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THE AMERICAN RADIO
RELAY LEAGUE

The American Radio Relay League, Inc, is a
noncommercial association of radio amateurs,
organized for the promotion of interests in Amateur
Radio communication and experimentation, for
the establishment of networks to provide
communications in the event of disasters or other
emergencies, for the advancement of radio art
and of the public welfare, for the representation
of the radio amateur in legislative matters, and for
the maintenance of fraternalism and a high
standard of conduct.

ARRL is an incorporated association without
capital stock chartered under the laws of the
state of Connecticut, and is an exempt organiza-
tion under Section 501(c)(3) of the Internal
Revenue Code of 1986, lts affairs are governed
by a Board of Directors, whose voting members
are elected every two years by the general
membership. The officers are elected or
appointed by the Directors. The League is
noncommercial, and no one who could gain
financially from the shaping of its affairs is
eligible for membership on its Board.

"Of, by, and for the radio amateur, "ARRL
numbers within its ranks the vast majority of
active amateurs in the nation and has a proud
history of achievement as the standard-bearer in
amateur affairs.

A bona fide interest in Amateur Radio is the
only essential qualification of membership; an
Amateur Radio license is not a prerequisite,
although full voting membership is granted only
to licensed amateurs in the US.

Membership inquiries and general corres-
pondence should be addressed to the
administrative headquarters at 225 Main Street,
Newington, CT 06111 USA.

Telephone: 203-666-1541 Telex: 650215-5052

MCI.

MCIMALL (electronic mail system) ID: 215-5052

FAX: 203-665-7531 (24-hour direct line)
Canadian membership inquiries and correspon-

dence should be directed to CRRL Headquarters,

Box 56, Arva, Ontario NOM 1CO,

tel 519-660-1200.

Officers

President: GEORGE S. WILSON 1ll, W40OY!
1649 Griffith Ave, Owensboro, KY 42301

Executive Vice President: DAVID SUMNER, K1Z2Z

Purpose of QEX:

1) provide a medium for the exchange of ideas
and information between Amateur Radio
experimenters

2) document advanced technical work in the
Amateur Radio field

3) support eftorts to advance the state of the
Amateur Radio art

All correspondence concerning QEX should be
addressed to the American Radio Relay League,
225 Main Street, Newington, CT 06111 USA.
Envelopes containing manuscripts and corre-
spondence for publication in QEX should be
marked: Editor, QEX.

Both theoretical and practical technical articles
are welcomed. Manuscripts should be typed and
doubled spaced. Please use the standard ARRL
abbreviations found in recent editions of The
ARRL Handbook. Photos should be glossy, black
and white positive prints of good definition and
contrast, and should be the same size or larger
than the size that is to appear in QEX.

Any opinions expressed in QEX are those of
the authors, not necessarily those of the editor or
the League. While we attempt to ensure that all
articles are technically valid, authors are
expected to detfend their own material. Products
mentioned in the text are included for your
information; no endorsement is implied. The
information is believed to be correct, but readers
are cautioned to verify availability of the product
before sending money to the vendor.
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Empirically Speaking

Nonamateur Packet Connection

In recent months, several efforts
aimed toward using nonamateur
means of interconnecting amateur
packet-radio networks have begun
or continued. Some of these efforts
use donated capacity on commer-
cial common-carrier networks. Oth-
ers use Internet or commercial
packet-switched computer net-
works. Both NET/ROM and TCP/IP
systems have been connected via
such networks.

Connecting two packet nodes to-
gether through a landline connec-
tion is not exactly new, of course. It
was happening almost as soon as
packet radio began in the amateur
service. And “wormholes” between
distant networks have been around
for some time, too. So, the mere ex-
istence of these connections isn’t
news. What is new are the orga-
nized efforts to make these connec-
tions part of workaday amateur
packet communications on a regu-
lar basis. It is the case in some net-
works now that you can hardly tell
whether the system you are com-
municating with is local or thou-
sands of kilometers distant.

Few would argue the benefits of
such networking, but there are
those who question the means. Is it
a good thing for amateurs to be
transporting their data partly via
nonamateur means? Is that “real
ham radio?” Or is it an abomination
that further erodes the purity of the
“amateurness” of ham radio? How
you feel about the issue may depend
on what you want from packet ra-
dio. Those who want to use packet
as one of the communications tools
Amateur Radio provides tend not to
care so much how the data gets
there. Those who feel they are
advancing the amateur state-of-
the-art often feel that using non-

amateur means is “cheating.”

The ARRL Digital Committee, in
a meeting held in March of 1993,
expressed enthusiasm for the use of
nonamateur means of extending
the amateur network. The mem-
bers of the Committee commented,
however, that the long-term goal
should be to develop an all-amateur
network so as not to rely solely on
other means of interconnecting
amateur networks. For now, at
least, we need to get the bits where
they are going. Being excessively
fastidious about the medium by
which they get there provides no
benefit and unduly restricts our po-
tential communication capability.

This Month in QEX

Noise blankers and strong signals
don’t mix, and Mark Mandelkern,
KN5S, shows one way to keep
them separate with “Evasive Noise
Blanking.”

DSP filters are becoming com-
monplace. Russ Ward, WA4ZZU
describes a simple design technique
for one class of filter in “Basic Digi-
tal Filters.”

Part 2 of our 6-part series on ALE
concerns generation of test signals
for ALE systems, as described by
David Wortendyke, NOWGC, et al.

Over the years, the search for a
broadband 80-meter antenna has
led to many strange configurations.
A simple transmission-line ap-
proach is presented by Hugh Fallis,
N4HF, whose computer-model de-
signs are presented in, “Broadband
Dipole and Unipole 3.5-to-4.0-MHz
Antennas.”

Finally, QEX columnist Harold
Price, NK6K, describes a project he
did recently using an off-the-shelf
single-board PC in his “Digital
Communications” column.—KE3Z,
email: jbloom@arrl.org (Internet)




Fvasive Noise Blanking

Independent tuning of the noise-blanker channel
provides crunch-proof noise blanking.

or the low-band HF DXer, break-
F ing the pile-up may be the big-

gest problem. But on the higher
HF bands, and especially for competi-
tive weak-signal SSB/CW work on the
VHF bands, hearing signals through that
ubiquitous man-made noise often be-
comes the crucial determining factor for
success. Efforts to eliminate the noise
take various avenues, from replacing the
neighbor’s doorbell transformer to per-
suading the power company to fix the
lines, or escaping to a mountaintop for
a contest. But after all other efforts, we
are reduced to dependency on our noise
blankers. Alas, were it only so easy as
pushing a button! The cold, cruel real-
ity is that noise blankers do sometimes
blank the noise, but they often also add
more trouble than they remove.

A typical response from a nearby sta-
tion, when asked “Is my signal trou-
bling your receiver,” is “Well, you're not
overloading my receiver, but you're
crunching my noise blanker.” Modern
strong-receiver technology has just
about eliminated the problem of re-
ceiver overload, once a serious matter.
But modern noise blankers are notori-
ous for folding up under the stress of

5259 Singer Road
Las Cruces, NM 88005

Mark Mandelkern, KN5S

strong signals on nearby frequencies.
Strong signals cause two problems
with noise blankers. My experience
shows that one of these has by far the
worst effect, and I've recently built a
transceiver that avoids the problem.
Let us first briefly review the opera-
tion of a noise blanker. A block diagram
of a typical blanker is shown in Fig 1.
There are three main sections. The
noise amplifier amplifies the noise
pulses to a level sufficient for the detec-
tor and pulse-forming network, which
produces a control signal, called the
blanking pulse. This blanking pulse is

routed to the receiver gate, where it
disables the receiver during the noise
pulse. Sounds simple, right?

Now, what goes wrong? First, the
blanking pulses modulate any signal in
the passband, turning them on and off
rapidly. The effect is to create noise
sidebands on either side of the signal,
just like key clicks from a transmitter
without proper key shaping. But this
effect is minor compared to the second
problem: A strong nearby signal—one
outside the 2-kHz filter but within the
25-kHz filter—will enter the noise am-
plifying channel and create false blank-

From
Front End

Signal
Amplifier

Filter

BW=25 kHz

Noise
Amplifier

To
IF Amplifier

SSB Filter

Blanking

Pulse
Detector

Fig 1—Block diagram of a typical modern noise blanker.

August 1993 3



ing pulses which tend to quiet the re-
ceiver, eliminating the desired signal.
We say the receiver is “crunched.”

I know of three noise blanker systems
which avoid this problem. First is the
Collins system of the 1950s. Second, in
1967 1 built a copy of the Collins system
which I adapted to a Heath SB-301 and a
6-meter converter, for noise-free 50-MHz
reception. Third is the system I recently
built into my new home-brew transceiver.
T've tried to design everything into this
new radio. It covers all the bands from 1.8
to 144 MHz, has dual VFOs, all-quartz

reference oscillators (no microprocessor or
synthesizer—and no birdies or phase
noise!), IF shift, RF speech clipping,
panel-adjustable CW offset, dual re-
ceive—the works! But most important, I
wanted to get rid of the infuriating power
line noise—without being crunched. The
result is the evasive noise blanking sys-
tem described here.

The Collins System

The Collins system is shown in Fig 2;
it was designed mainly for mobile op-
eration with the KWM-2. It differs from

From
RF Amplifier
1st Mixer . -
Variable IF
28 MHz 3 MHz
Local
Osciflator
40~MHz
Noise
Antenna
Noise
Amplifier Detector

To
IF Amplifier

SSB Filter

BW=2.1 kHz

455 kHz

VFO

Blanking
Pulse

Fig 2—Block diagram of the Collins blanker. The noise amplifier limits the bandwidth of

the noise channel to about 500 kHz.

50-MHz
Beamn
6 Meter
Converter SB-301
14 MHz Cate
(added)
8 MHz
36 MHz
LO
51 MHz _ Blanking
Filter | BW=100 khz I Pulse
Noise
Amplifier Detector

Fig 3—Block diagram of the blanker for 6

meters built for a Heath SB-301 in 1967. The

noise channel operates at 51 MHz, while the desired signals are at 50-50.5 MHz.
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the modern blanker in that the noise is
picked up at 40 MHz by a separate an-
tenna. In a mobile installation, the
vehicle’s broadcast radio antenna
would be used. The main disadvan-
tages of this system were twofold.
First, the noise heard at the operating
frequency might not also appear at
40 MHz. The second disadvantage
occurred in a receiver used in a home
station with an antenna having some
gain (a 10-meter beam, for example),
and a separate 40-MHz whip for noise
pick-up. Even if the noise were also at
40 MHz, still the whip might not hear
noise heard by the beam. No blanking
would occur. A separate 40-MHz rotat-
able beam would be ideal, but I don’t
know if anyone actually did this.

