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Preface

Many of the inventions made over the last hundred years have
been superseded by more up to date inventions which out
perform their predecessors. The vinyl disc is one which gave
very good service over many years, but now it has given way
to cassette tapes and the compact disc. Another example is the
valve which has given way to the transistor and then the
integrated circuit.

There are a few ideas which will remain with us for many
years to come. One of these is the superhet radio. It has formed
the basis for most radios since the 1920s. Now over seventy
years later there are no other ideas even on the horizon which
might replace it.

Today a vast number of radio applications utilise the idea of
the superhet radio. Domestic radios of all descriptions as well
as cellular phones and many professional applications all use
the superhet principle. When it was first invented, those
involved could not have conceived of its usage today.

With its importance in current radio and electronics tech-
nology it was felt that a book about its principles and the
various parts of a superhet radio would be of interest to the
radio and electronics enthusiast.

Ian Poole
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Chapter 1
INTRODUCTION AND HISTORY

Almost without exception, every household in Great Britain
owns at least one radio. Most have several, ranging from ordi-
nary transistor portable radios to Walkmans, stereo cassette
radios, hi-fi tuners and car radios. Their popularity proves that
radio has become an integral part of our everyday lives. As a
result we have come to take them for granted and expect even
the cheapest sets to give a very high level of performance.

Radio sets are expected to perform a number of functions.
Primarily they should amplify signals to the right level and
accept only the wanted one, rejecting others on adjacent
channels. To fulfil these requirements, a type of radio called the
superhet is used in virtually all types of radios from the cheap-
est portable sets right up to the most expensive professional
communications receivers.

Invented in the First World War, the superhet first gained
popularity in the early 1920s and 1930s. Since then it has
remained in constant use. During this time valves have given
way to discrete transistors, which in their turn have bowed to
integrated circuits. Yet despite all these changes the superhet
principle has remained the same even though radios of today
are far more complicated than the early ones, offering much
better performance and many more facilities.

The Arrival of the Superhet

The invention of the superhet represents the results of many
years work by a wide variety of people. Many observed new
effects or made discoveries which they thought would have
uses elsewhere. However each one fitted another piece into the
Jigsaw which made the superhet possible.

One of the earliest discoveries was made by an American
named Fessenden. He made a discovery which was fundamen-
tal to the operation of the superhet. At the time morse signals
Would be heard in the headsets of the operators as a series of
clicks which could easily be confused with atmospheric noise.
Fessenden had the idea of transmitting a signal which would
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produce the required sound in the headset. To do this he pro-
posed transmitting two signals together which were close in
frequency. When detected by the receiver this would appear in
the headset as an audio tone which would be much easier to
copy. This idea was patented in 1901.

Having established the basic principle, Fessenden refined it.
Realising that the transmission of two signals used twice as
much power and equipment, he suggested that only one signal
should be transmitted. The other one should be generated in the
receiver itself, and this would give the operator the flexibility
to control the pitch of the beat note to give the best readability
under the given conditions.

Fessenden called the oscillator in his receiver a heterodyne
oscillator from the two Greek words heteros and dynamis,
meaning external force.

Like many engineers, Fessenden was ahead of his time and
the technology was not available to utilise his ideas. As a result
no further development took place for a number of years.

It was not until 1913 that sufficient progress had been made
to implement the heterodyne principle satisfactorily. In this
year the U.S. Navy undertook some tests which proved that a
heterodyne receiver gave the best results of any system avail-
able at the time.

Whilst the basic heterodyne principle was being established
a number of other discoveries were being made. One of the
most far reaching was the thermionic valve. Its discovery not
only enabled radio receiver technology to progress, but it also
laid the foundations of modern day electronics.

The first effects leading to the thermionic valve were noticed
by Edison. He was investigating methods of extending the life
of light bulbs. One of the factors reducing their life was the
blackening which occurred on the inside of the glass bulb. To
overcome this, he placed a second electrode in the bulb and
applied a negative potential to it. When he did this Edison
noticed that current flowed in one direction between the fila-
ment and the new electrode, but not in the other. Whilst Edison
was fascinated with this new discovery which he called the
Edison Effect, he never found a use for it.

It fell to Dr J. A. Fleming, the professor of electrical engi-
neering at University College London to put this idea to use.
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Fleming had acted as a consultant to Marconi in hi i
ments with long' distance communications. Itmwt:ss f: pf‘zlrclt
Flerpmg who ges1gned the transmitter and much of the other
equipment w!uch Wwas used to make the first transatlantic radio
transmission in 1901. Fleming realised that the major weakness
in any.radlo system of the time was in actually detecting the
signal in the receiver, He thought that the Edison Effect which
he had. seen a few years earlier might provide a solution
chordmgly he set up an experiment to investigate this, and he:
qux_ckly proved that the idea worked and provided a &etector
whth was far superior to anything else which was available at
the time. Asa result the thermionic valve was born in 1904

; Flemmg’s dlqde valve was followed two years later by .the
triode. This was invented by an American named Lee de Forest
ar}d although the third electrode had been added the device was,
still onl)f used as a detector. It took a number of years before it
was realised that it could also be used as an amplifier.

With the use of valves as amplifiers it was quickly discov-
erqd that they could also be made to oscillate. In fact the first
rehal?le oscillators were made in 1913 by Telefunken. This was
a major step forwards because previous sources of sine waves
weIre.:'izlr{ cumbelrsome and expensive.

tnitially very little was really understood al i
which valyes operated. As mor}t; was learned :gg:nth tlele\;vnaytﬁg
rate at which advancements were made increased. Many ,new
types of recgiver started to appear. A brilliant young American
zﬁediﬁwq Armstrong ‘made the first regenerative set. This
whichgwas Zvlari(l:;eb?:?d gain and selectivity over anything else

In another development a British radio engi
Rpund developed a receiver called the autogyrrl:frlﬁétlllﬁg sI:.tJa.
:;x:gle valve Wwas made to perform as oscillator and mixer at the
= vzl t‘:;ne. 'I('lhls was a great advantage because of the high cost
o $ and the difficulties encountered in supplying current
e ag}:ednumber of them.‘ All §upplies were provided by bat-
ﬁlamc;nts ;ach valve required its own filament supply. As the
o, often drew an amp or more the sets were not cheap to

As these advances were made a further ingredi
which fuelled developments even more. In lgr14 t;: tF‘:,rzf 33(;133
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Fig. 1.1 H.J. Round's autodyne receiver

War broke out. With this the value of radio communications
was soon appreciated and a great impetus was given to the
development of improved equipment.

During these very early days of radio development, most of
the transmissions were made on frequencies below 500kHz.
Great difficulties were encountered above this because valve
amplifiers had very little gain owing to the limitations of the
valves available at the time. In addition to this the inter-
electrode capacitance meant that circuits suffered badly from
instability. Many people tried to overcome these problems, and
a degree of success was achieved. Even so it was obvious that
a completely different approach was needed.

The first major step was taken by a French engineer named
Lucien Levy. His main interest was in achieving greater levels
of selectivity. To do this he developed the idea of converting the
incoming signals to a lower frequency where they could be
tuned and separated from one another more easily. He accom-
plished this by mixing the incoming signals with another fixed

frequency oscillator generated locally in the receiver. This pro-
duced what he called an “ultra-acoustical” beat to give signals
at a lower frequency. The mixer was then followed by a tuned
stage with an amplifier before the signals were converted to
audio by the use of a second heterodyne oscillator.
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Levy’s system worked well, although it could not remove all
the atmospheric noise as he claimed it would. With greatly
improved selectivity and a higher gain the idea gave a marked
improvement. As a result he patented the idea in 1917.

Although Levy had very nearly discovered the idea of the
superhet as we know it today he still used variable tuning at the
intermediate frequency stage. This meant that if several stages
of tuning were to be used then significant problems would be
encountered in tuning them all to the same frequency. This
limited the overall performance which could be achieved.

The basic idea for the superhet itself is credited to Edwin
Armstrong. He designed a system using a variable frequency
oscillator which enabled him to use a multi-stage fixed fre-
quency intermediate frequency filter and amplifier. This gave
an even larger improvement than Levy had noticed. In his first
receiver Armstrong used an eight valve line up: 1st mixer, local
oscillator, three valves as intermediate frequency amplifiers,
heterodyne oscillator for the demodulation process, and two
valves in the audio amplifier. The construction of a receiver of
this complexity represented a considerable technical challenge.
Not only did it involve the use of a new and revolutionary idea,
but it used a much greater number of valves than other sets.

Armstrong filed the patent for his idea in December 1918,
calling it a supersonic heterodyne receiver because of the
heterodyning or mixing which took place at frequencies above
the audio range. Soon this name was shortened to superhet, the
name which is used today. However Armstrong was not the
only person working along these lines. A German' named
Schottky was also developing a very similar type of receiver,
and he had patented his idea six months earlier.

After the war the pace of developments seemed to slow only
slightly. The performance of valves improved as a greater
understanding of their operation was gained. This eroded many
of the advantages of the superhet. The new valves enabled high
gain radio frequency amplifiers to be made, and as there were
comparatively few stations transmitting, the need for high
degrees of selectivity was less. There were other practical
reasons for the superhet not being used. A sufficient per-
formance could be obtained using only a few valves with
traditional techniques. The superhet required a larger number
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of valves, some of which did not contri :
of the set. This meant the ontribute to the overall gain

: Y were more expensive, and
attractive to manufacture or buy. # : 5

In view of these problems comparatively i

about the ideg for a number of years.p Howeve); igt:lllz I\}ass fl\watlrx(e1
;wmber of hlgl} power broadcast stations began to rise.in. the

ate 1_92_Os. This meant that the need for a higher degree of
selectivity Was again needed. Unfortunately a number of
prqblems still needed to be overcome before the superhet could
enjoy any degree of widespread use.
bec;la;{lxe eaxl'lly sets had suffered from a Very poor image response
pi s¢ they used a very low intermediate frequency (often
b 5edas frf)t:xndtﬁzd) ;lo ena;l\}le the best performance to be

valves. Now the improvements in valv

;elzg?;logry helped the superhet. As a result the standard intert-:
emitter?’ :lquency became 180kHz. In addition, the new “dull
. valves consumed much less filament current, reducing

e Pcrg;tl of buyl'?lg and running the sets.

ems sull remained with tuning. Two con

Needed, one for the variable local osci%lator and og: I;O:V tel:ee:
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radio frequency stage. As both controls had to be adjusted
correctly this made the sets more difficult to use and sell. The
problem was overcome by the development of a dual gang vari-
able capacitor in which two capacitors could be varied in line
with one another on one spindle. All these developments
enabled the superhet to become a variable type of set to be used
in the domestic market.

With the superhet well established in the U.S.A., it did not
take long before its popularity began to rise in Europe.
Particularly in the 1930s when more high powered broadcast
stations began to start broadcasting. Just as in the U.S.A. the
need arose for sets which were able to cope with the more
crowded band conditions. Again the superhet was the answer.

During the 1930s a number of new ideas were introduced.
Automatic gain control was one. This enabled the gain of the
set to be controlled for a wide range of inputs, enabling the
audio volume control to be kept almost constant for a wide
range of signal strengths. Further improvements were also
made in valve technology. Smaller and more efficient valves
were introduced, and the performance of the sets was gradu-
ally improved. In fact many of the sets made in the 1930s give
quite acceptable performance today.

The Second World War gave a further impetus to improving
the design of radios. Although no changes were made to the
basic concept, refinements were made so that the selectivity,
sensitivity, and stability were all made much better.

The next major revolution to the superhet occurred after the
invention of the transistor. Being much smaller and requiring
less current they enabled portable sets to become quite
commonplace. Some valve portable sets had been manufac-
tured using special valves which consumed less filament
current and used lower anode voltages. However they were
never very popular because they needed expensive high voltage
batteries, which did not last very long.

The first transistor portables became available in large quan-
tities in the early 1960s. Since then integrated circuits have
been incorporated into domestic sets even more. Using the
increased functionality available in these chips performance
has improved quite considerably. In addition to this, features
like entering the frequency from a keypad on the front of the
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set, memories to store the frequencies of favourite stations and
many more have become commonplace.

The Scanner, a new type of set which is able to scan a band
of frequenmqs or selected channels has become very popular to
the amateur listener. These and many more developments have

ensured that the future of the superhet remains in no doubt for
many years to come.
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Chapter 2
BASIC PRINCIPLES

In the previous chapter it was mentioned that the heterodyne or
mixing process is crucial to the superhet radio. In this process
the receiver converts the incoming signal on one frequency to
a fixed intermediate frequency where it can be filtered and
amplified far more easily and effectively. However before pro-
ceeding with a more detailed description about the actual work-
ings of the superhet itself it is best to look at how the mixing or
heterodyne process works.

Mixing

The basic function of a radio frequency mixer is to change a
signal from one frequency to another by mixing it with a
second signal. As a result of its action this type of circuit is
sometimes described as a frequency changer.

This type of circuit should not be confused with an audio
mixer. This piece of equipment is used in a wide variety of
applications to add together sounds from different sources.
Music groups needing to add sounds from several microphones
and instruments will use a mixer as will radio stations and
many other users. However the type of circuit used in additive
mixers is totally different to the mixers used for frequency
changing.

It is possible to illustrate how a frequency changing mixer
works by using a simple illustration. Musicians use the effect to
tune their instruments to the same frequency. If two musical
notes close together in pitch are heard at the same time then the
sound will appear to become louder and softer as the notes rein-
force one another and then cancel each other out. The rate at
which the reinforcement and cancellation occurs is called the
beat frequency and it is equal to the difference in frequency
between the two signals. When there is no pitch difference the
beat note will not be heard, and this will occur when both
instruments are in tune, i.e. on exactly the same frequency.

In order to produce a similar effect and mix signals together
electronically a circuit which has the effect of multiplying the

11



two signals together is used. At any instant the output of the
circuit will be proportional to the levels of the two inputs
multiplied together. When a circuit which can accomplish this
is used, a beat note will be produced which will be equal to the
difference between the two input signals.

In addition to this another signal is produced. This has a fre-
quency equal to the sum of the two input signals. In other
words if the two input signals have frequencies of f, and f,then
two new signals will be produced at frequencies of (f, — f,) — the
difference or beat frequency and (f, + f,) — the sum frequency.

The effect of mixing can be shown graphically as shown in
Figure 2.1. Here the two signals can be seen at the top of the
diagram, and below the resultant signal can be seen. If this is
examined it can be seen that this new signal has a component
at a low frequency (the difference or beat frequency), and
another one at a much higher frequency (the sum frequency).

