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days. They have de-
cided to run a course
on pic’s & program-
mers in the evening.
Contact Experilab on
011 768 7870 for more
details or email
shop@e-lab.co.za
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Things I have found
this year so far:

Demo programs that
still don’t comply with
Y2K or work properly
in 2005.

I have not yet received
a 2005 Calendar from
the club, so nothing
can go wrong this year.

Alkaline batteries that
leak.

Experilab at Princess

Crossing has been  Windows XP Service

Special points of
interest:

. Contact
details on
back page
(updated)

© New email
address for
Anode and
ZS6WR.
See back

page

running courses for
young experimenters
during the school holi-

pack 2 = ‘Mostly Harm-
less’

[For Bob ZS6RZ]

What are Gray codes,
and why are they
used?

The correct spelling is
"Gray" - not "gray",
"Grey", or 'grey" -
since Gray codes are
named after the Frank
Gray who patented
their use for shaft en-
coders in 1953 [1].

Gray codes actually
have a longer history,
and the inquisitive

(Continued on page 2)

Intermodulation Performance and
Measurement of Intermodulation Components

by Lloyd Butler VK5BR |
R e e

Introduction

To define the perform-
ance of a receiver or
transmitter, vari-
ous specifications are

recorded which are ob-
tained from measure-
ments carried out. Per-
haps the least under-
stood of these in ama-
teur radio  circles
is intermodulation per-
formance and how it is
measured. The aim of
this article is first to dis-

cuss
products and how they
are produced and then
look at how they are de-
fined and measured.
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What are Intermodu-
lation Products?

single fre-
quency (f1) is fed
(Continued on page 9)
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reader may want to look up the
August, 1972, issue of Scientific
American, which contains two
articles of interest: one on the
origin of binary codes [2], and
another by Martin Gardner on
some entertaining aspects of
Gray codes [3]. Other refer-
ences containing descriptions
of Gray codes and more mod-
ern, non-GA, applications in-
clude the second edition of Nu-
merical Recipes [4], Horowitz
and Hill [5], Kozen [6], and Re-
ingold [7].

A Gray code represents each
number in the sequence of inte-
gers {0...2°N-1} as a binary
string of length N in an order
such that adjacent integers
have Gray code representa-
tions that differ in only one bit
position. Marching through the
integer sequence therefore re-
quires flipping just one bit at a
time. Some call this defining
property of Gray codes the
"adjacency property" [8].

Example (N=3): The binary
coding of {0...7} is {000, 001,
o010, 011, 100, 101, 110, 111},
while one Gray coding is {000,
o001, o11, o1o, 110, 111, 101,
100}. In essence, a Gray code
takes a binary sequence and
shuffles it to form some new se-
quence with the adjacency
property. There exist, there-
fore, multiple Gray codings
for any given N. The example
shown here belongs to a class
of Gray codes that goes by the
fancy name '"binary-reflected
Gray codes". These are the
most commonly seen Gray

Decimal Binary Reflected Binary Hexadecimal
0 0000 0000 0
1 0001 0001 1
2 0010 0011 2
3 0011 0010 3
4 0100 0110 4
5 0101 0111 5
6 0110 0101 6
7 0111 0100 7
8 1000 1100 8
9 1001 1101 9
10 1010 1111 A
11 1011 1110 B
12 1100 1010 C
13 1101 1011 D
14 1110 1001 E
15 1111 1000 F
1'+| +5 codes, and one simple
BO q ;
Go scheme for generation
Ula 3 such a Gray code se-
HC86 quence says, "start with
71 Gnd all bits zero and succes-
Bl ¥ sively flip the right-most
uUib 6 [ G1 bit that produces a new
HC86 string."
Be i The table shows the vari-
9 Ulc g | g2 ous values. GRAY code is
HC86 — ——otherwise Lknown as
'reflected binary’
B3 _
13 The circuit shows how to
uld 11] G3 translate the binary (BO to
19 /HC86 B4) to GRAY code (GO to
14/+5 G4). 74HCB86| 7486 or any
B4 fp— exclusive OR gate should
Uza 3 | G4 do the job.
HC86 {---}
To BS5 if needed. 71Gnd (Continued on page 3)
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Beeswax in an oscillator
compartment

From: "Larry Gagnon"
<lagagnon@fakeuniserve.
com>

Subject: beeswax in an oscilla-
tor compartment

Date: 2004-12-15 23:21

I posted a few days ago about
repairing a VHF marine radio.
Thankfully I solved my prob-
lem, locating three cold solder
joints in the VCO,
which entailed removing metal
shields and all the beeswazx that
coated all the components. That
was character building work!

I gather the beeswax is to en-
sure rigid components to main-
tain stability of the oscillator?
Any other reasons for it? Is it
necessary for me to remelt the
old wax and spread it around
as before, or can I get away
with just re-shielding the VCO?

Any suggestions appreciated.
Larry VETEA

[to reply via email remove
"fake" Microsoft will soon re-
lease their newest product: a
vacuum cleaner. It will be their
only product which doesn't
suck. Hi,]

Go ahead and remelt it. We al-
ways did when I used to work
in Midland's Ser-
vice department back in the
70's. Never caused a problem.

Beeswax has been used for se-

curing the windings on tor-
oids.

According to my boss in the
late '60s and early '70s,W.T.G.
Glasspool (would you guess
he was British?), beeswax was
widely used in the past to se-
cure coil windings, seal slugs
in the cores of forms
and transformers, etc.. Appar-
ently it doesn't reduce the "Q"
too much, and was read-
ily available in those days.

73, John - K6QQ

I purchased some here in the
UK from a local craft shop
quite recently. It is an excel-
lent material for holding
things together as long as the
temperature doesn't get too
high and IMHO makes a
neater job than hot-melt for
holding small items onto a
PCB. The trick is to keep an
old iron bit especially for the
job (and also for starting holes
in plastic boxes.) The stuff I
got is in the form of small
beads and so very easily han-
dled with a pin. The wax in
that VCO, BTW, is anti-
microphonic in purpose and
definitely should be re-
melted. This is particularly
important if the loudspeaker
is in the same cabinet with the
radio. Cheers - Joe, G3LLV

Beeswax goes back the the
1930s USA designed radios
too.

