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Noise factor (F) is a unit-less measurement. Noise Figure (NF) is the loga-
rithm of noise factor and is expressed in dB.

NF = 10log,F

Hence:  Woise factor of 1 is egual to a noise figure of 0dB,
Noise factor of 2 is equal to a noise figure of 3dB,
Noise factor of 4 is equal to a noise figure of 6dB, ete,

The available input noise power, P, is the noise power resulting from a
matched source resistor at temperature T,

The SNR at the output of an amplifier will always be less than that at the
input, as any practical amplifier will add some noise. Noise factor, F. is a meas-
ure of the amount of noise added. F will always be greater than unity (or NF >
0dB).

When several stages are cascaded to form a system, the following formula is
used (Friiss's formula).

I T O F -1
Fou=F+—+— +
G GxG;, G,xG,xG,

Note: Noise Factor and gains are expressed as power ratios..

From this it can be seen that the overall noise performance is largely deter-
mined by the first stage (F;), and that the addition of later stages degrades the
overall noise figure to a lesser extent, defined by the gain of the first stage (G,),
provided the first stage is not a lossy line with G < 1.

In a radio telescope. the noise contributions of the second and possibly the
third stages can be significant, and so extra care must be taken with the design
of the receiver. Due to the very low noise figures that are typically used in a
radio telescope, it is more convenient to express these in terms of equivalent
noise temperatures. The noise power at the output of an amplifier stage (P,) is

defined as:
F-1
P=—,
" KkT,BG,

where:  k is Boltzmann's constant = 1.38 x 10-23JK-1,
To is the equivalent noise temperature of the amplifier,
B is the bandwidth of the amplifier (Hz),
Ga is the gain of the amplifier as a power ratio.

The noise characteristic of this stage can alternatively be represented by
assuming that it has an equivalent noise temperature such that the noise power
produced at the output of the stage due to internally generated noise is given
by

P, = kT.BG,




CHAPTER 3: RECEIVER PARAMETERS

Thus

YTBG, = o qi=l
kT,BG, T,

The cascaded noise factor equation can be wrilten in nois¢ temperature format
{modified version of Friis's equation)

O, L
. G,1 G,1xG2

As an example;
The current generation of 5GHz LNAs used by Jodrell Bank use HEMT

devices and liquid helium cooling. The published noise temperature of the
system is SK.

The noise figure of a 5K device is

NF = 10log(l) + —— = 0.074dB.
290

CRYOGENIC COOLING

Many modem radio telescopes today use some form of cooling to lower the
ambient temperature of the LNA to achieve a lower system noise temperature.
Common forms are liquid nitrogen and liquid helium. Helium is usually the pre-
ferred medium. Liquid helium exhibits a temperature of about -260°C or about
13 degrees above absolute zero.

Fig 3.14: Decanting
liquid helium in the
Jodrell Bank Receiver
Design Laboratory.
(Photograph: J
Fielding 2005)
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Fig 3.15: Close-up
of a typical |
microwave receiver |
unit. (Photograph:
J Fielding 2004)

In practice it is normally possible to hold the LNA and associated metalwork
to about 15K. Whereas this technique works very well it is not the sort of thing
that amateurs are likely to incorporate in a low noise amplifier because of the
engingering problems encountered,

Using liquid helium to lower the temperature of the LNA and other parts of
the front-end unit brings about some very interesting engineering problems. In
the picture above, there is a white former to the lefl and near the bottom of the
unit with several enamelled copper wires wrapped around it. It looks a bit like
a RF choke; in fact it is a "thermal choke',

Fig 3.16: Liquid
Helium pump on
a completed
front-end unit.
(Photograph: o
Fielding 2004)
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The wires run from the DC input connector to the right, which has feed-
through capacitors and other RF filtering to stop interfering signals getting into
the unit. However, the biggest problem is stopping heat gelting in and raising
the temperature of the LNA and other components.

The wires wrapped around the plastic former carry the various DC supply
lines and control signals and they exhibit a high thermal resistance and help to
prevent the ambient heat getting to the LNA. It takes about Ih to lower the tem-
perature from ambient to the required 15K {-258°C). The rate of change of tem-
perature needs to carefully controlled to prevent rapid contraction of the metal-
work or components from causing a stress-related failure, particularly in sur-
face-mounted components,

The liquid helium is pumped up the main support tubes to the top plate, which
serves as a heat sink (heat-extractor) to which the LNAs and other parts are
mounted. Having passed through the extractor the heated liquid helium exits via
another supporting pipe and is then sent through an external heat exchanger to
remove the heat energy. 1t is then sent back to the helium pump for another cir-
cuit. The liquid helium is pumped by a DC powered 'shuttle-pump' mounted on
the bottom of the unit.

ANTENNA NOISE TEMPERATURE

The concept of equivalent noise temperature may be extended. If an arbitrary
source of noise (thermal or non-thermal) is random, il can be modelled as an
equivalent thermal noise source and characterised with an equivalent noise tem-
perature. Thus, components and systems can be characterised by saying that
they have an equivalent noise lemperature.

For example, a non-thermal device, such as an antenna, may be associated
with an effective noise temperature, T. If the noise power received by the anten-
na is Pn in a system bandwidth, B, then Tant may be expressed as

T, =
- kB

where: ks Bolizmann's constant = 1.38 x 10-3JK-!, and
B is the system bandwidth (Hz).

The term T, includes all noise contributions up to the ‘reference plane,
which is normally taken as the input to the first amplifier stage (commonly
referred to as the Low Noise Amplifier, LNA).

There are basically two major contributors to antenna noise temperature,
namely sky noise and noise from ohmic losses in the antenna or coaxial cable.
Sky noise comprises all external noise that enters the antenna. In satellite and
radio astronomy systems, the sky noise is due to extra-terrestrial noise, ther-
mal radiation [rom the atmosphere and man-made noise reflected from the
carth.

The atmosphere affects external noise in two ways. It attenuates signals pass-
ing through it from outer space, and also generates noise because of the energy
of its constituents. Sky noise generally varies with frequency, elevation angle of
the antenna, (at low elevations the antenna 'sees' a greater portion of the atmos-
phere and some of the warm earth), and surface water vapour concentration.
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EFFECTS OF SKY NOISE

As the sky noise reduces so dramatically as the operating frequency rises. it is
often more productive to choose a higher rather than a lower frequency to
observe a distant object, even though the expected path loss is greater, One can
safely assume that for frequencies up to about 144MHz half the sysiem noise
termperature is due to antenna and sky noise and the remainder is due to the
LNA. Therefore, there is no significant benefit to be gained by reducing the
LNA noise figure much below half of the total system temperature.

