 200.
The Q is related to two other properties of thestlaircuit:

1. The ratio of circulating current in a parallel tdngrcuit to the current drawn by the
tuned circuit is the same as the Q. So in a patalted circuit with a Q of 100, the
circulating current will be 100 times greater thhe current drawn from the rest of
the circuit.

2. The selectivity of the circuit — that is, its atylito allow desired signals through
while blocking undesired signals. The greater thefQhe tuned the circuit, the
greater its selectivity.

Summary

The series tuned circuit has a low reactance teaesonant frequency and a high reactance
at other frequencies. Series tuned circuits arenafised to allow signals near the resonant
frequency to pass, while blocking signals at ofreguencies.

Impedance is in AC circuits what resistance is @ @rcuits. Impedancg is composed of
resistancer and reactanck. The ratio betweeR andX determines the phase shift caused
by an impedance.

The parallel tuned circuit has a high reactance litsaresonant frequency and a low
reactance at other frequencies. Parallel tuneditsrare often used to block signals near
the resonant frequency, while allowing signalsteeéofrequencies to pass.

The resonant frequency of a series or parallelduireuit may be calculated as

f =1/(zVLC)

The Quality Factor (*Q”) is defined as the reactao€ either the inductor or the capacitor
at resonance divided by the circuit resistance.uAed circuit with a high Q is more
selective than a tuned circuit with a low Q.

The circulating current in a parallel tuned cirauidy be many times the current drawn by

the tuned circuit. The ratio between the circulatinirrent and the current flowing into the
tuned circuit is the same as the Q.
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Revision Questions

1 At one particular frequency, resonance of a cap#or and inductor takes
place. At this frequency:

a. Inductive reactance is nil.

b. Capacitive reactance is nil.

C. The impedance is nil.

d. The capacitive and inductive reactances aralequ
2 The parallel tuned circuit impedance at resonances:

a. Low.

b. High.

C. Infinitely high.

d Equal to 10.
3 The series tuned circuit impedance at resonance: i

a. Low.

b. High.

C. Infinitely high.

d Equal to 10.
4 The Q of a parallel resonant circuit determineshe:

a. Losses of the circuit.

b. Value of the capacitance required for resonance

C. The inductor value required for resonance.

d Value of increased current through the coil emplacitor at resonance.
5 The selectivity of a resonant circuit is greateif the Q factor:

a. Is low.

b. Decreases to 1.

C. Is high.

d Remains low.
6 The resonant frequency of a tuned circuit consisgtg of a 10 nF capacitor in
parallel with a 10 uH inductor is approximately:

a. 500 kHz

b. 5 MHz

C. 50 MHz

d. 500 MHz
7 You have a 10QuH inductor and wish to create a tuned circuit witha resonant
frequency of 3,5 MHz. What value of capacitor would/ou require?

a. 2,1 pF

b. 12 pF

C. 21 pF

d. 120 pF
8. You have a 10 pF capacitor and wish to createtaned circuit with a resonant
frequency of 10 MHz. What value of inductor do youequire?

a. 2,5uH

b. 10pH

C. 25uH

d. 100pH
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Chapter 12: Decibel Notation

12.1 The Decibel

In amateur radio we often deal with ratios of pavéior example, thgain of an amplifier

is the ratio of its output power to its input pow&hese ratios can be very large or very
small. For example, the gain of a typical amateudia receiver—the ratio between the
output power into the speaker or headphones tmtha power from the antenna—is in the
region of 100 000 000 000 000. That's an amplifaraibf a hundred trillion times! While
we could use scientific notation to represent tHasge numbers (the one above i$*,0
another way of expressing the ratio of two powsmsommonly used: the “decibel”.

The unit “bel” was first used by telephone engiseat Bell Laboratories (now part of
Alcatel-Lucent) and was named after Alexander GraBall (1847 - 1922), the inventor of
the telephone and founder of Bell Laboratories. Tdexibel” is simply one tenth of a bel,
which turned out to be a more useful size. Oneba¢ciepresents roughly the minimum
discernable change in the loudness of an audiakidime abbreviation for the decibel is
“dB”, which is also often used in general conveématsuch as “your signal is S9 plus
20 dB”.

The decibel has great practical value, as it egg®esatios in a form that is very similar to
how our ears perceive those ratios.

A ratio of two powers can be expressed in deciagl®llows:

Ris =10 logwo (Rp)

where R is the ratio of two powers (e.gpR P/P,), “Rgg” is the same ratio expressed in
decibels, and “log” means the mathematical logarithm to the baselfl§ou are not
familiar with logarithms, don’t panic. Once we haasplored a couple of the properties of
decibels we will see that there is a simple wagalculate many common values.

12.2 Adding Decibels

A fundamental property of decibels (like any othegarithm) is that when two ratios

expressed in decibels are added, it is equivalenndltiplying the original ratios. For

example, a ratio of 2 times is 3 dB and a ratid@ftimes is 10 dB. If we add the decibel
representations we get 3 dB + 10 dB = 13 dB, wischquivalent to a ratio of 2 x 10 = 20
times. This bit of magic is possible because of uke of the logarithm function in the
definition of the decibel.

Example

In a radio receiver the radio frequency (RF) angalihas a gain of 6 dB; the intermedigte
frequency (IF) amplifier has a gain of 110 dB ane audio frequency (AF) amplifier hagy a
gain of 20 dB. What is the total gain of the reees

If the gains of the amplifiers had been expressesiraple ratios (R¢P:), we would havg
to multiply the ratios together to get the total gain. Howgsarce the gains are expresged
in decibels, we caradd them to get the total gain. So in this case thal tgain is
6 dB + 110 dB + 20 dB = 136 dB.

12.3 Representing Losses

The decibel can also be used to represent lossesjtuations where a signal gets smaller.
If you calculate the decibel equivalent of a ratiat is less than 1, the formula gives a
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negativenumber. For example we can calculate the deciipglvalent of a power ratio of
0,1 (or one-tenth) as follows:

Rie =10 logyo (Rp)
10 logyp (0,1)
10x-1dB
-10dB

So, for example, an attenuator that reduces aldigrmae-tenth its original power could be
described as havinggain of —10 dB. Note that the minus sign indicates theg actually
making the signal smaller even though it is exprésas a “gain”. The same attenuator
could also be described as havinigssof 10dB. This time there is no minus sign because
it is being described adass

However, if you add decibels together (which ashaee seen is equivalent to multiplying

the original ratios), you should express all th@saas either gains or losses before adding
them together. You can’'t add a decibel represerstn to one representingl@ss

Example

An attenuator with a loss of 6 dB is added beftwe RF amplifier in a receiver. Befofe
adding the attenuator, the receiver had a gain36fdB. What is the total gain of the
receiver with the attenuator?

Because we can't add the 6 &Bsof the attenuator to the 136 @fain of the receiver, we
first convert express the attenuatagan as —6 dB. Then we can calculate the total gaip of
the receiver by adding the —6 dB gain of the atiémnto the 136 dB gain of the receiver|to

get the answer 130 dB.

Finally, a gain of exactly 1 (i.e. a signal thatgyeeither stronger nor weaker) can be
represented as 0 dBdding0 dB to a ratio represented in decibels will fdrmge it; just as
multiplyinga ratio by 1 won’t change it either.

12.4 Quick and Easy Decibel Conversions
Some commonly used ratios are easily converteatibdls. These are shown in the table
below:

Ratio Decibels| Ratio Decibelg
1 000 000 60 dB| 0,000 001 -60 dB
100 000 50 dB| 0,000 01 -50 dB
10 000 40 dB| 0,0001 -40 dB
1000 30dB| 0,001 -30 dB

100 20dB| 0,01 -20 dB

10 10dB| 0,1 -10 dB

5 7dB| 0,2 -7 dB

4 6dB| 0,25 -6 dB

2 3dB| 0,5 -3dB

1 0dB| 1 0dB

You don't need to remember all the powers of tée flumbers 10, 100, 1000 etc.). If a
ratio consists of a 1 followed by any number ofoseryou can convert it to decibels by
simply multiplying the number of zeros by ten. lesiample, 1 000 000 has 6 zeros so it is
equivalent to 60 dB (the number of zeros times.ten)
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Using these values it is possible to easily cateullae decibel representation of many other
common ratios. For example, what is the decibelvadgnt of a ratio of 20:1? 20 is not in
the table, but 2 and 10 are, and 20 = 2 x 10. Hewe~ve know that multiplying ratios is
the same as adding their decibel equivalents, sadtibel equivalent of 20 must be the
decibel equivalent of 2 plus the decibel equivaleft 10. So the answer is 3
dB + 10 dB = 13 dB, which is the decibel equivalein?0.

Of course we could use the thinking in the oppoditection too. Suppose we want to
calculate the ratio represented by 27 dB. AlthoRgHB is not in the table, we know that
27dB =20dB + 7 dB, and both the valuam® in the table. Since adding decibels is
equivalent to multiplying ratios, the ratio repnetesl by 27 dB is the ratio represented by
20 dBmultiplied bythe ratio represented by 7 dB. So the answer(sx1®= 500, which is
the ratio represented by 27 dB.

We could, of course, also have used the fact that3® — 3. A ratio of 27 dB is therefore
equivalent to 1000 + 2 = 500.

12.5 Expressing Voltage Ratios as Decibels

Throughout this module | have stressed that decib&ltion is used to express the ratio of
two powers However, because there is a relationship betwettage and power, decibels
are also sometimes used to express the ratio betw®esoltages Of course, each of these
voltages is associated with a certain amount ofgopdetermined by the voltage and the
resistance. The decibel ratio must obviously previte same answer, regardless of whether
we are using the voltages or the powers to caletia ratio.

The relationship between voltage and power carxpeessed as
P =V/R

Because power is proportional to the voltagaared if the voltage is doubled then the
power will be multiplied by 4; if the voltage isdreased by a factor of 10 then the power
will be multiplied by 100. This ratio will hold teufor any resistance as long as the same
resistance is used to calculate the power befaafiar the voltage is increased.

As a square involves multiplying a number by itgtfplying that the ratio in decibels is
doubled), we can modify our original formula to esgs a voltage ratio in decibels:

Ris =10 log,o R/
=2x 10 logo Ry
=20 Iog]_o Ry

whereRy is the ratio of two voltages ariRlg is the same ratio expressed in decibels. Note
that the constant “10” in the formula used for powatios is replaced by “20” in the
formula for voltage ratios. This is to take intocagnt theV? factor in the formula for
power. In other words, when we representing a geltaatio in decibels, we are still
representing a ratio between two powers. In thée chowever, it is the notional power that
would be dissipated by some (unknown) load if tokkages in question were applied across
the load.

Note that expressing voltage ratios as decibelianfusing and potentially misleading
exercise. Wherever possible, deal wittwerratios not voltage ratios.
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For example, suppose the input voltage of an araplg 10uV and the output voltage is
1 mV. The input and output resistances of the diapkre both 5@ and we want to
calculate the gain of the amplifier in decibels.

The input and output powers can be found from

P =V?/R
= (10 x 10°)?/ 50 W
=2 pW

Pout =V?*/R
= (10°%%50 W
=20 nW

Having calculated the powers, we can express thlearatio and then convert the ratio to
decibels:

Pou/Pin =20nW/2 pW
=10 000
=40dB

An alternative way to reach the same answer woelltbltake the voltage ratio

R =1mV/1QV
=100

Then square this to find the power ratio

Re =100
=10 000

And then express this ratio as 40 dB four zerodtiptied by ten!) However, this
alternative approach will only work if the inputchautput resistances are equal. The first
method — calculating the actual input and outputgrs — will work whatever the input and
output resistances, as long as you know what trey a

12.6 Expressing Power Levels in dBW and dBm

In the new Radio Regulations, the power levels dpglly to amateur transmissions are not
expressed in watts as before, but rather in dBV€. it dBW means “decibels referenced
to 1 W”. It is a way to express actual powers icibel notation. Note that one cannot

express an actual power — say 100 W — in deciliet® glecibels are used to express the
ratio of two powers. However, if you make one of the tpawers a standard reference

level, by expressing the ratio of the other powethis standard reference level you can
communicate an actual power level. One of the commderence levels is 1 W, and the

resulting unit is given the abbreviation “dBW”. Ferkample, the maximum power level

specified on some frequency bands is 26 dBW. Tleiama “26 dB higher than 1 W”. Since

26 dB is a ratio of 400, 26 dBW means 400 W.

A related unit is decibels over 1 mW, abbreviatdBrh”. For example, the sensitivity of
most amateur receivers is around —130 dBm, meatiiBf dB less than 1 mW”. This
power is an incredibly small ZHW, or 0,0001 pw!

Summary

The decibel is a logarithmic unit used to expréssratio of two powers. The ratio of two
powers can be converted to decibels using the fiarmu
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Ris =10 logo (Re)

Adding two ratios expressed in decibels is equivate multiplying the original ratios.
However, both of the figures added must expresee# gain or a loss; you cannot add a
gain to a loss. To convert a gain to a lossice versasimply put a minus sign before it. If
a ratio consists of a 1 followed by any numbereaybs, to convert it to decibels you simply
multiply the number of zeros by ten.

A ratio of two voltages can be expressed in desibsing the formula
Ris =20 log,o Ry
This formula reflects the fact that the voltagdaratan be converted to a power ratio by

squaring it, and then expressing the resulting poato in decibels. This will only give the
correct result if both voltages are applied actbessame resistance.

Although absolute powers cannot be expressed iibelscthey can be expressed in dBW
(decibels referenced to 1 W) or dBm (decibels szfeed to 1 mW).

Revision Questions

1 An increase in power from 250 mW to 1,25 W is e@lto a gain of:
a. 3dB
b. 7dB
C. 10 dB
d 1dB
2 A transmitter with a power output of 100 W is comected to an antenna with

11 dB gain by means of a coax cable with a loss bfdB. The ERP (effective
radiated power) of the transmitter, coax and antena combined is:

a. 11w
b. 111w
C. 1 kw
d. 2 kw
3 A 20 dB attenuator is placed in line with a 40 \RMS signal. Assuming the
impedances all remain constant what will the reduag signal level be?
a. 2V
b. 10V
C. 20V
d. 4V
4 A power gain of 4 is equivalent to:
a. 3dB
b. 6 dB
c 10 dB
d 16 dB
5 A signal with a power of 1 mW is applied to theriput of an amplifier that has
a gain of 13 dB. The power of the output signal wibe:
a. 5 mw
b. 10 mw
C. 20 mw
d. 100 mwW
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Chapter 13: Filters

Filters are electrical circuits that allow signalf particular frequencies to pass, while
blocking signals of other frequencies. They carubed, for example, to select the signal
that a radio receiver is tuned to, while blockitigsegnals that it is not tuned to.

13.1 The Lowpass Filter

LC lowpass filter

An input voltage YV, is applied across a voltage divider consistingofinductor L and a
capacitor C in parallel with a resistive load, R

Although we are not in a position to analyze thiswt quantitatively, we can get a good
qualitative idea of what happens. We think aboutatwiwvould happen at different
frequencies, including extreme cases.

At DC (i.e. the frequency is 0 Hz!), the inductoowld behave like a short circuit and the
capacitor like an open circuit. The full sourcetagk will therefore appear across the load.

When the frequency of the input voltage is low, if@uctor has low reactance while the
capacitor has high (negative) reactance. Theittlesdpposition to current flowing through
L, but significant opposition to current flowingrdugh C. As a result, most of the input
voltage is applied across the load resistanceaRd power is efficiently transferred to the
load.

At a higher frequency, since the reactance of doator is proportional to the frequency, L
will have high reactance. On the other hand, tletemce of a capacitor decreases with
frequency, so C will have a low impedance. This mse#hat the inductor provides
significant opposition to the flow of current; amdhat current is able to flow is mostly
diverted through the capacitor rather than flontimgpugh the load. As a result, little power
is transferred to the load.

At some very high frequency, and disregarding phaggethe inductor will behave like an
open circuit (very high reactance) and the capatike a short circuit (very low reactance),
providing no power to the load.

This circuit is called a “lowpass filter” becauseallows low frequency signals to pass (in
other words, to be efficiently coupled to the lgasile blocking high frequency signals.

A graph can be plotted showing tfrequency responsef the filter — that is, its gain at
different frequencies.
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The Frequency Response of a Lowpass Filter

The cutoff frequencyFc is the frequency at which the attenuation of fherfis 3 dB (i.e.
the gain is —3 dB). At this frequency, half theuhpower reaches the load. For a lowpass
filter, signals with frequencies lower than the -offt frequency have relatively little
attenuation; these signals are in passbandf the filter.

Signals with frequencies higher thap &e greatly attenuated — in this case by 60 dB or
more. These signals are in tsi@pbandof the filter. Signals with frequencies between F
and ks are somewhat attenuated. These frequencies aretisma called theéransition
bandof the filter since it is in transition betweerethassband and the stopband.

Most amateur radio transmitters have a lowpaser fititer the final power amplifier to
attenuate anyrarmonicsof the output frequency. Harmonics are multipléshe output
frequency caused by distortion in the amplifier, fso example a transmitter that is
transmitting on a frequency of 3,5 MHz might havarrhonics on 7 MHz, 10,5 MHz,
14 MHz, 17,5 MHz, 21 MHz and so on. It is very wiffit to design a power amplifier that
does not generate any harmonics, and in any cage au amplifier would probably be
quite inefficient. However, it is easy to use a pass filter at the output to pass the desired
frequencies and attenuate the harmonics to an @&ddgpow level.

13.2 The Highpass Filter

|
|
C

Highpass LC filter
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Once again the input voltage,\fs applied to a voltage divider, but this time t@pacitor
and inductor in the voltage divider have been swdppt low frequencies, the capacitor
has high reactance and so opposes the flow ofrdumile the inductor has low reactance
so the current that does flow is diverted througg inductor rather than flowing through
the capacitor.

At high frequencies, the capacitor has low rea@aso does little to oppose the flow of
current. The inductor has high reactance, so mbgteo current flows through the load
resistorR_ rather than through the inductor. This circuitadled a “highpass” filter because
it allows high frequency signals to pass (in otlverds to be efficiently coupled to the load)
while blocking low frequency signals, including DThe frequency response of a highpass
filter looks something like this:

K Frequency cF

-3dB

Gain (dB)

-60 dB

Passband

Transition Band

The Frequency Response of a Highpass Filter

Once again, the cutoff frequency is the frequertcytach the attenuation of the filter is
3 dB (thehalf-powerpoint), while | have chosen to measure the stogpieom the point
where the attenuation is 60 dB.

Highpass filters are often used in the input staxjesceivers to reject the very strong radio
signals found in the medium wave broadcast banddmt 500 kHz and 1,5 MHz so they
do not overload the receiver, while allowing signah the amateur bands starting at
1,8 MHz to pass.

13.3 The Bandpass Filter

Bandpass filters pass signals in a certain frequesrege known as thgassbandand reject
signals with frequencies above or below the paskbainey can be constructed using both
series and parallel tuned circuits. For examplasider the circuit below:
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ik

— 0

<~ Vin Lo G— R

LC Bandpass Filter

Once again we have a circuit resembling a voltageet, although this time it is made up
of two tuned circuits — a series tuned circuit ¢stiigg of Ly and G in series with the
source, and a parallel tuned circuit consisting oand G across the load. Assume that the
two tuned circuits have the same resonant frequevesr this frequency, the series tuned
circuit has low reactance while the parallel tungduit has very high reactance, so almost
the entire input voltage appears across the lohd. ffequency range is the passband of the
filter.

However, at frequencies well above or below theomasat frequency, the series tuned
circuit has a high impedance while the paralleetligircuit has a low impedance, so very
little of the input voltage appears across the Idduis is the stopband of the filter.

Bandwidth
F‘
3dB [T [T |
Gain (dB) | |
-60dB [---------1f------- Fommmmmmomooooooooooo-
Stopban(lbl | Passband | Stopband

The Frequency Response of a Bandpass Filter

The bandpass filter has two cutoff frequenciesiga but-off labeled F and a low cut-off
labeled . Both cutoff frequencies are measured at the pehdre the output from the
filter is 3 dB below the input to the filter (tHealf-power points). Thebandwidthof the

filter is the difference (in Hz) between the hightaff frequency and the low cutoff
frequency. For example, if the high cutoff frequens 2700 Hz and the low cutoff
frequency is 300 Hz, the bandwidth is 2700 Hz — B@G= 2400 Hz. Theentre frequency
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of a bandpass filter is the frequency half way eetwthe high cutoff frequency and the low
cutoff frequency; in this case 1500 Hz.

Most amateur receivers use bandpass filters tavaignals from a particular amateur band
to enter the receiver while rejecting signals frother amateur bands. Such filters are
calledpreselectors

Bandpass filters are generally specified witbaadwidth a slope factorand anultimate
rejectionfigure. The bandwidth is normally between the Bsmbints, while the slope factor
is defined as the ratio of the bandwidth and treecs between the -60 dB cutoff points. A
filter with a bandwidth of 500 Hz and a -60 dB déispacing of 4 kHz has a slope factor of
8. The attenuation in the stopband might be 94wdiich is the ultimate rejection of the
filter.

A good quality filter has the desired bandwidth &ppropriate for the signals to be passed),
a small slope factor and very high ultimate refacti

13.4 Crystal Filters

Bandpass filters can also be implemented usingtzjeaystals. Quartz has a piezoelectric
property, which means that a voltage applied to ¢hestal causes a slight physical

distortion of the crystal; and physical movemerftshe crystal will in turn cause a voltage

to appear across it. Quartz crystals have venaimroperties to tuned circuits and can be
used to make highly selective bandpass filterss&lerystal filters” are responsible for the

selectivity—that is, the ability to distinguish os&gnal from another—of many modern

amateur receivers and transceivers.

Although crystal filters are very selective—that their bandwidth is very narrow in
comparison with the centre frequency of the filtéhey have the disadvantage that they
only work at a single fixed frequency. A crystaltei cannot be tuned to different
frequencies. When we look at the design of superbetivers we will see how this
limitation is overcome while allowing the receivier take advantage of the exceptionally
good selectivity of crystal filters.

Amateur receivers and transceivers often offered#iit bandwidth crystal filters for
different purposes. Some of the common bandwidte2a kHz for normal phone (SSB)
operation, 1,8 kHz for phone operation under difficonditions (often used in contests)
and between 250 Hz and 500 Hz for CW (Morse CogeJaiion. Most transceivers come
with one or two basic filters (for example, jus@ kHz filter) but additional filters can
often be purchased, albeit at a price— they tyjyicatail for US$ 100 to US$ 500 per filter.

13.5 The Bandstop Filter

A bandstop filter works in the opposite way to adgass filter. Frequencies in a certain
range (the stopband) are attenuated, while fredegneither above or below those
frequencies are passed. Amateur receivers andctiaess often provide a manually
adjustable bandstop filter that can be used toadite undesired signals, for example a
carrier generated by someone tuning up close tdrétpiency that you are listening to.
These are known as “notch filters” because theyajlou to “notch out” undesired signals.
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The Frequency Response of a Bandstop Filter

13.6 More Sophisticated Filters

The filters shown here have all been simple filtergng one or two LC groups to achieve
their objectives. In principle, several stages barused in a row, providing even more of
the same effect. Such filters are known as mulie-fitiers. Using such filters, it is possible

to get better bandwidth, better slope factors agtteb ultimate rejection. Complex filters

may also introduce complications to the basic fiancof the filter, such as variation in the

function of the filter in the intended passbanduawanted phase shifts Where the filter
attenuation varies in the desired passband, iasvk agpassband ripple

Many standard filter configurations are in use,luding Butterworth, Chebyshev, and
Bessel. Each has its advantages and drawbackams tg insertion loss, passband ripple,
impulse response, ultimate rejection, ringing adogesfactor.

13.7 Practical RF Circuits
Perhaps this point in the syllabus is a good tion&actkle the issue of non-ideal components.

Any practical component is not purely an inductoresistor or capacitor.

Inductors have some resistance, which acts likeriassresistor in a circuit. At high enough
frequencies, they also have inter-winding capac#arknown asstray capacitanceAt
really high frequencies, the stray capacitancetsstar override the inductance, and the
inductor starts acting like a capacitor!

Resistors also have nasty characteristics. We dready mentioned the fact that
wirewound resistors have lots of inductance, sccare expect them to start acting like an
inductor once the frequency gets high enough. Esabon-film resistors have stray
inductance and capacitance.

Capacitors likewise have bad habits. Electrolytipaxitors, often used where large values
are required in a compact design, such as in pewgply filter circuits, cannot respond to
quick changes in voltage. All capacitors have setray inductance due to the leads.

Even interconnections, such as PC board trackgpaimd-to-point connecting wires, start

exhibiting stray inductance and capacitance agh-ahough frequency. In fact, PCB tracks
start acting like transmission lines. High-speechpoter boards are designed by automated
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software to take account of the many different@ffeexhibited by those tiny close-spaced
tracks.

What is a “high frequency” in this discussion? Téwswer varies from component to
component. Some components are made for UHF apiplisa and can be expected to
behave pretty well even at 1 GHz or more. Otheast stegrading even at 1 MHz. The
answer is in the ratio of resistance to reactancegf capacitive to inductive reactance.
When a resistor starts exhibiting phase shifts eactance, it is no longer a resistor.
Likewise, when a reactive component (L or C) statbibiting as much resistance as
reactance, it is no longer doing its job.

When designing and building a circuit for radioguencies, be mindful of these problems.
Select components that have good characteristicgshat design frequency. Make
interconnections as short as possible. Ensurectimatections are well soldered or crimped.
And never underestimate the potential of RF to aonél your attempts to find a problem!

Summary

Lowpass filters allow signals with frequencies belthe cut-off frequency to pass with
little attenuation, while significantly attenuatirgignals with frequencies well above the
cut-off frequency. Highpass filters allow signalsthwfrequencies above the cut-off
frequency to pass with little attenuation, whilgrsficantly attenuating signals with
frequencies well below the cut-off frequency. Inttbacases, the cut-off frequency is
measured from the point where the signal is attexuby 3 dB; also known as the “half
power” point.

Bandpass filters allow signals with frequencieswleein the low and high cut-off
frequencies to pass, while attenuating signals fetuencies significantly higher or lower
than the passband. The bandwidth of a bandpass ifltthe difference between the high
cut-off and low cut-off frequencies. Crystal filkeare highly selective bandpass filters.
Bandstop filters attenuate signals with frequenares particular range, while allowing
signals outside that frequency range to pass. Yilaryow bandstop filters can be used as
notch filters.

Good bandpass filters have a good slope factogand ultimate rejection.

Filters can be ganged to achieve an enhanced .efffedti-pole filters can achieve various
combinations of insertion loss, ringing, passbapple, slope factor and ultimate rejection.

Practical components feature undesirable charatiteyi such as resistance, stray
capacitance and stray inductance. For RF desigks, ¢dare to pick suitable components
and minimise unnecessary detours and wiring.

Revision Questions

1 A bandpass filter:

allows all frequencies to pass.

attenuates all frequencies.

allows signals between two frequencies to pass.
increases bandwidth of a receiver.

coow

A bandstop filter:

a. allows all frequencies to pass.

b. attenuates all frequencies.

c decreases bandwidth of a receiver.

d attenuates signals between two frequencies.
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8

A lowpass filter:

a. Attenuates all signals above a known cut-offdency.
b Introduces harmonics.

C. Removes RF signals from an input signal.

d Requires the use of high gain amplifiers.

A highpass filter:

a. Introduces harmonics.

b. Removes RF signals from an input signal.

C Requires the use of high gain amplifiers.

d Attenuates all signals below a known cut-offjfrency.

A circuit which passes electrical signals aboveaertain frequency, but
locks electrical signals below that frequency isadled:

an input filter.

a lowpass filter.

a highpass filter.

a bandpass filter.

coopgo

The purpose of a lowpass filter is to:

attenuate all frequencies apart from a spegifec

pass all frequencies apart from a specific one.

pass all signals below a specified frequencyaltenuate frequencies above it.
attenuate all signals below a specified frequdnut pass frequencies above it.

coow

The purpose of a highpass filter is to:

a. attenuate all frequencies apart from a speaife

b. pass all frequencies apart from a specific one.

c. pass all signals below a specified frequencyalienuate frequencies above it.
d. attenuate all signals below a specified frequénut pass frequencies above it.

A lowpass filter seems to be letting through harwnic components that it is

supposed to suppress. The design has been checkadd all component values are
correct. The reason might well be that:

a. The components picked are not intended for RFcaions.

b. The construction technique features too margréoinnecting wires.
c. The components inside the cabinet are too ¢tagether.

d. Any of the above.
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Chapter 14: The Transformer

14.1 Theory of Operation

The transformer is used to change (transform) tiiage and current of an AC signal. It
consists of two or more windings wound on a comrfmmer. One of these windings is
called theprimary winding The rest of the windings are knownsasondary windings

In operation, an AC voltage is applied to the prmynainding. The resulting alternating
current generates a fluctuating magnetic field,clwhinduces a current into the secondary
windings. This property is callednutual inductanceto distinguish it from theself
inductancethat is characteristic of inductors. The schemayimbol for a transformer is
shown below:

Transformer symbol

So which is the primary winding and which is the@®lary? The circuit symbol does not
make a distinction. The primary winding is whichewending has power applied to it. In

principle, a transformer can work both ways, dejpandn which side is connected to the
source and which to the load.

14.2 Turns Ratio

The turns ratio of a transformer specifies thetnedanumber of turns on the primary and
secondary windings. The number of turns on the gmyms always specified first. For
example, a 5:1 transformer has five times as mamgton the primary as on the secondary.
A 1:3 transformer has three times as many turrth@secondary as on the primary.

Note that the turns ratio does not specify theaatumber of turns, just the ratio of turns

on the primary with respect to the number of tuomsthe secondary. For example, a
transformer with 200 turns on the primary and 2fhguon the secondary would be

described as a 10:1 transformer because thereratartes as many turns on the primary as
on the secondary. Windings could have thousantdsios.

The turns ratio is often shown in numbers on thestatic symbol, for example:
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10:1

Transformer with 10:1 winding ratio

14.3 Voltage Ratio

The voltages across the different windings of adfarmer follow a very simple rule
known as théransformer principle

The Transformer Principle: The ratio of the voltage on the primary winding to
the voltage on the secondary winding is the santheagatio of the number of turns

on the primary winding to the number of turns oa secondary winding (the turns

ratio).

This relationship can be written mathematicallyaews:

VP/VS = NP/NS
SO Vs =Vp Ns/ Np

Where Np is the number of turns on the primary aNg the number of turns on the
secondary. For example, consider the circuit below:

20:1

<~ 240 V R Y,

Transformer circuit

240 VAC is applied across the primary of a 20:hdfarmer. What is the voltage \écross
the load? From the transformer principle, the ratiche voltage on the primary to the
voltage on the secondary must be the same as tioeofathe number of turns on the
primary to the number of turns on the secondanyjickvis 20:1. So if the voltage on the
primary is 240 V, the voltage on the primary mustdne twentieth of 240V, or 12 V.
Alternatively you can use the formula to get thesaesult:

VS = Vp Nsl Np

=240Vx1/20
=12V
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A transformer with more turns on the secondary tbharthe primary will have a higher
voltage across the secondary than across the prirmaad is called atep-uptransformer
because it “steps the primary voltage up” to a @igtecondary voltage. A transformer with
fewer turns on the secondary than on the primaty lveive a lower voltage across the
secondary than across the primary and is calld@mdowrtransformer. For example, a 1:5
transformer is a step-up transformer, while a 1@dsformer is a step-down transformer.

14.4 Current Ratio

For a transformer with a single secondary windthg, ratio of the current in the secondary
to the current in the primary is the same as the o the number of turns in the primary to
the number of turns in the secondary (the turns)rallote that this is the opposite way
round to the voltage ratio, so a step-up transforfweich has a greater voltage across the
secondary than across the primary) will have a lemalrrent flowing in the secondary
than in the primary; while a step-down transforrgwvelnich has a smaller voltage across the
secondary than across the primary) will have aelacgirrent flowing in the secondary than
in the primary.

Remember that the total power coming out of thaestfia@mer must the same as the power
flowing into it (neglecting minor losses). Theredpif the voltage increases, the current
must decrease to maintain the same total poweewigle, if the output voltage is lower, the

output current must be higher to maintain the spaveer.

Mathematically this relationship can be expressefibows:

Idlp = NP/NS
or Is =lp NP/NS

So for the example above, suppose the current rlpwn the primary is 1 A. Then the
current in the secondary can be found from

IS =|pr/N5
=1x20/1A
=20A

The power drawn by the primary is:

Pp =Vp|p
=240x1W
=240W

The power supplied to the load by the secondary is:

Ps =Vsls
=12x20 W
=240 W

Since the power supplied to the load by the seagridadentical to the power drawn by the
primary, the transformer has not dissipated anyegwow practical transformers there is
usually some small power dissipation caused byrésestance of the windings and eddy
currents flowing in the transformer core. TypicaWwer transformers are better than 95%
efficient, which means that less than 5% of the grow lost in the transformer.

The ability of transformers to efficiently and silpgonvert high voltages to low voltages

and vice versais the principal reason why the mains supply incaluntries is AC. The
distribution network uses voltages of up to 800wth relatively low current. Low current
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minimises heating losses in transmission lines. $afety reasons, consumers must be
provided with lower voltage. The closer the powetsgto the end user, the lower the
voltages become. Local distribution systems us¢éageb of around 11 kV, and the final

voltage delivered to the customer is normally atb240 V.

14.5 Impedance Ratio

We haven't quite finished with our example circygtt. Since we know the voltage across
the load resistance and the current flowing thraihghoad, we can calculate the resistance:

RL =V5/|5
=12/20
=060

We can also calculate the resistance that the primiending appears to have to the voltage
source driving it.

Rp =Vp/|p
=240/1
=240Q

Note that this “resistance” is not the actual tesise of the primary winding, which would
typically have a resistance of less thaf.1t is rather an apparent resistance caused by the
fact that power is being drawn from the primary diity. In this case though the power is
ending up in the secondary circuit and is not belisgipated by the transformer itself but
rather by the load.

Another way to look at it is that the voltage s@&udriving the primary is “seeing” the load
resistance, but the transformer has transforme@dheal value of the resistance, just as it
has transformed the voltage and current values.cdfe derive a general rule for this
resistance transformation:

RL = Vsl IS
= (Ve Ns/ Np) / (Ip Np / No)
= (Vp/ |p) (NSZ/ sz)
= Ro N&’ / No?
=Rp (Ns/ NP)2

conversely,
Re =R (No/ Ng

where Rs is the “apparent resistance” of the primary windifidne fact that the load
resistance in the secondary circuit causes a diftdbut related) resistance to appear in the
primary circuit is known as “impedance transformati Impedance is a general concept
that combines resistance and reactance, whichvexed in more detail in another module.

These equations tell us that the resistance irptimary circuit and the resistance in the
secondary circuit are related by tguareof the turns ratio. The resistance transformation
works in the “same direction” as the voltage transiation so for a step-down transformer,
where the voltage across the secondary is smaber the voltage across the primary, the
resistance in the secondary circuit will also beléen than the resistance in the primary
circuit. Similarly, a step-up transformer will “steip” the resistance in the primary circuit
to a larger resistance in the secondary circuitwéler, note that the amount by which
impedances are transformed is not the same as rttoaind by which voltages are
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transformed since the impedance transformationraigpen thesquareof the turns ratio,
while the voltage transformation depends on thestuatio (not squared).

For example, suppose you have an audio amplifisigded to drive a 20Q load but you
want to connect it to an @ speaker instead. You could use a transformer mvest the
impedances. You need a 200:8 or 25:1 impedancesftnramation from the primary
(connected to the amplifier output) to the secopdaonnected to the speaker). A 5:1
transformer could provide this transformation. Nttat the turns ratio, being 5:1, is the
square rootof the impedance ratio, which is 25:1.

14.6 Applications

Transformers are widely used in amateur radio. st obvious example is in old-style
power supplies, where the mains voltage of 240 étrbe transformed to a voltage suitable
for running radio equipment, typically 12 V DC.

Transformers are also widely used fimpedance matchingithin transmitter and receiver
circuits. For example, an antenna system typidadly an impedance of %8 while the RF
amplifier of a typical receiver would generally lea& much higher input impedance. Since
maximum power is transferred when the source arail lonpedances are equal, a
transformer might be used to match the impedantieeohntenna to the input impedance of
the RF amplifier.

Summary

An AC voltage applied to therimary windingof a transformer generates a fluctuating
magnetic field that induces a voltage in fsegondary windingThis phenomenon is known
asmutual inductance

The ratio of the voltage on the primary windinghe voltage on the secondary winding is
the same as the ratio of the number of turns ormptineary winding to the number of turns
on the secondary winding (tharns ratio).

VS = Vp Ns/ Np

A transformer with more turns on the secondary tlwnthe primary is astep-up
transformer, which would increase the applied \gdtaone with fewer turns on the
secondary than on the primary isstep-downtransformer, which decreases the applied
voltage.

The ratio of the current in the secondary to theeru in the primary is the inverse of the
turns ratio:

IS = Ip Np/ Ns
The overall effect is that the power in the primaigcuit is equal to the power in the
secondary circuit, so a perfect transformer doéglissipate power. Practical transformers

exhibit losses of perhaps 5%.

By transforming voltages and currents, transforna¢ss transform the load resistance to an
apparent resistance in the primary winding. Thendfi@mation occurs in the same
“direction” as the voltage transformation, but acliog to thesquareof the turns ratio:

Re =R (No/ Ng
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Revision Questions

1

The principle of operation of a transformer is baed upon:

a. Static electricity.

b. Potential difference.

C. Electrostatics.

d. Electromagnetic induction.

Transformers transfer energy from one coil to anther by means of:
a. Inductive coupling.

b. Static discharge.

C. Capacitance.

d. Electrical conduction.

A transformer with a turns ratio of 1:8 is calleda:
a step down transformer.

b. step up transformer.

c low current transformer.

d high-tension transformer.

A transformer nameplate shows a figure of 1:4. I1fl2 V AC is applied to the
primary winding, what is the voltage on the secondg terminals?
a 3V

b. 48 V

C. 16V

d. 8V

Losses in transformers are most often caused byinding resistance and:
a. Stray capacitance.

b. Mutual inductance.

C. Eddy currents.

d. Loss leaders.

What is the turns ratio of a transformer to matchan audio amplifier having an
output impedance of 202 to a speaker having a load impedance of X@?
a. 4,471

b. 14,14:1

C. 20:1

d. 400:1

The operating principle of a transformer may be @scribed as:

a. A varying magnetic field intersecting a conduaod creating a potential
difference.

b. A varying electric field intersecting a conductind creating a potential
difference.

C. A varying current in a conductor setting upatistmagnetic field.

d. A varying voltage in a conductor setting upatistmagnetic field.

An impedance-matching transformer has a turns rab of 10:1. If a 500Q
microphone is connected to the winding with the leer turns, it would
correctly operate into a load of:

a. 5Q

b. 50Q

c. 50 IR
d. 500 I©

V1.2 © 2005 to 2016 SARL 121



South African Radio League Introduction to AmatBadio

9 A transformer has 1200 turns on its primary and 8 turns on its secondary. If
it is connected to the mains supply (240 V), the sendary voltage will be:
a. 9,6 kV
b. 240V
C. 30V
d 6V
10 A 5:1 transformer has a current of 1 A flowing n the primary winding. The
current flowing in the secondary winding is:
a. 40 mA
b. 200 mA
C. SA
d. 25A
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Chapter 15: Semiconductors and the Diode

15.1 Semiconductors

Semiconductors are materials where the outer elextare more tightly bound to the
nucleus than in the case of conductors, but lgbslyibound than in the case of insulators.
Normally at room temperature these materials bela@vinsulators; but when heated, the
additional energy of the electrons allows the ootags to break away from the nucleus, so
allowing a current to flow if an electric potentialapplied.

The semiconductor most commonly used in electrdeigces is silicon. Silicon atoms have
14 electrons, arranged in three layers. The firsief) layer has 2 electrons; the second
layer has 8 electrons; and the outer layer haedrehs. It is the electrons in this outer
layer that are only moderately bound to the nucl8ilgcon atoms normally form a crystal
lattice with other silicon atoms, where each atdrares one of its outer electrons with
another atom in the lattice.

When silicon is used to manufacture electronic comamts, it is first refined to make it
very pure silicon, and then small quantities oftaeo material are introduced. This process
is known as “doping”.

Early semiconductor devices were mostly made frenmgnium. These days most devices
are made from silicon, but special-purpose semigctwds are made from other materials
such as gallium arsenide (GaAs).

N-Type Semiconductors

Suppose a very small quantity of a material witke felectrons in its outer shell such as
phosphorous or arsenic is added to very pure meltieon and then the mixture is allowed
to cool and crystallise. The deliberate impuritkmow as a doping agent. The silicon atoms
will take up their normal crystal structure, withol atom sharing one electron with each of
its four neighbouring atoms. The occasional dogtam will be forced to fit in with this
structure, so it will also share one of its outiectons with each of its four neighbouring
silicon atoms. However, since the doping agente Fiag outer electrons, one free electron
is not bound into the crystal structure. This etmttwill be free to migrate around the
crystal lattice, and can serve as a charge caaflenving a current to flow if a potential is
applied. Silicon doped in this way becomes an etadtconductor at room temperature,
due to the free charge carriers. Since the chaageers are negatively charged electrons,
this semiconductor is called an “N-type”, where khetands for “negative”.

P-Type Semiconductors

Now suppose that we add a doping agent with onlyetlouter electrons, such as boron or
aluminium, to pure molten silicon and allow it toot and form a crystal lattice. Again the
silicon atoms will take up their normal crystal ustiure, with each atom sharing one
electron with each of its four neighbours. The samaal doping atom will be forced to fit
into the structure, sharing one of its outer etawdrwith each of its four neighbouring
silicon atoms. However, since the doping agent drdgthree outer electrons, one of its
neighbours will have to do without a shared electithis shortage leaves a “hole” in the
crystal lattice, a place where there ought to belaatron but there isn’t one. If an electric
potential is applied across such a material, teeteins will be attracted by the positive
terminal and repelled by the negative terminal. Besv, most of the electrons will be
unable to move as they are rigidly bound into #@ittide structure. However, the electron
that is on the negative potential side of the “holn move to the place in the lattice where
the electron is missing, leaving its own placehia lattice structure empty. Another electron
can fill this empty slot, leaving its own place @mmnd so on. In this way the “hole” can
appear to migrate across the lattice, even tholggitrens are actually moving. Because the
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hole is the absence of a negatively charged elecirtbehaves as though it was a positive
charge that is free to move around the lattice, &@mple, if a potential difference is

applied, holes will migrate from the positive tenai to the negative terminal. In this way,

holes can also act as charge carriers, and siegebishave like positively charged charge
carriers, semiconductors doped in this way are knasv‘P-type” semiconductors.

15.2 The Junction Diode

Now suppose that a small piece of P-type semicdndus brought into contact with a
small piece of N-type semiconductor. The contaetaapetween them is called a “PN
junction”.

-F ++
P-type --++ N-type
-F ++
-F ++
Depletion
Layer
The PN Junction

Because the N-type material has some free electsonse of these can migrate across the
boundary and “fill” some of the holes in the lagtistructure of the P-type material. This
will leave the P-type material negatively chargetijle the N-type material will become
positively charged. The process will stop whengbeential difference between the P-type
and N-type materials is sufficient to prevent anoyttfer electron movement across the
boundary.

Remember that the P and N type materials wetgpositively and negatively charged to
start with. They were both neutral since the “éxalectrons in the N-type material were
balanced by the additional positive charges onniedei of the phosphorous or arsenic
atoms used for doping. Similarly, the “lack” of @®ns in the P-type material is precisely
balanced by the smaller positive charge on theenolthe boron or aluminum atoms.

A very thin layer called thdepletion layeror depletion regiorhas now been formed at the
junction between the P-type and N-type materialeretthere are no (or very few) free
charge carriers since the free electrons from tktgpid material have all been “used up”
filling the holes on the P-type side of the junotidhe depletion layer is usually very thin,
only 1 um or so.

Now suppose we apply a potential difference acitesgunction, with the positive terminal
attached to the P-type material and the negativeital to the N-type material.

P-type N-type

A Forward-Biased PN Junction
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The battery will effectively “pump” electrons inthe N-Type material and towards the
depletion region. Similarly, it the positive potehtapplied to the P-type material will
attract electrons away from the depletion regidme et effect is that there now are charge
carriers in the depletion region—electrons in th@\ye material, and holes in the P-type
material—and so a current can flow. Another wajooking at it is that the depletion layer
has been neutralised by the application of a pialedifference across the forward-biased
junction.

In order to make this current flow, there must bicient potential difference to overcome

the potential difference that existed across thectjon between the N-type and P-type
materials due to the migration of electrons from khtype material to the P-type material

when the depletion layer was formed. This voltagkriown as the “forward bias voltage”

and is typically between 500 and 800 mV in silid@N junctions and around 100 to

200 mV for germanium junctions. If the potentiaffelience applied is less than this then
electrons won't be forced into the depletion regiomthe N-type side, or removed from it

on the P-type side, so the depletion region willlsbt have any free charge carriers and no
current will flow.

Now let's see what happens if we connect the piatletite other way around, with the
positive terminal attached to the N-type materiadl he negative terminal to the P-type
material.

-4- +++
P-type -1- +++ N-typ
-4- +++
-{- +++

(¢

| +
n
i

A Reverse-Biased PN Junction

The effect of the applied potential is to force mailectrons into the P-type material,
making it more negatively charged, and remove mlastfrom the N-type material, making
it more positively charged. This movement of chargienply results in more holes in the P-
type material being “filled” by the additional eteans, and more of the free electrons being
removed from the N-type material, increasing theptldeof the depletion layer and
increasing the potential difference across thetjanaintil it equals the potential difference
applied from outside. So after a very brief initakrent, no further current will flow except
a tiny current known as the “reverse leakage” curwéich is typically less thandA. This
situation is known a “reverse-biased” junction.

The device we have described from a physical pointiew is called thgunction diode
often just “diode” for short. Its circuit symbol shown below:

>|
anode cathode
A semiconductor diode

The two terminals of the diode are called the “aicahd the “cathode”. The diode will
allow a current to flow if the anode is more pagtthan the cathode by at least the amount
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of the forward bias voltage (200 to 800 mV, as uksed). This current flows in the
direction of the arrow, i.e. from left to right the diagram above.

If the diode is reverse-biased, only a tiny currém reverse leakage current, will flow. Of
course if you apply a high enough potential aceossverse-biased junction then eventually
the depletion layer will break down, allowing a rmant to flow. However, in most diodes

this breakdown is likely to cause permanent dantagiee diode. There is an exception; the
Zener diode, which is discussed below.

The graph below plots the voltage across the dam#enst the current flowing through the
diode, using the convention that a positive voltaigans the diode is forward-biased, and a
negative voltage means it is reverse-biased.

Current

Forward-Beds

R

Voltage

Reverse-Biased

Voltage vs Current for a semiconductor diode

When the diode is forward-biased, no current flawsl the voltage applied exceeds the
forward-biased voltage of the dioder.MOnce the voltage exceeds, \the current rises
rapidly with little change in the voltage acrose ttiode. For this reason, it is a good
approximation to assume thiéie voltage across a forward-biased diode is alwdysthe
forward bias voltage

15.3 The Half-Wave Rectifier

Diodes are commonly used asctifiers to convert AC voltages into DC voltages. For
example, consider the circuit below, which is kncagnehalf-wave rectifier
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(=) Vin i

AC source with half-wave rectifier

The graph below shows the input and output voltégea half-wave rectifier:

Input and Ouput Voltage of Half-Wave Rectifier

Vin Vout

Input and output for half-wave rectifier with simidal input
The output voltage follows the input voltage durthg positive half cycles, but is always
slightly less than the input voltage due to thewkmd-bias voltage drop (in this case

600 mV) across the diode. During the negative tyifes, the diode does not conduct and
the output voltage is zero.

Of course the resulting voltage can hardly be dmred “DC” since it is still varying
periodically. However, this problem can be solvethg asmoothing capacitor
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> A

(=) Vin L ¢ o

Half-wave rectifier with smoothing capacitor

The “smoothing capacitor” C charges up during tbsitive half cycle, and then discharges
into the load (which is not shown) during the negathalf cycle, keeping a relatively

constant DC voltage across the load. However, stawes of the original alternating

voltage will remain superimposed on the DC outpaoitage. This variation is known as

“ripple” and can cause problems such as hum incaandiplifiers. For a half-wave rectifier,

the ripple has the same frequency of the AC sitgmatlis rectified, most commonly 50 Hz

in South Africa.

Another way of thinking of this circuit is that tleapacitor C forms a simple one-element
lowpass filter. The half-wave rectified sine sigmahtains both a DC component and an
AC component, and the capacitor attenuates theigglercomponent while passing the DC
output.

15.4 The Full-Wave Rectifier

Half-wave rectifiers suffer from excessive ripplkechuse they give zero voltage output for
just over half of each cycle. The full-wave reeifshown below is better in this regard.

1D
|
>
DA oY

4D
Full-wave rectifier circuit

When V,, is positive, @ and 3 conduct and ¥, is positive. When Y is negative, band

D4 conduct and ¥, is still positive! This circuit is known asfall-wave bridge rectifier
and the graph below shows the input and outputgek.
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Input and Output Voltage of Full-Wave Rectifier

Vin Vout

Input and output waveforms for full-wave rectifigith sinusoidal input

The output voltage is now positive during both plasitive and negative half-cycles of the
input voltage. Note that the output voltage is gisvabout 1,2 V less than the input voltage,
because there are nawo 600 mV forward voltage drops across the two cotidgaliodes.
Note also that the frequency of the “ripple” on theéput is nowtwice the input frequency
(mostly 100 Hz in South Africa).

Once again, the amount of ripple on the outputlmamgreatly reduced by using a suitable
smoothing capacitor as a lowpass filter on the wutphe capacitor can generally be much
smaller than for a half-wave rectifier, as the dage time is less than half as long in this
case.

15.5 Special Diodes

The Zener Diode

In most diodes, the reverse breakdown voltageshbuld never be exceeded or the diode
may be permanently damaged. Howeu&ener diodesare designed so that the reverse
breakdown voltage can be safely exceeded withomiade to the diode. Zener diodes are
also manufactured in such a way that the reversakdown voltage (also known as the
Zener voltageV;) is specified and carefully controlled. Zener disdare available with
Zener voltages ranging between 2 V and 100 V.

Zener diodes are commonly used as voltage regslafar example, consider the circuit
below:
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+
Ve
<> Vihn=61t0 10V A 5V Vout=5V

Zener diode regulator with series resistor

This diagram shows an input voltage in the rang® B0 V being applied acrosgeverse-
biasedZener diode with a Zener voltage of 5V, throughesistor. The purpose of the
resistor is to limit the current flowing throughetiZener diode and prevent it from being
destroyed. Note the circuit symbol for the Zenedéi

If the output voltage rises above 5V, the Zeneddiconducts strongly even though it is
reverse-biased. The current flowing through theeZafiode causes a voltage drop across
the resistor, reducing the output voltage untiisitclose to 5 V. In this way, the circuit
maintains a fairly constant output voltage of awuV irrespective of both the input
voltage and the current drawn by the load. Thersevbiased Zener diode functions as a
voltage regulator maintaining a constant output voltage despitetfiations in the input
voltage and load current.

The Varicap Diode

Think back to the physical description of the reeebiased PN junction. It consists of two
conducting materials (P-type and N-type semicorasgtseparated by the thin non-
conducting depletion layer.

This description is very similar to the descriptioha capacitor: two conducting plates
separated by a thin insulating layer. Indeed,eslérse-biased diodes do act as capacitors to
some extent. Most diodes are designed to mininiseapacitance effect so that it becomes
negligible except at very high frequencies.

However, some diodes are designed to maximisectpscitance effect and to allow the
capacitance to be controlled by the reverse-bidmg® applied to the diode. Remember
that the greater the reverse-bias voltage, thetarg depletion layer. This change in layer
thickness is equivalent to moving the plates odiecitor further apart—in other words, the
capacitance will be reduced. These are called ajarftvariable capacitance”) diodes. An
alternative term is waractor diode

A typical circuit is shown below:

Y N .
L ,C

— L
<> ' \bias T 2

Varicap diode with output smoothing’
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As you can see, the circuit symbol for a varicaguldiis appropriately a combination of the
symbols for a diode and for a capacitor.

In this circuit, a DC bias voltagegys is used to reverse-bias varicap diode &s the bias
voltage is changed, the capacitance pibchanged. This change in capacitance will vary
the resonant frequency of the parallel tuned dincwEde up of b, C; and 0. Note that the
capacitance in the parallel tuned circuit consi$t€,; in series with the varicap diode; L
prevents the AC signals present in the tuned ¢ifcoim flowing through the bias voltage
source, which would introduce undesirable lossés the tuned circuit, reducing its Q.
Similarly C; prevents the DC bias voltage from being shorteduidh L. Circuits like this
are often used to vary the frequency of oscillafohsit is, circuits which generate AC
signals at a specific frequency) in response t&auhing voltage.

Diodes as Switches

Although it may appear surprising at first, diode® often used as switches in radio
frequency (RF) applications.