In common radio design use
since then. >It is excellent as
it has a high melting point (for
waxes).
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Just put some it back on, it
keeps the coils/wires station-
ary.

You should only need a line on
both sides of the coil.

Quite true on old-time radio
production, but primarily for
the lower-cost "consumer" type
models.

The wax isn't from bees, but
rather from other sources and
is usually called "ceresin wax."
Pours easily when hot, stays hot
enough for a quick brushing-
on.

Unfortunately, hot spots in old
tube/valve equipment lets the
wax soften and it sometimes
dribbles off and quits holding
what it was supposed to hold.

O-T story: Back in 1956 when I
was new to WREX-TV and on
midnight maintenance shift, I
was supposed to align the air
monitor scope that sampled the
transmitter output signal. The
video response was way off
judging by the sync signal ap-
pearance. Cause was the peak-
ing coils of the internal tube
video amplifier. An hour spent
with a video sweep generator
and a hot iron brought the
peaking coils (pie-wound in-
ductors sliding on 1 Watt resis-
tor bodies) into a good, flat
video response. Early day shift
complained long and Iloud
about "the air monitor doesn't
work!" It showed the correct
waveform, not the one they

(Continued on page 4)
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were used to! :-)

[nobody had been able to fix it
before and all it took was to
move the coils slightly to adjust
their inductance]

There's nothing special about
the wax. It was a convenience
to use in production, quick,
easy-to-use and cheap. To do a
good hold on things like induc-
tors, I would recommend the
"spar varnish" kind of varnish
(made from petroleum distil-
lates, not the urethane type).
One example of that is
McCloskey "Gym Seal" in-
tended for hard-use floor fin-
ishing and found in Ilumber
yards and do-it-yourself stores.
Varnish needs to cure over-
night to be effective, doesn't
drop Q any more than the poly-
styrene "Q Dope" (which will
lose its holding power because
of moisture breaking the bond
to the work), and holds on infi-
nitum (also known as at least 30
years based on my experi-
ence).

LenAnderson@ieee.org

Actually, the beeswax is a natu-
ral by-product of 30 hertz oscil-
lators. Always wear gloves be-
fore opening!

)

The Eternal Squire

Beeswax goes back the 1930s
USA designed radios too. In
common radio design use since
then. It is excellent as it has a
high melting point (for
waxes). Just put some it back
on, it keeps the coils/wires sta-

tionary. You should only need
a line on both sides of the coil.

Remember "fish-paper"? used
that in a early 1980 moto radio
design.

I know the type of wax you
are talking about, harder and
a little darker than beeswax.
"Fish paper" (not made from
fish) was common in E-I lami-
nation transformer construc-
tion as a winding insulator.
Actually it IS paper but im-
pregnated with a polymer,
good for tight wrapping of
wire layers because it does
not have the "give' of many
plastic film wraps. Thin cloth
impregnated with phenolic
resin was sometimes used for
cheap insulation as a substi-
tute for "fish paper" on non-
transformer structures.

If someone is intent on using
any wax, then paraffin wax
would be a bit better since its
melting temperature is higher
than ceresin waxes. Paraffin
blocks can be found in larger
do-it-yourself stores such as
Lowe's or Home Depot.
Harder to work with than the
low temp-melting ceresin wax
for potting small things.

LenAnderson@ieee.org

Beeswax and encapsulation
seemed to be the fad for the
Japanese mfg. in the early
1980s. I have heard various
reasons, but mobile operation
(with potential bouncing and
jarring) is often men-
tioned. Kenwood amateur

gear had some noted PLL prob-
lems with their encapsulation
materials of that period -- al-
though they were not the only
mfg. using this method.

I am curious to know the age of
the transceiver and mig.

Greg w9gb

Direct conversion spectrum
analyser

From: "Avery Fineman"
<averyfineman@aol.com>
Subject: Re: Direct conversion
spectrum analyser

Date: 2003-10-14 23:16

In article <bmgam6$mgi8n
$1@ID-61331.news.uni-berlin.
de>, "Hans Summers" <Hans.
Summers@Tudor.Com writes:

"Ashhar Farhan"
<farhan@hotfoon.com> wrote
in

mesage news:8331b126.031013
2158.4a53459c@posting.
google.com...

here is a spectrum analyser de-
sign that i would like the group
to comment upon.

1) we take the input via a low
pass filter, up convert it to an IF
of 100Mhz or so, and follow it
up with a direct conversion re-
ceiver at 100 Mhz with 20 khz
bandwidth.

2) the upconverting local oscil-
lator is a VCO that is controlled
(Continued on page 5)
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by a sweep generator. the
sweep is controlled by a PWM
modulated signal in the audio
range.

3) the sweep generator input is
connected to the output of a PC
sound card. the output of the
direct conversion receiver is
connected to the input of the
PC sound card.

Now, by clever programming
of the sound card on the PC, we
can make the VCO sweep our
passband of interest. The sound
is often digitised at 16 bit levels
(in the better systems at 32-bit
level). This will effectively give
us 90db range. the logarithmic
scale can be implemented in
software. DSP can be used to
set the bandwidth to any par-
ticular size.

The most important benefit of
this design will be that even
hams without expensive oscil-
loscopes will be able to easily
make a PC based analyser that
is easy to assemble and use.

If there isn't any glaring prob-
lem with this design, i would
like to pull out my soldering
iron and take a go. Is anyone
here with spectrum analyser
experience willing to share
knowledge?

I have recently completed a
spectrum analyser, see

http://www.hanssummers.com/
electronics/equipment/
spectrumanalyser/index.htm.

It is awaiting possible maga-
zine publication so there are
not vyet any circuit
or construction details on the
page above. If you want the
full details, email me privately
and I'll show them to you.