For example:

At 144MHz, with the antenna pointed at the horizon in an urban environ-
ment, the typical sky noise will be of the order of 1000K. With the antenna
elevated to 45°, it will be reduced to approximately 200K. This is an equiv-
alent LNA noise figure of 1.15dB. With the antenna pointed at the horizon
with a 1000K sky noise, the lowest noise figure required is about 6.5dB. In
a rural environment, the ambient noise with the antenna pointed at the hori-
zon will be lower, perhaps as low as 300K, and then a lower noise figure
can be used to advantage, Even so, it is limited to about 3dB.

At 432MHz, the sky is less noisy and the typical figures for these two
cases will be approximately 150K and 20K. This is an equivalent minimum
LNA noise figure of (0.3dB.

At 1296MHz, the sky noise has dropped to about 5K for an antenna point-
ed vertically upwards, assuming no radio star is in the beam. This is an
equivalent LNA noise figure of 0.07dB. It is extremely difficult to get any-
where near this with conventional microwave transistors at a modest cost.
To achieve this very low noise lemperature requires cryogenic cooling.

Turning this fact around explains why there is no great improvement to be
gained by using an extremcly low neise figure on the lower bands. At
144MHz, for all modes except satellite or EME. there is no advantage in striv-
ing for less than about 2dB NF. For 144MHz EME, going down to as low as
1dB is all that is required. On 432MHz and above, the lowest noise figure that
can be achieved is of benefit as the sky noise is so low at the higher frequen-
cies,

An equation for determining the antenna noise temperature up to the reference
plane is:

_(,-1)290+T,
am 1H E

where |, is the numeric value of the system ohmic losses up to the reference
plane.

For an antenna-receiver system, the total effective system noise temperature,

T can be defined as

Tsys = Tam + Ti'.rs

where Trx is the equivalent noise temperature of the receiver.
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SPECIAL RECEIVER TECHNIQUES

In a receiver for very weak-signal detection there are several techniques we can
use to enhance the probability of detection. Apart from the obvious one of
ensuring the system noise figure is as low as necessary, the detection process in
the intermediate amplifier stages and post detection signal processing are par-
ticular areas that have involved a great deal of study. Much of this is due to the
development work done on long-range military radar systems. Here, a similar
problem exists - how to determine if a response in the IF and detector is in fact
a genuine target or simply a random burst of noise. Today, with digital signal
processing (DSP), the IF signal is converted in an analogue-to-digital converter
and the final filtering and detection is performed at a digital level.

i
f /

il

In simple radar receivers, the amplifier stages could all be fixed-gain linear
amplifiers and the detector a simple amplitude detector similar to an AM detec-
tor. The increase in IF level when an echo signal is received causes the DC com-
ponent to rise above some preset level and then a target is assumed to be pres-
ent. This works for the perfect case but, in practice, many factors can eflect the
detectability. Common problems are insects or birds flying through the antenna
beamwidth at a few miles range. These will give a radar return (echo) similar to
an aircraft at much greater distance. If only amplitude information is available,
the operator could assume it was a threat. With range information, the operator
could distinguish between close-in targets and those further away. A target clos-
ing on the radar would in each successive echo show a shortening of the range
and a consequent increase in echo amplitude. With knowledge of both of these
picces of information, a decision is made more easily.

In order to be able to detect targets both very far away and very close in, the
problem arises that a manually-set IF gain system is no longer acceptable. For
maximum range the gain needs to be high, for close-in targets the gain, if set too
high. could cause blocking of the receiver because the echo is very strong. A
system where the receiver can set the IF gain for each successive echo is
required. The attack time of the AGC needs to be very fast, as does the recov-
ery time. If the recovery time is too slow, a weak echo from a distant target
could be missed. No practical AGC system can satisly this requirement.

Limiting amplifiers

A possible solution to this problem is to use IF amplifiers that give a limiting
action to strong signals but operate near full gain for weaker echoes. This is sim-
ilar to the IF amplifiers used in FM receivers. The process of limiting, howev-




CHAPTER 3: RECEIVER PARAMETERS

er, removes all the amplitude information. Hence, all echoes above a certain
level will appear to give the same amplitude output. Therefore target size infor-
mation is lost.

Limiting amplifiers can adjust their gain very quickly, in some cases in less
than a few nanoseconds. What is required is a version of a limiting amplilier that
can adjust its gain automatically, but still preserve the amplitude information.
Because of this requirement, special IF amplifiers were developed. These are
known as 'logarithmic amplifiers'.

Logarithmic amplifiers

A logarithmic amplifier is a type of IF amplifier that adjusts its gain logarith-
mically, based on the level of the input signal. The typical gain of a log-amp
might be approximately 10dB for very small signals. However, over a 10dB
increase in signal level the gain falls to 0dB in a linear manner. The log-amp
also contains a precision detector that produces a DC output voltage or current
which is an exact measure of the gain ruling at any particular time. Hence, a log-
amp might output zero volts when the gain is maximum, 0.5V when the gain is
reduced to 5dB and 1V when the gain has [allen to zero dB. This would give a
range of 100mVdB-. With this precision, it is much easier to see a very small
change in input power level,

The 10dB range of a single log-amp is not of much use for a receiver IF,
although it could be used to measure power very accurately in, say, a through-
line power meter. By connecting several log-amp stages in series, the total gain
rises in 10dB steps as each new amplifier stage is added and the dynamic range
also increases by the same amount. A 'log amp strip' with thres 10dB devices
would give a maxinmmum gain of 30dB and a dynamic range of the same value.
Hence, it could accurately measure the signal level over a 30dB range with an
accuracy of approx. 0.1dB.

For a typical long-range radar, the IF gain would need to be 100dB or more.
This would require ten log-amps to be connected in series. However, a problem
now arises for very strong echoes. When the input level exceeds the level to
cause 0dB gain, the log-amp does not give any further increase in the DC
detected output voltage or current.

The last log-amp stage in the series-connected chain will be the first to com-
press to 0dB as the signal level rises, The penultimate stage will then start to
compress towards 0dB, and so on. This is known as 'successive detection’,
When the total 100dB range has been used up the first stage will have fallen to
0dB. and hence the detected output will not increase any more no matter how
much bigger the input signal becomes.

The basic problem with this scheme is that the final stage will almost certain-
ly be in total compression due to the intrinsic receiver noise and will be giving
full-detected output on just the noise. This means the output DC level will not
extend to zero volts and leaves a DC offset in the system. This can be trimmed
out in the succeeding post-detection processing amplifiers.