AWAMAR WA A
(TR s g e

Signal f2

/\ /\ /\ /\ Resultant signal
N\ /\ /\ from mixing process
\/ \/ ) \/ \/ U/ (f1 +2) and (f1 - f2)

Fig. 2.1 Graphical representation of mixing two signals

It is also possible to give a diagram of the spectrum of the ,”
signals involved in the mixing process. Figure 2.2 shows the
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process from this point of view.

Ar |
Input signals
‘r f1 f2 %Frequency
Output signals
(1 -12) (f1 +12) Frequency
Fig. 2.2 piagram showing the spectrum of the signals
involved in the mixing process

It is also possible to express this mathemati i
. _ . atically. If two sine
waves sin6, and sin6, are mixed, they will produce two signals

sin(@, — 0,), the difference fi i
frequle ncyz’ L requency, and sin(8, + 0,), the sum

sin6, X sinB, = sin(@, + 0,) +sin(6, - 6,)

il‘he Sgperhet Radio

tcan be seen that by mixing two signals together it is possi

:}(:ep(r)OSIu_ce 131gnals wl;iqh are lower or highe% in frequerxl)cy stlhl::s

s r:llg_m?} ones. This idea can be used to convert the signals

: secon(ljo .roml one freqqency to another, by mixing them with

i ars‘;gna from an internal local oscillator. The incoming

s converted to a fixed frequency intermediate fre-
Y stage where they are amplified and filtered as shown in
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f1 L (1 -12) Fixed frequency
e Mixer - »| amplifierand F—
filter

f2

Local
oscillator

Fig. 2.3 The incoming signal is converted down to a fixed
frequency where it can be amplified and filtered

Figure 2.3.

Unfortunately there are two conditions or input frequencies
for any one local oscillator frequency which will give an output
at the intermediate frequency. As a result it is possible to
receive signals on two different frequencies at once. One of
these signals is generated as the difference of the incoming
signal minus the local oscillator frequency. The other arises as
the difference between the local oscillator minus the incoming
signal.

To illustrate this it is useful to take some real figures to act
as an example. If the intermediate frequency stages with their
filter are at 500kHz and the local oscillator is running at
1500kHz then it can be seen that a signal on 2000kHz (i.e. 2000
- 1500kHz) will produce a signal at 500kHz. Similarly a signal
at 1000kHz (1500 — 1000kHz) will also produce a signal on
500kHz.

It is obviously no use to be able to receive signals on two
totally different frequencies at once. Only one signal must be
received and the unwanted one, called the image signal must be
rejected. To achieve this a simple filter is placed before the
mixer as shown in Figure 2.4. This can be designed to accept or

reject either signal. As the filter only has to reject the image -
signal, and not those on adjacent channels, it can be relatively

simple. It does not need the same degree of selectivity required
by the filter in the intermediate frequency stage.
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Local
oscillator

Signal on image frequency is rejected
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Response of
RF tuning ~—_/
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Fig.2.4 A .tur.ving circuit is placed before the mixer to
eliminate the image signal

Tuning
?o far the description of the superhet has been confined to the
1xed frequency case. However in most applications it is neces-

ov?; even wider bands,

uning is primarily accomplished b i

pf the logal oscillator. In the l:axample ):)?l ttt?: l:gcgsefrreve?tin:x};
Intermediate frequency of 500kHz and a local oscillator fre-
;loucel;cy of ISOORHz, signals were received on 1000kHz. If the
7 (;10 kI(:Iscﬂla_tor is moved. up in frequency by 100kHz to
i Thisz, thgs mean that signals are received 100kHz higher
os.’ll maintains Fhe jOOkHz difference between the local

Cillator and Incoming signal frequency.
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Fig. 2.5 A ganged tuning capacitor is used to tune both
the local oscillator and R.F. stages
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Whilst the local oscillator is the main part of the circuit
which has to be altered, other circuits have to be changed as
well. The filtering prior to the mixer needs to be altered to take
account of the frequency change. If this is not done then the cir-
cuit may be off tune and cause the wanted signal to be reduced
in level and the unwanted image signal to be increased. To
overcome this the pre-mixer or radio frequency tuning should
track or tune at the same rate as the local oscillator. In receivers
using analogue tuning, i.e. a dial and tuning knob, this is

>

L

IF amplifier
and

filter strip

>
&

accomplished by having a ganged variable tuning capacitor e

with two or more sections. One section is used to tune the 2 g s 5
local oscillator and the other remaining sections (often only 2322 s
one) are used to tune the radio frequency stages as shown in =3 s ¥
Figure 2.5. S} 5

>

Basic Superhet

A block diagram of a typical basic superhet radio is shown in
Figure 2.6. More complicated radios with additional features
and better performance specifications will undoubtedly be
more complicated and have more stages. Some sets will have
two or more conversion stages. However an explanation of the
working of an overall superhet radio can be gained from this

amplifier |
and tuning

Fig. 2.6 Overall block diagram of a basic superhet radio

basic block diagram.
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Signals from the aerial enter the radio frequency or r.f.
stages of the set which perform two main functions. The first is
to provide the required selectivity needed to reject the image
signal and accept the wanted one. In many Long and Medium
Wave portable sets the tuning coils which provide this selectiv-
ity are mounted on a ferrite rod, often about 6 inches long. This
acts as an internal aerial so that an external connection is not
required. If necessary an external aerial can be added by using
an additional small winding on the ferrite rod. Alternatively the
aerial can be connected directly to the top of the tuned circuit.
In addition to providing selectivity many r.f. stages provide
some amplification prior to the mixer.

The mixer of frequency changer stage is naturally crucial to
the whole operation of the receiver. The mixer circuit itself can
take many forms, containing diodes in some circuits, whilst
others are active circuits containing transistors or FETs to
provide some gain.

Many Long and Medium Wave portable sets use a self-
oscillating mixer which incorporates the r.f. functions as well
as the oscillator and mixer around a single transistor as shown
in Figure 2.7. These circuits are very cost effective and operate
well in low priced sets, but in view of the fact that one device
is performing a number of functions it cannot be fully
optimised for each of its functions. As a result this type of cir-
cuit is never found in a performance set.

The local oscillator is a very important item in the set. Its
performance will determine aspects of the set’s performance
including drift. The oscillator can take many forms. Many
radios use a free running variable frequency oscillator.
However where low drift is required, other systems where a
variable frequency oscillator is mixed with a crystal oscillator
became popular a number of years ago. More modern receivers
often make use of frequency synthesizers. These offer many
advantages in terms of very low drift and because they are
usually digitally controlled they can be used in conjunction
with processors to give memory, scan and search facilities.

The output from the mixer enters the intermediate fre-
quency stages. It is here that the majority of the gain and selec-

tivity are provided in the radio. Today many i.f. amplifiers use “
integrated circuits. However discrete transistor stages like that
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Fig.2.8 A typical I.F. stage using a discrete transistor
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shown in Figure 2.8 still are found in many sets. This gives a
good idea of the function of one of these stages.

A number of standard frequencies have been adopted for use
in the i.f. stages of radios. 465kHz is very popular for AM
radios whilst 1.6MHz used to be quite common in communica-
tions receivers some years ago. 9MHz is now widely used in
HF amateur radio equipment (for operation below 30MHz). For
Broadcast VHF FM sets the standard i.f. is 10.7MHz. The
choice of i.f. depends upon a number of factors which are more
fully covered in Chapter 4 — Selectivity.

Once the signal has been filtered and amplified it is still in
the form of a radio signal. The modulation needs to be removed
from the carrier to give an audio signal which can be amplified
in the normal way before being passed into a loudspeaker or
headphones. This process is called demodulation or detection,
and there are a number of different circuits which can be used
to perform this depending upon the type of transmission being
used. :

Automatic Gain Control
One feature which the superhet has as standard these days is an
automatic gain control (a.g.c.). Occasionally it may be
described as an automatic volume control (a.v.c.), although this
term is not widely used these days. The facility enables the gain
of the receiver to be adjusted to take account of any variations
in level which occur between different stations, or when a par-
ticular signal varies in strength. By doing this the level of the
signal at the detector can be maintained at an almost constant
level for a wide variation in signal strengths from the aerial.
This is very useful in portable sets, and car radios where very
large variations are encountered even when the set is tuned toa
fixed station. 1

In essence an a.g.c. system operates by sensing the level of
the signal when it is detected. The voltage which is generated
is used to control the gain of one or more of the earlier stages.
The greater the signal, the larger the voltage which will be
applied to the earlier stages and the greater the reduction in
gain. ,
The design of a good a.g.c. system can be quite involved. It
should not start to reduce the gain of the receiver until the
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signal has reached a sufficiently high level to give a good
signal-to-noise ratio.

In additiqn to this the time constant must be taken into
account. It is important that none of the audio modulation
should be present on the a.g.c. control line. If this happens the
a.g.c. will follow the level of the modulation and as a result it
will tend to remove. the audio. To ensure that this does not
happen a simple filter is included and as a result there is always
an associated time constant. For a.m., a time constant of about
a quarter of a second is typical and this enables the control volt-
age to follow the average level of the carrier, taking into
account any variations in overall signal strerigth.

' For s.5.b. and morse transmissions the situation is slightly
different because there is no constant carrier level which can be
monitored. Instead the level of an s.s.b. signal will vary accord-
ing to the amount of modulation present, falling to zero when
there is no sound. Morse transmissions also consist of a vary-
ing level as the carrier is turned on and off. For an a.g.c. system
to be able to cope with these types of transmission a longer time
constant 1s needed. In fact they should quickly reach the
required level when a new signal appears (the attack time), but
hold @s value for a while during speech pauses or gaps ir; the
transmission for morse (the decay time). Typically an attack
time of.O.l seconds and a decay time of around a second or
more will be quite satisfactory for most applications.

——— Signal level

Fig.29 A.G.c. control voltage with a fast attack and

slow delay time

To generate the volta i i
. ' ge forthea.g.c. a simple diode detector
like that shown In Figure 2.10 is often used, especially in
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simple Medium Wave portable radios. Here the same diode is
used for detecting the audio as well as generating the a.g.c.
control voltage. The difference is that a much longer time
constant filter is used for the a.g.c. A small amount of filtering
is applied to the audio, simply to remove any of the radio
frequency signal which may be present. In more sophisticated
radios a separate detector can be used with its own final i.f.
amplifier stage. In this way the a.g.c. detector can be properly
optimised for this function.

-L Audio to
audio frequency

amplifier

o ol oo

AGC line to
previous stages

Fig. 2.10 A simple diode detector with output for
automatic gain control

The control voltage is generally applied to more than one of
the r.f. and i.f. stages. Often it is applied as in the typical ampli-
fier stage shown in Figure 2.8, although i.c. amplifiers are often
used today, and these will have gain control terminals which
can be used for this facility. )

In some instances the voltage is applied to the mixer, but this
is not to be advised because it means that this circuit will not be |
operating at its optimum. Ideally it should be applied to sever- -
al amplifier stages. The more stages which are controlled, the
greater the range of control which can be obtained. :
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Other Configurations

So far only the basic superhet configuration has been outlined.
Whilst many of the radios available in the shops today conform
exactly to .this format, there are many which have additional
stages to give improved performance in various areas.

One of the major problems of radios conforming to the basic
format is that they do not give sufficient rejection of the image
signal. Although it is possible to make some improvements by
increasing the front end selectivity, it is not always possible to
achieve the figures which are required. If major improvements
need to be made then the best option is to increase the differ-
ence bgtween the wanted and image signals. This can be done
by raising the intermediate frequency. It can be seen that the
difference between the wanted signal and the image is twice the
intermediate frequency.

josing the i.f. brings with it a number of problems. In the
first instance high frequency filters can be more expensive and
they may also be less effective. Nowadays with improved tech-
nology, high frequency filters can be produced relatively
cheaply, but before the 1970s it was a significant problem. As
a result a two stage conversion process was adopted in many
sets as shown in Figure 2.11. The easiest method of achieving
ﬂ}ls was to have a variable first local oscillator as shown in the
diagram. Then a crystal controlled oscillator was used to con-
vert the signals down to a lower i.f. where the majority of the
selectivity was found.

Upfortunately this did not give the optimum frequency
stal?xllty because the local oscillator was prone to drift. Using a
variable frequency oscillator at this stage meant that several
compromises had to be made in the design. In the first case it
was likely to have to operate at a high frequency, a major fac-
tor in degermining the amount of drift. Secondly it would have
to be switched to enable it to cover all the required bands, and
ﬁqally the circuit values could not be optimised to reduc; the
drift as it covered a wide band of frequencies.

A_ much better method is to use a crystal controlled first con-
t\”er§lon as shown in Figure 2.12. This configuration formed the
as1s of many amateur band receivers in the 1960s and 1970s.
The adva.ntage of this method is that the inherent stability of
€ crystal oscillator can be employed in the first oscillator.
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This type of circuit would remain stable despite the high
frequencies, wide bandwidth and switched operation.

The variable frequency local oscillator is used for the second
conversion. Here it is able to run at a much lower frequency,
- and because it is not switched the mechanical design can be
optimised to ensure good stability. Normally receivers employ-
ing this technique operate very well, the drift having been
reduced to levels which are normally not noticeable.

In view of the fact that the first oscillator is not variable, the
first i.f. covers a relatively wide band, typically 500kHz. The
second and variable local oscillator is then able to convert the
signals down to a fixed i.f. where the normal selectivity and
amplification are provided. Typical frequencies for an HF
amateur band receiver are shown in Figure 2.12.

The disadvantage of this type of receiver is that as the first
i.f. has only a limited bandwidth, a large number of switched
bands are required if general coverage reception is needed.
Often this is not practicable.

Nowadays with the widespread use of frequency synthe-
sizers it is much easier to manufacture highly stable wide-band
receivers.

Digital Signal Processing
Several of the top communications receivers now include a
facility called Digital Signal Processing (d.s.p.). Like many of
the other facilities used in radios today, some of the signal
processing can now be accomplished by the use of computer
technology.

The principle behind d.s.p. uses the fact that it is possible to
build up a representation of a signal from a knowledge of the
points on the waveform. If these are represented digitally then

the waveform can be interpreted by a microprocessor and

processed accordingly.

In a d.s.p. receiver the incoming signal from the if. is fed
into an i.c. called an Analogue to Digital Converter (a.d.c.). In j
this chip the waveform is successively sampled and converted
into a series of digital numbers, each representing the voltage
at successive times. These samples are then used by the °
processor to build up a picture of the waveform which it can

mathematically process in virtually any way. Filtering, amplifi-
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cation, and demodulation can all be accomplished.

Once processed the digital representation of the signal has to
be reconverted back into an analogue form using an i.c. called
a Digital to Analogue Converter (d.a.c.). It is then passed into

an ordinary audio amplifier and a loudspeaker or headphones in
the normal way.