I also tried a direct conver-
sion receiver initially. It does-
n't work on in analogue (i.e.
non-PC) analyser, because
there are all sorts of hetero-
dynes of the sweep frequency
against the directly converted
incoming signal. Of course I
kicked myself afterwards for
not thinking of it in advance to
save myself the time of the ex-
periment.

I think broadly speaking the
final IF should be substantially
higher than the frequency of
the sweep waveform, so that
the final filtering works faster
than the sweep. There are lots
of people in this forum far
more advanced than me who
will probably be able to ex-
plain it better in terms of filter
response times or group de-
lays or something.

Though there might be a way
of untangling everything in
software so it may work. Be-
ing direct conversion you'll
also have both sidebands pre-
sent, which will create further
complications. Again, clever
software might untangle it but
I think it's far from straightfor-
ward.

Another problem is the nar-
row bandwidth. 20KHz is a
nice bandwidth to have but I

Page 5

think in a spectrum analyser
you also want wider band-
widths available. In particular,
if you are digitally generating
your sweep voltage, and trying
to cover the whole 100MHz,
you need of the order of
100,000 / 20 = 5,000 discrete
measurement intervals. You
can't display that many horizon-
tal pixels on screen. You could
average them in software, but
at the low 20KHz bandwidth,
you're going to need quite a
slow sweep rate. 5,000 meas-
urements are a lot and will take
a long time.

It's a nice idea but I don't think
it will work as it stands.

My recommendation would be
to add a 2nd IF to your design,
2nd IF amp and logarithmic de-
tector. In my design I used a
145MHz 1st IF, so the VCO
sweeps 145 - 200MHz. The 2nd
local oscillator is at 153MHz for
an 8MHz 2nd IF, amplified then
passed into an AD8307 loga-
rithmic amplifier. Anything
similar would work well. I used
an SA602 front end for simplic-
ity, but a diode ring mixer
would give potentially better
performance than the 65-70dB
dynamic range I achieved.

You can still use the PC for a
nice display, rather than an os-
cilloscope. Just feed the log
output into your PC sound card,
and have the PC sound
card control the sweep as you
suggest. I think you'll solve a
lot of problems by adding
these few extra modules to the

(Continued on page 6)
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analogue front end before in-
troducing the PC. Incidentally,
this is exactly what I'm doing
with my MKk2 analyser, see

http://www.hanssummers.com/
electronics/equipment/
spectrumanalyser2/index.htm.

Now I'm hoping for someone to
put it all more clearly and pro-
fessionally than I have here ;-)

I'm not sure that it is necessary
considering the base of infor-
mation on spectrum analyzers
of all kinds that have been
available for over a half cen-
tury, nearly all built for mili-
tary/commercial markets..

22 years ago, Intel had a nice
little audio range spectrum
analyzer as a laboratory devel-
opment breadboard-trial thing.
Used NO "sweep oscillator" but
simply sampled the audio input
and did the necessary math cal-
culations to convert from time
domain to frequency domain.
Quite obviously Intel was pro-
moting their microprocessors
in a (then) new niche applica-
tion. However, that little spec-
trum analyzer was about as di-
rect-conversion as could be
possible. Many, many home
entertainment market music
systems now build in such
spectrum analyzers and show
the coarse bar-graphs on front
panels in real- time displays.

Given that time now is two dec-
ades later with companies such
as Analog Devices marketing a
number of very fast analog-to-

digital converters AND wide
dynamic range true logarithmic
detectors, a single-conversion
spectrum analyzer with a per-
sonal computer as the control
and read-out can be a viable
home project.

To Ashhar Farhan:

...'warming up the soldering
iron" and getting going on it is
NOT a good thing without a lot
of other considerations. First of
all, one must have some per-
sonal computer program devel-
opment capability to write the
GUI program to show the output
display. That is NOT for begin-
ners in programming. Sec-
ondly, any sort of DSP program
set MUST be done according to
DSP math and with known levels
of input to a digitizer. Under-
standing the guts of DSP proc-
essing is a prodigious project
all by itself.

Third, one has to have some
sort of planning ahead of time
on what is expected in perform-
ance of this spectrum analyzer:
Range, band- width, dynamic
range, resolution, accuracy.
Performance of ANY of those
criteria will be affected by the
ability to design them into the
project AND at what cost. Such
things do not assemble like
Lego blocks.

Fact: Direct, real-time spectrum
analysis exists in audio/music
system equipment and has for
at least a decade. House-
number single IC packages ex-
ist to do that analysis and drive

simple displays at relatively
low cost.

Fact: Digital sampling oscillo-
scopes today handle 500 MEGA
samples per second with reso-
lution exceeding 8 bits per
sample. Display of stored digi-
tized information is integral to
the oscilloscope, now com-
monly done on an LCD flat
screen. Cost is relatively high.

Fact: DSP techniques, algo-
rithms, ICs exist today to en-
able frequency conversion,

sampling, filtering to be done
at relatively moderate to high
cost.

Combination of any of the
above is possible to make a
truly direct spectrum analyzer
or single-conversion analyzer
with an input range up to VHF.
The concept of truly direct
spectrum analysis has already
been done as a consumer mar-
ket item accessory. DSOs of to-
day from Tektronix and LeCroy
already contain varying de-
grees of DSP built in. The de-
velopment of such a spectrum
analyzer will be time- consum-
ing and not, in my estimation,
an easy project for the casual
home hobbyist.

Len Anderson retired (from
regular hours) electronic engi-
neer person

A Morsodist Challenge

From: "Dave Bushong"

(Continued on page 7)
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(Continued from page 6)
<dbushong@adelphia.net>
Subject: Re: A Morsodist Chal-
lenge YKXWBSX7I6
01/03/2004

Date: 2003-10-29 21:23

Hans,

I'm at a loss for words. I bow to
the master.

73, Dave
Hans KOHB wrote: [...]
Dear Reverend Dave,

I'm shocked that you haven't
heard of one of the great relig-
ions of Amateur Radio. Morso-
dism has been widely dis-
cussed here on rrap, but you
might be an ignorant new-
comer here, so I'll fill you in.