To extend the range any further by adding more log-amps in series is not a
feasible scheme. because then the last two or more stages will be driven into
compression on quiescent receiver noise, thus reducing the available dynamic
range by a large amount. What is required is another approach.
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Canire frequency GOMHzZ
Dynamic Range -754dBm 1o +15dBm
Video rise time TonSec
Bandwidth approx. 20MHz
Quiput voltage 0-15v
Typical log accuracy +2dB

Fig 3.17: Inter-
stage noise filter-
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Log amp lift stages

If another short chain of series-connected log-amps are connected to the input
in parallel with the first log-amp stage and these are fed from an attenuator to
provide a level that will start the new parallel stage to begin compressing when
the first stage has just reached compression, the parallel stage can carry on giv-
ing valid detector output information for a further 20dB if two stages are used
in series.

This extends the 100dB range to at least 120dB. This technique is known as
a 'lift stage’ as it lifts the dynamic range a further amount. Fig 3.17 shows a log-
amplifier chain. At the top is the normal chain, the lift stages are the two ICs
below. These are fed with a resistive potential divider to attenuate the input to
this stage. A typical log-amplifier with lift stages would use a parallel-connect-
ed stage of two or three devices.

Most log-amplifier ICs are inherently very wide-band devices. Typically,
they utilise DC-coupled stages and can operate from DC to 900MHz for the
most modern devices. If this extremely wide bandwidth was used, the SNR
would be severely degraded as the noise power per unit of bandwidth is con-
stant. It is normally necessary Lo insert one or more inter-stage noise filters to
limit the bandwidth, The overall bandwidth of the receiver would normally be
set by a band-pass filter after the receive mixer, but this does not help in the
case of log-amplifiers. This is becauvse the skiri selectivity of a typical crystal
filter extends only to about 90dB: below this, the attenuation does not signif-
icantly increase

Also, many crystal filters, because of their multi-pole design, have spurious
responses at frequencies removed from the centre frequency that can be as lit-
tle as 70dB of the pass band attenuation. As the log-amp can have a dynam-
ic range of some 30dB more than this, it causes a problem. In the previous dia-
gram can be seen a single band-pass noise filter half-way down the first chain
of 1Cs.

This filter needs to be carefully designed so that it does not upset the loga-
rithmic law of the chain, In very high-quality log amplifiers, such as those used
in spectrum analysers, a noise filter is often used between each stage to improve
the SNR.
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Detected output

The detected output of a log-amp is a vollage that varies between zero volts and
some maximum. If you look at the diagram the total dynamic range is from -
75dBm to +15dBm, a total of 90dB. The detector output varies from zero to
1.5V for this range. Therefore a 90dB range is compressed into a 1.5V range.
This gives a figure of 16.66mVdB-!, Subsequent DC amplifiers can be used to
expand this range. For example, if the DC amplifiers change the full-scale out-
put to 5V, the figure becomes 55.55mVdB-!. By scaling the DC output to suit
the sensitivity of the display. the full dynamic range can be made to just fill the
display vertical scale. The log-amplifier is the IF used in precision measurement
instruments, for example, spectrum analysers and measuring receivers. [t is the
most accurate S-meter available. Normally the log-amplifier dynamic range is
more than the displayed dynamic range. This is known as the 'on-screen’ dynam-
ic range. The 'off screen' dynamic range is often as much as 30dB more than the
'on-screen’ range to allow for abnormally-large signals.

Receiver muting

As the log amp is inherently free from blocking when a very large signal is received,
such as the transmitted pulse, the IF can recover very quickly. A typical log-amp
strip, although it will hard limit when the transmitter pulse occurs, can recover in a
few hundred nanoseconds, and be ready to give a valid output very soon after the
transmit pulse ceases. Hence, there is no requirement to mute the IF during transmit,
only the receiver front end needs blanking to prevent burm-out damage.

A LOW COST LOG-AMPLIFIER

The circuit previously shown is for the Plessey SL-1613 series of log-amplifiers.
Today, these are obsolete. However, another option is to use a more modem
device. One such device is made by Analog Devices and is usable to S0MHz, This
device is the AD-606 and features a log range of up to 90dB with a built in' lift
stage and video filtering. The block diagram of the AD-606 is shown here.

FUNCTIONAL BLOCK DIAGRAM
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Fig 3.18: Analog
Davices  AD-606
block diagram.
(Courtesy Analog
Devices)
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(left) Fig 3.19: Vigy
output for a pulsed
10.7MHz input. Top
trace: -35dBm to
+5dBm. Middle trace:
-15dBm to -55dBm.
Bottom trace: -35dBm
to -75dBm

(right) Fig 3.20: Vi,
response to a
10.7MHz CW signal
modulated by a 25ps-
wide pulse with a
25kHz repetition rate
using 200pF Input
coupling capacitors.
The input signal goes
from +5dBm to -
75dBm in 20dB steps
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The log-amp output is a DC voltage which varies between 0.5V to approxi-
mately 4V for the 90dB range, 3.5V = 90dB or 38.88mVdB-1. The response to
a rapid pulse signal is good, as shown here.

A lower cost approach

A line-up using log amplifiers is not the least expensive method of getting accu-
rate amplitude information. Many of the modern 1Cs designed for wireless com-
fnuntcutiun contains a similar type of measurement circuit.

In cellular telephone systems, the base station needs to know the level of
received signal from a handset to allow it to adjust the transmitter power Lo
reduce inter-modulation in its multi-channel output stages. Handsets situated
close to the base station do not require as much base transmit power to attain a
good SNR, and hence transmit power can be turned down. The handset also
contains an IF amplifier with a signal-measuring device, which performs a sim-
ilar function to adjust the handset transmitter power to conserve battery life and
thus allows longer "talk-time' between recharges. On the modern cellphone. the
received signal level 1s displayed.

This method is known as RSSI (received signal strength indicator). Many of
the FM integrated circuits today contain some sort of RSSI circuitry which,
although not as accurate as a true log-amp, is adequate for most amateur appli-
cations.

A typical IC is the Philips NE 604/614. This is conventional FM [C and con-
tains circuitry to drive a quadrature detector with a good RSSI circuit. For our
application, the FM detection is not required only the RSSI, this covers a range
of 90dB. The bandwidth of the NE604 is limited to about 1MHz so the best
option is to use it with a 455kHz IF which is converted down from either
10.7MHz or 21 4MHz.

The application notes available from Philips detail the use as a measuring
receiver and it has been used in several designs for an amateur spectrum
analyser. The response of the RSSI is fairly slow with the standard circuit but,
if the NE624 version is substituted, it can be speeded up 10 approximately 2ps
with suitable component substitution, and a low-pass post-detection filter to
reduce the quiescent noise.