X

1L

o .
Diode RF switch

Suppose an AC voltage is applied at point A. Willeach B? Let us first assume that the
control voltage X is positive with respect to theassis. The DC current will flow through
inductor Ly and diode B, and to the chassis via resistar Rhe conducting metal chassis is
represented by the symbol below the resistor. Becéhe diode is forward-biased, it offers
very little resistance to the flow of current, seignal applied at point A is coupled through
capacitor @, diode O and capacitor £to point B. As long as the signal applied at A is
significantly smaller than the control voltage apglat X, the signal wilhot be rectified
since the diode will be forward-biased even duthmgnegative peaks of the signal.

Now consider what happens if a negative voltagéh(waspect to the chassis) is applied to
X. Now Dy is reverse-biased, and will not conduct currergfaiA assuming that the signal
applied at A is significantly smaller than the gohtoltage, the diode will remain reverse-
biased even at the positive peaks of the signalceléhe signal will effectively be blocked
by the reverse-biased diode.

The role of L is simply to have high reactance at the signajuemcy, preventing the

signal from being coupled into the control circyjtwhile allowing the DC control current
to flow unimpeded. The capacitors do exactly thpose; they block DC from reaching
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points A and B, while allowing the RF signal tovilahrough them unimpeded. Such
capacitors are known a@ecoupling capacitors

Diodes are widely used in this way in modern micospssor-controlled transceivers since
the microprocessor can easily generate suitablé¢raiovoltages, which can be used to
perform various RF switching tasks, such as switghietween different filters. The best
diodes for switching tasks are PIN diodes, whickeha low resistance when forward-
biased, and high resistance when reverse-biaseaibiced with low capacitance.
Significant capacitance across the reverse-biasmte dvould be disastrous in this circuit,
as it would allow the signal through even when $hétch was turned “off’! PIN diodes
contain some pure (“intrinsic”) silicon between thend P regions—hence the PIN.

PIN diode switches have advantages over mechaswestdhes such as relays. They do not
have an inherent lifetime limit—they can surviverexry high number of cycles. They can
also switch much faster than typical mechanicalaesy

The Light-Emitting Diode
If the semiconductor material and doping are apjastgly chosen, the energy state
transition around the junction can emit electronedigrenergy. Such a diode is known as a
light-emitting diodg[LED).

LEDs are available in different wavelengths, frarfrared to visible to ultraviolet. The first
LEDs were red, green and yellow, but nowadays thera full complement of LEDs.
Sophisticated displays, e.g. for TV sets, can béeriay combining LEDs in the three
primary emission colours (RGB for red, green angeplinto each pixel. If all three are
turned on, a white colour is emitted. With differeombinations of intensities, virtually
any colour can be reproduced.

LEDs offer high reliability, degrade very slowly garare much more efficient than
incandescent or fluorescent lights. Replacing astieg lamp with LEDs provides lower
power consumption and more light. However, somesufael that the light emitted by an
LED lacks “warmth”. This objection is normally bersse users are used to lots of yellow
and red light, such as they obtained from old gtolh&D lighting is often rather blue, with
little red or yellow component.

Most LEDs have a relatively high forward voltage-pitally in the range of 2,0 V. Current
requirements range from 2 mA to perhaps 200 mAigi-intensity LEDs.

Summary

Pure semiconductors do not conduct current at r@onperature. However, by introducing
small amounts of impurities they can be made talaoha current. The charge carriers in
N-type semiconductors are negatively charged @estrwhile in P-type semiconductors
they are positively charged holes.

When N-type and P-type semiconductors are brougbt c¢ontact, a thirdepletion layer
with no free charge carriers forms at the junctiinthe junction isforward-biasedby
making the P-type material positive with respecthi® N-type layer, a current will flow
provided the potential exceeds the forward biasagel of the junction, which is typically
around 600 mV for silicon devices. If the junctisrreverse-biasedby making the P-type
material negative with respect to the N-type mateatien no current will flow until the
reverse breakdowwoltage is reached.

The PN junction is used to make an electronic adevglled thgunction diode The diode

has two terminals: the anode, which is connectezinally to the P-type material; and the
cathode, which is connected to the N-type matetiathe anode is made positive with
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respect to the cathode by 600 mV or so (the forvsgad voltage) then a current will flow
through the diode.

Diodes are commonly used as rectifiers. mal-wave rectifier only the positive half cycle
is rectified, so there is a substantial amountigfle at the AC frequency, which must be
removed using @moothing capacitorin a full-wave rectifier both the positive and the
negative half-cycles are rectified, resulting isdeipple. In a full-wave rectifier the ripple
frequency igwice the frequency of the AC input. In audio systerhgs tipple is known as
hum

Zener diodedhave a well-controlled and specified reverse breakdvoltage, also known
as theZenervoltage and are designed not to be damaged by revers&dmen. When
reverse-biased, Zener diodes act as voltage regsisaricap diodesxhibit a capacitance
when reverse-biased that decreases as the revasseoliage is increaseBIN diodesare
often used as switches at radio frequencies.

Light-Emitting Diodes (LEDs) provide light in viredly any colour, very efficiently. The
forward drop of an LED is typically much higher thfmr simple junction diodes.

Revision Questions

1 The forward-biased diode junction will:
a. Allow current to flow through the junction.
b. Block current from flowing.
C. Have a high resistance.
d Exhibit a zener diode function.
2 In a silicon diode the voltage of 600 mV refersot
a. The breakdown voltage.
b. The forward bias voltage.
C. The zener voltage.
d The cut-off voltage.
3 Which of the following components is intended oglto operate in the reverse-
biased condition?
a. A rectifier diode.
b. A zener diode.
C. A polarised capacitor.
d A resistor.
4 The term Vz is commonly used to describe:
a. The zener diode regulating voltage.
b. The zener diode impedance.
C. The forward voltage applied to the diode.
d The peak voltage of the rectified waveform.
5 By only allowing alternating current to flow in one direction a diode can be
used as:
a. An attenuator.
b. An amplifier.
C. A rectifier.
d. A fuse.
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Zener diodes are used to:

a. Start oscillations.

b. Divert signals.

C. Detect modulation.

d. Regulate a DC voltage supply.

What function does a full-wave bridge circuit seve?

a. Amplification.
b. Coupling.
C. Rectification.
d. Isolation.

A circuit which only allows half of an AC wavefom to pass through is called:
a. A regulator.

b. A bridge circuit.

C. An attenuator.

d. A half-wave rectifier.

A four-diode circuit to produce full-wave rectified DC from a transformer is
called:

a. A balanced circuit.
b. A bridge rectifier.
C. A dummy load.

d. A regulator.

The area of a diode junction where no free holes electrons exist is called the:
a. Anode.

b. Cathode.

C. Depletion region.

d. Semiconductor.

An PN type semiconductor refers to a:

a. Two pin transistor.
b. A capacitor.

C. A diode.

d. A power resistor.
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Chapter 16: The Power Supply

16.1 Simple Power Supply

A power supply is the somewhat misleading termdadevice that turns the mains AC
supply into a DC voltage for use with electronicigment.

The circuit below shows a simple unregulated DC grosupply that is easy to construct.

Fuse 20:1 D L
é ) ’ > e Y Y Y \_, @ 4
— G —— |\bu
A
D
~) 240V ®
C
¥
>
D

Simple unregulated DC power supply

You should recognise the various parts of the tirmad understand each part’s function.
The power supply applies 240V AC mains input te trimary winding of a 20:1

transformer through a fuse. The fuse is there tept the circuit if too much current is
drawn, either by overloading the output or due wreuit fault. The transformer steps the
voltage down to 12 V AC. This voltage is rectifieg a full-wave bridge rectifier consisting
of diodes D to D,. The resulting waveform is passed through a lowiéter consisting of

inductor Ly and smoothing capacitor,Gvhich reduce the ripple to an acceptably lowleve

The inductor also provides “inrush protection”, yaeting the transformer from being
damaged by the high current that would flow whengbpply was first turned on, when the
capacitor is completely discharged. Instead ofnafig a very high current to flow initially,
the inductor opposes the change in current, allgwinto build up more gradually. In
practice, this inductor is often omitted in simpglesigns, with the self-inductance of the
transformer secondary being sufficient to prevemmage.

Vour is actually higher than 12 V. Remember that ACagegs are normally specified as
RMS, which is about 71% of the peak voltage fousmdal waveforms. The peak voltage
is some 41% higher than RMS, in this case aboM.17

16.2 A Regulated Power Supply

Although the simple power supply is quite practigghas two weaknesses. First, although
the ripple is significantly attenuated by the lowpdilter on the output, some ripple will
remain, which may cause problems with sensitivépegent. Second, although the output
voltage is nominally 17 V, in practise it will vabetween about 11 and 17 V depending on
the circuit load, which again may cause problemsémsitive equipment.

Both of these problems can be solved by addinglag® regulator to the basic design.
Although a Zener diode could be used as a voltagelator, they are only suitable for low-
current applications, so they are typically usedttbilise a reference voltage that is then
used to control the output voltage of the voltaggutator. Although the entire regulator can
be (and often is) made from discrete componenésdikdes, capacitors and transistors, we
will use an integrated circuit that is specificalliesigned as a voltage regulator. An
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integrated circuit consists of a number of différelectronic devices all fabricated (made)
and interconnected together on a single wafer lafosi. They are available to perform
many common tasks, including voltage regulation.

Fuse 8:1 1 D
—< > N Vou |—e
- GND
G — o¥
<~ 240 V °

p—

D2
Simple regulated DC power supply

You will notice that he rectifier design is differte Instead of using four diodes in a bridge
circuit, this design only uses two diodes. Howevestill achieves full-wave rectification
by making use of aentre tapon the secondary winding of the transformer. Tiigist a
separate connection to the middle of the seconednging. This layout allows the
secondary to function almost like two separate wigsl On each half cycle, either Dr

D, will conduct, but not both. Whichever diode conduwill connect the positive side of
the transformer to the positive side of. Current flowing back to the centre tap of the
secondary completes the circuit. In effect, onlif b& the secondary winding is used in
each half cycle.

The voltage regulator has three terminals labeligdVo, and GND (for “ground”). It acts

a bit like a variable resistor that is connectetveen the \, and byt terminals and which

is continually adjusted to maintain the voltagewmsstn the Vyr and GND terminals at a
constant level, say 14 V. As well as regulating tldtage, the voltage regulator also
substantially reduces the ripple, since it is @blehange its internal resistance fast enough
to counteract the voltage fluctuations due to thple, thus maintaining a good “clean” DC
supply despite considerable ripple in the inputags. It is therefore possible to simplify
the lowpass filter by removing the inductor, le@yvonly the smoothing capacitog,@vhich
should provide adequate ripple rejection when usél a voltage regulator integrated
circuit.

Most integrated voltage regulators provide anothemefit: they automatically limit the
current and power dissipation of the regulatoratfe dimits, avoiding damage to the power
supply even if the load is short circuited. Howevbe mains supply of a power supply (or
any other mains-powered device) should always bedujust in case a short circuit comes
about within the power supply itself.

16.3 Switching Power Supplies

Power supplies that use a transformer to reducerdliage followed by a rectifier and a
voltage regulator are calldthear power supplies. An alternative design is fwvatching
power supply. Instead of using a transformer taicedthe voltage, these supplies rectify
the mains voltage to generate a high DC voltages Wditage is then switched on and off at
a high frequency using a fast solid-state switcld, #he resulting waveform is fed through a
lowpass filter to filter out the AC switching compents.
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Simplified Circuit Diagram of a Switching Power $ip

The 240V AC mains supply is rectified by the fwihkve bridge rectifier consisting of

diodes Q3 to D, and smoothed by,Go generate 338 VV DC. This DC is switched on affid o
at a frequency of 100 kHz or so by a high-speedtrelric switch, which is shown in the

circuit diagram as a simple switch. The resultilghhHfrequency AC waveform is fed into

the primary of the isolating 1:1 transformer. Thegmse of this transformer is to prevent
the DC output from being connected to the mainplsupather than to perform any voltage
conversion. The voltage on the secondary of thatisg transformer is half-wave rectified

by Ds and smoothed by Qo give a DC output.

The output voltage of the power supply dependsam imuch time the switch spends in the
“on” position compared to how much time it spendsthe “off” position. If the switch
spends only a small percentage of its time in th& ‘position, only a little power will be
transferred to the transformer, and the outputagetwill be small. If it spends a lot of time
in the “on” position, a lot of power will be tramsfed and the output voltage will be high.
In actual practice, the amount of time that thetdwispends in the “on” position is
controlled by electronics (not shown in the diagrdhat continually monitors the output
voltage and adjusts the duty cycle of the switchriher to maintain a constant output at the
desired voltage. This control system ufsexibackwhere the output is monitored to control
how the input is handled.

A switch-mode power supply is pretty complex congplaio a simple linear supply, so there
must be some significant advantages to make ithmdrile. The main advantages of the
switching supply are that

1. It dissipates very little power. The switch is eitHon”, in which case there is
current flowing through it but little voltage acsos; or “off” in which case there is
a high voltage across it but no current flowingptigh it. In either case the power
dissipation is minimal compared to the linear vpétaegulator, which has a voltage
drop across it and a current flowing through ittla same time, and so is
continuously dissipating power.

2. Because the transformer in a switching supply dpsrat a much higher frequency
than mains-driven linear supplies—usually aroun@ K8z instead of the 50 or
60 Hz of a standard mains supply—it can be physicadry small and light. The
size of the core required in a transformer decseasdhe frequency increases. The
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output filter circuit can also be much smaller digtiter, as the capacitor discharge
cycle is very small and much less capacitanceggired than for a 50 Hz supply.

As a result, switching power supplies are generaihaller, lighter and more efficient than

their linear counterparts, and can often run off amains voltage without having to change
a selector switch. However, they also have thesadivantages. In particularly, poorly

designed switching supplies can generate a lotFofnerference, which is a real problem

for amateur radio applications. However, well deeit) and properly shielded switching

supplies do not necessarily cause interferenceal&ecof their high power requirements
and space limitations, virtually all personal congps use switching power supplies. Some
of these supplies can be adapted as general puspass supplies for amateur radio use.

Switching supplies are very difficult to design andld and can be quite dangerous due to
the high voltages they use. Although the linear grosupplies in earlier sections make good
projects for amateurs, the design and construaifoswitching power supplies should be
left to professionals!

16.4 Batteries

Many items of radio equipment are powered by biaderso radio amateur must know a
few things about them.

Most batteries are composed of several cells. ®al® an individual voltage determined
by the nature of the chemical reaction inside. €hesls are connected in series or parallel
to make up a battery.

Individual cells normally have a voltage of betwdeand 2 V. Lead-acid cells, as used in
car batteries, have a voltage of about 2 V. NiCtscas used for many small consumer
gadgets, have a cell voltage of 1,2 V. The nomuadiage of the battery determines how
many cells are required in series. A 12 V car Ipattas six cells, while a 12 V battery will
require 10 NiCd cells.

The capacity of a battery is specified in term¢hefamount of charge it can hold. Although
the Sl unit for charge is coulomb, batteries aec#@d in ampére hours (A.h). If a battery
can deliver 10 A for two hours, it has a capacityl® A.h. Smaller batteries are normally
specified in mA.h.

Better capacity or lower internal resistance camdigeved by connecting cells in parallel.
Cells with the same voltage must be used, othertiigehigher-voltage cell will run flat
while trying to bring the other cell up to its owaltage.

Recharging

Rechargeable batteries must be charged at a sombigh&r voltage than their nominal

operating voltage. 12 V batteries are normally ghdrat around 14 V. The nominal voltage
for 12 V automotive electrical systems is 13,8 \hieh is the voltage that most mobile
transceivers are designed for.

The recharge rate should be carefully controlledarGing at too high a rate results in
damage to the battery, as its internal structuteeeged and possibly deformed. Too low a
rate means that the charge will take too long, ipbssiever reaching full capacity. A
simple guideline is not to exceed the current Waild charge the battery in four hours. For
a 10 A.h battery, the maximum charge rate woul@d@bkagly be 2%2 A.

Because batteries are not 100% efficient, soménefenergy stored in the battery during

charging goes to waste. A 10 A.h battery will requmore than 10 A.h to charge to
capacity; perhaps 20 A.h may be required.
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Modern intelligent chargers are highly recommendéday monitor the actual response of
the battery to the charging process, and adjustdhliage and current accordingly. In this
way, they prevent damage to the battery and altoie Bchieve its optimal lifetime and
efficiency. The optimal current profile is very dglent on the battery technology being
used. Once the battery is fully charged, thesegehmarwill maintain a small charge current,
called a trickle charge, to keep the battery topped

Do not attempt to recharge unrechargeable batt8resy may heat up or explode.

Summary

Linear power supplies use transformers to redueerthins voltage, rectifiers to convert the
AC to DC and an output filter including a smoothiogpacitor to reduce the ripple to
acceptable levels. In power supplies that use fawmle rectifier, the ripple is at the same
frequency as the mains, while in power supplies tisa full-wave rectifiers the ripple is at
twice the mains frequency. In South Africa, themsasupply is at 50 Hz.

A voltage regulator serves two purposes: to keep dbtput voltage constant despite
fluctuations in the input voltage or load curreatd to further reduce ripple. Integrated
circuit voltage regulators may also limit curremidgpower dissipation by the regulator to
safe levels.

Switching power supplies work by rectifying the masupply and then switching it on and
off at a high frequency. The voltage output is fatpd by changing the duty cycle of the
switching waveform; that is, the percentage oftihree that the switch is “on”. Although
most switching supplies still use transformersswmldte the output from the mains supply,
these transformers can be small and light becédnesedperate at high frequency, typically
around 100 kHz. The advantages of switching supplie that they are smaller, lighter and
more efficient than linear supplies. However, ppodesigned switching supplies can
generate a significant amount of RF interference.

Storage cells can be combined to form a batterlls @e series provide a higher voltage.
Cells in parallel can provide more current. Capaisitmeasured in A.h or mA.h. Charging
requires careful monitoring to achieve safety,cgfficy and long lifetime.

Revision Questions

1 The ripple frequency appearing at the output of a AC-fed power supply using
a full wave rectifier will be:

a. Twice the input frequency.

b. Half the input frequency.

C. The same as the input frequency.

d. Dependent on the number of rectifier diodes.
2 To obtain a full-wave rectified output from a transformer using two diodes the
transformer must be:

a. An isolation transformer.

b. A step-down transformer.

C. Centre tapped on the secondary winding.

d. Earthed.
3 By introducing a smoothing capacitor and an indutor in a power supply

output:

a. The output voltage will increase.

b. The load can be increased.

C. The output voltage will be regulated.

d. The ripple will be reduced.
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4 A smoothing circuit using an inductor and capacitr is a standard:
a. Lowpass filter.
b. Voltage regulator.
C. Rectifier.
d. Discriminator.

A voltage regulator in a power supply can provide
a. Reduced ripple at the output.

b. Short-circuit protection.

C. Stable output voltage.

d. All of the above

A zener diode is used in a power supply to:
a. Stabilise a reference voltage.

b. Load an output circuit.

C. Introduce a noise signal.

d. Prevent excessive current flow.

7 Smart battery chargers are recommended because:
a. They allow non-rechargeable cells to be reathrg
b. They charge more rapidly.
C. They preserve the battery by not exceedingismmended charge rate.
d. They look great in a tuxedo.

A battery of a specific voltage can be made by:

a. Using cells with the correct characteristidagé.
b. Using multiple cells in series.

C. Using multiple cells in parallel.

d. Charging a cell to the correct voltage.
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Chapter 17: The Bipolar Junction Transistor

17.1 Types of Transistors

A bipolar junction transistor (“transistor” for stipconsists of a thin layer of P-type or N-
type semiconductors called the “base”, which isdgached between two thicker layers of
semiconductor, the “collector” and “emitter” withet opposite polarity. Transistors come in
two polarities: NPN transistors, which have a Petyyase sandwiched between an N-type
emitter and collector; and PNP transistors, whiabehan N-type base sandwiched between
a P-type emitter and collector. The constructiod aimcuit symbols of NPN and PNP
transistors are schematically shown below:

Base afe
— N P N — — P NP |——
Collector Emitter Emitter Collector
Base 48a

Collector Emitter Emitter
Collector

The Physical Structure and Circuit Symbol for NRiYd NP Transistors

Note that the terminal with the arrowhead in threwit symbol is always the emitter. The
arrow represents the base/emitter junction, whiab similar properties to a diode, and
shows which direction the Base/Emitter and ColléEmmitter current flows in.

17.2 Operation of the NPN Transistor

To understand the operation, assume that an NRWNistar like the one on the left has a
potential difference applied between the colleatwal emitter, making the collector positive
with respect to the emitter. Then at the junctietwzen the collector and the base, an N-
type semiconductor meets a P-type semiconducteatiog a reverse-biased diode junction.
Just as in a diode, free electrons from the N-tygerial will migrate across the junction,
filling the holes in the P-type material, and cregta thin depletion layer that will prevent
current from flowing.

Now suppose a potential difference is applied betw@e base and the emitter, making the
base more positive than the emitter. The PN juncéicts like a forward-biased diode, so
provided the base-emitter voltage exceeds to fahvedas voltage for this junction (about
600 mV for silicon transistors) a current can fliram the base to the emitter. This current
is carried by electrons from the emitter that ateaeted by the positive potential of the
base and cross the junction into the base wheyecttrabine with holes.

However, because the base is very thin (much thitivem shown), many of the electrons
from the emitter that are attracted by the basergat do not end up colliding with holes
and recombining, but instead make it all the wasosg the base and into the collector.
Since electrons are now moving from the emitteth® collector, there is a current flow
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from the collector to the emitter despite the reedsiased collector/base junction! This is
possible because electrons from the emitter thapesrecombining with holes in the base
act as charge carriers in the depletion layer ef réverse-biased junction, allowing a
current to flow.

So in an NPN transistor, making the base 600 msoamore positive than the emitter will
allow a current to flow both from the base to tmeiteer and from the collector to the
emitter, provided of course that the collectorI®agositive with respect to the emitter. It
turns out that transistors can be designed sahibaturrent that flows from the collector to
the emitter (known as the “collector” current) isumy times greater than the current from
the base to the emitter (the “base” current). Hmables transistors to make small signals
larger, a process called amplification.

The ratio of collector current to base currentrigWn as the beta or “current gain” of the
transistor, and is represented by the Greek lowse-detter betaB). In ordinary small

signal transistors (designed for low-power wofk}ypically ranges from 100 to 500. One
limitation is thatp is not well controlled, so two transistors frone ttame batch may have

quite different values d8. For this reason it is important to design ciretitat do not rely
on a particular value df for correct operation.

lc=P I

: < O
O ve .

Operation of the NPN Traisis

The operation of the NPN transistor can be summdris follows:

0 The collector should always be kept positive wébpect to the emitter.

o If the base/emitter voltagegYis less than 600 mV, no base or collector current
flows, and the transistor is “shut off”.

0 Once \k reaches 600 mV, a base curreptflows, causing a larger collector
current | = I to flow.

0 Vge Will remain around 600 mV as long as any baseeettiis flowing.

0 The value off ranges between 100 and 500 for typical small-$iyaasistors, but
is not well controlled and should not be assumedubice a particular value.

17.3 Operation of the PNP Transistor

The PNP transistor operates similarly to the NRMdistor, but with the opposite polarity.
When the base gets 600 mV maoegativethan the emitter, a base currenihd a larger
collector currentd = I flow.
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Operation of the PNP transistor
The operation of the PNP transistor can be sumetas follows:

0 The collector should always be kept negative wetipect to the emitter.

o If the base/emitter voltagegYis greater than 600 mV (with negative polarity), no
base or collector current will flow, and the traser is “shut off”.

0 Once \ge reaches -600 mV, a base curregitflbws, causing a larger collector
current k= I to flow.

o0 Vge Will remain around -600 mV as long as any baseeatis flowing.

0 The value off ranges between 100 and 500 for typical small-$iyaasistors, but
is not well controlled and should not be assumeubtee a particular value.

17.4 The Transistor Switch

Transistors are often used as switches becausalalsme current can turn the transistor
“on” and allow a large collector current to floworFexample, suppose you want to switch a
12 V relay that draws 20 mA from a 5 V micropro@essontrol signal that can only supply
1 mA. You could use the following circuit:

+12V
D3 12 V Relay
R =4k7
5V Input
ov

A transistor switch driving a relay coil

When the input signal is off (0 V), no base curréows so the transistor is turned off and
no collector current flows. When the input signalturned on (+5V), it raisesgy to
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600 mV so the voltage across the base resisfas BV — 600 mV = 4,4V, so the current
flowing through R and into the basegE 4,4V/4700Q2 = 940 °pA. This current is
sufficient to turn the transistor “on”, causing allector current to flow and operate the
12 V relay. The Diode Dprevents the back EMF from the inductance of étayrcoil from
destroying the transistor when the relay is turoiéagain.

Transistor switches like this are usually usedwitch DC voltages and currents. When
high frequency signals need to be switched, diodeslays are usually used. Of course the
relay driver circuit might be similar to the oneoab.

Summary

Bipolar Junction Transistors are semiconductor aksvihat consist of a thimasemade of
either P- or N-type material sandwiched betweecoklector and emitter made of the
opposite polarity semiconductor.

In an NPN transistor, both the collector and base are maddiy® with respect to the
emitter. If the base/emitter voltage is less th@a @V, the transistor is turned off and no
collector current flows. When the base/emitter agdt reaches about 600 mV, a small base
current and a large collector current will flow.

In a PNP transistor, both the collector and base are madgtive with respect to the
emitter. If the base/emitter voltage differencegieater than 600 mV, the transistor is
turned off and no collector current flows. When thase/emitter voltage reaches about -
600 mV, a small base current and a large colleztoent will flow.

The ratio of the collector current to the base eniriis called the “beta” of the transistor,
and typical values for small-signal transistorsgeietween 100 and 500. As long as any
base current is flowing, the base/emitter voltagk remain around 600 mV for NPN
silicon transistors, or —600 mV for PNP siliconnigestors, irrespective of the actual base or
collector current. Since transistor betas may weidely, even for transistors of the same
type, circuits should not rely on a specific vatilideta.

Transistors can be used as DC switches, to allmwaoltage or small current (or both) to
switch a larger voltage and current.

Revision Questions

1 If the base potential of a NPN transistor is heldat the emitter potential, the
collector current will be
a. Zero.
b. Always 1 Amp.
C. Between 10 mA and 2A.
d. Very high.
2 For a silicon transistor to conduct:
a. The base-emitter must be forward-biased by 0,6V
b. The base must be connected to the emitter.
c. The collector must be connected to the emitter.
d. The base lead must be disconnected.
3 The beta of a transistor is
a. The ratio of the collector current to the baseent.
b. The ratio of the collector voltage to the baskage.
c. The ratio of the collector current to the emitterrent.
d. The ratio of the collector voltage to the emitteltage.
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4 For a collector current to flow in a PNP transisor
a. Both collector and base must be positive wisipeet to the emitter.
b. Both collector and base must be negative wipeet to the emitter.
C. The collector must be positive and the base tivegavith respect to the
emitter.
d. The collector must be negative and the basdiy®swvith respect to the
emitter.
5 If a transistor is used to control a relay that @des not have protection diodes,
the back EMF from the relay solenoid may
a. Increase the switching time
b. Decrease the switching time.
C. Deduce the power consumption.
d. Damage the transistor
6 If the base current in a transistor is 10QuA and the beta of the transistor is
100, the collector current is
a. 1 mA
b. 10 mA
C. 100 mA
d. 1A
7 For an NPN transistor in normal operation
a. The collector voltage exceeds the emitter veltag
b. The emitter voltage exceeds the collector veltag
C. The emitter voltage exceeds the base voltage
d. The collector and emitter voltages are equal.
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Chapter 18: The Transistor Amplifier

18.1 Amplification

Amplification is the process of increasing the powka signal. Since power is V x |, this
process will involve increasing either the voltagethe current, of the signal, or possibly
(but not necessarily) both. It is quite possibleatoplify a signal without increasing the
voltage of the signal, provided that the currenintreased. Conversely, it is possible to
increase the voltage of a signal without amplifyindn the case of the step-up transformer,
although the voltage of the signal is increase@, ¢hrrent is decreased so the power
remains the same and no amplification takes place.

Amplification is crucial for radio receivers. Thadio signals received from the antenna
may be as small as =130 dBm {20V). In order to make them audible, the receivesimu
convert them into signals in the order of 0 dBnm\&/), which requires amplification by a
factor or 16° In actual fact the amplification of a radio raasiis often greater than thjs
to make up for losses in other components likerflt

18.2 Class C Amplifiers

Because the transistor allows a large collectorecirto be controlled by a small base
current, transistors are used in many amplifierst bs consider a simple design for a
transistor amplifier to work at radio frequencies.

+12 'V

\h

Simple transistor amplifier

Here, the input signal is applied directly to tlasé of the transistor and the output signal is
taken from the collector. This circuit is calledammon emitter” amplifier, because the
emitter of the transistor is common to both theutrgmd output circuits.

The inductor and capacitor play two roles. Firsthe inductor allows DC to pass while
blocking radio frequency (RF) signals. The colleabthe transistor can now liéasedso

that it is positive with respect to the emitter, raguired for correct operation. It also
provides the route for supply current to flow fréime +12 V source to the amplifier—since
we are making the signal more powerful, and povag&not be manufactured from thin air,
it must come from the +12V supply connected viaittgictor to the collector. The output

%10 =10 000 000 000 000, or a more than a thousamestthe human population!
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capacitor allows the amplified AC signal to passilevblocking the DC supply voltage,
preventing the bias voltage from interfering witle stage that follows this amplifier.

Let us consider the operation of this circuit. Hetinput signal is less than 600 mV, the
base-emitter voltage for a silicon transistor, naent will flow into the collector, and the
collector voltage will be +12 V. If the input sigrexceeds 600 mV, the transistor will start
to conduct, with the collector current equal to ttansistor 3 times the base current. The
inductor will oppose any sudden change in the flwcurrent by generating a voltage
across itself that will reduce the collector vo#tagVhen the input signal drops below
600 mV, the transistor stops conducting. By thisetithere will be some current flowing
through the inductor, and the inductor will oppasg sudden change to the flow of current
by generating a voltage across itself in the otlierction, this time raising the collector
voltage above the 12V supply voltage, possiblyasomuch as 24V (twice the supply
voltage). When the input signal again exceeds 6@0anmd the transistor starts to conduct,
the collector voltage will again drop, and so ohe3e variations in the collector voltage
constitute an AC signal that will be passed throtighcapacitor as an output signal.

In this amplifier, the transistor does not condtlot whole time. In fact, it conducts
somewhat less than half of each AC cycle, sinegllitonly start to conduct when the input
voltage exceeds 600 mV. An amplifier that conddotsless than one half of a cycle is
called a “Class C” amplifier. Since class C ameplidi do not reproduce the shape of the
input waveform accurately, they generate a largeuwsrnof distortion. However, they do
have the advantage of being quite efficient comghémeother amplifiers, since most of the
power supplied to the amplifier (in this case frim +12 V supply) ends up in the output
signal. Efficiencies of 60 to 70% are common foagsl C amplifiers. Also note that there is
not much point trying to amplify a signal with agbevoltage of less than 600 mV using this
amplifier, since it won't ever be sufficient to gtehe transistor conducting!

So what would one do with an amplifier that regsiieelarge input signal and generates
considerable distortion, but is relatively effiderClass C amplifiers are often used as the
RF power amplifier for CW (Morse code) and FM tnaitsers, since in these applications it
turns out that the distortion (also callednlinearity) of the amplifier is not a big problem
as the unwanted harmonics can be filtered off qeaigly by a lowpass filter at the output.
However, Class C amplifiers an@t suitable for use in single sideband (SSB) or atngd
modulation (AM) transmitters; for these you nedthear amplifier. Don’t worry if you are
not familiar with the terms CW, AM, FM and SSB, yh&ill be explained in a later module.
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18.3 The Class A Common-Emitter Amplifier

In order to faithfully amplify small signals, weusly use Class A amplifiers. In this class
of amplifier, collector current flows in the trag&r throughout the entire cycle of the input
waveform. A typical circuit might be as follows:

+W2
—— sC
Ly S/
1R 100 k
ki
[ |
C +2V
i i b ¢ A
A
1,0 mA L R VOut
Vin R 20k
R 1k4
' | vo

-

Class A common-emitter amplifier

Here, R and R form avoltage dividerthat applies a certainias voltageto the base. For
example, suppose that B 100 K2 and R is 20 K2, the bias voltage at the base will be
2 V. Since this voltage is greater than 600 m\s isufficient to cause a current to flow
from the base to the emitter, and we know thatkhse/emitter voltage will be about
600 mV. The voltage acrosg,Rhe emitter resistor, is then 2 V — 600 mV =\,4uppose
Re is 1,4 K, then the current flowing througheRand also through the emitter of the
transistor) is 1,4 V + 1,4k = 1,0 mA.

So how much of this total current is base/emittarent, and how much is collector/emitter
current? The answer depends on the R of the ttanslé 3= 99, the collector/emitter
current is 99 times the base/emitter current, soof%he emitter current comes from the
base, and 99% from the emitter. In this example cthillector current would be 990 pA.

But hold on a moment. We have already been warmetdthe 3 of a transistor is not well
controlled and should not be relied upon to haspexific value. What if 3 = 499 instead of
99? The collector current will then be 499/500h@ emitter current, or 998 YA, instead of
998 WA. As you can see, the collector current isstant to within 1%, despite variations in
the 3 from 99 to 499. For most practical purposes,collector current can be assumed to
be equal to the emitter current, with the baseetuirbeing ignored (although of course the
base current is very important in practice, as winat allows the collector current to flow!)

Finally, let us consider the input and output imgrezk of the amplifier. An RF input signal
will “see” an input impedance consisting of resist® and R in parallel. Why in parallel?
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The supply voltage (in this case +12 V) always &@a#\C path to ground. In this case, it is
provided by the “decoupling” capacitog,Qvhich is connected between the supply voltage
and the chassis. So the input impedance is @0 lparallel with 20 R, or about 16,7 K.
There is an additional component, consisting ofeaimétter resistor Rmultiplied by the 3

of the transistor that is also in parallel with thput, but this is usually significantly higher
than the bias resistors Bnd R and can be neglected.

Having determined the input impedance, what thethés output impedance? Since the
collector current, being [ times the base curr@oés not depend much on the collector
voltage, the collector acts like a current souroe #@&s impedance is fairly high. The
inductor Ly will also be chosen to exhibit high reactancehatdesign frequency. So we can
say that in this case the output impedance is édugh” without actually putting a figure to
it.

And what is the gain of the amplifier? Since theddamitter voltage remains constant at
600 mV, if we change the base voltage by a smabfiumty which we shall call \, the
emitter voltage must also change by the same amdbatemitter currentImust then also
change by a small amountile = V\\/Re. But since the collector current is virtually idieal

to the emitter current (we are neglecting the sratiéct of the base current), the output
current will change by the same amount as the engtirrent, sodur = Vin/Re. The effect
that this has on the output voltage (and hencey#tie of the amplifier), depends on the
resistance of the load, RTo be precise,

VOut = IOut RL
= (ViWRe) R
= Vin R/Re

So thevoltage gainof this amplifier is R/Re. To calculate th@ower gain need a specific
value for the load resistance. Let's choose it 6% K2, the same value as the input
resistance of the amplifier. The power gain is thest the square of the voltage gain. The
voltage gain will be 16,7+ 16,7 K2 = 11,9 and the power gain will be 14:9142 or
21,5dB. This gain is typical of the gains achidgaby small-signal common-emitter
amplifiers.

Note that in this design, because the base ofdémsistor is biased to a voltage of +2 V, the
transistor will conduct provided the input voltagees not go below -1,4 V. So as long as
the input voltage is less than 1,4péak (about 1,0 V RMS), the transistor will conduct
throughout the full cycle of the input waveform, kimeg this amplifier Class A. It will
faithfully reproduce the exact shape of the inggnhal at the output, and so islinear
amplifier that can be used to amplify SSB and Alyhsis without distortion.

Of course, the DC bias current flowing through @adlector circuit of the transistor the
whole time does waste quite a lot of power, makdtass A amplifiers much less efficient
than their Class C counterparts. Class A amplifaestypically only about 25% efficient —
that is, only 25% of the power supplied by the posuggpply actually ends up in the load.
The other 75% ends up heating the output transistor
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18.4 The Common-Collector (Emitter Follower) Amplif  ier
Consider the following circuit:

+12V

\

2

Common-collector amplifier

Suppose that the input voltage is always betwe@m®? and 12 V, so the transistor always
conducts. It is therefore operating in Class AsTthine, the output voltage is taken from the
emitter instead of the collector of the transistéthat do we know about the output
voltage? Since the base-emitter voltage is alw@@neV if the transistor is conducting, the
emitter voltage must “follow” the base voltagehaligh it will always be 600 mV less than
the base voltage. So any change in the input v@leti result in an equal size change in
the output voltage, and the amplifier has a voltggen of 1. Because the DC bias is
removed by the DC blocking capacitor at the outthg, output voltage iaot necessarily
600 mV below the input voltage.

This circuit is called a “common collector” ampéifi and is also known as an “emitter
follower” because the emitter voltage “follows” thase voltage.

So why would anyone want an amplifier if the outpottage is the same as the input
voltage? The secret is in the impedances. The butpedance of the emitter follower is
low, making it a good voltage source, because thipub voltage does not depend on the
load resistance. However, the input impedancegh,hso it does not load the preceding
stage much. It is a good circuit to use as a budtage, to prevent changes to the input
impedance of the following stages from affecting gieceding stages. And since the low-
impedance output is capable of supplying much rpoxeer than the high-impedance input
consumes, the common collector amplifier is quépable of providing @owergain even
though it has unityoltagegain.

18.5 The Common Base Amplifier

There is a third transistor amplifier configuratioknown as the “common base”
configuration, which is less common than the comneonitter or common collector
configurations. It has low input impedance (typigainly a few ohms) and high output
impedance (making is a good current source), atutr@nt gain of unity (one). You could
consider it to be a “current follower” since thetmut current is identical to the input
current. It can also provide a power gain if thadaesistance is greater than the input
impedance of the amplifier.
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18.6 The Class AB Amplifier

In a Class A amplifier, the transistor (or othetpui device) conducts for the full cycle of
the input waveform. This is also referred to asdummion over 360° of the input cycle, a
reference to the typical sinusoidal characteristitsadio signals. Class A amplifiers are
linear — that is, they accurately reproduce thestwd the input waveform at the output and
so introduce little distortion — but typically ifieient.

In a Class C amplifier, the transistor conductddes than half the cycle, in other words for
less than 180° of a sine. Class C amplifiers caprbtty efficient, but they are very non-
linear, introducing a substantial amount of distorinto the output.

There is also a Class “B”, where the transistordomits for exactly half the input form
(180°). However, this type is not commonly used.

Class AB amplifiers use two output devices opegaima “push-pull” configuration. One
device conducts during the positive half cyclehs tnput waveform, and the other device
conducts during the negative half cycle. Both deviare operated Class B, meaning that
they conduct for half of the input waveform (180Fowever, between them the output
devices can replicate both the positive and thetingy half cycles of the input waveform,
as can a Class A amplifier, which is where the n&bilass AB” comes from — two Class B
devices operating together to provide the sametedfea single Class A device.

A simplified push-pull Class AB amplifier circui shown below:

Vln \éut

&

—

O

® /7&+12V

[\
Y Y\

®

Class AB push-pull amplifier

In this circuit, the bias voltagegys is just sufficient to keep both transistors justducting

a small current when there is no input voltage. ffaesformer at the input acts as a “phase
splitter” to convert the input signal into two sais that are 180° out of phase, which are
applied to the bases of the transistors. When aiy@signal is applied to the base of one
transistor is conducts more strongly, while thetage at the base of the other transistor is
reduced so it stops conducting. The transistorschvdround every half cycle, so each of
the transistors is conducting for half the cycleabout 180°. The transformer at the output
recombines the output of the two transistors, swoagh each is only conducting for half
the cycle, the combined output of both transistas faithfully replicate both half cycles of
the input signal.

Class AB amplifiers have the advantage that becthese isn’'t a large constant DC bias
current flowing through the output devices (as e¢hisrin Class A) they are much more
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efficient than Class A amplifiers; while becauseytheproduce both the positive and the
negative half cycles of the input, they are muchranlinear than Class C amplifiers.
Although they still introduce some distortion, suakcrossoverdistortion at the point
where one of the transistors stops conducting kadther starts conducting, this distortion
can be kept within reasonable limits, so propedgigned Class AB amplifiers are quite
suitable for use as power amplifiers for AM and Sshals.

18.7 Field-Effect Transistors

A Field-Effect Transistor (FET) is a semiconductiavice that is controlled by voltage
rather than by current. It is made like junctioansistors, using doped semiconductor, but
uses an insulating material such as aluminium oxwmleprovide ultra-thin insulation
between different structures. This technology i®wnm as metal-oxide semiconductor
(MOS). The manufacturing process is more efficaard cheaper for large-scale integration,
making FETs the prime choice for logic and compuateps.

The exact function of FETs is beyond the scopenhisf text. Suffice to say that there are
three electrodes: Gate, Source and Drain. Theagln of a voltage to the gate changes
the impedance between the drain and source, muehthie base current controls the
impedance between the collector and emitter intjandransistors. There are basically two
types, depending on the type of semiconductor feanich the drain-source channel is
made: P-channel and N-channel.

D D
L
G - G
E
S S
N Channel JEFT P Channel JEFT

JFET-N-Channel and P-channel Schematic Symbol

MOSFETs have become ubiquitous in high-power switgzhapplications, almost
completely displacing junction transistors.

All the transistor circuits shown in this text ca@ implemented with FETs. In general, the
gate would replace the base, the drain would repthe collector and the source would
replace the emitter. Also, the gate requires veltiaigs rather than current bias, so some of
the bias networks will have to be redesigned.

Even the configurations can be duplicated. Comnmaie;gsource-follower and drain-
follower ampliers can be implemented relatively giyn

18.8 Thermionic Tubes

Don’t worry about the detail in this section. Itdsly included for historical reasons, and in
case you want to build a high-power amplifier oag.d

Tubes (Mericun), or Valves (British), are the oldestive devices in electronics. The
thermionic diode was invented in 1873. The firglioatransmissions happened around
1895. The triode was invented in 1906. Semiconduttmsistors were only invented in
1947. Tubes have now largely been replaced by semicctor devices, but survive in high-
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power RF applications, such as linear amplifierkeatls of 1 kW and above. Tubes are a
great vehicle for homebrew amplifiers, as they gemerally more robust than most
transistors.

Thermionic tubes come in different flavours. Thed# consists of a heated cathode and an
anode (hence the “di-!”), enclosed in a vacuum. Vaeuum is normally contained in a
glass or ceramic envelope. Electrons are emitteithdpneated cathode, in a process known
asthermionic emissigrforming a cloud around the cathode. If the ariedmsitive relative

to the cathode, electronics are attracted by thd@rcausing a current to flow. If the anode
IS negative relative to the anode, no electrongjtime gap, with no current flowing.

If a grid is introduced between the cathode andathede, a small voltage applied to the
grid will control the amount of current flowing. Byarying the grid voltage, the anode
current can be controlled (much like a FET). Sevgrils can be introduced to achieve
desired behaviour, including improved immunity &pacitive effects at high frequencies.
The device family consists of diodes (two elementspdes (three elements), tetrodes
(four), pentodes (five) and derivatives such ascdhode ray tube (CRT) and magnetron
(used to generate high-power RF in many microwasns).

The diagram shows a pentode. 1 is the heaterth2 isathode. 4 is the anode. 3, 5 and 6 are
the various grids (control, suppressor and screiels gespectively).

4

Symbol for a pentode

Apart from high-power RF applications, tubes arpuar in high-end audio equipment,
including guitar amplifiers. Their harmonic disiort differs from that of solid-state
devices, providing a more pleasing sound to sommeediing ears.

Most of the designs in this text can be adapteah fransistors to tubes, making suitable
changes to the bias networks and scaling the opgnatltage accordingly.

18.9 Integrated Circuits

Discrete components are seldom used in modermr@hécs. A much more compact and
cost-effective solution exists integrated circuitgICs). ICs (or “chips”) pack thousands of
components onto a small piece of silicon. A duakdtanium 2 processor includes around
1 700 000 transistors, not to mention all the d@ssed components to provide bias and
routing, on only 544 mfof space (approximately 23 x 23 mm). These prasessold for
around US$ 1000, or something like 17 transistersys cent!

ICs can be very small. A sophisticated microproeessa 16-pin SOIC, suitable for home
projects, is about 10 mm long, 6 mm wide and 2 nigh,hincluding its connecting leads. It
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draws very little current—in the region of 1 mAidtsimply not possible to make such
sophisticated electronics using discrete componeitit®ut spending inordinate amounts of
time and money.

Typical projects are now made using a few ICs wiiime discrete components, or using a
microprocessor that can be reconfigured to do ndififgrent things by writing some
software. These processors can be bought on a B@dibard which provides easy
connection to the device’s ports. Excellent platfeffor amateur radio projects include the
Arduino and Raspberry Pi product ranges.

Perhaps the most useful single building block foak-scale amplifier and buffer
applications is an operational amplifierag-amp The ubiquitous LM741 op-amp is freely
available at about three per US$. The amplifieersfihigh input impedance, high gain, low
output impedance, high linearity and low power emngtion. In an SOIC package, the
device needs only about 5 x 6 mm of board space symbol is shown below:

Operational amplifier (op-amp)

The input is applied across. ¥nd \. The difference between these two pins is ampliéie
Vo The supply is attached tasVand Vs. A supply of +5 V and -5 V can be used, or one
of the pins can be connected to ground. Likewisth the input either pin can be connected
to ground. Using suitable simple networks of owggidssive components (resistors,
capacitors, inductors etc.), almost any imaginalgeal amplifier, filter or signal generator
can be built.

Summary
An amplifier is a circuit that increases the powka signal.

The Common Emitter amplifier can have both voltagd current gain. Common emitter
amplifiers have high output impedance and mod€f#id< or so) input impedance.

The common collector amplifier is also known as ‘mmitter follower” because the output
is taken from the emitter, which “follows” the vayfe on the base. The common collector
amplifier has unity voltage gain but can still pie power gain if the output current is
greater than the input current. The common colte@aitter follower) has a high input
impedance and a low output impedance.

The common base amplifier has a low input impedamzka high output impedance, and
has a unity current gain (i.e. the output currerihe same as the input current).

Class A amplifiers conduct for the full cycle (350They have low distortion (good
linearity) but are relatively inefficient. Almostllasmall-signal amplifiers are Class A,
because efficiency is not important when so lithergy is wasted.

Class B amplifiers conduct for exactly half theley@hey are not commonly used.
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Class C amplifiers conduct for less than half thelee (less than 180°). They can be very
efficient, but are non-linear and introduce distort Although they can be used as power
amplifiers for CW and FM signals, they cannot beduor AM or SSB signals.

Class AB amplifiers use two Class-B output deviggsrating in push-pull configuration to

amplify both the positive and the negative halflegc They are more efficient than Class A
amplifiers, and while they also have more distortiban Class A amplifiers they can still

be used as power amplifiers for AM and SSB signals.

Field Effect Transistors (FETS) are replacing jiorcttransistors in many applications,
especially in logic circuits and high-power applioas, such as RF amplifiers.

Thermionic tubes have largely been replaced by s@mductors, but survive in high-power
RF and some audio applications.

Integrated circuits contain a myriad of componenfégring great sophistication at low
prices and in very small packages. Microprocessansbe reconfigured for many different
applications by writing some software. Excellenatfdrms for amateur radio projects
include Arduino and Raspberry Pi.

An operational amplifier is a cheap, small comparnieat can implement almost any simple
analogue signal buffer, amplifier, filter or osatlbr.

Revision Questions

1 The output impedance of an emitter follower buffeamplifier is:
a. Infinite.
b. Very high.
C. 0.
d. Fairly low.
2 In a transistor amplifier circuit where full base current always flows, the
circuit is biased for operation in:
a. Class A.
b. Class B.
C. Class AB.
d. Class C.
3 class C amplifier conducts over

A

a. The complete cycle.

b. Three quarters of the cycle.
C. Exactly half a cycle.

d. Less than half a cycle.

4 The amplifier class which has the lowest distormin figures is:
a. Class A.
b. Class B.
C. Class AB.
d. Class C.
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5 An amplifier that operates under conditions of bas and supply such that
conduction occurs for more than 180° but less thaB60° of a complete input
cycle is operating in:

a. Class A.
b. Class AB.
C. Class B.
d. Class C.
6 When an RF power amplifier is biased for a condu®n angle of 360°:
a. Output current flows for only part of the ingytle.
b. Bias current never shuts off the device.
C. The average grid voltage is twice cutoff voltage
d. RF power is produced at greatest efficiency.
7 FETSs differ from junction transistors in:
a. They are controlled by voltage rather than eurre
b. They are easier to manufacture.
C. They are better in high-power applications.
d. All of the above.
8 Vacuum tubes are still found in amateur radio apfications because:
a. They are more practical for high-power RF arigfif

b. They remain part of lots of equipment in coltest hands.
C. They are said to provide better audio quality.
d. All of the above.

9 Op-amps can be used to implement cheap and easy:
a. Small-signal amplifiers.
b. Active filters.
C. Oscillators.
d. All of the above.
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Chapter 19: The Oscillator

19.1 Oscillators

Oscillators are circuits that are used to genek&tesignals. Although mechanical methods,
like alternators, can be used to generate low &eqy AC signals, such as the 50 Hz mains,
electronic circuits are the most practical way efigrating signals at radio frequencies.

Oscillators are widely used in both transmitterd egceivers. In transmitters they are used
to generate the radio frequency signal that wilmately be applied to the antenna, causing
it to transmit. In receivers, oscillators are widaked in conjunction with mixers (a circuit
that will be covered in a later module) to chargeftequency of the received radio signal.

19.2 Principle of Operation

The diagram below is block diagramshowing a typical oscillator. Block diagrams diffe

from the schematic or circuit diagrams that we hased so far in that they do not show
every component in the circuit individually. Instiethey show complete functional blocks —
for example, amplifiers and filters — as just ogenbol in the diagram. They are useful
because they allow us to get a high level overvaévinow a circuit or system functions

without having to show every individual component.

| Output

Phase Shift
Network

Block Diagram of an Oscillator

The triangular symbol at the top represents an ifimplThe input of the amplifier is the
blunt side of the triangle, on the left in this gtiam; the output is the pointy side of the
triangle, on the right. Since this symbol alwaygresents an amplifier, there is no need to
label it. The output of the amplifier is connectedthe input of the block labeled “phase
shift network”, and the output of the phase shitwork is connected back to the input of
the amplifier. Since the rectangular box of the gghahift network does not indicate the
input and output, you must surmise this from theaions of the arrows on the connecting
lines. The output of the oscillator is taken froom® point in the circuit. In this diagram, it
comes from the output of the amplifier.

The lines connecting the symbols in the block diagrepresent the flow of signals from
one functional block to another. In this type ohgtam, a line does not necessarily
represent a single wire, as it would in a schem@iicuit) diagram. A signal might flow
along a single wire (with respect to earth), amight flow in two wires, with the current
flowing in opposite directions in both wires. Inhar case, it could be represented by a
single line in a block diagram. The arrows at thd ef the lines show the direction that the
signal flows in—in this case, from the output o timplifier to the input of the phase shift
network, and from the output of the phase shifivoek back to the input of the amplifier.
The direction in which the signal is flowing does i general correspond to the direction
in which currentis flowing. In fact, most of the signals we dedthmill in any case be AC
so current flows ibothdirections.
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So how does this circuit oscillate? When it isiatly turned on, there will be some (very
small) thermal noisepresent in the circuit. This type of noise is gated by the random
motion of electrons due to heat, and exists ic@tiductors. Thermal noise is broadband in
nature, meaning that it includes frequency comptman all possible frequencies. When
you turn the volume of a hi-fi amp up without amput signal, the hiss you hear is the
audio frequency component of the thermal noisgolif hear a hum, this is mains pickup,
not thermal noise.

Thermal noise at the input to the amplifier will &mplified, causing a larger noise signal at
the output of the amplifier, some of which is blgfflto the output, and some of which is

applied to the phase shift network. The phase shiitvork does what its name implies — it
changes the phase of the input signal, so the bofpilne network will have a phase that

either leads or lags the input signal. The phasg¢ioaship between the output and the input
depends on the precise frequency of the input kigna

At most frequencies, the output of the phase stetivork, which is fed back into the
amplifier, will not be at precisely the same phasehe noise component that caused it in
the first place. In this case, the signal thatféesd“back” to the input of the amplifier from
the phase shift network will partially cancel obietsignal that caused it, so the noise
components at these frequencies will die out. Haneat one specific frequency, the
output of the phase shift network will be exactlyphase with the noise component that
caused it, and so it will reinforce that particut@guency component of the noise signal at
the input to the amplifier.

This reinforced signal will again be amplified hetamplifier, phase shifted by the phase
shift network, and fed back to the input of the &fign. Once again, the output from the
phase shift network is precisely in phase with itiput signal from the “last round” that
caused it, and so the signals reinforce each atiékeep on growing.

Of course the signal cannot grow larger foreverthssignal grows bigger, ultimately the
gain of the amplifier will be reduced (for exampitenay be limited by the power supply
voltage to the amplifier) until we reach the padihat the amplified signal that is passed
through the phase shift network and back to thetiop the amplifier is only just as strong
as the input to the amplifier that caused it. As fioint, the signal is no longer growing, but
remains constant and we have reached a stabléatisgilstate. If the oscillator has been
designed correctly, the output will be a constampleude signal at the desired frequency.