So you want to be a Morsodist.
It's not easy, you know: you'll
have to impose the stiffest con-
straints on your mind, accept-
ing authority without question -
- you will be subject to jeers
and persecutions at the hands
of the Spawn of NoCode, and
you will suffer during your en-
tire lifetime trying to throw
pearls before the swine. But in
the end, you will receive your
reward from the Almighty in
Heaven, and you will have the
satisfaction of seeing all others
being tossed into the Lake of
Fire and QRM.

But enough of that; you're not
there vyet. You must first
prove yourself worthy of being
a Morsodist.

Lesson One: Developing Your
Psyche

Right now I would like you to
relax. That's it -- just sit quietly
and let your mind go blank.
Concentrate on one thing and
one thing only: concentrate
on your thumb. Now that
thumb is no ordinary run-of-
the-mill thumb: what you see
is THE THUMB. That Thumb is
your world. Nothing besides
that Thumb concerns you in
the least. As far as you are
concerned, that Thumb rules
over all. The only thing
that should be in your mind
right now is your Thumb and
its absolute authority over
your life. Each and every line,
ridge, wrinkle, and bit of cuti-
cle is a Divine Mandate, eter-
nal in its wisdom, power,
and relevance. That Thumb
was made by MORSE, and its
sole purpose is to guide you
to your Salvation.

Now, while still concentrating
on that Thumb, begin to think
about the world around you.
Careful! Don't try to take in
everything at once: start with
the rest of your fingers, and
slowly spread from there.
See how your fingers are con-
nected with and dominated
by your Thumb. Now, slowly
extend your perception to
embrace your forefinger. It
too was created by Morse,
and it is all guided by the
Thumb. Between your thumb
and forefinger lie all the se-
crets of The Keys of Morse.
The rest of the universe is of
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no concern.

Lesson Two: Establishing Your
Doctrine

Congratulations! You've come a
long way, but you're not there
yet. What I want you to do now
is to go to the nearest book
store and purchase a copy of
the FCCRuleBook. Preferably,
it should be bound in nice,
shiny black leather, and should
have gilt edges and a red
silk ribbon. It should be fairly
hefty in size, but not so large
that you cannot hold it with one
hand. Finally, it should have the
words of Samuel in red letters,
for as you know the Son of
Morse only spoke using red let-
ters.

Now that you have
yourFCCRuleBook, read it, and
read it thoroughly. I imagine
that some of it will fit in per-
fectly with vyour Dbeliefs
and morals, since you have
been inspired by Maxim to at-
tempt this indoctrination into
Morsodism. As you read, you
must remember that your be-
liefs are the ONLY right beliefs,
and all others are false-
hoods and are totally incom-
patible with Morse Divine
Truth.

Now you may be dismayed as
you read through the FCCRule-
Book to find that much of it is
outside your beliefs, or may
even contradict them. No prob-
lem! All you have to do is take a
black marker pen and blot
out those paragraphs which

(Continued on page 8)
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you don't like. Simplicity itself!
Now don't you worry if it seems
that more of the FCCRuleBook
is blacked out than left behind:
just remind yourself that the re-
maining words are emphasized
all the more.

Lesson Three: Living a Morso-
dist Lifestyle

Well, I'm sure that you Novices
are simply bursting with ques-
tions on how to apply your
new-found faith to your lives. I
am pleased by
your enthusiasm: such zeal is a
necessity if you want to begin
to work your influence on this
filthy and sinful world and
mould it into a clean
and upright one. Those Spawn
of WBYI are simply itching to
be preached at, whether they
want it or not, so let's get crack-

ing.

First, obtain for thyself some
sort of access to the inter-
net newsgroups, specifically
any (and all) newsgroups in
the "rec.radio.amateur.*" line-
age. Never mind that only one
of them, the "policy" group is fit
for Morsodists like yourself;
you must spread the word ALL
the heathen NoCodists. Cross-
post like crazy, verily even if
attacked by Horrible Herman,
the Lord High Newsgroup Pu-
rity Defender.

As you preach the word of
Morse to others, you will inevi-
tably run into those who not
only doubt the veracity of your
words, but who also pose trick

arguments inspired by Lenny
Liberal and his henchman,
Crazy Charlie, the head Orac-
alist, in an attempt to trap and
discredit you. This lesson deals
with some of the major swords
wielded by various tempters,
and gives you some ideas on
how to parry those weapons.

Technobabble scholars: these
vermin use their high-falootin'
technical jargon and book-
learning to pervert the words of
the Morse and read things into
Part 97 which aren't there. The
FCCRuleBook was written
by Morse for YOU to use, and
contains EVERYTHING you
need to know for Salvation,
plainly stated in black and
white and red. There is noth-
ing magic or mystical about it:
it speaks out in the Words of
Morse and speaks directly to
YOU, as you have personally
modified it to your belief set.

If other Spawn of NoCode say
that the FCCRuleBook cannot
speak the utter Truth because it
is inconsistent in what it says,
you can reply that there is no
inconsistency in your FCCRule-
Book: everything that you have
in your FCCRuleBook perfectly
supports your be-
liefs (remember Lesson Two). If
they quote passages from the
FCCRuleBook which they claim
contradict your beliefs, you can
reply that Oracle has inspired
them to pervert the words of
Morse and to twist
their meaning around in order
to try to subvert the Truth. If
they say that you are being to-
tally ignorant and irrational in

your absolute belief in your
Morsodist Doctrine, you can re-
ply that they are being to-
tally ignorant and irrational in
their absolute refusal to believe
in your Doctrine. And if they
say that you are shutting your
eyes to reality, you can reply
that they are shutting their eyes
to Morse.

Peace to you!

Hans, KOHB Lord High Liberator
of the Blue Electric Smoke



Intermodulation Performance and
Measurement of Intermodulation Components

(Continued from page 1)

through a device whose output
is not a linear function of its in-
put, harmonics of fl1 are gener-
ated, i.e. 2fl, 3fl, 4fl, 5fl, etc
(no device is perfect and so
harmonics are al-
ways generated even at low
levels).