A Six-Meter System

The system I built into my SB-301,
shown in Fig 3, was adapted from the
Collins circuit.! The gate was built for
the Heath first IF frequency at 8 MHz.
More important, the noise amplifier
was built for 51 MHz, and the 51-MHz
noise was taken from a tap after the RF
amplifier in the 6-meter converter.
Thus the noise amplifier had the ad-
vantage of using the large 6-meter
beam and could hear noise that was no
louder than the weakest 6-meter DX
signal. This system avoided both disad-
vantages of the Collins system, and the
results were spectacular.

The Modern System

After many years of missing the old
Heath, I began a 3-year project of
building a transceiver, the last piece in
a completely home-brew station. The
design goal for the blanker in the new
radio was that it should provide the
advantages of the old 51-MHz system
on all bands. The transceiver tunes
1-MHz segments, and a natural exten-
sion of the old system would be to lis-
ten for noise at the top of the band in
use. But now a third problem could be
foreseen. While such a fixed frequency
noise amplifier was okay for 6 meters,
where I could predict where signals
would be found, it might not work so
well on other bands. (Is there a local
repeater on 145 MHz?)

The solution was a tunable noise am-
plifier—to evade the strong signals.
Working 24.9 MHz? Just tune the noise
amplifier to any clear frequency be-
tween 24.0 MHz and 24.8 MHz. One

panel knob does the tuning. Once a clear

"Notes appear on page 6.



3940 MHz
from

Front-kEnd

Second
Mixer

30-31 MHz
Signal Channel
Tuning

VFO and
Premixing Circuits

Noise
Mixer

Filter

BW=25 kHz

Filter

Noise

BW=25 kHz

30—31 MHz

Tuning

Noise Channel

Amplifier

Signal
Amplifier

Oetector

To SSB/CW
Filters and
IF Amplifier

SN

Gate

Blanking
Puise

Fig 4—Block diagram of the evasive noise blanker.

1k
Gate

2N5109 0.01 39
From > ) B
Signal >——)H
Filter 0.01 150 150

470

58 0.01 ! -6 dB 15 Kk 0.01
47 0.0
15V 7 7 7 470
+15 V
-15V
Follower 100 Detector 1 .
+15 v e
+
10 uf
From
Noise >—) o001 0.001
Amp itier 0.01 0.01 /—;r7
10 k

6.8 k

0.01 J:

39 °
IF Amplifier
150 150

il

T

-6 dB

Blanking
Pulse

Fig 5—Schematic diagram of the noise detector, pulse-forming network, and receiver gate used in the author’s home-brew transceiver.
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spot is found, it seldom needs attention.
Another knob adjusts the noise blanker
gain, which is set according to the am-
bient noise level. Any noise above this
level at the noise channel frequency will
cause a blanking pulse. This control is a
push/pull type for on/off blanker switch-
ing. Both the noise amplifier and the
receiver [F at the gate have band-
widths of 25 kHz. This width prevents
the noise pulses from being excessively
broadened, as they would be with
sharp filters. Some noise blankers use
a somewhat narrower bandwidth. I had
the 25-kHz filters in the junk box, but
some experimentation might be called
for here. The usual sharp SSB/CW fil-
ters come only after the gate. (I have
2-kHz, 400-Hz, and 200-Hz IF filters
available.)

The block diagram of my evasive
noise blanker is shown in Fig 4. The
radio uses dual conversion on all bands
from 1.8 to 144 MHz, with high-side
first injection. The IF frequencies are
40 MHz and about 9 MHz. The first IF
tunes from 40 to 39 MHz. The noise
blanker samples the first IF and gates
the second IF. When the noise blanker
is off, relays switch it completely out of
the circuit. The amplifier ahead of the
gate replaces the gain lost in the filter
and gate, so there is no change in over-
all receiver gain when the noise
blanker is switched in or out.

The evasive noise blanker can be
adapted to any IF. Any of the Handbook
circuits can be used for the noise mixer,
oscillator, and amplifier, since these are

non-critical.2 For the noise detector and
receiver gate, you can copy the circuit
from your favorite commercial radio. The
circuit I used is shown in Fig 5. The noise
amplifier has no AGC and the operator
must use the noise amplifier gain control
on the panel. This may be a disadvantage
compared to some modern “automatic”
types, but my hunch is that it may actu-
ally be an advantage. There is also room
for experimentation here.

One point which does not show up in
the schematic should be mentioned. My
radio has no AGC applied to the front
end. One reason for this is out of consid-
eration for the blanker. When AGC from
the narrow IF 1s allowed to reduce the
gain ahead of the noise channel, some
weird effects result. Noise may be actu-
ating the AGC, then the blanker gain is
increased, the noise is driven out of the
IF, the AGC voltage drops and the front-
end gain increases. This has a positive
feedback effect which may saturate the
noise detector. The operator experiences
a hysteresis type of blanker latch-up.
This problem is avoided by applying
AGC only to the IF amplifier.

Adapting the Evasive
Noise Blanker

Perhaps the most likely adaptation
of this system would be as a stand-
alone device at 28 MHz for use between
VHF converters and an HF radio. It
might have a noise channel at 29 MHz,
and blank the entire IF. Or it might
have a tunable noise channel and also
use down/up mixing to blank only a

DOWN EAST MICROWAVE

Amateur Microwave Antennas and Equipment
TROPO, EME, WEAK SIGNAL,

902, 1269, 1296, 2304,
2320, 2400, 3456 MHz

LOOP YAGIS, POWER DIVIDERS, COMPLETE ARRAYS
KIT FORM OR ASSEMBILED AND TESTED
SOLID STATE LINEAR AMPLIFIERS FOR 902 & 1296 MHz

Write for Free Catalog to:

DOWN EAST MICROWAVE
Bill Olson W3HQT, Box 2310 RR1
Troy, ME 04987 (207) 948-3741

S

OSCAR MODE L, MODES,
ATV, REPEATERS

VISA*
—

tunable 25-kHz segment. It sounds like
a lot of work, but serious operators will
stop at nothing to hear the DX!
Another possible variation would
be to simply take a 28-MHz tap off
the VHF converter output. Tune,
filter, amplify, and detect the noise,
and then (here’s the rub) find the
spot in your receiver’s original noise
blanker gate at which to apply the
blanking pulse. Still other varia-
tions would involve two receivers.
On the lower bands there is a special
problem. The noise is usually of atmo-
spheric origin rather than the man-
made pulse noise on which noise
blanking has half a chance. And there
may be signals in the entire 1-MHz seg-
ment. Narrow bandwidth antennas, as
on 160 meters, are another limitation.
The next step is to try using a VHF band
to feed the noise channel while operat-
ing a lower HF band. This just means
separate band switches for the operat-
ing channel and the noise channel.
This evasive noise blanker has been
in constant use for over a year. Results
on the VHF and higher HF bands have
been excellent. I can use the blanker as
close as I wish to loud stations. I hope
you have fun trying the evasive
blanker; please write to me about your
results. There is still much room for ex-
perimentation to fight this noise prob-
lem. New noise sources are being
invented faster than better blankers!

Notes

' Fundamentals of Single Side Band, 2nd
edition, Collins Radio Company, Cedar
Rapids, lowa, 1959.

2 The 1993 ARRL Handbook for Radio Ama-
teurs, Newington, CT, 1992 g

Surface Mount Chip Component
Prototyping Kits—
0 :

CC-1 Capacitor Kit contains 365 pieces, 5 ea. of every
10% value from 1pf to 33uf. CR-1 Resistor Kit contains
1540 pieces; 10ea. of every 5% value from 102to 10 megQ.
Sizes are 0805 and 1206. Each kit is ONLY $49.95 and
available for Immediate One Day Delivery!

Order by toli-free phong, FAX, or mail. We accept
VISA, MC, COD, or Pre-paid orders. Company PO’s
accepted with approved credit. Call for free detailed
brochure.

’ COMMUNICATIONS SPECIALISTS, INC.

E 426 West Taft Ave. - Orange, CA 92665-4296

Local (714) 998-3021 + FAX (714) $74-3420
Entire USA 1-800-854-0547
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Basic Digital Filters

Use a simple BASIC program to
design DSP bandpass filters.

igital Signal Processing (DSP)
D is not magic, nor, as J. H. Karl

confirms, does it require a high
priest.!] DSP involves two computer
programs of only moderate complexity,
but most DSP writing would lead you
to think it’s fearsomely complicated.
This article will show you how to easily
design one type of digital filter and will
present some ideas about implementa-
tion.

All digital filter systems contain
three parts: input, processing, and out-
put. The filter input converts the ana-
log signal to a digital one. Assume we
want an audio filter up to 3 kHz. The
analog input signal is chopped into
pieces (sampled) at a rate of twice the
audio bandwitdth, or 6 kHz. Each piece
is given a digital value that corre-
sponds to the amplitude of the signal.
The maximum possible digital value
sets the precision, in bits. For example,
there are 256 possible values in an
8-bit conversion. So our audio signal
consists of 6000 values per second, each
value being 8 bits (1 byte). The output
section of the filter does a digital-to-
analog conversion of the byte stream,

"Notes appear on page 8.

4224 Brush Hill Road
Nashville, TN 37216

Russ Ward, WA4ZZU

resulting in the analog audio signal.
One chip may do both conversions.2
Appropriately manipulating the
6-kHz byte stream with a computer
gives a digital filter. Fig 1 shows a
finite impulse response (FIR) digital
filter. The output of the filter depends
on a chosen number of past values
which are temporarily stored in the
boxes labelled “delay.” The bytes are
shifted right at a 6-kHz rate. The num-
ber of delays is an important design pa-
rameter; more delays mean steeper
filter skirts. Each output byte is the
sum of all the delay values, each multi-
plied by a corresponding factor, h,.
Since Fig 1 has M delays, there will be

M + 1 multiplications and M additions
per output byte. The h factors are
mostly small numbers and are some-
what critical. Determination of the A
factors is what must be done to design
a digital filter.

Determination of the h factor is eas-
ily done with a computer. Program 1 is
a BASIC program that does just that. I
modified this program, which I got
from the book, Introductory Digital
Signal Processing, by P.A. Lynn and W.
Fuerst (Wiley, 1989). This is a really
good book, and I recommend it. My
modifications make the program easier
to use for hams.