Feeding back some of the output of the amplifieckbi@ the input in such a way that it
reinforces the original input signal is callpdsitive feedbacKThis is the same effect that
you get when the audio output of a PA system islfadk to the microphone creating
“howl-around” or “feedback”.

19.3 The Barkhausen Criteria for Oscillation

Theloop gainof an oscillator is the total gain that the sigegperiences starting from any
point in the circuit and going around the loop uittigets back to the starting point. For
example, suppose the amplifier has a gain of 1Qtu#,half the power is “bled off” to the
output (resulting in a loss of 3 dB), and that phese shift network also has a loss of 3 dB.
Converting the losses into negative gains, welgetdllowing figures:

Amplifier 10 dB

Loss of output signal -3dB
Phase shift network -3dB
Total loop gain 4 dB
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Similarly, you can calculate the total phase shifbund the loop. The amplifier will
contribute some phase shift, and the phase shiftank will contribute some more. Even
the interconnecting wires may contribute significahase shift at high frequencies. The
wavelength of a 100 MHz signal is 3 m, so everynlaf connecting wire would contribute
a phase shift of about 1,2°! At microwave frequeagieven a few mm of PC Board track
can introduce significant phase delays.

When the oscillator is oscillating stably—thatugth constant amplitude and frequency—
the following criteria must be fulfilled:

0 The loop gain must be exactly 1, or 0dB. If the gain was mdrant 1, the
amplitude of the output would be increasing. Islésan 1, the amplitude would be
decreasing.

o Thetotal phase shifaround the loop must be 0° or an integer multld860°. This
condition is necessary for the signal to reinfatself as it goes around the loop, so
it does not cancel itself out.

These requirements are known asBhekhausen criteridor oscillation.

It is entirely possible for these criteria to betmemore than one frequency. In particular, it
is easy for the phase requirement to be met, #irgdy specifies a phase shift of 0° or any
integer multiple of 360°, so it could be satisfied different frequencies that had a total
phase shift around the loop of say 0°, 360° and.72Moth criteria are met for several
frequencies, the oscillator will oscillate at dilese frequencies simultaneously, which is
usually not the desired result! Oscillations at esiced frequencies are callgarasitic
oscillations.

In order to minimise the likelihood of such parasdgscillations, the phase shift network is
usually also made frequency selective. It passsaguéncies in the region of the desired
frequency of oscillation, while attenuating higleedower frequencies. In other words, it is
made to be @andpass filteras well as a phase shift network. The advantagthief
arrangement is that even if the phase shift coters met for some other frequencies, as
long as they are far enough away from the desirequency, they can be attenuated
sufficiently by the bandpass characteristic of tie#work to ensure that the loop gain
remains less than 1 so that oscillation will natwcat these unwanted frequencies.

Fortunately, there is a simple circuit that progidmth a phase shift and bandpass filter
characteristics simultaneously: the parallel tuceduit. At the resonant frequency, the
reactance of a parallel tuned circuit changes hapidm being highly inductive just below
the resonant frequency to being highly capacitiw pbove the resonant frequency. This
sudden change in reactance results in a change iphiase relationship between the voltage
across the tuned circuit and the current flowingtigh it. Remember that for in inductive
reactance, voltage leads current, while for a aipaaeactance current leads voltage. At
the same time, the parallel tuned circuit can bedu® provide good bandpass filter
characteristics, minimizing the likelihood of pat@&soscillation.

An oscillator that uses a tuned circuit as its phsisift network will oscillate at (or very
close to) the resonant frequency of the tuned itircu
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19.4 The Colpitts Oscillator

The Colpitts oscillator is typical of how these cepts can be implemented in a practical
circuit.
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A Colpitts oscillator

Transistor @ and the associated components R, R; and L form a common-emitter
amplifier. The output of the amplifier, taken frahe collector of Q is fed into a parallel
tuned circuit consisting ofd.C, and G. The capacitor in this tuned circuit has beenitspl
into two capacitors, £and G, to allow the output current from the collector@fto flow
to ground via G This current causes a voltage across the whaoldlglatuned circuit, also
known as theank circuit of the oscillator. This voltage is fed back to theut of the
amplifier via G. The output of the oscillator is taken from thdlexor of the transistor via
C,. The label “\&¢” represents the positive power supply voltage.

The defining characteristic of the Colpitts ostdla—what makes it a Colpitts oscillator as
opposed to any other type of oscillator — is they w#e tank circuit (the parallel tuned
circuit) uses a split capacitor to allow the outpfithe amplifier to be injected across one of
the capacitors, while the input to the amplifietaiken from across the other capacitor.

19.5 Buffering

Because the amount of signal that is drawn offHey dutput of the oscillator affects the
loop gain of the oscillator, it will also affectalirequency of the oscillator. For this reason
it is important that the amount of signal drawn ddis not change, for example in response
to a Morse code (CW) transmitter being keyed, otiser the frequency of the transmitter
will change as it is keyed, a phenomenon known csrp”. Most transmitter designs
prevent this by having buffer amplifierbetween the oscillator and the keyed stages of the
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transmitter. The buffer amplifier is often a comrramilector (emitter follower) amplifier,
which shows constant high impedance to the osuillathile having a low output
impedance that can supply sufficient current teedthe stages that follow.

19.6 The Hartley Oscillator

Another way of feeding the output of the amplifiato a parallel tuned circuit, and the
output of the tuned circuit back to the input oé tamplifier, is to use a centre-tapped
inductor in the tank (tuned) circuit. This prin@alefines the Hartley oscillator.
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Hartley Oscillator with a buffer amplifier

In this circuit, transistor Qis a common-collector (emitter follower) amplifigrat is biased
by R, R, and R. The output of the amplifier, at the emitter of, @ coupled via DC
blocking capacitor €into the parallel tuned tank circuit consistinglefand G through a
tap in the inductor. The tank circuit is coupleatlhao the input of the amplifier via,C
which serves as another DC blocking capacitor évgmt the base ofrom being shorted
to earth via k. The arrow through dndicates that it is a variable capacitor, sorgsnant
frequency of the tank circuit, and hence the asail frequency, can be changed by varying
C;. The output of the oscillator at the emitter of i® fed to Q, which is a common-
collector (emitter follower) buffer amplifier. f&ets the emitter and collector current for Q
The output of the buffer amplifier is taken frone tbmitter of Q via DC blocking capacitor
Cs. An oscillator where the frequency can be variggically by turning a control knob, is
known as &/ariable Frequency OscillatafVFO).

In this circuit, the centre-tapped inductor dcts a bit like a step-up transformer, since an
AC voltage applied between the centre tap and assis connection (the bottom of the
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inductor) generates a varying magnetic field, whialises a larger voltage to be generated
between the “hot” side ofL(the top of the inductor) and the chassis. Thitage step-up
allows the common-collector amplifier to providenms gain in this circuit, despite the fact
that the voltage gain between the base and endittdre transistor is unity (1). A tapped
inductor like this is also called autotransformer

19.7 The Voltage-Controlled Oscillator

If part of the capacitance forming the tuned circin an oscillator is made up of
capacitance from a varicap diode, the frequendh@fbscillator can be varied by changing
the reverse-bias voltage applied to the varicagedid his configuration is calledvaltage-
controlled oscillator (VCO). An example circuit, using a Clapp (seriesdd Colpitts)
configuration is shown below:
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Voltage-Controlled Oscillator

The control voltage is applied through radio-fregmechoke L to reverse-bias the varicap
diode D. This diode is in parallel with {Cwhich provides some additional capacitance to
supplement the typically low capacitance of a \apidiode. These capacitors are in series
with L,, hence the name “series-tuned Colpitts” oscill§&dso called a Clapp oscillator).
C, prevents the DC control voltage from interferinghwthe bias voltage generated by the
voltage divider consisting of Rand R (or vice versq Q, is operated as a common
collector (emitter follower) amplifier, and the put at the emitter of (Js fed back into the
tank circuit at the junction between &d G, which form the tank circuit along with; (D,

and L. The oscillator output is taken from the emitteQg via DC blocking capacitor £

19.8 The Crystal Oscillator

Quartz crystals exhibit the piezoelectric effectvéltage applied across the crystal causes
the crystal to distort (“bend”) slightly, and wh#re crystal returns to its undistorted shape
a voltage is generated across it. As a resultctiistal appears similar to a series tuned
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circuit and it can be used as the frequency-deténgiielement in an oscillator. A typical
circuit is shown below:
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Crystal Oscillator

Here the resonant circuit consists of crystalwith series capacitor ;Gand capacitors £
and G. 4 operates as a common-collector (emitter-follovamplifier biased by R R
and R. The output of the amplifier is fed back into taek circuit at the junction between
C, and G. This circuit also uses a series-tuned Colpitt€lapp configuration.

Crystals have the advantage of providing very goeguency stability. The frequency of a
crystal controlled oscillator will remain stable thvilittle tendency to gradually change
frequency (or “drift”). Drift is a problem with o8lators using traditional inductor-
capacitor tuned circuits. The disadvantage of atystcillators is that they cannot be tuned
over any great range. The variable capacitprirCthis circuit can vary the frequency
slightly (which is known as “pulling” the crystalput the tuning range is very limited. A
crystal oscillator that allows the frequency to ‘mried is called a “variable crystal
oscillator”, abbreviated “VXO”.

Summary

Oscillators are circuits that generate AC sign@lscillators consist of an amplifier with
positive feedback through a phase-shift networke Pihase shift network usually also
serves as a bandpass filter. An oscillator willilzge at any frequency and amplitude
where the Barkhausen criteria for oscillation aet:m

0 The loop gain is unity.
0 The sum of the phase shifts around the feedbagkikmero or an integer multiple
of 360°.

The output of an oscillator should be buffered tevent the frequency of the oscillator
from changing as the load on the oscillator varies.
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There are several different oscillator circuitsgliling the Colpitts, Hartley and Clapp
oscillators, which differ in the precise arrangemehthe tank circuit. An oscillator that
allows the frequency to be varied is called a Mdearequency Oscillator (VFO). If the
frequency is varied by applying a control voltageis a Voltage Controlled Oscillator
(VCO).

Quartz crystals exhibit the piezoelectric effea awt like series tuned circuits. They can be
used to control the frequency of an oscillator. Staitcontrolled oscillators exhibit
excellent frequency stability, with very little @iri However, they are essentially fixed-
frequency oscillators. Although the frequency can“pulled” slightly using a variable
capacitor, the tuning range is not nearly as wisldaa oscillators using ordinary tuned
circuits. Crystal oscillators that allow the frequg to be varied are called “variable crystal
oscillators”, abbreviated “VXO.

Revision Questions

1 The names Clapp, Colpitts and Hartley refer to:
a. Transistors.
b. Power amplifiers.
C. Oscillators.
d. Diodes.
2 Which of the following isnot a basic requisite for oscillation?
a. Feedback from output to input of the amplifier.
b. Correct phasing of input and output circuits.
C. Amplifying of signals from input to output.
d. Tuned circuit in both input and output stages.
3 The purpose of an amplifier in an oscillator is®:
a. Cancel phase shift.
b. Compensate for circuit losses.
C. Produce an increasing output.
d. Act as an oscillator buffer.
4 An oscillator varies its frequency as the loadingon the following power
amplifier is increased. In redesigning this circuituse should be made of:
a. A more powerful oscillator.
b. A well-regulated DC supply.
C. An intermediate buffer stage.
d. Decreased L/C ratio in the oscillator.
5 Colpitts, Clapp, Gouriet, Beat Frequency and Crytal are all types of:
a. Tuners.
b. Oscillators.
C. Antennas.
d. Amplifiers.
6 The characteristic of an oscillator which determies its operating frequency is:
a. Its resistance.
b. Its resonant frequency.
C. Its inductive reactance.
d. Its size.
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7 The oscillator configuration where feedback is a a tapped inductor is:
a. The Armstrong oscillator
b The Clapp oscillator
C. The Colpitts oscillator
d The Hartley oscillator
8 A varicap diode might be used in an oscillator to
a Allow the frequency to be varied by a contrdtage.
b. Regulate the supply voltage to the oscillator.
c Limit the maximum amplitude of the output.
d Rectify the output waveform to generate an aatantevel control voltage.
9 At the frequency of oscillation, the loop gain o&n oscillator is:
a. less than 1.
b. exactly 1.
C. greater than 1.
d zero or an integer multiple of 360°.
10 Which amplifier configuration can be used in aroscillator?
a. Common base.
b. Common collector.
C. Common emitter.
d. Any of the above.
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Chapter 20: Frequency Translation

Oscillators are used to generate the signals abwsifrequencies that are needed by in
transmitters and receivers. However, it is ofteafuisto be able to create a signal of a
desired frequency from signals of other frequendies example, it can be very beneficial

to generate a signal at the precise output frequvec user has chosen from a very stable
reference signal at a fixed frequency. The circwits use to do this are frequency

multipliers, dividers, frequency synthesisers arixiens.

20.1 The Frequency Multiplier

Any waveform that is not a perfect sine functiomtons harmonics as well as the
fundamental frequency. The harmonic of a sine fonds found at integral multiples of the

fundamental frequency. For example, a 10 MHz sigmatl is not a perfect sine signal might
have harmonics at 20, 30, 40, 50, 60 and 70 MH&,sanon. These harmonics are known
as the second, third and further harmonics of timeldmental frequency (10 MHz in this

case).

The presence of harmonics in a signal is can bé tesereate a frequency multiplier. The
input sine signal is intentionally distorted; ciegta signal that is rich in harmonics. The
desired harmonic is then selected using a bandjss yielding a signal that is some

integer multiple of the input signal. The second #mird harmonics are most commonly
used. For example, a 7 MHz signal applied to tipeitiof a 2x frequency multiplier would

yield a 14 MHz signal; while 3x multiplier wouldeld a 21 MHz signal.

Different types of distortion result in differentaunts of the various harmonics. When
designing a frequency multiplier, the type of distm introduced should maximise the
desired harmonic. For example, a frequency doygl@x multiplier) could use a full-wave

rectifier to distort the input waveform, since thesulting rectified sine signal has a high
second-harmonic content. A typical circuit is alfofos:
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The input signal is full-wave rectified by;,TD; and B. L; and G form a parallel tuned
circuit, which is resonant at the output frequefteyice the input frequency). It shorts the
DC component of the full-wave rectified signal toognd and attenuates the undesired
higher-order harmonics. Transistor, Quith resistors R R, and R, forms a common-
emitter amplifier. There is another parallel tungctuit made up of L and G in the
collector circuit of the amplifier, which furthettanuates undesired high-order harmonics
(3, 4, 5 times the input frequency etc.).&dd G are DC blocking capacitors. The output is
a sine signal at twice the frequency of the inpyra.

A 3x multiplier (frequency tripler) might use a staC amplifier to introduce the necessary
distortion, since the output of a class C amplifias a high third-harmonic component. In
VHF and UHF applications, varicap diodes are oftised as the non-linear element to
distort the input waveform and generate harmonics.

Because frequency multipliers introduce distortithrey cannot be used with signals that
contain a range of frequencies, such as audio Isigwaamplitude modulated (AM) and
single-sideband (SSB) RF signals. If they were,nttamy different frequency components
of these signals would interact with each othemisoay unwanted inter-modulation
distortion (IMD) components, that are too closé¢hi® desired frequencies to be filtered out.
However, they can safely be used with un-modulaigdals, or with CW (Morse code),
frequency modulated (FM) and phase modulated signal

Frequency multipliers are only useful for multiplgi by fairly small numbers, such as 2, 3
or 4. They cannot be used to multiply by large nerab- say 100 — because it would be too
difficult to construct a filter to separate the fotarmonic from the 99or 10£* harmonics,
and the nature of frequency multipliers means thay tend to generate at least some of
most of the harmonics.
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20.2 The Frequency Divider

Digital integrated circuits are available that ciwvide the frequency of an input waveform
by any integer number — either a fixed number, e ¢that can be programmed by a
microprocessor. The output of these “digital divaleis typically a square wave, which

contains high harmonic content (especially the bddnonics at 3 times, 5 times, 7 times
the input frequency and so on). This harmonic guntan be removed using a suitable
lowpass or bandpass filter, leaving a sine sighttleadesired frequency.

20.3 The Phase Locked Loop Frequency Synthesiser

Although variable-frequency oscillators (VFO) car hsed to generate a signal at a
frequency selected by the user, they suffer theddentage that it is difficult to make them
very stable. Their frequency tends to drift in @sfe to changes in the ambient
temperature, and to make more rapid excursiongrifded or otherwise maltreated. Crystal
oscillators, on the other hand, are very stabl¢han face of temperature variations and
mechanical knocks. However, their very limited tgnhirange makes them unsuitable for
use as, say, the main oscillator for a transmikt@r must cover an entire amateur band.

The most common solution in modern amateur equipisdn use a frequency synthesiser.
A synthesiser is a circuit that can generate maagrammable output frequencies based on
a single reference frequency derived from a stabjstal oscillator. Although there are
several different types of frequency synthesid@s $ection will only cover one of these,
the phase locked loop (PLL) frequency synthesiSbe block diagram of a simple PLL
synthesiser is shown below:

Frequency Phase Lowpass VCO

Reference Comparator Filter
A

A 4

A 4

A 4

v

A

=N

Block Diagram of a PLL Frequency Synthesiser

The output of the frequency reference is fed infghase comparer. This is a circuit that
compares the phase of two signals and generatesitpat voltage that depends on the
phase difference between the signals. This voliagmoothed by a lowpass filter, and used
to control the frequency of a voltage-controlledibstor. The signal generated by the VCO
is the input to a frequency divider that divide® timput frequency by some (usually

programmable) integer N. The output of the freqyediwider is the second input to the

phase comparer.

To understand how this circuit works, suppose thatfrequency of the VCO is exactly N
times the reference frequency. Then the phase aqempéll generate a DC output voltage
that is dependent on the phase difference betwsemto signals. This DC voltage will
pass through the lowpass filter, and will affect finequency of the VCO. Suppose the
effect is to increase the frequency of the VCOldlig As the frequency increases, the
phase of the VCO output signal will begin to shétative to the phase of the reference
signal, which will change the output voltage of thiease comparer, which is the VCO
control voltage.

The circuit is arranged so that if the frequencyhef VCO increases slightly, the resulting

output voltage from the phase comparer will rediee frequency of the VCO again, to
bring it back to its “correct” frequency, whichNstimes the reference frequency. Similarly,
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if the frequency of the VCO decreases slightly, bgulting output voltage from the phase
comparer will act to increase the frequency ofMiZO, again returning it to a frequency of
N times the reference frequency. In this conditibe,VCO is said to bghase lockedb the
reference frequency, since any change in the preatonship between the two signals
(caused, for example, by a change in the VCO fregyewill act on the VCO in a way that
will return it to the correct phase relationshighwihe reference frequency. This loop is an
example ohegative feedback

In case you were wondering, the reason for the &»spfilter is because most phase
comparers actually generate a fairly complex outpighal that has a DC (or low-
frequency) component that reflects the phase diffieg between the inputs, as well as
components at the different input frequencies ® ghase comparer. We don’t want the
VCO to respond to all these little signal compogefithe lowpass filter rejects the high-
frequency outputs, leaving only the low-frequenbgage comparison voltage.

So now we have a circuit that can generate a frenuthat is N times a stable reference
frequency, and is phase locked to the referencpiénecy, so that it is almost as stable as
the reference frequency itself. However, by chaggdhre value of N, we can change the
output frequency, making it any integer multipletloé reference frequency. If the reference
frequency is small enough—say 10 Hz—then we carergd® an output frequency that is
any multiple of 10 Hz. For example, if the refereriequency is 10 Hz and the divider N is
1 402 000, the output frequency will be 10 x 1 802 = 14 020 000 Hz, or 14,020 MHz. If
N is increased by 1 to 1402 001, the output fraquewould be 14 020 010 Hz. This
arrangement allows us to synthesise almost anyede$iequency from a single stable
reference frequency. In modern radios, the diviahat controls the output frequency is
usually set by a microprocessor in response toinpat, such as adjusting the tuning dial.

The only remaining problem is to generate a stdlflédz reference frequency for our

synthesiser. We can't use a crystal oscillator afiye since 10 Hz is much too low a

frequency for a reasonably-sized quartz crystalaiMe can do, though, is to run a crystal
oscillator at a more suitable frequency — perh&@iskHz — and then use a digital divider to
reduce the frequency to the desired reference déremyu In this case, dividing the 100 kHz
oscillator output by a factor of 10 000 would gavé0 Hz reference frequency.

In practical PLL synthesisers it turns out thar¢his a trade-off between the speed at which
the synthesiser can change its frequency (therfturate”, if you like) and the resolution of
the synthesiser (its “step size”). The reasonas tine resolution of the synthesiser is set by
the reference frequency, so a high resolution requa low reference frequency. But this
low reference frequency requires a low cut-off trelcy for the lowpass filter, which limits
the speed at which the synthesiser can responidatages in frequency. One solution is to
combine the outputs of two synthesisers, one wihilgh reference frequency that can easily
make large frequency changes but has limited résnluand the other with a small step
size that can “fill in” the missing frequencies,tlwhich is never required to make large
frequency changes (because the “coarse” synthealses care of that). This arrangement is
known as anultiple-loop synthesiser

PLL synthesisers are very versatile and are this basmost modern transceivers, allowing
them to achieve very high stability combined witldevfrequency coverage. However, they
do have some disadvantages. In particular, eamthsgisers such as those found in
amateur equipment from the early 1980s suffereth feagnificant phase noise, with the
phase and frequency of the output signal varyimy eéightly as the loop adjusted it to
keep it locked to the reference frequency. Thelragas phase noise that degraded the
quality of both received and transmitted signalodErn synthesiser designs are much
better in this respect.
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The phase noise from the synthesiser widens therspe of the VFO. Instead of a single
line on the spectrum display, there is a single kwvith some fuzz at various frequencies
above and below the primary frequency. Unfortuatéhis fuzz influences both the

receiver and the transmitter.

20.4 The Mixer

Another circuit that is commonly used for frequericgnslation in both transmitters and
receivers is thenixer. It is based on the interesting mathematical tebat if you multiply
two sine signals together, you get a signal thatsists of two components: one with a
frequency that is theum ofthe frequencies of the inputs, the other withem@iency that is
thedifference betweethe frequencies of the two inputs.

For the mathematically inclined, the relevant mathgcal identity is:
2 sin A cos B = sin (A+B) + sin (A-B)

If you set A = Zf;t and B= zf,t then the left-hand side, “2 sin A cos B” reprasemo
sine signals of frequencies &nd § multiplied together. The cos B introduces a phase
difference, which is not relevant to this discuesibhe right-hand side “sin(A+B) + sin(A-
B)" represents the superposition (adding togetbémine signals with frequenciegtff,
and f-f,, the sum and difference frequencies.

For example, if you multiply a 9 MHz sine signal &6 MHz sine signal, you end up with
two sine signals superimposed: one with a frequesfcy5 MHz (the sum of the input
frequencies), the other with a frequency of 3 MHize(difference between the input
frequencies). Electronic circuits that do this nplication are calledanixers

Now it turns out that it is not very easy to acteiya multiply two sine signals without
introducing significant distortion into the outpubne common solution is to use a
switching mixer. Instead of actually multiplyingetlwo signals together, it uses one of the
input signals to switch the other input signal od aff, or to reverse its direction. Here is a
typical circuit diagram for a switching mixer:

A

RF ©®

o
— ¢

3 S

A Double-Balanced Diode Mixer
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In this mixer, diodes are used as the switchingnelds. A strong input signal (generally
derived from docal oscillator is applied at the point marked LO, while a muckaker
radio frequency signal is applied to the point rearlRF. The output signal is taken from
the point marked IF, for “intermediate frequencyhe reason for these names will become
apparent when we study the design of radio recgiver

The strong LO signal is used to “chop” the weakErdignal, with the output appearing at
the IF port. Here is how it works. Assume thatltkesignals polarity is such that point C is
positive with respect to point D. Diodes &nd B will be forward-biased (turned on) while
diodes @ and O will be reverse-biased (turned off). If the diodee properly balanced,
with identical forward bias voltages, the pointvbeén O and B will be at the same
potential as the centre-tap on the secondary winaih T,, that is at chassis (earth)
potential. Point A on the secondary winding @fi at earth potential. If the polarity of the
signal applied to the RF port is such that poiris Aositive with respect to point B, A will
also be positive with respect to the output IF ped the IF port will be negative with
respect to point A, which as we have seen is &h @atential.

Now suppose the LO signal reverses polarity, wthiteRF signal remains as it was. Point
D is now positive with respect to C, so diodesaldd D will conduct, effectively earthing
point B. Since the RF signal is making A positivihwespect to B, it will also make the IF
output positive with respect to B, which is earthed

So in one half cycle of the LO (switching) inputetRF signal makes the IF outpgative
with respect to earth, while in the other half eydhe RF signal makes the IF output
positivewith respect to earth. The result is that the lighal is effectively switching the
polarity of the RF signal as it appears at theugpot.

Hold on a moment. We started talking aboutltiplying two signals together, now we are
talking about using one signal to switch the ptjyaof the other. What is the connection? It
turns out that using the LO signal to switch théapty of the RF signal is equivalent to

multiplying the RF signal by a square function witle values +1 and —1. Multiplied by +1,

the polarity is unchanged; multiplied by —1 ité&versed. One effect of this multiplication is
that, because a square function contains not twelyundamental frequency, but also many
harmonics, these harmonics are effectively mixeith wie input signal as well. So instead
of only getting the sum and difference frequencies, also get the sum and difference
frequencies of the RF signal and each harmonih@flO signal. The unwanted mixing

products can usually be filtered out by suitalters following the mixer.

Diode mixers like this one require fairly high d¥ipower at the LO port — typically
+7 dBm (5 mW) or more. They usually exhibit a caisien loss of 6 to 7 dB, meaning that
each of the output signals is 6 or 7 dB weaker tharRF input signal. However, they are
widely used in amateur applications because thbip#tow distortion.

This mixer design is “double balanced” becauseheeithe RF input signal nor the LO
input signal will be reflected in the output. Anhatanced mixer would allow both the RF
and the LO signals to get into the IF output, wiailesingle balanced” mixer would allow
only one of these signals (typically the weaker tredefore less troublesome RF signal) to
make it into the output.

There are many other mixer designs using transisgpecialised integrated circuits and
other components.

One big advantage of mixers over other frequen@nstation circuits (frequency
multipliers and the like) is that properly designeiixers do not introduce significant
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distortion into the signals. They can be used walthypes of signals, including amplitude
modulated (AM), single sideband (SSB) and audioas

Summary

Frequency multipliers distort the input waveforngenerate harmonics, and then select the
desired harmonic using a bandpass filter. Theybeansed to multiply frequencies by small
integers, typically 2 or 3. Frequency multiplie@noot be used with signals that contain
many frequencies, such as AM or SSB signals, asdhese too much distortion. However,
they can be used with CW and FM signals.

Digital integrated circuits are available that ciwide a frequency by any integer number.

In a phase locked loop frequency synthesiser, titeud frequency is locked to an integer
multiple of a stable reference frequency. By chagghe multiple, different frequencies
can be generated from a single reference frequéloy.output of a PLL synthesiser has
similar stability to the reference frequency, aitgb it will have additional phase noise.

The output of a mixer will contain signals with dreencies that are the sum of the
frequencies of the input signals and the differebetveen the frequencies of the input
signals. Depending on the mixer type, it may alsotain signals at the same frequency as
one or both of the input frequencies — if both infrequencies are suppressed then the
mixer is “double balanced” while if only one inpsignal is suppressed it is “single
balanced”. Switching mixers will also typically dam mixing products caused by mixing
various harmonics of the switching (LO) input witie low-level (RF) input. Unwanted
mixing products must be removed by suitable filegrthe output.

Revision Questions

1 A frequency multiplier stage is generally:
a. Biased into non-linearity.
b. Operated in class A.
C. Used with regeneration.
d. Used in processing SSB signals.

2 The circuit forming the basis of a frequency syritesiser is a:
. Phase locked loop.

b. Automatic Gain Control.

C. Beat Frequency Oscillator.

d. Power Amplifier.

Q

3 Frequency multiplication is often used in UHF traassmitters. This is commonly
achieved by applying RF power to diodes and tunedrcuits. Such a device is

Varactor multiplier.

Heterodyne mixer.

Diode detector.

Power amplifier.

QeooToE
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9

The reference frequency of a PLL frequency syntlsiser is 10 Hz and the
programmable divider is set to divide by 315 000. fle synthesised frequency
will be:

a. 315 kHz

b. 3,15 MHz

C. 31,5 MHz

d. 315 MHz

The cut-off frequency of the lowpass filter in &LL frequency synthesiser will
typically be:

a. Lower than the reference frequency

b. Higher than the reference frequency

C. Equal to the output frequency

d. Higher than the output frequency

A frequency multiplier could be used with the fdowing signal without
creating objectionable distortion

a. An amplitude modulated (AM) signal

b. A frequency modulated (FM) signal

C. A single sideband (SSB) signal

d. An audio-frequency voice signal

A local oscillator signal at 10 MHz is mixed witha 14 MHz signal, using a
perfect double-balanced mixer. The output of the mier will contain the
following frequencies.

a. 10 MHz and 14 MHz only.

b. 4 MHz, 24 MHz and possibly other frequenciesval.
C. 4 MHz and 24 MHz only

d. 10 MHz, 14 MHz and 24 MHz only.

Which of the following circuits can be used to dnge the frequency of an
amplitude modulated signal?

a. A frequency multiplier

b. A PLL frequency synthesiser
C. A mixer.

d. Any of the above

As well as the mixing products, the output of aisgle-balanced mixer will

contain:

10

a. Nothing except harmonic mixing products.

b. One of the input signals.

C. Both of the input signals.

d. The average of the two input signals.

A switching mixer operates by

a. Reversing the polarity of one of the inputs aejoey on the polarity of the
other.

b. Accurately multiplying two sine signals together

C. Adding the two input signals together and théstodting the result to
generate mixing products.

d. Relying on the square-law transfer characteristf Field Effect

Transistors.
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Chapter 21: Modulation Methods

21.1 Modulation

Radio is based on the fact that electromagnetiewab certain frequencies can travel great
distances and still be strong enough to be detdwtesl radio receiver. However, in order
for this effect to be useful, we need a way of gegpdéhformation with, or imprinted upon,
the radio waves. The sort of information that wehwio send—human speech, images or
perhaps digital information—is not generally of tberect frequency to benefit directly
from the ability of radio to span great distancEsr example, the human voice has
frequencies that range from approximately 50 H2@dkHz. These frequencies are much
too low to be effectively propagated as radio waves

Modulation is the process of imprinting informatiam radio waves, so we can take
advantage of the propagation of radio waves tostréinthe information to a distant
receiver. The radio wave is known asaarier, while the information superimposed on the
carrier is known as th@odulationor modulating signal

At the receiving end, the information must be eateid from the carrier signal. This process
is known asdemodulationor detection The original modulating signal (or at least a
reasonable facsimile thereof) is the end product.

21.2 Amplitude Modulation (AM)

One of the earliest methods of modulatioramplitude modulationor AM. Although not
widely used in the amateur service any more, litIstes on in the AM transmissions of
commercial radio stations in the medium frequeray“fnedium wave”) broadcast band
and in VHF aviation communications. In amplitudedulation, the amplitude (strength) of
a radio frequency signal, called ttarier is varied according to the amplitude (strength) of
the modulating signal.

The plot below shows a low frequency sine signadi, #e result when this signal is used to
amplitude-modulate a higher frequency carrier.

A I [\f\f\/\/\/\f\n il N [\f\/\/\/\f\f\/\
[V VUV

~
N

A modulating signal and amplitude-modulated carrier
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See how the amplitude of the high frequency cawigre varies in step with the amplitude
of the low frequency modulating signal. When thephimde of the modulating signal is
zero, the amplitude-modulated wave is at its “agetautput level. When the amplitude of
the modulating signal is positive, the amplitudedulated signal is above this “average”
amplitude, and when the modulating signal is belpsvo, the output is below this
“average” level.

The modulation depthof an amplitude-modulated signal is the percentagevhich the
carrier signals varies above and below its avefagel in response to the modulating
signal. In this example, the carrier is 80% modedabecause the peak in the carrier
amplitude is 80% above its average level, and timmmm carrier amplitude is 80% below
its average level. The maximum possible modulatiepth is 100% modulation. In a 100%
modulated AM signal, the carrier amplitude decredsezero when the modulating signal is
at its most negative. Any attempt to modulate atanthan 100% results in the carrier
“bottoming out” at zero amplitude and distortinge tmodulation signal. This situation is
known as overmodulationintroduces a great deal of distortion. Becausecatises
interference to adjacent channels, overmodulatiwulsl be avoided. An example of an
overmodulated signal is shown below:

An overmodulated AM signal

Amplitude modulation has the advantage that itasy\simple to recover the modulating
signal from the amplitude-modulated signal in teeeiver. A simple half-wave rectifier

followed by a lowpass filter will recover the modtihg signal, which is typically an audio
signal. The plot below shows a half-wave rectiffdd signal, and the result of passing this
signal through a lowpass filter.
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A half-wave rectified AM signal and the recoverestmiation

The lowpass filter has removed what remains of ¢herier, leaving the modulation
“envelope” and a DC offset (which is indicated bg fact that the recovered signal is not
symmetrical about the X axis). The DC offset canshaply removed by a blocking
capacitor to obtain the original modulating sigiidle process of recovering the modulation
signal from a modulated signal is knowndesnodulatioror detection

Another way of looking at amplitude modulationhat it consists of multiplying the carrier
by the modulating signal plus a DC offset. The ead the DC offset would be chosen to
ensure that the sum of the modulating signal aedofifiset always remains positive, in
order to prevent over-modulation. We know that iplittation implies a mixing process, so
that amplitude modulation consistsmixingthe carrier and modulation signals, resulting in
an output that contains tisamanddifferenceof the input frequencies, and possibly other
components. In this case, the output also incltldesarrier wave. The DC offset that we
added to the modulating signal has a frequencerd thecause it's DC) which also mixes
with the carrier, creating a sum frequency (theieafrequency plus zero) and a difference
frequency (the carrier frequency minus zero) tiratth the same frequency as the carrier.

If the carrier frequency isdand the modulating frequency; Fthe amplitude-modulated
signal will have frequency components @f F: - Ry and k + Ry. These components can
be plotted on a graph that shows frequency on ttaxiX and the relative amplitude of
different components of the signal on the Y-axihisTgraph is called thérequency
spectrunof the signal.

The vertical line above the carrier frequengyr@&presents the carrier, while the lines above
frequencies £- Ry and k + Ry, represent the sum and difference frequencies ctgply.
Note that the carrier is much stronger than eitfiehe other components. In an amplitude-
modulated signal, two thirds of the power is camadiin the carrier; the sum and difference
frequencies together make up only one third otdlted power of the modulated signal.
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The frequency spectrum of a carrier amplitude-mathd by a sine signal

So far we have only considered a carrier that e bnodulated by a single sine signal.
However, speech consists of a whole range of fregas, with many different frequency
components present simultaneously in a speechlsigna

Fortunately it is quite simple to figure out whatpipens if we amplitude-modulate a carrier
with a speech signal that contains many differeajdency components. Each of the
different frequency components in the speech wihte two output signals, one at the sum
of the carrier frequency and this component of mhedulating signal and one at the
difference frequency. The following plot shows tlieequency spectrum of some
modulating signal (it is on the left of the grajpl,a low frequency) and the corresponding
amplitude-modulated signal. The modulating signaltbis graph is called baseband
signal, as it is related to DC (a frequency of ( hist like the sidebands are related to the
carrier.

Relative
Amplitude

m‘\ N
CF

in
Frequency
Spectrum of a modulating signal and the correspagp@mplitude-modulated signal
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See how each component of the modulating signaksponds to two components of the
resulting amplitude-modulated signal, one abovecteier (thesum) and one below the
carrier (thedifferencg.

The total of all the “sum” components of the modedasignal — that is, all the components
of the modulated signal that are higher in freqyeth@an the carrier — is called tlpper
sidebandof the AM signal. The total of all the “differericeomponents — that is, all the
components of the modulated signal that are lowdreiqguency than the carrier — is called
thelower sidebanaf the AM signal.

In order for speech to be reproduced intelligiflgquencies from about 300 Hz to 3 kHz
are required. This means that for a communicatypade AM signal, such as is used in the
amateur service, the upper sideband will extenth fB90 Hz above the carrier to about
3 kHz above the carrier, while the lower sidebaiitiextend from about 300 Hz below the

carrier to about 3 kHz below the carrier. So thaltoandwidthof the signal is 6 kHz, from

3 kHz below the carrier frequency to 3 kHz abowedhrrier frequency.

This analysis of the frequency spectrum of an AMnal shows the two greatest
disadvantages of amplitude modulation.

1. The component of the signal at the carrier frequarmnveys no information (it is
an unvarying carrier), and yet it consumes twodthiof the power of the signal.
AM is therefore rather inefficient power-wise.

2. An AM signal transmits two copies of the modulatinfprmation, one in the upper
sideband and one in the lower sideband, while onky of these sidebands would
be sufficient to recover the original modulationMAis therefore also rather
inefficient in terms of the amount of spectrum @nency spread) required. This
effect is particularly important on the crowded & bands.

21.3 Double-Sideband Suppressed-Carrier Modulation

We could overcome the first of these problems —pibmrer wasted by the carrier — if we
could generate a signal without a carrier. Thieaffcan be achieved by lmlanced
modulator which outputs only the sum and difference comptsjebut not the carrier
itself. Mathematically this process is equivalemsimply multiplying the carrier signal by
the modulating signal, without adding any DC offséhe plot below shows a low
frequency sinusoidal modulating signal, and theaulteg double-sideband suppressed-
carrier modulated signal.

If you look carefully, you will notice that the pbm of the modulated signal changes at the
point where the modulating signal becomes negative.

V1.2 © 2005 to 2016 SARL 178



South African Radio League Introduction to AmatBaudio

1k

A sine signal and double-sideband suppressed-carmezlulated signal

This time, because there is no DC offset on the uladithg signal, the resulting double
sideband modulated signal is zero when the modglatignal is zero. When the
modulating signal goes from being positive to baiegative owvice versathe phase of the
modulated signal is inverted, indicating that thedulating signal has crossed the axis.
Note that you could not use a simple half-waveifiectand lowpass filter to recover the
modulation.

The frequency spectrum of a double-sideband, seppdecarrier signal is shown below,
using the same multi-frequency modulating signahake last plot.

Relative
Amplitude

N ||H‘||
cF

Frequency

Modulating baseband signal and the correspondingpii®-sideband
suppressed-carrier signal
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Not surprisingly, it looks exactly like the frequsnspectrum of the amplitude-modulated
signal, but without the carrier. Double-sidebangpassed-carrier signals are more power-
efficient than amplitude-modulated signals, sinbeytdo not waste any power on the
carrier. However, they still transmit the same infation twice, wasting 50% of
transmitted energy, and are as inefficient withcspen usage as AM. For this reason,
double-sideband suppressed-carrier signals ary teged in practice.

21.4 Single-Sideband (SSB)

In order to avoid wasting bandwidth, we could siynialke a double-sideband suppressed-
carrier signal and remove one of the sidebandsjngaonly a single sideband remaining.
This type of modulation is formally known as “siaglsideband suppressed-carrier
modulation”, but is usually called just “single sithnd” or “SSB”. If we remove the lower
sideband, the result would be an upper sidebandB)W&nal. If we remove the upper
sideband, the result would be a lower sideband flstghal. The two plots below show the
frequency spectra have lower sideband and uppebaid signals. The carrier frequency is
shown as a dotted line so you can see where thadney spectrum is in relation to where
the carrier would have been if it had not been segged; but of course the carrier is not
actually transmitted.

Relative
Amplitude

cF
Frequency

The frequency spectrum of a baseband modulatimgakand the corresponding
lower sideband signal
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Relative
Amplitude

| ‘ |
cF
Frequency

The frequency spectrum of a baseband modulatingakand the corresponding
upper sideband signal

Note that in the lower sideband signal, the fregyespectrum of the modulating signal has
been inverted (low frequencies in the modulatirgnal correspond to high frequencies in
the lower sideband signal amtte versy while in the upper sideband signal the spectrum
in the modulated signal is the same way around w&as in the modulating signal. In fact,
an upper sideband signal has an identical frequepegtrum to the original modulating
signal, but translated to a higher frequency.

SSB is the most commonly used means of transmisfiegech in the amateur service on the
HF bands. Both upper and lower sideband are usgedoBvention, lower sideband is used
on frequencies below 10 MHz, while upper sidebasdused on frequencies above
10 MHZ',

Because SSB signals do not have a carrier, thevescequency must be accurately
adjusted to properly recover the original audio.yAmaladjustment of the receiver
frequency will result in the pitch of the audio mgislightly too high or too low. Resulting
signals can sound a little like Donald Duck (toghipitched) or Darth Vader (too low-
pitched). This distortion is not too important &peech, as it is easy to adjust the receive
frequency sufficiently accurately to make speedélligible, but it is the reason why AM or
FM are usually preferred for music transmissionsen® even a slight frequency shift in the
received audio would be problematic.

21.5 Continuous Wave (CW)

Continuous Wave (CW) consists of turning the carda and off in order to convey
information in Morse code. The name comes fromféuoe that the first transmitters used
sparks, and were not capable of transmitting aimoeotis signal. Their transmitted signals
would consist of an initial strong oscillation whire spark sparked that rapidly died down,
known as “damped waves”. So when the first tubetddasansmitters became available that
were capable of transmitting continuously, theyeavealled “continuous-wave” or “CW”

* The experimental 5 MHz band is an exception, Wi8B being used by convention.
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transmitters, despite the fact that information waasmitted by turning the carrier on and
off with the resulting combination of dits and dabpresenting characters in Morse code.

It might seem at first as though he frequency spetbf a CW transmission should contain
only the carrier, since the transmission consibtsiming the carrier on and off. However,

turning a carrier on and off is the same as angonodulating it with a waveform that is

at some fixed DC level when the carrier is to bedd on, or at zero when it is to be turned
off, and so we should expect some sidebands ikekied signal. Such sidebands do exist,
but because Morse is normally sent at relativebwskpeeds (lower than 50 Hz), the
resulting bandwidth is quite narrow. When the kgywaveform is an exact square

function, the harmonic content of the keying wavefacauses an increase in bandwidth,
causing interference to adjacent users. This imenice is called “key clicks” because
clicks can be heard as clicks in a receiver whes tined close to, but not actually on the
same frequency as, the CW transmission.

The shape of the envelope of the CW waveform —ithdhe way it is turned on and off —

has a big influence on the strength of the keyksl@nd how far they extend away from the
carrier frequency. If the carrier reaches full aitople as soon as it is turned “on”, and zero
amplitude as soon as it is turned “off” then adbtkey clicks will be generated, causing

noticeable interference to stations several kiltzhaway. To avoid this interference, the
carrier should be allowed to “ramp up” to full anpdle relatively slowly, and to decay

back to zero over a while when it is turned offeTdptimum ramp-up and decay period for
a CW signal is around 5 ms. This waveform can d@emed using a capacitor that is

charged and discharged through a resistor to diterthe keying envelope. This circuit

acts as a simple lowpass filter, attenuating thgh-fiequency harmonics of the keying

waveform that would otherwise cause key clicks.

Although it may be branded as archaic, CW is stiWidespread use. One of its advantages
is that it is intelligible with much lower signatrengths than any voice signal. Practical
listening tests have shown that CW requires ab&itBl less power for the same
intelligibility as an SSB signal. A 100 W CW tranister will “get out” as well as a 2 kW
SSB transceiver. As of 2015, the major CW contstiisattract tens of thousands of keen
participants.

21.6 Frequency Modulation (FM)

Instead of varying theamplitude of the carrier depending on the amplitude of the
modulating signal, frequency modulation (FM) varig® frequencyof the carrier in
response to changes in the amplitude of the madglaignal. For example, when the
amplitude of the modulating signal is positive, fhequency might be increased slightly
from the original carrier frequency, and when thedmlating signal is negative, the
frequency of the carrier might be reduced slightlige plot shows a frequency-modulated
signal:
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A

A sine signal and the corresponding frequency-matddisignal

Note that the amplitude of the signal remains @mtstvhile the frequency varies according
to the amplitude of modulating signal. The amoumtfrequency change has been
exaggerated to make it easier to see.

The amount that the frequency of the carrier irmesaor decreases in response to the
modulation is called theleviation of the signal. The frequency of the carrier ishbot
increased and decreased by the deviation, so $ayral with a deviation of 2,5 kHz, the
frequency of the modulated signal will range frotb BHz below the centre frequency to
2,5 kHz above the centre frequency, for a totahgkaof 5 kHz.. The centre frequency is
the carrier frequency with no modulation applied.

The deviation ratio or deviation indexthe maximum deviation divided by the highest
modulating frequency.

For example, if the deviation is 2,5 kHz and theximaim modulating frequency is 3 kHz,
the deviation ratio would be 2500 Hz/3000 Hz = 0,83

The voice-grade FM transmissions typically usedalyateurs are referred to asrrow-
band frequency modulatiogfiNBFM). In NBFM the deviation is kept to about XHz and
the resulting signal has a bandwidth of 5 to 6 kttamparable to that of a communications-
grade AM signal. Commercial FM broadcast statidnyscomparison, have a deviation of
75 kHz and a correspondingly much wider bandwidthgh deviation ratios trade
bandwidth for quality. Although much spectrum sp@cased, the resulting clarity is ideal
for broadcast applications, such as music stations.

FM signals have the advantage of better audio tyuatien the strength of the radio signal
being received is fairly strong. When an FM sigisalvell above the atmospheric noise
level, the amplitude variations due to noise hattie leffect on the receiver, which is only
sensitive to variations in the signal frequency aatlits amplitude. However, the quality of
the recovered audio drops rapidly as the signahgth weakens and gets closer to the level
of atmospheric noise. For this reason, amateurslynese FM for local communications on
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VHF bands like the 2 m band (144 to 146 MHz) andRU¥4nds like the 70 cm band (430
to 440 MHz) where signals are usually strong amdoapheric noise is slight. For long-
range communications in the high frequency (HF)dsabetween 3 and 30 MHz, where
signals are often weak and atmospheric noise fairbng, SSB is preferred.

21.7 Digital Modulation Techniques

So far we have concentrated on “human readableiatsg like the various phone (voice)
modes and CW. However, an increasing role is bplaged by digital communications,
where radio is used to transmit digital informattmetween two computers. In this case, the
information that is being transmitted consists iofaby bits (ones and zeros). In fact, even
speech signal are increasingly being transmittedigital form, by first being converted
into numbers, then transmitted, and then convdréett into speech.

Frequency-Shift Keying (FSK)

A simple modulation method for digital informatidas frequency-shift keying, where the
transmitter transmits one of two possible frequendepending on whether it is sending a
zero or a one. The two frequencies are called itierk” and “space” frequencies, with the
“mark” frequency corresponding to a logic “1” aret*space” frequency corresponding to
logic “0".

FSK is used by modes such as RTTY (radio teletypeh)ich allows interactive
communication between two computers and PacketoRadiich provides electronic mail
and file transfers over radio links. Amateurs s@rtusing RTTY with converted
commercial teletype machines, but these days madtYRis worked with a computer
sound card. Modulation and demodulation are dortedrcomputer, using software such as
the free application MMTTY. Low baud rates of ardutb Bd (the unit “baud” means bits
per second) are typically used.

Phase-Shift Keying (PSK)

Instead of shifting th&requencyof the carrier, it is possible instead to shilt phaseof the
carrier depending on whether a one or a zero rgaeansmitted. The resulting modulation
method is called phase-shift keying (PSK). PSK rsfgered over FSK in most modern
applications because it is more efficient in teohbandwidth usage.

PSK comes in several different forms.bimary phase-shift keyinBPSK), the transmitted
signal has one of two different phases, say 0°86¢,1allowing one binary bit (a one or a
zero) to be transmitted at a time.doadrature phase-shift keyif®@PSK), the transmitted
signal can have one of four different phases (@", 880° or 270°), allowing two binary bits
to be transmitted at a time.

The most popular amateur mode to use phase- séyfindg is PSK-31, which is an
interactive digital mode that allows two operattirs’chat” to each other in real time over
the radio. Everything that either operator typeshis; or her keyboard is immediately
transmitted and displayed on the computer screetheobther operator (and anyone else
who is listening). PSK-31 can use either BPSK 06QPWhen using QPSK the increased
throughput is used to provide error detection ardection.

WSJT

Nobel physics prize laureate Joe Taylor K1JT hasrabled a suite of different modulation
modes in a single package called Weak Signal byTaodor (WSJT). Many different
modulation modes are included, all using variati@isPSK and FSK plus multiple
redundancy and very slow baud rates to achievetapdar weak-signal performance.
Using WSJT—which can be downloaded for free—andiamal sound card, anyone can
enjoy weak-signal communications under conditianp®or that the operator may not even
be able to hear a signal. The different modes gtemsed for different applications.
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JT65B, for example, is optimised for EME (earth-mamarth) communications at
144 MHz, and has become the de facto standardh&mbode. Using JT65B, EME is now
within reach of almost anyone.

Detractors point out that their interest in hamiagad largely driven by what they hear.
They wonder what the attraction is when your PQastacting another PC, and the
operator cannot even hear the weak signals...

Error Correction

Any modulation technique is prone to errors. Randwise can corrupt all or part of a
transmission. It would be useful to know when sectors occur, and possibly even to
correct them automatically.

Forward Error Correction(FEC) uses redundant information to allow the ireneto detect
and possibly even correct errors, without havingdmmmunicate back to the transmitter. A
simple FEC strategy would be to simply send eachsage twice. The two versions can
then be compared at the receiver. If they are id&inthey are probably correct. If they are
not identical, there has been an error. Most FESEs anerror correcting code(ECC),
which contains enough redundant information insdeh character to enable FEC. The
first such code was Hamming's 7-4 code in the 1940yhich the five-bit codes were
expanded to seven bits. Four of these bits hae 1o If they weren't, the character was not
correct.

Retransmission protocolre used in packet-switched networks, in whichniessage to be
transmitted is broken up into pieces knownpasketsbefore transmission. Any message
consists of a number of packets, which can be gasskvidually through a network that
may be unreliable. If the receiver receives a packact, it issues an acknowledgement
(ACK). If the receiver detects that a packet haanb#amaged, it can request that the packet
be re-sent (ARQ). If the transmitter receives amQA& does not receive an ACK after a
certain period, it retransmits that packet. Thisategy requires a two-way link and
introduces considerable overhead, but produces-a® data. TCP/IP, which runs on the
Internet, is an example of a retransmission prdtoco

Summary

Modulation is the process of imprinting informatiam radio waves, so we can take
advantage of the propagation of radio waves tostrainthe information to a distant
receiver. The radio wave is known asaarier, while the information superimposed on the
carrier is known as themodulation or modulating signal At the receiving end,
demodulatioror detectionresults in the original modulating signal (or eadt a reasonable
facsimile thereof).

In amplitude modulation (AM), the amplitude of af Rarrier is varied according to the
amplitude of the modulating signal. The resultiniyl Aignal consists of the carrier, the
upper sideband (at a higher frequency than theechand the lower sideband (at a lower
frequency than the carrier). The carrier takesttwirals of the power of an AM signal, with
the remaining one-third of the power being shargdaby between the upper and lower
sidebands. Although AM signals are easy to demoeulging a half-wave rectifier and
lowpass filter, they are inefficient both in termspower (because the carrier conveys no
information but takes 2/3 of the power) and bandwidince the modulating information is
replicated in both sidebands).

Modulating signals are referred tmasebandsignals, and are generally found at low
frequencies near DC (or 0 Hz).
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A double-sideband suppressed-carriggnal is similar to an AM signal but without the
carrier. It can be generated usingadanced modulatorfThe resulting signal is more power-
efficient than an AM signal, but still uses twi¢e tbandwidth of the modulating signal.

In a single-sideband suppressed-carri@ingle sideband, or SSB) signal, the carrier and
one sideband have been removed, leaving only dessideband. SSB signals may be
upper sidebandUSB) or lower sideband(LSB). In LSB signals the spectrum of the
modulating signal is inverted in the modulated algrin USB, the spectrum is simply
translated to a different frequency but is not ne@ SSB is one of the most efficient
means of voice communications, especially whenasigimengths are low.

Continuous WavéCW) transmission consists of turning the carrmegtiency on or off, and
is used to send information in Morse code. CW iteatively a type of amplitude
modulation, and the keying sidebands are knowrkas tlicks”. Their extent and strength
can be reduced by turning the carrier on and offergradually, over a period of about
5 ms.

In frequency modulatioFM) the frequency of the carrier is varied acdaogdto the
amplitude of the modulating signal while the amjl# remains constant. FM signals are
capable of very good audio quality provided theeremd signal is fairly strong, but quality
deteriorates rapidly as the received signal stremgtakensNarrowband FMtransmissions
by amateurs usually have a deviation of 2,5 kHgultang in a bandwidth of 5 to 6 kHz,
which is similar to that of an AM transmission.

Frequency-shift keyingFSK) andphase-shift keyindPSK) are used to transmit digital
information. In FSK, one of two frequencies is santted depending on whether a one or a
zero is being sent; while in PSK the phase of thesmitted signal is varied to indicate that
a one or a zero is being sent. FSK is used by middefRTTY and Packet, while PSK is
used by PSK-31. The WSJT suite is increasingly deumsed for weak-signal
communications.