Voltage

Fa

Sample of the
voltage is
converted to
digital format

L : — Time

Samples taken at regular intervals

From a knowledge of succesive samples

it is possible to build up a digital representation
of the signal

Fig.2.13 Sampling an analogue waveform

The advantage of digital signal processing is that everything
can be treated in a mathematical way. This enables signals to be
}reateq far more exactly, and this gives many advantages
including better filters, lower distortion during demodulation
and the like. A further advantage is that new facilities can be
added purely by changing the software.

As these processors become cheaper and the technology

more accepted an increasing number of receivers will use d.s.p.
In the years to come.
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Advantages of the Superhet

It is worth quickly summarising the main advantages of the
superhet to show why it is so widely used. First and foremost i
the selectivity. Even with today’s advanced technology the
superhet principle offers much better selectivity than any othe;
type of receiver. The fixed i.f. enables very high quality crystal
or other forms of filter to be used to give excellent perfor-
mance. Ordinary tuned radio frequency (t.r.f.) receivers canno
approach the performance of even modest quality superhets.

Another advantage is that they can receive a wide range of
types of modulation. Simply by switching in a different type of
demodulator, a different type of modulation can be resolved.
Many other types of receiver including the direct conversion
receiver can only resolve a limited number of modes.

The superhet also lends itself to employing a wide range of
types of facility. Having a fixed frequency i.f. a number of
types of signal processing can be incorporated. Everything
from advanced forms of noise limiter to digital signal process-
ing can be used.

Against all of these advantages it must be agreed that super-
hets are more expensive than many other forms of radio.
However as they are by far the most popular form, it is clear
that the advantages far outweigh any cost penalties.
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Chapter 3
SENSITIVITY AND OVERLOAD

One of the most important aspects of any radio is its sensit-
ivity, or ability to pick up weak signals. Today’s technology
means that most receivers are very sensitive. This is illustrated
by the fact that a modern communications receiver or scanner
will be able to pick up signals which are less than a microvolt.

Unfortunately making a receiver sensitive is not the only
aim of the designer. Simply adding further stages of amplifica-
tion to make the set more sensitive can lead to overloading
when strong signals are present. In many instances the ability
of the set to accommodate a wide variation in signal strengths
can be just as important. It is a challenge for a radio designer to
make a set which can copy a very weak signal. It is even more
of a challenge to design a radio which can copy the very weak
signal if it is close to an exceedingly strong one.

However before looking at receiver sensitivity it is first
necessary to look at the causes for the limiting factors.

Noise

Noise is the chief factor in limiting the sensitivity of receivers
today. If noise did not exist there would be no problem in
achieving sufficient levels of gain for the signals to be heard.
Instead the background noise which arises from a number of
sources can mask out the wanted signal. Obviously strong sig-
nals will not be affected by fairly low levels of noise, but the
weaker signals can be partially or totally masked by it.

Noise consists of random electrical impulses spreading out
over the radio spectrum. In many cases it is truly “white noise”
which appears as a background hiss in the radio and is present
at the same level over the whole of the radio spectrum. Other
forms of noise may have a higher level at some frequencies
than others. Some noise may even appear more as distinct sig-
nals, for example the pops and bangs which are often heard on
the lower frequency bands.

Noise comes from two main areas. It can either be picked up
by the aerial or generated within the receiver itself. Noise
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picked up by the aerial comes from a variety of sources. It may
be man-made. With the variety of electrical and electronic
equipment in use today this can be a major source of noise.
Electric motors, televisions, cars, and even fluorescent lights all
produce interference which can be picked up.

Atmospheric noise is also present. This mainly consists of
“static” or impulses from the discharges of lightning in electri-
cal storms. In view of the colossal amounts of energy released
in these storms it is hardly surprising that they contribute noise
over a wide area, dependent upon the propagation conditions at
the time. Another source of noise comes from outer space. This
cosmic or galactic noise comes from distant galaxies, but
despite the distances it can be present in quite significant
levels.

The level of all these types of noise varies with frequency.
Some types of man-made noise can extend to very high fre-
quencies. This is particularly true of ignition noise which can
be detected quite easily from passing cars on domestic
television sets at 400MHz and more. Other forms of man-made
interference do not extend this high, often limited to some-
where between 5-10MHz. Atmospheric noise levels also fall
with frequency leaving cosmic noise the main constituent
above about 10MHz. This also falls in level as the frequency
rises.

There are other forms of noise which are not picked up by
the aerial. Thermal noise is of particular importance. It arises
from the fact that there are free electrons available to carry
current in any conductor. These electrons are in constant
random motion, moving at a rate proportional to the tempera-
ture above absolute zero (—273°C). As the electrons are
moving, albeit in a random fashion, this constitutes an electri-
cal current. Although it is very small it can still be detected as
random noise. It is also found that the level of the noise is
linked to the value of the circuit resistance, and the bandwidth
being used. This means that when a receiver input is connected

to a 50€ resistor, or even a 50Q aerial a certain level of

thermal noise will always be present.

Receiver design is fashioned to a large extent by the levels ]
of noise picked up by the aerial. In view of the larger levels of
noise entering the receiver from the aerial on the HF bands g
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there is little point in designing receivers which generate
exceedingly low levels of noise themselves. If this were done
any noise from the aerial would totally mask any improvements
seen in the receiver. However at frequencies above about 50 to
100MHz the levels of received noise fall to a point where noise
generated in the set becomes the dominant factor. As this
occurs more emphasis has to be placed on the design of low
noise front ends.

In any receivers the noise performance of the front end
stages is very important. Often the signals will be entering the
receiver at levels which are comparable with the noise generat-
ed by the set. This noise is amplified along with the wanted
signals. As a result any noise introduced at the front end will be
amplified more than that generated in a later stage. To ensure
that the maximum sensitivity is maintained, it is necessary to
design front end circuits to introduce as little noise as possible.

Signal to Noise Ratio :
The sensitivity of a receiver can be specified in a number of dif-
ferent ways. As we have seen noise can be the limiting factor in
determining the weakest signals which can be heard. In view of
this, the sensitivity of the set has to indicate the amount of noise

Amplitude
-

Signal el

S/IN

Noise

— Frequency

‘ ﬂ] 3.1 Diagramatic representation of signal to noise ratio
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generated by the set. The most obvious method of doing this is
to specify the difference between the signal and the noise under
specified conditions as shown in Figure 3.1. Obviously the
greater difference between the unwanted noise and the wanted
signal, the better the performance.

This difference between the wanted signal and the unwanted
noise is usually expressed as a ratio between the signal and
noise, i.e. a signal to noise (S/N) ratio and it is normally in
decibels. As the level of the input signal obviously has an effect
on this ratio, the input level needs to be specified as well. In
other words the specification will give the specified signal to
noise ratio for which the standard is usually 10dB for a given
input level which is normally in microvolts (uV).

A number of other factors can affect the signal to noise ratio.
One of these is the bandwidth which is used. It has been seen
that noise spreads out evenly over the whole radio spectrum.
This means that it is present at all frequencies, and the larger
the bandwidth the greater amount of noise which will be picked
up. In view of this the bandwidth used has to be quoted as part
of the specification.

When using a.m. it will be found that the level of modula-
tion has to be specified. This is done because the audio output
level from the receiver needs to be measured to determine the
signal and noise levels for the specification. As the audio out-
put will depend upon the modulation level, this also has to be

mentioned. A level of 30% is used as the standard for receivers {

which can resolve this mode.

Signal to noise ratio is used to specify the performance of

most HF radios. Typically one might expect to see a figure in

the region of 0.5pV for 10dB S/N in a 3kHz bandwidth for _‘
s.s.b. and morse. For a.m. a good receiver is likely to give a
figure of around 1.5pV for 10dB S/N in a 6kHz bandwidth and

a modulation level of 30%.

Whilst this may appear to be a very convenient method of
determining and specifying the sensitivity of a receiver, there
are a number of pitfalls. To see how these arise a look at the test
methods involved can be taken. A basic set-up for measuring -
the sensitivity of a receiver is shown in Figure 3.2. A signal |
generator capable of accurately generating the very low signals 3

needed is connected to the input of the receiver as shown.
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Signal REY Receiver Audio ,
Generator i under | TrueRMS |
test AC voltmeter

Fig. 3.2 Setup for measuring signal to noise ratio

With the generator signal switched off a 50Q is gi
to the receiver and the audio meter will detect thgurllt(;:il;elsg%:lr:lt:err-1
ated by the receiver itself. This level is noted and the signal
turned on._Its .level is adjusted until the audio level meter reads
iae i?ex;e;fwﬂl;éch is 10dB _higher than just the noise on its own. The
i : ; 4

o generator is that required to give the 10dB signal to
~ Thelast statement was not strictly true, Whilst the first read-
ing of the noise is quite accurate, the second reading of the
signal also mcluQes some noise as well. In view of this many
rpanufacturers- will specify a slightly different ratio: namely
signal p_lus noise to noise (S+N/N). In practice the difference is
not partw_ularly large, but the S+N/N ratio is more correct.

.Occasxonally the signal generator level in the specification

The e.m.f, (electro-motive force) is the open circui

whereas the p.d. (potential difference) is rpineeasérr:gnvv‘lll(;ltatglz

generator is logded. As a result of the way in which the gener-

ztor level circuitry works it assumes that a correct (50Q) load
as been applied. If the load is not this value then there will be

an error. Despite this, most equipment will assume values in

P.d. unless otherwise Stated.
SINAD

Another type of specificati ich i
pecification which is often seen, particularl
I‘;there frequency modulation is used, is the SINAII)) measure)-l
ent. In many respects this is very similar to the signal to noise
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ratio just described. The method involves applying a signal
modulated with a single audio tone to the input of the receiver.
The audio output from the set is then monitored and the result-
ing audio tone is notched out, leaving any noise and distortion.
By doing this it is possible to obtain a measurement of the ratio:
Signal plus Noise plus Distortion to Noise plus Distortion.
Obviously the higher the ratio the better the received signal. To
compare different sets a standard SINAD ratio can be taken and
the input levels needed to achieve this can be noted.

Using this system the sensitivity of a set is normally quoted
in the form of an input voltage (in pV) for a certain SINAD
ratio expressed in dB. A figure of 12dB SINAD is normally
chosen because this conveniently corresponds to a distortion
factor of 25%.

Even though SINAD measurements are most commonly
seen for f.m., there is no reason why the performance for other
modes cannot be assessed using this system. For a.m. it is
simply a matter of changing the type of modulation from f.m.
to a.m. and then making the measurement in exactly the same
way. For s.s.b., it is a little more difficult because tuning the
receiver will introduce a frequency offset and this will mean
that it can be more difficult to null out the original audio tone.
However once this is done the measurement can be made in the
normal way. ]

To give an example of the sort of figures which can be
obtained a typical VHF set may be able to achieve a perfor- '
mance of around 0.2pV for 12dB SINAD. ’

Noise Factor and Noise Figure 4
For equipment used above 30MHz the signal to noise ratio is
rarely quoted. Instead another system called the noise figure is 9
widely used. This system is far more versatile and gives a
better indication of the real performance of the equipment -
whether it is a complete receiver, a system, or just a pre- -
amplifier. E
Essentially this measurement gives an indication of how
much noise each stage introduces into the system. To under-
stand how noise figure and factor work, take the case when a ¢
pre-amplifier input is terminated in a resistor of the sam ]
impedance as the aerial input. This will generate some nois
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which will be amplified by the amplifier. Any noise at the out-
put over and above the level of the resistor multiplied gain of
the circuit will have been introduced by the amplifier. The
noise figure and noise factor quantify the amount of noise intro-
duced by the stage.

'The noise factor is simply the degradation of the signal to
noise ratio as a result of it passing through the equipment. It can
be det.er.m.med' by taking the signal to noise ratio at the input
and d}Vldlng it by the signal to noise ratio at the output. As
there is always some noise introduced by each stage the noise
factor will always be greater than one. '

Wi G Signal to noise ratio at input

Signal to noise ratio at the output

(N.B.: Signal to noise ratios expressed as a ratio and not in dB)

Noise ffictor Is rarely seen in the specifications for receivers
or other pieces of equipment. Instead the noise figure is used
Ip many respects the two figures are similar: the noise figure is.
simply the noise factor expressed in decibels.

SN, Amplifier, S,/N
——®|  receiver, — % 2
etc
S/,

Noise figure = 10 log ke

; 2/N2
Fig. 3.3 Noise figure

For example if the signal to noise ratio at the input was 4:1
al;d at the output it was 3:1, then this would give a noise fact(.)r
th 4/3 .and a noisg figure of 10 log,, (4/3) or 1.25dB.
belsez?lam‘/e]'y if Fhe signal to noise ratios are expressed in deci-
iy €N 1t 1s quite easy to determine the noise figure simply by
s, acting the two ﬁgpres because two numbers are divided by

tracting their logarithms. For example if the signal to noise
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ratio at the input was 12dB and at the output it fell to 10dB then
the noise figure of the circuit would be 2dB (12 — 10).

The figures for different pieces of equipment will vary quite
widely. An ideal piece of equipment would have a noise figure
of 0dB as it would introduce no noise. Obviously this is not
possible, but many pieces of equipment these days have a very
good noise performance. A typical amateur radio VHF or UHF
transceiver may have a noise figure of around 3dB, whereas a
high performance preamplifier can have a noise figure of 1dB
or slightly less. The noise figure of an HF receiver will be
somewhat worse because the high level of noise picked up by
the aerial means that any improvements will not be noticeable.
Typically an HF receiver will have a noise figure between 10
and 15dB.

Large Signal Response
Whilst the sensitivity of a receiver is very important, it is not
the only aspect of front end design which needs attention. On
today’s crowded radio spectrum there are many signals which
can place very large voltages onto the input of a set using a
good aerial. With a good receiving aerial many of the high
power short wave broadcast stations can generate voltages of -
several millivolts at the input to the receiver. This means that
the receiver has to cope with signals over a very wide range of
levels. Often signals within a few kilohertz of one another can
range in strength by as much as 90dB or possibly even more.
To cope with these ranges good design of the front end stages
is crucial.

Under normal conditions the r.f. amplifiers should remain
linear with the output remaining proportional to the input.
Unfortunately even the best amplifiers have limits to their
output capability, and beyond this they start to overload. When
this happens their output is less than it should be, as shown in
Figure 3.4. At this point the amplifier is said to be in com-
pression. i

Compression in itself is not a problem. The absolute values
of a signal are of little value and in any case the a.g.c. used in
most receivers means that the gain is reduced when strong sig-
nals are being received. However the side effects of compres-
sion give rise to major problems. Effects like intermodulatio
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Output ;
4 Amplifier operating
in compression

LiInear region

— Input

Fig. 3.4 Characteristic of a typical R.F., amplifier

distort_ion, cross modulation, blocking and others mean that the
operation qf the receiver can be seriously impaired. It is these
aspects which are of great importance in the receiver design.