This simple program has the usual

x (n) x {n—1) x {n—2) x {(n—M)
Delay Delay -~ Delay
Input
hg h h2 oo o hM
Output
y (m)

Fig 1
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quirks. It works only for an odd num-
ber of delays (also called taps). And it
scrolls the factors fast if more than
25 delays are requested. To determine
the number of taps, I use this rule
of thumb: the minimum number of
taps = 20,000/bandwidth (Hz). Note
that the frequency plot generated by
the program does not go below —50 dB.
Being BASIC, it is slow; relax and
watch the “-50” blink. The windows
mentioned in the program are criteria
which modify the A& factors to obtain
better filter shape; they are represen-
tative examples. Try them and watch
the filter shape change.

The second program you will need
uses the A factors to modify the input
data stream. This second program is
the actual digital filter.

For a filter with M taps, we have 6,000 x
(M + 1) multiplications and 6,000 x M
additions per second. The processing can-
not be done directly in real time on a PC; it
requires mathematical tricks. IWSBHY
showed one trick to reduce processing, us-
ing factors which are all 0 or 1.3 Another
common trick is called a fast Fourier trans-
form (FFT) and is beyond the scope of this
article. If one is not concerned with real-
time, the ideas in this article could be
coded in BASIC. For example, you might
try filtering a tape of the ZRO satellite re-
ceive test.

Speed is crucial to this second com-
puter program. Real-time processing
often requires assembler language, and
often a special DSP chip is used. DSP
chip assemblers are strange and expen-
sive. But one can use the same com-
puter for the above design program and
for filter implementation. Sanderson
detailed his SSTV DSP application at
Dayton in 1993; it had 41-tap filter
running on a 80486. Either seek out
existing 80x86 code or convert one of
the many available FORTRAN FFT
programs. The assembler code is not
very complex. IWSBHY gives non-FFT
80x86 code.

This article has described the basics
of DSP filter design and has shown a
BASIC language design program. It
has also presented a few ideas concern-
ing implementation of a DSP filter. Go,
now, and do some DSP!

Notes

1 An Introduction to Digital Signal Process-
ing, J. H. Karl, Academic Press, 1989. Pref-
ace.

2| ow-Cost Digital Signal Processing for the
Radio Amateur,” D. Herschberger, QST,
September 1992, p 43.

3 “Digital Filter for EME Applications,” A.
Dell'Immagine, QEX, May 1992, p 3. (OO
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CLS

DIM SEE(200),H(200),W(320)
PRINT "Enter Center Freq (Hz)":INPUT A
W0=3.141593*(A/3000)

PRINT "Enter Bandwidth (Hz)":INPUT B
W1=.5*(B/3000)*3.141593
PRINT " Enter M (# Taps =
PRINT"select window:"
PRINT"O=rectangular;
REM

REM *#*kk%d*k compute window values
IF X=0 THEN A=1:B=0:C=1:GOTO 150

IF X=1 THEN A=.5:B=.5:C=M+1:GOTO 150
A=.54:B=.46:C=M

FOR N=1 TO M:SEE(N)=A+B*COS(N*3.141593/C):NEXT N

REM

REM *#***%x%%* compute impulse response values ****kkkikx
HO0=W1/3.141593:FOR N=1 TO M
H(N)=(1/(N*3.141593))*SIN(N*W1)*COS (N*W0)*SEE(N) :NEXT N
REM #*#*k*xx*xk* draw rectangular grid for plot **k*k**
SCREEN 2,0

FOR K=0 TO 5

K20=(30+(20*K) ) :K64=64*K

LINE(0,K20)~-(320,K20)

LINE (K64,30)-(K64,130) :NEXT K:LINE(319,30)-(319,130)
LOCATE 18,1:PRINT "0"

LOCATE 18,7:PRINT "600"

LOCATE 18,15:PRINT "1200"

LOCATE 18,24:PRINT "1800"

LOCATE 18,31:PRINT "2400"

2M+1 )" :INPUT M
l1=von hann; 2=hamming":INPUT X:CLS

kkkkkkdkk

LOCATE 18,39:PRINT "3000"
LOCATE 5,42:PRINT "0 db"
LOCATE 7,42:PRINT "-10"
LOCATE 9,42:PRINT "“-20"

LOCATE
LOCATE

12,42 :PRINT "-30"
14,42 :PRINT "-40"

LOCATE 17,42:PRINT "-50"

LOCATE 2,4

PRINT "FIR DSP FILTER FREQUENCY RESPONSE"
LOCATE 20,4

X = 2%M+1

PRINT X " Tap Filter 6 kHz Sample Rate"
LOCATE 22,1

REM

REM *****%xx*** compute frequency response
FOR N=1 TO 320:FREQ=3.14159*(N-1)/320
W(N)=HO:FOR K=1 TO M:W(N)=W(N)+2*H(K)*COS(K*FREQ) :NEXT K
LOCATE 17,42:IF N > 100 THEN PRINT "grx"

* ok ok ok kkkk

LOCATE 17,42:IF N > 190 THEN PRINT "-50"
NEXT N
REM normalise to unity ** convert to db and plot ***

MAX=0:FOR N=1 TO 320:IF ABS(W(N))>MAX THEN MAX=ABS(W(N})
NEXT N

FOR N=1 TO 320

DB=20*LOG(ABS(W(N))/MAX)*,4343:IF DB<-50 THEN DB=-50

IF DB=-50 THEN DB=-49

LINE(N,32-2*DB)~(N,30-2%DB) :NEXT N

REM

LOCATE 22,1

PRINT " Hit enter for Filter Coefficients"
INPUT Y

REM if y=0 then goto 680

CLS

PRINT " Filter Coefficients"

PRINT" (corrected for unity maximum gain)"
Z=M+1

PRINT "h(" 2 ")= " HO/MAX

FOR N=1 TO M

R=(M+1)-N

S=(M+1)+N

PRINT "H(" R ")=H(" S ")= " H(N)/MAX
NEXT N

REM IZ2ZZEXTEERSZ RIS XS 88 X3

Program

1—Used with permission of John Wiley and Sons, Inc.



The Growing Family of Federal
Standards for HF Radio Automatic Link

Establishment (ALE)

Part II: A Compact Disc for Testing HF ALE Radios

An ALE test signal can be generated in a variety of ways, as the authors describe.

David Wortendyke, NOWGC, Chris Riddle, KBGHNM and Dennis Bodson, W4PWF

Introduction: Testing Methods

Federal Standard 1045 and compan-
ion Military Standard 188-141A define
sophisticated adaptive HF radios that
can perform automatic link establish-
ment (ALE) with other ALE compatible
radios whose addresses are known. All
ALE radios procured by the US Gov-
ernment must comply with certain
mandatory features in these two stan-
dards. This ensures that regardless of
vendor, all ALE radios will interoper-
ate successfully. Hence the systems
must be tested to determine if the
radios meet the mandatory require-
ments of the standard.

These two government standards for
HF Radio ALE have been described
in open literature for several years.!23,4
The interoperability testing and perfor-
mance evaluation techniques initially
used by the government were complex
and required the transportation of test
equipment to each manufacturer’s lo-

'Notes appear on page 14.

cation; this was a very time consuming
and expensive task.5:6 Because the goal
of the testing was to determine only the
interoper-ability and performance of
each unit, compliance testing against
the standards was not done. The scope
of the two federal standards is very
broad, with a rich set of features. Both
standards have something for every-
one. The features are either mandatory
or optional, and most radio manufac-
turers tend to focus only on the manda-
tory features to minimize the product
cost.

For the initial government procure-
ment (drug interdiction program) in
1990, the government provided a test
team and equipment to perform inter-
operability and performance testing at
six different vendor locations. Interop-
erability normally implies that two dif-
ferent systems can perform the same
functional tasks, and one is considered
the “standard” system. A quick review
of the three-way handshaking required
by the radios to establish a link is shown
in Fig 1. After a preliminary checkout of

two identical systems provided by a ven-
dor, one was placed on line with an an-
tenna, in order to test the selected

ORIGINATOR SCANNING

RADIO A RADIO B
0
N
Y,
%,
%,

0 &
-] % B STOPS
5 < SCANNING
Q
[
2
w
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10

peSPONSE
15 -
CKNOW;
13 LEDGEwERNT
LINK
ESTABLISHED

Fig 1—Three-way handshake used by ALE
radios to establish a link.
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Boulder, CO 80302

Dennis Bodson, W4PWF
233 N Columbus St
Arlington, VA 22203

August 1993 9



functions over-the-air with a system in
Boulder, Colorado. While this method
worked for the most part, it certainly
was not a very satisfying procedure. The
performance testing required the use of
government-furnished equipment—in-
cluding a portable, narrowband, propa-
gation channel simulator (Watterson
model). Because performance is mea-
sured between two radio systems, and
the ALE technique uses the bidirec-
tional handshake shown in Fig 1, two
channel simulators were required—
each costing about $60,000! A typical
test set up is shown in Fig 2.

The interoperability tests using one
standard radio, and the performance
tests using two of the vendors’ radios
with two channel simulators, were not
once-in-a-lifetime occurrences. As each
new standard in the family of adaptive
radio standards is issued, there must
be at least two more sets of tests. The
first is the “Proof of Concept” prior to
the release of the standard, and then
the “Acceptance” testing as described

in note 5. After the 1990 testing, it ap-
peared obvious that there must be a
better way to perform the tests, with a
technique that could reduce the trans-
porting of equipment to each location.
The remainder of this paper considers
a method to solve many of the difficul-
ties of this testing problem.

The Need for a Standard Set
of Test Stimull

The need for a standard method of
testing new ALE radios prompted the
High Frequency Industry Association
(HFIA) to organize their efforts under
the Armed Forces Communications
and Electronics Association (AFCEA)
and propose a set of 12 types of tests
which cover all the mandatory features
of the two government ALE radio stan-
dards. The document was approved at
their meeting on January 7, 1993, in
San Diego, California. One of the fea-
tures of the testing is the need for a
standard test tape or audio compact
disc (CD) with the various types of

calls, emulating an ALE radio, encoded
as ALE modem tones on the tape or
CD. Table 1 lists the 12 types of tests
as itemized in the document that was
approved. The first 11 tests may fit on
one or two CDs, but the 12th test for
performance could require a dozen CDs
if fully implemented. Each of the 12
types of tests will have multiple calls
placed by the emulated radio record-
ing. Generally, these calls will use dif-
ferent combinations of addresses for
the calling tape and responding radio.
Except for two cases, all the tones will
be at the required level (0 dBm into
600 ohms) to be considered a “clean
tone” (599). The 12th test measures the
ability of the radio to link in a dis-
turbed environment with noise, multi-
path and fading. Table 2 presents the
various channel conditions required by
the government standards for mea-
surement of performance, established
by how many links will occur with 100
attempted calls. The clean tones are
used to determine the interoperability

ALE
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Tx Rx

FED-STD-1045

Not
Used

Optional
Features

1 I

] |

] ]

1 I Digital

I | = Digital
3 '3 , Encoded Tones
5 =
S! HF CHANNEL HF CHANNEL 's

1 SIMULATOR SIMULATOR !

I v iz |

I I

I' : OPTIONAL Data

on
A Y Y ¥ CHANNEL Disk
(Audio) In  Out Out  In (Audio) SIMULATOR Noise &
Warte |22
TRANSCEIVER TRANSCEIVER Naontand Fading
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DAC
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ATTENUATOR A
130 dB) (( >
AUDIO "PROOFING" AUDIO CD

Fig 2—Test setup for performance testing
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of ALE radios.