Forward Error Correction(FEC) andretransmission protocolintroduce redundancy to
detect and possibly correct errors in received.datar-free data transmission can result,
albeit at the expense of lower throughput.

Revision Questions

1 The process which alters the amplitude, phase drequency of an radio wave
for the purpose of conveying information is known a:
a. Alternation.
b. Microphonics.
C. Rectification.
d. Modulation.
2 The process of extracting information containedn an RF or IF signal is
called:
a. Delination.
b. Degeneration.
C. Decoupling.
d. Demodulation.
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3 The baseband signal is also known as the:
a. Carrier.
b. Modulating signal.
C. Upper sideband.
d. Lower sideband.
4 What does suppressing the carrier in an AM signathange the emission type
to?
a. Single-sideband suppressed carrier.
b. Double-sideband suppressed carrier.
C. Frequency modulation.
d. Phase modulation.
5 What is one advantage of double-sideband suppreskcarrier transmission
over standard full-carrier AM?
a. Only half the bandwidth is required for the sanfermation content.
b. Greater modulation percentage is obtainable hitler distortion.
C. The transmitter is more energy-efficient.
d. Simpler equipment can be used to receive a desidkband supressed-

carrier signal.

6 A Class C frequency multiplier stage is unsuitale for raising the frequency of
an SSB signal because of:
a. Impedance mismatch.
b. Severe distortion.
C. Lack of a carrier.
d. Untuned output circuits.
7 What signal component appears in the centre of aamplitude modulated
transmitter’s emitted bandwidth?
a. The lower sidebands.
b. The subcarrier.
C. The carrier.
d. The pilot tone.
8 In a frequency modulated signal, deviations fromthe carrier frequency
depend on:
a. Amplitude of the audio signal.
b. Ratio of amplitude to frequency of the audimsig
C. Frequency of the audio signal.
d. Frequency of the original carrier signal.

9 What sideband frequencies will be generated by aAM transmitter having a
carrier frequency of 7250 kHz when it is modulatedless than 100% by an
800 Hz pure sine signal?

a. 7250,8 kHz and 7251,6 kHz
b. 7250,0 kHz and 7250,8 kHz
c. 7249,2 kHz and 7250,8 kHz
d. 7248,4 kHz and 7249,2 kHz
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10

11

12

13

14

15

16

The suppression of the carrier wave and one siband in a transmission is
known as:

a. Amplitude Modulation.
b. Frequency Modulation.
C. Single-sideband modulation.
d. Double-sideband modulation.

What determines the bandwidth occupied by each rgup of sideband
frequencies generated by a correctly operating AMransmitter?

a. The audio frequencies used to modulate theriditer.

b. The phase angle between the audio and radiodneigs being mixed.
C. The radio frequencies used in the transmit\éFe.

d. The CW keying speed.

The term Narrow Band FM modulation usually refers to a signal of:
a. + 2.5 kHz deviation.

b. 75 kHz deviation.

C. Low power levels.

d. Very stable frequency.

The bandwidth of a speech-quality AM transmissio should not exceed:
a. 3 kHz

b. 6 kHz
C. 12 kHz
d. 24 kHz

When the modulation signal reduces the amplitudef a modulated wave to
zero periodically, the modulation is:

a. 50 %
b. 100%
c. 200%
d. Overmodulated

The switching on and off of a transmitter to praluce different lengths of
carrier pulses for transmitting Morse code is calld:

a. Current Injection.
b. Keying.

c. Demodulation.

d. Rectification.

CW, SSB, FM and AM are all types of:

a. Time measurement.
b. Carrier modulation.
C. Radio Waves.

d. Amateur Licences.
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Chapter 22: The Transmitter

The purpose of a transmitter is to generate a nateldiiradio-frequency signal that can be
applied to an antenna. This module looks at thegdesf four typical transmitters: a single-
band CW transmitter, a VFO-controlled AM transniitte simple SSB transmitter and a
frequency-synthesised VHF FM transmitter.

22.1 A Single-Band CW Transmitter

One of the simplest transmitters is a VFO-conttbéengle-band CW transmitter. All you
need is the variable frequency oscillator, a budfieplifier (to prevent the variable loading
of the power amplifier from affecting the oscillatbrequency causing chirp), a keyed
power amplifier and a lowpass filter to attenuadentonics.

VFO [——> cp PA Lowpas

|

Keying

A Simple Single-Band CW Transmitter

In this design, the PA could run in Class C for imaxm efficiency since linearity is not
required when amplifying a CW signal. The non-linemplifier would generate additional
harmonics above the desired output frequency, lmsget could be easily eliminated by the
output lowpass filter. The block labeled “keyinghomld include a keying waveform
shaper, to prevent the key-clicks that would beseduby turning the carrier on or off too
rapidly.

A design like this would be most suitable for tler8 (3,5 MHz) or 40 m (7 MHz) bands,
to keep the VFO frequency fairly low in order tdoal reasonable frequency stability.
VFOs are usually best kept below 10 MHz for go@d#ity.

22.2 An Amplitude-Modulated (AM) Transmitter

There are two different ways to build AM transmisteOne way is to generate a low-level
amplitude-modulated signal, and then amplify thignal to obtain the desired output
power. This approach has the disadvantage tharlsmplification is required because the
AM signal contains many frequency components andlimear amplification would cause
inter-modulation distortion. However, it is the mesmmon method in modemultimode
transceivers that can generate AM, SSB and CW Isigi@ad often also FM). This is
because low-level modulation is the simplest wagdoerate an SSB signal, and the same
circuitry can also be used to generate an AM signal

However, for specialised AM transmitters there nisadternative, which is to generate the
carrier signal and amplify it up to the desiredpoatitpower, and then use a high-level
modulator to modulate it at the full output pow&his technique allows more efficient
Class C amplifiers to be used to amplify the carsignal, since before it is modulated it
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contains only a single frequency component (theéarafrequency) and so does not suffer
from inter-modulation distortion.

The following circuit shows a VFO-controlled AM trsceiver using high-level modulation.

% 0 Lowpass PA Modulatgr

Filter \L

VFO Buffe Lowpass
Filter

A VFO-controlled AM transmitter using high-level dtation

The audio input from the microphone is pre-amplifeind then filtered to remove audio
components above the voice range of 300 Hz to 3 kétmpiired for communications-grade
speech. The audio signal is further amplified yosver amplifier and fed to a high-level
modulator that controls the Class C RF power ameplifThe input to this amplifier comes
from a VFO operating on the intended output fregyen

Two-thirds of the energy in an amplitude-modulasegghal is contained in the carrier and
the remaining one-third in the modulation sidebardsthis circuit, the energy for the
modulation sidebands is provided by the audio poawaplifier. So if the carrier power
were 100 W, the audio power amplifier would havestpply 50 W to fully modulate the
signal.

A high-level modulator typically consists ofraodulation transformethat modulates the
supply voltage to the final output stage dependinghe audio modulation. An illustrative
circuit diagram is shown below.
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Audio ey
Input
Modulation
Transformer
RF Choke
| | Modulated RF
I Output
RF
Input

High-level modulation using a modulation transforme

For an example of an AM transmitter using low-lemebdulation, see the simple SSB

transmitter described below. If the balanced mddulés replaced with an unbalanced

modulator, and a crystal filter is used that isevahough to permit both the upper and the
lower sidebands to pass, the result is a low-Imwadulated AM transmitter.
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22.3 A Simple SSB Transmitter

The following block diagram shows a simple singéewh VFO controlled SSB transmitter
for the phone segment of the 20 m band, from 14t40@,350 MHz.

Crystal
Oscillator

Crystal
Filter

Bandpags Lowpass| |
Filter Filter

A

Microphone

)
i
[

A Simple SSB Transmitter

In this simple SSB transmitter, the carrier is gated by a crystal oscillator at a fixed
frequency, perhaps 9,000 MHz. This carrier is mathd by the amplified audio input in a
balanced modulator (represented here by a cirdle avicross inside it, the symbol for a
mixer). Because the modulator is balanced, theutugignal contains the upper and lower
sidebands, but no carrier (so it is a double-siddbsuppressed-carrier signal). A very
narrow bandpass crystal filter is used to seleetupper sideband only, i.e. frequencies
from 9,0003 to 9,0030 MHz, eliminating the lowededband. This technique is called the
“filter method of SSB generation.

Note that most filters that are sufficiently seileetto pass one sideband while rejecting the
other are fixed-tunédso the resonant frequency cannot be altered SBResignal must be
generated at a fixed frequency and then mixed wman to the desired output frequency.

In this case the 9 MHz upper sideband signal isedhiwith the output of a variable-
frequency oscillator that ranges from 5,100 to 8,881z, resulting in two signals. The sum
will be a USB signal in the range 14,100 to 14,888z, while the difference will be an
USB signal ranging from 3,900 to 3,650 MHz (invdjteThe bandpass filter following the
mixer is an ordinary inductor-capacitor filter, whiis designed to pass the frequency range
14,100 to 14,350 MHz (the phone segment of the 28@mateur band) while rejecting
frequencies in the range 5,100 to 5,350 MHz, theaimted mixing product.

The filter is followed by a linear RF power amggifi(probably running in class AB) and a
final lowpass filter that will pass the desired pmuit frequencies in the range 14,100 to
14,350 MHz while rejecting harmonics at 28,200 Mitid above.

® With increasing use of DSP techniques, this statemwill soon cease to be true.
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22.4 A Frequency-Synthesised VHF FM Transmitter

Frequency synthesis is a natural approach for imgjld VHF FM transmitter, since it is not

possible to make a VFO run with sufficient stabiit VHF frequencies. Also, since most
FM operation takes place at distinct frequency feies” spaced 12,5 or 25 kHz apart, a
simple single-loop synthesiser will suffice.

Lowpass Lowpdss
Filter < ( Filter <7
VCXO +102 i e Lowpass VCQ
Comparator Filter
Microprocessa +N

Fregey Synthesiser

A Synthesised VHF FM Transceiver

The signal from the microphone is amplified andnthdtered to restrict it to the
communications voice range of frequencies belowH3 kThe signal then frequency-
modulates a voltage-controlled crystal oscillatilCKO) running at 12,8 MHz, which
would probably use a varicap diode to “pull” thgstal frequency slightly. The frequency-
modulated output of the crystal oscillator is thiwided by 1024 to generate a frequency-
modulated 12,5 kHz reference signal for the PLIgdency synthesiser, which is made up
of the functional blocks shown in the dashed reglitan

Since the voltage controlled oscillator (VCO) ire tllequency synthesiser is phase-locked
to the reference frequency, it will follow the g¢iigchanges to the reference frequency
caused by the frequency modulation, so the outpiiiteofrequency synthesiser will also be
frequency-modulated. To cover the entire 2 m bdre “tN” divider in the frequency
synthesiser would range from 11 521 (for an outguency of 144,012 5 MHz) to 11 679
(for an output frequency of 145,987 5 MHz). The ¢Nider would be controlled by a
microprocessor, which would select the correctsilvi ratio according to the frequency set
by the user.

The output of the frequency synthesiser would belified by the power amplifier and
filtered by a lowpass filter to remove harmonics.
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Chapter 23: Receiver Fundamentals

A radio receiver is the heart of any amateur radsgballation, whether it is a stand-alone
receiver or combined with a transmitter asamsceiver It is relatively easy to build a good

transmitter. All you really need is good frequerstgbility, adequate power and a clean
output signal (no harmonics, key clicks or intereulation distortion). It is much harder to

build a good receiver, and consequently there isema@riation in receiver capability

amongst both commercial and homebuilt designs.

23.1 Noise in Receivers

The main limitation to a receiver’s ability to dedubate a signal is thgignal to noise ratio
(SNR). This ratio is normally expressed as theoréiti dB) of the total signal entering the
antenna terminals (including noise) to the noiselfit So:

SNR=(S+N) =N

Sis the desired signal is the noise, including anything except the dessignal. Other
signals are also noise, for our purposes.

The following sources of noise contribute to threntél in the above equation:

0 Receiver thermal noise:Semiconductors produce noise due to the semi-rando
movement of electrons in the semiconductor matefibls noise is temperature
dependent. The intensity of the noise is expreasdd| = kTB, with R, being the
noise power, k being Boltzmann’s constant, T bénegnoise temperature in K and
B being the bandwidth in Hz. The higher the tempeea the more noise. The more
bandwidth, the more noise. In some specialisediGgijuns, receiver components
are actually cooled down to reduce receiver nois@wever, specialised
semiconductors can produce lower noise temperatuithe receiver. Good design
and construction practices can reduce the noiskeimeceiver, leading to a lower
effective temperature.

0 Other receiver noise: Early synthesisers created lots of phase noises fidise
was due to phase jitter in the PLL’s VCO. This ro#éso contributes to receiver
noise, and is bandwidth dependent, just like thenomse.

0 Band noise:

o Atmospheric noise: Distant thunderstorms contribute to a general enois
level on the band, which masks weak signals. Attnesp noise is mostly
a problem on the low bands, except when thereasyheeather close by.

o0 Electrical noise: Powerlines, switching gear, automotive ignitiorsteyns
and electric motors may produce noise that enberamtenna.

o0 Ground noise: The ground around the antenna radiates noise,hwikic
temperature dependent, much like semiconductoenois

0 Galactic noise: Certain galaxies and regions in the sky radiate tf
noise. The sun is the most dominant of these ssutnegeneral, galactic
noise is only a problem at VHF and above, as theenatherwise does not
penetrate the ionosphere below the critical frequen

o Other signals: Any signal except the one that we specifically tvem
receive contributes to noise.

At HF and below, the band noise is normally welbab the receiver noise. However, at
VHF and above, the receiver noise starts beconmiagjrniting factor. Designers have to go
to great lengths to reduce the receiver noise talile to hear weak signals. At these
frequencies, low noise preamplifiers, low-loss eatdnd even cryogenic cooling come into

play.
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The noise figure of a receiver is specified in dBe same information can be stated as a
noise temperatutel he advantage of this approach is that the sifgptaeulaPy = kTB can

be used to calculate the actual noise power inrdleeiver, which can then be simply
compared to the incoming signal to determine SNk fEmperature is stated in kelvin (K),
which has the same magnitude as °C but startsdidfeaent point. At O K, there is no
kinetic energy due to temperature. It is also knasabsolute zeroAt absolute zero, there

is no thermal noise. 0°C =273 K, and 100°C = 373Normal room temperature is
therefore around 300 K.

23.2 Receiver Characteristics

Selectivity

When propagation conditions are good (i.e. stroadior signals are propagating long
distances) the amateur bands can be a very cropided. If you listen during any CW
contest, for instance, you will hear signals spab@@ to 200 Hz apart over the entire CW
section of a band. So the first attribute a go@eireer must have iselectivity the ability to
distinguish between close-spaced signals and mceily the one that the listener is
interested in. The selectivity is mostly determibgdandwidth, specified in Hz.

Sensitivity

Many of the signals on amateur bands are very weakng come from low-powered
transmitters a long distance away, so the secomithiae an amateur receiver needs is
sensitivity the ability to “hear” very weak signals. Sensitivcan be expressed in terms of
the voltage (in pV) or power (in dBm) to producspecific SNR.

Dynamic range

Since these weak signals may be adjacent to stigngls, perhaps from other amateurs in
your town, amateur receivers need another attrilolyigamic rangeDynamic range is the
ability to receive a weak signal despite the preseof other much stronger signals on
nearby frequencies, and is expressed as a ratiB,ialong with the separation between the
signals. The further apart the signals are, theemoterfering signal the receiver can
tolerate.

To get an idea of the challenges faced by recalesigners, a typical weak signal on an
amateur band might deliver a power of =120 dBm fthemantenna—that’s one thousand-
millionth of a microwatt. A strong signal might dedr —30 dBm, or one microwatt. So a
strong signal could be 90 dB (a thousand milliome$) as strong as a weak signal—and yet
the receiver might need to select and amplify tleakvsignal to a usable level, without
being affected by the strong signal a few kilohexay!

This module introduces two simple receiver desigtieetuned radio frequencyeceiver
and thedirect-conversiorreceiver—and considers how well they meet thegairements.
It also introduces many of the concepts that yoll méed for the next module, which
covers thesuperheterodyne receiver

23.3 The Tuned Radio Frequency (TRF) Receiver

One of the simplest receiver designs, which has leth us almost since the dawn of
radio, is thetuned radio frequencyeceiver. The principle is simple: you use a basdp
filter to select the signal you want, amplify theak radio signals, demodulate the signal
(to recover the audio modulating frequency) andnttznmplify the recovered audio
sufficiently to make it audible in headphones doadspeaker. The block diagram below
shows the layout of a TRF receiver. The block lebbébetector” is a half-wave rectifier to
demodulate AM signals,
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A Tuned Radio Frequency Receiver with Regeneration

The arrows through the bandpass filter indicaté ttiiay are tunable, so they can be used to
select the desired signal. The dotted line joiniimg arrows on the two bandpass filters
mean that they turtegether so a single control will change the tuning oftbfilters.

Many TRF receivers usegeneration which means feeding some of the signal from the
output of the RF amplifier back to its input, inchua way as to reinforce the signal at the
input of the RF amplifier. This technique is a foofpositive feedbackt has the benefit of
increasing the amplification of the RF amplifiee¢@ause some of the signal “circulates”
through it many times, being amplified each timedl also increasing the selectivity, since
the signal also passes through the bandpass diitdre output of the RF amplifier many
times. Of course an amplifier with positive feedbas an oscillator, so if too much
regeneration is applied, the circuit will oscillaRRegenerative receivers (a name for TRF
receivers that use regeneration) usually have aadn adjust the amount of regeneration,
which is adjusted to get the maximum possible sengi and selectivity without
oscillation.

The advantage of TRF receivers is that they ar@lsito construct and require relatively
few components—typically just two or three trarmistand a handful of other parts. This
simplicity made them attractive in the days befamsistors, when thermionic tubes were
used for amplification in radio receivers, as tubese relatively expensive, so the fewer
the better!

Their big disadvantage is that they have very mmbectivity and dynamic range. Tunable
bandpass filters just aren’t capable of rejectingiawanted signal that is only a couple of
kilohertz away from the signal you are listening $o unwanted signals will also get
through to the detector and be recovered as audiause inter-modulation distortion. TRF
receivers are also best suited for receiving AMhalg. Although regenerative receivers can
be used with CW and SSB signals, by adjusting ¢igemeration control so the circuit just
barely oscillates, adjustment is tricky and thelit(paf reception poor. For these reasons,
TRF receivers are no longer widely used.

23.4 The Direct-Conversion Receiver

A design that is used in quite a few homebuilt reers is the Direct Conversion (DC)

receiver. In a DC receiver, the radio-frequencynaigrom the antenna is mixed with a
locally generated oscillator signal, producing tiseal sum and difference mixing products.
The frequency of the oscillator that generates [dgal mixing signal—it is known as the

local oscillator (LO) or beat frequency oscillatofBFO)—is set so the difference mixing

product is at audio frequency. In this way, the @Ceiver “directly converts” the desired

radio-frequency signal to audio, where it can tered and amplified. Let's look at the

circuit in a little more detail.
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A Direct-Conversion Receiver
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The signal from the antenna first passes throudparadpass filter. Unlike in the Tuned
Radio Frequency receiver, this bandpass filteroisrasponsible for the overall selectivity
of the receiver. Its role is simply to reject irfitgence from strong local commercial
broadcast stations and the like. It does not hauettunable—usually a fixed-tuned filter
covering an entire amateur band will suffice.

The signal is then amplified by an RF amplifier ded into the product detector, which is
represented on the diagram using the symbol forx@rm-the circle with a cross in it.
“Mixer”, “Modulator” and “Product Detector” are dédrent names for essentially the same
circuit, depending on the exact role it plays. Pheduct detector mixes the amplified RF
signal with a signal generated by the tunable losalllator, generating the usual sum and
difference mixing product.

Suppose we want to receive an upper sideband signa#t,200 MHz. By convention, we
refer to the frequency of a single-sideband sigisathe frequency where the carrier would
have been if it had not been suppressed. This dreyuis known as thpseudo-carrier
frequency. The upper sideband of this USB signdl span a frequency range from
14,200 3 MHz to 14,203 0 MHz, or 300 Hz to 3 kHpabthe pseudo-carrier frequency. If
the local oscillator is set to exactly 14,200 Mit® difference mixing products will range
in frequency between 300 Hz and 3 kHz. What we fitoree is to translate the USB signal
from its frequency of 14,200 MHz back to the baseba
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This graph shows how mixing the 14,200 MHz USB algmith a 14,200 MHz signal from
the local oscillator generated a difference miximigpduct (signal frequency — local
oscillator frequency) in the audio range and a swaduct (signal frequency + local
oscillator frequency) up above 28,400 MHz.

Although the example used a USB signal, the sameegs would work equally well using
an LSB signal, and the local oscillator frequenayuld still be 14,200 MHz, the pseudo-
carrier frequency. The following graph shows thensagprocess with a lower sideband
signal.
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Once again the difference product is back in thdicafrequency range, while the sum
product is at around twice the signal frequency2&®u00 MHz. Also note how for the
lower sideband signal, the mixing process has tadahe sideband (so the recovered audio
is the mirror image of the sideband), which make$au the sideband inversion that would
have occurred when the LSB signal was generated.

So whether the signal is USB or LSB, mixing it withocal oscillator at the pseudo-carrier
frequency will demodulate it and recover the audithe baseband.

To complete the hat trick, suppose we have a C\Wasigt 14,200 MHz. All we need to do
is set the local oscillator just below it—say at1B® 4 MHz, which is 600 Hz below the
CW signal—and the difference mixing product will €00 Hz tone, just right for listening
to CW. So we can also use the product detectoedeive a CW signal. Setting the local
oscillator 600 Hz above the CW signal would worktjas well.

We now pass the recovered audio through a lowpléess The main purpose of the filter is
to remove the difference mixing product from signaéar to the one that we are listening
to. For example, suppose there is a CW signal 2054MHz while we are listening to our
14,200 MHz USB signal. The difference mixing prodotthe 14,205 MHz CW signal and
the 14,200 MHz local oscillator is 5 kHz—in otheonds, we have translated the unwanted
CW signal downwards in frequency to the audio rgngeas we have translated the wanted
USB signal to audio. However, a lowpass filter watleutoff frequency of around 3 kHz or
so should be able to remove the unwanted CW sigithbut affecting the desired USB
signal.

Because it is quite easy for a strong signal taload a mixer, causing inter-modulation
distortion, the gain ahead of the mixer (i.e. taengf the RF amplifier) is usually kept low
so as not to amplify unwanted strong signals aretload the mixer. Most of the gain in a
Direct Conversion receiver is at audio frequendieshe amplifiers following the lowpass
filter.
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The only remaining part of the circuit is the Autatic Gain Control (AGC) system.
Because there is such a wide range of signal streram the air, and because the strength
of a particular signal can vary with propagatiommfes, it is useful to have some way of
automatically controlling the gain of the receiv€here must be a lot of gain to amplify
weak signals, which must be reduced to avoid oadifay when strong signals are present.
While this effect could be achieved with a manuaperated gain control, but the poor
operator would have to constantly work at it, andynoccasionally be punished by a
painfully loud signal when the gain is not reduggickly enough. Also, when tuning from

a strong signal (with the gain turned right dowm)at weak signal, a weak signal can be
missed altogether unless the gain is turned up firs

The solution is AGC. The AGC detector samples thdia signal after the first audio
amplifier, and automatically adjusts the gain & BF amplifier and the audio amplifier to
keep the output signal level fairly constant. Thepat signal is then amplified by a final
audio power amplifier and used to drive headphamesspeaker. The AGC control voltage
is often also used to drivesggnal strength meteknown as an “S meter”, that indicates the
strength of the received signal using a fairly &aloy scale calibrated from S1 (a very weak
signal) to S9 (a very strong signal). S metersgamerally not well calibrated, but S9 is
often taken as being 100 pV, with every S unit eloat level representing about 6 dB.

The DC receiver has several advantages over a HeEiver. Most importantly, its
selectivity is very good, because unwanted neaitpyats are easily filtered out by the
audio lowpass filter that follows the product déveclt is more stable, having no tendency
to oscillate like regenerative TRF receivers dod Atris easy to receive single sideband and
CW signals with a DC receiver—you just tune thenalgn, without having to fiddle with
the regeneration control.

However, the DC receiver does have one significhsddvantage. Since the same local
oscillator frequency can be used to tune eithgsEeusideband or a lower sideband signal,
if you are listening to say an upper sideband signd there is a different signal occupying
the frequencies on the other side of the localllaszi where the lower sideband would

have been, the other signal will also be shiftedudio frequencies and will interfere with

the station you are trying to listen to.

For example, suppose you are listening to an U§Basiat 14,200 MHz as before, but there
is also a CW signal at a frequency of 14,199 MHiihy the 14,200 MHz local oscillator
signal with the 14,199 MHz CW signal results in kHz audio tone. Since this tone falls
within the same 300 Hz to 3 kHz audio range agl#wred USB signal, you cannot filter it
out using the lowpass filter. And because the unedrignal is so close in frequency to the
desired signal, you can't use the RF bandpass fidtesject it either.

The unwanted signal on the other side of the losalillator signal is called an “image”, so
the principal disadvantage of the Direct Converseneiver can be described as its inability
to reject images, or lack ofrfiage rejection There are more sophisticated variations of the
basic Direct Conversion design tlaae able to reject images, but these are quite complex
and fall outside the scope of this course.

Finally, a DC receiver must be designed carefulgnsure that the LO is isolated from the

antenna port. Some simple DC receivers radiate sointhe LO through the antenna,
causing interference to listeners near the recefit@guency.
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Summary

The key attributes of a receiver are sensitivigfestivity and dynamic range. Sensitivity is
the ability to receive weak signals; selectivitythig ability to distinguish between adjacent
signals; and dynamic range is the ability to reeeieak signals despite the presence of
strong signals nearby.

In the tuned radio frequency (TRF) receiver alhsigfiltering is done at radio frequencies.
As a result they have poor selectivity. Regenenatichich consists of feeding some of the
output signal back to the input of the RF ampljfiean increase both the sensitivity and
selectivity of the TRF receiver, but makes it praoeoscillation. The oscillation, if well-
controlled, can be used to facilitate CW and SS®p&on.

In the direct-conversion (DC) receiver, the incomiRF signal is mixed down to audio
frequency using a product detector and local @goill Most of the selectivity of a DC
receiver is contributed by audio filters followirtige product detector. DC receivers have
much better selectivity than TRF receivers, buytbeffer from an image response to the
opposite sideband that can only be eliminated wathplex designs. A bad DC design may
also radiate some of the local oscillator, causiteyference to other users.

Signal to noise ratio (SNR) determines whethergmai is readable or not. Noise can
originate within the receiver or on the band. Téeeiver has aoise figure(in dB), which
can also be expressed asogse temperatur@n K). At HF and below, band noise normally
limits the SNR. At VHF and above, receiver noiseamally the limiting factor. Special
semiconductors, feedlines and techniques are ejtiir minimise receiver noise at these
frequencies.

Revision Questions

1 The specification “1 pV to provide better than 20dB signal to noise ratio in a
passband of less than 1 kHz” refers to:
a. Sensitivity.
b. Selectivity.
C. Stability.
d Image rejection.
2 The ability of a receiver to extract weak signalsand amplify them to a
readable level is known as the receivers'
a. Sensitivity.
b. Selectivity.
C. Q factor.
d Gain factor.
3 The sensitivity of a communications receiver cabest be varied by:
a. Altering the input voltage.

b. Altering the RF gain.
C. Changing the IF.
d Adjusting the volume control.

4 The dynamic range of a receiver can be described:
a. Its audio output.
b. The tuning range.
C. The operating voltage.
d. The range of signal strengths over which it afgs satisfactorily.
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The RF stage of a receiver is used to:

a. Improve its sensitivity.
b. Improve its selectivity.
C. Change the frequency.
d. Change the signal tone.

The ability of a receiver to receive the desiregignal whilst rejecting other
frequencies is known as:

a. Sensitivity.

b. Selectivity.

C. A tuning scale.
d. Wavelength.

The circuit that lowers a radio receivers’ gain a the received signal becomes
stronger is known as:

a. AGC.

b. Filter.

C. ALC.

d. Selector.

What is an S-meter?

a. A meter used to measure sideband suppression.

b. A meter used to measure spurious emissionsdrolansmitter.
C. A meter used to measure relative signal streingihreceiver.
d. A meter used to measure solar flux.

The output from a direct conversion receiver ishe difference in frequency
between:

a. The BFO and the incoming signal.

b. The BFO and the local oscillator.

C. The mixer and IF frequencies.

d. The incoming signal and the local oscillator.

A radio receiver that amplifies and filters theincoming signal at RF and then
uses a diode detector to demodulate an AM signal wil be called:

a. A superhet receiver

b. A crystal set

C. A tuned radio frequency receiver

d. A direct-conversion receiver

A preamp with a low noise temperature is adversied for use with HF
receivers. You are tempted to buy one.

a. Go ahead and buy it—it will markedly improve yeteak-signal reception
through the static on the low bands.

b. Go ahead and buy it—it will markedly improve yeoweak-signal reception
on the 10 m band.

C. Go ahead and buy it—it will markedly improve yogeneral DX
performance

d. Save the money—at HF, it will not improve reé@ggvperformance at all.
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12 You are shopping for a receiver for weak-signdUHF applications. You should
buy the one that features:
a. A high noise temperature.
b. A high noise figure.
C. High dynamic range.
d. A low noise temperature.
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Chapter 24: The Superheterodyne Receiver

24.1 The Single-Conversion Superhet

The superheterodyne receiver or “Superhet” asdbramonly known has the most widely
used receiver design in amateur rddibovercomes the lack of image rejection of th@ D
receiver by converting the incoming RF signal te @r moreintermediate frequencies
before demodulating it. The block diagram of a ¢gbisingle-conversion superhébne
with only a single intermediate frequency) is shdvefow.

AGC
Detector

- Eizfpas%%% Etﬁbj{?ﬁbﬂ

ocal Beat
scillator Frequency
7 Osaitir

A Single-Conversion Superhet Receiver

The RF signal from the antenna is first filteredeébpandpass filter. As in the DC receiver,
this filter can be a fixed-tuned filter covering antire amateur band, since the receiver
does not rely on this filter (known as theselectoy for its selectivity. As we shall see, the
main purpose of the preselector is to reject thagenfrequency. The signal is then
amplified in an RF amplifier — once again, not tooch amplification, to avoid overloading
the mixer that follows. In some designs the RF #ieplmay be omitted entirely.

In the first mixer, the RF signal is mixed with thignal from the tunable local oscillator.
However, instead of mixing the modulated signal dot® baseband, it produces an
intermediate frequencyIF). Common intermediate frequencies for singlexersion
superhets are 455 kHz, 9 MHz and 10,7 MHz. The mottend is to go for higher IFs, as
IF stage performance improves.

Suppose we want to receive a signal on 14,200 Midma and the intermediate frequency
is 9 MHz. We could use a local oscillator frequerafyeither 5,200 MHz (because the
difference between 5,200 MHz and 14,200 MHz prodube IF of 9 MHz) or 23,200 MHz
(because the difference between 14,200 MHz andQ3yHz is also the IF of 9 MHz). For
this example, we will assume that we chose a losalllator frequency of 5,200 MHz,
since this frequency is within the range that casilg be generated by a VFO.

The resulting 9 MHz IF signal is then filtered hetlF filter, which is a very narrowband
bandpass filter. Modern designs typically use edyBlters, so for this example we shall
assume a crystal filter with a passband of 9,08Hz (300 Hz above 9 MHz) to

9,003 0 MHz (3 kHz above 9 MHz). Signals within hessband will be passed with little

® This dominance is likely to be challenged by D8Rjital) receivers in the near future. However,
the DSP algorithms use superhet principles to aehiee same results.
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attenuation, while signals that fall outside thesgimnd will be blocked. So what
components of our original RF signal will fall withthe filter passband? An RF signal at
14,200 3 MHz would be mixed down to 9,000 3 MHz tme 5,2 MHz local oscillator
signal; and a signal at 14,203 0 MHz would be migdedn to 9,003 0 MHz. So the signals
that originated at these frequencies—from 14,200 34,203 MHz—will make it through
the IF filter. This range corresponds to the USihal at 14,200 MHz.

What about signals on the “other side” of 14,2002viflom 14,197 0 to 14,199 7 MHz, i.e.
the frequencies that would have caused an imageDirect Conversion receiver? Well,
they will be mixed down to between 8,997 0 MHz &899 7 MHz, and will be rejected
by the IF filter, so they do not cause a problem.

There is still an image, but in this case it isnfr®,800 3 MHz to 3,803 0 MHz. A
3,800 3 MHz signal mixed with our 5,2 MHz local distor will generate an additive
(sum) product at 9,000 3 MHz, and a 3,803 0 MHmdaligvill generate a mixing product at
9,003 0 MHz. So signals within the frequency raBge00 3 MHz to 3,803 0 MHz when
combined with the 5,2 MHz local oscillator signaillvalso generate products in the IF
range from 9,000 3 to 9,003 0 MHz that will be gakby our IF filter. However, this time
the image is far away from the desired signal a@20@ MHz, so it can easily be filtered out
before the mixer. This filtering is the main purposf the preselector. It must pass the
desired frequencies, around 14,2 MHz, while rejectthe image frequencies, around
3,8 MHz. Fortunately, because these frequenciesaafar apart, it is fairly easy to get good
image rejection from a simple passive bandpassr fiilhade only of inductors and
capacitors.

Note that by varying the frequency of the localiketor we can change the RF frequency
that will be mixed down to the 9 MHz IF. For examph local oscillator frequency of
5,3 MHz would mix an RF signal of 14,300 MHz dowenthe 9 MHz IF, while our original
reception frequency of 14,200 MHz would now be mixitown to 8,900 MHz and would
be blocked by the IF filter. You tune a superheeneer by varying the frequency of its
local oscillator, just like for a DC receiver.

The circuitry after the IF filter is virtually idéieal to that of a DC receiver. The IF signal is
amplified, and then mixed with another locally gexted oscillator signal—this time called
the “Beat Frequency Oscillator” or BFO—to recovée taudio signal, which is then
amplified by an audio amplifier. Since the IF sifisaat a fixed frequency—e.g. 9 MHz—
the BFO does not have to be tunable so we can stk fixed-frequency 9 MHz crystal
oscillator for the BFO.

The AGC also works similarly to that of a direcneersion receiver, although in this case
the AGC control voltage is derived from the intediage frequency, rather than the audio
frequency output. This AGC is IF-derived, audiotded AGC in the DC receiver. IF-
derived AGC is superior to audio-derived AGC assifable to respond more rapidly to
sudden changes in signal strength.

The same design can be used to receive CW signalela For example, to receive a CW
signal with a frequency of 14 200 MHz, the locatitiator would be set to 5 199 4 MHz,
generating an IF signal at the difference betwéesd frequencies, 9,000 6 MHz, which is
within the passband of the crystal filter. Afteririge amplified it will be mixed with the
9 000 MHz BFO signal in the product detector, gaheg an audio tone of 600 Hz.

So how about LSB signals? The simplest approachHdimito have a second IF filter with
a passband from 8,997 0 MHz (3 kHz below 9 MHz)8t897 7 MHz (300 Hz below
9 MHz) that can be selected in place of the 9,008 8,003 0 MHz filter when we want to
receive an LSB signal. Then when switching from USBSB, all you have to do is switch
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filters, the local oscillator and BFO frequencieseain the same. Since crystal filters are
expensive, an alternative approach is to use the 3B filter for LSB and USB reception,
and just change the frequencies of the local esoilland BFO. For example, to receive a
LSB signal at 14,200 MHz using the 9,000 3 to 9,0% IF filter, we could set the local
oscillator to 5,196 7 MHz and the BFO to 9,003 3MHhe reader can fill in the details as
an exercise.

Since we can receive USB, LSB and CW signals ugiisgdesign, how about AM signals?

There are two options. The simplest is just to éethe receiver design exactly as it is, and
receive AM signals as though they were single-saaddbsignals, ignoring the carrier and

the other sideband, which will be filtered out he iF filter. A better approach would be to

provide another selectable IF filter, this timetwa passband from 8,997 to 9,003 MHz to
accommodate the 6 kHz bandwidth of an AM signak Pphoduct detector would then be

designed so that in the absence of any signal fremBFO, it would act as a half-wave

rectifier and would detect AM by rectifying the #ignal (an “envelope detector”). We now

have the benefits of “proper” AM demodulation, imting accurate reproduction of the

frequencies of the original audio signal even & taceiver is not accurately tuned.

24.2 Multiple-Conversion Superhet Receivers

When choosing the IF for a single-conversion sugterthere is a trade-off between image
rejection and selectivity. It is easier to makehhygselective filters at a low IF—say

455 kHz. However, a low IF means that the imageueacy is close to the desired
frequency, making it difficult to effectively reje¢he image with a simple preselector.
Conversely, a high IF produces a large separateiwden the image frequency and the
desired signal, making it easy to reject the imaljide passing the desired signal. However,
a high IF makes it harder to achieve the desirkateity.

The classical solution to this dilemma has beenuse a superhet design witivo
intermediate frequencies—a hidinst IF for good image rejection, followed by a low
second IFfor good selectivity. However, modern crystal €fit generally make this
unnecessary in HF receivers, since very good $algas available from crystal filters at
intermediate frequencies in the 9 MHz region, whigha high enough IF to attain good
image rejection as well. Of course in VHF and UHEegivers, a higher first IF may be
required to prevent unwanted image responses.

Nevertheless, the multiple-conversion superhettils the most common approach for
commercial HF receivers, but for a slightly diffieteeason. Most commercial receivers and
transceivers today offer “general coverage receim@aning that they can receive on any
frequency in the MF and HF bands, typically fron® %Mz to 30 MHz, or even up into the
UHF range (up to 1 GHz). Unfortunately, this veitggtgives them a problem with IF leak-
through, which occurs when the first mixer is neaetly balanced, allowing some of the
original RF signal to appear at the IF outputht# RF signal is at the same frequency as the
IF, it will be passed by the IF filter, causing thedio to respond to a frequency that it
shouldn’t, a phenomenon known as a “spurious resgjoit his response would not be a big
problem for an amateur-bands-only receiver, becausi- like 8,5 MHz could be chosen
well away from any amateur band. Then the presmlepbssibly assisted by a dedicated
notch filter at the IF, will be able to reject imimg RF signals at the IF, so there are no
signals in the RF input that could “leak throughtoi the IF stages.

However, the designer of a general-coverage receveot so fortunate. If the chosen IF is
anywhere in the receiver’s frequency range, it adlimpossible to reject RF signals at the
IF, since these might include the frequency thesikes is tuned to! The solution is to
choose an IF that is either above or below theivecs frequency range. However, now
the selectivity versus image rejection tradeoff esrback with a vengeance because a filter
that is above the frequency range of a typical gdremverage HF receiver—that is, above
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30 MHz—uwill not have the necessary selectivity; ha filter at an IF that is below the
receiver’s coverage—say 455 kHz—uwiill not allow agigig image rejection.

The usual solution is a multiple-conversion supewteere the first IF imbovethe receiver
coverage range, allowing good image rejection dndebk-through rejection, while the
second IF is at a lower frequency where bettecteity can be obtained. This arrangement
is known as amp-conversiondesign, since the incoming signal is first consgrtp to a
higher frequency. The IF filter at the high firtis often referred to asraofing filter and

is generally wide enough to permit signals of atides through, up to 12 or 15 kHz in the
case of a receiver that supports FM as well asratiedes. Much narrower filters are
provided for the different modes (e.g. a 6 kHzfiltor AM and a 2,4 kHz filter for SSB) at
the lower second IF. The block diagram below shihes‘front end” (the circuitry from the
antenna to the IF filter) of a typical general-cage dual-conversion superhet.

AGC

Switched 0 dHz 9 MHz
Bandpass [~ off [~ IF —
Filters T Filter T Filter

Frequengy "DLocal
Synthesiser Oscillaton
60,5t0 90 MHz 51 MHz

Front-End of a General Coverage Dual-Conversioneshpt

The design includes a bank of switched bandpassrdfilin the preselector, to allow
coverage of the range 0,5 to 30 MHz with good image IF leak-through rejection. The
first local oscillator is a frequency synthesisenning from 60,5 to 90 MHz, which up-
converts the RF signal to the first IF of 60 MHzerH it is filtered by the roofing filter,
which would typically have a bandwidth of 12 kHzswr. The purpose of the roofing filter
is to reject signals which are close enough todésred frequency to be passed by the
preselector, but which might cause either inter-ntaiibn distortion or an image response
in the second mixer. The IF signal is then amplifid converted back down to the second
IF frequency of 9 MHz. From here on the circuitnosdd be similar to the single-
conversion design featured earlier.

As the term “multiple-conversion superhet” suggettsre is no reason why more than two
IFs could not be employed, resulting in triple-cersion and quadruple-conversion
superhets.

24.3 Noise Limiters and Noise Blankers

Many common sources of amplitude-modulated noiseigge amplitude “spikes” of short
duration but high amplitude, which extend over aevrange of frequencies. These may
contain substantial energy due to their large aomii, even though their duration is short.
Such noise is generated both by natural sourceh, & thunderstorms, and by man-made
ones, like inadequately suppressed ignition systémsrference from these noise sources
can be reduced by noise limiters and noise blankeiéch are available on almost all
modern amateur transceivers.
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A noise limiter is a very simple circuit that limithe maximum amplitude of the received
signal.

Input Output
0,5V peak

Noise Limiter

Assume the input signal has a maximum amplitude5@® mV peak under normal
circumstances. This voltage is less than the 600fonWard bias voltage of the diodes, so
they do not conduct, and the input signal will asged to the output unchanged. Suppose a
noise pulse generates a signal amplitude of 5 \6o&® as the amplitude exceeds 600 mV,
the diodes conduct, effectively limiting the maximuoutput to 600 mV peak and
substantially reducing the energy of the noiseaign

The noise blanker is a more sophisticated variatonthis idea. It detects the large
amplitude of the incoming noise signal, and themadiately mutes (turns off) the audio
output of the receiver completely for a predeteeditime, typically a few milliseconds.
Although the desired signal is blocked along wikle tnoise, the human ear is quite
insensitive to very short gaps in sounds, and d¢iselting signal degradation is much less
than would have been caused by the high amplitogrspike.

24.4 Frequency Modulation (FM) Reception

The basic superhet design can also be used toveefrefjuency modulated (FM) signals.
However, in this case, the product detector isaegd by d&oster-Seelegiscriminatoror a
ratio detector These are circuits that convert frequency vamiinto a varying output
voltage, so recovering the modulation from an Fihal.

The discriminator works by positioning the FM sigpa the slope of a selective filter, so
that variations in the frequency of the FM signdl vesult in variations in its amplitude.
This converts the FM into a combined AM and FM, ansimple diode detector is used to
recover the modulation from the AM component.
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How the slope of a filter can be used for FM débect

The graph shows how the slope of a highpass titbeitd be used to convert FM into AM.
As the signal frequency increases from.f the centre frequency, tqfn the amplitude
of the output increases fromclreto Anign. If the frequency decreases frorgfze to Fow,
the amplitude of the output ill also decrease, AL rt0 ALow-

Because the discriminator is also sensitive to gharin the amplitude of the incoming
signal, it should be preceded biiraiter. The limiter is a circuit that limits the ampliteiaf
the signal, so that amplitude variations are natsed on to the discriminator or ratio
detector that follows. The limiter circuit is idésdl to the noise limiter discussed earlier,
except that in an FM receiver the circuit would dvéren at a much higher input level,
causing the diodes to conduct and clamp the osigoal to 600 mV peak. In this way the
output of the limiter will always be at the samedi(600 mV peak), irrespective of the
amplitude of the input signal. The block diagranoleshows the final IF stage of a typical
FM receiver

——>| IF Filter I rhiter Discriminate¢—>  Audio Outpu

Final IF Stage of an FM Receiver

When the received signal is very weak, the limiseineffective and the discriminator will
respond to amplitude variations, which cause highé audio. As the signal gets stronger
and the limiter takes effect, the hiss decreasgsoaess called “quieting”. In order to
prevent the hiss from bothering the listener whegrd is no received signal, most FM
receivers incorporate a squelch feature, which sn(ttens off) the audio output when the
received signal is below a minimum level known ks squelch threshold. The squelch
threshold may be fixed or it may be adjustablegsirsquelch control.

V1.2 © 2005 to 2016 SARL 209



South African Radio League Introduction to AmatBadio

24.5 Reciprocal Mixing

Superhet receivers typically do a good job in r@jgcunwanted signals. Unfortunately,
there is one exception.

In the section on synthesisers, it was mentionatl siinthesisers suffer from some phase
jitter, which creates crud around the intended wutiequency. Instead of there being only
a single line on the spectrum display, there is adme with some surrounding crud. This
crud mixes with unwanted signals and effectivelgeggs them out across the entire band.
The phenomenon is known as reciprocal mixing. Buoeiver performance is measured by
either measuring the rise in noise level when #&erfiering signal is nearby (but out of the
passband), or by having a wanted signal in thebaask then displacing it by a known
frequency increment and increasing its amplitudél unpresents the same amount of
power in the passband. Reciprocal mixing is a falcineasure of dynamic range, and is at
least 100 dB for most good-quality receivers.

Summary

The superhet receiver converts the incoming RFasigo one or mordntermediate
frequenciesdefore demodulating it. Superhet receivers havienaige frequencyhat when
mixed with the local oscillator will also generdate same IF as the desired receive signal.
The image frequency will be either the sum of, e tifference between, twice the IF
frequency and the desired receive frequency. The ob the preselector is to reject
incoming RF signals at the image frequency, premgnthem from causing a spurious
(unwanted) response in the receiver. The choicentefmediate frequency is a tradeoff
between selectivity (better at low LF) and imagecton (better at high IF). If a single IF
cannot give adequate selectivity and image reject#odual conversion design may be
employed, with a higher first IF to give good imaggection, and a lower second IF to give
good selectivity.

Noise limiters limit the amplitude of pulse noiseducing the effect on the receiver. Noise
blankers mute the audio output for a short timefefa milliseconds) when the higher
amplitude associated with pulse noise is detected.

FM signals are detected using Foster-Seeley discriminatoor ratio detector The
discriminator should be preceded by a limiter tevent it from being affected by variations
in the amplitude of the signal. Weak FM signalséhavcharacteristic hiss on them, and as
the signal strength increases and the limiter besoeffective the hiss goes away, a process
known asquieting Most FM receivers incorporate sguelchfunction, which mutes the
audio output when there is no received signal ticathe annoying hiss.

Synthesiser phase noise manifests itself as adipgeaut of unwanted signals. Some of the
crud ends up in the receiver passband, causingedaignals to be less readable. The result
is reduced dynamic range, as a wanted weak signalot coexist with nearby loud signals.

Revision Questions

1 In an FM receiver, the effect of sufficient signkarriving to start the limiter
operating, thus reducing background noise, is knowas:
a. Damping.
b. Squelch.
C. De-emphasis.
d. Quieting.
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2 The selectivity of a receiver is mostly controlk by:
a. Gain of IF and RF stages.
b. Bandwidth of RF and IF stages.
C. Sensitivity of RF and IF stages.
d. Stability of RF and IF stages.

3 In a superheterodyne receiver intended for AM reeption, what stage
combines the received radio frequencies with energyom a local oscillator to
produce an output at the receiver’s intermediate fequency?

a. The mixer.

b. The detector.

C. The RF amplifier.
d. The AF amplifier.

4 In superheterodyne receivers, the setting of thérst IF is governed by two
general principles:

a. High IF gives good image rejection but low IFes better selectivity.
b. High IF gives good image rejection and goodctisliey.
C. Low IF gives good image rejection and high I¥regigood selectivity.
d. Low IF gives good image rejection and good seliey.
5 The function of an IF amplifier in a superheterogne receiver is to:
a. Improve its sensitivity.
b. Improve its selectivity.
C. Buffer the mixer output.
d. Amplify the loudspeaker output.
6 How can the selectivity of an IF amplifier be impoved?
a. Varying the supply voltage.
b. Varying its resistance.
C. By use of a bandpass filter.
d. By use of a lowpass filter
7 The detection of a Single Sideband signal in ageiver requires a:
a. Carrier Insertion Oscillator.

b. Special Aerial.
C. An SSB amplifier.
d. A special transformer.

8 A superheterodyne receiver is operating with itdocal oscillator on the high
side of the incoming signal. If its IF is 450 kHz ad it is receiving an input
signal of 14 100 kHz, an image will be produced:

a. At this tuning point if a strong signal is on Xibiz.

b. Further up the tuning band if a strong signainsl5 MHz.

C. At this point if a strong signal is on 13 650id present.

d. Further up the tuning band if a strong signainsl3 650 kHz.

9 In a single conversation superheterodyne receiverith an IF of 450 kHz, a
signal is received first at 12 000 kHz and then agaat 12 900 kHz. These two
received signals are called:

a. Cross-modulation products.
b. Band spread products.

C. Image signals.

d. De-emphasis signals.
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10

11

12

13

14

15

16

17

The process by which a receivers’ local oscillat and mixer resonant circuits
maintain a constant IF separation is known as:

a. Tracking.

b. Isolation.

C. Shielding.

d Attenuation.

The preferred circuit for resolving an SSB signkis
a. A product detector.

b. A fullwave rectifier.

C. A Colpitts oscillator.

d. A crystal oscillator.

The product detector is used to

a. Detect square waves.

b. Balance out noise signals.

C. Deduce unwanted feedback.

d. Resolve SSB and CW modulation.

What is the purpose of the detector in a receive

a. To amplify the incoming signal.

b. To operate the squelch circuit.

C. To operate the on/off light.

d. To demodulate the modulating signal.

Electrical interference on reception can best bianited by means of a:
a. Squelch circuit.

b. Noise Limiter.

C. Isolation transformer.

d. Decoupled loudspeaker.

The receive facility that switches off the audiccircuit in the absence of
satisfactory signal strength is:

a. A noise limiter.

b. A squelch circuit.
C. A VOX circuit.

d. An AF gain control.

In order to avoid image reception on VHF receiuws they normally have:
Low IF frequencies.

Crystal controlled local oscillators.

A stable BFO.

High IF frequencies.

coow

A dual-conversion superhet receiver contains:

a. Two IF amplifiers of different frequencies.
b. Two RF pre-amplifiers.

C. Stereo audio circuits.

d. Two antenna connections.
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18 You are listening to a signal, which is comfortaly readable. Suddenly, the
passband fills up with noise, making the signal ur@adable. You tune around and find
a very loud local station about 20 kHz away. The ation is known to be clean, and his
transmitter is probably not at fault. The problem with your receiver is probably:

a. Poor selectivity.
b. Poor sensitivity.
C. Poor dynamic range.
d. Poor image rejection.

V1.2 © 2005 to 2016 SARL 213



South African Radio League Introduction to AmatBadio

Chapter 25: Transceivers and Transverters

25.1 The Transceiver

Although in the early days of amateur radio tramters and receivers were usually
separate, in modern practice these are usually io@uhtn a single piece of equipment, the
transceiver Transceivers have several advantages over segerasmitters and receivers:

0 It is easier to make the transmitter and receivne ttogether, so the user does not
have to separately tune the transmitter and rectvbie same frequency.

0 Much of the circuitry including the oscillators synthesisers, filters, antenna
switching, microprocessor and display can be shhstdieen the transmitter and
receiver, making transceivers less expensive thasemarate transmitter and
receiver.

o Installation is simpler, with less space and feeadyles required.

For these reasons, almost every modern amateusntier also includes receive
capability, at least on the bands that it can tran®n. Many transceivers also offer
“general coverage” receive, being able to receigrads outside the amateur bands.

In order to maximise the sharing of components betwthe transmitter and receiver
section of a transceiver, they will typically u¢e tsame frequency conversion scheme but
in reverse. For example, if the receiver is a dewtanversion superhet with IFs at 60 MHz
and 9 MHz, the transmitter will probably genera&BSusing the filter method at 9 MHz
(allowing reuse of the 9 MHz crystal filter), andeh mix it up to 60 MHz using the
receiver’'s BFO, and then mix it back down to theiaktransmit frequency (using the same
synthesiser for both transmit and receive). Circeitse is further enhanced since popular
balanced mixers (such as the passive diode miegeskessentially reversible — a signal
injected at the RF port will mix with the local dfator to generate a signal at the IF port,
while a signal injected at the IF port will mix Wwithe local oscillator to generate a signal at
the RF port. Many filters will also work equally ivn either direction. The diagram below
shows a simple SSB transceiver that reuses sewkit functional blocks. “LPF” stands
for “Lowpass Filter”, “BPF” for “Bandpass Filter'nal “VFQO” for “Variable Frequency
Oscillator”.
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There are two different signal paths through tla@gceiver, depending on the position of
the transmit/receive switches. In practice, thedwes would probably consist of relays or
solid state switches. With the switches in the fomsishown, the transceiver is in receiving
mode. The signal from the antenna is filtered blyaadpass filter, amplified in the RF
amplifier, fed through another bandpass filter tvah mixed down to IF by the signal from
the VFO. This IF passes through a narrow crystairfivhich removes all frequencies other
than the desired one. The filtered signal is thepldied in the RF amplifier and finally
demodulated in the product detector, using theasiffom the crystal oscillator that serves
as a beat frequency oscillator (BFO) for the reseiv

Block Diagram of a Simple SSB Transceiver

On transmit (with the switches all switched theeottvay) the signal from the microphone
is amplified by the preamplifier, and then fed ithe detector, which this time serves as a
balanced modulator. The output of the balanced mataoiuis amplified, filtered using the
crystal filter to remove the unwanted sideband, arixied to the final output frequency
using the signal from the VFO. The output is pagkealigh a bandpass filter to remove the
unwanted mixing product, then amplified by the Riwpr amplifier and finally filtered to
remove any harmonics. This design reuses the nxeduct detector, crystal filter, VFO,
crystal oscillator and one of the bandpass filters.