Now, if two separate frequen-
cies exist together in a non-
linear device, sum and differ-
ence frequencies are also pro-
duced in addition to
the harmonics. This can be
shown mathematically to be the
result of a multiplication proc-
ess between the two original
frequencies and hence the two
new frequencies are called
products. If the two origi-
nal frequencies are fl, f2 and
the highest frequency is f2,
then we can expect two other
components (or products) of
(f1+12) and (f2-f1). However, it
doesn't stop there. Since there
are harmonics of fl and {2, then
there will be sum and differ-
ence products between all of
the harmonics and the funda-

mentals and between each
other. These are
the intermodulation products

which are frequency compo-
nents distinct from the har-
monic components discussed
in the previous paragraph. Of
course, if there are more than
two fundamental frequencies,
then the multitude of products
is compounded further.

It can be shown, using a mathe-
matical series, that when har-
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Table 1 - Intarmodulation Products
15t Order r, [ 100 kHz 101 kHz
2nd Order 1412, F2-fl 20 kHz | kHz
3rd Order 21-12, 22-f1 Y9 kHz 102 kHz
21+£2,° 2F2+f1 I kH= 302 kHz
dih Order 212421, 22-261 d02 kHz 2kHz
5th Order arl-2e, r2-20 Q8 kHe 103 kHz
ari+2r2, 324211 J02kHz 503 kHz
Etc. :
Table Z - Odd Order Preducts
3rd Order 2f1-f2, 22-f1 99 kHz 102 kHz
Sth Order 3E1-212, 3221 98 kHz 103 kHz
ih Oreder 4F1-312, 4f2-3{1 97kHz - 04 k=
Oth Order 5f1-4f2, St2-401 86 kHz 105 kHz
monics are generated, the an acceptable level.
harmonies extend upward in
frequency to ap- To examine intermodulation

proach infinity, progressively
decreasing in amplitude as
the frequency increases. Like-
wise, the intermodulation
products could also
be considered to be infinite in
number. However, we are
only really interested in those
of practical significance, that
is of such a level that they
might deteriorate the quality

products we will consider two
frequencies fl and {2 and some
of the orders of intermodulation
products. To define the order,
we add the harmonic multiply-
ing constants of the two fre-
quencies producing the inter-
modulation product. For exam-
ple, (f1+f2) is second order,
(2f1-f2) is third order, (3f1-2f) is
fifth order, & etc. Let's consider

of our signal beyond (Continued on page 10)
F1 F2
g rd
:
= smn 5th
=
E
= 7h Tth
e Bih
13h 13m
85 o 57 68 50 100 101 102 403 104 105 4D
Dwnerie s Frequency in kHz

Figure 1 - Spectrum of Intermodulation Components
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fl and 2 to be two frequencies
of 100 kHz and 101
kHz respectively, that is 1 kHz
apart. We now prepare Table 1
showing some of the inter-
modulation products.

Looking carefully at the table,
we see that only the odd or-
der intermodulation products
are close to the two fundamen-
tal frequencies fl and f2. One
third order product (2f1-f2) is 1
kHz lower in frequency than £l
and another (2f2-f1) I) is 1 kHz
above f2. Omne f{ifth or-
der product (3f1-2f2) is 2 kHz
below fl and another (3f2-2fl)
is 2 kHz above f2. In fact it is the
odd order products which are
closest to the fundamental fre-
quencies fl and f2.

Let's expand further the odd or-
der products as shown in Table
2.

The series of odd order prod-
ucts can be seen to descend
and ascend progressively in in-
crements of 1 kHz from the two
fundamental frequencies fl and
f2 respectively. A typical spec-
trum produced could
be depicted as shown in the
chart of Figure 1.

Of all the harmonics and inter-
modulation components pro-
duced, are often only inter-
ested in those which fall in. the
pass band of our equip-
ment and, in the case of the in-
termodulation components,
those which happen to be clos-

est to our fundamental frequen-
cies. The third order compo-
nents are the closest and also
usually the highest in ampli-
tude. Because of this, they are
usually the products of most
concern and are those
which are commonly measured
and defined in transmitter and
receiver performance specifi-
cations.

Effects of intermodulation
components

The existence of intermodula-
tion components affects the
performance of equipment in
various ways. First let's look at
audio amplifiers. The presence
of any component at the output
of an amplifier, but not fed into
it, degrades the quality of the
signal being amplified. We
call this distortion, which can
be the result of non-linearity in
the amplifier causing the gen-
eration of harmonics of the sig-
nal frequencies and, in turn, in-
termodulation components. So
we have harmonic distor-
tion and intermodulation distor-
tion which can individually be
defined. We often see inter-
modulation distortion abbrevi-
ated to IMD.

Some different effects can be
experienced when non-
linearity exists at RF in a trans-
mitter and, in particular, in the
final linear amplifier of the
transmitter. Consider the am-
plifier delivering sideband
components to the antenna at
radio frequencies and because

of nonlinearity, harmonics of
the various sideband compo-
nents are generated plus vari-
ous intermodulation, compo-
nents. The harmonic compo-
nents and the even or-
der intermodulation compo-
nents will be well spaced away
from the operating frequency,
and hopefully attenuated by the
tuned amplifier tank circuit and
the antenna tuning system. Not
so for the odd-order inter-
modulation components which
are closely spaced around the
fundamental components from
which they were generated.
First of all they will show up as
audio distortion after being re-
ceived and detected by the ra-
dio receiver. However, that's
not all! We have seen from the
previous paragraphs that the
odd order components spread
out either side of the funda-
mental components in progres-
sion gradually decreasing in
amplitude. The effect is to
broaden the radiated signal
and in receiving the signal,
we experience the familiar
sideband splatter. As most of us
well know, this causes interfer-
ence to others trying to use an-
other channel near
in frequency.