Fig 3—NTIA/ITS method to generate ALE tones for testing radios.



of the tested radio, while the disturbed
tones will be used to test the perfor-
mance of the radios in adverse condi-
tions.

One of the questions that arises
when using a one-direction or one-way
test technique like this is: What hap-
pens to the value of the probability of
linking? The subjective answer is easy:
The probability of linking increases
over the two-direction, three hand-
shake linkup testing by some constant
value. The theoretical value has not
been solved at this time. Any theoreti-
cal values should obviously be verified
by empirical data from several brands
of radios. This computed/measured fac-
tor could be used as guideline to ex-
trapolate the expected two-direction,
three-way handshaking performance,
but not in place of the actual perfor-
mance required by the government
standards for ALE radios.

Why an Audio CD?

There are many methods that could
be used for storing and reproducing the
ALE audio tones. These are:

1. audio cassette tape and player,
2. digital audio tape (DAT) and

player,

3. audio compact disc (CD) and
player,

4. computer sound file and sound
card.

The first two are sequential tech-
niques, while the latter two use ran-
dom access for playback. For testing,
especially repetitive testing, the ran-

dom-access device has advantages over
the tape. A good analog audio tape cas-
sette deck may have sufficient accuracy
to do some of the testing, but because
of wow and flutter it should be looked
at with suspicion. The DAT and CD,
being digital devices, when used in a
good quality home system can repro-
duce tones with an accuracy on the or-
der of 5 to 30 parts per million (ppm).
The analog cassette tapes may fall in
the range of 1500 to 4000 ppm accu-
racy. The computer sound-card alter-
native is viable if the sound card
provides sufficient accuracy. The first
generation of sound cards that were
available in 1992 were very dependent
on the host processor chip and speed.
Even with an 80386/486 at 33 MHz, the
measured frequency accuracy was only
slightly better than the better cassette
tape decks. New-generation sound
cards using digital signal processing
(DSP) can achieve accuracies close to
that of the CD player.? That type of ac-
curacy may allow their use in the ALE
radio tests.

The CD has a major feature that can
prove advantageous in some test situa-
tions, and a detriment in others. The
CD is the only medium that can not be
altered. A great amount of security is
provided to the entire HF industry and
government agencies by using a com-
mon test source. The disadvantage is
that if it is necessary to design a test
on-the-fly with different addresses, etc,
the other media can be altered; the CD
cannot. The most flexible medium is
the PC sound card, since the param-

Table 1 HFIA Suggested Format of Standard Test Tape or CD.

Section Type of Call

1 Sounds

100 Quick Sounds
All Call

Selective All Call
Individual Calling
Net Calls

Group Calls

Any Calls

Selective Any Calls
Wild Card Calls
Automatic Message
Display (AMD)
Performance Tests

—Cwoo~NOoOUbkWN

—_

—~
\V]

Comments

Many addresses using all valid charac-
ters in the allowed set

Noise added at three S/N levels for a
selected address

Mix of long and short addresses
Simple and with AMD

With known and foreign address
With four levels of LQA in ackn.
Simple and with LQA and AMD
Same as above

Same as above

With known and foreign address
With length = 3 and 6 characters

90 Character message in

Response of Call

100 calls for each of the 12 sets

with All Call & AMD of conditions in
FED-STD-1045 matrix

eters may be modified and a new set of
tones computed. This will be explained
in more detail in the next section.

Several important factors remain,
regardless of which medium is used,
that provide motivation for producing a
test tape or CD. It would:

1. meet the requirements of the
HFIA test plan,

2. reduce the test equipment
needed to verify interoperability,

3. eliminate the need for an expen-
sive channel simulator for initial
performance tests,

4. clarify, by example, several
parts of the standard that have
been misunderstood,

5. promote more widespread use of
the government standards,

6. serve as a method to transfer
technology from the government
to smaller companies desiring to
enter the market,

7. become the spring-board for
future automatic testing of new
features and next-generation
government standards for ALE
radios.

Computer Generation of
ALE Tones

Various methods were considered to
generate clean tones for interoperability
testing. All the modem/radio manufac-
turers use digital signal processing
(DSP) boards with a development effort
typically measured in man-years. Fur-
thermore, all their code is proprietary
and therefore not available. In spite of
the industry’s careful efforts to imple-
ment the standards, several opera-
tional differences were found in the
initial tests between vendors (see note
5). We did not want to reinvent the
wheel in our effort to make a standard
audio test tape or CD, and we had a
goal of doing the development in man-
months, not man-years. It was appar-
ent that a complete audit trail of input
protocol, encoded tone values, and, of
course, the output audio tones, would
be mandatory for a standard test tape.
Since we started the task in October,
1992, rapid progress has been made in
both design and implementation, with
about 3 man-months completed.

This paper focuses on the method used
to generate the clean tones for the first
11 types of tests in Table 1. The subject
of generating the tones through a dis-
turbed set of channel conditions is be-
yond the scope of this paper and would
not satisfy the intended purpose of this
series of articles on ALE radios. In very
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general terms, as shown in Fig 3, the
mandatory features of the ALE radio
standards are used to generate a set of
sound files which are stored on (mag-
netic) disk or tape. The actual format of
the files depends on how the data is to
be converted into audio. One format is
the WAVE file (technically a RIFF file
with sound data) defined by Microsoft
and used in the MS-DOS /Windows 3.1
system. Any of the better-quality plug-

in audio sound cards can play the files
to external speakers. An extremely im-
portant point in this technique is that
the files are made off-line, placed in a
RAM drive on the computer, and then
played from the RAM disk. It is not a
real-time process; rather it is a “com-
pute now, play later” philosophy. It is
wise to use a 80386 or 80486 processor
with. a math coprocessor when doing
the calculations. Depending on the

Table 2 Government-required performance tests for ALE radios

FED-STD-1045 Probability of Liking
Signal-to-Noise Ratio (dB) in 3 kHz BW

Required Probability of Linking
with 100 Attempts

Gaussian CCIR Good CCIR Poor
Noise Channel  Channel Channel
-2.5 +0.5 +1.0 >25%
-1.5 +2.5 +3.0 > 50%
-0.5 +5.5 +6.0 > 85%
0.0 +8.5 +11.0 >95%
*
L TO SAM 5
L TIS JOR 1
. 1
R ¢ JOR 2
ALE PROTOCOL R o8 el :
hd 1
L TO SAM 2
L TIB JOR 1
| Part 1: Encode 1047037145676174042341746273707602116076313574370 #LEFT
1047037145676174042341746273707602116076313574370 #LEFT
1047037145676174042341746273707602116076313574370 #LEFT
1047037145676174042341746273707602116076313574370 #LEPT
1047037145676174042341746273707602116076313574370 #LEFT
4765423136145721237261145706275051753046274313642 #LEPT
...... weessesarares KBOTH
ALE TONES 1565423176164531067261147707225443353046374351262 #RIGHT
1565423176164531067261147707225443353046374351262 #RIGHT
4247037105657364212341744272757210516076213536750 #RIGET
Soﬂwcre 10470371456761740423417462737076021160763113574370 #LEFT
Switch 1047037165676174042341746273707602116076313574370 WLEFT
— e - - 4765423136145721237261145706275051753046274313642 #LEFT
}
Where B-ary tones are:
] 0 = 750 Hx
1 1 « 1000 Hs
2 = 1500 Hx
3 = 1250 Hsz
' CHANNEL ) e
] 5 = 2350 Hx
IMULA' § = 1750 Bx
i s Ton 7 = 2000 Hx
| Watterson
| Narrowband
: Model Y,
|
|
i

Part 2: Modulate

Y

Binary
( SOUNDFILE >Dato

Fig 4—Overview of process to make a datafile of ALE modem tones.
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number of bits and sampling speed, the
computations can take 1 to 4 times the
playback time.

The protocol defined in the Govern-
ment ALE radio standards names 8
types of preambles to create an ALE
call. Two types will be mentioned in
this paper for the purpose of illustrat-
ing the technique of encoding the mes-
sage. Fig 4 presents the overview of the
method used to make the sound files.
For simple ALE calls, a single program,
ALECALL, reads an ASCII text proto-
col file of preambles and addresses and
converts the information into the 8
tones used by the standards. These
tones are then digitized in the modula-
tor section of the ALECALL software
program and written to the computer
disk as a sound file. Although it would
not be necessary to output the tones in
numeric form, we chose to write them
to a disk file as part of the audit trail
for the user of the sound files. The two
preambles in the example in Fig 4 are
“TQ” and “TIS” (TIS = THIS IS), which
represent the addressee (TO) and the
sender (TIS). Four single-character let-
ters may be used in the first column of
the input protocol file:

1. the “#” defines a comment line
for informational purposes,

2. “L”or “R” directs the data on that
line to the left or right speaker,

3. an“* causes a delay of 49 bauds or
392 ms, since each symbol is 8 ms.

The preamble type for left and right
audio channels is the second word of
the line, followed by 3 characters of
data or address. The last number in the
line is the number of times to repeat
the data for that line. The example pro-
tocol file begins on the left channel
with 5 sets of “TO SAM” followed by
one “THIS IS JOE” for the initial call.
The response on the right channel from
SAM is 2 sets of “TO JOE” followed by
one “THIS IS SAM.” The final acknow-
ledgement by JOE is similar to the re-
sponse. This type of file documents
without any question the input to the
encoder software. It also makes it pos-
sible to generate a stereo sound file
with the originating radio on one chan-
nel (left in this example) and the radio
being tested on the other channel. In
actual testing, the right channel data
would not be used, except as reference
if desired.