Most amateur transceivers are designed to open&deain unbalanced antenna with an
impedance of 5Q).

25.2 The Transverter

A transverterconsists of a receive converter and a transmitexder, normally packaged in
a single enclosure. The transverter allows a teiwmec to transmit and receive on a
frequency band other than the ones it was origindiésigned for. It does so by
incorporating a LO and mixer that can convert tlhipot of the transceiver to the new
frequency band, and convert signals received os H@nd to a frequency that the
transceiver can receive on.

An amateur might own a good HF transceiver, buttevam be active on the 2 m band. A
2 m transverter can convert frequencies in the ga®§ to 30 MHz (around the 10 m
amateur band) to the frequency range 146 to 148 Rz 2 m band). It could do so by
mixing the signals with a 116 MHz local oscillagignal. On transmit, the sum of the local
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oscillator and a low-level transmit signal from th@nsceiver in the range from 28-30 MHz
would give an output in the range 144 to 146 MHuilevon receive the difference between
an input signal in the range 144 to 146 MHz andlib@ MHz local oscillator signal would
provide an output in the range 28 to 30 MHz. Therafor would have to remember that a
displayed frequency of 28,xxx MHz corresponds to amtual operating frequency of
144 xxx MHz, while 29,yyy corresponds to 145,yyy.

Most transverters are designed to operate with power on transmit, generally around
0 dBm (1 mW), and include a power amplifier to aifypthe signal. Some transceivers
have a special connector for transverters, whiaviges a low-level RF signal to drive
them. Otherwise an attenuator should be used e to decrease the transceiver’s
output to a level that the transverter can safelyde. Most transverters will be damaged
by the typical 100 W output of most HF transceivers

Like transceivers, transverters usually use compisnike the local oscillator, mixer and
filters for both transmit and receive. Their traémceive switching is usually controlled
by the transceiver, using its T/R control output. bfock diagram of a typical 2 m
transverter is shown below. It includes both a poaraplifier for transmit, and a receive
preamplifier to amplify weak signals and compensatéosses in the mixer.

T/R Control

To 10m Transceiver

__|BPF BPF __,/" | BPF
28-30 MH2 144-1464% ’ ) 144-146 MHz
Local Ogc. >

116 MHz

Block Diagram of a 2 m Transverter

On transmit, the low-level signal from the transeeiis filtered by the 28 to 30 MHz

bandpass filter, and then mixed with a 116 MHz llazscillator. The mixer generates a
“sum” product in the range 144 to 146 MHz, and dfédence” product in the range 90 to
88 MHz (inverted). The bandpass filter that follotive mixer rejects the difference product.
The 144 to 146 MHz product is amplified by a powsmplifier, and passed through a final
bandpass filter to remove any harmonics.

On receive, the signal from the antenna is filtdmgdhe 146 to 148 MHz bandpass filter,
amplified by a low-noise preamplifier, and filteradain to remove any image signals in the
88 to 90 MHz range. It is then mixed with the 11BlMocal oscillator, generating a “sum”
product at 262 to 264 MHz, and a “difference” prodim the range 28 to 30 MHz. The 28
to 30 MHz bandpass filter rejects the unwanted “spnoduct, leaving only the 28 to
30 MHz signal that is fed to the transceiver.

Some transceivers allow the frequency display toffset when using a transverter. In our
previous example, the transceiver display could tea actual operating frequency of 144
to 146 MHz while using the transverter, while trensceiver was actually being tuned from
28 to 30 MHz.
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One final comment: A receive converter can be sa@ply as an extra stage to a multiple-
conversion superhet, turning the receiver’s frord ento a variable-frequency first IF, the
receiver’s first IF into a second IF and so on.eifkse, the transmit converter simply
provides another stage of up-conversion to thé titasmitter.

Summary

A transceiver consists of a transmitter and recdivecombined into one. They are widely
used because of operator convenience and the msethat can be achieved by using the
same components for both transmit and receive ifumst

Transverters convert a transceiver to transmitragdive in a new frequency band. They
work by mixing the output of the transceiver or thput from the antenna with a fixed
frequency local oscillator, translating the frequeto the new band. Transverters generally
require an input signal power of about 1 mW whemdmitting, and care should be taken
not to overdrive them.

Revision Questions

1 The advantage of a transceiver is that it:
a. Costs less than a separate transmitter and/eecei
b. Better integrates frequency control of the tnaitier and receiver.
C. Is more compact and easier to install than arsép transmitter and receiver.
d. All of the above.

A transverter provides the ability to:

a. Convert a transformer to more than one voltage.

b. Change the units to measure a transmitter’'s poutput.
C. Use an existing transceiver to cover anotherteumdand.
d. Receive extra-terrestrial signals.

A receive converter converts a single-conversi@uperhet into:
a. A TRF receiver.

b. A DC receiver.

C. A dual-conversion superhet.

d. A triple-conversion superhet.
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Chapter 26: Antennas

26.1 Antennas and Electromagnetic Fields

Antennas convert electrical energy—which genenadlyuires conductors to carry it—into
electromagnetic energy, which is able to radiateuyh space. They can also convert the
electromagnetic energy back into electricity, fanttier processing in a receiver.

An electrical current flowing in a conductor geriesaa magnetic field in the space around
the conductor. This effect is the principle behetdctromagnets. If the current flowing in
the conductor varies with time, the magnetic fiatdund the conductor also varies with
time. However, according to the principle of indant a varying magnetic field gives rise
to an electric field; and conversely, a varyingcede field gives rise to a magnetic field. So
by varying the current in a conductor, we can e@avarying magnetic field, which will in
turn create a varying electric field, which willeette a varying magnetic field, and so on.
The resulting interrelated varying electric and metg fields are called electromagnetic
waves, and can travel long distances. At the freges that we are interested in, these
electromagnetic waves are radio waves, although kight, x-rays and gamma rays are
also examples of electromagnetic waves of higlezjuencies.

In electromagnetic waves, the electric and magniicls are perpendicular (at right
angles) to each other, and both are perpendicquldwetdirection of motion of the wave. For
a radio wave travelling horizontally, if the electfield is horizontal with respect to the
surface of the earth, the magnetic field will betigal; while if the electric field is vertical,
the magnetic field will be horizontal. We referthe polarisationof electromagnetic waves
according to the orientation of the electric fidfcthe electric field is horizontally oriented,
the wave is horizontally polarised; while if theelic field is vertically oriented, the wave
is vertically polarised. In physics, the electrield is referred to as the E-field, and the
magnetic field as the H-field.

The orientation of the electric field (and hence tholarisation of the radio waves)
generally corresponds to the orientation of thedootor carrying the current that generated
the radio waves. Generally, an antenna consistirigodzontal conductors will generate
horizontally polarised radio waves, while an angeoonsisting of vertical conductors will
generate vertically polarised radio waves.

Polarisation is important because a vertically pséal antenna will not respond to
horizontally polarised radio waves, ande versa For line-of-sight communications, it is
important that the polarisation of the transmittargenna should be the same as that of the
receiving antenna.

When radio waves travel through space, they cangrgy. To recover this energy, an

antenna must capture as large an area of the waveds possible. Every antenna has a
capture areawhich is roughly the surface area from whichdhénna can capture energy.

The more effective the antenna is (as described iatthe section on gain), the larger its

capture area is.
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26.2 The Half-Wave Dipole

The half-wave dipole is a simple antenna that tesif a half wavelength of wire, fed in
the centre by a radio-frequency voltage source.

¥ Yak
(Y
/

A Half-Wave Dipole

Assume that an alternating voltage is applied atdipole’'s resonant frequency — that is,
the frequency for which each side of the dipolexactly a quarter wavelength X}

Consider an instant in time when one side of théage source is positive and the other
side is negative. The effect will be to pull sontectons out of the side of the dipole that is
attached to the positive terminal of the voltageree, and push some electrons into the side
that is attached to the negative terminal of thitage source. Since electrons repel each
other, as you force electrons into the wire atribgative terminal of the voltage source,
they will repel the electrons that are alreadyhie wire, pushing them towards the end of
the wire. As each electron moves up a bit, it vapel its neighbour, forcing it to move up
too, and so on causing a wave to travel down the.Wihis wave travels at the speed of
light until it reaches the end of the wire, whehne tlectrons cannot bunch up any more
because they have nowhere to go. At this pointwiaiee will reflect from the end of the
wire and head back towards the feed-point.

The effect is similar to what you would observealu set up a line of pool balls with one
end against the cushion, and then knocked the orthekt from the cushion into its

neighbour. Each ball hits the next one, and soawnahe line, until the last ball, which is

up against the cushion so it cannot move. The “patilwave” is then reflected from the

cushion and travels back in the opposite directidhcourse the pool-ball wave does not
travel at the speed of light!

Similarly in the dipole, applying an instantane@asgential difference at the feed-point (the
place where the voltage source is connected tarttenna) causes waves to travel from the
feed-point to both ends of the wire, where they raftected and head back towards the
feed-point. On one side—the side where the neggivential is applied—the wave
consists of an increase in the electron densitymfressed electrons” (like the pool-ball
analogy). On the other side—the side where thetipespotential is applied—the wave
consists of a reduced electron density as electrams been attracted out of the wire by the
positive potential.

These waves both have to travel ta the end of the wire, and anothek i the opposite
direction before they get back to the feed-poirigtal distance of % One half-cycle later,
the waves will return to the feed-point, headindhia opposite direction. But because it is
half a cycle later, the voltage source will have thpposite polarity, so it will now be
pushing the electrons in the opposite directiont Bis is the same direction that the
reflected wave is traveling in, so the reversediyl of the voltage source will reinforce
the reflected wave. Another half cycle later thev@gawill have reflected off the ends of the
wire again, and the voltage source will again heasersed polarity, so once again the
voltage source will reinforce the waves of increbaad reduced electron density that are
coursing up and down the wire like water sloshibgu in a bath.

Because the applied voltage is always reinforchng waves, a fairly small voltage can

(over a few cycles) cause a large movement of relest in other words a large current
(since the electrons are charge carriers thatlavanig backwards and forwards, and so
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constitute an alternating current flowing in thaesma). Remembering that from Ohm'’s
Law R = V/I, we see that the feed-point resistance will be, Ismce a smalV causes a
largel.

The fact that the resistance is not zero meangtibantenna is dissipating power. Where is
this power going? It is being radiated as radio egafrom the antenna. This apparent
resistance of the antenna caused by energy betligted from it is called theadiation
resistanceof the antenna. The radiation resistance of avaalfe dipole is about 7Q.

You will also note that in the centre of the anterthe electrons are quite free to move, so a
large current will flow. However, the nearer you ggethe ends of the antenna, the less free
the electrons are to move, up to the points righhe ends, where the electrons can hardly
move at all. This means that there will be a largement flowing in the centre of the
antenna than at the ends. If you superimpose & grfaghe amplitude of the current flowing
on top of a diagram of the antenna, you get sometiie this:

¥ Yah
1
N

The Current Distribution in a Half-Wave Dipole

As you can see, the current is strongest in thereen the dipole and tapers off towards the
ends. Because it is the current flowing in the améethat is primarily responsible for the

emission of radio waves, these waves can be visaghhs being emitted from the point of
highest current at the centre of the antenna. fHuishas some practical implications. For
example, the ends of a dipole can be bent bacloutithffecting its properties as an antenna
much, since the ends are relatively unimportarfituaas radiation is concerned.

Although the current in a dipole decreases towdrdsends, the opposite happens with the
voltage—it is greatest at either end of the diptiegeneral, points of high current (current
peak$ are points of low voltage (voltagede$, and points of low current (currenode3g

are points of high voltage (voltageak$. So beware the open ends of antennas, where no
current is flowing, as they invariably carry higbltages!

This current distribution—and the correspondingagé distribution—are called “standing
waves” since they have a wave-like shape (roughly & sine wave) but the points of
highest and lowest current and voltages do not mdiiey are standing still. Another way
to think of the standing waves is that they aresedwy the interaction between the waves
from the feed-point moving towards the ends of #mennas, and the reflected waves
moving back towards the feed-point.

A final point about half-wave dipoles: Sometimesist more convenient to have the
feedpoint off-centre. The reason may be mechanibmdause the centre of the dipole is
hard to reach, or electrical, because a more caenefeed impedance is desired. As can be
seen from the current and voltage distributions,ithpedance will be much higher than in
the middle. Little difference should result in thetenna’s performance, provided that the
energy can be efficiently coupled into the dipolgwa suitable feedline.

Our next task is to calculate in what directions thipole will radiate, or theadiation

patternof the antenna. This task is quite easy for arrard that has only a single point of
maximum current, like the dipole. When an altematturrent flows in a wire, it radiates
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most strongly at right angles to the wire, and &ssngly the further you move from the
right-angled direction. This situation is depicteelow, where the length of each arrow
represents the strength of the radiation comingfitee wire in every direction.

A
v

Radiation Pattern of a Dipole

In this case, the dipole is the vertical line i tbentre of the diagram. Note how the
strongest radiation is perpendicular (at right aespito the wire, and the strength of the
radiation decreases as the angle gets further iempendicular. There is no radiation at all
along the axis of the wire (i.e. vertically up @wh the page in this diagram).

Actually we don't usually draw radiation patterngthwarrows like this. Instead we just
draw a line that would join the tips of all the@mheads. In other words, the distance from
the centre of the diagram to the line indicatessthength of radiation in that direction. The
following diagram is the radiation pattern of aag drawn in the conventional way.

EZNEC

0dB

14175 MHz
Radiation Pattern of a Dipole in Free Space

Although the dipole is not shown, it is orientee thame as in the previous diagram—
vertically on the page in the centre of the pldteplot lines indicate the relative strength of
the field in each direction: The further the distarrom the centre of the diagram to the
line, the stronger the radiation in that directioviote the nulls (points of minimum
radiation) off the ends of the dipole (verticallp and down in the plot). Of course, the
dipole will radiate equally in all directions perahcular to it, not just in the two directions
(left and right) shown in the diagram. So if younthof it in three dimensions, it would
look like a doughnut shape with the wire in the diféd We can also look at the dipole end-
on. Seen end on, the pattern is like this:
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EZNEC

14.175 MHz
Radiation pattern of a Dipole in free space viewed-on

Here the dot in the middle represents the wire seelron, and the circular radiation pattern
indicates that it radiates equally in all dimension

These diagrams show the radiation pattern of aleliipdree spacei.e. far away from the
ground. The ground reflects radio waves, so inrotdeinderstand the radiation pattern of
antennas mounted over ground (like all normal aunaatennas), we also need to take into
account the effect of these reflections. In gendhs waves reaching a distant point will
come from two sources—a direct wave from the arderand a wave that has been
reflected by the ground. Depending on the diffeeebhetween the distances traveled by
these waves, they may reinforce each other, orrtfeycancel each other out.

Assume that we orient the dipole horizontally anount it some distance above ground.
Then the pattern viewed from above, would look tgretuch the same as the free-space
pattern.

EZNEC
0dB

14.175 MHz
Azimuth of a horizontal half-wave dipole near grduviewed from above

Once again the dipole is oriented vertically on gage, in the middle of the diagram,
although this time we are looking down on it froboae. This is what we call an “azimuth
pattern”. The main effect of the ground reflectidvas been to “fill in” the nulls (directions

of zero radiation) off the ends of the dipole, aitgh there is still much less radiation from
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the ends of the wire than perpendicular to it—apipnately 13 dB less according to the
scale on the diagram. For this reason, we talk tatheihorizontal dipole as beinghbé&
directional antenna, favouring two directions (left and rightthe diagram above) at the
expense of the others.

The nearby earth has a much greater effect ondhieal pattern of the antenna. Instead of
radiating equally in all directions, as it wouldtlvho ground present, we get the following
pattern:

EZNEC

0dB

14.175 MHz
Elevation pattern of a horizontal half-wave dipakar ground, viewed end-on

The ground reflections have cancelled out mosheflow-angle and high-angle radiation,
leaving one “lobe” on each side, with an angle aiximum radiation of about 27° in this
instance. The exact pattern depends on the helighe @antenna above ground. In this case,
it is %2\ wavelength above ground. If we raise it #g the elevation pattern now looks as
follows:

EZNEC

0dB

14.175 MHz
Elevation pattern of a horizontal half-wave dipdkeabove ground, viewed end-on

There are now two lobes in each direction, one firdy low angle (14°) and one at a

higher angle (47°). In general, the higher we rtigedipole above ground, the more lobes
we get, and the lower the elevation angle of theeki-angle lobe.
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Low-angle radiation is very desirable for makingdedistance contacts. If making long-
distance contacts is a priority, and you are us$iogzontally-polarised antennas like this
dipole, the rule is simple: the higher, the better.

The dipole is normally used as a horizontal antehatit can also be constructed vertically
if desired, especially in the VHF and UHF bands rehhe wavelength is shorter and the
height required more reasonable.

In practice, because the tips of a dipole cartieliturrent and contribute little to the total
radiation, a dipole can be deformed to fit into fowed spaces. Tips can be folded at right
angles or even doubled back on themselves. If ankingle support is available, the
feedpoint can be attached to the support and pse dioped towards the ground. This
configuration is called anifiverted V, for obvious reasons. Provided that the angleats
too acute, the Inverted V functions almost likdassic dipole.

A horizontal half-wave dipole is sometimes calledHertz” antenna, since this type of
antenna was first used by Heinrich H&rthe German physicist who also gave his name to
the unit of frequency.

26.3 The Quarter-Wavelength Vertical

Another popular antenna is the quarter-wavelengtitioal. It consists of a quarter
wavelength of wire mounted vertically and driventatbase, with other side of the driving
voltage connected to ground. It works like “onefludla dipole”, with the return path for
the current being through the ground.

P

&

A Quarter-Wavelength Vertical

There’s not much point in talking about the radiatpattern of a Javertical in free space,
since it needs the ground as one of its connedtitims elevation plot of the quarter-wave
vertical over ground is shown below.

" Not to be confused with Love Hertz, the 1975 bitg by Nazareth and Jim Capaldi.
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EZNEC

14.175 MHz
Elevation pattern of a quarter-wavelength vertioakr real ground

The azimuth pattern (the pattern when viewed friwova) would just be a circle, since the
antenna radiates equally in all directibmien viewed from above. Antennas that radiate
equally in all (horizontal) directions are calleshni-directionalantennas.

Although simple in theory, the quarter-wave vettioas a difficult practical problem to
overcome: It is difficult to create low-impedana®gnd connections at radio frequencies.
A ground rod of the kind used for household mairsugds will generally not present a
very low impedance at radio frequencies, and thsstance of the resulting ground
connection will cause power to be dissipated ad iedhe ground rather than being
radiated from the antenna. Although a quarter-waargical will work with just a ground-
rod, you could easily find 75% or more of the powpplied to the antenna being wasted
heating the ground instead of being radiated.

The radiation resistance of a¥ertical antenna 186 Q, half of the value for a half-wave
dipole. You can understand why; electrically, thieteana looks exactly like a halfwave
dipole if you look at it from above the groundplames the groundplane will reflect the
image of an out-of-phaseivgelement. However, the effective ground resistanitiealso
contribute to the impedance seen at the feed-paimth will usually be quite a bit higher
than 36Q.

A ¥4\ vertical is sometimes called a “Marconi” antensiace this type of antenna was first
used by Guglielmo Marconi, the inventor of wireletegraphy and the pioneer of
transatlantic radio communications.

26.4 The Ground Plane Antenna

One solution to the problem of creating a low-imgoeck RF ground connection is to raise
the vertical antenna 178or more above the ground, and feed it against gadtials, rather
than against ground. The radials effectively acthas “missing side” of the dipole, but
because they run in opposite directions, the radigtom them cancels, leaving only the
radiation from the vertical wire, which is calldteradiator.

8 A snide remark you will sometimes hear is thaadiates equally badly in all directions...
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A Ground Plane Antenna

For ease of feeding a ground-plane antenria,résonant radials are generally used.
Three or four radials suffice for simple instalats. The radials may be laid out flat
(as shown in the diagram) or they can droop dowdsvawith flat radials, the radiation
resistance will be between ZDand 26Q depending how high above ground the antenna is
mounted. Drooping the radials will increase thedfpeint impedance, so with the right
angle of droop (about 45°) the impedance can Ised&ao 502, which is a good match for
the coax cables usually used to feed such antefasourse, if you droop the radials to
90°, you will have made yourself a dipole, withadiation resistance of 42!

The radiation pattern of a “ground-plane” antenmadintical to that of a quarter-wave
vertical.

In general, the more radials you add, the longey #ire and the better they are insulated
from the ground, the more efficient the groundplantenna becomes. In AM broadcasting,

most regulators require 120 radials buriédradials, based on research conducted by RCA
in the 1930s. More recent research has indicatedliétter results can be obtained with

insulated radials, and that there is an optimadti@iship between radial length and the

number of radials required.

26.5 Short Antennas

An antenna that is shorter than the length normaidpired for resonance will have some
capacitive reactance. Both a dipole shorter tharait a vertical antenna shorter thak ¥
will exhibit some capacitive reactance. This reactacan be cancelled out by an equivalent
amount of inductive reactance in series with thiermma. This inductance may be provided
by an inductor known as laading coil which may be placed at the base of the antenna
(base loadiny or in the centre of the elemerdeftre loading Centre loading is more
efficient electrically than base loading, but makiee mechanical design of the antenna
more difficult as it has to support the weightloé foading coil.

Similarly, antennas that are slightly longer thaguired for resonance will have some
inductive reactance, which can be tuned out usingeres capacitor, but this is less
common. This technique can be useful when matchimgoundplane antenna to a &0
cable. By making the vertical element longer thanad using some series capacitance, a
good match to 5@ can be obtained.
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26.6 Loop Antennas

A full-wavelength loop is another simple antenn@ops come in all shapes: squares,
rectangles and triangles to name a few. The diagpelow shows a “quad loop”, which has
a square shape, with each side being %2

()

\
A Quad loop

Each side of the loop is*/4so the total length of the loop i%.1n loops, there is no end of

the antenna for the wave to reflect from, so it keeps on going around the loop until it
arrives back at the feed-point still traveling e tsame direction. If the length of the loop is
one wavelength, the applied voltage will once admann the same direction, so the wave
traveling around the loop is reinforced, givingitelatively low and purely resistive feed-
point impedance. The radiation resistance of a Ie@pbit more than that of a dipole, since
there is more wire to radiate electromagnetic watygucally about 13@.

The loop is normally erected vertically. There twe points of high current in the loop —
one at the feed-point, and one halfway arounddbp.lIf the feed-point of the loop is in the
middle of one of the horizontal wires, as showthi@ diagram, both points of high current
will be carrying horizontal currents and the resgt radiation will be horizontally
polarised. If on the other hand the loop was fethexmiddle of one of the vertical wires,
the points of maximum current would be carryingreats flowing in a vertical direction
and the resulting radiation would be vertically ggided. Feeding the loop at one of the
corners results in diagonal polarisation.

The radiation pattern of a horizontally polarised-@avavelength loop is similar to that of a
dipole, with the strongest radiation being perpeuldir to the horizontal wires of the loop.
This result is to be expected since the loop ieatiffely two horizontal dipoles vertically

spaced by % with their ends bent out of shape.

EZNEC
0dB

14.175 MHz

Azimuth pattern of a horizontally polarised quadpo

V1.2 © 2005 to 2016 SARL 227



South African Radio League Introduction to AmatBadio

26.7 Folded Dipole

The folded dipole is a one-wavelength loop thatleen “flattened” into a shape similar to
a dipole.

Feed point
A folded dipole

Its radiation pattern is the same as that of aldjdmut the radiation resistance of a folded
dipole is about 30Q. It is higher than a normal dipole because ofttarsformation effect
of the wire adjacent to the basic dipole.

26.8 Multi-element arrays

So far, the antennas we have considered have @llhsingle radiating element. These
antennas are practical and very simple to build,Hawve limiteddirectivity—that is, the
ability to favour one direction at the expensehaf tthers. Single-element vertical antennas
areomni-directiona] radiating equally in all directions, while thepdle and quad loop are
bi-directional favouring two directions at the expense of theer.

However, if we know the location of the radio statiwe want to contact, and are able to
point our antenna in that direction, it would bétéxeto have an antenna that could direct as
much of our radio energy as possible towards tiaitios, without radiating it in unwanted
directions. This antenna would beidirectional favouring a single direction.

It turns out that in order to make a unidirectioaatenna we need at least two radiating
elements, which radiate in a specific phase reaiatigp. This effect can be achieved in two
ways. Indriven arrays the elements are all driven (that is, power isliad to them) in the
correct phase relationship by a phasing networkpdrasitic arrays only one element is
driven, but the antenna is designed so the drivement induces currents into the other
parasiticelements.

A simple driven array consists of two vertical ete1ts spaced % wavelength apart and
driven 90° out of phase. This array is known a®mudifire array as shown in the view of
this array as seen from above:

| 7 |
| |
A B
o o
90° Q°
Endfire array, viewed from above

In this case element A (the left-hand elementhmas leadingelement B (the right-hand
element) by 90° conversely elementl&s element A by 90°. Consider radio waves
leaving B and heading in the direction of A. Sitice elements are spaced &part, it will
take the radio waves a quarter of a cycle to gehfB to A, by which time the phase of
element A will have advanced by another quartetegyice. another 90°, in addition to the
90° phasing difference that already exists betwikemrlements. So by the time radio waves
from B get to A, they are 180° out of phase with thdio waves leaving A in the same
direction (i.e. from right to left) and will cancéllem out in that direction.
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However, consider radio waves leaving A headed tdsvB. By the time they get to B, the
phase of B will have advanced by 90°, making uptier90° phase lag of the signal driving
element B. So when radio waves from A reach B, tiwdly be in phasewith the radio
waves radiating from elemeBt and so they will reinforce each other in the e from
left to right in the diagram. So waves heading froght to left will be cancelled; waves
heading from left to right will be reinforced; amdaves in different directions will be
partially cancelled or partially reinforced accamglito some trigonometry that is too
complex to go into here. The resulting patterrhizven below.

EZNEC

OdB

7 MHz
Azimuth radiation pattern of a two-element endéireay

This particular shape is called a “cardioid”, meantheart-shaped”, for obvious reasons. It
is an example of a unidirectional radiation patt&tate the excellent null of radiation from
right to left, where the signals from the two am@s exactly cancel each other. By now,
your cynical side should tell you that this null yneot be all that deep, because of
reflections against other objects in the vicinity.

Although the driven array seems like a simple whgeadting a unidirectional pattern, there
are some complications in practice. In particulais not as simple as it looks to generate
the necessary 90° phase difference between thsigywals, since the antenna elements they
are driving will have different impedances duehe interaction between them. However,
they do have the advantage that by simply chanthegphase relationship between the
elements, the direction of the pattern can be sexkwithout having to physically rotate the
antenna.

26.9 The Yagi

The full name for this antenna is the “Yagi-Uda &yt, and it is named after Hidetsugu
Yagi and his supervisor Shintaro Uda who inventethil1926. History has been a bit
unkind to Professor Uda, and the antenna is noymaferred to just as the “Yagi”. Mr
Yagi is not entirely an innocent bystander in thistory—he filed a patent that neglected to
mention his mentor, and sold the patent to the btdarcompany.

The Yagi consists of two or more half wavelengtpote elements, one of which—the
driven elemenrtis connected to the transmitter. The other elem@ntelements are
parasitic meaning that currents are induced in them bydtidn from other elements. One
of the parasitic elements will usually beedlector, meaning an element that is on the other
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side of the driven element from the desired dicectf radiation, and the other elements (if
any) will be directors, meaning elements placethan desired direction of radiation. The
reflector is usually slightly longer than the dmvelement in order to get the correct
phasing, while directors are usually somewhat ghdhan the driven element. The layout
of a typical four-element Yagi is shown below:

Direction of maximum radiation

Reflector Driven First Second
Element Director Direct
A four-element Yagi array

The gap in the middle of the driven element isfded-point, where the transmission line

from the transmitter would be connected. The plipbitween the elements is arranged by
a careful choice of element lengths and separasonthat radiation is reinforced in the

desired direction and cancelled in other directidrige radiation pattern of a five-element

Yagi is shown below.

EZNEC
0dB

14.2 MHz

Azimuth pattern of a five-element Yagi

Note how directional the pattern is — that is, howich radiation goes in the desired
direction (from left to right) as opposed to otdaections.

This directionality makes it an excellent antenmagmateur use, since as much radiation as
possible can be beamed towards a distant rec&fagiis are popular with amateurs on the
higher HF bands, from perhaps 14 MHz upwards. Hreyusually mounted on towers with
an electrically operated rotator that can pointrth@ any desired direction. On lower
bands, the large size can be a problem, but sotute asmateurs operate Yagis on 7, 3,5
and even 1,8 MHz.
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Other element configurations can also be used tkengliven or parasitic arrays. For
example, the cubical quad—usually called just ttpeatl” —is a parasitic array consisting
of two or more quad loop elements. Quad and diptdenents can also be combined to
form Quagi antennas. Directional antennas—including Yagis quads—are often called

“beam” antennas. Some complex Yagis include mae tne driven element.

When coverage of vertical and horizontal polarsais required, two sets of elements can
be mounted on the same boom. One set providexalepolarisation, while the other
provides horizontal. The two antennas can also dmk tbgether to provide circular
polarisation, where the polarisation changes cotigtan rotating fashion.

26.10 Reflector Antennas

A reflector antenna, such as a parabolic dishpiateempt to increase the effective aperture
of the antenna. A reflector is placed behind thesifpoint, which can be a simple dipole or
something more elaborate such as a horn antennatetbon a waveguide. The reflector
then concentrates the transmitted energy from éeeldoint into a specific direction, or
concentrates energy arriving from that directioto ithe feedpoint. From a transmission
point of view, the functioning of a dish is not tadssimilar from the workings of an
automotive headlamp reflector.

To produce appreciable gain, the dish must be maawelengths in diameter. Dishes are
therefore not practical below about 1 GHz. Beloig frequency, Yagis or arrays are more
efficient. However, a dish offers an attractiveusioin for UHF bands and above, as a single
dish can house several feedpoints, covering sefre@lency bands with high gain. A 3 m

dish is EME-capable above 1,2 GHz. At that freqyetite dish is over 12 wavelengths in

diameter.

26.11 Antenna Gain

Antennas do not amplify (that is, increase the poofe signals. However, a directional
antenna like a Yagi will radiate more of the avaléapower in a particular desired
direction. We speak about tigain of an antenna to mean the extent to which it le &b
concentrate its radiation in a particular directiGain is expressed in dB, and is a measure
of how much more power the antenna puts out imitst favoured direction, compared to
the amount of energy that a reference antenna wauldut in its most favoured direction.

Two different references are commonly used. The ierthe half-wave dipole, in which
case the unit of gain is dBd (decibels compared thpole). For example, if a Yagi was
found to radiate four times as much power in ittaed direction as a dipole did (given
equal transmitter power of course), it would hayai of 6 dBd.

The other reference is theotropic radiator Isotropic means “radiating equally in all
directions”, not only haorizontally (that would be amni-directionalantenna like a vertical)
but all directions, including up and down. Althougtwould be very difficult to construct
such an antenna, it is easy to calculate whattteegth of its radiation would be if it was
constructed, so by measuring the strength of tkéatian from an actual antenna and
comparing it with the calculated radiation strenfyim an isotropic antenna, we derive a
gain figure in the units dBi (dB compared to artrigpic antenna).

In free space (that is, ignoring ground reflectjoaddipole has a gain of 2,1 dBi. A gain
figure for an antenna in free space in dBd canitbelg converted to dBi by adding 2,1 dB.
However, if ground reflections are taken into actpthe gain of a dipole may be as much
as 8,2 dBi. Be very careful in interpreting gaiguiies expressed in dBd, you need to know
whether the reference dipole is at the same heaighthe antenna over the same ground
medium, or if it is in free space.
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Most antennas are reciprocal—they receive exaiitythey receive. Directivity results in

gain not only when transmitting, but also when rdog. An antenna with a gain of 3 dBd

will convert signals from the desired directionairttvice as much electrical power at the
antenna terminals as a dipole would. This effeabisparticularly useful by itself, since the
limiting factor in receiver performance is usuadiymospheric noise. However, directional
antennas also do not respond to noise coming fractibns other than the favoured
directions, and this reduction in noise (both masenaterference and naturally occurring
noise) gives directional antennas a significanbatiage when receiving.

Be very wary of accepting published figures foreaumia gain. It is very difficult to measure
the actual gain of an antenna, and manufacturesg khat purchase decisions are often
based on the gain of an antenna, so they ofteleseus tricks to inflate the gain figures
of their antennas. Commercial manufacturers aresalety to blame and designs published
in amateur radio publications may also suffer fromer-optimistic gain figures. Also be
suspicious of anyone who quotes an antenna gaimefigm “dB” without specifying the
reference antenna. A number in decibels withoutfarence is meaningless, and anyone
who does not understand this should not be coreidem authoritative source for
information about antenna gain!

26.12 Effective Isotropic Radiated Power

Assume that a dipole and a Yagi are both oriembethaximum radiation is in the direction
of the same receiver, and that the Yagi has agfabrdBd. Then if 100 W is applied to the
dipole, and only 25 W to the Yagi, the signal sftenin the desired direction will be
identical because the gain of the Yagi will com@dador its lower input power.

Sometimes it is useful to express the amount ofgoawadiated in the desired direction,
irrespective of the actual power input or the gainthe antenna. This intensity can be
expressed as the Effective Isotropic Radiated P@&i#P), which is the power that you
would need to supply to an isotropic antenna ireptd radiate that much energy in the
desired direction. EIRP can be calculated by miyitig the power actually applied to the
antenna by the antenna gain with reference toarosc radiator.

For example, suppose our Yagi has a gain of 13idBia gain of 20 with respect to an
isotropic radiator, and the input power is 25 WeHIRP is then 20 x 25 W =500 W. The
meaning is that to get the same amount of radiatiothe favoured direction from an
isotropic antenna, you would have to supply it Vi@ W.

EIRP can be used to specify the power that you teedbrk a certain path. For example,
the power required to operate a satellite migtgpeified as 1 kw EIRP. You could obtain
this power by putting 400 W into an antenna witgaan of 4 dBi (such as a dipole), or
100 W into antenna with a gain of 10 dBi (such deua-element Yagi), or 10 W into an
antenna with a gain of 20 dBi (such as a long Yagi)

26.13 Efficiency

The efficiency of an antenna is the amount of powvaatiated (in all directions) as a
percentage of the amount of power supplied to tiveraa.

n = POut +PIn

Efficiency is often expressed as a percentage. dudtiply the efficiency (which is a
fraction between 0 and 1) by 100% to obtain thegmage efficiency.
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Example: If 100 W is supplied to an antenna, buy @® W is radiated as radio
waves, the efficiency is 40%. The remaining enésggtissipated as heat in the
antenna elements or the earth around the antenna.

Efficiency can be modelled simply as a resistosénies with the radiation resistance. A
groundplane antenna with a feed resistance dR 3tas a radiation resistance of Q6
which implies a loss resistance of @4 The radiated energy is 36/50 = 72% and the lost
energy is 14/50 = 28%. The antenna is therefore g@%ient.

Since the radiation resistance of an element drapglly as the length of the element is
reduced below ¥ (for a vertical) or % (for a dipole), and the loss resistance remains
relatively constant, antennas that are considersiadyter than these standard lengths may
also be very inefficient. In practice, the situatimay be even worse when inductive
loading is added to compensate for the short el&anas the inductors would typically
increase the loss resistance.

Some power being lost in head does not necessaghn that the antenna won’t work.
Radio propagation variations are such that ofteny litle radiated power is required to
make a contact. When conditions are worse, theiefifi antenna may just have the edge in
making a contact.

26.14 Directivity as Opposed to Gain

A directional antenna does not necessarily have. glaihe antenna is lossy, like when it is
made from high-resistance wire or when it is fethvain inefficient feeder, the antenna may
be very directional, but with modest gain. A goadaraple of this phenomenon is a
Beverage receiving antenna. These antennas prayiest directivity, providing much-
improved reception of desired signals in the presesf atmospheric noise, but are very
lossy. They are only useful for transmitting inywepecial circumstances. However, on the
HF and VHF bands, most directional antennas proegel benefit on transmit and receive
because of their gain and directivity.

26.15 Other Performance Measures
The figure below shows the radiation pattern ofa commercial UHF antenna:

0

Azimuth pattern of a real antenna

Beam antenna performance is normally characteligestveral numbers:
0 Gain, normally in dBd or dBi. In this example, the gaeems to be 10 dB
(reference not specified).
0 Beamwidth, normally the angle between the -3 dB points timegiside of the main
axis. In the above figure, the beamwidth is perh&s(i.e. 20° on either side of
the main beam).

V1.2 © 2005 to 2016 SARL 233



South African Radio League Introduction to AmatBadio

o Front-to-back ratio (F/B), about 27 dB in the above pattern. Forwadiation is
at +10 dB, backwards at about -17 dB.
0 Sidelobe suppression(SLS). A substantial lobe is radiated on eithele sof the
main lobe, above 12 dB below the main lobe.
Depending on the application, some of these humbmukl be more or less important. If
relatively strong signals have to be received e gihesence of interference, gain is not as
important as a clean pattern (narrow beamwidthdgB8bS and good FB). However, if
ultra-weak signals have to be received on a clesguency, gain is perhaps the most
important parameter.

26.16 Stacking

Antennas can be stacked to provide narrower beachsn@re gain. Vertical stacking (one
antenna above the other) retains horizontal beathwitiile reducing vertical beamwidth.
Horizontal stacking (antennas side by side) redboezontal beamwidth while retaining
vertical beamwidth. Stacking tends to degrade FBSLS.

All antennas in the array must be fed using feedlirSome fancy footwork is required to
match the impedance of each antenna to the feedlimethe many antenna feedlines to a
single feedline for the transceiver.

On VHF and UHF, it is customary to stack many Yagigen high gain is required. Some
EME stations use 32 or more Yagis, all pointinghie same direction, with the entire array
being steerable in azimuth and often also in elenat

26.17 Feedlines

In general, RF signals must be transported betweetransceiver and the antennas in some
way. Feedlines serve this purpose.

In feedlines, energy travels more slowly than eefspace. The wavelength for a particular
frequency is therefore also less in the feeder. VigHecity factorfor a specific feedline
describes this phenomenon. Typical velocity factorscoaxial cables (see below) range
from 0,5 to 0,8. For open-wire feeders, the vejofactor is close to 1. The velocity factor
is very important when feedlines have to be cutstane fraction or multiple of a
wavelength, such as when making phasing lines noext several antennas together. The
phasing line is much shorter than would be expelstesgd on the free-space wavelength.

Feedlines basically come in two flavours: balarmed unbalanced.

Balanced feeders

Balanced feeders consist of two parallel wires. haracteristic impedance is determined
by the ratio between wire diameter and wire spacliigy offer low loss and relatively low
cost, but they are susceptible to interaction wh#henvironment. They cannot be run close
to window frames, fences or other metal structursre are basically three types:

0 Open-wire feedersare suspended in mid-air, normally by the occadiaet of
insulators. Old telephone lines can be regardedpas-wire feeders. Open wires
are generally used over large distances in largenaa farms, such as with
rhombic antennas. They have relatively low cost amy low loss. Its
characteristic impedance can be tailored by adigsthe wire spacing, and is
typically between 300 and 6@D.

0 Ladder line consists of two parallel wires with occasionalcgra of an insulating
material. Typical spacing between wires is 100 mith spacers every 200 mm or
so. Ladder line is convenient for feeding largeotép and loops. Its characteristic
impedance can be tailored by adjusting the wireiggaand is typically between
300 and 60@.
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0 Twin-lead or ribbon feedlines consist of two parallel wires, aboutdt0l5 mm
apart. The space between the two insulated wirdllasl with a flat sheet of
polyethelene. Twin-lead is generally used as aefeddr domestic broadcast
receivers. It is rapidly disappearing, being repthin most applications by coaxial
cables. Its characteristic impedance is fixed,dgty between 70 and 3@0.

Coaxial cables

A coaxial cable (or “coax”), where the core conductins inside a screen, is unbalanced. If
everything works as advertised, the current flowhe core and the energy propagates in
the insulating dielectric. There is no current ba butside of the cable. The cable should
not radiate, and should not be susceptible to Ednam outside. They can therefore run
near metal structures and other cables.

However, if a balanced current is fed into the ¢alacable, current may flow on the braid
and cause interference, both to and from the cable.

Coaxial cables come with an advertised charadristpedance, determined by its
geometry and its dielectric. For amateur radio pseg, this impedance is normally G0
Another common impedance, used in old Ethernetliasibns and in cable TV in other
climes, is 722. In general, the impedance of the transmitter féleglline and the antenna
must all be the same. If they are not, matchirmgadgiired.

Coaxial cables can become quite lossy, especidtlylang cables and at high frequencies.

Waveguides

Waveguides are unbalanced feeders that consisicdsed tubes, most often rectangular in
section. The energy runs inside the tube, in the fof current on the inside surface of the
tube. They are usually used at microwave frequencdi@ey must be large in terms of
wavelengths, making them impractical at HF and eveifr frequencies. Waveguides can
handle very high power at relatively low loss.

As was mentioned in the section on dish antennagveeguide can be terminated with a
flaring section, called &orn antennathat works effectively as a feedpoint for a dish
antenna.

26.18 Standing-Wave Ratio

The Voltage Standing-Wave Ratio (VSWR or simply SMdBscribes how well the antenna
is matched to the feedline. Ideally, the transmittiee feedline and the antenna should all
have the same characteristic impedance, to ensaxigmam power transfer to the antenna.

If there is a difference between the antenna impesland the line impedance, some of the
energy will be reflected from the feedpoint, battoithe feedline. The worse the difference
is, the more energy is reflected. Depending on itiomd at the transmitter end of the

feedline and the loss of the feedline itself, soofithe energy may be wasted. Most
transmitters tend to cut back when the SWR is wnfeable, to protect themselves against
damage by the reflected power. As a result, pooRSWuld result in a weak transmitted

signal.

The SWR is simply expressed as the ratio betweerfabdline characteristic impedance
and the load impedance, expressed as a ratio gteate or equal to one. In the case of
amateur antennas, the most common feedline is¢a &ihxial cable. A perfect dipole will
therefore have an SWR of 72/50 = 1,44:1, while dege ground plane antenna will have
an SWR of 50/36 =1,39:1. For practical purposes, AR of better than 1,5:1 is
considered acceptable for most purposes, and A eaerally be tolerated. Operating at
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higher SWR should only be done with caution, asngloso could lead to feedline
breakdown, transmitter damage and interference.

26.19 Baluns

An antenna that is symmetric w.r.t. the feedpointhsas a dipole or a full-wave loop is
likely to be balanced, with exactly as much curftawing in the one half as in the other.

An asymmetric antenna such as a ground plane mphp not balanced.

Balanced feeders are, well, balanced. Coaxial saie not. If we feed a balanced antenna
with a coaxial cable, some current will tend toaflon the outside of the coaxial cable’s
screen, possibly causing interference or beingepide to interference from outside.

The problem is solved withlzalun, a balanced to unbalanced (get it?) transformdryal&n
can be made from coaxial cable (such as the welvknbazooka), from a wire transformer
wound on a toroid, or simply from lots of suitaldeoids being slipped onto the outside
shield of the cable.

26.20 Multiband Antennas

It is often useful to be able to use one antennaeweral bands. With eight amateur band
allocations in the HF region alone (3 to 30 MH&rwfew amateurs are able to put up a
separate antenna for every band. There are tworneajesiderations with multiband
antennas: radiation pattern and impedance matching.

This section will not consider the radiation patt@f multiband antennas in any detail,
except to note that the patterns may be very @iffeon the different bands and that this is
an important consideration when designing multibdineictional antennas.

In the section on SWR, we showed that dipoles artcals are easily matched to &0
cables. However, on other bands the impedance esetlantennas may be considerably
different from what it is on the design frequenggr example, if a dipole cut for 14 MHz is
used on 28 MHz, the impedance will be more lik€% With a resulting SWR of 10:1!

There are four common solutions to the impedandehiray problem:

Antenna Tuning Unit

An Antenna Tuning Unit (ATU)—also known as an “amta coupler” or “Transmatch"—
to match just about any impedance to(h0Use a simple single-element antenna like a
dipole, and just match it on any frequency of iestrusing the ATU. The ATU normally
contains an inductor and two capacitors that caadpgsted until a good match is achieved.
Classic ATUs feature three rotating knobs that hewebe twiddled interactively, but
automatic ATUs are now available. These automatadeis will match the antenna
quickly, based on a sample of the RF transmittealtimem.

ATUs come in two basic flavours: Pi and T networkise letters refer to the basic layout of
components in the ATU.
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A Pi network is named for its shape, resemblingeet capital PI{):

_W_
Radio Sid?_/E Crad Qnt;/g Antenna Side

S S
Pi network ATU

The user (or an automatic controller) would adjbsttwo capacitors and the inductor until
the best match is found. The network is unbalan&aahilar networks can be built with
another inductor in the lower rail, for balancedeamas.

This configuration of the Pi network is clearlyantpass filter. In this configuration, it is a
typical output network for transmitters. Tube-typi@ear amplifiers typically have
adjustable Pi networks to match the tube to theramat, requiring adjustment by the
operator whenever the frequency changes. More maa@plifiers, including most solid-
state units, do not require user adjustment. Thiéwereuse a number of preselected Pi
networks, or they automatically adjust the netwdidkghe best match during use.

A Pi network could also be made with a capacitahmtop rail and inductors on the input
and output. In this configuration, the Pi networlouldd be a high-pass filter. This
configuration is less useful in transmitter outpws it is more expensive due to the two
inductors and does not perform a low-pass function.

A T network is named for its shape, that resemaleapital T:

GQadl/r Gﬁ/‘
/N A

Radio Side L Antenna Side

T network ATU

For this solution to work efficiently, either theTA must be mounted close to the antenna,
or a low-loss high-impedance feeder (open wire) Imest be used to connect the antenna
to the ATU. You cannot expect any degree of efficieif you run 50 m of 5@ coax to
the antenna with the ATU on the transceiver side (iot on the antenna side of the coax
connection).

Fan Dipole

One can wire several elements in parallel, provithed for each frequency band, one and
only one element has a low, purely resistive, inamee. For example, three dipoles cut for
the 20, 15 and 10-metre bands (14, 21 and 28 MBjgetively) could be connected in
parallel (i.e. all share the same feed-point). &leenents are normally spaced outwards by a
few degrees, forming a fan-like structure. Thisigture is known as fan dipole If a fan
dipole is fed with a 14 MHz signal, only the 20 ripale will have a low impedance, so
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almost all the energy will go into that dipole. 8arly, if it is fed at 21 or 28 MHz, only the
dipole for that frequency band will have low impede, and almost all the energy will go
to that one.

Traps

Traps can be used to effectively shorten the aatemimigher frequencies. A trap is simply
a parallel tuned circuit that appears as a highethapce at its resonant frequency, and as a
low impedance at other frequencies. The diagramvbshows a trap antenna for use on the
80 m and 40 m bands.

Y Y O\ Y Y O\

! ! Feed-point ! !

7,05 MHz Trap 7,05 MHz Trap

»
|

Reant in the 40m Band

A
v

[Reant in the 80m Band

A Trap Dipole for 40m and 80m

The inner section of the antenna would be resanathie 40 m band (7,0 to 7,2 MHz). It is
essentially a simple dipole for 7 MHz. The traps also resonant in this frequency range,
presenting a high impedance and effectively diseoting the outer sections of the antenna
at these frequencies. However, when the antenfedisit a frequency in the 80 m band
(around 3,5 MHz), the traps are low impedancengdtke inductors. They therefore allow
the whole antenna to be active, including the italume of the traps, and the total length is
designed to be resonant in the 80 m band. Thelastgth of the antenna is less than would
be required for a trapless (single band) 80 m araten

Trap antennas can be designed for more than twdshiayyadding another trap (or pair of
traps in the case of a dipole) for each additidreald. However, since each trap will have
some loss, a trap antenna for many bands mightulie mpefficient on the lower bands,
where antenna current is flowing through multipégps.

Multiple Resonances

Finally, you can make use of the fact that mostamas are naturally resonant on more than
one frequency. For example, open-ended antenraslifiloles and verticals are resonant on
odd harmonics of the fundamental frequency—thas,i§ and 7 times the original design
frequency. For example, a dipole designed for thhen47 MHz) band may also be resonant
on the 15 m (21 MHz) band, which is the third hanmooof the design frequency. Full-
wavelength closed loop antennas like the quad aatare resonant on all harmonics, so in
theory an 80 m quad loop should also be resonathei®0, 20 and 10 m bands. Matching
the loop may not be so easy though, as the restmegpiencies may not be precisely where
you need them, and that it is difficult to tune ntheéo the desired frequency without
changing the other resonant frequencies! Also, tdimngjet that the radiation pattern may
not be what you were hoping for on some of therdvlaads.

26.21 The Log-Periodic Array

A beam antenna that covers a wide frequency raagind log-periodic array (LPA),
alternatively called a log-periodic dipole arrayP@A). The array consists of many dipoles,
each resonant on a different frequency. The dipatesall fed together via a common
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feedline. On any particular frequency, one elenigrgpproximately resonant and acts as
driver, while longer elements act as reflectors ahdrter elements act as directors.
Depending on the ratio of the length of the shordgsole to that of the longest, the array
can cover a frequency range of 10:1 or more.

The figure shows a fixed-direction LPA made fromewilt seems to cover approximately a
3:1 frequency ratio with relatively high gain.

ol
/1

.'r.

e
A = h
< l

Log-periodic array

Relatively few amateurs use LPAs, as single-bandhuiti-resonant antennas can easily
provide better performance on the few bands wemcdlommercial or military users that
use a wide variety of frequencies may prefer tegilfility afforded by the LPA.

26.22 Making Practical Antennas

As you will have read earlier in this text, antemnprovide a great avenue for
experimentation and home construction. You can sawasiderable money and gain
considerable satisfaction from making your own anges.

For the HF bands, antenna construction is easy.ur&cy is not very critical, as
wavelengths are in the order of many metres, afgdvamm here and there will hardly be
noticed.

Many amateurs use existing supports such as trekbuldings to string their antennas. A
catapult or bow and arrow can be used to sling aafilament fishing line across a branch
at a decent height. The line can then be usedidge estronger cord that can be used to
hoist the antenna.

A dipole can be made simply by calculating a quanavelength in free space, reducing
the dimensions by about 5% to compensate for wgléactor, then cutting the two legs of
the dipole from thin uninsulated electrician’s bary wire. Leave about 10% spare on
either end, just in case it doesn’t resonate wiieveexpect. You can wrap the spare length
of the wire back onto itself. Cheap plastic egguiatrs made for electric fences are
available from your hardware dealer. Use thesagolate the two halves of the dipole from
one another and the ends of the dipole from th@augdines. Now wind a choke from
about 10 turns of coax cable near the feedpoirgdace current on the braid. Take care not
to wind the choke too tightly, or you may damage ¢hble. A coil diameter of 10 times the
coax diameter is about right. The choke can bersdawith cable ties or binding wire. Now
hoist the antenna into position and try it outdti have to, you can shorten or lengthen the
dipole slightly, using the spare wire you so judigly left when you cut the wire to length.

Don’t get hung up on fancy simulations. Your angenmy not be perfect, but it is likely to

provide adequate results. Remember: The worst aatabove your house still works better
than the best simulation in your computer!
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If you want to progress beyond a basic antenna,cgouconsult any of the dozens of good
antenna books and amateur radio magazines for gaatruction articles.

Summary

Antennas convert electrical energy into radio watreg can be radiated long distances.
Electromagnetic waves consist of a magnetic field @an electric field that are both at right
angles to each other, and at right angles to trextibhn of propagation of the wave. The
polarisation of radio waves depends on the orientation of thetigc field—if the electric
field is horizontal, the wave is said to herizontally polarisedand if it is vertical, the wave
is vertically polarised Antennas do not respond well to radio signalswite “wrong”
polarisation.

Every antenna has eapture area which represents the cross-section from which the
antenna can extract energy from an incoming radeew

The half-wave dipole consists of a centre-fedl &ement. Its radiation resistance is
approximately 722. In free space, a dipole has a doughnut-shapddtiad pattern. A
horizontal dipole over ground has a bi-directiopattern similar to a figure “8”. Dipoles
can be deformed to fit into available space, octextfrom a single support as an Inverted
V.

The ¥a\ vertical consists of a vertical ¥radiator that is fed either against ground or
against a “ground-plane”. It has an omni-directigadtern, radiating equally in all azimuth
directions.