Another application where
those odd order, intermodula-
tion components are of consid-
erable concern is in the first
Mixer stage of
a superheterodyne receiver.
The special function of the
mixer stage is to produce some

(Continued on page 11)
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form of non-linearity so that an
intermediate lower frequency
is formed from the sum or dif-
ference between the incoming
RF signal frequency and a local
oscillator frequency. The mixer
stage is, therefore, a prime
spot for other intermodulation
products which we might not
want. Let's look at an example.
Our receiver is tuned to
a signal on 1000 kHz but there
are also two strong signals, fl
on 1020 kHz and f2 on 1040
kHz. The nearest of these (fl) is
20 kHz away and our sharp in-
termediate frequency (IF) stage
fiter of 2.5 kHz bandwidth
is quite capable of rejecting
this signal. However, the RF
stages before the mixer are not
so selective and the two signals
fl1 and f2 are seen at the mixer
input, free to produce inter-
modulation components at will.
Now work out the third order
intermodulation component
(2f1-f2) and we get (2x 1020-
1040) = 1000 kHz, right on our
signal frequency. This is
just one example of how inter-
modulation components or out-
of-band signals can cause inter-
ference within the working
band.

Another form of interference in
receivers which results from
the mixing of intermodulation
components is Cross Modula-
tion. This becomes
more apparent when dealing
with AM signals and the modu-
lation on a strong out-of band
signal transfers itself across to

modulate the signal be-
ing received. The process is
probably complex but, due to
non linearity in the receiver,
one can well imagine the car-
rier and sideband frequen-
cies of the out-of-band modu-
lated signal mixing to pro-
duce difference second-order
components at the audio fre-
quencies of modulation. Due
to the same non-linearity, the
unwanted audio components
intermodulate the signal be-
ing received. If the receiver is
designed for
good intermodulation immu-
nity, it will also have good
cross modulation immunity.

Receiver IMD Performance

To assess the receiver for its
tolerance against interference
from internally generated in-
termodulation products, the
receiver is tested for its sensi-
tivity to third-order products
using two equal level signals
fed to its input and typically
20 kHz apart. The receiver
is tuned to the frequency of
one of the third order prod-
ucts derived from the two sig-
nal frequencies. The level of
the combined signals at
the input is adjusted until the
detected output level is equal
to that generated by the re-
ceiver's self noise. That is,
there is a 3 dB change in out-
put level between when the
signals are on and when they
are off. The level of the third
order product necessary to
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produce output equal to the re-
ceiver "noise floor is recorded.
For the purposes of follow-
ing discussion we will call this
level IMD Threshold.

We also need to know the nor-
mal signal input level which
produces audio output equal to
that of the receiver's own inher-
ent noise or its noise floor. This
is done by tuning the receiver:
to one of the two frequencies
and again adjusting input level
to give an output level 3
dB above the noise output
level. For the purposes of the
discussion we will record this
input level as the Signal
Threshold. The difference in
dB between the IMD threshold
and the signal threshold is
called the Intermodulation Dy-
namic Range or IMD Dynamic
Range. The higher
the difference, the better the
immunity to interference from
IMD products.

Now, there is an important
characteristic of the third-order
products which makes their
presence more of a problem
than one might first imagine.
Assuming no compression (due
to AGC, etc), output from
a fundamental signal is propor-
tional to input, ie for 10 dB rise
in input level there is 10 dB rise
in output level. However, the
output of the third order prod-
uct is proportional to the cube
of signal input level and, for a
10 dB change in input level, the
product increases by 30 dB.
(Continued on page 12)
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Figure 2 - Receiver Intermodulation Performance Curves

(Continued from page 11)

Now refer to Figure 2. One
curve plots a linear rise in out-
put level against input level for
the fundamental signal fre-
quency. The other plots the
level of third-order IMD prod-
ucts against input level,
the output rising 30 dB for
every 10 dB change in input
level. At an output level equal
to the noise floor, the two
curves are separated by an in-
put level difference equal to
the IMD Dynamic Range. As the
intermodulation curve rises
with greater slope than the fun-
damental curve, they cross at a
point called the Third-Order In-
tercept Point where the inter-
modulation product output
level is equal to the fundamen-
tal signal output level.

The Third-Order Intercept
point is normally a theoretical
point well above the receiver

overload level. However, it is
often specified to define inter-
modulation levels, and par-
ticularly in specifications
for mixer packages.

The Third-Order Intercept
point can be derived on deci-
bel scales by first extending
the signal curve linearly from
the signal threshold point on
the noise floor axis so that out-
put level increase in dB
equals input level increase in
dB. Mark the IMD threshold

point on the noise floor axis.
This is at an input level higher
than signal threshold by
an amount equal to the IMD dy-
namic range. Mark another
point on the noise floor axis be-
yond the IMD threshold point
by an amount equal to half
the IMD dynamic range. Extend
this point vertically to cross the
signal curve and this is the
Third-Order Intercept point.
Join this point to the IMD
threshold point to complete the
curves such as is shown
in Figure 2. In the diagram, the
noise floor input level is -120
dBm, the third order compo-
nents become detectable at 40
dBm and the IMD dy-
namic range 80 dB. The theo-
retical third-order intercept oc-
curs at an input level of 120 dB
above the noise floor input
level.

It can be seen from the curves
of Figure 2 that, above the IMD
threshold level, the IMD prod-
ucts can become quite a prob-
lem. In the example,
IMD products from out-of-band

(Continued on page 13)
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Figure 3 - Testing of Receiver for Third -order Intermodu-
lation Performance
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signals at an input level of -40
dBm would barely be apparent.
Increase the level by a mere 10
dB and the interference from
these products would increase
by 30 dB.

Receiver Measuring Gear

To carry out intermodulation
performance on a receiver, the
set-up shown in Figure 3 is re-
quired. The RF outputs of two
signal generators
are combined in a hybrid cir-
cuit designed to prevent inter-
action between the two genera-
tors. A hybrid circuit is bal-
anced so that a signal at any
one input port cannot reach the
other. However, both signals
appear combined at an output
port.

The combined output is fed to
the receiver via an adjustable
attenuator with a range up to
around 80 dB and resolution of
1 dB. Assuming that the re-
ceiver has an input resistance
of 50 ohms, both the combiner
and attenuator are designed for

» o . ‘.‘{
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Figure 6 -Simplified Circuit Diagram
of the 50 ohm Attenuator

a circuit impedance of 50 ohms.