The ALE standards define the mo-
dem tones as an 8-ary system with
tones from 750 to 2500 Hz in steps of
250 Hz. The sequence is gray-scaled or
mixed to help prevent selective fading



destruction of a particular range of
tones. Each tone may be represented by
an octal number from 0 to 7 as shown
in Fig 4. The ALE system uses 24 bits
of data from each line in the protocol
file and encodes these bits, along with
a stuff bit, three times with interleav-
ing into a 49-tone word. Each tone
(baud) is on for 8 ms, so the entire data
word is 392 ms. The sample tone file in
Fig 4 shows 49 octal tone values per
record, with the comment following
them for the right or left channel. The
time delays created by the “*” apply to
both channels.

[f the data is to be used for a DAT or
CD, the choice of the sampling rate is
the standard CD rate of 44,100
samples per second. Using a 16-bit
digital-to-analog converter (DAC), and
stereo for two-channel data, the ex-
ample shown here is exactly 5.488 s in
playing time, but took 9.6 s to generate
and is slightly less than 1 Mbyte in
size. We plan to use the computer
model channel simulator shown in
Fig 4 to create the disturbed tones that
actual propagation conditions would
cause. This portion of the software is
still under development and is not dis-
cussed in this paper.

Putting it Together

This section describes the complete
technique used for making the audio
data file for the DAT or CD, and use of
the tones to actually place a call and
link with a real ALE radio. The process
consists of four steps:

1. create an ASCII text protocol file
describing the ALE call (usually
the 3-way handshake),

2. run the ALECALL program with
the appropriate software switch to
build a sound file and, if using the
DAT, transfer the file to the tape,

3. set up a transceiver (with voice
actuated keying) on an autho-
rized frequency. The sound card
(or CD or DAT) output should be
plugged into the microphone jack
of the transceiver, with proper
impedance matching and levels
to key the transmitter,

4. while the real ALE radio is oper-
ating (and scanning its pre-pro-
grammed frequencies), play the
file of ALE tones into your trans-
ceiver. The ALE radio should
stop scanning, respond, answer
your call, and think it is linked
with another ALE radio.

The diagram in Fig 5 shows steps 2
and 4. It will be assumed that the read-

Develof
using

ASCli Text Protocol Input File

by NTIA/ITS
e Johnson Model

ASCll Text Tone File

Standard VOX
File Format

ALE-AD).WAV

Microsoft Wave File Format
Binary File with Digitized Sound Data

XPORT

Audio ‘Proofing”
Transfer File to Tape Tape Backup ngmm Sound Card ng'mm

INTERFACE TAPE
BOX DRIVE
QIK - 80
Master Tape TDA‘,‘JE MINl—DSg;
CARTRI
AUDIO CD
for Testing ALE Radios

Audio Stereo 16 Bit
Sound Card

LEh ) ) lCulllng Rcdloi
Right Speaker
) {Called Radio)

STEREO SOUND

NOTE:

PC-based software & hardware shown
above runs on 386/486 computers.

Fig 5—Emulation of ALE radio tone generation for laboratory testing.

ers of this article will have equipment
to perform step 3, or could improvise an
equivalent with a balanced mixer and
an RF amplifier. The simplest of calls,
such as the type described in the previ-
ous section, use an ASCII text protocol
which may be typed into the computer
with any text editor. That satisfies step
1. More complex calls, such as a re-
quest for link quality analysis (LQA)
SCOore, require a preprocessor program
to convert what we call a Level 1 proto-
col file (user-friendly English) into an
ASCII Level 2 protocol file. The Level 2
file may include non-printable charac-
ters which are expressed by a printable
combination of ASCII characters. An
example is the SHIFT OUT character
(decimal 14 = CONTROL N) which is
written as the doublet “*N.” This cod-
ing provides a powerful technique for
creating the protocol files for a large
number of the mandatory features in
the Government ALE standards.

The ALECALL software used in step
2 will currently generate either a sound
file of audio data (a format used by
CCITT as a digitized voice file) with the
“ SFD” extension or the WAVE file RIFF
format with the “ WAV” file extension.
The run-time choice depends on which

method in step 4 will be used to repro-
duce the digital data into analog.

While the first generation of sound
cards using DMA appear to be inadequate
for precise audio generation of the ALE
tones, the new generation of sound cards,
with both a microcomputer and DSP chip
on board, appear to work acceptably for
the interoperability tests.

Summary

This paper describes the need for a
simple standardized method of testing
the ALE radios as they are developed
and new features are added. The paper
also presents a relatively simple and
inexpensive technique for creating
digitized data for a set of test tones us-
ing a personal computer and special
software. The audio tones may be
played by using a good quality audio
sound card, or the digital data can be
transferred to DAT (tape) and/or audio
CD and played through a good quality
DAT or audio CD player. Each file of
digitized tones will exercise or test a
different function of the ALE controller
and radio. While the immediate goal of
this effort is testing ALE radios, it
would be a rather simple matter to use
the same technique for testing many
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types of modems and related audio ap-
plications. The rapid turn-around time
to modify an address and generate an
actual call using the sound card is ideal
for experimenters and for laboratory
work. The reduction in test equipment
and inventory of radios for preliminary
testing of new features in the ALE con-

troller is appreciable. Automation of

repetitive tests controlled by a com-

puter may be a simple matter when

using the sound card which is already
installed in the computer. On the other

hand, using an inexpensive compact
disc provides all vendors and custom-
ers with exactly the same unchange-
able source of audio tones to test the
operation (and performance) of new or
existing systems,

A potential application for Amateur
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Radio operators could be in conjunction
with passing messages into an opera-
tional ALE network. Assume that the
MARS network had ALE repeaters, and
an amateur had the ALE software and a
sound card. The ham could call the re-
peater, form a link, and then pass traffic
with whatever modems were normally
used to exchange data. If you can think
of other applications, the authors would
appreciate comments sent to NTIA.
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Broadband Dipole and Unipo
3.5-to-4.0-MHz Antennas

Using only transmission lines, the author shows how 75/80-meter
dipoles can be “stretched” to cover wider bandwidths.

r I Y this article discusses the design
of a dipole antenna that will
present a standing wave ratio

(SWR) of no greater than 1.7:1 over a

frequency range of 3.5 to 4.0 MHz. The

NEC2 program is used to calculate two

dipole configurations: a standard di-

pole and a folded dipole. NEC2 is an

acronym which stands for Numerical

Electromagnetic Code, second version.

NEC is a powerful computer program

developed for calculating the perfor-

mance of antennas.

To achieve such a wide bandwidth, it
is necessary to employ some means of
improving the change in input imped-
ance versus frequency for a dipole. My
goal is to improve the dipole antenna
bandwidth using only one quarter-
wave shorted stub and one quarter-
wave transmission line transformer.
The stub and transformer are a quarter
wave long only at the center frequency,
eg, 3.750 MHz for the 80/75-meter
band. If the line is 90 degrees long at
3.750 MHz, then the length will be 84
degrees at 3.500 MHz and 96 degrees
at 4.000 MHz. At these lengths, the
quarter wave transformer is still effec-
tive in transforming impedances.

4966 34th Rd N
Arlington, VA 22207

Hugh Fallis, NAHF

During my 40 years as an active ham
operator, I have had a great interest in
antennas. In my early years, I became
an avid DXer and quickly learned the
importance of a good antenna for suc-
cessful DXing. I have been associated
with Radio Free Europe and Radio
Liberty for the past 28 years and have
had the unique opportunity of being in-
volved with the design and construc-
tion of some of the highest-gain short-
wave antennas ever built. Working
with shortwave antennas profession-
ally has allowed me to gain insight into
improving the frequency bandwidth
performance of dipole radiators. I have
made use of this knowledge in the de-
sign of a broadband dipole radiator for
80/75 meters.

The first step in my design is to cal-
culate the dimensions of the antenna so
that it resonates at midband. The sec-
ond step is to calculate the input im-
pedance of a dipole antenna in free
space. Calculations using NEC2 show-
ed that a dipole constructed with num-
ber 14 copper wire will be resonant in
free space if its length is 38.91 meters.
This dipole is shown in Fig 1. The defi-
nition of resonance for a dipole in this
case is when the reactive component of
the input impedance is zero, eg, Z = R
+j0. Table 1 lists the input impedance
of this dipole and the input SWR (rela-
tive to 75 Q) versus frequency.

In Table 1, the useful frequency
range of this dipole falls somewhere
between 3.650 and 3.850 MHz without
exceeding 1.7:1. The frequency range of

Table 1—Input Impedance Vs
Frequency of a Dipole

Frequency Dipole Input SWR
(MHz) Impedance ()
3.500 61.02 —j111.29 4.5
3.525 62.11 —j100.04 3.9
3.550 63.21 —j88.84 3.4
3.575 64.33 —77.70 29
3.600 65.46 —j66.60 25
3.625 66.61 —j55.54 2.2
3.650 67.77 —j44.54 1.9
3.675 68.96 —j33.57 1.6
3.700 70.16 —j22.64 1.4
3.725 71.38 —j11.75 1.2
3.750 72.61 —-j9.06 1.04
3.775 73.87 +j9.91 1.1
3.800 75.13 +j20.69 1.3
3.825 76.43 +j31.44 1.5
3.850 77.73 +j42.16 1.7
3.875 79.06 +j52.85 2.0
3.900 80.41 +j63.53 2.2
3.925 81.77 +j74.16 2.5
3.950 83.16 +i84.78 2.8
3.975 84.56 +j95.38 3.1
4.000 85.99 +j105.95 3.8
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Fig 1—80/75-meter dipole antenna.

the dipole antenna can be increased by
paralleling a shorted stub at the input
of the dipole. The input admittance of
this dipole at 3.500 MHz is 0.003788 +
j0.006909 S, and the input admittance
at 4.0 MHz is 0.004618 — j0.005690 S.
The formula for the admittance of a
shorted-stub transmission line is:

Y= jGyeot 0 (1)

Theta, 8, equals the electrical length
of the stub in degrees. G is the stub’s
characteristic admittance (1/Z;). In
this example, I assume that at center,
3.750 MHz, the shorted stub has an
electrical length of 90°, eg, the stub is
20 meters in length. At 4.0 MHz the
stub will have an electrical length

Table 2—Input Impedance Vs
Frequency, Dipole with Matching
Stub

Frequency Dipole Input SWR

(MHz) Impedance (Q)

3.500 239.24 -j76.96 3.6
3.525 183.10 —j85.75 3.1
3.550 144.34 —j79.46 2.7
3.575 118.46 —j68.59 2.3
3.600 101.10 —j56.98 2.0
3.625 89.37 -j45.88 1.8
3.650 81.49 -i35.60 1.6
3.675 76.39 —26.10 1.4
3.700 73.42 —17.25 1.3
3.725 7222  -j8.89 1.1
3.750 72.61 —j0.91 1.03
3.775 74.57  +i6.82 1.1
3.800 78.20 +j14.37 1.2
3.825 83.72 +j21.72 1.3
3.850 91.57 +j28.76 1.5
3.875 102.29 +j35.19 1.7
3.900 116.69 +j40.29 1.8
3.925 135.62 +j42.64 2.1
3.950 159.72  +j39.70 2.3
3.975 188.20 +j27.21 2.6
4.000 216.54  +j0.025 2.9
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Fig 2—Dipole with a quarter-wave shorted stub.

of 96°, eg, (4.0/3.75) x 90° = 96°. At
4.0 MHz, I would like Y in Eq 1 to equal
+j 0.00569 S. This means that the stub
would cancel out the dipole’s reactance
at 4.0 MHz. With this information, it is
now possible to calculate the required
value of Gy, the characteristic admit-
tance of the transmission line used for
the stub. Using algebra, Eq 1 can be
rearranged to solve for G, the stub
characteristic admittance.