A unidirectional pattern can be achieved using dtiralement antenna, either ghased
array where each element is individually fed from a phgetwork, or garasitic array,
where the transmitter feeds only one element aedadtihers are excited by inductive
coupling from other elements. The most common fiazasray is the Yagi, which consists
of two or more elements—the driven element, a céfle and one or more directors. All
elements are approximatelyXtong.

A dish or reflector antenna uses a dish-shapedatefl to concentrate the energy from the
feed point in a specific direction. Dishes are iyogseful on UHF and above, as they must
be many wavelengths in diameter to provide usehih.gThe feedpoint can consist of a
relatively simple antenna such as a dipole or horn.

The gain of antenna expresses how much power igtealdin the most favoured direction,
compared with some reference antenna. Gain campdfied in dBd (dB compared to a
dipole) or in dBi (dB compared to an isotropic &tdr). The efficiency of antenna is the
amount of power radiated as a percentage of tla¢ potwer applied to the antenna. The
Effective Isotropic Radiated Power (EIRP) is thevpofed to the antenna multiplied by the
gain of the antenna with respect to an isotropicatar.

Identical antennas can be stacked and fed togetipeovide improved performance.

Other important parameters of antennas (apart fgain) include beamwidth, sidelobe
suppression and front-to-back ratio (F/B).

Feedlines come in two varieties: Balanced and amga&id. Balanced feeders offer low loss
and simplicity under some conditions, but are pramenteraction with nearby structures.
Their impedance can be shaped by changing thespaieing. Coaxial cables have a fixed
characteristic impedance, and are more or lessringques to outside influences if fed
properly. They can become very lossy over longadists or at high frequencies.
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Energy travels more slowly in feedlines than irefepace. As a result, the wavelength is
less in a feedline than one would expect. The fagtwveen the actual wavelength and the
free-space wavelength is known as tleocity factor For coaxial cables, this factor is
around 0,7.

Standing-wave ratio (SWR) indicates how well areant is matched to the feedline, and is
expressed as a ratio of 1:1 or greater. An SWR1 Jat the transmitter is considered good
enough, and up to 2:1 can be tolerated.

A balun (balanced to unbalanced transformer) shbeldised to match balanced loads to
unbalanced coaxial cables to prevent interfereraa turrents flowing in the braid.

An antenna may be impedance-matched on multipleldbég using an antenna tuner, by
feeding multiple elements in parallel, by usingpsar by taking advantage of naturally
occurring harmonic resonances.

The Log-Periodic Array (LPA) provides wide frequgrooverage with modest gain.

HF antennas provide an excellent starting pointaftienna experimentation. All you need
are a few egg insulators, some coax cable and bameecopper wire.

Revision Questions

1 Electromagnetic waves are created by:
a. The alternating RF currents in an antenna.
b. Magnetic solenoids.
C. Audio loudspeakers.
d DC voltages.
2 In electromagnetic radiation, which of the followng is true?
a. E and H are at 180° to each other.
b. E, H and the direction of propagation are aligtit angles to each other.
C. The angle between E and H is 0°.
d The velocity of propagation is at 180° to théidid but in line with the H
field.
3 In order to radiate, an electromagnetic wave mughave:
a. E Field only.
b. H Field only.
C. E and H Field
d Air to travel in.
4 Polarisation of an electromagnetic wave is fixelly:
a. The direction of the H field.

b. The direction of propagation.
C. By an anti-phase signal.
d The orientation of the transmitting antenna.

5 The wavelength of a signal of 100 MHz in free spa is:
a. 30 mm
b. 0,3m
C. 3,0m
d. 30m
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10

11

12

When an antenna is well-matched to the feedlind the transmitted frequency:

a. Maximum power will be reflected.

b. A good SWR will be obtained.

C. The SWR wil be poor.

d. An SWR reading will be meaningless.

What do the terms vertical and horizontal, as apled to wave polarisation,
refer to?

a. Orientation of the electric field.

b. Orientation of the magnetic field.

C. Orientation of the charge particles in the pgateon medium.
d. Launching angle of the wave with respect togheh's surface.

What radiation pattern does an ideal half-wave g@iole have if it is installed
parallel to the earth?

a. It radiates well in both horizontal directiopgypendicular to the dipole.

b. It radiates poorly in a horizontal direction gratallel to the dipole.

C. It radiates equally well in all horizontal ditens.

d. It radiates poorly in all horizontal directionsut it radiates well in a

vertical direction.

How does proximity to the ground affect the radition pattern of a horizontal
dipole antenna?

a. If the antenna is too far from the ground, thattggn becomes

unpredictable.

b. If the antenna is less than half a wavelengbimfthe ground, reflected
radio waves from the ground distort the antenredsation pattern.

C. A dipole antenna’s radiation pattern is unaffdcby its distance from the
ground.

d. If the antenna is less than half a wavelengimfthe ground, radiation off

the ends of the wire is reduced.

Which kind of antenna would best enhance a sighdrom a particular
direction, while rejecting interfering signals from other directions?

a. A monopole antenna.

b. An isotropic antenna.

C. A vertical antenna.

d. A beam antenna.

What is a directional antenna?

a. An antenna whose parasitic elements are altremted to be directors.

b. An antenna that radiates in direct line-of-sigitbpagation, but not
skywave or skip propagation.

C. An antenna permanently mounted so as to rahately one direction.

d. An antenna that radiates more strongly in someetibns than others.

What is the purpose of an antenna matching cirat?

a. To measure the impedance of the antenna.

b. To compare the radiation patterns of two antenna
C. To measure the SWR of an antenna.

d. To match impedances within the antenna systems.
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13

14

15

16

17

18

19

When will a power source deliver maximum output?

a. When the impedance of the load is equal tortipedance of the source.
b. When the SWR has reached a maximum value.

C. When the power supply fuse rating equals theamy winding current.

d When air wound transformers are used instea&wfcore transformers.

What is the wavelength of a 100 MHz signal in R&.3 coaxial cable?

a. About 2 m

b. About 3 m

C. About 4 m

d. About 6 m

What is a Yagi antenna?

a. Half-wavelength elements stacked vertically exited in phase.

b. Quarter-wavelength elements arranged horizgntafid excited out of

phase.

C. A half-wavelength linear driven element (or edens) with parasitically
excited parallel linear elements.

d. Quarter-wavelength, triangular loop elements.

Why is a Yagi antenna often used for amateur rdd communications on the
20 m amateur band?

a. It provides excellent omniderectional coveragthe horizontal plane.

b. It is smaller, less expensive and easier totdhes a dipole or vertical
antenna.

C. It discriminates against interference from otketions off to the side or
behind.

d. It provides the highest possible angle of réaaliator the HF bands.

Choose a physical description of the radiatinglements of a horizontally
polarised Yagi antenna.

a. Two or more straight, parallel elements arrarigdélde horizontal plane.

b. Vertically stacked square or circular loops iaged in parallel horizontal
planes.

C. Two or more wire loops arranged in parallel icaltplanes.

d. A vertical radiator arranged in the centre ok#ective RF ground plane.

What is the name of the parasitic beam antennasing two or more straight
metal elements arranged physically parallel to eacbther?

a. A quad antenna.
b. A delta loop antenna.
C. A zepp antenna.
d. A Yagi antenna.

How many driven elements does a simple Yagi amga have?

a. None; they are all parasitic.
b. One.

C. Two.

d. All elements are driven.

V1.2 © 2005 to 2016 SARL 243



South African Radio League Introduction to AmatBadio

20

21

22

23

24

25

26

What kind of antenna array is composed of a sque or diamond-shaped full-
wave closed loop driven element with one or more pasitic loops parallel to
the first one?

a. Dual rhombic.
b. Cubical quad.
C. Stacked yagi.
d. Delta loop.

An amateur finds that a Yagi just does not prode enough signal to access a
distant repeater. A possible solution is to:

a. Use an LPA.

b. Use a dipole.

C. Use a Ground Plane antenna.

d. Use two identical Yagis on the same tower.

What is the polarisation of the signal from a hitwavelength antenna which
has elements perpendicular to the earth’s surface:

Circularly polarised waves.

Horizontally polarised waves.

Parabolically polarised waves.

Vertically polarised waves.

coow

A dipole with two sets of traps will allow oper&on on:
a. One band.

b. Two bands.

C. Three bands.

d. All bands.

A folded dipole has an approximate impedance of:
a. 50Q

b. 72Q

C. 150Q

d. 300Q

A vertical antenna relies upon:

a. A good earth and ground connection.
b. No earthing.

C. A sensitive receiver.

d.

The D layer.
The term Zepp, Yagi, Quad and Log Periodic refeto:
a. Oscillators.
b. Transistors.
C. Antennas.
d Diodes.
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Chapter 27: Propagation

Propagation is the process by which radio wavedrget the antenna of the transmitter to
the antenna of a distant receiver. This chapteodnices the different propagation modes
used by amateurs.

27.1 Frequency Bands
For this discussion, you must remember the terragofrom an earlier chapter:

Range Wavelength Frequency Amateur bands
From To From To

HF High frequency 3 MHz 30 MHz 100 m 10m 80 to 10 m (9 bands

VHF | Very high frequency 30 MHz 300 MHz 10 m im 6m,2m

UHF | ultra-high frequency 300 MHz 3 GHz 1m 100 mm 70to 23cm

Let's add some more rather fuzzy terminology: Whenrefer tohigh bandswe’re talking
about the high HF and low VHF spectrum, perhapslfhel2, 10 and 6 m bands. Tiogv
bandsare in the low HF and upper MF spectrum: 160,80and perhaps even 40 m. The
mid-bandsare those between these two groups, perhapsgtariih 40 m and going up to
17 m.

Another term that we will use regularly is DX. DX an old telegraphy abbreviation for
“distance”, and is used to describe long-distarm@acts. The definition is a little flexible.
On the high bands, long-distance contacts areaa$yn contact to central Africa might not
be regarded as DX. On the low bands, with lessctfe antennas and higher noise, or on
VHF, with mostly line-of-sight communications, tllame contact might be construed as
great DX.

27.2 Direct Wave (Line of Sight) Propagation

Electromagnetic radiation generally travels inigtialines, so if radio waves can travel
straight from the transmitting antenna to the néogi antenna without being blocked by
obstructions, communication is possible. This seaplform of propagation is known as
“direct wave” propagation. It is also called “liné-sight” propagation although this term is
a bit misleading since some things that block lighich as a wooden structure, will allow
radio waves to pass through.

Direct wave propagation affects all frequenciese Ppossible range depends on the terrain
and the height of the antennas. Over flat ternaith both antennas 10 m high, the range of
direct wave propagation is about 20 km. Howevdly érrain can be used to good effect
by placing one of the antennas on top of a hill iehe can be “seen” from much further
away. VHF repeaters are usually located on higbssisince they rely on direct wave
propagation. They can achieve wide coverage artists of perhaps 100 km.

Both horizontally polarised and vertically poladseaves propagate equally well over line
of sight. However, because this form of propagatitains the original polarisation of the
wave, it is important to ensure that both transngtind receiving antennas have the same
polarisation.

27.3 Ground Wave Propagation

Low and medium frequencigsfract around the surface of the earth. Refraction isedu

by the nearby ground slowing the radio wave dowgh#l, causing it to bend towards the
ground. Because the ground itself is bending whth ¢urvature of the earth, the effect is
that the ground wave follows the earth’s surfacefr&tion is most pronounced at lower
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frequencies, so this effect is most significanthe LF and MF bands. It is present but less
effective in the HF bands and absent at VHF and@bo

MF (or “medium wave”) AM commercial broadcast stas can be received up to 100 km
or so away from the transmitter. The medium wavedtcast band (530 kHz to 1,6 MHz)
are low enough for good ground wave propagatioodcur. However, commercial FM
transmitters use VHF frequencies (88 to 108 MHZ#)jclv are only propagated by direct
wave, so they are only usable within 10 to 50 krtheftransmitter, depending on terrain.

The same ground interactions that allow the waveefmct around the curvature of the
earth also attenuate it, limiting the range of gibwave propagation to a few hundred
kilometres, depending on the power of the trangmitt

27.4 The Atmosphere

The atmosphere consists of three layers: troposplstratosphere and ionosphere. The
troposphere extends from the surface of the earthheight of about 10 km. It is the area
where most of the weather we are familiar with eqg The stratosphere extends from
10 km above the surface of the earth to approxima®® km. In this region, the
temperature and humidity remain relatively constaiie stratosphere has little effect on
radio wave propagation.

The ionosphere is that part of the upper atmosphbege free electrons occur in sufficient
density to have an appreciable influence on thepamation of radio frequency
electromagnetic waves. It extends from approxirgad@ km to 800 km above the earth’s
surface. In the ionosphere, high-energy solar tiatia(x-rays, ultraviolet radiation and
particles from the “solar wind”) strips electronsorh some gas molecules, leaving
positively charged ions and free electrons. Thesg@up of particles is known apkasma

The ionosphere is divided into four layers. Theaek, which extends from 50 to 90 km
above the surface, is only present during dayllghirs. As soon as the sun’s ionising
radiation is no longer present, electrons and rapsdly recombine to form neutral (un-
ionised) gas, and the D layer disappears. The ipeheffect of the D layer is to absorb
radio waves. Although some absorption takes placallafrequencies, the amount of
absorption decreases with the square of the freyueo it affects low frequencies much
more than high frequencies.

The upper three layers have a different effectteb of simply absorbing radio waves,
they bend the waves by refraction. If a wave istIseffficiently, it may return to earth a

considerable distance from the transmitter, alnagsthough it had been reflected off the
ionosphere. The amount of refraction (bending) ddpeon frequency, and is more
pronounced at lower frequencies. The upper layegsttee E layer, which extends from

about 90 to 150 km above the surface; thdayer, which extends from about 150 to
180 km; and the Hayer, which extends from about 180 to 300 kmighér. At night, the

E layer dissipates while the Bnd F layers combine to form a single F layer that ssle

strongly ionised than during the daytime.
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You may also encounter other names for these |lawy&its the E layer being known as the
Kennelly-Heaviside layer and the F layer being kn@s the Appleton-Barnett layer.

27.5 Sky Wave (lonospheric) Propagation

During the daytime, the D layer will absorb lowdtencies, but higher frequencies will
penetrate the D layer (albeit with some attenuatéord can be refracted back to earth by
the E, Rk or &, layers.

Even higher frequencies will not be refracted sidfitly by the E, Fand k layers and will
continue straight out into space instead of be@tgrned to earth. Refraction by thel&yer
(or at night by the single F layer) is responsfblemost long-distance HF communication.

At night, the D layer dissipates almost immediatahyg the E layer more gradually, while
the R and k layers combine to form a single less stronglysedilayer. Now that there is
no D layer to absorb low frequencies, they caneflected from the F layer and travel long
distances. However, high frequencies are not baatefd sufficiently by the more weakly
ionised nighttime F layer, so they will be lostirgpace.

Note that fairly high frequencies may still be usatvell after local sunset. Because a
plasma is a poor conductor, it takes a considetahkefor ionisation levels in theand i
layers to decrease to their nighttime values. Almmause these layers are high above the
surface of the earth, they will be illuminated smme time after local sunset. And finally,
for paths from east to west, the point where theesaieed to be refracted will be located
some distance to the west of the transmitter, wtieresun may still be shining.

This process of being refracted from the ionospieatso known as “skip”. The maximum
skip distance for the E layer is around 2500 kna, aimout 5000 km for the F layer. Longer
paths may be achieved Ioyulti-hop propagationwhere the refracted signal bounces off
the surface of the earth back to the ionospheresaradracted back to earth again. Up to ten
such hops can happen under exceptional circumsapeceviding propagation to points
anywhere on earth, maybe even via the long path.

There is normally a range of distances in whicligaad cannot be heard, as the receiver is
too close to the transmitter to receive skip armdféo for direct or ground wave. This area is
known as theskip zonelIn the skip zone, no or weak signals can be heamdthe high
bands, the skip zone typically extends from ab@@tb 1000 km.

The highest frequency that can be used on a pkartipath (i.e. for communication between
two particular places at a particular time) is @adlthe Maximum Usable Frequency (MUF)
for that path. It is dependent mainly on the degremnisation present in the ionosphere.
Increasing the EIRP won't help, because if the degy is above the path MUF, the
additional power will just be radiated into space.

V1.2 © 2005 to 2016 SARL 247



South African Radio League Introduction to AmatBadio

A signal may arrive at its destination via two oonm paths that happen to be open at the
same time. The ionosphere is constantly changingmasltipath propagationis also
constantly changing. Signals arrive with differetitne delays, resulting in phase
differences. In exceptional cases, when signalgeasia short and long path at the same
time, the difference could be as much as 150 m® 3ignals may add or subtract,
depending on the phase difference, resulting iraecément or destruction of the signal.
The result is a constant change in amplitude knasnfading Fading could vary
considerably from a short period (fractions of eoswl) to long periods (many minutes) and
could be tens of dB deep.

The lowest frequency that can be used for a patalled the Lowest Usable Frequency
(LUF). The LUF depends not only on the amount @iisation, but also on the amount of
atmospheric and man-made noise present at thevee@id on the EIRP of the signal. The
main consideration is whether the transmitted $jgafter being attenuated by the D layer,
is still sufficiently strong to be heard above thaise, so additional power will help to
decrease the LUF.

D-layer absorption and atmospheric noise both dseras the frequency increases, so the
best propagation is usually to be found just betlos'MUF. The best frequency, producing
best communications for the path, is called thergdtTraffic Frequency (OTF) or by its
French name, FOT.

The critical frequency is the highest frequencyt tan be radiated vertically upwards and
still return to earth. The critical frequency ishpmf indirect interest to amateurs, since
usually one is not hoping to bounce a signal valificoff the ionosphere and have it return
to the house next door. The critical frequency @&n measured relatively easily by
scientists, and is often the best indicator of gpt@ric conditions in the immediate vicinity.
When the critical frequency is high, MUFs for pathghat vicinity are likely to be high as

well, and when it is low, path MUFs will be low.

The actual MUF for a particular path may be wethabthe critical frequency, since waves
radiated at a shallow angle may be returned toheatien waves radiated vertically
upwards are not. Think of how you can skip a fletble on a pond if the pebble arrives at a
flat enough angle. Radio waves behave much the seaye—if they hit the ionosphere
almost vertically, they will probably penetrate tlifuthey arrive at a shallow angle, they
may well return to earth.

MUFs and LUFs depend on the extent of ionisatioth@ionosphere. This ionisation varies
with the time of day; with the season and with géimeount of solar activity. Solar activity
follows cycles approximately 11 years long. Evety yiears there is a solar maximum,
when high levels of solar activity generate inteis@sation and MUFs can extend well
above 50 MHz during daylight hours, giving greatdedistance openings on the 6 m and
10 m amateur bands. About seven or eight yeansttatee will be a solar minimum, where
MUFs may be under 20 MHz. The 6 m and 10 m bandk bel mostly dead, while
propagation on the low bands (160 m and 80 m)heilbetter than usual.

Solar Cycle 24 peaked in 2015. Solar cycles haea bembered since 1755, when regular
observations of sunspots started being recordes didgram shows the sunspot number by
day. Cycle 23 peaked around 2001 at an SN of abd0t Cycle 24 peaked twice. The
highest peak was in 2015 at an SN of about 80jrigalot of amateurs very disappointed.
Cycle 24 is said to have been the worst in theohjisif radio:
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ISES Solar Cycle Sunspot Number Progression
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Solar activity is measured in two different unttse sunspot numbgiSN) and thesolar flux
index (SFI). The two correlate very well, allowing modeflux measurements to be
compared to previous cycles when only optical okt@ns of sunspots were available.
Other important parameters include A and K, bothwbfch give an indication of how
stormy the solar surface is.

The sunspot cycle affects the optimum frequencescbmmunication. At the sunspot
maximum, daylight DX (long distance) communicatwill typically use the high bands,
with the other bands being used only at night. Auaspot minimum, daytime DX bands
will typically be the mid-bands, with the low bandsing used for DX at night.

Of course propagation does not depend only on tiondiat the transmitter, but equally on
conditions at the receiver and along the whole.datih example, it would not make much
sense to try to contact stations in the USA onydiglet band at 10:00 local time in South
Africa, since at that time it is only 03:00 locahé on the east coast of the USA. However,
at 10:00 local time in South Africa, the daylighanols might work well for contacting
Japanese stations, since then it is 17:00 in Tokyageneral, paths that are either all
daytime or all-night are the easiest. Mixed daylighd nighttime paths can be difficult
since frequencies that work on one side of the Viak't work on the other side, amite
versa However, remember that “daytime” conditions maeysist for several hours after
local sunset, and even later for east-west paths.

In general, radio waves travel along the greatleiggath between their source and
destination. This path that represents the shodesénce between two points on the
surface of the earth, without actually gothgoughthe earth! However, there argo great
circle paths between any points on earth—a shdh @ad a long path. For example, the
short path to the USA from South Africa is to trerthwest; while the long path is in the
opposite direction, to the southeast, and travelsral the world, crossing Australia and the
Pacific before finally ending up at the west cag#fsAmerica. Radio propagation can be via
either long or short paths, depending on the cimnditalong each path. In the late
afternoon, it may be possible to communicate wisitagion in the USA via short path on
the high bands and via long path on the low baaid$ie same time.

lonospheric propagation achieves the longest distawhen the takeoff angle of the radio
signal (the vertical angle of the signal above Hugizon) is small. We have already
mentioned the fact that signals that arrive at @lal angle to the ionosphere are much
more likely to be reflected. In addition, flattevgs cover more distance, requiring less hops
to get to the destination. Generally, a low takeofgle is required for DX. In the case of
horizontally polarised antennas, low takeoff angles achieved at great heights, generally
at least one wavelength above ground.
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At dawn and dusk, as the transition from day tchnigr night to day takes place, the
transition zone between daytime and nighttime doo causes tilting of the ionospheric
layers that may provide fleeting propagation ovegéhdistances. Low band DXers spend
most sunrise and sunset periods listening andhgalti exploit thesgrey-lineopenings.

lonospheric propagation is most common on the Mi¢iht only) and HF bands. It occurs
occasionally in the low VHF region, for example then amateur band, which is also called
the “magic band” because “skip”, albeit infrequecan travel great distances with very
little power.

27.6 Exotic lonospheric Propagation Modes

Sporadic E Propagation

A form of ionospheric propagation that affects VH&nsmissions is known as Sporadic-E
(Es) This propagation mode consists of the refractidnVHF frequencies from small
patches of intense ionisation in the E layer. Tdugse of these intensely ionised areas is not
well understood and they appear unpredictably @ésporadic”). k& is most frequently
during summer daylight hours and may last for ssEvieours. k is usable on frequencies
from 28 to 220 MHz and signal strengths are oftery wtrong, with low-power transmitters
being heard hundreds or thousands of kilometresy.a®ath distances may exceed the
2500 km maximum for single-hop E layer skip, indiieg that either multiple hops or some
form of ionospheric ducting is present.

Backscatter

When ionospheric propagation takes place, somieosignal after the first hop is scattered
back in its direction of origin. The signal therleets from the ionosphere, landing up in
the general area where it originated. The signabisnally relatively weak and would go
completely unnoticed by many operators, but cacdped with some efforBackscatter
sometimes allows contacts in the skip zone, antlesmost likely mode for countrywide
high-band contacts.

Meteor Scatter

Meteors entering the earth’s atmosphere leaveilaofréonised gas in their path that can
refract VHF signals. The ionisation typically ortésts for a few seconds or tens of seconds
before the electrons and ions recombine. Very $psech or Morse code, or specialised
digital modes like JT6M and FSK441, is needed te tadvantage of meteor scatter.
Typical meteor scatter bands are 6 m and 2 m.

Auroral Scatter

When the sun is unusually active and solar delassdtcumulated at the magnetic poles,
aurora forms. Aurora absorbs HF signals, but irtessrora can reflect VHF and UHF

signals. Because the reflective medium is hetermges and constantly changing, the
reflected signals experience Doppler shift and ehdispersion. CW signals can sound
rough and raspy. Auroral scatter is only accesdiblstations close to the polar regions,
mostly in northern Europe, Asia and North AmeriDatances of thousands of km can be
achieved.

27.7 Tropospheric Bending, Scatter and Ducting

Some bending (refraction) of VHF and UHF radio wsawecurs in the troposphere, which
increases the “radio horizon” (the distance overctviadio waves can propagate without
reflection or scattering) by about 15% comparedhi visual horizon. A simple way in
which this effect is modelled is to assume thatehgh is actually about one-third larger
than it really is when working out if coverage igspible. This approach is known as the
“four-thirds eartti model.
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Temperature and humidity irregularities within ttieposphere (the lower 10 km of the
atmosphere) can reflect VHF and UHF signals owdis&nce of from 100 to 500 km or so.
The reflections are usually fairly weak, so reabbm&IRP (either a high power transmitter
or an antenna with gain) are required. Howevelikanheteor scatter, tropo-scatter is long
lived, so it is possible to use standard modesdk¢ and SSB for tropo-scatter work. FM
is not recommended for weak-signal work, as it regumore power for an intelligible
signal than either CW or SSB.

In tropospheric ducting, VHF signals are “trappdaitween an inversion layer and the
ground or between two inversion layers and mayelréhvousands of kilometres with little
attenuation. These openings are found mostly aleemgoastline and are difficult to predict.

27.8 Earth Moon Earth (EME)

EME involves bouncing signals off the moon to sadisant location on earth. On VHF
bands and above, EME is the primary mode for iominental DX contacts, as
ionospheric propagation is exceedingly rare.

The losses are tremendous, with a path loss ofdB5®eing typical. Only about
0,000 000 000 000 000 000 000 001% of the transdhisignal returns to earth! An EME
station is a significant technical challenge, imito§ mechanical construction, antenna
work, low-noise receivers, high-power transmittéracking and astute operating.

EME used to be the exclusive preserve of those wétty high power stations and large
steerable antenna arrays; but the new weak-siggighldnodes like JT65 mean that today
even modestly equipped stations can experience &iEacts—especially if the station on
the other side of the contact has high power alatige steerable antenna array! One South
African has contacted over 100 countries on the [2amd using EME, and several others
are trying to emulate the achievement.

27.9 Amateur Satellites

There are a number of amateur satellites in ohait will relay signals in various modes,
including FM, SSB, CW and digital modes. They dl¢ lterrestrial repeaters, except that
signals are usually sent up to the satellite onbamal (theuplink band) and received from it
on a different band (th@ownlinkband). A pair of uplink and downlink bands is knoas a
mode.Modes are described using two letters, which e the uplink and downlink
bands, for example Mode V/U which has a 2 m upkmki a 70 cm downlink. The “V”
stands for “VHF" referring to the 2 m band, and the for “UHF” referring to the 70 cm
band).

The easiest satellites to work are those in lovthearbit, which because they are fairly
close to the earth (100 to 200 km above the surfeae be worked with low power and
simple antennas. Because they are low they offairlg small footprint (the area in which
stations can communicate via the satellite) andt gfass times — often only a few minutes.
The high earth orbit satellites like AO-40 offedaager footprint and much longer pass
times, but require more sophisticated equipmergcttess. Gain antennas may have to be
steered in azimuth and elevation to track the lgateDon’t overdo it, as satellites have a
limited power budget. If you put too loud a sigivato the uplink receiver, the on-board
AGC will reduce the receiver sensitivity, killinge signals from all other users. You will
stand out like a sore thumb, and probably speiwdtl @f time answering fan mail.

Amateur satellites were traditionally given an Qscamber by Amsat, the international
Amateur Satellite Corporation. OSCAR meant “Orb&atellite Carrying Amateur Radio”.
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These days, numbers such as AO-40 mean “Amsat @8tahO-7 is the oldest surviving
amateur satellife dating from 1974.

Because satellites move at high speed, they exbdppler shift. The operator may have to
look for the downlink at a frequency slightly diapkd from the nominal frequency, and
may have to adjust the uplink frequency to a slgtiifferent frequency to that used by the
uplink receiver.

27.10 Propagation Prediction

Broadcasting, commercial and government users b faave long had a need to predict
propagation. As our understanding of the ionosphee improved, the accuracy of
forecasting has also improved.

Today, a number of free software tools can be wsegoredict propagation on any path,
using solar data as input. Many of these tooldvased on VOACAP, which was developed
to forecast Voice of America coverage.

VOACAP is available with a bewildering array of ugeterfaces, some of which can draw
fancy coverage maps showing expected signal stremgdr the entire globe using colour
coding.

The output of a propagation forecasting algorittemaipath loss This number (in dB)
describes how much of the original signal will eeriat the destination. In principle, if you
know how much power is being transmitted and howehmuill be required at the receiver,
you can calculate the maximum path loss that catoleeated, and the expected signal to
noise ratio given the expected path loss.

For satellite and line-of-sight systems, the patbsican be readily calculated using the
normal decay of signal strength with distance:

Lp=20 Iog]_() (471' d _/1)

with Lp being the path loss (in dB) using isotropic antend being the distance in m anid
being the transmission wavelength in m. In prirgiphny distance unit can be used,
provided both quantities are expressed in the sanite.

Using this calculation, the total link can be mdekdl taking into account antenna gain,
feeder losses, connector losses, polarisation ni$ni@sses and obstructions.

PRX: PTX+ GTX_ I—Tx_ LP_ I—M + GRX_ I—Rx
where

Prx is the received power [dBm]

Pry is the transmitter power [dBm]

Gry is the transmit antenna gain [dBI]

L+ is losses in the transmitter (coax, connector$ giB|

Lp is the path loss, calculated above or obtainem firecasting software [dB]
Lw is miscellaneous losses (polarisation mismatchtrobtions etc.) [dB]

Gry is the receive antenna gain [dBi]

Lrx is losses in the receiver (coax, connectors [tB))

° If you exclude Oscar 0, the EME wisecracks’ naoretie moon...

V1.2 © 2005 to 2016 SARL 252



South African Radio League Introduction to AmatBadio

Once the expected receive power is known, it cacolbepared with the receiver sensitivity
specifications and the likely ambient noise cowodsi to determine the likely signal to noise
ratio. This ratio (in dB) must be compared to theimum required signal to noise ratio to
determine thdink margin the amount of unanticipated loss that can bedt#d before the
link will no longer function. A similar approach rcaalso be followed to calculate the
minimum required transmitter power.

Summary

Direct wave (line of sight) propagation is whenrsity of any frequency travel directly
from the transmitter to the receiver. Ground-waveppgation is where low and medium
frequency signals follow the curvature of the earth to a distance of several hundred
kilometres.

lonospheric propagation results from the refractidrradio waves by the E,;Fand K
ionospheric layers. During daylight hours, the Pelaabsorbs low-frequency signals, so
only higher frequencies are usable. The D layesigidges rapidly after dark, allowing even
low frequency signals to reach the F layer. Higflreguency signals are not refracted
sufficiently by the ionosphere to return to ealtht are lost into space. The skip zone is the
area within the first hop in which a signal canbetheard, as it is too far for direct and
ground wave, and too close for skip (perhaps 1amad km). The critical frequency is the
highest frequency at which radiation directed eatly upwards will return to earth. The
maximum usable frequency (MUF) for a particulahpiatthe maximum frequency that will
be refracted by the ionosphere along that pathitamay be considerably higher than the
critical frequency. The lowest usable frequency FlLls the lowest frequency that can be
used for communication on a particular path, angedds on the EIRP of the transmitter
and the receiver noise level as well as the extkignisation. lonospheric propagation via
the F layer occurs most commonly for the high fezgry (HF) bands, although there are
occasional openings on the 6 m band. The amoupnhation depends on the time of day,
season and the eleven-year solar cycle.

Multipath propagatiorcould result in enhancement and destruction okitpeal, leading to
fading Fading could vary the signal strength by tengiBfand could have a period of
milliseconds to hours.

Sporadic E propagation consists of the refractibrVHF signals by intensely-ionised
patches of the E layer. These patches occur spathdbut may last for several hours and
allow VHF communication at ranges from a hundredséveral thousand kilometres.
Backscatter allows close-in contact on the highdsawhen signals are scattered from the
surface after the first hop. Meteor scatter mostBes specialised digital modes to
communicate using the very brief periods of inteiosésation caused by meteors entering
the earth’'s atmosphere. Tropospheric scatter seduttim signals being reflected by
temperature and humidity differences in the tropese and can result in consistent VHF
and UHF communications over ranges of 100 to mdran t500 km with suitable
equipment. Tropospheric ducting, when VHF signaés teapped between the ground and
an inversion layer or between two inversion layersnuch less common but can result in
signals being received with good strength thousaridslometres away. Auroral scatter
reflects rough signals from the polar regions, vaithg long-distance VHF and UHF
contacts.

Earth-moon-earth (EME) is technically challengingcause of the extreme path loss.
Nevertheless, EME is possible with relatively mddgsitions using weak signal digital
modes.

Amateur satellites retransmit signals received o drequency band onto another
frequency band, functioning similarly to repeat@rspace but over much greater distances
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than terrestrial repeaters. Some satellites redqugk-gain antennas that have to track the
satellite in azimuth and elevation. Operators mayehto compensate uplink and downlink
frequencies to compensate for Doppler shift. Douss more power or antenna gain than
necessary, to avoid inconveniencing other users.

Link budget calculations can be done by calculatireg-space path loss or using a
propagation forecasting tool. The calculations taite account transmitter power, antenna
gain and losses, receiver sensitivity, antenna @aid losses and other factors like
polarisation loss. The link margin provides an aadiion of how robust the link will be,
what power is required, what antennas are requreiwhat the reliability of the link is
likely to be.

Revision Questions

1 What is the transmission path of a wave that tragls directly from the
transmitting antenna to the receiving antenna call@?
a. The ground wave.
b. The sky wave.
C. The linear wave.
d. The plane wave.
2 What effect does tropospheric bending have on 2 madio waves?
a. It increases the distance over which they canamsmitted.
b. It decreases the distance over which they cdarabhemitted.
C. It tends to garble phone transmissions.
d. It reverses the sideband of phone transmissions.
3 Two stations 5 km apart are most likely to be comunicating via:
a. Tropospheric waves.
b. lonospheric waves.
C. Direct waves.
d. Ground waves.
4 The D layer occurs in the ionosphere at a heiglaf about:
a. 80 km
b. 150 km
C. 200 km
d. 300 km
5 The R, layer occurs at a height of:
a. 80 km
b. 150 km
C. 100 to 200 km
d. 200 to 300 km
6 The ionospheric layer that mostly reflects long idtance radio communications
is:
a. D layer.
b. E layer.
C. F layer.
d. F layer.
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11

12

13

14

Signals above the MUF passing through the,Fayer:
a. Are reflected to earth.

b. Pass through and are lost in space.

C. Are amplified.

d. Are attenuated and refracted.

A VHF station finds a propagation opening on 2 nthat lasts for an hour, with
contacts of around 1500 km. This opening is mosklly caused by:

a. Sporadic E

b. Tropospheric scatter

C. lonospheric refraction in the F layer

d. Meteor scatter

Meteor scatter QSOs:

a. Often use SSB.

b. Use very short pulses of propagation.
C. Are only possible in summer.

d. Are common on the lower HF bands.

EME communications are accessible to:

a. Superstations using massive antennas and higérpo

b. All VHF stations.

C. Relatively modest stations using computer-bagsk-signal modes.
d. a andc.

Satellite frequencies change while monitoring #h satellite’s signals during its
pass. This change is due to the:

a. Height of the satellite.

b. Doppler frequency shift.

C. Drift.

d. The circular orbit shape.

Both Azimuth and Elevation refer to:

a. Satellite ground station antenna positions.
b. Mobile communications.

C. Maritime communication.

d. Doppler direction finding.

Satellites contain transponders which relay:

a. Only CW signals.

b. Only FM signals.

C. All modes of modulation.
d. Digital signals only.

When working via a satellite, you should:

a. Use the maximum power permissible.

b. Speak Esperanto.

C. Use sufficient power to maintain reliable cominsations.
d. Use a speech processor and shout for greatetrpton.
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15 A link budget is:

a. The amount of money needed to construct a coneations system.

b. The cost of civil engineering required to estkbantennas.

C. A calculation of the transmitter and receiverapaeters, antennas and path
loss to evaluate the feasibility of a communicatiegstem.

d. The business model for a commercial radio statio

V1.2 © 2005 to 2016 SARL 256



South African Radio League Introduction to AmatBadio

Chapter 28: Electromagnetic Compatibility

28.1 Definition of Electromagnetic Compatibility

Electromagnetic compatibility (EMC) is the procesk ensuring that equipment that
radiates electromagnetic radiation, such as aneamatansmitter, does not interfere with
equipment that may be sensitive to electromagmati@tion, such as television and radio
receivers, pacemakers and computers.

As more and more electrical gadgets come into dperathe problem of mutual
interference becomes worse and worse. The elecdtyostia spectrum is increasingly
polluted to an extent that makes radio communiaoatitarder and harder. In large cities, the
problem may become so bad that some have refere@dtromagnetic smogs a way of
describing the noise produced by millions of digerdevices in a city. EMC seeks to
alleviate this pollution by reducing the amountnalise generated and by addressing the
immunity of devices to that noise.

There are two considerations when dealing with riatence problems. The first
consideration is technical: the causes of interfege and how they can be eliminated. The
harder consideration is a legal and social one: Vithaesponsible for solving the
interference problem? The problem is both legad social because often an attempt to use
a legal approach will generate undesirable soemllts.

Interference can be caused by intentional or uniiteal radiators, and can take place to a
device that is aeceiver(that is designed to receive radio signals) oisa receiver (that is
not intended to receive radio frequencies, bukpedencing interference nevertheless).

28.2 Intentional and Unintentional Radiators

An intentional radiatoris a device that is intended by virtue of its fiim to radiate, such
as an amateur transmitter or a garage opening eecoatrol.

An unintentional radiatoris a device that does not need to radiate in da@erform its
intended function, such as a motor vehicle igniggstem or an electric fence.

There are strict limits to the maximum permittediation from unintentional radiators. If a
system that does not include a radio transmittesoafe kind is causing interference, that is
generally because the system is radiating more pkamitted, and it should be repaired or
replaced at the owner’s expense.

For example, if you receive interference from aghbbour’'s electric fence, that probably
indicates that the electric fence is radiating miv@n is permitted, and the neighbour is
responsible for having the defect rectified, andstmiurn the electric fence off until it
complies with requirements. Of course convincingiryoeighbour of this obligation may
not be so easy!

In general, any switch generates some radio nolst wwitching high currents. As the

contact is made or broken, some sparking may oteandjng to the transmission of a noise
burst. This noise may interfere with radio commatians at a considerable distance. In
fact, millions of such switches in an urban enviremt contribute to a gradual raising of
the noise level, until all radio communication viitlhe city becomes hampered.

28.3 Interference to non-receiving equipment

The converse applies when the equipment beingfémeat with is not intended to receive
radio signals. For example, suppose your neighbeports that your radio transmissions
are “breaking through” on their stereo system wtigy are listening to CDs. Because the
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stereo system when listening to CDs is not supptsedceive radio signals, the problem
lies with the stereo, not with the radio transmitte

Often the root cause is that the affected equipmeast not designed for, and has not been
tested in, environments with strong RF signals gesUnfortunately it is quite legal for
such equipment to be sold, and it will work fine 8% of the time, since in most locations
it will encounter only weak signals from distardinismitters. Then an amateur moves in
next door, sets up equipment that is operatingimvitine limits of their licence, and all of a
sudden the neighbour’s CD player receives intemfggelt is quite natural for the neighbour
to think that this is the amateur’s fault, and thia¢y must fix the problem or stop
transmitting. However, the fault lies with the méaaiurer of the equipment for not
designing it to withstand the levels of electrometgnsignals that may result from a nearby
transmitter.

In this case, even though it is the neighbour' paesibility to solve the problem, it would
be diplomatic for the amateur concerned to makehiser technical skills available to the
neighbour to help diagnose the problem and suggesitions. Apart from good
neighbourliness, the same neighbour may have thmramity to comment on your
application to erect a tower, and is more likelyp&kindly disposed to such a request if you
have helped them to solve any problems that appmdnave been caused by your
transmissions in the past!

28.4 Intentional Radiators interfering with Receive  rs

The situation is slightly more complex if an inten@l radiator (such as your amateur
transmitter) interferes with a device that is ited to receive radio signals (such as your
neighbour’s television set). In this case, the Regstion is the nature of the interfering
signal.

If the interfering signal is in all respects a leligenced transmission—that is, it is within
an amateur band, does not exceed the power patrfottéhe band and licence holder, and
is a clean signal—then the problem is being causedhe receiving equipment being
affected by an out of band signal, and it is theergéng equipment that is defective and
must be repaired.

On the other hand, if the transmitted signal in amgy does not conform with the
requirements of your licence, you should first eotrthe problem with the transmitted
signal before suggesting to your neighbour thay theve their TV fixed! If interference is
reported to ICASA (the regulator), their first cearof action will probably be to inspect the
transmitting equipment. If it is found to be out @fder in any way, you may be held
responsible for the interference and, even if yeurot, the transmitting equipment can be
confiscated if it does not comply with your licemeguirements.

Once again, as a matter of diplomacy, it is a gded to assist your neighbour if possible
to solve the interference problem, even if you hdeeermined that your transmitter is

operating quite legally. As well as maintaining gean the neighbourhood, this course of
action will help to maintain the good reputationashateur radio. However, if this is not

possible—for example, if your neighbour refusesryassistance and insists that you just
stop operating—then as long as you are certainyibiat equipment is operating legally,

you are entitled to continue to operate despite itlierference to your neighbour's

television or other equipment.

When offering technical assistance to resolve fietence problems, remember that you

may be held liable for any changes you make tantighbour’s installation that may later
lead to problems. If you solder a filter into yawgighbour’s speaker leads and the sound
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system suddenly stops working a few months latau, are likely to have fingers pointed at
you.

28.5 Shared Bands

One exception to our classification is that somatanr bands are shared between different
users, with one of the users being declared thengy” user and the other as “secondary”

users. For example, amateur radio has been altbtta#el 3 cm band (2,3 to 2,45 GHz) on a

secondary basis; the primary use is industriagndific and medical.

Simply put, secondary users may not cause intergeréo primary users (and must stop
operating if this is the only way to prevent ingdnce), while they must accept
interference from primary users. So if you live nheloor to a hospital and receive
interference from medical equipment that is intmmaily radiating in the 2,4 GHz band,
there is nothing you can do about it.

Of course all amateur bands are shared with otheteurs, and it is important that we take
steps to avoid interfering with our fellow amateurbese steps should include operating
courtesy and ensuring that your transmitter isataty a clean signal.

28.6 Causes of Interference
There are three possible causes of interference.

1. The transmitter may be radiating on a frequencyittsould not be radiating on.
2. The receiver might be receiving signals that ittdtimot be.
3. The transmitter and receiver may both be workingemtly, but something else is

translating the transmitted signal to the frequendythe receiver. For example,
corrosion in a gutter can cause the metal to opelise a rectifier, re-radiating
harmonics of signals transmitted from a nearbystratier.

4, Other sources of noise, such as high-power elattsiwitches or motors, or even
natural phenomena such as lightning, can cause tiwas will influence receivers, both
intentional and non-intentional.

Since the third mode is quite uncommon and usualires specialised equipment and
significant expertise to resolve, we will only loakthe first two possibilities.

28.7 Transmitter Defects

The most common problems in transmitters are frequénstability, harmonic radiation,
spurious oscillations, and “wide” signals.

Frequency instability is usually the result of Lidductor/capacitor) oscillators that have

not been adequately compensated for temperatur@ativas or protected against

mechanical shock. It is most likely to impact ohest amateurs, unless the instability is
sufficient to take the transmitter out of the amatkand and cause interference to other
services. Fixing frequency instability usually reéga design modifications or improved

construction methods (for example, more solid aotibn that is less sensitive to

mechanical knocks). It is quite uncommon with maoderystal-controlled synthesised

radios, although it may occur if a PLL frequencyntéyesiser gets unlocked from the

reference frequency.

Another type of frequency instability is chirp, whioccurs when the oscillator frequency is
affected by the loading of subsequent stages dlubtuations in the power supply voltage
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when a CW transmitter is keyed. It can be prevelmgdising a high-impedance buffer
amplifier after the oscillator; and by regulatimg toscillator voltage supply.

Harmonic radiation occurs on multiples of the traitter output frequency. For example, a
transmitter operating at 144 MHz may interfere wéthtelevision receiver operating at
720 MHz (144 MHz x 5). It can be caused by oveidgvan amplifier stage (for example
by having the microphone gain or CW drive leveltsethigh) or by inadequate attenuation
of harmonics by the transmitter’s output lowpatteffile.g. when the output controls on the
amplifier are improperly adjusted).

If the problem is caused by overdriving the trarttmi the solution is to reduce the drive
level by adjusting the microphone gain or CW drogrectly. However, if the problem
persists even when the transmitter is not beingdmwen, the best solution is to add an
additional lowpass filter between the transmitted the antenna. Lowpass filters for the HF
bands (up to 30 MHz) are available at reasonaldtartd provide substantial attenuation at
higher frequencies, typically 50 dB or better atviaz.

Another solution sometimes recommended is to usard@nna tuning unit (ATU) even

when it is not required to match the antenna, @a\fhU may attenuate out-of-band signals.
When doing so, ensure that the ATU is a lowpaserfiland not a highpass filter. A Pi

network with a single inductor or a T network witio inductors should do the trick.

Spurious oscillations may either be self-oscillatiat or near the intended frequency of
operation of an amplifier or mixer, or parasiticidations, which usually occur at VHF or
UHF frequencies far away from the intended freqyeof operation. Self-oscillation is
caused by unintended feedback from the output @maplifier or mixer that includes tuned
circuits to its input, causing oscillation at tleseonant frequency of the tuned circuit. It can
be suppressed either by reducing the couplingefample by shortening component leads)
or by introducing negative feedback to reduce dlop Igain and prevent oscillation.

Parasitics are VHF or UHF oscillations that occue o unwanted “hidden” resonances in
oscillators and amplifiers—for example, betweendRBkes and decoupling capacitors, or
due to the inductance of capacitor leads at higluencies. They can be eliminated by
using low-Q (lossy) RF chokes, which are less Jikid cause oscillations, or by using
ferrite beads to add sufficient inductance to congmd leads or wires to dampen out
unwanted VHF or UHF oscillations.

“Wide” signals are signals where the bandwidth exsethe minimum required due to
inter-modulation distortion. The cause is usualatt some amplifier stage is being
overdriven, and while this may result from a desitgfiect it is more often caused by an
incorrectly adjusted microphone gain control or Cikive level. On most modern

transmitters the ALC (automatic level control) agé can be monitored on the
transmitter’s meter during transmissions. The npbome gain or CW drive level should
always be adjusted so the voltage remains withenattceptable ALC levels at all times.
These levels are usually marked on the meter.

Another cause of wide signals is amateurs inteatiprfopening up” the audio paths on
their transmitters to allow the broadcast of widebaudio signals that exceed the 3 kHz
bandwidth required for communications quality ie gursuit of “fidelity”, but at the cost of
causing interference to other operators.

A CW transmitter may generate key clicks if theriesiris switched on or off too rapidly

when keying. The carrier should be turned on orgeffitly over a period of about 5 ms to
avoid generating key clicks. Unfortunately, evenmsovery well-regarded modern
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transceivers like the original FT1000 MP have abjam with key clicks and may need to
be modified to reduce clicks to acceptable levels.

If a high-power stage is keyed directly, archinghef key contacts may result. The solution
is to key a lower-power stage and then feed thdtieg keyed signal to amplifier stages, or
to use an intermediate switch like a transistoretay to do the actual keying, keeping the
high power away from the key itself.

Mains hum may be heard on transmitted signaleifpibwer supply is inadequately filtered.
The addition of a voltage regulator or additionalosthing capacitors should solve the
problem.

If a transmitter is using an antenna like a longewthat is driven against earth, it is
important to have a good RF earth system thatdegandent of the mains earth. The earth
lead must be as short as possible and must badrastdirectly as possible. The mains earth
wire usually travels in close proximity to the athmains wires for some distance before
being physically earthed, so RF signals in the maarth are likely to be inductively
coupled to the live and neutral wires and may frateough them to neighbouring
buildings, causing interference, especially to saiperated equipment. The mains earth
also often has high impedance at RF frequenciesarsandependent earth system is
necessary to remove RF voltages from equipmenaatehna feed-lines. Of course, even if
you cannot provide a good RF earth, a mains grasirgdill required to prevent the case
from having a potentially lethal voltage in the eaf a fault.

28.8 Receiver Defects

The most common defect in radio and televisionivecs that results in interference from
amateur transmissionsrisceiver overloadSignals stronger that the receiver was designed
to handle are present at the receiver input, aiet-modulation distortion in the first mixer
causes spurious products that interfere with rémept

One common cause of over is inexpensive mastheapr&mplifiers that are sometimes
used to improve television reception in marginadaar While preamplifiers with decent
signal-handling capabilities are available, theg generally more expensive, and the
inexpensive ones that are widely available are peope to overloading.

A solution to receiver overload is to add additiofitering before the receiver that
removes the strong out-of-band signals that ardaaging the receiver. What type of filter
is required will depend on what frequency transioiss are causing interference. If
transmissions in the HF bands are causing the gmgbh highpass filter between the TV
antenna and the TV might solve the problem, sifee TV transmissions are on higher
frequencies in the VHF and UHF region, so thesgueacies can be passed while blocking
HF frequencies. Obviously, if a masthead preanguliis in use, the filter must be on the
mast too, between the antenna and the preamplifier.

If amateur VHF transmissions are interfering withlRJtelevision reception, a highpass
filter with a cutoff frequency of 470 MHz might sel the problem. However, if VHF
transmissions are interfering with VHF televisioeception, a bandstop filter for the
particular interfering amateur transmission bandhhbe required. These bandstop filters
are also called “traps”. A quarter-wavelength traission-line “stub” connected across the
feed-line and open at the far end, may also ses\e taap. It presents a low impedance at
the frequency on which it is exactly a quarter wength, effectively shorting the two
conductors in the feed-line together at that fregyewhile presenting a high impedance at
most other frequencies. Signals move more slowlyoiaxial cable than in free space, so a
quarter-wavelength stub is shorter than an actumitgr wavelength.
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However, note that if the problem is being causedoberloading a masthead RF
preamplifier, no amount of filtering of the sigriatween the amplifier and the television
will help, as in-band spurious products may alrehdye been generated by the amplifier.
In this case, replacing the amplifier with one tisathore resistant to overload (or removing
it altogether if reception conditions permit) maythe only option.

Interference to receivers may also result fiorage signalsalso known asecond-channel
interference, if the image frequency of a recen@ncides with the frequency on which a
strong amateur signal is present and the receairsufficient image rejection.

Assessing Interference Sources

When hearing interference from a nearby transmitfer operator must decide whether the
interference is caused by the transmitter or by réeeiver. Because transmitters and
receivers use very similar techniques to generatk demodulate the signal, they suffer
from very similar types of interference.

The key in determining whether it is a transmitien receiver problem is the fact that most
interference is caused by saturation of some Hintthe transmitter is driven too hard, the
signal will be distorted because the final amplifeannot handle the signal amplitude,
resulting in adjacent-channel interference. Likewia receiver that is overloaded with a
very loud nearby signal will saturate, causing \&milar interference.

The key is in reducing the incoming signal strerigtthe receiver. Most communications-
grade receivers include a switchable attenuatoref@ctly this purpose. In other cases,
receivers feature a preamplifier that is used feakvsignal work, which can be turned off
to reduce signal levels. Finally, the receiver's &kn can be reduced. Either way, the
reduced signal strength will probably solve thebpem if it is receiver-generated.

When hearing a “wide” signal, simply engage theratator and observe the effects. Most
attenuators provide something like 20 dB of att¢éiona If the adjacent interference
disappears or decreases by 40 dB or more whenttdrmuator is engaged, the problem is in
the receiver. However, if the adjacent interferedeereases by only 20 dB when the
attenuator is engaged, the problem is in the tratesmA friendly request to the offending
operator may be in order.

Remember that any of these measures to reduceeatjaterference will also reduce the
sensitivity of the receiver. When you insert attmn, turn off the preamplifier or reduce
the RF gain, you are sacrificing sensitivity in eaonge for a reduction in interference. Even
though the incoming signal becomes weaker, thdtnegl SNR has improved.

28.9 Common-Mode Chokes

Interference usually “gets into” the equipment keinterfered with through the wires
attached to it. These wires include antennas, gpdefids, interconnections between audio
components and mains power leads. In common-maedderence, the signal is transmitted
in phase by both the conductors in the connectiar-example by both the live and neutral
wires in the mains, or both conductors in the speakble, or both the inner conductor and
the earth in a coax cable.

Common-mode interference can be effectively elineideby a common-mode choke, also
known as abraid breaket. Although it does not involve physically breakitige braid in a
coax cable, it effectively blocks the flow of commmode signals that travel along the
braid as well as in the inner conductor, which eve the name comes from.

The choke consists of several turns of the cableiehwhould be a mains power lead, a
speaker cable, or a coax cable—wound around abtelitare to form an inductor. Ferrite
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toroidal cores are the best, and are availabl¢hipurpose from local suppliers. The idea
Is that common-mode currents will generate a magfietd in the core, and so the choke
will act as an inductor to common-mode signalsthié inductor has sufficiently high
impedance at the frequency causing the interferghisesignal can be rejected.