For full information on how to use the NE&D4, the reader is advised to look
on the Philips website for application notes and data sheets. The NE604 is not
the only suitable IC: Philips make a bewildering range of similar devices for
receiver applications.
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Fig 3.21: Application circuit for
a double-conversion receiver.
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Fig 3.22: The RSSI response of
a ME602 | MEG04 combined
receiver

Another suitable device is the NE605 or NE615 which combines the IF and
the NE602 mixer into one IC. There are many others from other manufacturers.

SPECIAL FILTERING TECHNIQUES

As we have seen, the optimum bandwidth for a radio telescope might be far
oreater than the types used for normal communications. As the use of a low IF
allows easier filtering and high gains to be used, the industry has adopted cer-
tain frequencies for these applications. In a VHF receiver. we might use a first
IF of 21 .4MHz or 10.7MHz. These two frequencies are very popular and many
filter manufacturers make a variety of filters with different bandwidths.
Typically. the narrowest bandwidth is approximately 2.5kHz, which suits
receivers using SSB; the widest filter available is approximately 30kHz. Tf fil-
ter bandwidths greater than this are required, we have to resort to other, more
expensive technologies. One of these is the Surface Acoustic Wave filter, know
as a SAW filter. With SAW devices, it is possible to make filters with band-
widths up to 10MHz wide when a centre frequency of 70 or 100MHz is used.
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The lower frequency filters are normally available at 455kHz, 1.6MHz, SMHz
and 9MHz, and these use either quartz erystal technology for the higher fre-
quencies and ceramic technology for the popular 455kHz types. In a typical
amateur VHF receiver, the use of 10.7MHz and 455kHz are very common, as
these filters are readily available at low cost. UHF receivers normally require a
higher first IF due to the image filtering problems. Here. a popular choice is
45MHz, as this is a readily-available filter used in cellular telephones.

If we require a wider bandwidth filter and cannot tolerate the cost of a SAW
filter. we need to resort to other methods. In the early days of communications
receivers, the use of LC-coupled filters provided acceptable filtering if the [F
was sulficiently low - perhaps as low as 100kHz in some designs. The reason is
the limited ) that it is possible with conventional coils and capacitors. If the fil-
ter needs to have a low insertion loss and a steep cut-off, a high Q) is essential.
If the Q of the inductors is poor, the insertion loss increases and the skirt selec-
tivity is also poor,

With practical inductors wound on ferrite coil formers or a ferrite toroid, the
maximum Q is limited to approximately 250 at frequencies above about
10MHz. If we needed a filter with a bandwidth of SkHz at 10.7MHz, the induc-
tor Q needs to be greater than 5000, This is impossible and explains why erys-
tals are used to construct these types.

But when we require wide bandwidth filters, such as is the case for a radio
astronomy receiver, conventional inductors and capacitors can get the job done
for a reasonable cost. The author has developed a technique for narrow-band fil-
tering for a radio telescope receiver that required a bandwidth of 100kHz and
good skirt selectivity. Normally that would require an expensive SAW filter
which, once purchased, meant that he was stuck with that bandwidth unless
another expensive filter is purchased. Although there are a number of ceramic
filters manufactured for FM broadcast receivers using 10, 7MHz as the IF, these
have poor skirt selectivity. They are also quite wide, being typically 300kHz at
the -3dB point.

Multiple conversion filtering

In a conventional superhet receiver, we might start with a first IF of 10.7MHz
and then convert to 455kHz The 10.7MHz filter does not need to be very nar-
row; approximately 500kHz is adequate and this can easily be achieved with LC
or ceramic filters. The main selectivity is obtained at 455kHz afier the final mix-
ing process.

In the author's case, this was not acceptable for a very good reason. The main
IF uses a 10.7MHz log-amplifier. This is used [or all frequencies and is essen-
tially a wide-bandwidth amplifier strip with a bandwidth of 2MHz. To increase
the sensitivity, we need to reduce the bandwidth. For optimum performance, we
might settle on a 50kHz bandwidth to increase the noise power accepted from a
distant radio star. The inductor Q required to construct such a narrow filter is
much greater than that which is possible using conventional inductors if the
insertion loss is going to be kept low. We can probably tolerate up to 10dB of
insertion loss at this point in the receiver, as the front-end largely defines the
ultimate sensitivity and the generation of 10dB of gain to make up for the filter
loss is simple to achieve.

- —




CHAPTER 3: RECEIVER PARAMETERS

Fig 3.23: Block diagram of
MIXER 1.35 MHz MIXER the down-up filter mixer
10.7 Mtz BAMD 18.7 Mix

W Loy == Fig 3.26: Fregquency
response of insertion loss
oM . l J and input return loss
H (VSWR) of the 1.35MHz

I hand-p;ss filter

The technique used is a little unusual, but follows standard practice. Tf the
10.7MHz signal from the mixer is mixed down again to a low frequency. the fil-
tering can be done at this low frequency. Having defined the TF bandwidth at this
low frequency, the signal is mixed back up to 10.7MHz before passing to the
main log IF module. The system requires a second LO, but this does not have to
be very stable, as any drift will be cancelled out when the signal is mixed back
up to 10.7MHz. In practice, this could be a free-running oscillator but, in the
author’s case, a suitable crystal was obtained from the junk box. This ervstal is
12.050MHz and hence defines the second IF as being 12.05 - 10.7 = 1.35MHz.

Using the ARRL Radio Designer software package. a suitable filter was
designed using ferrite toroid-wound inductors. It was determined using a
Marconi (Q-meter that the possible () with the available toroidal cores was of the
order of 150 at |.4MHz. Hence, in the circuit simulation, a value of 100 was
used to allow a little extra leeway. The circuit simulation file gave good results
and the plot below shows the overall filter response.

The overall insertion loss mid-band is approximately 6dB, and the ultimate
selectivity at IMHz is over 100dB down. The upper frequency is slightly less
because of the circuit topology used. but is still more than 80dB down. The
bandwidth is 50kHz at the -3dB points and the filter has a Gaussian response,
which is better at rejecting impulse interference from ignition and other man-
made noise.

The filter design is basically a four-stage network with top coupling with low
value capacitors; hence it tends to behave like a high-pass filter on the high-fre-
quency side of the response. On the low-frequency side, it behaves like a low-
pass filter and this is why the rejection is better at 1MHz than at 1.7MHz,
During the optimisation process the capacitor values were constrained to E12
values for ease of manufacture. The filter circuit is shown below.
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Fig 3.25: Circuit diagram of the 1.35MHz band-
pass filter

Fig 3.26: Complete circuit diagram of the down-up
filter mixer.

iga
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The resonating capacitors are made up from two parallel capacitors to obtain
the required value and to maintain the higher Q) possible with smaller capacitor
values, Hence, the 780pF capacitors consist of two 390pF in parallel and the
720pF consist of a 390pF and a 330pF. All capacitors are ceramic plate types
with a Q of greater than 2000 and are made by Philips.