Gygp=jYtan @ (la)

Solving Eq la shows that G, = 0.054 S,
with its reciprocal in ohms (impedance)
being 18.5. Of course, it is not practical to
construct a 20-meter length of 18.5-Q
balanced, open-wire transmission line.
Nevertheless, we shall still analyze the
effect on SWR by adding this stub as
shown in Fig 2.

I have developed computer programs
for converting impedances to admit-
tances and admittances to impedances,
as well as computer programs for calcu-
lating the input impedance or admit-
tance of a transmission terminated
with a load. I wrote these programs in
FORTRAN, which is equipped to work
with complex numbers. A Smith chart
can also be used to make such calcula-
tions, however, this chart can become
very cumbersome if many calculations
have to be made. Table 2 lists the re-
sults of adding a 20-meter stub with
the characteristic impedance of 18.5 Q.

By comparing Table 1 with Table 2,
it is obvious that adding a shorted
quarter-wave stub at the input of the
dipole did not significantly increase the
bandwidth of this antenna. It is also
interesting to note that at the band
edges, the input resistance increased
and the reactance decreased.

A variation of a dipole that will im-
prove its input impedance over a range
of frequencies is the folded dipole.
Fig 3 shows the dimensions of the
folded dipole antenna being considered
to provide a SWR of less than 1.7 from
3.5 to 4.0 MHz. Table 3 lists the free

space performance of the folded dipole
as calculated by the NEC2 code. The
SWR is relative to 300 Q.

A comparison between Tables 1 and
3 shows that the folded dipole provides
at least 50 kHz more bandwidth than a
standard dipole. Using the same proce-
dure for calculating a stub, placed in
parallel with the antenna input, a
value of 68.26 Q is achieved. However,
since 68 € is close to the impedance
of 75-Q twin lead, I have decided to use
75 Q for the characteristic impedance
of the quarter-wave shorted stub.

Table 4 shows the resulting input im-
pedance with the stub and the input
SWR relative to 300 Q for the folded di-
pole.

Table 3—Input Impedance Vs
Frequency of a Folded Dipole

Frequency  Folded Dipole SWR
(MHz)  Input Impedance (Q)
3.500 279.89 —324.73 2.9
3.525 279.27 -j288.67 2.6
3.550 279.36 —j253.57 2.3
3.575 279.00 —j219.46 2.1
3.600 279.92 —j186.16 1.9
3.625 279.93 —j153.61 1.7
3.650 281.10 —j121.49 15
3.675 282.01 —j90.52 14
3.700 283.45 -j59.85 1.2
3.725 285.17 —j28.70 11
3.750 287.16 —-j0.00 1.04
3.775 289.41 +j29.28 1.1
3.800 291.93 +j58.19 1.2
3.825 29472 +j86.79 1.3
3.850 297.79 +j115.11 1.5
3.875 301.12 +j143.20 1.6
3.900 304.71 +j171.04 1.8
3.925 308.63 +j198.80 1.9
3.950 312.84 +j226.40 2.1
3.975 317.34 +j253.91 2.2
4.000 322.15 +j281.37 2.4
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Fig 3—Folded dipole antenna.

A comparison of Tables 1, 2, 3 and 4
shows the following:

1.The bandwidth of the uncompen-
sated dipole is approximately 185 kHz.
The bandwidth of the uncompen-
sated folded dipole is approximately
240 kHz.

2.The use of a quarter-wave shorted
stub connected in parallel with the
antenna input results in a band
width of approximately 260 kHz for
a dipole and 400 kHz for the folded
dipole.

This comparison demonstrates the
inherent wider bandwidth of the folded
dipole.

My experience in matching broad-

Table 4—Input Impedance Vs
Frequency, Folded Dipole with
Matching Stub

Frequency  Folded Dipole SWR
(MHz)  Input Impedance (Q2)
3.500 620.66 —148.99 2.2
3.525 528.31 —j161.44 2.0
3.550 457.51 —j154.26 1.8
3.575 403.74 —-{139.05 1.6
3.600 364.19 —j119.48 1.5
3.625 335.20 —j98.62 1.4
3.650 314.61 —j77.32 1.3
3.675 300.15 -j57.22 1.2
3.700 291.29 —j37.42 1.1
3.725 287.09 -j18.34 1.08
3.750 287.16  —j0.00 1.04
3.775 291.31 +j17.58 1.07
3.800 299.60 +i34.32 1.1
3.825 312.26 +j50.05 1.2
3.850 329.71 +j64.39 1.3
3.875 352.53 +j76.70 1.3
3.900 381.38 +j85.88 1.4
3.925 417.14  +j90.33 1.5
3.950 460.08 +j87.41 1.6
3.975 509.91 +j73.77 1.8
4.000 564.50 +j43.77 1.9

Fig 4—Matching arrangement for the 80/75-meter folded dipole.

band antennas has taught me that in
many cases, the use of a quarter-wave
transmission line to transform a higher
impedance to a lower impedance will
result in a lower SWR across the de-
sired bandwidth of the antenna. In
most cases, the greater the ratio be-
tween the antenna impedance and the
desired load impedance, the more effec-
tive the reduction in SWR. Most ama-
teurs are familiar with the equation for
determining the characteristic imped-
ance (characteristic resistance since we
assume the transmission line has no
loss). The equation is as follows:

Zo=VNZ,x2; (2)

Where:

Z 4 equals the antenna impedance.

Z; equals the desired input impedance.

Z equals the characteristic imped-

ance of the quarter wave transmis-
sion line transformer.

A comparison of Tables 2 and 4 show
that the folded dipole is a better candi-
date for the use of a quarter-wave
matching line than a standard dipole.

In applying formula 2 to calculate the
required characteristic impedance of the
quarter wave transformer, I selected the
desired Z; to equal 50.0 +j0.0 Q and used
300.0 +j0.0 Q for Z4. Therefore, Z will
equal 122.47 +j0 Q. For practical consid-
erations, I will use 150 Q for the charac-
teristic impedance of the quarter-wave
matching section. This line is connected
in parallel with the folded dipole input
which still has the matching stub con-
nected. Fig 4 shows this configuration.
Table 5 shows the resulting input imped-
ance and SWR relative to 50 Q at the
transformer input.

The use of the stub and the trans-
former in conjunction with a folded di-
pole antenna provides an antenna that
exceeds our design goal. The maximum
SWRis 1.51:1 between 3.5 and 4.0 MHz.
Only low-loss matching elements have
been used to achieve this wide band-
width.

At this point, it should be empha-

sized that this is only a theoretical de-
sign. I have not built such an antenna
because I don’t have the room to do so,
but what is important is the design ap-
proach.

In the next part of this article I shall
use this broadbanding technique on a
folded dipole antenna over real ground.
I shall also demonstrate the effect an-
tenna height above ground has on the
antenna input impedance and its reso-
nant frequency. I calculated, using
NEC2, the input impedance of a folded
dipole at ¥, ¥, %, % and 1 wavelength
above a perfect reflecting surface,
and above average ground. (Average
ground is defined as having a relative
dielectric constant of 10 and a conduc-

Table 5—Input Impedance Vs
Frequency, Folded Dipole of Fig 4

Frequency  Folded Dipole SWR
(MHz)  Input Impedance (Q2)
3.500 3423 -j6.68 1.51
3.525 38.67 —1.32 1.29
3.550 43.71 +j3.35 1.16
3.575 49.23 +{7.28 1.16
3.600 55.12 +j10.11 1.24
3.625 61.14 +j11.56 1.34
3.650 66.92 +j11.50 1.42
3.675 71.97 +j10.14 1.49
3.700 75.81  +j7.41 1.54
3.725 78.00 +j3.84 1.57
3.750 78.35 +j0.00 1.57
3.775 76.91 —{3.48 1.54
3.800 73.98 -j6.11 1.50
3.825 69.97 -j7.56 1.43
3.850 65.36 —j7.72 1.35
3.875 60.52 -j6.65 1.25
3.900 55.74 —j4.49 1.15
3.925 51.21 —jt1.42 1.04
3.950 47.03 +j2.37 1.08
3.975 43.24 +iB6.75 1.23
4.000 39.83 +j11.56 1.41
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Table 6—Lengths of Resonant
Folded Dipole Vs Height

Dipole Lengths
in Meters and (Feet)

A Perfect Reflector Avg Earth

1/8 37.078 (121.6) 37.071 (121.6)
1/4 37.010 (121.4) 37.271 (122.3)
1/2  38.618 (126.7) 38.458 (126.2)
3/4 37.578(123.4) 37.676 (123.6)

1 38.312(125.7) 38.240 (125.5)

tivity of 0.01 S /meter.) At each height
above the reflecting plane (ground) it is
necessary to readjust the length of the
folded dipole to make the antenna reso-
nant at 3.7500 MHz.

Table 6 lists the required lengths for
resonant folded dipoles at each of the
above mentioned heights above a perfect
reflecting surface and average ground.

A review of Table 6 indicates that the
properties of the reflecting plane and
the antenna height above the reflecting
plane do affect the resonant frequency
of an antenna. This information is use-
ful in the construction and testing of
antennas. For example, assume that the
dimension of the antenna length was
adjusted for resonance while % wave-
length above ground. If the antenna
were raised to its operating height of %
wavelength, its resonant frequency
would be 140 kHz higher in frequency in
the case of an 80-meter antenna. This
would be rather troublesome since it
would mean that you would have to
lower your antenna and make it longer!
Lawson mentions this effect in his ar-

ticle on Yagi antennas (Lawson, J.L.
“Yagi Antenna Design,” Ham Radio,
Jan, Feb, May, June and July, 1980).