To help prevent these problems occurring, receivers have a
_number of'methods of reducing the signals levels. The most
important is the a.g.c. This is standard on virtually every
receiver and operates on many of the amplifier stages within
the set. It prevents the signals from becoming too large
especially in the later stages of the set. However it canno;
al“./ay.s prevent the front end stages from being overloaded
Tl_us Is particularly true when the offending strong signal is'
slightly off channel. In this case it will enter the early stages of
the set t?ut not pass through the filters. This will mean that the
a.g.c. will not be affected whilst the signal is still able to over-
load some of the early stages. Another method of preventing
overload is the use of an r.f. gain control, but like the a.g.c. this
1s not always effective. ok

Somq receivers have an attenuator on the input. The level of
Ettenuanon can be increased when strong signals are on the
a::nd to. prevent overloading. Often increasing the level of

€nuation can enable weak signals to be heard as the effects
of overloading are reduced.
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One further point worthy of note is that the addition of too
much gain at the front end of the receiver can cause the front
end stages to overload, actually reducing the ability of the
receiver to pick up and decipher weak signals. This fact should
be borne in mind when adding a preamplifier to a receiver.

In view of the importance of the various aspects of over-
loading, a number of specifications quantify the various
problems caused. However to look at these it is necessary to
look at the effects and how they arise.

Distortion
The problems from compression arise as a result of the distor-
tion which occurs to the signal when the amplifier runs into
compression. The actual method which gives rise to problems
may not be obvious at first sight. It can be viewed as the
combination of two effects. However to see how it arises it is
necessary to look at some of the basic effects of compression.
One of the forms of distortion which arises is harmonic dis-
tortion where harmonics of the wanted signal are produced.
Depending upon the exact way in which the signal is com-
pressed the levels of even order harmonics (2f, 4f, 6f, etc.) and
odd order harmonics (3f, 5f, 7f, etc.) will vary. As aresult of the
production of these harmonics it is possible that signals below
that being received could be picked up. However the r.f. tuning
is likely to remove these signals before they enter the first
stages of the receiver. i
Another effect which can be noticed is that the amplifier
tends to act as a mixer. The non-linear transfer curve means that
signals will tend to mix together or modulate one another. This
effect is known as intermodulation. It is unlikely that this effect
on its own would give any problems. The mix products from
signals close to the wanted one fall well away from the received
signal. Alternatively, to produce a signal within the receiver
pass-band, signals well away from the received one would need
to be entering the r.f. amplifier. These would normally be
rejected by the r.f. tuning. Take the example of two signals on
50.00 and 50.01MHz. These would mix together to give signals
at 0.01MHz and 100.01MHz. These are not likely to give rise
to any problems. This is known as a second order effect. 9
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Problems start to arise when the two effects combine with
one anpther. It is quite possible for a harmonic of one signal to
mix with the fundamental or a harmonic of the other. The third
order sum products like 2f, + f, are unlikely to cause a problem,
but the difference products like 2f, — f, can give significant
problems. Take the example of operation on the 50MHz ama-
teur band where two strong signals are present at 50.00 and
50.01MHz. The difference signals produced will be at 2 x
50.00 — 50.01 = 49.99MHz and another at 2 x 50.01 — 50 =
50.02MHz. As it can be seen either of these could cause inter-
ference on the band. Other higher order products can also cause
problems: 3f, — 2f,, 4f, — 3f,, 5f, — 4f,, and so forth, all give
products which may easily be picked up. A plot of the spectrum
of these odd order mix products is shown in Figure 3.5.
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Fig. 3.5 Odd order mix products of two signals
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In this Wway a strong signal can produce other spurious
signals w!nch can appears in its vicinity. It also means that a
Poor receiver may appear to pick up far more stations than a
g0od one! The signals mixing with one another in this way may
be of a variety of different types. This means that poor 3rd
Intermodulation performance can have the effect of raising the
noise floor under real operating conditions.
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Third Order Intercept

It is found that the level of intermodulation products rise very
fast. For a 1dB increase in wanted signal levels, third order
products will rise by 3dB, and fifth order ones by 5dB. This can
be plotted to give a graph of the performance of the amplifier
as shown in Figure 3.6. Eventually the amplifier will run into
saturation and the levels of all the signals will be limited.
However if the curve of the wanted signals and the third order
products was continued, the two lines would intersect. This is
known as the third order intercept point. Naturally the higher
the level of the intercept point, the better the performance of the
amplifier. For a good receiver an intercept point of 25dBm (i.e.
25dB above 1 milliwatt or about 0.5 watt) might be

expected.

Fig. 3.6 Third order intercept point

Blocking 3
When a very strong off channel signal appears at the input to a
receiver it is often found that the sensitivity is reduced. The
effect arises because the front end amplifiers run into compres:
sion as a result of the off channel signal. This often arises when
a receiver and transmitter are run from the same site and the:
transmitter signal is exceedingly strong. When this occurs it has
the effect of suppressing all the other signals trying to pass
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thrpugh the amplifier, giving the effect of a reduction in gain.
This can be particularly annoying when there is a strong morse
signal slightly off channel. It has the effect of continually alter-
ing the gain of the receiver and varying the audio output in line
with the unwanted morse signal.

Blocking. is generally specified as the level of the unwanted
signal atagiven offset (normally 20kHz) which will give a 3dB
reduction in gain. A good receiver may be able to withstand sig-
nals of about ten milliwatts before this happens.

Cross Modulation

A.mother effect which can be noticed when there are strong
signals entering the receiver is known as cross modulation.
When this occurs the modulation from a strong signal can be
transferred onto other signals being picked up. This effect is

particularly obvious when a.m. signals are being received. In

this case the modulation of another signal can be clearly heard.

Cross mo<_iulation normally arises out of imperfect mixer
performance_ in the radio, although it can easily occur in one of
the r.f. a}mphﬁers. As it is a third order effect, a receiver with a
good third order intercept point should also exhibit good cross
modulation performance.

To specify the cross modulation performance the effect of a
strong a.m. carrier on a smaller wanted signal is noted.
Generally the level of a strong carrier with 30% modulation
needed to produce an output 20dB below that produced by the
wanted signal. The wanted signal level also has to be specified
and ImV or —47dBm (i.e. a signal 47dB below 1mW) is often
taken as standard, together with an offset frequency of 20kHz.
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Chapter 4
SELECTIVITY

One of the major requirements of a receiver is to select the
required signal and reject the unwanted ones on other frequen-
cies. There are several ways in which unwanted signals can be
allowed to pass through the receiver. The most obvious is that
the basic receiver selectivity is insufficient, allowing signals on
adjacent channels through. Alternatively the r.f. tuning may be
insufficient, allowing the image signal through. Another prob-
lem which can arise is that a signal can break through directly
into one of the i.f. stages.

Whilst all the parameters associated with selectivity have to
be borne in mind when selecting or designing a receiver, the
one which is most prominent is the basic selectivity of the set.

LF. Selectivity

The basic selectivity of any superhet receiver is provided by the
intermediate frequency stages. It is in these stages where
stations on adjacent channels will be rejected, and the degree of
selectivity here will determine the performance of the whole
receiver. Any tuning provided in the r.f. amplifiers prior to the
mixer are most unlikely to affect the selectivity of the set. This
is used to remove problems from image responses.

If the set is a multi-conversion receiver then some
selectivity will be provided in each of the stages. However the
majority of the selectivity will be placed in the lowest
frequency i.f. stages. Whilst each stage will provide some
selectivity, in high performance receivers it will be found that a
single high quality filter is used to give most of it. Being able
to choose the correct item is very important and it is necessary
to be able to correctly specify its performance.

Filter Operation and Specifications

Before investigating how filters are specified it is necessary to
look at the characteristics of filters which are used. An ideal
filter would look like that shown in Figure 4.1. The filter would
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be perfectly flat within the required bandwidth (the pass-band),
and then the response would fall away instantly outside this
(the stop-band). If this were possible then the signals would not
be attenuated at all within the pass-band and they would be

heard perfectly well. Outside this band in the stop-band they
would be highly attenuated, and not heard. Unfortunately it is
not possible to achieve a response of this nature in the real
world, although filters do achieve a very remarkable degree of
performance. i

od

o

Increasing
attenuation

«—

1 '
T T

» Frequency

R e
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Fig. 4.1 The response of an ideal filter

As it is not possible to make an ideal filter, a response curve.
of a typical filter is shown in Figure 4.2, and a number of the
limitations of the filters can be seen from this. In the t
instance there is some loss. Normally this is around 2dB for
most filters, although some very narrow band ones will have
much higher loss, possibly as much as 6 or 8dB. In either case
this is not normally a problem because it can be overcome by
adding additional gain within the i.f. stages to compensate.

It will also be noticed that there is a small amount of ripple
on the response. This is normally one or two dB and again
is not a problem either. As a result it is not normally mentioned
in receiver specifications.
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Fig. 4.2 The response of a typical filter

The more important specifications for the filter arise from
the fact that the response does not fall away infinitely fast. In
fact the rate of fall governs the degree to which signals on
adjacent frequencies will be heard.

To specify the filter performance a number of points must be
defined on the response curve. First it is necessary to determine
whcre.the pass-band lies. Normally this is taken to be within
!;he points on the curve where the response has fallen by 6dB
Le. where the voltage has fallen by half. As other points on the:
curve can be chosen the full specification for the bandwidth
should also include the amount by which the response has
fallen, €.g. a bandwidth of 3kHz at —6dB. If the response figure
is I;(I)t quoted then it is most likely to be —6dB.

aving specified the pass-band it is also necess
specify the stop-band. Generally this is taken to be aargoi;(:
YVhen the response falls to —60dB, i.e. where the voltage level
IS one-thousandth of the in-band level or the power is one-
millionth of the in-band level.
s'b?y knowing the pass-band and the stop-band points it is pos-
1Dle to see how fast the filter response falls away. The “shape

factor” is a : i
measure of this,
Bilters and it is often seen quoted for
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The shape factor is simply the ratio of the stop-band and 4
pass-band values. Thus a filter having a pass-band of 6kHz at i
—6dB and a stop-band at —60dB outside a bandwidth of 12kHz
would have a shape factor of 2:1. This is often seen quoted as
a shape factor of 2:1 at 6/60dB. These figures for the attenu-
ation should be quoted in case different points have been used
for the pass-band and stop-band.

Required Bandwidths
In order to reduce the amount of interference which is received |
the filter bandwidth should be kept to a reasonable minimum,
However as transmissions occupy a definite bandwidth, the
filter must still be able to pass the whole of the transmission as
shown in Figure 4.3. If a filter is too narrow then reception may
be degraded because not all the signal is allowed through the
filter. Typically a filter used for a.m. reception on the short
wave bands will have a bandwidth of about 6kHz. On the
medium wave where the top frequencies transmitted are a little
higher, a wider bandwidth may be needed. For single sideband
a filter bandwidth of slightly less than 3kHz is ideal. Many
communications receivers will have filters which are 2.7kHz
and some even as narrow as 2.1kHz. For morse, bandwidths
down to 500 or even 250Hz are acceptable. The problem -

Filter bandwidth too wide
allowing interference to

Filter bandwidth be received
Correct too narrow - Correct
filter received signal filter
bandwidth is distorted bandwidth
v 17" Morse

Single S At 71717 transmission
sideband ih £ :

transmission : ! \‘ i !

Fig. 4.3 Filter bandwidths for different transmissions
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with these very narrow filters is that they make the receiver
tuning more critical. It is also more difficult to locate the
stations.

Types of Filter

There is a wide variety of different types of filter used within
superhet radios. Some radios will simply use filters made up
from the tuned transformers (L-C filters) linking the different
i.f. stages within the radios. Others will also incorporate highly
selective crystal filters. Each radio will have its own require-
ments, and the choice of filter to meet its needs without increas-
ing the cost too much is of vital importance.

L-C Tuned Circuits

The simplest type of filter is an ordinary L-C tuned circuit. In
most radios they take the form of transformers to couple the
individual stage as shown in the circuit of the i.f. amplifier
stage illustrated in Figure 2.8 in Chapter 2. In many receivers
there will be two or three stages with tuned circuits. Using them
it is usually possible to achieve sufficient selectivity for a
medium wave or VHF f.m. broadcast radio. However for a
good quality communications receiver it is rarely possible to be
able to achieve the required degree of selectivity using just
L-C filters.

If L-C filters were to be used then it would be possible to
increase the degree of selectivity by increasing the number of
tuned circuits between each stage. This is not ideal for a num-
ber of reasons. In the first case it increases the difficulty of
aligning the set. In addition to this each tuned circuit will intro-
duce a certain amount of loss. Increasing the number of tuned
circuits will increase the amount of gain required, sometimes
necessitating a further stage of gain. A further disadvantage is
that it is not easy to alter the degree of selectivity by switching
in additional L-C filters. If this is to be achieved then it is often
fQlieferable to switch in a further type of filter such as a crystal

ilter.

Crystal Filters
nystal filters provide the main selectivity in most of today’s
high performance sets. They provide exceedingly high degrees
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of selectivity which are hard to equal in terms of performance
and cost.

The crystals in the filters are made from a substance called
quartz. This is basically a form of crystalline silicon.
Originally natural deposits were used to manufacture the
crystals required for the electronics industry. Now quartz
crystals are grown synthetically under controlled conditions to
produce very high quality material.

The crystals use the piezo-electric effect for their operation.
This effect occurs in a number of substances and it converts a
mechanical stress into a voltage and vice versa. Many electri-
cal transducers including microphones and the old ceramic
record pick-up cartridges use it to convert sound vibrations into
electrical voltages which can be amplified.

In quartz crystal resonators the piezo-electric effect is used
in conjunction with the mechanical resonances which occur in
the substance. The electrical signals passing into the crystal are
converted into mechanical vibrations which interact with the
resonances of the crystal. In this way the crystal uses the piezo-
electric effect to enable the mechanical responses to tune the
electrical signals. These mechanical resonances have exceed-

ingly high Q factors. Many crystals will exhibit values of
several thousand. This is many orders of magnitude higher

Fig. 4.4 The equivalent circuit of a crystal

mechanical or vibrational characteristics of the material. The
inductance L results from the mass of the crystal, the ca'paci-
tance comes from the compliance and the resistance is caused
by the frictional losses in the crystal.