The inductor values are as follows:

L1 &T4 16.74uH
L2 &1L3 18.13uH

The overall schematic of the rest of the circuit is shown in Fig 3.26. The crys-
tal oscillator uses an NPN transistor configured as a Colpitts oscillator with
feedback provided by the tapped capacitors between base and emitter. Two
high-value resistors to bias the base at one-half the positive rail voltage provide
the base bias of the transistor. The output from the oscillator is capacitor-cou-
pled to the bottom npn transistor in the modified Gilbert cell mixer. The
10,7MHz output from the filter/mixer is provided by a variable inductor res-
onated to 10.7MHz by the 150pF capacitor.

SYSTEM CALCULATIONS

In order to establish if the proposed receiver is able to fulfil the required param-
eters, we need to do some calculations using the various building blocks.
Whereas it is quite simple to do these with a scientific calculator, the availabil-
ity of analysis software makes the task less onerous and allows many different
combinations to be examined in a short time. The author uses the program
SysCalc.
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Fig 3.27 shows a typical analysis for a proposed Hydrogen Line receiver at Fig 3.27: Analysis
1420MHz. This receiver requires a very low noise figure and an IF bandwidih software  output
of approximately 50kHz. Using a wide-band IF reduces the ultimate sensitivity, S¢"®"
but allows more noise energy to be captured and a shorter integration time.

The various blocks are constructed with the gain or loss, noise figure and
intermodulation parameters assigned. The system will consist of a two-stage
PHEMT LNA mounted at the antenna, and the main receiver is situated remote-
ly with a feeder cable connecting the two units. The relay connecting the LNA
to the antenna is used as part of the Dicke switching to allow a load resistor or
the antenna to be connected to the LNA; this was measured to have a loss of
0.1dB. This is a microwave changeover relay obtained from a scrap Hewlett-
Packard piece of test equipment which covered 1 to 18GHz. As this precedes the
LNA, this loss adds directly to the overall noise figure. The predicted noise fig-
ure of the LNA first stage is 0.18dB with a gain of 13dB; this design uses
Agilent ATF-34143 PHEMT devices in a strip-line circuit. The [first stage is
optimised for the best noise figure and the second is optimised for best gain of
17dB consistent with obtaining a noise figure of (.3dB. The overall LNA noise
figure is (.21dB and the gain is 30dB.

The input signal level assumed was -140dBm and so the power levels shown
throughout the analysis results show how this level varies with the gains and
losses of the various stages. At the output of the main receiver, prior to the
detector, the level has risen to 72dBm because the overall gain is approximate-
ly 68dB. The detector is the AD606 log amplifier, which has an intercept point
sensitivity of -88dBm and a useful input sensitivity of approx. -80dBm.
Therefore the receiver system will be able to resolve signals much below -
140dBm; by altering the input power level, we can see that the minimum dis-
cernible signal is -148dBm with the 50kHz bandwidth. If we choose to use a
narrower IF bandwidth. say 10kHz, then the MSD level falls accordingly.
However, a very narrow IF bandwidth would require the LO to be variable in
frequency to correct for the expected Doppler shift from distant objects.

The main receiver consists of a band-pass image rejection filter at 1420MHz
and then an LNA prior to the mixer stage. Connecting the LNA and the receiv-
er is a length of low-loss feeder with a predicted loss of 1dB; this will be a
piece of foam-filled microwave coax. It would be preferable to eliminate this
extra loss by siting the receiver down-converter at the antenna, but environ-
mental problems concerning weatherproofing and ambient temperature
changes made this a difficult challenge. By changing the analysis file, we can
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see what advantage is likely to ocecur if’ we choose this route. In fact, there is
no significant improvement. the overall noise figure remains the same; the only
change is 1dB more output signal at the input to the log amplifier, so there is
no need to go to all the trouble and inconvenience of mounting the receiver at
the antenna, In fact, with 6dB of feeder loss, the overall noise figure rises only
to 0.34dB, so the loss in this piece of cable is relatively insignificant.

The noise figure of the main receiver is approximately 2.7dB, being the band-
pass filter loss and the noise figure of the receiver LNA stage and the following
stages,

The other thing the SysCuafe sofiware is able 1o do is to analyse how large a
signal is needed to paralyse the receiver. If the input signal is above a certain
level, the later receiver stages will be driven into a non-linear region and will
generate IMD products that will mask the wanted signal. With an input level of
-140dBm, the spuricus-free dynamic range (SFDR) is 539dB. So, as long as the
input signal does not exceed 140 - 59 =-81dBm, the receiver will perform sat-
isfactorily. If the input level is anticipated as being greater than -81dBm, it will
be necessary to provide some form of manual gain control m the receiver, per-
haps in the IF amplifiers following the mixer, The AD606 log amplifier can
salely handle large input signals up to +10dBm without overload.
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t is obvious that the antenna directivity (gain) plays a very signilicant

it
,afa,p' / part in the receiver equation. In fact, it has been said that 'the best low
e ’z‘ ! noise amplifier is the antenna’. Whereas there is some element of truth

in this statement, it should not be taken in the wrong context. Nevertheless, the
antenna is one of the most important items in any radio communications sys-
tem. The terms directivity and gain are somewhat interchangeable. An antenna
with a small beamwidth inherently has a high gain; conversely an antenna with
a low gain will have a wide beamwidth.

Antenna gain is also in direct proportion to the gffective aperture size (cap-
ture area) of the antenna. It is relatively easy to see the connection between the
physical size of a parabolic dish or dipole array and the apparent gain, but in the
case of a Yagi or other types of antenna, it is not so obvious.

ANTENNA DIRECTIVE GAIN

The directive gain of a transmitting antenna (Gd ) may be defined as

_ Maximum radiation intensity

X Average radiation intensity

where the radiation intensity is the power per solid angle radiated in the direction
(8, &) and is denoted P(, ¢). A plot of the radiation intensity as a [unction of the
angular co-ordinates is called a radiation-intensity pattern, or polar diagram.
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Since the average radiation intensity over a solid angle of 4x radians is equal
to the total power divided by 4m. the directive gain can be written as

G. = dn(maximum power radiated per unit solid angle)
d= .

lotal power radiated

The gain of the antenna, G is defined as

_ Maximum radiation intensity from antenna
Intensity fom isotropic source of same power

Accordingly, the gain of an antenna is related to that of an isotropic source, in
dBi. Another way of expressing antenna gain is to refer it to a hall~wave dipole
at the same frequency, or dBd. Another means of comparing the apparent gain
is to use a reference antenna such as the IEA dual-dipole over a ground plane;
this, if correctly constructed, gives a gain of 7.7dB relative to a half-wave
dipole.