By placing an antenna at a height A
above a perfect reflector, the effect on
the input impedance of the antenna
would be the same in free space if a sec-
ond antenna were placed at a distance
2h from the first. The second antenna
would have a current distribution 180
degrees out of phase with the first. The
second antenna is called the image an-
tenna. In fact, one can draw the analogy
of placing a pen a distance 4 above a flat
mirror and that of placing an antenna a
distance h above ground. The image will
appear to be a distance h below the sur-
face of the mirror or ground.

In the case of placing the antenna %
wavelength above ground, the coupling
between the antenna and its image is
such that it raises the effective @ of the
folded dipole so that it can no longer be
broafdbanded using one stub and one
quarter-wave transformer. Since that
was my design goal, no broadbanding
data will be given for the Ys-wave case.
However, an alternative arrangement
of using a broadband Yi-wave vertical
folded dipole antenna will be discussed.

Table 7 lists the calculated input
SWR, relative to 50 €, for the folded
dipoles listed in Table 6. The identical
matching system for matching the
folded dipole in free space is used for
matching these dipoles. The broad-
banding results are quite good.

In the case of the horizontal folded
dipdle, the antenna must be at least a
quarter wave above ground (66 feet for
80 m and 132 for 160 m). This require-
mert significantly reduces the number

Table 7—SWR Vs Frequency for
Folded Dipoles

Frequency Ant Height Above Ground in

(MHz) Wavelengths
1.0 3/4 172 1/4

3.500 149 152 151 155
3.525 128 1.31 130 1.33
3.550 114 118 117 1.16
3.575 112 118 118 1.05
3.600 121 t25 127 1.08
3.625 1.31 134 138 1.7
3.650 1.41 1.41 148 1.24
3.675 1.49 147 157 1.30
3.700 155 151 1.63 1.33
3.725 159 152 167 1.35
3.750 1.61 151 168 1.34
3.775 159 148 167 1.32
3.800 1.57 143 163 1.28
3.825 1.50 136 156 1.23
3.850 142 128 148 1.16
3.875 150 1.19 1.38 1.10
3.900 1.60 110 1,27 1.10
3.925 111 105 116 1.15
3.950 1.09 115 110 1.26
3.975 122 129 120 1.41
4.000 141 147 1.37 1.60

of amateurs that can take advantage of
the broadbanding scheme described in
this article. However, one configura-
tion of a quarter-wave vertical antenna
that can be broadbanded using a simi-
lar approach is a folded unipole.

A vertical radiator configured as a
folded unipole is depicted in Fig 5. The
folded unipole model I have chosen to
use consists of an aluminum tower in-
sulated from ground with two AWG 14

40 cm

| 1
18.75m /— Tower - 30 cm face
A
Ground Radials
Y [THT] a

Unbalanced
Terminal

Balanced
Terminal

50 (2 (RG213) Shorted

s~ Stub - 13.2 m tong

~— RG213 From
Transmitter

-—‘\—*{1 4 Balun }——*—I 1:1 Balun }-—‘

Unbalanced
Terminal

Fig 5—Folded vertical antenna.
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Fig 6—Schematic diagram of the folded vertical antenna.



wires connected to an aluminum out-
rigger at the top of the tower. These
two wires go parallel down the tower to
ground and then are connected to the
radial ground system. In other words,
this configuration is half of a three-
wire folded dipole. Three wires are nec-
essary to arrive at an average input
impedance of 200 Q so that a reason-
able broadband matching arrangement
can be realized. Since the input imped-
ance of the three wire vertical unipole
is relatively high, a ground system con-
sisting of 20 half-wave radials would be
ideal, but fewer and shorter radials
should still give adequate performance.

Fig 6 is a schematic of the matching
system. Table 8 lists the input imped-
ance and SWR, relative to 50 Q, of the
folded vertical unipole with the broad-
band matching system in place.

The theoretical broadband match-
ing is outstanding for this folded
unipole. The maximum input SWR is
1.63 and the average SWR is below
1.25. This same unipole dimensioned
for 160 meters will provide an even

better match since the bandwidth of

the top band is less than that of the
80/75-meter bands. I chose the 80/75-
meter band for illustrating this
broadbanding scheme because in the
US this amateur band has the widest
bandwidth, 14.3%.

One might ask why go to all this

Table 8—Input Impedance Vs
Frequency of Folded Unipole

Frequency  Matched Input SWR
(MHz) Impedance (£2)

3.500 81.38 —3.28 1.63
3.525 72.78 —j7.45 1.48
3.550 65.42 —|9.22 1.37
3.575 59.42 —j9.51 1.28
3.600 54.67 —8.95 1.21
3.625 50.96 —7.91 A7
3.650 48.12 —j6.62 1.15
3.675 46.00 —j5.22 1.14
3.700 4451 —j3.78 1.15
3.725 43.48 —j2.35 1.16
3.750 43.01 —j0.99 1.16
3.775 42.76 —j0.30 1.17
3.800 43.20 +j1.49 1.16
3.825 43.85 +j2.55 1.15
3.850 44 .87 +j3.46 1.14
3.875 46.24 +j4.17 1.12
3.900 47.97 +)4.63 1.11
3.925 50.05 +4.78 1.10
3.950 52.46 +j4.53 1.11
3.975 55.20 +j3.78 1.13
4.000 58.17 +j2.43 117

trouble when one can feed a dipole with
an open-wire line and use an antenna
tuner to match the transmitter to the
antenna. After all, an antenna need not
be resonant to radiate. My response is
that it is not always practical to bring
an open-wire line from the antenna to
the shack. If changes in the direction of
an open-wire line from the antenna to
the shack are necessary, these changes
in direction must be carefully done, for
if they are not, the line will radiate,
which can increase local interference. In
some cases, the SWR on the open-wire
line can become very high, and if the

line is long, losses may be high. Nor-
mally, when the SWR is very high, a
small change in operating frequency re-
quires readjusting the antenna tuner.

1 would appreciate hearing from
those of you who apply this design
approach to broadbanding their 80/75-
or 160-meter antennas. 1 believe this
approach is best suited for the folded
unipole vertical. The matching system
is much simpler, and all the compo-
nents are readily available.

Finally, I would like to thank W4SG
and WEMZ for their review of and sug-
gested revisions to this article. oo

PHASE 3D

Higher gain antennas

More bands:

Higher orbit:

WILL BRING:

Space to virtually every ham through:
Higher power transmitters

Three axis stabilization

Downlinks on 10 Meters, 2 Meters; 70, 13, 5, and 3 Cm.
Uplinks on 70, 23, and 5 Cm.

48,000 km (29,000 mile), 16 hour orbit for increased
coverage, and visibility for many hours each day.

PHASE 3D NEEDS YOUR HELP!

A contribution of just a few dollars from EVERY active
amateur will insure that this new marvel gets into orbit.

MAKE YOUR CONTRIBUTION TODAY!

You are also invited to join AMSAT and receive the AMSAT
Journal so that you too, can follow the progress of Phase 3D
and other exciting amateur satellite activities. Dues are just
$30 annually in the U.S. and $36 in Canada and Mexico - $45
elsewhere.
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P.O. Box 27
Washington, D.C. 20044
(301)589-6062, FAX (301)608-3410

August 1993 19

L




Digital Communications

Embedded Processors Made Easy

Last month, we tackled various
esoterica like forward error correction
and Windows Dynamic Data Exchange.
This month, we go back to basics with:
“How to Impress the Neighbors and
Distract Them From the Unsightly An-
tennas on the Roof,” or “Embedded Pro-
cessors for People Who Are Afraid of
Embedded Processors.”

I was in the middle of a bull session
with a group of neighbors the other
night. We were watching Sean Taylor
and his son Brandon testing their soap-
box derby car. They were talking about
making some changes to make it go
faster. I opened my big mouth and said
wouldn’t it be neat if a computer would
keep track of the speed during a run so
they could see if their changes made
any difference. Worse, I said I could
have such a thing ready by the next
night. Since it was already after mid-
night, “the next night” was only 17
hours away.

The point of all this is to have an ex-
cuse to discuss embedded processors. |
suppose there is a formal definition of
“embedded processor” somewhere, but
to me 1t has been the difference be-
tween, “Here is our computer, on which
we do such-and-such,” and “Here we do
such-and-such, and somewhere inside,
a computer helps us do it.” Usually,
anything an embedded processor can
do, a properly equipped IBM PC clone
can do too; though usually at greater
cost, more power, a larger footprint,
and with a keyboard, video card, and
monitor trailing behind.

For many projects, a single board
with a CPU, some RAM, some ROM,
and some /O will do nicely. There are
many such products on the market.
Some are coded in assembler, some in
FORTH, some even in BASIC. Cross

5949 Pudding Stone Lane

Bethel Park, PA 15102

email: nk6k @ amsat.org (Internet)
71635,1174 (CompuServe)
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assemblers and cross compilers are
available. Some have floating point
libraries, little file systems, fancy real-
time operating systems, little UNIX,
bigger UNIX; some don’t. Embedded
processors many times require you to
learn a new programming language, a
new operating system, and a new hard-
ware architecture. To be sure, if you
want to manufacture two million
VCRs, using a CPU that is ten dollars
cheaper will save you twenty million,
so new learning in this environment is
cost effective.

On the other hand, say you have 17
hours to do a one-time project. You
have no time for new learning, you'd
like to use development tools and a
hardware architecture that you are
very familiar with. For many hams,
that is the IBM PC programming
model. The basics have remained un-
changed since 1984. We know how to
program the serial and parallel ports.
We know how the timer works. We
have a test and development system,
compilers with floating point libraries,
and operating systems that write to
disk. I recently bought two CD-ROMs
for $50 with 1.2 Gigabytes (com-

pressed!) of sample programs and
source code.

While it would certainly have been
feasible to hook a speed sensor to a
notebook PC and throw it in the soap-
box derby car, trusting $4000 of con-
sumer electronics to an 11-year-old
careening down the street in $50 worth
of pine is not my first choice. It would
be nice to have an IBM PC on a single
board that requires only a simple serial
connection, no keyboard and no screen.
It would also be nice if it ran off a single
voltage.

Fortunately, there are such things.
The one I've used for several recent
projects is the KS-6 from KILA Sys-
tems.! (I have no relation to them other
than as a user.) A board configured
with a 16-MHz V40 CPU, two serial
ports and one parallel port, 512 kbytes
of memory and a 128-kbyte SRAM
pseudo-floppy drive costs a bit less
than $500.00. This is a CMOS, but not
strictly low-power, device, consuming

'KILA Systems, 2300 Central Ave, Suite C,
Boulder CO 80301, tel 303 444-7737



around 700 mA at 5V at full speed. The
clock speed can be divided by 2, 4, and
8 to provide low-power modes. The V40
is the NEC version of an Intel 80186,
code compatible with the original IBM
PC 8088. The KS-6 is shown in Fig 1.