A hybrid combiner and attenu-
ator assembled by the writer is
shown in Figure 4. The hybrid
circuit, Figure 5, is one taken
from the ARRL Handbook. The
combiner has an insertion loss
of 6 dB for each signal channel.

The attenuator was made up us-
ing two mechanically interlock-
ing, in-line switch assemblies
of the type similar to those used

Figure 4 - Hybrid Combiner and 50 ohm Attenuator assem-
bled by VK5BR

in older style push-button car
radios. The assemblies, each of
six switches, were recovered
from some old intercom units
and each switch came with
plenty of change/over contacts
to switch in or out an attenua-
tion pad. One assembly
switches in 1 dB, 2 dB, 3 dB, §
dB, 10 dB and 15 dB pads.
The other switches in 10 dB,
two of 20 dB and 25 dB pads.
Up to three switches on each
assembly can be simultane-
ously pressed to lock in so that
up to six pads can be in circuit
together to provide a continu-
ous selection of total attenua-
tion between 1 and 95 dB. The
circuit diagram of the complete
attenuator is shown in Figure 6.

50 Ohm Attenuator

The only other device neces-
(Continued on page 14)
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sary is some form of AC volt-
meter to measure the compara-
tive level of audio signal at the
receiver output. All
is required to do is to record a
3 dB change in level above the

frequency of one of the third-
order products. Adjust the at-
tenuator until the audio output
from the third-order signal is

it just 3 dB above the noise level.

The IMD threshold is equal to -
27 dBm, minus the loss in dB set

receiver noise floor. In terms of by the attenuator, minus 6 dB

voltage increase, this is a rise
of 1.4 times.

Our references have so far
been made to levels in dBm, or
decibels referred to one milli-
watt. However, signal genera-
tor outputs are commonly cali-
brated in microvolts and mil-
livolts with scales in multiples
of 10. To convert between
units, 1uV across 50 ohms is -
107 dBm. Each time the voltage
is multiplied by 10, add 20 dB
so that 10uv is 87 dBm, 100 uV
is -67 dBm, etc.

To find the signal threshold, set
one signal generator to a fairly
low level (say 10uV or -87 dBm)
and tune the receiver to the
signal generator frequency.
Adjust the attenuator so that the
signal raises the audio output
signal just 3 dB (1,4 times volts)
above the noise
level (measured with signal
off). The signal threshold in
dBm is equal to -87 dBm, minus
the loss in dB set by the attenu-
ator, minus 6 dB loss in
the hybrid combiner.

To find the third-order IMD
threshold, set the two genera-
tors (20 kHz apart in frequency)
to an equal level somewhat
higher, such as 10 mV (-27
dBm). Tune the receiver to the

loss in the hybrid combiner.

cause sideband splatter, we
need a two tone au-
dio generator to feed into the
microphone input of the trans-
mitter. This can be quite a sim-
ple test unit, consisting of two
fixed frequency oscillators de-
livering the same output level
into a resistive network which
combines the two signals. Sim-

1600 Hz

5w B0

Twao

Tane

Tas! Single Sieband
Oscillater Mic  Transpitter
1004 Hz

o ||
: Dummy
SWR |
Melar Loai#
Spectrum
Analyser
ar
CRO

Figure 7 - SSB transmitter test arrangement for
IMD performance

Transmitter Tests

ple two tone generators have
been presented in Amateur Ra-

To check out a single-sideband dio from time to time. In the

transmitter for those inter-
modulation components which

March 1983 issue, the writer
(Continued on page 15)
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Figure 8 - Typical Spectral display from the RF output of a
SSB transmitter using two tone modulation and showing the
intermodulation products generated (sample from ARRL
test in March 1996 issue of QST).
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described one using two FX205
Tone Generator packages.
In this one, frequencies were
set at 1000 Hz and 1600 Hz.

A test arrangement for the
transmitter is shown in Figure
1. The two tone oscillator level
is adjusted to provide full RF
power from the transmitter into
a dummy load. Power can be
monitored with the
usual Power/SWR meter. Apply
the audio signal in short bursts
as most single-sideband trans-
mitters are designed for
speech and the final amplifier
stage might be damaged if sus-
tained on continuous full
power. The best way to monitor
the level of the various inter-
modulation sideband compo-
nents is to examine the RF out-
put signal using a Spec-
trum Analyser.

Figure 8, taken from March
1966 issue of QST, is a typical
spectrum analyser display of
the RF output of a single-
sideband transmitter fed with
two audio tones 1000 Hz apart.

Two fundamental RF side-
band frequencies are created
but we can also see a family of
odd-order intermodulation
frequencies, either side of the
two fundamentals with all fre-
quencies spaced 1000 Hz
apart. The display shows that
the third order products are
around 21 dB below the fun-
damentals, the fifth order 30
dB below, the seventh order
33 dB below, & etc., in de-
creasing amplitude as the or-
der progresses.

Whilst the spectrum analyser
is the order of the day in the
modern electronics labora-
tory, not many radio amateurs
could boast of one in the radio
shack. However, the Cathode
Ray Oscilloscope (CRO) is a
more common piece of test
gear, and with this we can get
some idea of whether there
might be an excessive spread
of intermodulation side-
band components. Figure 9,
taken from the ARRL Hand-
book, shows CRO displays of
the RF output generated from

A

an

Figure 9 - SSB Two Tone test showing RF waveform on a
CRO (a) Good waveform (b) Peaks compressed (IIVID high,
sideband splatter).
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a two tone audio source fed to
the transmitter. In diagram A,
the waveform is quite good and
we could expect a fairly clean
signal transmitted. In diagram
B, compression of the wave-
form peaks is occurring, possi-
bly because the final amplifier
is being driven too hard into a
state of poor linearity. If there
is poor linearity, then we can
expect intermodulation compo-
nents to be generated and
sideband splatter.