Professional antennas, as used in radio astronomy, always quote gain in dBi.
A dipole is semi directional, having two major lobes, or directions of radiated
energy, and it has a gain over an isotropic source of 1.64 times expressed as a
power ratio or 2.15dB when expressed in logarithmic terms.

ANTENNA EFFECTIVE APERTURE EQUATION

The effective aperture (capture area) ol a parabolic antenna is expressed in
terms of the area, Ag,, by

A=A X1,

where: A, is the effective aperture area (m?),
1 is the aperture efficiency, and
Ay 1S the actual collecting area of the antenna (m?).

From this, antenna gain, G, can be derived

G = Imhe

l}

where: A, = effective aperture of the antenna (m?2),
Gy = gain of the antenna as a power ratio, and
A = operating wavelength (m).

For a parabolic antenna

nD? -
Aphyy = 7 P .
where: D is the diameter, and

r is the radius (m).

For practical circular aperture antennas (parabolic dish, etc) the formula needs
to take into account the efficiency of the antenna, and the formula becomes
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Where 1 is the efficiency (=1 = 100%),

To give some indication of the implication ol the efficiency factor, most par-
abolic antennas have an efficiency Factor of approximately 1.5 to 0.6, What this
means is that although the dish may be, say, 1000 m? in actual surface area, if
an efficiency factor of 1 (100%) was possible the dish would only need to be
about 500 to 600 m? to achieve the same gain as the larger parabolic antenna.

Taking Jodrell Bank Mk1 as an example at 408 MHz:

Diameter = 250ft = 76.2m,

Ay = T2 = 4560m?,
n =035,
A=0.69m

4nA
GN=T;"’-‘—xu=6.m?xm*.

Therefore G, = 10log(6.017 x 104) = 47.8dBi.
Working out A, from the gain of 47.8dBi = 2148m2.

This is equivalent to a parabola of 52.3m in diameter (171ft). So, if it were possi-
ble to achieve an efficiency of 100% the saving in the parabolic size would be con-
siderable. However, any improvement, even a few percent, is worth striving for.

BEAMWIDTH VERSUS ANTENNA GAIN

It is as well to appreciate that the apparent 'gain’ of any antenna is solely due to
confining the radiated power into a small conical beam area. An approximation
of the antenna gain can be calculated from the half-power beamwidth (-3dB) of
the antenna, derived from the formula of Dr John D Kraus, W8JK

_ 27000
=" oy

where 8 and s are the herizontal and vertical components, or

[ A
By

if the beamwidths are in radians.

If the efficiency of the antenna is taken into account, due to the ohmic losses
etc, the equation can be re-written as

27000

=%
By
for the beamwidth in degrees.

a
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Note: The gain derived is expressed as a power-ratio.
For the gain of the antenna in dBi, the formula becomes:

27000 |o.. i,

G, =10log

Oy

Note: To express the gain relative to a half-wave dipole (dBd), subtract 2.15dB
from the result.

Example:
An antenna has vertical and horizontal -3dB beamwidths of 5°, The appar-
ent gain is therefore approximately 30.33dBi, or 28.18dBd.

By comparison a 16-element Yagi will have a gain of approximately 18dBi or 15.8dBd.

Fig 4.1: 327TMHz
crossed-dipole
array and feed-
trough  refiector
used at Jodrell
Bank for receiving
the Deuterium line.
(Photograph: J
Fielding 2004)
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FRONT-TO-BACK RATIO (F/B)

A parameter often quoted for directional antennas is the front-to-back ratio.
Some antenna manufacturers quote some unbelievable values for this parameter
and the reader needs to appreciate what it actually means. As the F/B number
gets bigger, the average amateur assumes this is a really superb antenna. Don't
be fooled!

If F/B is, say 20dB, this means that the signal power received from a source
at the rear of the antenna is 100th of that of the same source viewed from the
front. Sounds good? However, an antenna with F/B of 20dB may have a for-
ward gain of about 13dBd. Hence, the difference. in practice, is really only 7dB
below a dipole. Front-to-back ratios need to be more like twice the forward
gain lo prevent strong signals causing interference. For a parabolic antenna,
F/B is often as high as 50dB or more because of the consiruction. Yagi anten-
nas do not have such good values of F/B: the best you can expect is about 30dB
with a long-boom design. And this quickly falls to less than 15dB when the sig-
nal is at a point about 30° off the back of the array, due to side lobes in the polar
pattern.

To put F/B into perspective, you need to consider the signal strength being
received. If, for example, the signal received off the front of the antenna is
S9 +40dB then when this same signal is received off the back with a F/B of
20dB the signal will be $9 +20dB, in other words it is still a very strong sig-
nal,

If we look at it another way, which is applicable for all forms of weak-signal
reception, assume the wanted signal is equal to S1 and the interfering signal
from the rear of the antenna is $9. With 6dB per S-unit this is a difference of
48dB. If F/B is 30dB, the interfering signal is still 18dB stronger than the sig-
nal we are trying to receive.

YAGI AND OTHER BEAM ANTENNAS

As a slight diversion, it is useful to explain how the aperture or 'collecting-area’
of a Yagi or other beam antenna varies with gain. A very long Yagi - with many
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directors - will have a high forward gain. In order to achieve this, it confines the
vertical and horizontal radiated pattern into a small area. or a narrow quasi-con-
ical beam,

Hence, a Yagi with only a few elements will have a low gain, a wide
beamwidth and hence a small aperture - expressed in m?. A very high-gain Yagi
will have a narrow beamwidth and hence a large aperture or effective signal col-
lecting area, although the antenna physical dimensions can be much smaller
than the apparent collecting area.

If you take a Yagi designed for 144MHz and scale il to make a 432MHz ver-
sion, the forward gain should end up being the same. However. at the higher fre-
quency. the collecting area or aperture is only 1/9 of that of the 144MHz anten-
na. To obtain the same level of signal power we would need to increase the gain
by the same factor (nine in this case) of about BdB.

Because of the factors constraining a Yagi or other beam antenna design, you
cannot simply keep adding director elementis to infinity. The elements further
away from the feed-point have less and less effect as the director number
ncreases.

There is a certain maximum number of directors beyond which each addi-
tional element contributes so little extra gain it becomes insignificant, and the
mechanical problems with supporting 2 long slender boom become excessive.
Consequently, a practical Yagi antenna is often limited to about 24 directors or
less.

In experiments, it has been shown that, for a very long Yagi (=30 director ele-
ments), you can cut off the front third of the antenna and the gain only falls by
about 1 to 2dB. If more gain is desired, it is mechanically better to stack two or
more medium length antennas to constrain the vertical beamwidth to achieve
extra gain.