: From the equivalent circuit it can be seen that there are two
dxfferent ways in which the crystal can resonate. The first is a
series resonance whose characteristics are determined byL,C
and R 'In this mode the impedance seen by an external cir(,:uii
1s resistive and low as shown in Figure 4.5.

than ordinary tuned filters made from conventional inductors
and capacitors where values of a hundred or so are considered
high.
Individual crystals are cut from a much larger complete
crystal. The angle at which individual blanks are cut relative to
the main crystal axes has a great effect on the performance of
the final crystals. Mode of vibration and operation, temperature
stability and many other aspects change. The cut used for most
radio frequency applications is called the AT cut, although
others are sometimes used. i

In an electrical circuit it is often convenient to describe a
particular component like a crystal in terms of simpler ones like
capacitors, resistors and inductors. This makes the operation of
the component much easier to see and analyze. !

The equivalent circuit of a crystal is shown in Figure 4.4. In
this C1 represents the capacitance between the electrodes,
whilst L, C, and R represent the electrical equivalent of the:

Impedance
t
1‘1 series resonant frequency

f, parallel resonant frequency
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Fig. 4.5 The impedance of a crystal with frequency
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A second resonance is also seen. This occurs when the com-
bination of L, C, and R has an inductive reactance equivalent to
Cl1. At this frequency the crystal exhibits a parallel resonance
and offers a high impedance to an external circuit.

The difference between the two resonances is quite small. It
is generally less than 1% of the operating frequency which
means that in most instances the difference between the two
will only be about 1kHz or so.

In the series resonant mode it is found that external circuit
conditions have very little effect on the resonant frequency.
This is not so in the parallel resonance mode. Any capacitance
placed across the terminals will add to C1, changing the fre-
quency of resonance. It is for this reason that crystals intended
for operation in parallel resonance have a load capacitance
specified. This is the value of capacitance that an external
circuit must provide for the crystal to operate at its stated fre-
quency. The most common value for crystals used by amateurs
is 30pF. Crystals with a load capacitance of 20pF are also quite
common, especially for higher frequencies.

X
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it is not ideal. In addition to this a phasing control (C1) is
needed to adjust the filter for the required response.

To produce a response which is more symmetrical, a circuit
using two crystals can be used. A circuit called the half-lattice
filter, shown in Figure 4.7 is very widely used. This has a
response that is far more even. However, within the pass-band
of the filter there is a small amount of ripple. Normally the
crystals will be designed to have slightly different resonant fre-
quencies. This will mean that the filter will have a small peak
at either side of the centre frequency and a small dip in the
middle. As a rough rule of thumb it is found that the 3dB band-
width of the filter is about 1.5 times the frequency difference
between the two resonant frequencies. It is also found that for
optimum performance the matching of the filter is very impor-
tant. To achieve this, matching resistors are often placed on the
input and output. If the filter is not properly matched then it is
found that there will be more in-band ripple and the ultimate
rejection may not be as good.

g
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Fig. 4.7 A half lattice crystal filter

Fig. 4.6 A single crystal filter

When crystals are used in filters there is a variety of differ-
ent circuit configurations which can be used. One of the most
simple is a single crystal filter shown in Figure 4.6. This gives
a high degree of selectivity as shown in the diagram, but has the
disadvantage that the response curve is not symmetrical and
has a narrow peak. This may be quite suitable for morse recep-
tion, but for modes like s.s.b. which occupy a wider bandwidth
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: A two pole filter (i.e. one with two crystals) like that shown
1S not normally adequate to meet many requirements. The
shape factor can be greatly improved by adding further sec-
tions. Typically ultimate rejections of 70dB and more are
required in a receiver. As a rough guide a two pole filter will
generally give a rejection of around 20dB; a four pole filter,
50dB; a six pole filter, 70dB; and an eight pole one, 90dB.
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Monolithic Filters

With more items being integrated onto single chips these days
it is hardly surprising to find that a similar approach is being
adopted for crystal filters. Instead of having several separate or
discrete crystals in a filter, even if they are all contained in the
same can, it is possible to put a complete filter onto a single
quartz crystal, hence the name monolithic crystal filter.

In essence the filter is made up by placing two sets of elec-
trodes at opposite sides of a single AT cut crystal. The coupling
between the two electrodes acts in such a way that a highly
selective filter is produced. .

Monolithic filters have only been available for about 25
years. Even now a large number of filter manufacturers do not
produce them, preferring to use the more traditional filters
made from individual crystals. 1

Whilst it had been known for a long while that a two pole
filter could be made up on a single crystal, the idea was not
developed because the way in which it worked was not under-
stood. After much work, scientists at Bell Laboratories in the
USA discovered its mode of operation. Very simply it consists
of two acoustically coupled resonators. A

Crystal

Pair of electrodes

Pair of electrodes

Fig. 4.8 A monolithic crystal filter

A diagram of a monolithic filter is shown in Figure 4.8.
When the electrical signal is placed across one pair of elec-:
trodes, the piezo-electric effect converts this into mechanical *
vibrations. These travel across the crystal to the other elec-
trodes where they are converted back into an electrical signal
again. However if the acoustic signal is to travel across the
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crystal then its frequency must match the resonance of the
crystal.

To explain the operation of the filter in terms of its electrical
properties an equivalent circuit can be drawn as shown in
Figure 4.9. Here L, and C, determine the resonant frequency of
the filter. However it can be seen that there are two sections
each containing these elements. As the values of these elements
are set by the dimensions of the crystal, very careful control is
needed to ensure that the filter functions correctly. Normally
the two sections have very slightly different resonant frequen-
cies to enable the correct bandwidth to be achieved.

Fig. 4.9 The equivalent circuit of a monolithic crystal filter

It can be seen from the equivalent circuit that there are a
number of other components present. Ly, is the internal coupling
betwe.en the two resonators. C, forms the input and output
capacitance. This is formed by the two faces of the electrodes.
Finally, (_Zp is the parasitic capacitance across the whole filter
and provides a path for the signal to jump across the filter. This
has to be kept to an absolute minimum otherwise the filter will
not reject any out of band signals sufficiently.

Normally these filters are manufactured for operation below
about 30MHz, although with manufacturing techniques
improving all the time it is possible to use them above this, If
this is required then the normal way of accomplishing this is to
use an overtone mode. This considerably increases the maxi-
Mmum possible frequencies, although the performance is not
usually as good.
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Monolithic filters are used in many areas now. They offer
better performance than their discrete counterparts and they can
be made smaller — a feature which is becoming increasingly
important in today’s miniaturised electronics industry. The
main drawback of these filters is that they require very
specialised equipment for their manufacture.

Ceramic Filters

Quartz is not the only substance to exhibit the piezo-electric
effect combined with a sharp resonance. A number of ceramics
are also used successfully to perform this function. Although

filters made from these ceramics are not nearly as selective as

their higher quality quartz relatives, they are cheaper and offer
great improvements over their L-C counterparts.

Ceramic filters are made from a specialised family of
ceramics, and the elements for filters are normally in the form
of a small disc. They operate in exactly the same way as crys-
tal filters, the signal being linked to the mechanical resonances
by the piezo-electric effect. Generally ceramic filters have a
much- wider bandwidth and a poorer shape factor than their
crystal counterparts. As a result they are rarely used in high
performance communications receivers. Instead they find
widespread use in broadcast receivers for a.m. and VHF f.m.

reception.

Mechanical Filters

attached to run along the side of the assembly to transfer the
vibrations from one section to the next. By altering the amount
of coupling between the sections and the resonance of each
disc, the response of the overall unit can be tailored to meet the
exact requirements.

Operation of these mechanical filters is normally confined to
frequencies between about 50 and 500kHz. Below these fre-
quencies the discs become too large, whilst at the top end of the
range they are too small to manufacture and mount in the filters
with any degree of reliability. Apart from the limited frequency
range the other disadvantage is that the resonant frequency of
these filters drifts with temperature. However one of their main
advantages is that exceedingly narrow bandwidths can be
achieved relatively easily.

Roofing Filters

In many receivers the main filtering occurs only after there
have been many stages of amplification. This means that a
strong signal which is outside the pass-band of the filter like
that in Figure 4.10 can cause overloading especially in the i.f.
stages before the filter. This occurs because the a.g.c. will not
see the signal and reduce the gain of the earlier stages to take
account of it, or the operator may not be aware of the signal and
reduce the r.f. gain.

Large off channel

When high performance filters are needed there is another type
which can be considered. Although not nearly as popular as
crystal filters these days, mechanical filters found widespread
use a number of years ago.

In essence their operation is very similar to that of a crystal,
although the various functions are performed by individual
components within the filter. At either end of the filter assem-
bly there are transducers which convert the signals from their |
electrical form to mechanical vibrations, and back again at the
other end. These vibrations are applied to a series of discs
which are mechanically resonant at the required frequency.
Each of these discs has a Q of which can be about 5000 or
more, and they are arranged close to one another but not touch-
ing to form a long cylinder. A number of coupling rods are:

signal which could

cause overloading
X in stages prior to
the main filter

Roofing filter response
(reduces off channel
signals at an early stage

Main fiter response and prevents overloading)

Fig. 4.10 The action of a roofing filter
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To over come this problem a wider bandwidth filter is placed
early on in the i.f. stages to reduce the level of any strong off
channel signals. The main filtering, however, is still provided
late on in the receiver by the main full specification filter.

These wider bandwidth “roofing” filters are often found in
multi-conversion superhet receivers where the main filter is
found after two or possibly three conversion stages. The roof-
ing filter can be placed soon after the first mixer to reduce the
effects of any strong off-channel signals.

R3

R1 C1

R4

Input R2
Audio Filters E e
Very high quality filters for the i.f. stages can be very expen-
sive. When a good filter is present and a further narrower filter
is needed it can be considerably cheaper to use an audio filter.
With the variety of operational amplifiers available today it is
relatively easy to make good narrow band audio filters at a rel-
atively low cost. 4
It is possible to design a variety of audio filters. The simpler

Output
R5

Fig. 4.11 A typical circuit for a band-pass filter
using an operational amplifier

high and low pass filters are not widely used in superhets.
Instead narrow band-pass filters are often used to supplement
the normal i.f. filters. Figure 4.11 shows a typical band-pass
filter circuit. By choosing suitable component values the band-

width and the centre frequency can be chosen to meet almost
any requirements. If the performance of a single stage is not
sufficient then several stages can be cascaded to give very high
degrees of rejection. 1

Apart from band-pass filters, it is also possible to make
notch filters for removing a narrow band of frequencies. These
are very useful for removing unwanted heterodynes which are |
often present on the short wave bands. Whilst it will be seen
that some of the wanted frequencies are also rejected (Figure |
4.12), the bandwidth of the notch is normally such that the
effect is not very noticeable, and a vast improvement in read-
ability is obtained by removing the interfering heterodyne. _

One disadvantage of audio filters occurs when a strong sig-
nal is present outside the filter bandwidth. This can “capture”
the a.g.c. and vary the sensitivity of the receiver instead of the '
one which is being monitored. If the unwanted signal is vary-
ing in strength as in the case of a morse signal it can make copy
of the wanted signal quite difficult. 0

4 Unwanted signal
/ g

Unwanted audio signal

» Frequency

U/ Response of notch filter

»

m m Resultant audio signal

Fig. 4.12 Use of a notch filter
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Fig. 4.13 Circuit for a notch filter

Image Response ' ;
A m%mber of methods of improving the image response of a -

iver have already been discussed. Improving the r.f. selec- i
?\Siet:;vinly works tg’ a point becaus.e. the lrackmg of the r.f.
tuning become very much more critical. Incr‘easmg the ﬁ?'f
quency of the first i.f. stage will give a greater improvement in
performance. Whatever method of imprqvmg the perfo;mancei?
is used the actual performance spe;:iﬁcangn is of great mterest;;

essing the performance of a receiver. -
Wh%ll: ?Isnage rgejectilz)?l of areceiver will be specified as a given
number of dB at a certain frequency. For example it may b ¢
60dB at 30MHz. This means that if signals of the same streng
were present on the wanted frequency and the image f
quency, then the image signal would be §OdB lower than
wanted one, i.e. it would be 1/1000 lower in terms of voltage
1/1000000 lower in terms of power. .

The frequency at which the measurement is maf.ie alsg has

be included. This is because the level of rejection will va
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according to the frequency in use. Many older single conver-
sion sets with low i.f.s exhibit very poor image rejection at
higher frequencies where the percentage difference between
the wanted and image frequencies was small. Often they are
only able to give figures of 30dB rejection or less. This would
mean that at higher frequencies the weak wanted signals could
often be masked out by strong signals on a different band.
Fortunately most modern sets are capable of giving a much
better performance. Usually they can give rejections of 80dB at
most frequencies, falling to 60dB at worst.

LF. Breakthrough

Another problem which can occur with a superhet occurs when
signals from the aerial break through the r.f. sections of the set
and directly enter the i.f, stages. Normally intermediate fre-
quencies are chosen so that there are likely to be no very large
signals present which might cause problems. However when
the receiver has a fixed frequency first local oscillator this is
not easy to ensure. The example of the amateur band receiver
which has a first i.f. spanning 5.0 to 5.5MHz will cover one
broadcast band where there are likely to be several high
powered broadcast stations. To ensure that direct breakthrough
is not a problem the circuit and the internal layout of the
receiver must ensure that sufficient isolation can be achieved.
Some receivers even include a filter in the r.f. stages to remove
any signals which might break through.

The specification for breakthrough is quoted in the same
fashion as image rejection. Normally it is possible to achieve
figures of 60 to 80dB rejection, and on some receivers figures
of 100dB have been quoted.

Spurious Signals
Itis virtually impossible to design a radio receiver which is free
from the reception of spurious signals. Often they will not be
noticed when the receiver is connected to an aerial, because the
incoming signals will mask them out. However when the
receiver input is terminated with a matched load, it is often
Possible to hear a number of these unwanted signals.