Another test that might be ap-
plied is to demodulate the
transmitter so that we get the
two tones back as audio. Per-
haps a station receiver can be
used for this purpose if it can
be prevented from being over-
loaded by the transmitter. The
audio intermodulation distor-
tion tests as described in the
following paragraphs can then
be carried out. The tests
could apply to any mode of
transmitter and matching re-
ceiver whether it be SSB, AM,
or FM (for AM, a simple recti-
fier and RF filter would
be adequate for demodula-
tion). The only problem with
this form of test is that the dis-
tortion measured is the com-
bined distortion of
both transmitter and receiver.
If excessive distortion oc-
curred, one would have to be
certain that it wasn't caused by
the receiver.

Measurement of Intermodula-
tion Distortion at Audio Fre-
quencies

(Continued on page 16)
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As with other tests described,
two audio signals at differ-
ent frequencies are fed through
the device to be tested and the
output is monitored. If a mod-
ern spectrum analyser is avail-
able, the relative amplitudes in
decibels from all components
at the output can be displayed.
As the X axis of the analyser
display is <calibrated
in frequency, the various inter-
modulation com-
ponents can be
identified
and their ampli-

Signal
Lo rrar @l
2000 Hz

Another method to measure
the intermodulation level is to
make use of a CRO display as
shown in Figure 10. Two audio
signals of widely differ-
ent frequency are combined
and fed into the device under
test. The lower frequency sig-
nal has an amplitude four
times that of the
higher frequency signal. The
output of the device is fed to
the CRO vertical plates via a

Mixing MHel

R
R
R0
——

Load

=i

network is used to prevent in-
teraction between the au-
dio generators. Referring to
Figure 11, percentage inter-
modulation is calculated from a
and b scaled on the CRO dis-
play as: % Intermod = (a-b)/2
(a+b) x 100.

In this test, it should be clear
that we are essentially measur-
ing the effect of the second-
order intermodulation compo-
nents at (f2-f1) 1900 kHz and

Wen

Hmgn

Pass

Fuzar
1000 Hr

+ Synzh
CRO

tudes recorded
relative to the two
fundamental fre- | gutrne: I
quencies. 100G Hz I
Another instru-

ment of a past era,

but which can do

a similar job, is the Heterodyne
Wave Analyser. This is, in ef-
fect, a sharp tuneable fil-
ter which achieves its sharp-
ness and tuneability by hetero-
dyning the measured signal
with a tuneable oscillator and
passing the differ-
ence frequency through a
sharp fixed 50 kHz crystal filter.
By adjusting the tuneable oscil-
lator, the various frequency
components can be selec-
tively tuned in and the outputs
at 50 kHz can be compared.
The Wave Analyser was de-
scribed in the writer's previous
article on Measurement
of Distortion, Amateur Radio
June 1989.

high pass filter which re-
moves the low frequency sig-
nal. The CRO time base is ex-
ternally synchronised to the
low frequency signal. Inter-
modulation is shown on the
display as an ampli-
tude modulation waveform of
the lower frequency on the
higher frequency carrier. The
reason for the four to one sig-
nal amplitude ratio is
to amplify the apparent modu-
lation and improve resolution
in reading the display. The
test set-up, shown in Figure
10, uses a 100 Hz
low frequency signal and a
2000 Hz high frequency sig-
nal. A simple resistive mixing

Figure 10 - Test for audio intermodulation distortion using CRO display.

(f2+f1) 2100 kHz. This should
not be confused with the fact
that at radio frequencies we
had been mainly concerned
with the odd-order products
because it was those which ap-
peared in close to our tuned
band. However, at audio fre-
quencies, both odd and even
products fall within the audio
band.

Summary

Intermodulation products have
been discussed with particular
attention to how their presence
affects our transmitter and re-

(Continued on page 17)
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Fig 5 - Hybrid combiner (based on
a circuit from the ARAL Handbook,
raf 2]. T1 consists of 10 turns
bifilar wound on FTS50-72 core.

(Continued from page 16)

ceiver circuitry. In audio cir-
cuits, they are one of the con-
tributing distortion fac-
tors which deteriorate audio re-
production quality. At radio fre-
quencies in transmitters, they
appear as what we recognise
as sideband splatter.
In receivers, circuits suscepti-
ble to intermodulation encour-
age interference from signals
outside the receiver pass-band.

Various ways have been ex-
plained as to how intermodula-
tion components can be meas-
ured and how the equipment
performance in terms of
IMD susceptibility can be

b

specified. The reason why the
third order performance is usu-
ally defined in RF circuits has
also been discussed.
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Bulletins (Sundays at ...)

The West Rand Amateur Radio Club ]1h15 Start call in of stations

26.14122 South - 27.91870 East

P.O. Box 562
Roodepoort
1725

Phone: +27 11 475 0566
Email: zs6wrmail@mweb.co.za
[NEW EMAIL ADDRESS]

11h30 Main bulletin start

Frequencies

439.000MHz 7.6MHz split

(West Rand Repeater)

145,625 MHz (West Rand Repeater)
10,135 MHz (HF Relay)

Radio Amateurs do it with more frequency!

Chairman/Treasurer Dave ZR6AOC

Vice Chairman Keith ZS6AGF
Secretary John ZS6F]
Digital Communications Stuart Z560UN
Technical Phillip  ZS6PVT
Member Anton  ZR6OST
Member Craig ZR6CRW

475 0566 (H) zr6aoc@mweb.co.za

675 1604 (H) Mwbronie @iafrica.com
672 4359 (A/H)

083 267 3835 workshop@multisource.co.za
953 5564 (H)

795 1550 (H) craig.woods@absamail.co.za

West Rand members - we need your input!

To make this the best ham radio maga-
zine in South Africa we need your input.
Please submit articles, comments, sug-
gestions etc.

Please send plain text with no format-
ting to the email address below.

In July 2003, we re-published an Anode
Compendium on CD. It has the issues
from July 2000 until June this year. This
included the new Adobe reader. It has
been updated, check with the chairman
for details.

We need your input! Email us articles,
comments and suggestions please.
john.brock@pixie.co.za