Below is listed some experimental data obtained from various Yagi antennas
obtained by Fishenden and Wiblin [1]

It is perhaps worthwhile pointing out the apparent incorrect name of the Yagi
antenna. Uda, a professor at the Tohoku Imperial University in Japan, performed
the original work. Uda published his paper [2] in Japanese and, because of this,
very few antenna designers were aware of it for many years,

Subsequently Yagi, a colleague of Uda, in another paper written in English
and published in an American journal, described the experiments performed by
Uda.
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Yagi antenna stacking distance

The optimum stacking distance is, in reality. a function of boom length. For
example, if two horizontally-polarised 6-element Yagis are stacked vertically,
the distance required is approximately one wavelength, which is approximately
the boom length.

If two 20-element Yagis are stacked vertically the distance required is approx-
imately five wavelengths, which is also approximately the boom length. When
four Yagis are stacked in a box configuration the vertical and horizontal stack-
ing distances will often not be the same. This is because the vertical and hori-
zontal beamwidths are usually not the same value. The exact distance required
is that which just causes the individual antenna patterns to [ringe at some far
point,

If the separation is too small, the patterns overlap and, due to wave distur-
bance, the gain falls several dB. If the separation is too great, the patterns do not
fringe correctly and the loss of gain is a little less, but can still amount to sev-
eral dB. In order to calculate the optimum separations, we need to know with
some accuracy what the vertical and horizontal beamwidths are at the 3dB
points. Without this mformation, we cannot accurately determine the best dis-
tance.

The formula to calculate optimum vertical stacking for horizontally-polarised
antennas is

D, =—
Zsin(q];f; ]

= distance in wavelengths for vertical stacking.

The formula to calculate optimum horizontal stacking for horizontally-
polarised antennas is

e 1
: Isin{m"‘/;}

= distance in wavelengths for horizontal stacking.

D

dy, and &, are the horizontal and vertical beamwidths -3dB values in degrees.

To convert to the distance in metres, multiply D, and Dy, by A.
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Example:
A 144MHz horizontally-polarised Yagi has horizantal and vertical -3dB
beamwidths of 20° and 30° (a gain of 16.5dBi or 14.35dBd). If two such
Yagis are stacked in a horizontally-polarised form, two antennas can be
positioned one above to form a vertical bay. Alternatively, the two Yagis
could also be stacked side by side to form a horizontal bay.

For the vertically-stacked case. you only need to know the vertical pattern
beamwidth. For the side-by-side stacking, you only need to know the horizon-
tal pattern beamwidth.

If four Yagis are stacked in a box configuration. this is now two sets of verti-
cally-stacked and horizontally-stacked arrays, and both the vertical and hori-
zontal pattern beamwidths are required.

The optimum distance in this example for vertical stacking is 4.3% (8.9m) and
the horizontal stacking distance is 6.4 (13.3m). A1 144MHz, & = 2.083m.

Note: The distance is the boom centre-to-centre measurement. To calculate for
vertically-polarised antennas, transpose the vertical and horizontal beamwidths
in the above formulas.

Since the maximum theoretical increase in gain with perfect stacking of two
antennas is two (3dB), it can be seen that the correct stacking distance is criti-
cal. When four antennas are stacked, the maximum theoretical gain increase is
four (6dB). In practice, the net gain will be lower due to imperfect stacking dis-
tances and the additional feed-line and the combiner losses. At best, we can
expect 2.5dB for a two-stacked array and about 5dB for a 4-stack array.
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When several antennas are stacked, the various feed-points need to be con-
nected together with low-loss power combiners and feeder cables. The match-
ing of impedance, amplitude and phase are extremely critical to achieve maxi-
mum gain. If the impedance, amplitude or the phase is in error, a loss occurs. If
only the amplitude or phase is in error. as well as a loss of gain the antenna beam
is skewed away [rom the boresight axis of the boom, causing a 'squint'. In severe
cases, this also causes the horizontally-polarised antenna to become predomi-
nantly vertically polarised, and vice versa.

One of the most important factors to consider before several antennas can be
stacked is that they must all be identical. The impedance match and gain need
to be as close as possible for all the antennas. Another point to watch out for is
the connection to the driven elements. 1f one or more driven elements have the
feed transposed, a severe loss of gain will result. Although each individual
antenna might have the same gain within a fraction of a decibel, the phase will
be 180° different if the driven element is connected incorrectly. If when you
look at the driven element from, say. the rear and the centre lead of the coax
goes to the right-hand side element.all the other antennas must be connected in
the same way. Also. do not mount some of the antennas upside down unless the
driven element is also connected correctly to compensate for this. In a four-stack
array with two antennas one way up and two the other way up, the net gain will
be 0dB. We will return to this problem a little later when we discuss various
arrays using dipoles or Yagis.

Combiner and cable loss

Any practical power combiner will have some loss. Generally this is quite small
for a well-designed and constructed unit. However, even 0.25dB is ~5% of the
total power. The length of cable required from the power combiner to each
antenna can end up being quite long and this introduces extra loss. It is neces-
sary to use the lowest-loss cable possible for these connections. (Low-loss cable
is, however. a large diameter and hence adds extra weight and may cause prob-
lems with sagging of the rear portion of the boom, necessitating additional brac-
ing which, if of a metallic structure, can cause some interaction with the main
array and a further loss of gain to occur.) The extra loss of the combiner and
connecting cables may well be more than the extra gain achieved by stacking.
Hence, a stacked Yagi array is not very suitable where the ultimate performance
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is required, such as in radio astronomy. It also limits the radio telescope to a sin-
gle narrow band of frequencies.

A further factor is that the simple Yagi is a plane-polarised antenna, and it is
either mounied so that the predominant polarisation is horizontal or vertical. For
radio astronomy, it is useful to be able to select many different types of polari-
sation so that the signal polarity may be ascertained.

Especially at low frequencies, this is essential due to variable Faraday rota-
tion to which low-frequency signals are susceptible. This would require
crossed-Yagis and consequent extra feed-lines, phasing networks and combin-
ers. This then becomes a very big compromise and a somewhat self-defeating
exercise.

However, for low frequencies, a relatively small plane-polarised Yagi array
can develop more gain than a practical sized parabolic dish. As an example, the
author's 23cm long-Yagi array of 26 elements x 4 is equivalent to a dish 4m in
diameter.

The array occupies a frontal area of approximately 0.5m?. The 4m-diameter
dish occupies 12.6m? and hence has considerably more wind loading. For a
144MHz array of four 22-element Yagis with a nominal gain of 24dBi, the
equivalent dish would need to be approximately 15m in diameter.