However, differential signals—that is, signals wheurrents flow in opposite directions in
the two conductors, for example the signal fromahgenna in a TV antenna lead—uwill not
generate a magnetic field since the fields genétayethe two currents flowing in opposite
directions cancel out; and so the common-mode chimes not act as an inductor for
differential signals, which pass through unaffected

Common-mode chokes can be used both with receigmmgpment, such as television
receivers, and with non-receiving equipment suclaadio amplifiers that are suffering
interference from strong radio signals.

28.10 Direct Radiation and Shielding

In a few cases, electronics may be directly infagehby strong electric fields. Currents can
be induced into circuits without going through ceating cables.

The problem normally manifests when very strongtele and magnetic fields are present.

The most likely situation is for equipment situat@ehr an antenna connected to a high-
power transmitter. In such cases, interferencebesacoupled directly into the IF stages.

Such IF interference is characterised by it beires@nt on all channels or frequencies that
the device is capable of receiving.

Remember that an electromagnetic signal is compoédtl and H fields. The E field is
measured in V/m and the H field in A/m. These #elthn be measured using a field
strength meter.

The problem is normally solved by good design pecast—using decoupling components
such as capacitors within the circuit itself—and diyielding Consumer devices are
normally made very cheaply, and often do not compith good design practices.
Manufacturers have a duty to solve problems thaitdae to design inadequacies, but local
distributors are not always willing and capabledtn so. The problem is therefore more
likely to be solved by good shielding.

Shielding consists of conductive enclosures thatpietely surround the circuitry, known
as aFaraday Cage Shielding should be solid or have only small Boldoles that have a
circumference of more than a fraction of a wavelengf the offending signal will be
penetrated by the signal, leaving the equipmemntarable to the strong field. Shielding also
serves to reduce radiation of objectionable interfee by the electronic devices.

Shielding against electric fields is relatively yass most metals are conductive to
electricity and can be used to make Faraday Cage=mes. If the coupling mechanism is
predominantly magnetic, the problem is much hatdesolve. Specific materials such as
Permalloy or Mu Metal must be used, and the shigldnust be relatively thick. Magnetic

fields are normally not the dominant problem athleigfrequencies (HF, VHF and up).

Transmitters can also be prone to direct radiatibis, time outbound. Some transmitters
can radiate energy that does not go through thenaat connector, through so-called
cabinet radiations The cause is normally stray currents inside thbinet. As with
susceptibility problems, the solution is not eaay,the bad equipment design is probably
not easy to fix. The problem must be solved by owprg screening. The transmitter must
be inside a Faraday Cage. If the existing enclosun®t good enough, more work may be
required, analogous to the suggestions for sudsiptigiven above.
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28.11 Sensible Measures against Interference

Many types of interference can be alleviated bypntourtesy. Mount your antennas as
high and as far from potential interference as gan.. Use the minimum power required to
facilitate the communications of the moment. Listegfore you transmit. Much of the

interference that results in practice is due t@éation of one or more of these simple rules.

Summary

EMC should be looked at from two perspectives:té@ahnical flowto solve the problem)
and the legalwhois responsible for solving the problem). If théenfiering signal is being
generated by equipment that does not need to tiamsnorder to function, it is this
unintentional radiatorthat is usually at fault since there are strigiitt as to how much
electromagnetic energy can be radiated by unimdeatiradiators. If the equipment being
affected is not intended to receive radio signélsame kind, the affected equipment is at
fault. If a signal from an intentional radiator a$fecting equipment that is designed to
receive radio signals, the key question is whethertransmitter is operating within the
frequency and power limits specified by its licentfethe transmitter is not radiating
legally, the exceedances must be fixed. Howevetheftransmitter is operating correctly
and within licence requirements, the problem ismpeiaused by the affected equipment
responding to an out-of-band signal, and ultimatelg up to the owner of the affected
equipment to have the problem repaired at his pekgense.

However, it is advisable for an amateur whose tmassions are causing interference to
assist as much as possible in diagnosing the adube problem and suggesting solutions.
This is both to maintain a good relation with ndighrs and to maintain the good image of
amateur radio. Just be wary of making changes & ribighbour’s installation, as
subsequent problems with the equipment may wetlé#@ed on the helpful radio amateur.

The most common transmitter problems are frequanstability, harmonic radiation,
“wide” signals and key clicks. Frequency instapiliequires due attention in design and
construction to temperature compensation, mechiargidity and suitable buffering of
oscillators to avoid chirp. Harmonic radiation daattenuated by a suitable lowpass filter.
Wide signals are usually caused by setting theoplasne gain level too high. Key clicks
are the result of turning the carrier on or off tapidly.

Receiver problems can be caused by common-mod#feredtial signals. Common-mode
signals can be attenuated by a suitable common-wctoale (also called a “braid breaker”).
Differential-mode signals require the use of suédtighpass or bandstop filters between
the antenna and the receiver. Mast-head TV amifiee often subject to overloading. The
amplifier may need to be removed or replaced with that is less subject to overloading.

An attenuator can help to diagnose interferencegosceived. If the attenuator attenuates
the interference just as much as the signal caussitige problem is in the transmitter. If the

attenuator completely cures the interference oncesl it by much more than the offending
signal, the problem is in the receiver.

Strong electromagnetic fields can couple direcitp ielectronic equipment. The solution is
good design of the target electronics and thoralgblding (aFaraday Cagg Shielding
should not have large holes, failing which the oaglgnals will still penetrate the enclosure.
For coupling that is predominantly magnetic, spesmlosures of special materials will be
required.

Transmitters can also suffer from cabinet radiaidnxing these problems is similar to the
suggestions for shielding given above.
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Simple courtesy requires that you operate in a tliay minimises the risk of interference.
Very often, that's all that is required.

Revision Questions

1

EMC defines the compatibility of electronic equiment to:

a. Static noise.

b. Man made electromagnetic noise.

C. High supply voltages.

d. Battery operated equipment.

One aim of EMC is to:

a. Prevent pollution of the RF spectrum.

b. Encourage high power transmissions.

C. Discourage development of amateur radio.
d. Desensitise radio receivers.

Spurious oscillations caused by resonant of RF ckes can be minimised by

using:

a. Low Q chokes.

b. Long power cables.

C. Non-inductive capacitors.
d. Non-resonant circuits.

Self oscillations can occur when the output of aamplifier is coupled to:
a. An antenna.

b. A dummy load.

C. A pi-filter network.

d. The amplifier input.

An RF power amplifier is found to oscillate at is fundamental frequency when
the RF drive is removed. This effect is called:

a. Self-oscillation.

b. Parasitic oscillation.

C. Harmonic oscillation.
d. Overload oscillation.

The cure for-self oscillation in an audio amplifer is:

a. To increase voltage gain.

b. To filter the feedback signal.

C. To inductively couple the input stage.
d. To introduce negative feedback.

Insufficient carrier suppresion on an SSB signalill cause:

a. distortion.

b. poor readability.

C. difficulty to set the receiver BFO.

d. heterodynes on the audio frequencies.

To minimise mains hum on transmitted signals, alDC power supplies should:

a. Use a low DC voltage.

b. Use a screened transformer.

C. Be RF decoupled.

d. Use smoothing and regulator circuits.
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9 A 1000 pF capacitor across the DC output of a paw supply:
a. Will increase any 100Hz ripple present.
b. Improve low frequency response.
C. Remove AC rectified mains hum.
d Decrease smoothed output voltage.
10 To minimise interference on adjacent channels,oice frequencies should be
kept below:
a. 500 Hz
b. 1 kHz
C. 3 kHz
d. 5 kHz
11 So as not to cause unnecessary sideband splatthe percentage modulation of
an AM signal must be kept below:
a. 25%
b. 50%
C. 75%
d. 100%
12 What causes splatter?
a. Inadequate harmonic suppression in the finalifierp
b. Excessive bandwidth of a transmitter.
C. A poorly regulated transmitter power supply.
d. Insufficient drive to the final amplifier.
13 Intermodulation caused by a linear SSB amplifiers due to:
a. Over driving the power level of the amplifier.
b. The operating frequency being to high.
C. Harmonic distortion.
d. Two modulating frequencies occuring at the stime.
14 Over-driving an SSB linear amplifier can cause:
a. Improved communication.
b. A louder audio signal.
C. Lower power consumption.
d. Distortion and splatter.

15 Which of the following might be effective at redcing the risk of parasitic
oscillations in a low power VHF output stage?

a. Ferrite beads on the emitter lead of the palseice.
b. Ferrite beads on the microphone cable.
C. Ferrite beads in series with the microphone.
d. Ferrite beads on the loudspeaker leads.
16 Parasitic oscillations can cause interference héy are:
a. At a very low frequency.
b. Always at twice the operating frequency.
C. High in frequency but not related to the ogagatrequency.
d. Always at three times the operating frequency.
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17 Any non-linear device will produce:
a. Mixing products.
b. Amplification.
C. Filtering.
d. Key clicks.
18 When a synthesised VFO oscillator is not locket the reference frequency, it
will be:
a. Stable.
b. Equal to the reference frequency.
C. Unstable.
d. Equal to the operating frequency.

19 A domestic receiver having an IF of 455 kHz andeceiving a signal on
945 kHz, experiences strong breakthrough from somee on the 160 m band.
This interference could be caused by second channeterference of:

1,810 MHz.

1,825 MHz.

1,835 MHz.

1,855 MHz.

coow

20 A typical source of polluting electromagnetic iterference is caused by:
a. Electric musical instruments.

b. Video signals.

C. Audio signals.

d. Arcing electrical switches.

21 A lowpass filter is most likely to be found in:
a. A crystal oscillator.

b. The output stage of an HF transmitter.
C. A TV antenna amplifier.

d. A mixer.

22 A ferrite bead around a piece of wire:

a. Decreases the wires impedance.

b. Protects the wire from damage.

C. Blocks the flow of RF signals along the wire.
d. Improves power dissipation.

23 A braid breaking toroidal choke wound onto a coa feedline:
a. Passes anti-phase currents.

b. Blocks anti-phase currents.

C. Passes in-phase common mode noise.

d. Acts as a balun.

24 An interfering signal picked up by a long feedhe can be attenuated by:

a. Raising the receiving antenna.
b. Replacing the feedline.

C. Correctly matching the feedline.
d. Installing a toroidal choke.
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25 In RF power amplifiers, the DC wiring associatedvith the tank circuit often
passes through ferrite beads. The beads:
a. Introduce local lowpass filters in the wiring.
b. Cause high power losses at VHF.
C. Act as fine tuning controls for the tank circuit
d. Increase the "Q" of the tank circuit.
26 To eliminate RF pickup on the outer screen of eoax cable:
a. Install a balun.
b. Remove the earth from the coax cable.
C. Install a braid breaker.
d. Use lower loss coax cable.
27 A TV antenna coax feedline picks up an amateurrdnsmission. This
interference can be resolved by trying to install:
a. A masthead amplifier to override the incomingiiference.
b. A braid breaker.
C. New TV coax cable.
d. Filters on the mains power plugs.

28 It is found that interfering signals are being mduced on the braid of an
antenna downlead to a domestic FM radio by a 144 MH transmitter. One
possible solutionis:

a. To fit a braid breaker filter on the antennediae.
b. Remove the 144 MHz transmitter earth lead.
C. To increase the 144 MHz transmitter power.
d. To fit the 144 MHz transmitter with a lowpadséeii.
29 The antenna of an amateur station must be locaten a position that:
a. Is easily accessible.
b Is in line with other power lines.
C. Will not induce high field strengths in domegtremises.
d Is below all other structures.
30 The location of the feeder of an amateur antenmaust be
a. Of a precise length.
b. Kept away from other cable routes.
C. Not visible.
d Kept close to other telephone cables.
31 The earthing of an amateur station is requiredd:
a. Give the mains a good earth.
b. Minimise undesired RF voltages on the feeddrexuipment.
C. To prevent mains earth leakage.
d. Enable the equipment to operate from batteries.

32 When operating a mobile HF set at home from a ltery supply using the base
antenna, there is no breakthrough problem. When usig the same
arrangement with an earthed battery charger also conected, breakthrough
occurs on an electronic organ. The possible cause i

a. the production of harmonics at the transmitter.
b. very strong received signals.

C. Poor RF earthing.

d. RF earthing is too good.
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33 To minimise harmonic radiation most HF transmitters contain:
a. A highpass filter.
b. A notch filter.
C. A lowpass filter.
d. Bandpass filters.

34 The term “trap” when discussing filters describs a device which:
a. Increases signal output.

b. Narrows the bandwidth of an antenna.
C. Acts as a notch filter.
d Acts as a dummy load.

35 The length of a coaxial trap used to filter outin interfering signal is:
a. A quarter wave length of the interfering signal
b. A random length.
C. The wavelength of the transmitted signal
d. 250 mm
36 A notch filter one quarter wavelength long usedo filter out an interfering
signal on the VHF bands is called:
a. a stub.
b. a balun.
C. a transformer.
d. an antenna tuning unit.
37 The main reason for providing substantial mainsearthing points on RF
equipment is:
a. To provide a path for RF to be bypassed tdeart
b. To provide a path for fault currents to be pddsesarth.
C. To bypass all spurious signals to earth.
d. To increase earth resistance.
38 The leads used to connect RF equipment to earshould be:
a. Connected to the nearest mains plug earth tatmin
b. As short as possible.
C. Bare copper wire.
d. Connected via a suitable resistor.
39 In order to prevent the feeder to an antenna fnm radiating it should be:
a. As long as possible.
b. Cut to an exact length.
C. Screened and earthed.
d. Run close to the antenna.
40 In considering the equipment and power levels il densely populated
neighbourhood, it might be advisable to:
a. Keep the antenna as low as possible.
b. Locate the antenna as remotely as possibletiiemeighbours.
C. Use maximum output power.
d. Always use long feedlines.
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41 The best place for an HF beam to minimise integfence for an amateur living
in a semi-detached house is:
a. On the joint chimney stack in the centre ofrthe.
b. Overhanging the next door’s roof space.
C. As high and far away as possible.
d. As low and far away as possible.
42 If interference is being coupled directly into kectronic equipment by a nearby
antenna, the best solution is probably to:
a. Add chokes to all cables connected to the ecgipm
b. Enclose the equipment in a Faraday cage.
C. Enclose the equipment in Mu Metal or Permalloy.
d. Change the design of the electronics.
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Chapter 29: Measurements

Measurements are important to determine whethepewunt is functioning properly and to
diagnose faults. This chapter introduces some @fhtkasurements of interest to amateurs
and the test equipment we use to make these mezsise

29.1 The Ammeter

The ammeter is used to measure current. In itsleshporm, it consists of a coil through
which the current to be measured flows, mounted bearing and suspended between the
poles of a magnet. A current flowing through thé generates a magnetic field, which will
interact with the magnetic field from the permaneatgnet, causing the coil to pivot on its
bearings. This rotation moves a pointer attachethé¢ocoil, which indicates the current
flowing on the meter scale. This mechanism is dalmoving-coil meter

An ammeter is connected in series with the wirevinich the current to be measured is
flowing, so that the current flowing through therevalso flows through the ammeter. In
order to have the least effect on the circuit undst, the ammeter should have as small a
resistance as possible.

The range of an ammeter can be extended by congeatiresistor, called ahunt in
parallel with the ammeter. The purpose of the shsitd cause only a small part of the
current being measured to flow through the metdowing the meter to measure a larger
current than it was originally designed to. Thergimesistance can be calculated using the
formula:

RngM/(n—l)

where Rs is the shunt resistanc®,, the resistance of the ammeter, ands the scale
factor—that is, the ratio between the desired dulde meter reading and the full-scale
reading of the meter without a shunt. For exampl@pose you want to measure a current
of up to 1 A using a meter with a full-scale defies of 1 mA and an internal resistance of
100Q. The scale factor is 1000 (to increase the fudlesdeflection current from 1 mA to
1A),so

Rs =100/ (1000 — 1)
=0,100102

Ammeters designed for small currents are generaiblled milliammeters or
microammeters

29.2 The Voltmeter

Voltmeters are used to measure voltage. A milliatemean be converted into a voltmeter
by adding a suitablenultiplier resistor in series with the milliammeter. For epdn
suppose a milliammeter with a full-scale deflectadrlOOuA and an internal resistance of
1 kQ is required to measure voltages up to 10 V. Thal te@sistance of the milliammeter
plus the multiplier can be found by applying Ohinésw:

R =V/I

=10V / 10QA
=100 k2

Since the internal resistance of the milliammeted ik, the series resistor required is
99 KQ.
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A voltmeter is connected in parallel with the coment across which the voltage is to be
read. In order for it to have the least effect ba tircuit, the resistance of a voltmeter
should be as high as possible. Transistorised etéra, using transistors, FETs or other
devices to buffer the input can have in input tasise of many mega-ohms.

Moving coil meters are usually designed to meaf\e In order to measure AC voltages,
a simple rectifier circuit may be employed. Thimgile rectification results in the meter
measuring th@wveragevalue of the rectified AC waveform, not the RM3uea However,
the meter scales for AC voltmeters are usuallyocatied so that if the waveform is a pure
sine signal, the scale will read the RMS value. Blosv, for waveforms other than sine
signals, the reading will not be an accurate RM8ea

29.3 The Multimeter

The multimeter is a common piece of test equipnieat uses a moving-coil or digital
meter to measure voltage, current and resistanm@e Snultimeters may also measure
capacitance and other quantities. The user musttsiie function (resistance, current or
voltage) using a mode selector switch. In olderemgtthe user also has to select the scale
(i.e. the full scale reading), failing which the teremay show too little deflection to read be
readable, or the meter may be damaged by an odefldare modern meters automatically
select the appropriate scale.

29.4 Frequency Counter

The frequency counter consists of digital circuitat count the number of cycles of the

input waveform in a certain period, and then use mumber to calculate and display the

frequency of the input signal on a digital displd@ye accuracy of a frequency counter

depends largely on the accuracy of the internatéregice oscillator used to time the

counting period. Using a crystal oscillator, theginency counter may be very accurate, but
if it is a simple inductor/capacitor oscillator tfi@quency counter may have an error of
several percent.

29.5 Power and SWR Meter

Power meters measure the power output of a tratesniithe meter generally has input and
output connectors and is installed in the feedbie®veen the transmitter and the antenna.

Depending on the meter, it may measure dkrerage power or thepeak power. The
distinction is especially important for phone signas the human voice has much higher
peak amplitude than average amplitude, and thferdiice will be reflected in AM and
SSB signals. FM signals have constant transmittgou, irrespective of the amplitude of
the modulating signal. Power meters are sometiraisdwattmeters

SWR meters generally measure both forward and ctefie power, and use the ratio

between forward and reflected power to calcula¢eSWR. Because they measure reflected
power, they are sometimes callegflectometers The term is not preferred, as it also

describes measuring tools in several other fighd$iding optics.

Some modern SWR meters, calkrttenna analysersnclude a built-in low power variable
frequency oscillator and a frequency counter. Tlesdysers makes it easy to measure the
SWR at the antenna (as opposed to at the transmitteof the feed line) and also allows
measurements to be taken outside the amateur basdbe built-in oscillator is so low-
powered that it is legal for use on frequenciesatiocated to amateurs. These meters suffer
from one shortcoming, though: They tend to worklpauthe presence of strong RF fields,
as they interpret these signals coming down thdlifex as reflected power. In these
situations, higher power must be used to measur®,SWa selective voltmeter that will
reject the surrounding signals must be used.
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29.6 The Oscilloscope

An oscilloscope displays signals that change rgped mechanical meters cannot respond
quickly enough to changes in the signal. It is idé@m measuring RF waveforms,
modulation and other operating parameters in arstaition.

Old-style oscilloscopes containedcathode ray tubgCRT) that displayed a dot on the
display. The position of the dot could be adjustedh left to right by the voltage applied to
the X deflector platesind up and down by the voltage applied to¥raeflector platesThe

X deflector plates were usually driven by a timadoghat generated a smoothly increasing
voltage, causing the dot to sweep from left to trigha period set by the user, and then to
return very rapidly to the left-hand side againdoefstarting another sweep from left to
right. The Y deflector plates were driven by thpunvoltage, usually through an amplifier
(called theY amplifiej, causing the dot to deflect up or down accordinghe input
voltage.

Modern oscilloscopes use a microprocessor to dittie incoming signal and then display
the same information on a screen, or directly @nuber's computer or mobile device. The
user interface is typically very similar to thattbé old-style oscilloscopes.

The oscilloscope displays a graph of voltage (enYtraxis) against time (on the X axis) on
its screen. The time-base is synchronised tiigger circuit that starts the sweep from left
to right when the input reaches a certain voltages synchronisation means that if the
input consists of a repeating waveform, the displély “stand still” on the oscilloscope
screen as each successive cycle of the input wawefiaces the same pattern on the
cathode ray tube display. The X-axis is usuallybcated in s/div (seconds per block on the
on-screen graticule) and the Y-axis in V/div (vagitsr block on the on-screen graticule).
The user can usually select scales of perhaps ¢/dd/rto 10 s/div and from 1 mV/div to
100 V/div.

29.7 Marker Generator

A marker generator is a piece of test equipmerntwiaz used to determine the frequency of
a receiver before frequency counters were availdbleonsists of a crystal oscillator that
has been designed to generate harmonics that aerfvequency “markers” throughout the
HF spectrum. A specific marker generator might bée a0 generate harmonics every
1 MHz, 100 kHz or 10 kHz depending on a switchisgttWhile turning the tuning dial,
the user could then find the nearest 1 MHz markeunt the number of 100 kHz markers
from there, and then the number of 10 kHz markens there to get an accurate frequency
measurement. Almost all modern transceivers inchmtirate digital frequency readouts,
so marker generators are rapidly becoming obsolete.

29.8 The Dip Meter

The dip meter is used to measure the resonanteneguof a tuned circuit or antenna
system. It consists of a variable frequency inducépacitor oscillator that is laid out so
that the oscillator coil is accessible (usuallygged into a socket on the outside of the dip
meter) and can be brought near to the tuned cibmiitg tested. The frequency of the
oscillator is then varied, and as the frequencyr@gughes the resonant frequency of the
tuned circuit, energy is coupled from the osciltatoil to the tuned circuit and a “dip” is
noted on the meter. The device is often callediddjp oscillator (GDO), from the time
when vacuum tubes were used to observe a dip igritheurrent during measurements.

29.9 The Dummy Load

A dummy load consists of a non-inductive resistsuglly 50Q) with sufficient power

handling capability to dissipate the output ofansimitter being tested. It allows transmitter
tests to be carried out without actually transmifta signal. Transmitting a signal during
testing when not strictly necessary would wastediddth and is poor operating practice.
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Be careful if you build a dummy load since mosthhjgpwer resistors are wire-wound.

These have considerable inductance and are nabkufor RF use. Practical dummy loads
contain big cooling fins, fans and oil baths, aroanbination of these, to get rid of the heat
generate during testing.

29.10 The Field Strength Meter

The field strength meter consists of a small arderan diode detector and a sensitive
microammeter. It is used to measure the strengthdid signals, for example to determine
the directivity and approximate gain of an antenBanple field strength meters are

generally not frequency selective and will resptmthe presence of RF energy over a wide
range of frequencies. They are also generally rof 8ensitive, requiring strong fields to

produce a reading.

29.11 The Absorption Wavemeter

The absorption wavemeter is essentially a frequeselgctive field strength meter. It

consists of an antenna, a tuned circuit to seleetftequency, a diode detector and a
microammeter. The purpose is to detect RF emissongarticular frequency bands.

Because the tuned circuit is usually not very delecit cannot be used to identify the

precise frequency of a signal, but can be useeferchine the approximate frequency. It is
especially useful for detecting any harmonic radiafrom a transmitter. For example, if

you are operating a transmitter in the 80 m baridibtect energy in the region of 7 MHz, it

is a good indication that your transmitter is réddi;harmonics.

Accurate measurements can be made with high-cel#srated measuring receivers with
well-calibrated antennas. In general, to be medunirsgich measurements must be made in
laboratory conditions, such as anechoic chambers.

29.12 The Two-Tone Signal Generator

A two-tone signal generator generates an audicstgsal consisting of two tones of equal
amplitude that are not harmonically related. Thimal is applied to the microphone input
of an SSB transmitter in order to test it for liigaand to determine the peak envelope
power if a peak-reading wattmeter is not availalllee output of the transmitter is

connected to a dummy load, and an oscilloscopses monitor the waveform across the
dummy load.

The following graph shows what the output of an S®&&hsmitter looks like on an
oscilloscope when its input is connected to a taettest generator and it is operating
linearly.

Output of an SSB transmitter with a two-tone t&gtad as input
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If the output of the transmitter when viewed onoagilloscope does not look like this, it is
not operating linearly. Specific problems includkt-topping”, when the curved tops and
bottoms of the test signal are chopped off, whintlidates that the transmitter is being
overdriven. If successive cycles of the test sigil@minot join smoothly, but rather have a
gap in between, it indicates that the amplifielinisorrectly biased. Either problem will
result in inter-modulation distortion and must bedl before the transmitter is used on air.

A more accurate measure of linearity may be obthibg viewing the output of the
transmitter using apectrum analyzemnvhich breaks the signal down into its component
frequencies and plots the relative amplitude ofmdous components against frequency.

A two-tone generator test signal and an oscilloscoan be used to measure the peak
envelope power of an SSB transmission if a peaftingawattmeter is not available. It is
impossible to calculate the peak envelope powex signal modulated by a human voice
from the average power, since the peak to averagepratio differs considerably between
different voices and at different times. Howevée peak to average ratio of the two-tone
test signal is precisely 2:1. If you want to setaanplifier for a maximum of 400 W PEP
(peak envelope power), you can apply a two-toneasignd adjust the amplifier until the
average power output read on a wattmeter is 200hg. peak power is then 400 W. An
oscilloscope can be used to observe the amplitidéheo modulation peaks. If voice
modulation is applied, as long as the peak outplept at this level, the PEP will still be
400 W.

Summary

An ammeter measures current. It is connected iasseiith the test circuit and must ideally
have very low internal resistance. An ammeter aambde to measure more current than it
was designed for with a shunt resistance.

A voltmeter reads voltage. It is connected in paratith the circuit element to be tested,
and must ideally have a very high input resistaAceoltmeter can be scaled to read higher
voltages than its design capacity with a serieistas

Multimeters can measure voltage, current and eesist, and possibly other quantities too.
The user has to select the mode and possibly laéssciale.

Frequency counters count pulses in a circuit arghlay a frequency in Hz. With an
accurate timebase, such counters can be very &ecura

Power and SWR meters are installed in the feedlieeveen the transmitter and the
antenna. They can measure forward and reflecte@mpamd also display the SWR.

An oscilloscope can display rapidly-changing signdahat change too quickly for
mechanical meters. They normally display a timelggaph of the signal, with the time on
the horizontal scale and the voltage on the vérsicale.

Marker generators emit signals rich in harmoniosaltow calibration of a receiver. With
frequency counters now freely available, they adbrig into oblivion.

A dip meter is an oscillator with an exposed caild can be used to determine resonance in
tuned circuits and antennas.

A field strength meter can measure RF field stientjtis normally not very sensitive or
selective. An absorption wave meter is more sesesind selective, but is still of limited
use. Accurate field strength measurements can lde mnader laboratory conditions using a
calibrated antenna and a calibrated measuringvescei
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A two-tone signal generator is used to inject avkmaignal into an SSB transmitter so that
its output power can be measured. The PEP is tiheendicated output power from the
transmitter.

Revision Questions

1 To extend the current range of a meter movemeng factor which must be
known beforehand is the:
a. Full scale deflection voltage and coil intenreistance.
b. Maximum current-carrying capabilities of the erahovement.
C. Insulation resistance of the meter coil.
d. Maximum voltage the coil will take across itentinals.
2 To use the movement of a 0 to 50A meter to measure voltage in the range 0
to 10 kV, when the scale has been calibrated to ré@@® to 100 V, use would be
made of a:
a. Series resistor of approximately 2002M
b. Series resistor of approximately 240 k
C. Shunt resistor of approximately 20@M
d. Shunt resistor of approximately 20Q k
3 One of the reasons for using a transistorised ntimeter is its greater
sensitivity. On a voltage scale, this means that:
a. It will load the circuit under test to a greagetent.
b. The circuit under test sees a much higher iimppédance.
C. Greater sensivity allows the scale to be subddivinto smaller units.
d. The circuit under test will see a lower inpupadance.
4 The basic instrument for measuring voltage andwrent is:
a. An oscilloscope.
b. A moving coil meter.
C. A field strength meter.
d. A tape measure.
5 What is a multimeter?
a. An instrument capable of reading voltage, curr@md resistance.
b. An instrument capable of reading SWR and power.
C. An instrument capable of reading resistancead#mce, and inductance.
d. An instrument capable of reading resistanceraadtance.
6 How is a voltmeter typically connected to a circit’?
a. In series with the circuit.
b. In parallel with the circuit.
C. In quadrature with the circuit.
d. In phase with the circuit.
7 The range of an ammeter can be extended by addimgsistance:
a. In series with the circuit under test.
b. In parallel with the circuit under test.
C. In series with the meter.
d. In parallel with the meter.
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10

11

12

13

14

15

What is a dummy load?

a. An isotropic radiator.

b. A non-radiating load for a transmitter.

C. An antenna used as a reference for gain measatem
d. The image of an antenna, located below ground.

What material may a dummy load, suitable for RFbe made of?
a. A wire-wound resistor.

b. A non-inductive resistor.

C. A diode and resistor combination.

d. A coil and capacitor combination.

What station accessory is used in place of antanna during transmitter tests
when no signal radiation is desired?

a. A Transmatch.

b. A dummy load.

C. A lowpass filter.

d. A decoupling resistor.

What is the purpose of a dummy load?

a. To allow off-the-air transmitter testing andusdiment.

b. To reduce output power for QRP operation.

C. To give comparative signal reports.

d. To allow Transmatch tuning without causing ifeence.

What is a marker generator?

a. A high-stability oscillator that generates ansigor series of signals from a
single low-frequency signal source.

b. A low-stability oscillator that “sweeps” throughband of frequencies.

C. An oscillator often used in an aircraft to detere the craft's location
relative to the inner and outer markers at airports

d. A low-stability oscillator used for signal rectiem.

A dip oscillator is a type of:

a. RF signal generator.

b. Cathode ray oscilloscope.
C. Reflectometer.

d. RF wattmeter.

Which piece of test equipment contains horizontaand vertical channel

amplifiers?

a. The ohmmeter.

b. The signal generator.
C. The ammeter.

d. The oscilloscope.

What is the best instrument for checking transmnited signal quality from a
CW/SSB transmitter?

a. A monitor oscilloscope.

b. A field strength meter.

C. A sidetone monitor.

d. A diode probe and an audio amplifier.
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16

17

18

19

20

When connecting a CRT oscilloscope to view theawe envelope pattern of an
amplitude modulated transmitter, the following couding method would be
used:

a. Direct coupling.

b. Inductive coupling.

C. Driver input coupling.

d. Inductive coupling to the final tuned circuit.

The vertical deflection plates in a CRT oscillaope may be used to measure
the amplitude of a signal. This signal may be displed in terms of:

a. Current.

b. Voltage.

C. Frequency.

d. Time.

What kind of input signal is used to test the Rk Envelope Power of an SSB
transmitter while viewing the output on an oscillosope?

a. Normal speech.

b. An audio frequency sine signal.

C. Two audio frequency sine signals.
d. An audio frequency square wave.

What can be determined by making a "two tone téSusing an oscilloscope?
. The percentage of frequency modulation.

b. The percentage of carrier phase shift.

C. The frequency deviation.

d. The amplifier PEP power output.

Q

What is a reflectometer used for?

a. Checking the standing wave ratio.

b. Peaking a receiver’s sensitivity.

C. Transmitter noise figure measurements.
d. Measuring sunlight intensity.
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Chapter 30: Digital Systems

30.1 Advantages of Digital Systems

As has become apparent in preceding chapters,qeaklectronics can require lots of care
to design, build and operate. Capacitors, inductasistors and semiconductors all have
characteristics that are slightly variable and a&lsange with time. As a result, the trend is
increasingly to substitute analogue circuits wiltitel ones. Digital circuits have numerous
advantages:
0 They can be made much smaller and therefore musdypetn.
0 They require no sensitive adjustment, either durmgnufacture or during
operation.
0 They are more robust against abuse, such as impa&itiration.
0 Much of their operation can be automated.
o Design changes can be incorporated by software ldeds rather than physical
modification. In this way, apparatus can remaintagate for decades, even with
the advent of new modulation techniques, regulateomd procedures.

30.2 Principles of Digital Signal Processing

Signal processing is the action of modifying or @mting one or more parameters of a
signal to improve and select a wanted characteristiradio engineering this processing
may entail any of the familiar operations such awpldication, modulation, filtering,
mixing and detection.

All these functions may also be accomplished digitsith the aid of a computer. A simple
example is a mixer. When discussing mixers, weedtathat mixing is actually
multiplication. This multiplication of two signatsan easily be accomplished in a computer,
yielding the same result. Amplification is likewisémple: Just multiply the signal by a
bigger number, and you have a louder signal to woith.

Modern desktop and portable computers can opefatstanishing speeds. It is now
possible to do all these calculations in a computwever, specialised Digital Signal
Processing (DSP) circuits can do the calculationshraster by using tricks like dedicated
array processors, that can do thousands of mohipdns or other operations
simultaneously. Such DSP chips now make up muc¢heofunctioning of a typical modern
amateur transceiver.

Although common microcomputers may be used for phipose, specialised digital signal
processing micros have been developed that ex#witequired operations much faster.

What is “Digital™?

The word “digital” is ubiquitous in our modern wdylbut few seem to understand exactly
what it means. “Digit” is from the Latin word forfiiger”. However, in this context it
means a single number, such as 0, 1 or 2. “Digitafans “based on numbers”. The
opposite is analogue, meaning something based aonéinuously-variable physical
gquantity, such as voltage or current. No matter smmall the difference between two
voltages, there is always another voltage in batw&etween 1 nV and 2 nV, there is
1% nV. Between 1 nV and 1% nV there is 1% nV. Waldaarry on forever; there is
always another voltage in between.

Here’s another practical example: Day and nighty 8pecific moment can be described as
“day” or “night”. If we only have these two terms describe the time, we have to make a
choice. It is either “day” or “night”. At noon andidnight, there is little fear of making an
error. However, around sunrise and sunset therperieds when the distinction is not so
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clear. Picking either description involves someeras there is some “day-ness” and some
“night-ness” at that time of day.

In digital systems, we work with discrete numbeggnerally integers. Between two
adjacent integers there is no other integer. Batviegnd 2 there is nothing. Sorry.

In computers (DSP chips are special-purpose comgluteve generally work with binary
numbers. Just like normal folks work in decimalgpd.0), computers work in binary (base
2). The decimal system needs 10 symbols to workinficthem:0 12 345 6 7 &nd9).
The binary system needs only two (count th@mand1). The binary system is convenient
because it is easy to represent two symbols ifdeantrie circuit. You can decide thaff (a
voltage of O V) represent8, andon (a voltage of 5V) isl. Accuracy is not all that
important. In fact, you could decide that anythimgjow 2% V is going to be &, and
anything above 2%V is & There is now lots of leeway for noise and errothie circuits,
without introducing errors.

Using binary numbers, we can represent any intqgee easily. 1010(one zero one zero
base twaor one zero one zero bingris the same as {f(ten base 1@r 10 decima). What

is 10101@? The answer, of course, is; 420 see how this representation works, we need to
look at number systems.

Number Systems
The decimal system works withlbmse(or radix) of 10. A number such as 1234,567 only
has meaning because we know what the base is. €aning of every digit is determined
by the base and by its position relative to therdatseparator (the comma). In this case,
the number is represented by:
1x1000+2x100+3x10+4x1+5x0,1+881+ 7 x0,001
which can also be written as
1x10+2x16G+3x10+4x 10 +5x 10" +6 x 10° + 7 x 10°
If we don’t know the base, we also cannot makeesehthe number.
In the binary system, we only have two symbols. é@rvenience, we’'ll just use 0 and 1,
using their traditional meanings, even though wevaorking in a different base. A binary
number may consist of many digits. A binary digitalled &it. Each bit is & or al. We
indicate that we are working in binary (base 2)ifgerting the base in subscript after the
number.
Let’s try to interpret the following number:
101010,0119
The number can be expanded as:
IxZ2+0xZ2+1x2+0xZ+1x2+0x2+0x2"+1x2%2+1x2%+0x2*
which we can rewrite, omitting the O terms, as
32+8+2+1/4+1/8=42345
We retain the convention of showing the most sigaift digits on the left and the least

significant digits on the right. In most computgstems, especially simple systems, binary
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numbers are regarded as integers (i.e. nothingHassl, or no digits after the comma). We
refer to the most significant bit (MSB) on the lafid the least significant bit (LSB) on the
right. A group of four bits is called aibble and a group of eight bits is calledbgte
Several bytes together are known as a word. In madiesktop machines, 32-bit and 64-bit
words are mostly used.

Although computers love binary numbers, the lomgs of 0 and 1 symbols are hard for
humans to read and interpret. To overcome thisl@nobprogrammers and engineers often
use base 16. As 16 2 dinary numbers can be neatly broken up into ekind then
converted intchexadecimalbase 16). Likewise, each hexadecimal digit cacdeverted

to a nibble, allowing easy conversion to binary.riake up the sixteen symbols, we use 0
to 9 in their traditional meaning, then continu¢hm, B, C, D, E and F:

Binary nibble Decimal number Hexadecimal digit
0000 0 0
0001 1 1
0010 2 2
0011 3 3
0100 4 4
0101 5 5
0110 6 6
0111 7 7
1000 8 8
1001 9 9
1010 10 A
1011 11 B
1100 12 C
1101 13 D
1110 14 E
1111 15 F

When using the hexadecimal notation, we denotefdabethat it is hexadecimal with a
subscript “16”, such as 3FA4 To make the notation easier, some programmersnapan
“H” to the number, as in 3FA4H. C programmers ailse the notation Ox3FA4.

Because decimal numbers regularly need to be ehiete computers, Binary Coded
Decimal (BCD) was devised. Each decimal digit mpy encoded in binary and used as a
nibble in the computer. Obviously, the resultingrav@s not a proper binary number and
special handling was required to execute arithnm@tiBCD words.

Logic Operations

Boolean logic was defined by George Boole (18154)8@ust as the integers have
operations (addition, subtraction, multiplicatienyersion, division etc.), bits can also be
inverted, added and multiplied. We cannot use #imesdefinitions as for decimal, though,
because the answer must always be a bit.

The rules of arithmetic in binary are:

A+0=A
A+1=1
Ae0=0
lel=1
-1=0
0=1
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A binary addition is said asr. A binary multiplication is said aand A binary minus is
said asnot To make sense of the rules of logic, perhapshveeld work with “false” and
“true” rather than witt0 and1.

Now, let’s try to read the rules of binary arithmegiven above, like logic statements:

True or false is true. False or false is false.
Anything or true is true.

Anything and false is false.

True and true is true.

Not-true is false.

Not-false is true.

Note that the definition ofr is not quite aligned with our normal ideas. laysThe sun is
shiningor it is raining”, the answer is true if the sundrengor it is raining, but not when
both statements are true. In binary logicpars true even if both inputs are true.

Let’'s work through some examples:

“The moon is made of cheese” or “the moon is nefdand” is true.
“The moon is made of cheese” and “the moon is neddand” is false.
Not-“the moon is made of cheese” is true.

Not-“the moon is made of sand” is false.

The behaviour of an operation can also be descbieatruth table Here is the truth table
for and

A|B| AeB
0] 0 0
0] 1 0
110 0
111 1

Truth table forand

The table basically says what we already knkwk is true and B is true, A and B is true.
Otherwise, if A and B are not both true, A and Balse

These simple operations are all that a computetdamrk with. To facilitate the drawing
of diagrams to demonstrate logic operations, wel seene symbols:

AND_}

NOT

Logic circuit symbols

The top symbol is thand operation. If both inputs are high, the outputigh. Otherwise,
the output is low.

The second symbol is ther operation. If both inputs are low, the outputaw! If either
input (or both) is high, the output is high.
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The bottom symbol is aot. If the input is high, the output is low, anide versa

The diagram below shows a three-input circuit, with output of each multi-input gate
shown.

AL ~ I —
D YR
B g | o

1 =

C e i
L A+
L e <

-

A simple Io;g_i—é diagram

In the top line, the first gate provides not-A. Téerond gate provides not-A and B. The
third gate has a small circle on the output, whigpresents an inverter. It is therefore a
combination of aror and aninverter, called anor. Its output is not (not-A and B or not-C).
The final output of this circuit is D = not (not#nd B or not-C) and (A or C).

If you can read this diagram, you know enough togcr some more complex examples
that you will find in the real world. This kind dbgic is known asombination logic It
simply takes all the inputs and calculates an dutipwany input changes, the output may
change. If all inputs remain constant, the outputains constant.

Incidentally, there are also gates which invertahgput of arand gate, known as amand
There is something that corresponds to our normogbm of or, calledexclusive oror eor.
The eor is false if both inputs are true (like our exampferain and clouds). One could
simply say thaeor is only true if only one input is true. There ga&tes that invert both
inputs or invert only one input. There are gated take more than one input, following the
same rules we have described before.

There is also a second type of logic, knowseguential logicThis kind of logic takes into
account things that happened in the past, sucheaprevious value of a specific input or
output, and is often controlled by a clock. Thecklis simply a square signal. The action
normally happens when the clock changes, eitherggop or down. At this point, the new
output is calculated based on the inputs and théquis values mentioned.

Sequential logic requires some memory. The basidibg blocks of memory are called

latches. One useful latch is called a D flip-flem example of a D flip-flop, built from
nand gates, is shown below.
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PRESET

CLEAR OUTPUT

CLOCK | r otTeLT

DATA

D flip-flop made from nand gates

At switch-on, the state oDutput is undetermined so 1 is applied to tGéar input.
Output becomes 0. The rising edge of tBkock transfers the value dbata to Output.
Note that the two versions Gfutput are available; one is the inverted version ofdtiesr.
If Data now changes stat®utput will remain the same, at least until the nexingsflank
comes orClock.

By connecting such, or other more complex flip-8ojpgether and gating their outputs,
complex logic sub-systems may be constructed. Systems include counters, shift
registers, arithmetic logic units, memories antimaltely, complete computers.

Sampling

Before any signal processing can take place, thégue signal has to be converted to a
digital signal, which simply means it has to beened into a bunch of numbers. This
conversion is done by taking periodic samples & #malogue signal and storing the
instantaneous values as humbers. The process pfisgns illustrated in the figure below.

3 \ Analogue Signal
2% i .E e
E i
=< —i 1 e L_/l

g 1
e r Sampled Sional
E *
g

3

ol

Time

A sampling process

Note that the sampling period “t” is much shorteart the period of the sampled wave,
about one-seventh in this particular example. Coinmg the upper points of the samples
produces a fair representation of the original @igth the same frequency.

The sampling rate is governed by tNgquist Sampling Theorerfthis theorem requires

that at least two samples be taken during eactedycbrder to faithfully reproduce the
original signal.
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What happens if we take less than two samples dugna single cycle?
The reconstructed signal is still a sine signat, dfua different and lower frequency and does pot
represent the original signal. It is known asatias frequencyln some applications deliberate usq is
made of this lower frequency and it is then calledersampling.

Analogue Signal

ANVANA
IVARVIIRV

Amplitude

Sampled Signal

Sampled Value

Time

Effect of undersampling

In the case of a complex signal, it means thastmpling rate must be more than twice the higlhest
frequency component contained in the signal.

In order to avoid aliasing, a lowpass or bandpdss fs inserted ahead of the sampling device] A
practical example of this architecture is the socadl in a computer. To be able to adequately c¢ver
the audio frequency range of 20 Hz to 20 kHz, #ma@ing frequency is 42 kHz. T

Analogue to Digital Conversion

The device used to convert the analogue signalstmapled digital version is amaogue-
to-digital converter(ADC). For each sample, the ADC produces a number ttditdstly
proportional to the amplitude of the input voltagde number of bits available in the
binary word limits the number of discrete voltagedls that can be resolved. An 8-bit ADC
can only resolve 256 levels®2while a 12-bit unit can resolve 4096'{2levels. The
number of bits limits the resolution of the ADCitisan only report the analogue value to
the nearest discrete level.

The difference between the actual and reportedevalicalled thequantisation errorand
for a good ADC is % the value of the Least Sigaifit Bit (LSB) for that converter. For a
12-bit converter, the error is 1/8192, or aboutl®0 This error is pseudo-random and
appears in each sample, depending on how clossathpling step was to the actual value
measured. Once the numbers are converted backaint@nal, the errors appear as
guantisation noise.

Once the signal has been digitised, a digital p®can be implemented to perform various
functions amongst which are modulators, mixers, Ag&ems and filters.

Try to imagine how an AM modulator and an AGC miglark. Filters are not so simpl
just yet.

112
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The conversion process in an ADC is illustratethmmdiagram below:

P Therepotedvalue is
B / S that clogest to one of
/,; — \i_- these available levels
L I [
7 NN T N N
'J:’:!::.!:::!::E.:!;. =
A A A A A
2 4 B 8 10
Sample Mo

W easured levels are
shiowen thus: .

Rounding off during sampling

A further source of noise, especially in VHF signab due taaperture jitter which is caused b
small variations in the sampling clock intervalsis, however, much smaller than the quantisafion
noise. Yet another source of error is caused bynie-linearity of the conversion and this [is
typically £1 or 2 bits over the entire range.

Digital to Analogue Conversion

After the digital processing has been completed,résulting string of numbers must be
converted back to an analogue valudigital-to-analogue convertgfDAC) does this job.
The device accepts a series of numbers as inpytaantie application of a clock signal,
produces the corresponding analogue value. Theetitsoature of the digital input results
in a stepped analogue output that may be smoothétidsing.

30.3 Digital Filters

As mentioned previously, DSP can be used to impitraenumber of analogue functions.
The figures below show the alternate implementatmfra bandpass filter.

O—_rvvyn I I I I /e g WP
) L C C L )

Yi L =—C Yo
O O

An analogue bandpass filter

WUT | 41D || DSP  fp| DA T

f

FROGRAM

A digital bandpass filter
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Digital filters are implemented in one of two waysalled IR and FIR filters. The
difference between them is that lIRfinite Impulse Respongéilters involve results of
previous calculations (feedback) while FIRifjite Impulse Respongéiters do not. The
name IIR refers to the response of the filter wirmgle unity amplitude sample pulse. The
name is somewhat of a misnomer as it would inditize the output of the filter will last
forever while it actually gets smaller until it fbelow the resolution of the processor.

Using fancy mathematics called the Fourier Tramsfahe pulse response of a filter can be
converted to its frequency response. Just like aredraw a graph showing the frequency
response of an analogue filter, we can draw a gofyphe frequency response of an IIR or
FIR filter.

In the discussions that follow, we will use theldaling symbols in order to explain the
operation of digital filters.

® © [

Multiplication of Inputs Sumrnat of Inputs One Sample Period Delay

Symbols for DSP operations
lIR Filters

The simplest IR filter is the implementation oetliRC lowpass filter shown below. The
block diagram shows the simple IIR filter that fias same response as the R-C filter.

R

OUTPUT FILTERED
2 2 > SIGNAL SAMPLES
INPUT SIGNAL
SAMPLES +w DELAY |

Vo T
LT e

* 2

1
Analogue and IIR versions of a simple RC lowpdis fi

If we call the digital input samplg and the filter output;your filter consists of the single
calculation:

yi=Kxi +(1-K) ¥4
where K is a constant between 0 and 1 but typi€a0@1 or less.
This equation simply means:

Output number i is equal to input number i plugldiy less than the previous output,
number i — 1.
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Demonstrating how it works
Using the above equation we can now calculate gegadion of this filter for the first few terms s
the input rises fron® to 1. Assume that the output is 0 when we start andsdd = 0,1 to make
things happen faster.

New Input, X; K Xi (1-K) yis New Output
0,0 0,0 0,0 0,0
1,0 0,1 0,0 0,1
1,0 0,1 0,09 0,19
1,0 0,1 0,171 0,271
1,0 0,1 0,244 0,344

The calculation shows that the output is growingaals 1 but with a smaller step after each rjew
input. This output is the same exponential grovgthireat of an R-C circuit. The figure below shows
the charging characteristics of the RC filter ad a®that of the digital circuit.

08000 =
07500
07000 =
06500 - IIR Filter
DAND = H H
05500 Approximation
DS000 —
04500
D400 — y .
i 2500 - g RC-Filter
0.3000 P Response
2500 <
2000 —
01500 =
D000 —
00500
000D T T T T T T T T T T T T T T 1
i 2 3 4 & & Too& @ W 1 12 13 14 15 18

FIR Filters

For more complex filters it is often desirable teeuthe FIR filter, standing fdFinite
Impulse Respons&@hese filters don’t use the previous outputs of fiter computation,
instead using the current input along with manthefprevious inputs.

DSP implementation of the FIR filter is very simple shown in the block diagram below:
INPUT DELAY |—-1 DELAY [—
T
b0 b1 ..@ b2 -@ b3
“-"\.\_.‘ -‘\.\‘ .f'. "__,H’-'.H

e

.-'f. a',‘--

""u._‘_ 3 / -/",.
- A

FILTERED CUTPUT
SAMPLES

FIR Filter

The input signal is available in digital formatfndhe A/D converter. A delay line consists
of locations in memory where previous samples tmed. Each time a new sample arrives,
it is placed in the beginning of the delay-line noeyn Multiplying all the samples by
constant numbers and then adding them togethersfamew outputs. The constant
multiplier numbers (b1, b2, b3, etc.) are refeteads the-IR coefficientsor tap weights
The filter design consists of choosing these coeffits to suit the particular application. As
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with analogue filters, there are tradeoffs betwdesm number of coefficients, passband
ripple and the out-of-band rejection.

The FIR structure can be used to form filters trat highly selective to the frequency of a
sinusoidal input signal. All of the response cherastics of LC filters, such as
Butterworth, Chebyshev and others are possible theH-IR filter.

30.4 Direct Digital Synthesis

Direct Digital SynthesigDDS) is the process of generating arbitrary waxet by means
of digital methods. The word “direct” refers to tfaet that no feedback is used in the basic
process. It is based on the fact that, for a sigyea there is a fixed relationship between
the phase and the amplitude values of the signal.

In a previous discussion, we dealt with the simefion and how it is derived. We looked at
the vertical component of a rotating wheel, throaglotation from 0° to 360°. We also
commented that the application of the sine functioelectric circuits normally describes
the functionV = VPeak sin 2ft.

The values of sine are well known and can be listedlookup table. If we want to produce
a sine function, we can simply read the valuesuotsssive samples from the table and put
them into the ADC one by one.

Creating a sine signal by Direct Digital Synthesi¢éDDS)
The diagram shows a DDS system to generate a symalsat a given frequency by digitl
integration of a phase increment.

PHASE ACCUMULATOR

OUTPUT

i M-bit g Lowpass or
M-hit ine
frequéncy I phase lookup [ DAC - han_dpass -
register register table fitter

Freguency setting word F
interms of F . f2"

Block diagram of a DDS system

The controller determines which frequency needbegroduced, based on user input and syqtem
architecture. It then determines an increment tadded to the phase register in each cycle. When
the clock is cycled, the increment is added to ghase register, producing a new phase arjgle.
Remember that the phase returns to O if 360° ishexdh so the register rolls over when it reachiss|th
value. Once the phase register contains the cqootexge value for the new sample, the output vlue
for the sine function is looked up. This valueasl o the DAC, which produces an output voltage

corresponding to the desired momentary output vadeeause this output value may contain steps
due to quantisation error, it must be filtered Ibefdeing used as input to mixers or other

components.

If N bits are available to the phase accumulator, titgud is given by:

Fout = (Frequency Setting Word) x ek / N
The lowest possible output frequency as well asrémguency increment iscle + 2" which occurs
when the FSW is 1. Using a clock frequency of 1a8z2vendN = 32 gives rise to a frequengy
increment of 0,0232 Hz!

As the clock frequency is usually derived fromab$t crystal oscillator, the DDS can deliver output
frequencies with a very high stability and resanti The maximum output frequency is usudlly
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limited to about half of the clock frequency andnstimes even lower. The stepwise output glso
generates unwanted signals of which most may Imeirelied by the judicious choice of the clopk
frequency and output filters.

The diagram below shows the spectrum of the stepaoigput before filtering:

Anti -aliasing Filter

AMPLITUDE

N FREQUENCY
DDS Output Spectrum

30.5 The Fourier Transform

A Fourier transform is a mathematical techniquedeiermining the frequency content of a
signal. It was originally developed by Joseph Feu(ll768-1830) for continuous signals.
For sampled signals, such as used in DSP, a vasfattte transform called theiscrete

Fourier transform(DFT) is used. Given a a block Nfinput samples of a signal, the DFT
will produce an output showing which sine functfeeguencies are included in that signal.

As the transform makes use of complex sinusoids, very demanding on computational
processing. Using the direct method of computatemuiresN complex multiplications and
additions per output frequency. Frsuch output frequencies, the computation effort is
proportional to N* After realising that the complex sinusoid was @ei¢ with N,
mathematicians (notably Carl Runge 1856-1927) &urdimplified the method and reduced
the computational effort. The machines of the dagrewtoo slow to implement the
algorithm in real time, so the DFT lay dormant Littivas revived by Cooley and Tukey
during the 1960s. It is known as thast Fourier TransfornfFFT) and is in common use in
many consumer electronic devices.