These signals can arise in a number of ways. For example
feceivers which include a number of oscillators are likely to
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urious signals at some frequency. Local oscillators |

ﬁ::gr?o[: t?rl:aquency cgonversions, as well as oscill.ator.s }xsed t;(ir ‘
microprocessor clocks are common sources. Whilst it is usu -t
ly possible to reduce these signals to qlevel whert? tl}ey ar:ah not
normally noticeable, it can be very difficult to eliminate them

er. j

e X)ng:ttttller problem arises from the mixers which are use<:i
Although a perfect mixer would only produce the sufm gln
difference products, real mixers pr.oduce'a number of o E |
products. Harmonics of one of the input sxgl}als can mix with -
the fundamental or harmonics of the other (i.e. mf, + mf,). In
this way a whole variety of signals can be genfarated. Often 4
receivers will use manufactured mixers bought in ﬁom mixer
manufacturers. Normally the levels of unwanted mix products :
are reasonably well known for particular types of mixer. Often

they will be at very low levels (—60dB or lower than the v;atrlllt- 7

ed mix products in a good mixer). With a knowledge o the |

unwanted frequencies which can be produced, the receiver |

designers can choose the basic outline of the set to avoid any ]

significant levels of unwanted signals.
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Chapter 5
LOCAL OSCILLATOR

Every superhet radio will have one or more local oscillators,
one for each conversion. The performance of these oscillators
governs a number of very important aspects of the receiver’s
operation. As a result the design of the oscillator requires very
careful consideration to ensure the performance of the remain-
der of the radio is not impaired by this one element.

Requirements

The first requirement of the oscillator is that it should be able
to tune over a sufficient range to give the receiver its complete
frequency coverage. This may appear to be very obvious, but
designing an oscillator to perform this function reliably is not
always as easy as it sounds. This is particularly true at very high
frequencies where small amounts of stray capacitance or induc-
tance can introduce unwanted effects.

One of the most serious can be spurious oscillations. When
they occur, spurious oscillations can be an annoying problem
because they will enable additional signals to enter the i.f.
stages, particularly if they are near to the wanted signal and
they are not attenuated by the r.f. tuning.

Another major requirement of the local oscillator is that it
should be stable. Any drift in its frequency will reflect in a
corresponding change in the frequency to which the receiver is
tuned. A certain amount of drift may be acceptable for broad-
cast wide-band f.m., narrow-band f.m. or a.m. signals.
However even small amounts of drift will be most annoying
when listening to s.s.b. or morse because it will mean that the
receiver has to be re-tuned every few minutes.

Basic Oscillator

There is a wide variety of different types of circuit which can
be used as an oscillator. However they all use the same basic
concepts, consisting of an amplifier in which a proportion of
the output is fed back to the input. The phase of this feedback
1S in such a sense that it reinforces the signal at the input,
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Fig. 5.1 A Colpitts oscillator
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causing the circuit to break into oscillation. As the feedback
reinforces the signal at the input it is called positive feedback.

Whilst there is a variety of different circuits which can be
used, the one which is most commonly used is called the ]
Colpitts oscillator. It has a number of advantages, including i
being a reliable and stable circuit. The fact that one side of the -
tuned circuit is connected to ground is also a major advantage
because it means that drift caused by hand capacity and other
stray effects can be reduced to a minimum. Its circuit is shown
in Figure 5.1. g

Oscillator Stability 3
To ensure that the oscillator remains stable there are a number |
of points which can be observed in the design of the circuit as -
well as in its construction. v

Heat is a major cause of drift. Even small changes in tem- -
perature cause the components to expand or contract by a small =
amount. This is sufficient to make the resonant frequency of the -
circuit change. To overcome this the circuit should be kept
away from any sources of heat in the equipment. Adequate
ventilation should also be provided to ensure that the whole
equipment, and in particular the oscillator does not experience

any undue levels of temperature rise.

As it is never possible to keep the temperature of a circuit
completely stable, part of the design will be to use negative
temperature coefficient capacitors. These components change
their value in the opposite direction to the others. In this way it
is possible to balance the two effects and arrive at a circuit with
the minimum amount of drift. Determining the exact values of
the components to achieve this is a rewarding exercise, even
though it can be very time-consuming.

Other measures to improve stability include the use of a high
Q tuned circuit. This will ensure that any changes have the
minimum effect. Also the circuit should be constructed in a
rigid fashion as this will reduce any movement to a minimum.
Particular attention should be paid to the coil. If the windings
use thin wire the coil and former should be given a coat of
varnish to ensure that they are held firmly in place. The
quality of the tuning capacitor is also very important. It should
be a high quality type with ball bearings to ensure smooth run-
ning and freedom from frequency jumps as it is tuned.

Another problem which can cause drift or frequency change
is an alteration in the load impedance of the circuit. To prevent
this happening, the output from the oscillator is normally fed
into a buffer amplifier. This serves to reduce the effect of any
load variations to a sufficiently small value. A source or
emitter follower circuit is ideal for this (see Figure 5.2).

Oscillators will also drift when their operating voltage is
changed. This occurs because the whole operating point of the
circuit is changed. Bipolar transistors are particularly suscep-
tible to these changes because any variation in the bias condi-
tions will alter the internal capacitances in the transistor. In turn
this will change the resonant frequency of the circuit. FETs and
even thermionic valves are not immune from drift as a result of
voltage changes. To overcome this problem, oscillators are
invariably run from stabilised power sources. This will also
help reduce other problems including noise and hum which
might otherwise be present on the supply rails and modulate the
signal. Today there is a wide variety of excellent voltage regu-
lators on the market. Before using one it is worth checking its
specification to ensure that its voltage is sufficiently stable with
temperature.
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Fig. 5.2 An emitter follower circuit

Crystal Mixer Oscillator -
Even a carefully designed v.f.o. will have a certain amount of
drift, and this will become more pronounced at higher frequen-
cies. At frequencies towards the top of the h.f. bands the drift
can sometimes be too much for serious use. To overcome thisa
number of methods are available to set designers. One is to use °
a double conversion in the signal path, using a crystal con-
trolled first conversion and a v.f.o. for the second as described
in Chapter 2. Alternatively it is possible to have a single con-
version in the signal path and mix the v.f.o. directly with a |
switched crystal oscillator as shown in Figure 5.3. This
approach has found favour with a number of receiver designers.

In this circuit the oscillator can be run at a fairly low fre-
quency, one commonly used for amateur receivers is 5.0 to
5.5MHz. Running at a relatively low frequency the circuit will
not be subject to as much drift. In addition to this the circuit can
be optimised to operate in a narrow band of frequencies.
Finally the tuned circuit is not switched. This in itself is a great |
bonus because the use of a switch introduces longer leads and
the inconsistency of the switch contacts. Both of these factors
do not lend themselves to giving good stable frequency control.
Instead the switch is placed in the crystal oscillator which is
more able to cope with these problems, and there is consider-
ably less effect on the overall stability. :
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Frequency Synthesizers

Frequency synthesizers are being used increasingly in receivers

because they offer many advantages over other forms of local

oscillator. They offer the same degree of stability given by a
crystal reference source, whilst being able to tune in a virtually

continuous fashion. In addition to this they are easily controlled

by microprocessors making them ideal for inclusion in today’s

high technology receivers, offering many functions including
remote control, scanning, memories, and exact frequency
selection.

Although they are more complicated than the traditional
analogue oscillators, integrated circuit technology has meant
that they can now be made reasonably easily.

Synthesizers can take many forms, but the one which has

gained universal acceptance is based around the phase locked
loop (p.1.1.). The basic block diagram for a p.L1. is shown in

Figure 5.4, and from this it can be seen that it consists of a
phase detector, voltage controlled oscillator (v.c.0.), loop filter,

and a reference oscillator. As the frequency stability is
governed totally by the reference oscillator, this is crystal con-
trolled, and this circuit is often contained within a temperature
controlled oven to ensure that the temperature variations are
kept to an absolute minimum.

The operation of the basic phase locked loop is fairly

straightforward. The reference oscillator and v.c.o. produce

Voltage
Reference | Phase controlled
oscillator "] detector oscillator |
(vco) |

error voltage

Loop
filter

Fig. 5.4 Basic phase locked loop
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signals which both enter the phase detector. This circuit pro-
duces a signal which is proportional to the phase difference
between the two signals. This voltage is passed through the
loop filter which is essentially a form of low pass filter which
performs several functions. It controls the loop stability,
controls many of the loop characteristics, and determines the
level of spurious sidebands generated by the loop. Its design is
crucial to the correct operation, but the choice of values in it are
often a careful compromise between several different
requirements.

Once through the filter the error voltage is applied to the
control input of the v.c.o. In fact the sense of the error voltage
is such that it reduces the phase difference between the signal
from the v.c.o. and that of the reference.

When the loop is locked and in its steady state, the error
voltage will be constant and proportional to the phase differ-
ence between the two signals. As the phase difference between
the two signals is not changing this means that the v.c.o. is on
EXACTLY the same frequency as the reference.

To use the phase locked loop as a synthesizer it is necessary
to include some method of changing the output frequency to
whatever is required. There are two basic methods of doing
this. One entails placing a digital divider into the loop, and the
other uses a mixer.

The first method of changing the output frequency is to use
a digital divider. This is placed into the loop between the v.c.o.
and the phase detectors shown in Figure 5.5. It has the effect of
dividing the frequency of the v.c.o. by whatever ratio it is set to.
In turn this has the effect of raising the output frequency of the
loop in proportion to the division ratio. In other words, if the
division ratio of the divider is two, then the output frequency of
the loop will be raised by two.

To see how this works, take the example of the division ratio
set to two. The phase detector generates an error voltage which
has the effect of reducing the phase difference between the two
signals entering the phase detector, making them both have the
same frequency. For this to be true the v.c.o. signal must have
a frequency twice that of the phase detector comparison
frequency, i.e. twice the reference frequency. The same is also
true for a division ratio of three, four, and so forth.
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Fig. 5.5 Basic synthesizer with a digital divider in the loop
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From this it will be seen that the v.c.o. can step in multiples
of the reference frequency. In fact by making the divider pro-
grammable, it is very easy to change the frequency of the loop.
By changing the division ratio by one, the frequency of the loop
will change by an increment equal to the reference frequency.
This means that for a 25kHz step, the reference frequency must
be equal to 25kHz. It is not normally possible to have a crystal
oscillator running at such a low frequency. Instead a divider is
placed after the reference oscillator to reduce the frequency to
the desired frequency (Figure 5.6). This divider will have a
fixed division ratio unlike the one in the loop itself which is
programmable. For example, the reference can run at a conve-
nient frequency such as IMHz and then a divider with a divi-
sion ratio of forty can be placed after it to reduce the frequen-
cy appearing at the phase detector to 25kHz.

Using a digital divider in a phase locked loop is not the only
technique which can be used when making a synthesizer. It is
also possible to use a mixer as shown in Figure 5.7 to generate
a frequency offset in the loop.

In view of the fact that this technique uses what is essen-
tially an analogue technique, this type of synthesizer is some-
times called an analogue synthesizer. This is in contrast to the
loop with a digital divider which is often called a digital
synthesizer.

The way the loop accommodates the mixer is very similar to
that when a divider is used. When the loop is in lock the two
signals at the inputs to the phase detector must be exactly the
same. However by tracing the signal back it is possible to deter-
mine the frequency at which the v.c.0. must be operating. To
help illustrate the way in which this works some example
figures have been included in the diagram. Taking these, the
reference oscillator is running at IMHz and the external fre-
quency is SMHz. This means that for the phase detector to see
a frequency of 1MHz the v.c.o. must be running at a frequency
of either 4MHz or 6MHz. As it is more usual to mix the signal
down in frequency it is more likely that the v.c.o. would be
operating at 6MHz.

From this it can be seen that problems might arise from the
fact that two possible mix products could give the required
IMHz output. In view of the phasing in the loop, only one
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condition will actually cause the loop to lock, however it is still
necessary to ensure that only one of these possibilities can
arise. To achieve this the range of the v.c.o. can be limited so
that the v.c.o. cannot reach 4MHz. For loops that need to oper-
ate over a wide range a process known as “steering” can be
used. This can be accomplished in several ways, but it usually
involves using a coarse tune voltage to place the v.c.o. in
approximately the right area. This is normally supplied by elec-
tronic circuits outside the loop. Possibly data might be sent
from the controlling microprocessor to a digital to analogue
converter. To pull the loop into lock a fine tune voltage from the
phase detector is used in the normal way.

This type of synthesizer is seldom used on its own. Instead
it becomes very useful when used in conjunction with digital
synthesizer techniques. By placing a mixer in a synthesizer it is
possible to cascade several loops together, thereby allowing
much smaller steps to be used without compromising the
performance.

There are several ways of designing multi-loop synthesizers.
One possible method is shown in Figure 5.8, and shows a
design which can operate between 10.0 and 19.9MHz in steps
of 100kHz and using a division ratio of less than 20. Using a
single loop this would require a maximum division ratio of 199,
a factor of about ten higher.

The operation of the first loop is very straightforward, being
a simple digital loop. It has a phase detector frequency of
IMHz and a division ratio between 9 and 18, giving it an out-
put between 9 and 18MHz in IMHz steps. The second loop has

a division ratio varying between 10 and 19, but having a phase

detector frequency of 100kHz making it able to step in incre-
ments of 100kHz.

To understand the operation of this loop, take the example
when the first divider loop is set to 9, this means that a fre-

quency of 9MHz will be entering the mixer. If the division ratio
in the second loop is set to 10 then the frequency coming out
must be 10 times 100kHz, i.e. IMHz. In turn the frequency dif-
ference between the two signals entering the mixer must be
IMHz. As one signal is at 9MHz, the other must be 9 + 1MHz,

i.e. 10MHz.
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To take the other end of the tuning range, the first loop is set
to 18 and gives an output into the mixer of 18MHz. The second
loop has a division ratio of 19 meaning that the frequency at the
output of the mixer is 1.9MHz. This means that the v.c.0. must
be operating at 19.9MHz. By changing the values of both
dividers it is possible to set the synthesizer anywhere in the
range 10MHz to 19.9MHz in steps of 100kHz.

If the number of loops is extended it is possible to have
much smaller step sizes whilst being able to keep the divider
ratios within acceptable limits. Unfortunately increasing the
number of loops greatly increases the cost. It can also increase
the number of spurious signals if great care is not taken in the
design and layout of the circuit.

Phase Noise

One of the major problems associated with frequency synthe-
sizers is phase noise. In fact phase noise is present on all
signals to a greater or lesser degree. It is basically noise which
is present as frequency modulation, or more correctly phase
modulation on the signal. In fact it corresponds to small
amounts of jitter on the signal, and it shows up as noise spread-
ing out on either side of the main carrier as shown in Figure 5.9.

Wanted signal from
the oscillator

Phase noise spreading
out equally on either side

\

Fig. 5.9 Phase noise from an oscillator
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In most cases the levels of the phase noise are relatively low.
Any oscillator with a high Q element as the tuned circuit will
be very good. Crystal oscillators are very good, and free
running variable frequency oscillators also produce low levels
of phase noise. However because of the way in which a
synthesizer works, it is possible for the levels of phase noise to
be much higher, especially when the division ratios are high.