Antenna bandwidth

One of the most misunderstood facts about the Yagi and other beam antennas is
what is meant by bandwidth. Depending on the perception of the most impor-
tant criteria changes the definition. Criteria for bandwidth might be gain, axial
directivity, F/B, level of side lobes, squint level of vertical or horizontal polar
diagram and impedance match. Most amateurs regard the bandwidth criteria as
being solely the impedance matching.

An average long Yagi in practice will have a 2:1 VSWR bandwidth of about
1%, at 2m this is about 1.5MHz. This means if you have designed the antenna
to have an optimum impedance match at the bottom of the band, when you
attempt to use it in the satellite portion above 145.8MHz the VSWR is too high.
Long Yagis behave very much like narrow-band filters; in fact they are narrow
band filters!

However, VSWR is not the be-all and end-all of Yagi antenna design. With a
flexible enough matching network you can match just about any antenna to
500, What is more important is the gain-bandwidth product. Il the constructor
has had to modify element lengths to provide a low VSWR match, the chances
are the antenna is no longer resonant on the design frequency.

Take the simple half-wave dipole as an example. When the element lengths
are resonant, the feed impedance will be close to 752 non-reactive; in fact, the
exact value is 73.1 +j0£2.,

If this dipole is connected to a 7560 ransmission line, the VSWR will be very
close to 1:1. However, if it is connected to a 50€2 transmission-line, this will
yield a VSWR of ~1.5:1. In actual fact, the antenna will radiate perfectly well
whether the transmitter 'likes' the match or not. All the RF power entering the
feed point will be radiated.

The portion of the RF power that is reflected back towards the transmitter will
eventually return. because it will also be reflected back again by the output net-
work in the transmitter.
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In days gone by, before the through-line VSWR meter was invented, a differ-
enl method was used. The transmitter used an aerial ammeter that showed the
RF current being sent to the antenna. This was a much better indication; one
simply tuned for maximum current. The output network in the valve transmitter
could normally match over a wide range of impedance and, when maximum
current was reached, the transmitter was putting out maximum power into the
antenna. When the VSWR Bridge type of meter was invented, amateurs sud-
denly became aware of the mismatch that had always existed but did not limit
the performance. We became obsessed with the VSWR reading; before, we were
blissfully unaware of it and everyone was happy!

Many amateur conceptions about VSWR are wrong. One of the misconcep-
tions is that if the antenna feed-line is open circuit, the voltage becomes very
high and can cause arcing. This simply is not true and it can be shown that,
under an open circuit condition, the voltage at the open end of the transmission
line only increases to a value of twice that of a properly-matched line. Similarly,
under a short circuii condition, the current can only rise to a value of twice the
matched-line condition.

When you alter an antenna element length because you are ohsessed by the
VSWR, you change its resonant frequency. In many cases you can get a good
VSWR match, but the antenna is now some way off its resonant frequency.
Walter Maxwell, W2DU, in his book Reflections, gave a hint of how the anten-
na industry works. A junior engineer proudly presented to Maxwell a new, com-
pact, wide VSWR bandwidth, spacecraft antenna he had designed, for his com-
ments, Maxwell commented "l have an antenna in my drawer which no doubt
radiates better than this one”. He then produced a 500 dummy load!
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Very few amateurs, when they build a Yagi antenna, bother to do even basic
tests with a field strength meter to determine the forward gain and side lobes.
Even a rudimentary set up can be used to get an idea of the -3dB points and the
gain relative to a dipole. Elements that have been radically altered in length,
apart from reducing the gain al the expense of a VSWR improvement, usually
exhibit a squint along the boresight of the antenna. This is because they are
operating either above or below the correct frequency. This means the maximum
gain is now at some angle to the centre line of the boom. Often it is the vertical
component and, if the antenna is mounted so that it is horizontally-polarised,
you will not be aware of this. It could mean that a good deal of your precious
power is either being sent skywards or into the ground! This type of 'electrical
steering' is used in many radar and radio telescope antennas to bend the beam in
another direction without moving the antenna.
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The bottom line is this. If you build an antenna to a published design and find
the VSWR is not what it should be then the chances are that you have made a
mistake somewhere and "fudging’ the element lengths is a poor way of correct-
ing the problem. Alternatively the antenna was a poor design to start off with!

A higher-than-normal VSWR can be caused by many factors. The antenna
impedance, as seen by the transmission line, is made up of two components,
resistive and reactive. In practice, the resistive part also comprises two compo-
nents. One is the radiation resistance of the antenna and the second is the ohmic
loss due to non-perfect electrical conductors. The second component, the ohmic
loss, is normally quite low, because we normally use high-conductance materi-
als, such as aluminium, for the antenna, because it has a high strength-to-weight
ratio, but any joints can be the cause of ohmic loss.

The radiation resistance is the transformation of the free-space impedance of’
approximately 377€} to the antenna design impedance of, say. 50£). The anten-
na is thus an impedance transformer with a ratio of about 8:1. Any dimensional
inaccuracies in element length or spacing will change the transformation ratio
and cause a loss in coupling to the free-space impedance. If the ohmic losses are
more than a small percentage of the radiation resistance, the gain falls.

The reactive components, in theory, cannot dissipate power and, therefore, are
incapable of introducing loss. With high-Q matching components, either induc-
tive or capacitive, the inherent losses are very small. The problem comes when
you use less-than-perfect components for matching networks.
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If the antenna design requires an inductive element in the network to cancel
out a capacitive reactance at the feed-point (for example a 'hairpin loop'), the
inductor needs to have a very high Q. If the inductor has excessive loss, the
overall result is that you are introducing resistive loss, and this can dissipate
power.

Many amateurs are stumped when they come across a situation like this and,
because they can't see the wood for the trees, start altering element lengths and/or
spaeings to try to find a solution. Professional antenna designers have access lo
complex test equipment such as vector network analysers and vector voltmeters
to solve the problem, The vector network analyser displays impedance on a
Smith Chart and the exact value of reactive and resistive components can be read
off the chart: A Vector Network Analyser (VNA) on its own is not of much use,
apart from displaying the impedance match. If a 5002 load resistor were con-
nected to a VINA, it would display a perfect match across a very wide {requency
range. All the VNA is capable ol doing is to show the designer how the imped-
ance match varies with frequency and the phase relationship, ie capacitive or
inductive: knowing this, the designer can alter the matching componenis to
obtain the best match over the frequency range of operation.

Vector voltmeters measure the amplitude of the vollages and the phase angle
separating them. If a two-element vector voltmeter is connected across the two
outer ends of a dipole cut for a particular frequency. the voltages should be iden-
tical and 180° out of phase. In many antenna designs, apart from narrow band
dipales, this is not always the case. In Yagi-Uda arrays, the alternate elements
in the director string exhibit a phase change of approximately 90° as the vector
voltmeter probe is run down one side of the dipole ends. As long as the other
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