Discontinuities and Windowing
When using a system of blocks of data for analysiscontinuities exist at both the
beginning and end of the blocks which cause uneégdespectral components to appeaf in
the output. One way of alleviating this problenidgncrease the number of discrete output
frequencies, but this increase unfortunately corapdis the decision as to which output
frequency the result is to be allocated.

A technique calledvindowingaddresses the problem by multiplying the datalblog a
window functionwhichremoves the sharp transitions in the envelope.s@ingples are the
processed in the normal way. The best known andl we@dow functions are th
Triangular, Blackman, Hamming, Hanningnd the Rectangular.Using a rectangulay
window is the same as not using a window at alllevall the others have a shaping effdct.
The spectra of these windows all resemble that loiwgoass filter and are often used|to
design such filters. The diagram below shows tla@slof the Hanning window.

-

11%
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Hanning (or cosine bell or cos?) window

30.6 Convolution

Convolution is an operation that calculates a difnaan two other signals, comparing one
signal to a time-inverted version of the other aign

To determine the output of a network, the frequesmgctrum of the input is multiplied by
the frequency response of the network to obtairirdgpiency spectrum of the output.

The equivalent operation in the time domain is tmwolve the input signal with the
impulse response of the network to obtain the dujgmnal.

Convolution is thus the time-domain equivalentrefjiency-domain multiplication.

In some cases, convolution is the right choiceingpkfy calculations. In other cases, it is
more efficient to do an FFT on the input signakrthto multiply with the frequency
response of the circuit and then to do an inveFSEtB obtain the output signal.

30.7 SDR Platforms

Increasingly, the trend in radio manufacturing Wk towards software-defined radios
(SDR). A generic radio featuring minimal analogwenponents and a powerful DSP will
be made to do whatever is needed by the specidic B®me VHF radio manufacturers are
already making a single radio that can be prograghtoneuse a specific modulation mode
on specific channels with specific tone combinaidor a specific user. Only one item is
kept in stock, but it can be reconfigured for easér.

A popular experimental platform for SDR is Linrathe software is available as a free
download and runs under Linux, without any liceomcecopyright restrictions. Linrad can
be used with an ADC directly connected to the amenr with a receiver and a sound card.
It can also function as a transmitter, using aatlét DAC. The software does not require
elaborate hardware, and can run on obsolete pregeneration computers. It provides
great opportunities for experimentation at low cost

Summary

Digital circuits have become ubiquitous in modelectonics. They are cheaper, smaller,
easier to make and more stable than their analogueterparts.

All the required operations in radios, includingification, modulation, filtering, mixing
and detection, can be done in digital systems usimgbers rather than voltages.

Specialised Digital Signal Processing (DSP) ciscgian do the calculations very fast by
using tricks like dedicated array processors. SDSP chips now make up much of the
functioning of a typical modern amateur transceiver
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In binary systems, there are only two states (Q)oBinary numbers lend themselves well
to computers, where these symbols are simply repted byon andoff.

The most significant bit (MSB) is written on thdtland the least significant bit (LSB) on
the right. A group of four bits is calledrébble and a group of eight bits is callebgte
Several bytes together are known as a word. In modiesktop machines, 32-bit and 64-bit
words are mostly used.

Hexadecimal notation is easier to read than binangl can readily be converted to and
from binary. We denote the fact that it is hexaseti with a subscript “16”, such as
3FA4.. To make the notation easier, some programmersnapan “H” to the number, as
in 3FA4H. C programmers also use the notation 0XBFA

In Binary Coded Decimal (BCD), each decimal digisimply encoded in binary and used
as a nibble in the computer. Obviously, the resgltivord is not a proper binary humber
and special handling was required to execute aetitcnon BCD words.

In Boolean algebra, we use, and andnot to complete logic operations. These operations
and combinations such aer, nandandeor enable us to make complegmbination logic

In sequential logicthe past state of inputs and outputs may aldoein€e the state of the
output. Sequential logic uses memory elements agdh latches to retain past states.

An Analogue to Digital Converter (ADC) converts ltae signals to numbers. The
Nyquist sampling theorem states that at least avoptes per cycle must be taken if the
signal is to be reproduced faithfullpuantisation noises introduced because the number
does not necessarily represent the exact valueofdltage sampled at that moment.

DSP is done simply on the numbers inside the coempufhe Digital to Analogue
Converter (DAC) converts these numbers back intdomue signals. Because the output
contains steps due to the discontinuous natureigifad signals, some filtering may be
required after the DAC.

Most filters can be implemented in DSP systemsljkstin LC, RC or LR circuits. Digital
filters can be implemented as Infinite Impulse Rese (IIR) or Finite Impulse Response
(FIR) filters. The IIR filter uses the current irijpand previous states to calculate the output,
while the FIR filter uses the current input anegwa fecent versions of the input to calculate
the output.

Direct Digital Synthesis (DDS) uses a lookup tablethe values of the sine function to

calculate the output voltage at any given momehe gurrent phase is calculated from the
previous phase and an increment, which depend$@mlock period and the frequency

being synthesised. DDS provides very precise andrate frequency synthesis, provided a
suitably accurate timebase is used.

The Fourier Transform converts a signal into a dewy spectrum. For reasons of
computational efficiency, most systems use a Fasti€r Transform (FFT) algorithm to
convert the time signal to a spectrum. Windowingodathms are used to address bad
effects of finite sample lengths.

Convolution is the time-domain equivalent of freqeyydomain multiplication.

Convolution sometimes simplifies calculations, giey a more efficient answer than using
FFT and reverse FFT to obtain the same result.
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The future of radio is in SDR, using generic conepsito implement entire radios with only
simple ADC and DAC circuits. Linrad offers a frelagform for experimenting with SDR.

Revision Questions

1 Digital circuits have become popular in consumeelectronics and amateur
radio because they are:
a. Easier to manufacture and adjust than analaguts.
b. Smaller than analogue RF circuits.
C. Cheaper than analogue RF circuits.
d. All of the above.
2 Digital systems are different from analogue systes because they:
a. Use digital displays instead of mechanical nseter
b. Work with keyboards instead of microphones.
C. Display received messages on a screen rathempthging them through a
speaker.
d. Use computers to implement traditional circuguch as mixers, amplifiers

and oscillators.

3 A word can represent:
a. 16 bits.
b. 32 bits.
C. 64 bits.
d. Any multiple of eight bits.

4 Both hexadecimal numbers and BCD are used in comfer systems. Both use
nibbles to encode their content. The difference beten BCD and hexadecimal
is that:

a. BCD is harder to convert to decimal numbers.

b. Hexadecimal is harder to convert to binary nuisibe
C. Hexadecimal is easier to convert to binary nusibe
d. BCD takes up less space.

5 Boolean algebra is different from classic algebrbecause:

a. It does not feature calculations like additiad aultiplication.
b. It can only be used with two variables at a time
C. It operates only on binary numbers.
d. It is old-fashioned and no longer in use.
6 The following isnot a hexadecimal number:
a. Ox3A7B.
b. 3C8hs.
C. 3C8FH.
d. 0x3G2L.
7 Combination logic makes use of:
a. The inputs plus the state of the circuit at thaiment.
b. The inputs plus state of the circuit at that rantplus a clock.
C. The state of all the inputs at that moment.
d. The state of all the inputs at that moment platock.
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Sequential logic makes use of:

a. The inputs plus the state of the circuit at thaiment.

b. The inputs plus state of the circuit at that raotplus a clock.
C. The state of all the inputs at that moment.

d. The state of all the inputs at that moment platock.

Nyquist stated that, to retain the characteristis of a signal well enough,
analogue signals must be sampled:

a. With at least two voltage levels.
b. At least twice per cycle.

C. With at least three voltage levels.
d. At least three times per cycle.

Quantisation noise is caused by:

a. Hot semiconductor components.

b. Certain regions in the galaxy.

C. The fact that the sampling level does not cpoed exactly with the
voltage being sampled.

d. The fact that the sample is not taken at exdledyright moment.

The difference between IIR filters and FIR filtes is that:

a. IIR is digital and FIR is analogue.

b. FIR is digital and IR is analogue.

C. [IR uses current and past inputs while FIR @lsesnput and past outputs.
d. FIR uses current and past inputs while IR tkesnput and past outputs..

To produce a sine signal, DDS uses:

a. A combination of gates and flip-flops.

b. A lookup table and a clock.

C. Many different gates and inverters.

d. Many latches, including D flip-flops.

The FFT is used to:

a. Measure the frequency content of a signal.

b. Calculate the different frequency components sifjnal efficiently.
C. Measure the frequency response of a circuit.

d. Calculate the frequency response of a circiittiehtly.

Convolution is used to:

a. Multiply two signals together.

b. Multiply two frequency spectra together.

C. Avoid having to calculate a bunch of FFTs aneise FFTs.

d. Avoid having to calculate a bunch of MSBs andBkS

SDR is:

a. A way to transfer software via radio.

b. A radio that uses a computer as a user interface

C. A radio that is completely implemented in softeyavith simple ADC and
DAC circuits.

d. A Sophisticated Digital Radar.
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16 A flexible platform for experimenting with SDR is:

a. Linux.
b. Ubuntu.
c. Linrad.
d. WSJT.
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Chapter 31: Digital Communication Modes

31.1 Practical Implementation of Digital Communicat  ions

In addition to the normal voice communication mqod®asany different digital modes are
also in use in amateur radio. These modes can lgrbaddivided into two categorietext
modesandimage modedviost of these modes can now be implemented in soéwising
the sound card in a PC and a normal speech comatigricmedium, such as an SSB
speech channel.

The input to the sound card is coupled to the awditput of the transceiver via the
loudspeaker output or any other dedicated audipubutonnector. The speaker output is
normally controlled by the volume knob, so mostisadorovide a constant-level output
especially for sound cards. Audio from the sound cautput is fed to the microphone or
other modulation input of the radio. Provision lisopamade to key the transmitter from one
of the computer’s ports. Algorithms within the sedire control the signal processor in the
sound card to process the audio frequencies angephaf the incoming and outgoing
signals.

31.2 Digital Modulation

Digital modulation is not dissimilar from analoguaodulation methods as already
discussed. One can simply think of a simpler wawefentering a microphone and being
modulated in exactly the same way as speech.

Modulating a square signal onto an AM carrier pratuCW. Modulating a square signal
onto FM produces FSK.

Modern digital communications systems often uses thimple approach. A generic
computer with a generic sound card is connected &tandard SSB transmitter. Using
suitable software, digital signals are transmittéd.the receiving end, a standard SSB
receiver is used to recover the signals, and alatdrsound card demodulates the signals
and displays them on the screen, or renders thespesesch, or interprets them and shows
them as a waterfall or in some other form accepttibthe operator.

Most amateur radio contest logging software nowgrdates with digital-mode software,
allowing the operator to log contacts directly \eith having to invoke any special software
or hardware. This simplicity and economy has cbuotad greatly to the soaring popularity
of digital modes. According to ClubLog statisti2§15 is the first year in which more data
contacts than phone contacts were made world viié!remains the mode in which the
largest number of contacts is made (at least bplpagloading to ClubLog).

31.3 Text Modes

Morse Telegraphy

Morse telegraphy is the original mode for both auat and commercial radio

communication and operates by on-off keying ofttaesmitter carrier wave. It occupies a
very narrow bandwidth and is readable even under r@rginal conditions. The signals
are human-readable up to about 60 words per minute.

Until recently, humans had the edge when readings®@ode. With the advent of CW
Skimmer, all that has changed. CW Skimmer can adhthe Morse code in an entire
amateur band simultaneously, using a sound care &l

When operating Morse with a computer, the CW trattesnmust be keyed directly to take

advantage of the transceiver’'s keying waveform stgapnd sophisticated filtering. Some
amateurs attempt to feed Morse tones into an S8Brmitter input. This practice is illegal,
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Due to the mechanical nature of the early machinesignalling rates are not very high
and vary between 65 and 133 words per minute.dbmmon to measure the signaling
rate of RTTY in“baud”. The figure below shows the formation of the lett¢ “.

Typically, the pulse length is 22 ms which equate45,45 Bd, a common signaling rate.
In European (and South African) landlines a sigigafate of 50 Bd was common.

J_ CHARACTER 1 IS THE LETTER "¥" |

STOP PULSE

START PULSE

SPACE

Eo El E2 E3 B4

Character “Y” in Baudot (ITA2)

as SSB is not allowed in the Morse subbands.dtse bad practice, as the technique often
results in hum, clicks and pops being transmittedhe air.

Although Morse proficiency is no longer requiredyt a licence, CW is more popular than
ever. Major CW contests attract tens of thousafgsuticipants.

Radio Teletype (RTTY)

RTTY is one of the first data communication modaat tcame into widespread use. FSK
with a shift of 170 Hz is used, with a data ratelbf45 Bd. RTTY is widely used to casual
keyboard-to-keyboard chatting and for working D>XecBuse it is slow and error prone, it is
seldom used for data transmission.

The five-bit Baudot code could only encodg=232 symbols. There were not enotgh
symbols to cover the 26 letters, the 10 figuresthrdounctuation marks. The problem was
solved by using two of the symbols to select onenaf modes: Letters mode and Figures
mode. The same symbol could then be interpretegithsr a letter or a figure, providing
enough symbols to for letters, figures and punanafThe Baudot code is also known |as
thelnternational Telegraph Alphabet No(T'A2).

Early systems useffrequency-shift KeyingFSK), moving the carrier frequency by 170|or
850 Hz. Modern systems empléwudio Frequency-shift KeyinAFSK) using an audig
tone of 2125 Hz for anarklevel and 2295 Hz for thepacelevel (it is a binary system), {
retain the same shift. It is used mostly on HF,disib occasionally on VHF.

(@)

AMTOR
Amtor is a development of RTTY. It is no longerugse, having been displaced by more
sophisticated protocols and by RTTY itself.

Amtor is based on a system devised in the MaritMobile Service to improve communications
between stations using RTTY. The system overcomp® 0f the problems experienced by RTTY

when signal fading and noise occurred. The systemverts the 5-bit code to a 7-bit code in such a
manner that there are four mark and three spasérbévery character. There are two modes that are
commonly used in AMTORMode Auses automatic repeat request in which the reggisiation
acknowledges the received characters by checkinghto correct 4/3 bit ratio or else calls for a
repeatMode Buses a simple forward error correction by sendaxhecharacter twice.

AMTOR is a relic of the past, superceded by monghsiicated error correcting modes, and by its
predecessor RTTY, that it intended to displace.
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ASCII
The American Standard Code for Information Interchamgyeommonly used in computers,
communication systems and related equipment.

ASCII uses a seven-bit code that can accommodatel28 symbols. Although it is not
strictly part of the ASCII standard, an eighth iy be added as a parity (error checking)
bit. By using other methods for error checking, ¢gighth bit may be used to extend the set
of ASCII symbols to 256, making provision for somen-standard characters.

In radio communication, the ASCIlI character set nwstly used for serial data
transmissions. These transmissions may be eithechsynous or asynchronous. For
synchronous transmission the character code is @ents own while for asynchronous
transmission a start bit and one or two stop bits @lded. The standards for serial
transmissions require that the character be tratesmivith the least significant bit first and
that the start and stop pulse duration be the sesntleat of the information pulse.

The signalling rates differ depending on the mediused but in amateur radio the
following are most widely used: 75, 110, 150, 3600, 1200, 2400, 4800, 9600, 16 000,
19 200 and 56 000 b/s (bits per second). Signaluegd is often quoted in baud (Bd) which
is equal to one discrete condition or event peoseéc

Some digital modulation methods have more thannirenal two states. In the dibit modulatign
method, two ASCII bits are sampled at a time ancehalues 0DO0, 01, 10 and11. The four-phas
modulation method assigns phase of 0°, 90°, 188°230° respectively. For this type of phgse
modulation the signaling speed in baud is half thamsfer rate in b/s. Many modern modulatijpn
technigues have been developed that exploit thif-sitiencoding.

ASCII code example.

As an example the code for “M” i$001101 A I I | I I E I I I -
pulse sequence showing the serial transmission of ™ b Pt b2 b3 b4 b5 b6 sop
the letter “M*“ using ASCII is shown at right.

ASCII character “M”, 7-bit, 1 stop, no parit>|

Packet Radio

Data communicationss telecommunications between computdtacket switchings a
form of data communications that transfers datasbldividing it into “packets”, and
packet radias packet switching using radio. (Steve Ford, \\B8)

From this definition, it follows that amateur patkadio is the communication between
computers using amateur radio stations and thatahwuter operators are radio amateurs.
The system uses only a single channel to servidépleucommunications simultaneously
and is readily connected into networks that covgivan area. At the hub (or node) of each
area we find a packet bulletin-board system (PBBISEh can store data and also forward
it to other hubs. A possible configuration is shdvetow.

V1.2 © 2005 to 2016 SARL 298



South African Radio League Introduction to AmatBadio

St i

Sttt 3

'E.:"f—h_______ o LINK 13 A

LIME 2.3

Sttt 2

Layout of a Packet Network

Stations may communicate directly or via one oranoodes. Nodes can be connected in
national as well as international network configiores. In order to maintain compatibility
and also ensure virtually error free data commuiung, packet radio uses a modified
CCITT (International Telephone and Telegraph Cdative Committee) recommendation
X-25 protocol called AX-25. The main differencetlgt the address frame in AX-25 can
accommodate amateur callsigns and has an addednbered information (Ul) frame.
This protocol specifies the format of a packetoddame and the action a station must take
when it transmits or receives such a frame.

FLAG ADDRESS CONTROL INFOMSG FCS FLAG
0111111 14 to 70 bytes 1byte Message or | Frame Check 0111111
data up to 256 Sequence
characters 2 bytes
Destination Source Digipeaters, Nodes, Paths
Z8OXXX-0 Z8SXYZ

Format of an AX-25 frame
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The heart of any packet radio system is Teeminal Node Controlleor TNC. The function of the
TNC is to take the asynchronous data from the cdenpor terminal (usually in ASCII form) an
assemble it into packets or frames. These franethan passed on to a modem for conversion jnto
audio tones which in turn are fed to the radiognaitter. During reception the reverse takes placqg.

=N

It is not always necessary to use a TNC as seeeraputer programmes have been developed|that
use only a simple modem or sound card while theraBk/ and disassembly of the frames are dpne
by the computer.

Most TNCs can also be used to re-transmit the vedegpackets to other stations; in a process cdlled
digipeating These stations do not add any information andelyere-transmit any frame thd
contains their callsign in thdigipeatportion of the address field in the frame. In orttethandle
network operation, the native firmware in the TNG@G2eplaced with firmware called NET/RON.
This firmware supports the network and transporeia (levels 3 and 4) of the packet-radio netwdrk.

—

Packet bulletin boards, normally referred to asB&Bhave facilities to store messages which may be
retrieved at a later stage by the addressee plgded in a public area, by any station requestingn
a file. Examples of the latter are newsletterstbeoshared information.

One of the most popular applications of packetaadi TCP/IP which stands foFransmission
Control Protocol/Internet ProtocolTCP/IP is the same protocol used to run the Interard
actually a set of several protocols that providiéezible and adaptable means of networking. The
Telnetprotocol allows for a chat session, while fike Transfer Protocol (FTPallows the transfe
of files between stations. A large number of sofewvaets for TCP/IP is available based on the
original NOSNET by Phil Karn, KA9Q.

APRS
Automatic Position Reporting System (APRS) providesl-time tracking of a vehicle or
individual with a GPS receiver and an APRS radio.

The APRS orAutomatic Position Reporting Systevas developed by Bob Bruninga, WB4APR,|to
overcome the limitations of packet radio when usedealtime communications. The limitations gre
mainly that a permanent link between all statiomsid be required for packet radio. APRS useq Ul
frames so that any number of stations may partieippathe exchange of information.

For many events, the position of the radio is ingpatrand provision has been made to aGiabal
Positioning SystertGPS) receiver to the system enabling moving tartgebe tracked. This tracking
is extremely useful for search and rescue opemtigncontrol stations are able to track the pasitio

of rescue workers and vehicles on a computer m#meicontrol center. Some systems also allow|the
data from digital weather stations to be addedhéattansmitted data.

PSK31
PSK3L1 is a realtime keyboard-to-keyboard protogsing PSK at 31,25 Bd. It can be used
with weak signals and in noisy conditions.

PSK31 was developed by Peter Martinez, G3PLX, arivels its name from the fact that it udes
phase shift keying at a baud rate of 31,25 baudev variable length code was developed for HSK
in which the most used characters have shorterscofee mode is very robust and can mainfain
communication even under very adverse propagatiaditions.

Error correction was added to PSK by usiggadrature phase shift keyin(QPSK) and 4
convolutional encoder to generate one of four diffic phase shifts that represent five succespive
data bits. A Viterbi decoder is used at the recgjvénd to correct errors. This decoder tracks th¢ 3

possible (5 bit) sequences, retaining only the rikesly ones while discarding the other.

WSJT

Nobel physics prize laureate Joe Taylor K1JT hasrabled a suite of different modulation
modes in a single package called Weak Signal byTador (WSJT). Many different

modulation modes are included, all using variati@isPSK and FSK plus multiple
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redundancy and very slow baud rates to achievetapdar weak-signal performance.
Using WSJT—which can be downloaded for free—andi@mal sound card, anyone can
enjoy weak-signal communications under conditianp®or that the operator may not even
be able to hear a signal. The different modes g@témised for different applications.
JT65B, for example, is optimised for EME (earth-mamarth) communications at
144 MHz, and has become the de facto standardh&mbode. Using JT65B, EME is now
within reach of almost anyone.

Detractors point out that their interest in hamigad largely driven by what they hear.
They wonder what the attraction is when your PQastacting another PC, and the
operator cannot even hear the weak signals...

FSK441 is a fast digital mode for meteor scatt&d4lis a slow digital mode for troposcatter ahd
earth-moon-earth (EME) communication. An EME echodm is included for measuring yofir
echoes from the moon. The JT65 series is optimisedEME. JT65B is specifically for the 2
band, providing the majority of EME activity wondde.

CLOVER

Clover is an adaptive HF data system that adjustslfito propagation conditions.
Derivatives of the system are in use by maritimevoeks, the Civil Air Patrol and many
amateurs. Bandwidth is 500 Hz and data rates ardb@dd.

allows different modulation formats to be selectadnually or automatically depending on the

Clover was developed by Ray Petit, W7GHM in 1990udes a four-tone modulation scheme §nd
prevailing signal conditions.

PACTOR

PACTOR uses a packet-based protocol with AMTOR-&keoding to attempt to combine
the advantages of AMTOR and packet radio. It presidrror checking to achieve very low
error rates. It achieves data rates of 100 to 2DthE normal HF bandwidth of 500 Hz.

Some benefits of PACTOR include: Operation at 10@09 baud, depending on path conditiong; a
16-it cyclic redundancy check to provide near efree operation; memory ARQ in which tHe
controller is able to combine parts of successieels to eliminate errors; and selective use of IRA
data compression.

Originally copyrighted by SCS GmbH, the mode wakeased into the public domain in 1991.
Subsequent versions —Il and —IIl with increaseddmnd other capabilities remain proprietary.

You can listen to samples of various digital modesluding Pactor©-l, -l and -lll a
http://www.wb8nut.com/digital. html

31.4 Image Modes

Facsimile

This is the name for methods that are used to riiiingery high resolution still pictures
using voice bandwidth radio channels. It is theestdf the image transmitting methods and
has been the main method used to transmit wealiaetscand newspaper photos by radio.
It is also used by polar orbiting weather satelii@ transmit their ground and cloud images
to earth. FAX transmissions are made up of 800G@01scanning lines, which provide
higher resolution than analogue TV.

Modern amateur radio applications are based omvaddt using the sound card in a PC to
decode the facsimile transmission and displaysirtfemye on the computer monitor. The
high resolution is achieved by slowing down theadate resulting in transmission times of
four to ten minutes per image.
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Slow-Scan Television (SSTV)

As the name implies, this mode differs from themnarcommercial television with respect
to the scanning rate of the picture frames. Homeid\8outh Africa (PAL) produces 25
complete images per second, with 625 lines eaah,oanupies a bandwidth in excess of
6 MHz. SSTV may take several minutes to complesingle image, but fits into normal
speech channels, less than 3 kHz wide. The simphestochrome modes complete a
picture in about 8 s.

In order to transmit an image, very accurate amddetortion audio tones in the range of
1500 to 2300 Hz are used to represent the pictieraemt (pixel) intensities. A 1200 Hz
tone is used for synchronisation. These audio taneshen transmitted through a standard
SSB speech channel. On the receiving side, theodades are decoded and turned into a
picture. Most modern systems make use of the canpstund card and appropriate
software to encode and decode the picture.

More than 40 different SSTV modes exist. The magiytar modes are Scottie S1 and
Martin M1, with various modes in the Scottie, MajtiAVT and Robot families being
popular in various parts of the world.

Generally, a 5 ms synchronisation pulse indicdtesstart of a line and a longer pulse at fthe
same frequency the start of a new frame, whichademup of 120 lines.

The same standard was transferred to colour imageacing red, green and blue filters|in
front of the camera and sending each colour imagearately and assembling them at the
receiving end. It was known as tframe-sequentiainethod. Any interference during the
transmission of any frame could cause the entiregamto be useless and an improyed
method ofline sequentiatransmission was adopted. In this case each lireesgat threq
times, each time using a different filter. The bagaveform for these methods is shown
the figure below.

n

Peak Wh ke
2300 HZ

Black Lewel__ | _

1500 HZ

— T B
Sy kel —4— —
1200 HZ
| | Smz
o BETmE -

Monochrome SSTV signal

Later developments used luminance and chrominaigrels instead of the usual ref-
green-blue signals. The first 50 to 70% of the do@contains the luminance informati¢pn
which is a weighted average of the RGB signals. féheaining part of the line contains the
chrominance or colour information. This choice made method compatible with thHe
monochrome system as it could use the first pathefline to display the monochrome
image and ignore the chrominance information. T
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Although this encoding method reduced the timeraaogmit a frame from 24 s to 12 s it
produces bad quality when it encounters sharp, tigtirast edges. The newer modes have
therefore returned to RGB encoding.

Fast-Scan Television
Fast-scan television in the amateur service is @eland mode that follows standard
broadcast scan rates. Due to the wide bandwidtlegeMHz), this mode is restricted to
the UHF and microwave bands. One TV channel wooiame all the space on all the HF
bands up to 50 MHz!

31.5 Digital Voice—The Future?

Digital modes offer advantages over their analogoenterparts and are widely used in
most modern voice communication systems such apuhkc switched telephone network
(PSTN) and cellular networks. Digital detectorsdhealy to ascertain whether the received
signal represents a digital zero or a digital dbeding schemes have also been devised to
detect and correct possible errors in the transomssaking the method robust even under
poor propagation conditions. The digital signale afso readily processed by advanced
methods using DSP technigues to enhance theirtguali

Digital speech coding can be classified into twoety:waveform codingandsource model
coding. Waveform coding techniques involve the quantisatib the speech waveform at
high rates to produce high quality speech at tr&t ob a high bit rate. An 8-bit A/D
converter sampling at 8000 samples per second wwolduce a bit rate of 64 kb/s! More
complex voice coders ovocodersuse Adaptive Differential Pulse Code Modulation
(ADPCM) in which prediction with differential qudsétion is used to reduce the data rate
to between 24 and 32 kb/s.

Model coding vocoders use a parametric model toaqipate short segments of speech
(between 10 and 40 ms). The speech is modeled avitmdamental frequency, a set of
spectral coefficients and a set of frequency-dependoicing decisions. This multiband
voicing information and algorithms to analyse agdtlsesise speech have resulted in the
availability of Advanced Multiband Excitation (AMBEvocoders that can provide high
quality speech at rates between 2 and 5 kb/s. Tibesbit rates allow the digital signal to
be transmitted by HF radio without exceeding themad 2,5 to 3,0 kHz bandwidth.

Such a system was developed for amateur radiocapipln in 1998 by Charles Brain, G4GUO, and
Andy Talbot, G4JNT. Their system is based on an AIB00+ speech vocoder operating|at
2400 b/s plus 1200 b/s of forward error correctidhirty-six tone carriers spaced at 62,5 Hz phre
used, producing an overall bandwidth of 312,5 t0®HBz using DQPSK modulation.

A typical application using a vocoder as in thexabsystem is shown below:
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A digital speech system for radio transmission
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A digital voice system can be added to any SSBsteiner (even the older tube types)
without the need for any internal modificationstbe radio. The use of digital voice can
provide better signals than the addition of a liregaplifier.

The use of digital voice in amateur radio is stillits infancy and ideally lends itself to
experimentation and development.

The single biggest obstacle to the use of digibéder systems revolves around its behaviour
when many different signals coexist in the samediadth, such as often happens on
amateur radio. So far, digital signals do not makehdiscrimination ability of a human ear

with analogue signals.

VolP—Voice over Internet Protocol

Voice over Internet Protocol (VolP) is not a radiommunication mode or modulation
type, and is mentioned here only as it is utilisedarious networks which combine radio
communication with communication via the Internet.

VoIP, also called IP Telephony, Internet telephoBypadband telephony, Broadband
Phone and Voice over Broadband is the routing afevoonversations over the Internet or
through any other IP-based network.

Amateur radio has adopted VolIP by linking repeaterd users with Echolink, IRLP, D-
STAR, Dingotel and EQSO. Echolink and IRLP are paogs/systems based upon the
Speak Freely VolP open source software. Echolildnal users to connect to repeaters via
their computer (over the Internet) rather than bing a radio. By using VolP, amateur
radio operators are able to create large repeateonks with repeaters all over the world.

Summary

Morse telegraphy can be read by ear at speeds tf 69 words per minute. A computer
can be used to assist in reading and sending Mok

RTTY is one of the first data communication modaat tcame into widespread use. FSK
with a shift of 170 Hz is used, with a data ratelbf45 Bd. RTTY is widely used to casual
keyboard-to-keyboard chatting and for working D>XecBuse it is slow and error prone, it is
seldom used for data transmission.

AMTOR is a development of RTTY. It is no longeruse, having been displaced by more
sophisticated protocols and by RTTY itself.

ASCIl is a code in widespread use in computer systet uses a 7-bit code with an
extension to 8 bits for error checking.

Packet Radio uses other stations in direct radretransmit packets to the destination, that
may not be reachable directly. Its structure is/\@milar to that of the Internet. Modern
packet networks support standard TCP/IP protocols.

APRS provides real-time tracking of mobile or pbiésamateur radio stations.

PSK31 is an HF keyboard-to-keyboard protocol withdyweak-signal characteristics.

WSJT is a suite of weak-signal digital modes pringchuge advantages for propagation
modes like EME and meteor scatter.

CLOVER is an adaptive HF system that adjusts iteeffropagation conditions.
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PACTOR is a combination of packet radio and AMTQR IF, providing very low error
rates at speeds of 100 to 200 b/s.

Facsimile provides high-definition images in norrspéech bandwidth.

SSTV provides TV-like pictures in normal speech dwidth, at the cost of long frame
durations. Many different modes in use to provid®gr pictures are in use.

FSTV uses normal broadcasting bandwidth and fraatesr Because of the bandwidth, it is
useable only on UHF and above.

Digital speech may displace analogue speech sigmaluture, offering quality and
bandwidth efficiency advantages. There is lotsaufrm for experimentation. One of the
obstacles to be overcome is the operation of digigce systems when many signals are
present simultaneously.

Modern digital communications systems often usergeegc computer with a generic sound
card is connected to a standard SSB transmittenglsiitable software, digital signals are
transmitted. At the receiving end, a standard SS&fiver is used to recover the signals,
and a standard sound card demodulates the signdlsliaplays them on the screen, or
renders them as speech, or interprets them andssti®am as a waterfall or in some other
form acceptable to the operator. Digital modesh@@ming extremely popular on the air.

Revision Questions

1 Morse code telegraphy:
a. Is obsolete and no longer used in amateur radio.
b. Uses wide bandwidth.
C. Requires a computer to send and receive.
d. Provides communications at up to 60 words peanutei with minimal
equipment.
2 RTTY is used for:
a. Sending large files.
b. Communicating very quickly.
C. Working DX stations.
d. Typing Teletubbies.
3 AMTOR:
a. Is very popular and has replaced RTTY almostptetaly.
b. Provides high-speed data transfer.
C. Is almost completely obsolete.
d. Is much more popular than RTTY.
4 ASCIL:
a. Encodes decimal digits as separate nibbles.
b. Is easily converted into binary numbers.
C. Is widely used in computers.
d. Is used to send Morse code by sitting on it atgudly.
5 Packet radio stations:
a. Require big antennas because they must haveeacaverage area.
b Use nearby stations to relay messages to distatnins.
C. Require high power to achieve long distances.
d Fit into small cardboard boxes called Packets.
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6 APRS provides:
a. Position reporting using a GPS receiver.
b. Packet reporting using a TNC.
C. Propagation reports for weak signals.
d. Weak-signal protocols for EME and other spesgalimodes.
7 WSJT is a:
a. Modulation mode for meteor scatter.
b. Modulation mode for tropospheric scatter.
C. Modulation mode for EME.
d. Suite of programs with all of the above.
8 PACTOR provides:
a. Very high data rates.
b. Error-free data transmission on VHF.
C. Low error rates and medium throughput on HF.
d. Raw keyboard-to-keyboard teletype on HF.
9 FSTV differs from SSTV in that:
a. SSTV has much higher quality.
b. SSTV uses much more bandwidth.
C. SSTV uses far more colours.
d. SSTV takes a long time to transmit one low-dudiame.

10 Digital speech:

a. Is mature and requires no further experimentatio

b. Works well when many people are talking.

C. Offers only advantages relative to analoguedpee

d. Has a long way to go, especially when many d$&grere present

simultaneously.

11 Digital modes:

a. Require sophisticated specialised equipment.

b. Are becoming less and less popular.

C. Have a high barrier to entry.

d. Use free software and commonly-available compegeipment.
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Chapter 32: Safety Considerations

32.1 The Human Body

The human body has a number of very sensitive sgasal control systems. Most of these
systems use a combination of chemical and elatichanisms.

Some of these systems can be easily disruptecebyrielty and by heat.

As little as 20 mA of current flowing through yotarso can disrupt your heart, causing a
fatal cardiac arrest.

There is more than just anecdotal evidence thafi®és delay healing of wounds and
structural damage. RF exposure has been linkedhdeased risk of various cancers,
including leukemia. Electricity and cellphone comigs have spent huge money on
disproving such links, yet concerns linger. If yoant to play safe, do not expose yourself
or anyone else to more RF than necessary.

32.2 Mains Power Supply

The mains power supply in South Africa is mostlf) 24at 50 Hz. Touch contact can cause
lethal currents to flow. The most dangerous situats when you touch the mains supply
with a finger while there is a conduction path t@und. Concrete is a relatively good
conductor of AC, so a barefoot operator on a cdadieor should not be working with
electricity. Use shoes with rubber soles. Use #tsal tools. Do not remove covers from
equipment unless the equipment is unplugged ame duoff.

When you install equipment, some points must bedot

o Insulated wire with a suitable voltage rating mustused for all connections.

0 Learn the colour code for mains wires. The localecis green/yellow for earth,
brown for live and blue for neutral. However, imggatr equipment may have cables
with different codes.

o0 All exposed metal surfaces (including equipmenesamust be properly earthed.

o When mains power is switched, a two-pole switchtnwesused to switch both the
live and neutral lines.

0 The plugs used must have a suitable current rdtinghe equipment, and mains
outlets must not be overloaded by having too mdnggconnected.

You should have a single “master switch” that i@kn to everyone who lives with you

and can be used to turn off the mains supply ty@lkr equipment. Your family can then

safely disconnect the mains supply in the event yba are incapacitated by an electric
shock.

32.3 High Voltages
High voltages can exist in an amateur radio stdtotwo reasons:

0 Antenna elements can carry high voltagesThe tips of driven antennas such as
dipoles and verticals are especially hazardouselOttigh voltage points may
include linear loading wires. The higher the poweing used, the higher the
voltages can go. Do not ever touch antenna elemehiie there is a risk of
transmitting. Some medical instruments use RF tohtman flesh. Leave the
surgery to the professionals!

0 Some equipment uses high voltage supplieSube-type equipment can use

voltages of up to 5 kV. These voltages are muclentethal than the mains supply,
mostly because they can cause heating and chahatgcan lead to even higher
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currents. Do not ever open the enclosures unless etiluipment has been
unplugged, the high voltage interlocks are in placel the power supply filter
capacitors have been given sufficient time to disgl. There arbleeder resistors

for that purpose, but they may be faulty.

32.4 Lightning

Lightning is of particular interest to radio amateuas amateurs like to live on high terrain
and erect high structures. Lightning strikes aezdfore more likely than for other members
of the population.

Direct lightning strikes cause havoc with equipméltiere is little you can do about it
when there is a direct strike. However, you caretakme precautions against indirect
strikes, in close proximity to the station:

0 Leave all mains, antenna and control cable conmestinplugged when the station
is not in use.

0 Ground all feedlines at the base of the tower @tkdeaentrance to the building.

o Ground all antenna structures using guidelinesiglid by the SABS. Earth spikes
and radials must be used. Buried metal water pipag be useful, but very few
modern installations are still made from water.

0 Use surge arresters on all antenna and mains cables

o0 Unplug all equipment when lightning is experiencéase by. As sound travels at
about 330 m/s, you can count the delay betweennligtp and thunder. At 5 s, the
lightning is about 1,5 km away. It is past timeutgplug!

Revision Questions

1 Where should the green wire in an AC power cord & attached in a power
supply?
a. To the fuse.
b. To the hot side of the power switch.
C. To the chassis.
d To the meter.
2 What safety feature is provided by a bleeder resior in a power supply?
a. It improves voltage regulation.
b. It discharges the filter capacitors.
C. It removes shock hazards from the inductionscoll
d. It eliminates ground-loop current.
3 For safety in any radio installation it is good pactice:
a. To only use plastic piping for earthing.
b. To use unearthed metal piping.
C. Unearth all metal cases.
d. Install a master safety switch known to allkie house.
4 For safety reasons, all exposed metal work in amateur station should be:
a. Connected to the mains neutral.
b. Free of earth connections.
C. Left completely floating.
d Connected to a good earth.
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When wiring up equipment:

a. Any wire available will do.

b. All plastic or insulated wires are suitable.

C. Insulated wires, suitable for the voltages, nmgstised.
d. Uninsulated wires are suitable.

Switches for breaking mains current should be:

. Single poled and the live leads only broken.

b. Single pole low amperage switches.

C. Double poled and both live and neutral lead&dmo
d. Knife switches without covers for easy access.

Q

When plugs are used to connect transmitting equipent requiring high
current to the mains:

a. Two-pin 5 A plugs without an earth pin are sliéa
b. 10 A three pin plugs can be used.

C. Wires can be put directly into the female plug.
d. A 16 A three pin plug should be used.

Radio Frequencies are used in microwave ovens faooking purposes. In a
radio station care must be taken:

a. To ensure that the power is on by touching RRtpavith wet fingers to
feel for voltage.

b. To work on RF equipment with the covers off.

C. To adjust antennas whilst full power is appliethe antenna.

d. To screen off all RF sources from facial andilyazbntact.

High capacitance capacitors left on work benchesr other available places
should be:

a. Passed to another person whose bodily contactatgse a reaction.
b. Should be stored away whilst under load.

C. Should be left lying around with impunity.

d. Should be discharged and stored.
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Chapter 33: Before You Go

33.1 Meeting the Standard

T/R 61-02 Annex 6 specifies what you must know befgou are let loose into the wide
world of amateur radio. The syllabus is also usmdttie Radio Amateur Examination in
South Africa. It is freely available on the Intetne

Once you have completed the study guide, you shoardaply with the level of knowledge
specified. Please look at the document to ensateytiu haven’t missed anything.

The first page covers some basic operations tlahar directly covered in the syllabus.
Specifically, you must have a grasp of basic ma#i®al operations. Most of them have
been used in the syllabus, but there are a fewsténat are not specifically mentioned. The
following list of skills comes from Annex 6:

Candidates must know the following mathematical cptecand operations:
— adding, subtracting, multiplying and dividing

- fractions

— powers of ten, exponentials, logarithms

- squaring

- square roots

- inverse values

- interpretation of linear and non-linear graphs

- binary number system

d) Candidates must be familiar with the formulaeduisethis syllabus and be able to transpose
them.

33.2 Writing the RAE

The format of the examination
The examination consists of two papers:

o The Technical papercontains 60 questions. In principle, two hours altecated
for this paper.

0 The Regulations and Procedures papecontains 30 questions. In principle, one
hour is allocated for this paper.

You have to obtain at least 50% for each of theeggmnd an average of 65% for both. A
total of three hours is allowed.

Questions are graded, so that you will get a seleaf easy questions and some slightly
more difficult ones. If you know that your techrlikaowledge is a little shaky, ensure that
you do well in the regulation paper. If you get 8@86 regulations, you only need to get
50% on the technical paper, taking a lot of pressfiryou.

Rumour has it that the regulation paper can be arevin much less than the intended
hour. If you can do so, you obviously gain moreetito focus on the technical paper.
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The formula sheet

Introduction to AmatBadio

A formula sheet with all the most important formailis supplied, so you don't have to
memorise all the formulas. However, digging throtmimulas to identify the right one is a
time-consuming pastime, so it is worth your whidentake sure that you can quickly and
easily identify the one you are looking for, andWnhow to rearrange and use it. Here is
the formula sheet that will be provided in the exam

MHz
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= + + - -t T =
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1 1. 1 1 1
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P
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lc =8 Gain(loss)=10Log,, Pou dB | ams = ! pea
Pin \/E
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300
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Answering multiple-choice questions
Like anything else in life, writing multiple-choicexams requires specific skills. Even if
you know everything that you need to know about dbetent, you still need to practice

those exam-writing skills.

Enough sample questions are provided in this sgudge. They are representative of the
questions you will get in the RAE. If you have sessfully answered all these questions,
you are probably ready for the RAE. However, heeesome practical hints for the exam

room:

o Plan your time: The first thing you must do is to look at the engpaper and
plan. If there are 100 questions and 180 minuteedthours), you have a little
under two minutes per question. Keep track of yanagress. If you are half
way through the time period and have not answemdfithe questions, you
need to speed up. Conversely, if you are halfwaguiih the time period and
have answered more than half, you can probablydftorelax a little.
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0 Relax: It is not the end of the world if you don’t ansvadr the questions. The
pass mark is only 50% for each section and 65%ygnesgate, so you can miss
half the questions in one section and almost atguar the other, or you can
miss one-third of all the questions and still pass.

o First decide on the right answer:Before you look at the answers provided,
first decide what the right answer is. Often, logkiat the answers first could
lead you into a wild goose chase that may lead wocang answer, or at least
waste lots of your time. Most often, if you knowethpproximate answer, it is
possible to select the right answer from the optiprovided. It may not even
be necessary to calculate the exact answer.

0 Pick the most correct answerMany multiple-choice examination papers will
say so, but some may not. The general principle mitltiple-choice questions
is to mark themost correct answeiSometimes you may think that none of the
answers are exactly right. Pick the one that isedbto the truth. You may also
think that more than one answer makes sense. Belone with the least
uncertainties. If you calculate an answer and yemswer is not one of the
choices, you have probably made a mistake. Re-chaaekanswer. If you are
certain that your answer is right, pick the optibat is closest to your answer.

o Do not linger on a question:If you cannot answer a question, mark it as
unanswered and carry on. Remember that there &e @uestions that are
deliberately a little harder than the others. Yoaymeed more time to think
about it, and it is a much better idea to firstvegrsall the questions that you are
sure of. Once you have answered the entire pagkthene is some time left,
re-plan your time. Count the unanswered questiodssae how much time you
have left. You will probably have more time leftrgpiestion than you had in
the beginning. You can now return to the unanswefteedstions and look
through them again, spending a bit more time oh eae.

0 Guess intelligently: If you do not know the answer to a question, $g@u
can eliminate some of the options. Some optionsobwously incorrect, and
you can eliminate them completely from your setattilf you guess one of
four answers, your likelihood of success is only2% you guess one of three,
your chances are 33%. If you guess one of twoodlks have risen to 50-50.

Typographic conventions

In this book, we have adhered to 1ISO-based coremtior writing units, including the
Greek letters A, 1, 1, A, 7 andQ. You should be comfortable with all those symbats,
they are the ones you will encounter in real life.

Unfortunately, the examination system has limitadian terms of the symbols that it can
accommodate, and some of those listed above arepossible to represent. The
examination may therefore use some alternativetinogathat date from the days of letter-
setting and typewriters.

As you may occasionally see these references imalghzines and perhaps even in books,
learning to deal with them is not entirely a wasfetime. Here are the most important
deviations encountered in old documents (and plyssitthe exam):

0 Resistance:Most practical resistances can be express€l k2 or MQ. You may
encounter references to “ohm”, “kilohm” and “megdmespectively.

0 Wavelength: Instead of X", you may see L or | or even WL.
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0 Transistor gain: You may seedor he figures instead of 3. The three are not all
exactly the same thing, but they are closely rdlated good enough for entry-level
design work.

o Millionths: Many practical capacitances in power supplies amdio circuits are
measured in uF and some measurements are made im informal usage, a lot
of people use “uF” or “MFD” for uF and “um” or “mion” for um. Fortunately,
because there is no standard Sl prefix calledthe room for confusion is limited.
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Appendix A: Glossary of Abbreviations

ACK
ADC
AF
AGC
ALC
AM
AMBE

Amsat
AO

APRS

ARQ
ASCII

ATU
b/s
BBS
BCD
Bd
BFO
BJT
BPF
BPSK
BSF

CB
CcC
CCITT

CD

Transistor current gain

(beta, Greek small b)
Change

(delta, Greek capital D)
Efficiency

(eta, Greek small e)

micro, =1 000 000

(Greek small m)

wavelength

(lambda, Greek small I)
3,141 592 653 589 793 238...
(pi, Greek small p)

ohm (omega, Greek capital O)
Ampere

Index describing solar activity
All Africa Award

Alternating current
Acknowledgement

Analogue to Digital Converter
Audio Frequency

Automatic Gain Control
Automatic Level Control
Amplitude Modulation
Advanced Multiband
Excitation (digital speech)
Amateur Satellite Corporation
Amsat Oscar

(see Amsat, Oscar)

Amateur Position Reporting
System

Automatic Repeat Request
American Standard Code

for Information Interchange
Antenna Tuning Unit

bits per secon

Bulletin Board System
Binary Coded Decimal

baud (symbols per second)
Beat Frequency Oscillator
Bipolar Junction Transistor
Bandpass Filter

Binary Phase Shift Keying
Bandstop Filter

centi (+100)

Coulomb

Capacitance

Common Base (amplifier)
Common Collector (amplifier)
International Telephone and
Telegraph Consultative
Committee

Compact Disk
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CE
CEPT

CIVIL

CMOS

cQ
CRT
cw
d

D
DAC
dB
dBd
dBi
dBm
DBM
dBW
DC
DC
DDS
DFT
DSB
DSB-SC

DSP
DX

DXCC

E
EF
EHF
EIRP

Introduction to AmatBadio

Common Emitter (amplifier)
European Conference of
Postal and
Telecommunications
Administrations
Mnemonic to remember
phase relationships
Complementary Metal-Oxide
Semiconductor

General call to any station
Cathode-Ray Tube
Continuous Wave (telegraphy)
deci (+10)

deka (x10)

Digital to Analogue Converter
decibel

decibel compared to a dipole
decibel compared to isotropic
decibel compared to 1 mwW
Doubly-Balanced Mixer
decibel compared to 1 W
Direct Current

Direct Conversion (receiver)
Direct Digital Synthesis
Discrete Fourier Transform
Double Sideband

Double Sideband
Suppressed Carrier

Digital Signal Processing
Long-distance work

(old CW abbreviation)

DX Century Club

(award for 100 countries)
Electric field

Emitter Follower (amplifier)
Extremely High Frequency
Effective Isotropic Radiated

Power (see ERP)

EMC

EME
EMF
ERP

Es

f

F
F/B
FET
FFT

Electromagnetic
Compatibility
Earth-Moon-Earth
Electromotive Force
Effective Radiated Power
(see EIRP)

Sporadic E

Frequency

Farad

Front-to-Back ratio
Field-Effect Transistor
Fast Fourier Transform
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FIR

FM
FOT
FSK
FSM
FSTV
FSwW
G
GaAs

GDO
GMT

GND
GP
GPA
GPS

h

H

H
HAREC

HF
HPF
HT
HT
Hz

[
IARU

IC
ICASA

IF
IR

IMD
IOTA
IP
IRC
IRLP

ISM
ITA2

ITU

JT

LC
LED
LF

Finite Impulse Response
(digital filter)

Frequency Modulation

See OTF

Frequency Shift Keying
Field-Strength Meter

Fast Scan Television
Frequency Setting Word
Giga (x 1 000 000 000)
Gallium Arsenide
(semiconductor)

Grid-Dip Oscillator
Greenwich Meridian Time
(obsolete)

Ground

Groundplane

Groundplane Antenna
Global Positioning System
hekta (x100)

Henry (inductance)
Magnetic field

Harmonised Amateur Radio
Examination Certificate
High Frequency

Highpass Filter

High Tension (power supply)
Handy Talkie (shack on belt)
hertz

Current

International Amateur Radio
Union

Integrated Circuit (chip)
Independent Communications
Authority of SA
Intermediate Frequency
Infinite Impulse Response
(digital filter)
Intermodulation Distortion
Islands On The Air (award)
Internet Protocol
International Reply Coupon
International Repeater Linking
Project

Industrial, Scientific, Military
International Telegraph
Alphabet number 2 (Baudot)
International
Telecommunications Union
Joe Taylor K1JT

kilo (x 1000)

K index of solar activity
kelvin (unit of temperature)
Inductor-Capacitor network
Light-Emitting Diode

Low frequency
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LO
LotwW
LPA
LPDA
LPF
LSB
LSB
LUF
m

m

M
MFD
MOS
MOSFET
ms
MS
MSB
MUF
MW

n
NBFM
NiCd

NPN
Oscar

OTF
p
PA
PAL

PBBS

PC
PC
PCB
PEP
PIN
PLL
PM
PN
PNP
PSK
PSTN

PSU
QPSK

QSL

RC

RF
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Local Oscillator

Logbook of the World
Log-Periodic Array
Log-Periodic Dipole Array
Lowpass Filter

Lower Sideband

Least Significant Bit

Lowest Useable Frequency
metre

milli (= 1000)

mega (x 1 000 000)
microfarad pF

Metal-Oxide Semiconductor
See MOS, FET

millisecond

Meteor Scatter

Most Significant Bit
Maximum Useable Frequency
Medium wave

nano (= 1 000 000 000)
Narrow-Band FM (see FM)
Nickel-Cadmium

(a battery technology)

Type of transistor (see PNP)
Orbital Satellite Carrying
Amateur Radio

Optimal Traffic Frequency
pico (+ 1 000 000 000 000)
Power Amplifier

Phase Alternate Line

(TV standard)

Packet Bulletin Board System
(see BBS)

Personal Computer

Printed Circuit

Printed Circuit Board

Peak Envelope Power
P-intrinsic-N (type of diode)
Phase-Locked Loop

Phase Modulation

PN junction (semiconductor)
Type of transistor (see NPN)
Phase-Shift Keying

Public Switched Telephone
Network

Power Supply Unit

Quality factor

Quadrature Phase-Shift
Keying

QSL Card (postcard to
confirm amateur contact)
Resistance
Resistance-Capacitance
network

Radio Frequency
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RFC
RFI
RGB
RL

RMS

RST
RTTY
Rx

S

S
SAE
SARL
SASE

SAST
SDR
SFI
SHF
Si

Sl
SLS
SMPS
SN
SOTA
SSB
SSTV
SWR

T/R
TNC

Radio-Frequency Choke
Radio-Frequency Interference
Red, Green and Blue
Resistance-Inductance
network

Root-Mean-Square
(effective voltage of a signal)
Readability-Strength-Tone
Radio Teletype

Receiver

second (unit of time)
siemens (unit of conductance)
Self-Addressed Envelope
South African Radio League
Self-Addressed Stamped
Envelope

South African Standard Time
Software-defined radio
Solar Flux Index

Super-High Frequency
Silicon

French for the Metric System
Sidelobe Suppression
Switchmode Power Supply
Sunspot Number

Summits on the Air

Single Sideband

Slowscan Television
Standing Wave Ratio

(see VSWR)
Transmit/Receive

Terminal Node Controller
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TRF

Tx
UHF
Ul

USA
uUSB
uTC

VCO
VCXO

VFO
VHF
VolP
VSWR

VXO
WAS
WAZ
WAZS
WSJT

WSPR

Introduction to AmatBadio

Tuned Radio Frequency
(receiver)

Transmitter

Ultra-High Frequency
Unnumbered info

(packet frame)

United States of Merica
Upper Sideband

Universal Coordinated Time
volt
Voltage

Voltage-Controlled Oscillator
Voltage-Controlled Crystal
Oscillator
Variable-Frequency Oscillator
Very High Frequency

Voice over IP (see IP)
Voltage Standing-Wave Ratio
(see SWR)

Variable Crystal Oscillator
Worked All States (award)
Worked All Zones (award)
Worked All ZS (award)
Weak Signal by Joe Taylor
(software suite)

Weak Signal Propagation
Reporter (software suite)
Reactance

Capacitive Reactance
Inductive Reactance
Impedance

A7 - 1-B2 -5

“ ““11
4711
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