The phase noise is generated within three main areas of the
synthesizer loop: the v.c.0.; phase detector; and the reference
oscillator. The v.c.o. is a major cause of phase noise. Being
tuned electronically by varactor diodes and having a wide
range it will naturally have a low Q. The phase detector and
reference oscillator have a much better performance but this
can be degraded by the operation of the loop. To see how this
happens it is necessary to look at the loop in a little more detail.

When the loop is locked a steady state error voltage will be
produced by the phase detector. This will pass through the
filter and be applied to the control terminal of the v.c.o.
Filtering will allow through only the low frequencies on the
tune voltage. So any noise produced by the reference or phase
detector will only appear at the control terminal of the v.c.o. if
it is within the loop bandwidth. Whilst it may appear from first
sight that any levels of noise from the phase detector and refer-
ence will be very low, this is not always the case because the
level of this noise is multiplied by the division ratio in the loop.
This means that the higher the division ratio, the worse the
noise.

Noise generated by the v.c.o. is affected differently. It
passes through the dividers and phase detector. When it
reaches the loop filter, anything within the filter bandwidth will
pass through and appear at the control terminal of the oscillator
to counteract the effect of the noise. In this way the loop will
actually attenuate v.c.o. noise within the loop bandwidth,
whereas it will have no effect outside.

This means that the make up of the phase noise from a
synthesizer will have several constituents. Inside the loop band-
width it will be made up from phase detector and reference
oscillator noise multiplied by the division ratio. Outside the
loop bandwidth it will be from the v.c.0. This means that the
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oscillator increases. This means that the further the strong sig-
nal is away from the frequency being received the lower the
noise level from the reciprocal mixing effect is (Figure 5.11).

Fig. 5.10 Phase noise characteristic of a typical synthesizer

shape of the noise is likely to be similar to that shown in Figure
5.10.

Reciprocal Mixing
Often the results of phase noise on a local oscillator will go
unnoticed. On a clear band with few strong signals it is unlike-
ly that any effects will be heard. However the case is very
- different when weak signals are being sought in the presence of
much stronger ones.

To illustrate the effect of reciprocal mixing take the case
when a strong signal is being received. Here the local oscillator
will be mixed with the incoming signal to generate the mix
product at the intermediate frequency of the receiver. In this
way the incoming signal will pass through the filters and will
be heard. However as the receiver is tuned off the strong signal
it would normally fall outside the pass-band of the filters and
remain undetected. If the receiver local oscillator has a high
level of phase noise then this phase noise can mix with the off
channel station to produce a noise product which falls within
the receiver pass-band. This noise can mask out the weaker
stations on the band which are being sought. The level of phase
noise generally falls as the frequency offset from the local
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Fig. 5.11 Action of phase noise in reciprocal mixing

Stability Specifications

The stability of a receiver is of great importance. Today most
high quality sets use a frequency synthesizer, and as a result
drift can be reduced to very low levels. For receivers with free
running variable frequency oscillators, drift can be more of a
problem.

When specifying drift manufacturers normally quote the
amount of drift in a given time, normally an hour. Typically a
specification may give a figure of 100Hz per hour. This is spec-
ified after a given warm up time. For valve sets this is often an
hour, whereas semiconductor sets will settle more quickly and
the drift is often quoted after a warm up time of half an hour.

The specifications for crystals and crystal oscillators are
quoted in a slightly different way. For a crystal any accuracy
figures are likely to be quoted in p.p.m. This stands for a
number of parts per million tolerance. If a crystal has an
accuracy of 1 p.p.m., and its operating frequency is 10MHz,
then its tolerance or error would be 10Hz.
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A number of different accuracy figures are quoted. First is
the initial tolerance. This is the accuracy to which the crystal is
manufactured. Secondly its drift with temperature. This is nor-
mally over the range 0 to 70°C. Finally there is a specification
for the ageing of the crystal. It is found that crystals change
their frequency with time as a result of imperfections entering
the outer parts of the crystal lattice and changing the resonant
frequency very slightly. To reduce this crystals are now
enclosed in a hermetically sealed can which is either evacuated
or filled with an inert gas. Even so some ageing occurs, and this
figure is often quoted as a number of parts per million per year.
Although a crystal ages fastest during its first months of
operation a worst case figure must be quoted.

All of this means that there is no single figure which can be
quoted for a crystal. At any time its frequency of operation will
be within the total tolerance which can be calculated by adding
the initial tolerance, temperature stability and the ageing rate,
calculated for the individual case in question.

Crystal ovens have similar specifications. Their tolerances
are rarely quoted in p.p.m. Their accuracy is usually at least an
order of magnitude better than that of a straight crystal and
often two orders of magnitude better. In view of this their
tolerances are normally quoted as parts in 10". In other words a
tolerance of 1 in 10’ would given an error of 1Hz on a I0MHz
oscillator.

The figures for ovens normally include ageing, operating
over a temperature range, and the effect of load and supply
voltage changes. Again there is not a simple figure for the
tolerance of the signal which will be produced. However a
crystal oven will normally be able to produce a reference sig-
nal which is more than accurate enough for most UHF, VHF
and HF applications.
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Chapter 6
DEMODULATION

One of the key stages in any radio is the demodulator. Here the
information or modulation from the radio signal is removed
from the carrier and converted to a baseband signal. In most
cases this means generating the audio signal which can be
amplified by an audio amplifier before being passed into the
loudspeaker or a pair of headphones.

There is a wide variety of different types of modulation
which can be picked up on the airwaves. A.m., narrow and
wide-band f.m., s.s.b., morse, and of course there are many
more, including various forms of data transmission. To be able
to resolve any of these types of modulation, the correct demod-
ulator must be used. If the wrong type of demodulator is used
then it is quite possible that the resulting audio will be totally
indecipherable, or even non-existent.

A.M. Detector

The simplest type of detector is the diode detector used for a.m.
A circuit of a simple diode detector is shown in Figure 6.1 and
it operates by detecting the envelope of the incoming signal. It
achieves this by simply rectifying the signal. Current is allowed
to flow through the diode in only one direction, giving either
the positive or negative half of the envelope at the output. If the
detector is to be used only for detection it does not matter
which half of the envelope is used, either will work equally
well. Only when the detector is also used to supply the a.g.c.
circuitry will the polarity of the diode matter.

The detector will normally include a small capacitor at the
output to remove any r.f. components of the signal at the out-
put. The value is chosen so that it does not affect the audio
base-band signal. The individual circuits to which the a.g.c.
voltage is applied will normally have additional filtering or
smoothing to remove any inter-stage coupling which could lead
to instability. This filtering will also remove any of the modu-
lation present on the a.g.c. line so that only a d.c. voltage is
applied to the previous stages to control their gain.
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I > audio amplifier
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previous stages

Fig. 6.1 A simple A.M. diode detector

This type of detector is called a linear envelope detector
because the output is proportional to the input envelope.
Unfortunately the diodes used can introduce appreciable levels
of harmonic distortion unless modulation levels are kept low.
To overcome these and other problems, synchronous detectors
can be used. However before explaining the operation of these
detectors it is first necessary to outline the methods of detect-
ing s.s.b. and morse signals.

Morse and S.S.B. Detection

A.m. is only used for limited applications these days. For long
distance communications on the high frequency bands single
sideband and morse are far more efficient. However to be able
to copy these modes a more complicated detector circuit is
needed.

A morse signal usually consists of a carrier being turned on
and off to create the dots and dashes. With a simple diode
detector these would appear in the loudspeaker as a series of
clicks or thumps which would be very difficult to decipher. If
the incoming signal is to be copied it must be converted into an
audio tone. This is easily achieved by beating the signal with an
internal oscillator placed slightly off frequency. The two signals
are mixed in a mixer in exactly the same way as the frequency
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Fig. 6.2 Reinsertion of the carrier in a single sideband
signal to regenerate the audio signal
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conversion earlier in the set. The difference in frequenc
between the incoming signal and the internal oscillator is equ
in frequency to the audio tone which is generated.

The same circuitry is also used to resolve single sidebar
signals. The single sideband signal consists of one sidebar
and no carrier. This carrier has to be reinserted at the corre
frequency as shown in Figure 6.2.

Although the mixer used in this process performs exactly tt
same function as any other mixer, it is often called a produ
detector. This name is derived from the fact that its output is tt
product of the two inputs. The local oscillator is generall
called a beat frequency oscillator (b.f.0.), although in som
instances it may be known as a carrier insertion oscillate
(c.i.0.).

To obtain the optimum results when operating the receive
the signal is tuned to the centre of the receiver pass-band. Tt
beat frequency oscillator is adjusted so that it occurs on tt
same frequency relative to the s.s.b. signal as the carrier wou
have been, as shown in Figure 6.3. For morse reception
similar approach is adopted. The signal is tuned to the centre
the pass-band and the b.f.o. is positioned to give the corre
pitch notes. In normal operation the position of the b.f.0. is pr
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set to the correct frequency. When the signal is tuned to give the
correct pitch, the signal will be in the centre of the pass-band.

Beat frequency oscillator

Filter response

_—in the receiver

Single sideband signal

>
>

Frequency

Fig. 6.3 Positions of the B.F.O., signal, and filter response

filter is incorporated after the mixer. This removes any of the
high frequency mix products. A simple R-C network usually
suffices.

for optimum reception

Synchronous A.M. Detection
Ordinary envelope detection for a.m. has several disadvan-
tages. Many of these are overcome by using a form of detection
known as synchronous detection. This operates using what is
essentially a beat frequency oscillator and mixer in very much
the same way as in the detection of s.s.b. and morse. To ensure
that the beat frequency oscillator is on exactly the correct fre-
quency it is synchronised to the incoming carrier frequency.
Synchronisation of the carrier can be achieved in a number
of ways. A narrow band filter can be used to extract the carrier
and then this can be mixed with the incoming signal. This is the
most obvious method, but it has the drawback that the carrier
has to be positioned on exactly the correct frequency for it to
operate correctly. Alternatively a phase locked loop can be
used. The loop will lock onto the incoming carrier and generate
a signal which can be fed into the mixer. A third method feeds
the incoming signal into a very high gain amplifier. If the gain
is sufficiently high then circuit will limit, removing the modu-
lation and leaving only the carrier. This is then mixed with the
original signal to regenerate the original audio. This last
method is the cheapest and it does not have the limitations of a
very limited band of operation of the filter method. A low pass
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Fig. 6.4 Methods of synchronous A.M. detection

Using a synchronous detector much lower levels of distor-
tion can be achieved. In addition to this the effects of selective
fading which are often encountered on the short wave bands
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can be minimised. As a result this form of detection is used in
many high grade communications receivers.

Double Sideband Suppressed Carrier

Although Double Sideband Suppressed Carrier (d.s.b.s.c. or
d.s.b.) is very seldom used, it is included here for the sake of
completeness. Occasionally it is used by radio amateurs
because it is simpler and cheaper to make a d.s.b. transmitter
than a full s.s.b. one, because it does not need the expensive
filtering required by s.s.b.

To demodulate d.s.b. the most convenient method is simply
to use the filter in the receiver to remove one of the sidebands.
Then it can be demodulated as if it were s.s.b. in the normal
way.

To demodulate d.s.b., making full use of both of the
sidebands requires more complicated circuitry. Methods of
demodulating d.s.b. require the carrier to be re-inserted, but
unlike s.s.b., it has to be on exactly the right frequency. To
achieve this it is possible to detect a small amount of carrier if
any is transmitted and then amplify this. If no carrier is trans-
mitted then it is still possible to generate it from the two
sidebands. One way of doing this is to pass the signal through
a square law device such as a diode. This produces a term
which is at twice the carrier frequency. This can then be
divided and used to demodulate the signal.

Another method is named the Costas method after its inven-
tor. This uses the system shown in Figure 6.5 and is consider-
ably more complicated in its operation.

F.M. Detection

If a normal a.m. diode detector on its own is used to detect an
f.m. signal, it is likely that no audio will be generated. Instead
a frequency dependent circuit which converts the frequency
variations into voltage variations must be used as shown in
Figure 6.6.

It can be seen from the diagram that as the frequency
increases, so does the voltage from the detector, and as the
frequency falls so does the voltage. Normally the phase of the
output is not a problem. It is just as valid for the detector out-
put to fall as the frequency increases, again the output from the
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Fig. 6.6 Demodulating an F.M. signal
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detector may be used for an automatic frequency control (a.f.c.)
found on some older analogue receivers. ;

The a.f.c. is used to keep the receiver on frequency despite
any drift in the local oscillator. It operates by removing the
modulation from the audio output. This is accomplished by
using a simple resistor capacitor filter network and this leaves
a d.c. offset voltage on the output. This is then fed back qnd
applied to the local oscillator of the receiver in a sense .Wthh
will pull it in a direction to reduce the d.c. offset. In this way
the receiver will be kept in tune.

Voltage output
from the detector

5

Noise

ov

Frequency —»

Fig. 6.7 The response of an F.M. demodulator

F.m. demodulators or discriminators all have a response of
the form shown in Figure 6.7. The centre section is the operat-
ing range, and from the diagram it can be seen that as ghe
carrier frequency changes the output voltage changes. For dis-
tortion free demodulation the centre operating section of the
curve must be completely linear. Any deviation from a linear
characteristic will result in distortion of the audio waveform.
Whilst relatively high levels of distortion can be tolerated by
communications users, hi-fi circuits strive to achieve the low-
est distortion levels possible.

The demodulator will only have a finite bandwidth. Beyoqd
its operating region the response will start to fall until a point is
reached where only noise is present.

One of the significant advantages of f.m. is its resilience to
interference. With no signal present a large noise output will be
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present. As a frequency modulated signal is introduced into th
detector the noise level decreases sharply, and almost di:
appears for a sufficiently strong signal. In fact the noise leve
will be much lower than for a similar strength amplitud
modulated signal.

This effect is known as quieting and a sensitivity specific:
tion is associated with this effect. When no signal is present
certain level of audio noise will be present. When a signal ;
introduced the noise level will fall. The quieting is the ratio
the two noise levels. Often a receiver sensitivity will be quote
for a given quieting level. For a narrow band f.m. receiver
typical sensitivity of 0.5 microvolts for 20dB quieting may b
expected. For a wide band f.m. broadcast receiver a level of 1.
microvolts may be expected to give 30dB quieting.

Another effect associated with the use of f.m. is called th
capture effect. This phenomenon occurs when two f.m. signal
are being picked up and only the stronger of the two will b
audible at the receiver output. This is in sharp contrast to a.n
systems where the unwanted signal causes annoying heterc
dynes and background interference dependent upon its leve
The capture effect is very useful on today’s crowded frequen
cies and it is one of the major advantages for the popularity
f.m. in mobile v.h.f. and u.h.f. applications.