A feature of the KILA system is that it
can provide up to five serial ports on the
card; four standard PC ports plus the
V40's on-chip port configured as the
console. It also has standard IBM PC
(ISA) 16-bit bus connectors. This allows
it to be used in a passive backplane with
other PC adapter cards.

The card is useful all by itself, how-
ever. It requires a single five-volt sup-
ply and provides its own RS-232 levels.
It auto-boots to an A> prompt. It in-
cludes DOS in ROM and an XMODEM
program that can upload files to the
“hard” drive, implemented in battery-
backed SRAM. This will allow you to
place a program in the C: drive, and
to read/write and save data on the
C: drive. The on-board SRAM can be
expanded to 512 kbytes, Two byte-wide
sockets can provide a ROM-based
D: drive for a 1-Mbyte pseudo floppy
drive.

As shown in Fig 2, the card was
mounted in a box and powered with a
six-volt lantern battery. The computer
and battery were stowed behind the
driver. I used the standard PC parallel
(LPT1) port to provide a couple of sta-
tus LEDs and the speed sensing device.
Fig 3 shows how to get up to eight sta-
tus lights and a make/break input from
a PC printer port.

To light an LED with the circuit in
Fig 3, set the matching bit to zero and
write to [/O address 0x378. A one bit
turns the LED off. The switch can be
read in bit six of I/O address 0x379.

Life Lessons

In this little throw-away project, |
was able to make use of many hard-
won lessons 1 have learned over the
vears. Like the poster titled “Every-
thing I Needed to Know I Learned in
Kindergarten,” 1 could write a book

called “Everything I Needed to Know 1
Learned on Field Day.”

The first lesson, especially important
with embedded processors, is: flashing
lights are great. You need to be able to
tell at a glance if the otherwise-silent
black box is working. I always use one
LED to let me know when power is ap-
plied. Another is set to blink once a sec-
ond to let me know the program is
running. Another blinks once each time
the program does whatever it is sup-
posed to do, in this case, sense wheel
revolutions. These lights always save a
lot of time in test and setup, and can
diagnose some problems just as well as
a $20,000 logic analyzer.

Second lesson: have a backup plan.
My method for measuring the speed of
the derby car was to count the number
of wheel revolutions per unit time.
Knowing the distance travelled per
revolution gives distance over time.
Speed, total distance, acceleration, a
veritable orgy of physics and input for
MathCad and Excel can be produced
from this simple measurement. The
first method that came to mind was to
attach an IR transmitter and receiver
to the body of the car and a small mir-
ror to the wheel. The mirror would re-
flect the IR to the receiver which would
ground the -ACK line on the parallel
port, allowing me to count. That was an
easy program to write, and I had it run-

ning on the KS-6 by 2:00 a.m. I went to
the local Radio Shack later that morn-
ing to check out the selection of IR com-
ponents.

Radio Shack had a receive module
that would detect IR and only trigger if
the IR was on/off modulated at
40 kHz. This would protect my simple
project from false triggering on back-
ground sources. Radio Shack, of course,
did not have a matching transmit
module that generated a 40-kHz signal.
One IR LED, receive module, 555 timer
chip, handful of RC, and two hours
later I had a transmitter that, accord-
ing to a scope, was driving the LED at
40 kHz. There was no sign that the re-
ceive module was triggering, though.

It was noon, six hours to show time.
My backup plan was to use a simple IR
detector and software to counter any
falsing that might occur. Back to Radio
Shack for a IR emitter/detector pair.
Back home. No dice. The current con-
sumption was what I thought it should
be for the transmit LED, but the re-
ceiver wasn't seeing it. More time goes
by. Two hours to show time.

Lesson three: don’t overlook the low-
tech solution. As my final backup plan,
I had purchased a lever-driven micro
switch; if all else failed, I could rig the
switch to trigger once per revolution.
My first choice wasn't a mechanical
switch, of course. The switch wouldn't
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last long, as 1 expected 18 revolutions
per second at top speed. I also didn’t
know what the switch’s recovery time
would be. Finally, a mechanical switch
isn't nearly as impressive as the IR
sensor. The mechanical switch had the
advantage of being more nearly fool-
proof, however, and Fig 4 shows the
speed sensor in its final configuration.
The switch was taped to the axle sup-
port, and an expired credit card was
taped to the wheel to push the lever
once per revolution.

One of the status LEDs blinked each
time the switch closed, allowing us to
replace the switch and credit card as
they wore out. The KS-6 counted
switch closings (through a debounce
routine), and wrote the number of clos-
ings per second into a file. At the end of
each test run, a serial cable was run
between the car and a laptop PC.
XMODEM was used to download the
file for analysis. Next year, we'll add an
HT and a TNC for easier access to the
data.

This project achieved my goal of ex-
posing the neighborhood kids to a com-
puter that did something other than
aid the rescue of the Mushroom Prin-
cess. The computer showed that the
Taylor’s car setup was already opti-
mized, and the car went on to beat all

others of its body type in the Fourth of

July race. It was beaten by several cars
of a newer streamlined design, though.
Next year, I'll tell you about the KS-6
based wind tunnel...

The point, though, is that there are
rugged, low-power, single-card IBM
PCs on the market. You don’t need any
fancy support gear to program them. I
tested the program on my PC, then up-
loaded the .EXE file to the SRAM drive
using XMODEM. These boards provide

an excellent tool for quick develop-
ment, low-volume instrumentation or
process-control applications. [ used the
KILA KS-6 because it provides five se-
rial ports and can be used in a passive
backplane. Other smaller, lower-power
cards are available. Several are based
on the PC chip from Chips and Tech-
nologies. This single chip provides
most of an IBM-PC, including 80186-
compatible CPU, DMA, timers, serial
port, speakenr port, keyboard interface,
and CGA video interface. One such sys-
tem, with RAM and ROM, is 3.5" x 2.5,
and uses 100 mA at 5 V when running
at 7.2 MHz, 46 mA when in low-power
sleep mode (clocks running), and 1 mA
when suspended. This card, from DSP

Systems in England, is $800.

Mailbag

One of the problems for mostly digi-
tal guys like me is that modular com-
puter building blocks, as in the project
described above, are easier to come by
than modular radio building blocks.
Over the past few columns, we've been
iterating toward the desire for a virtual
radio, as was pointed out in email from
Howie Cahn, WB2CPU: “I was pleased
to see two important topics discussed
in your June QEX column: computer
control of radios and standards for data
transfer among Windows applications,
[ agree with most of what you,
VE3PAZ/WA3ZIA, and WB4SBE/8 had
to say. I think one of the reasons for the
reluctance of transceiver manufactur-
ers to provide better support for exter-
nal computer control is that it might
make clearer that computer control,
using a ‘virtual radio’ (derived from the
term ‘virtual instrument’) graphical
user-interface is better than having all
those expensive and inflexible knobs,
readouts, and switches on the radio
front panel. I would suggest taking
even one more step—giving the panel-
less radio box an open, modular hard-
ware architecture so that the hardware
and the hardware/software combina-
tion would benefit from the same ad-
vantages that having an open software
framework provides. | wrote an article
in the Winter '93 issue of Communica-
tions Quarterly, ‘Bringing Amateur Ra-
dio into the Computer Age,’ presenting
some ideas on the subject.”

Howie also sent me information on an
Open Radio Architecture working group
organized by Eric Scace, K3NA. Contact
Howie at howi@world.std.com, Eric at
ERIC.L.SCACE@sprintintl.sprint.com. 00

Hints & Kinks

FOR THE RADIO AMATEUR

For ordering
information, see
ARRL Publications
catalog in the latest
issue of OST.

Want to reap the rewards of
teaching ham radio? Ask
ARRL Educational Activities

Department for your
free package
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Upcoming lechnical Conferences

Eastern States
VHF/UHF/SHF Conference

o August 13-15, 1993, The Quality
Inn, Vernon, Connecticut

« Contact: Byron Blanchard, N1EKV,
16 Round Hill Road, Lexington, MA
02173 or tel 617-862-1380. (Registration
will be $25 at door.)

« Events: Friday, informal gather-
ing; Saturday, technical talks, “rap ses-
sions” on VHF/UHF bands, and noise-
figure clinic and contest; Saturday
evening, banquet, “VHF Trivia” quiz,
and informal social activities; Sunday
morning, antenna gain measurement
(220-2304 MHz) and flea market,
weather permitting.

» Hotel reservations: call Lori Tozier
(at the Quality Inn) at 203-646-5700/
800-228-5151 for the special rate of
$49.95 single, $55 double.

1993 ARRL Conference on
Digital Communications

« September 10-11, 1993, Holiday
Inn Airport, Tampa, Florida

« Contact: Brian Lantz, KO4KS,
TPALAN, 6403 N Paddock Avenue,
Tampa, FL 33614, Tel 813-877-1469,
Internet brianlantz@delphi.com.

» Events: Friday, registration and
round-table discussions; Saturday, reg-
istration, technical talks, discussions
on “standards.”

» Mise: several “distractions” are avail-
able on site and within a short drive.

« Hotel reservations: call the hotel
direct at 813-879-4800 and mention the
conference. A special rate of $50 per
night is available from 3 days before
through 3 days after.

« Call for papers: Camera-ready pa-
pers should be sent to Maty Weinberg at
ARRL HQ by August 6, 1993. Electronic
submissions will be accepted, please call
Maty at 203-666-1541 or Internet at
Iweinber@arrl.org.

Microwave Update '93

+ September 23-26, 1993, Northwest
Atlanta Hilton, Atlanta, Georgia

« Contact: Jim Davey, WASNLC, 4664
Jefferson Township Place, Marietta, GA
30066, tel [W] 404 333-2136 [H] 404-998-
6971.

» Events: Thursday evening, regis-
tration and socializing; Friday, techni-
cal sessions, flea market and noise
figure contest; Saturday, technical ses-
sions and banquet; Sunday, a short

meeting is planned.

» Hotel reservations: call Kim
Gilliam (at the Hilton) at 800-234-9304
by September 1 for the special rate of
$62 per night. An airport shuttle bus is
available at a round-trip cost of $25.
Call 800-237-0709 for reservations.

(Have an upcoming technical event?
Drop us a note with the all the details
and we’ll include it in Upcoming Tech-
nical Conferences.) ao
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