The capture effect is often quoted as a figure when it i
called the capture ratio. This is defined as the ratio between th
wanted and unwanted signals to give a specified reduction i
the unwanted signal. Normally a ratio of 30dB for the wante
to unwanted signal is used for this. Typically one might expec
to see a capture ratio of 2dB for a typical broadcast tuner. Thi
means that if the wanted signal is 2dB stronger than th
unwanted one then it will capture the demodulator and suppres
the unwanted signal by 30dB.

There are a number of different circuits which can be use
to demodulate f.m. The first point which will be noticed abot
them all is that they are more complicated than the basic singl
diode a.m. detector. At (he very least two diodes are neede
with other circuitry as well. However as f.m. is used to carr
the high fidelity V.H.F. f.m. transmissions many would argu
the added expense and complexity is well worthwhile.

Two of the more common circuits are called the rati
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detector, and the other is called the Foster-Seeley detector after
its inventors. Phase locked loops are also widely used as well.
All of them perform well, and these days most of the circuits
can be obtained within integrated circuits.

F.M. Ratio Detector

The radio detector is shown in Figure 6.8. In the circuit the
diodes are in series. This means that when a carrier is applied
to the circuit, a steady voltage appears across the resistors R1
and R2. As a result C1 is charged up.

Primary  gecondary

D1
R1
; fo by
e .L =
3 R2 *
Eﬁﬁ_ D2 T
i i Audio
S o | I >
/ L output

Tertiary or c2

third winding T
0V o
B

transformer are tuned to the same frequency, the signals at t
input and output of the transformer will be different by 9(
Consequently the signal in the secondary varies from tl
primary by this amount.

It is found that when the signal is frequency modulated t
phase of the signal in the secondary moves in comparison to tl
primary. This occurs as the signal moves away from the res
nant frequency of the transformer.

This means that the phase difference between the third win
ing and the secondary change. This results in the signal fro
the third winding subtracting from the signal across one half
the secondary and adding to the other half. In turn this caus
an imbalance to appear across the resistors R1 and R2, ar
hence a current flows through the third winding. This results
the audio modulation appearing at the output of the thi
winding.

Foster-Seeley Detector

The Foster-Seeley circuit is very similar in many respects to t}
ratio detector in its basic topology. Of the two the Foster-Seele
circuit is more commonly used. The reason for this is that tt
transformer used in the ratio circuit is more complicated ar
more costly. The choke used in the Foster-Seeley circuit is ge:
erally cheaper than the addition of the third winding to ti
transformer.

Fig. 6.8 Ratio detector

In the i.f. transformer at the heart of the ratio detector there
is a third winding which is connected to the centre tap of the
secondary. The basis of the operation of the circuit lies in th.e
phasing of the signals in the circuit. The transformer s
designed so that the coupling between the primary and thg third
winding, which is untuned, is very tight. This results in the
phase of the signals in both windings being the same. ;

The same is not true for the primary and secondary. It is
found that when the primary and secondary windings of a
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Fig. 6.9 The Foster - Seeley F.M. detector
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This circuit has a number of differences when compared to
the ratio detector. However its method of operation bears many
similarities, and depends upon the relative phases of the signals
at the input and output of a tuned transformer for its operation.

In this circuit a connection is made from the primary circuit
to the secondary circuits using a capacitor C3. This is connect-
ed from the signal side of the primary (e.g. the collector of the
driving transistor) to the centre tap of the secondary winding.
This gives a signal which is 90° out of phase.

In the steady state when a carrier is present at the centre of
the band, both diodes D1 and D2 will conduct, producing equal
but opposite voltages across their load resistors R1 and R2. As
the audio output is the sum of the voltages across these two
resistors, the resultant signal will be zero when the carrier is
centred in this way.

When the carrier frequency varies from the centre the bal-
ance condition will be destroyed and one diode will conduct
more than the other. This results in the voltages across R1 and
R2 becoming different and a signal appearing at the output
terminals.

The choke, r.f.c. is included in the circuit to prevent any of
the radio frequency signal appearing at the output. Similarly the
capacitors C1 and C2 placed across the resistors R1 and R2 also
provide a filtering function.

Phase Locked Loop Demodulators

Apart from being used in frequency synthesizers, phase locked
loops provide a very good means of demodulating f.m.
Requiring no coils and relying on today’s integrated circuit
technology it is possible to make a high performance circuit
from a single i.c. and a few other components. As a result,
phase locked loop demodulators are being used increasingly in
all types of radio receiver.

The method of operation is quite simple. Referring to the
basic block diagram of a phase locked loop shown in Figure
5.4, the signal from the intermediate frequency stages is
applied to the reference input to the loop. Under steady state
conditions the loop will remain in lock and a steady control
voltage will be applied to the control terminal of the oscillator
to maintain its frequency and keep the loop in lock. If the input
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frequency varies then the oscillator will have to change its
frequency for lock to be maintained. In turn this requires the
con_trol voltage to vary. In other words the control voltage
varies according to the input frequency and is the demodulated
f.m. This voltage is buffered and then taken outside the phase
]ockeq loop i.c. to be amplified by the audio amplifier.

Using current i.c. technology it is possible to make the volt-
age to frequency characteristic of the oscillator very linear. This
results in linear demodulation and very low levels of distortion.
Coupled to the low cost of a phase locked loop demodulator
both of these factors make this type of circuit very attractive.
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Chapter 7
OPERATION

Many of today’s radios are very high performance pieces ¢
equipment. They contain large amounts of circuitry and as
result they are able to support a wide variety of features on to
of possessing a good basic specification. However to reac
their full potential they must be operated correctly. This is nc
always as easy as it might seem because many radios have larg
numbers of controls which must be used correctly. Despite th:
one of the first requirements is not directly a function of th
radio itself. It is the aerial.

Aerial

Although transistor portable sets for use as broadcast receiver
have just their own internal ferrite rod aerials, most other set
use some other form of external aerial. Even sets for broadca:
V.H.E f.m. reception as well as many World Band receivers an
scanners will have a telescopic aerial attached to the set. Man
“communications receivers” have no aerial of their own, only
socket for an external aerial.

For the serious user a good external aerial is needed even i
the set has its own telescopic aerial. A good aerial will enabl
the set to reach its full potential whereas a poor one will severe
ly limit what the set can do. There is little point in spending
vast amount of money on the receiver, only to prevent i
performing properly by using an inferior aerial.

Aerials take many forms, and different types of aerial will b
needed for different types of listening. For the listener to th
short wave or high frequency (H.F.) bands up to frequencies @
around 30MHz an end fed wire (sometimes called a long wire
is a good compromise. It can be easily erected outside as show
in Figure 7.1, and then tuned with an aerial tuning unit (a.t.u.
to ensure it is at resonance and presents the right impedance t
the set. These a.t.u.s can be bought or easily made using a vari
able capacitor and a tapped coil. Often aerial kits for end fe:
wires can be obtained from electronics or short wave radi
stockists.
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Fig. 7.1 A simple end-fed wire installation

For the scanner enthusiast a discone is probably the best all
round aerial to use. These aerials are designed to cover a wide
range of frequencies and they are easy to obtain from most
scanner stockists.

Whatever the type of aerial in use it should be properly
installed. It should be positioned as high as reasonably possible
to give it the best radio “view” and it should be kept away from
objects which may act as a screen. In addition it should be
positioned away from any sources of interference. However for
convenience, the most likely place for a discone is on a
chimney. This will keep it reasonably high and the levels of
interference from sources around the home should be tolerable.

Other points to watch when installing aerials is that they
should be mechanically sound. Injury and damage can result if
they fall down. Also great care should be taken to ensure that
they cannot fall onto any live power lines. This has proved fatal
in a number of instances in the past.

For anyone thinking of installing an aerial there are many
books on this subject which are worth consulting to ensure that
the most suitable aerial is chosen.

Receiver Controls .
The operation of radios will vary from one type of receiver to
the next. However as there are many common features it is
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possible to give an over-view of the various controls anc
features which can be found on many receivers today.

Tuning

The tuning control is the most used control on any set -
particularly on communications receivers, it normally occupie:
the central position and is the largest control on the set. I
should also be ergonomically placed so that it can be used witl
the minimum amount of strain. To achieve this the contro
should be placed so that the set can be tuned with the majorit)
of the arm resting on the table surface.

The mechanics of the tuning control are important. Ofter
weighted knobs or flywheels are used to give the right feel tc
the tuning. However, one important factor is that there shoulc
be no backlash on the system. If there is any backlash on the
tuning it can cause considerable annoyance to the operato:
because when wanting to change the direction of tuning, the
backlash has to be taken up before the frequency changes. Thi:
is very important when making small adjustments to the fre
quency, especially when tuning in s.s.b. or morse signals wher
minor adjustments are often needed.

In many sets these days it is possible to change the rate o
tune. This feature can be very useful as large rates of tune ar
needed when scanning over large bands or for tuning in mode:
like wide-band f.m., whereas slow rates of tune are needed tc
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make fine adjustments on s.s.b. or morse signals.

Many sets also use the tuning control to tune between dif-
ferent channels. This is particularly true of scanners where it is
possible to set up different channel spacing settings dependent
upon the mode or band in use.

R.F. and LF. Gain Controls

Many sets will include r.f. and occasionally even if. gain
controls. These controls are used to ensure that the gain in the
early stages of the set is not so high that overloads occur in any
of the later stages, especially when strong signals are present.
For most normal operation these gain controls can be left near
maximum, only reducing them when necessary.

Some sets include r.f. attenuators instead. These attenuators
act at or near the input of the receiver and fulfil a function very
similar to the r.f. gain control. The attenuation can be increased
to reduce the signal levels when strong signals are present.

Mode Switch

There is a very wide variety of different modes of transmission
which can be pick up. To be able to resolve them a variety of
different demodulators are needed, and this necessitates a
switch to enable the correct one to be used.

Sets for use on the H.F. bands will normally be able to
resolve a.m., s.s.b., and morse. In fact there will often be posi-
tions for upper and lower sideband as the b.f.o0. position has to
be adjusted differently. Occasionally there may be a position
for narrow-band f.m. (n.b.f.m.).

In view of the different modes encountered on frequencies
above 30MHz, scanners will need to resolve other modes. They
will normally be able to resolve a.m., narrow-band f.m. and
wide-band f.m. Sets which can cover the short wave bands
may also have positions for s.s.b. and morse. On some scanners
the mode switch is automatically determined by the frequency
in use. Normally it is only possible to find one particular mode
on any given band. It is possible to link the mode selection to
the frequency. However this is not always true and the more
experienced user will want to have the freedom to select the
required mode.
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Filter Selection

As mentioned in Chapter 4 it is necessary to ensure that t
filter bandwidth is tailored to the type of transmission bei
received. It should be sufficient to ensure that all the signal ¢
pass through the filter, but not so wide that off-channel int
ference is allowed through. As different types of transmissi
occupy different bandwidths this means that a variety of filte
may be needed.

Particularly on scanners this function is achieved automa
cally dependent upon the type of transmission in use. Howey
for communications receivers with several filters it is normal
possible to select the filter needed. This allows the opera
maximum flexibility to overcome any difficult recepti
conditions which may exist.

B.F.O.

On many sets there will be an adjustment for the b.f.o. It
required because the frequency of the oscillator needs to
varied according to the transmission being received. .
described in Chapter 6 the signal being received needs to be
the centre of the pass-band, the b.f.o. then needs to be adjust
to the correct frequency. Often this can be pre-adjusted accor
ing to the mode in use, and as a result in many sets it is link
to the mode switch. In other sets, particularly older commus
cations receivers, and some World Band types of short wa
portables, the b.f.0. pitch needs to be set manually. This can
accomplished by tuning the set for the optimum signal with t
b.f.0. switched out, and then adjusting the pitch control to gi
the best reception. Once it is correctly adjusted then it shou
be left in place for that type of transmission.

Scanning Facilities

Scanners are a very fast growing breed of radio. They 2
tailored to meet modern day requirements, particularly f
listening on frequencies above 30MHz. They also use the late
in microprocessor technology to give them a whole host of fe
tures and facilities. In view of this they have many contrc
which are not normally found on other types of receiv
However their operation is normally quite straightforward.
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Probably the most obvious control which all scanners have
is a keypad. This makes them stand out from other types of
receiver which by and large do not have keypads.

The keypads have a variety of keys to give them the flexi-
bility which is commonplace with today’s sets. Obviously the
numeric keys are used for entering frequency information or
selecting the number of a channel. In addition to this there are
a number of other keys used to control other functions in the
set.

One of these functions is the Delay. It is used to govern the
amount of time the scanner will stay on a frequency after a
signal has disappeared. This facility can be used when a station
makes a number of short transmissions in quick succession
before staying off the air for a longer time. By using the delay
the scanner can be made to catch all the transmissions and then
move on once they have finished.

The Enter and Memory keys are virtually self-explanatory.
They are used for entering different frequencies into the
memory and then recalling them later as required.

The Lock-out facility is used to prevent particular channels
from being scanned. It may be that one channel in a scan is
occupied with a transmission that is not of any interest.
Alternatively it may have a high level of interference. Under
either of these circumstances the channel, or a number of chan-
nels, can be locked out to prevent the scanner from monitoring
them.

Scanners and many other types of receiver will possess a
squelch control. This is used to mute or switch off the audio
when no signals are present. This is particular useful for f.m.
because high levels of background noise are present when no
signal is present. The squelch control should be adjusted so that
it just does not allow the audio to come on when there is no
station on channel. By adjusting it like this even the weakest
signals can be heard.

Location

Choosing a position for a radio is another important factor in its
operation. For any radio there are a number of requirements.
Ideally it should be kept away from damp and temperature
extremes. Either of these will reduce the reliability of the set.
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The radio should also be kept in a clean environment if at all
possible. Dust and dirt will tend to build up in the set and
particularly affect electromechanical items such as switches,
volume controls and the like. Radios found in kitchens also
suffer from switch problems caused by grease build-up on the
switch contacts as a result of cooking.

Other aspects of locating a radio which are very important
for the scanner or short wave listener are associated with the
ease of operation. Ideally a convenient place should be found,
preferably with a desk or table top to space out books, lists and
any other paperwork which may be required. Tuning the set is
also made easier because it is possible to rest the arm on the
desk whilst using the controls.

Again for short wave receivers and scanners it is helpful to
place them where they are unlikely to disturb other people in
the house. This will also mean that other noises in the house are
less likely to interrupt one’s listening — quite an important
factor when an interesting station has just been picked up.

If some of these points are borne in mind when settling on a
place for the set then operating it will be much more convenient
and more pleasurable.
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