A Low Cost psp Mbdemfor HF Digital Experimentation!
Johan Forrer, KC7WW

INTRODUCTION

This article describes an HF nodul at or - denodul at or (nodemn) that
is based on Digital Signal Processing (DSP% principles. A
practical approach is shown, rather than the usual terse

mat hemati cs that usually acconpanies this kind of discussion.

This article is intended for those interested in experinenting

with HF digital conmunications using DSP software. A | ow cost DSP
platformis al so described for inplementing sonme of the ideas
ﬁresented in this article including conplete source code for a
igh performance HF digital nodem

Wiat is DSP? To sone, this neans the manipulation of digital data
to extract sonething neaningful. To the communications engineer

it actually neans quite a bit nmore. Consider the follow ng

anal ogy: As experimenters, many are famliar with analog circuits
t hat uses various interconnected conmponents, such as resistors,
capacitors, and operational anplifiers. The constructor uses somne
schematic or rather, an electrical behavioral nodel as a
reference. Simlarly, DSP in the nost general sense, is the
model | i na of such systems in an all--digital donmain, This involves
sampling of real time signals where its accuracy, resolution
sanple rate, as well as a nultitude of algorithms plays an

i mportant role.

DEMODULATOR DESIGN

Wth that brief introduction, a little digression is necessary on
t he background of denodulation, in particular FSK (frequency
shift keying) as used on the HF bands. It w |l beconme evident
|ater, that this overviewis appropriate for both anal og and DSP
denodul at or s.

After some experinmentation with different types of denodul ators,
an experinenter soon realizes that the type of demodulator
intended for use on HF is generally different than that used on
tel ephone circuits, or that used on VHF. The main reason lies in
the nature of the HF propagation. Not only has an HF denodul ator
have to deal with QRM RN, but also fading (QSB), nultipath
propagation, as well as with a very congested part of the RF

1 For publication in Sept/Cct RTTY Digital Journal.
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spectrum .design a well-engineered HF denodul ator, one nust
pay special attention to several key factors such as dynamc
range, i.e. the ability to work with both very weak and/or very

strong signals, Superior selectivity is also required to dea
wi th adverse signal to noise (S/N conditions.

The area of HF denodul ator design has evol ved over the years to
an alnost, universal arrangenent. This becones evi dent when

anal yzi ng the nodens of current TNC’s (term nal node

controllers). This typical arrangenment, or architecture, is shown

in Figure 1.

A>>—— LIMTER DI SCRI M NATCR POST DETECTI ON—>>B
PROCESSI NG

Figure 1. Conventional nodem architecture. Audio input is at (A)
and digital signal output is at (B)

The discrimnator in these conventional designs, typically
consists of a pair of filters, one each tuned to the mark and

space tones respectively. The envel ope of the outputs of the
filters are extracted and conbined as shown in Figure 2.

MARK FI LTER — ENVELOPE DET. —1

> >>

>>—

SPACE FI LTER — ENVELOPE DET. J

Figure 2. A conventional nodemdiscrimnator. Each filter is a
bandpass filter centered at the appropriate tone frequency. The
filter design loosely fits the specifications corresponding to a

mat ched filter.

The operation of the denodulator is quite sinple. The audio
signal containing FSK tones is applied to the limter at Point
(A) (please see Figure 1). The Iimter produces a constan
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anplitude, square-wave version of the input signal. One reason
for this step is to renove anplitude variations on the FSK signa
prior to detection. The function of the discrimnator is to
convert the input frequency to an anal ogous DC signal. It is
obvious that, when, say a nmark tone is present at the input, the

mark discrimnator filter will |eave the mark signa
unattenuated, but the space discrininator filter will attenuate
the signal severely. The mark filter envel ope detector will thus

roduce the equival ent of a positive envel ope (a steady positive

) and the space envel ope detector will produce a near zero
| evel, The conbined output thus will be a positive DC |evel.
Likewise if only a space tone is present, a negative DC | evel
wi |l be produced at the output of the discrimnator. Such a
discrimnator wll Broduce a classical "s" response when the
frequency is swept between the mark and space tones where the
upper part of the "s" corresponds to the positive part of the
signal, i.e. the signal passing through the mark filter, while
the | ower part of the "s" corresponds to the signal passing
through the space filter.

The remui nder of the denmodulator is concerned mainly with post-

detection signal conditioning. | should be noted that, besides a
DC level shift, the mark and space tone_conﬁonents, i .e. higher
frequency conponents, are also present in the output of the

discrimnator. These tones are renoved by a | ow pass filter. The
remai ning task of the denodulator is to threshold and convert the
filtered DC | evels to appropriate standard signal |evels such as

RS232 or TTL.

There are of course nunmerous variations on this basic theme, such
as dealing with the efficiency of the various filters, bal ancing
the outputs fromthe discrimnator to track a snall anmounts of
drift, or tolerate a limted anmount of off-frequency operation.

In this discussion so far, the operation of the denodul ator is
nearly intuitively sinple, however, this tyﬁe of approach is what
is known as a matched filter design, i.e. the detection of the
tones is by neans of filters that |oosely matches the
characteristic of the nodul ated tones. The reason mh% sone
denmodul ators perform better than others, even when the sane
architecture is used, lays fundamentally at the engineering
principles of these matched filters. The theory of matched
filters, 1s beyond the scope of this article, The reader is
referred to the bibliography for further information

Before we conclude this overview of denodul ator architecture,
several general, however, inportant observations nust nade. The
first concerns signal phase. Note that any infornmation regarding
phase rel ationships within and between tones are of little
consequence and plays no part in the detection process. Wen this
is the case, the detection method is also known as noncoherent
detection. One consequence of noncoherent detection is that it
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requires somewhat nore spectral bandw dth and al so requires at
| east twice the shift nagnitude than coherent detection. Its
advantage is that its sinple and cheap to inplenent.

The second observation deals with the usage of the limter stage.
This has been a controversy in the past. It was stated earlier
that the purpose of the limter was to renove any AMfromthe
signal prior to detection. Its inclusion also has another purpose
that has to do with non-linear characteristics introduced by the
l[imter. Wen a non-linear transformation of the input signal
occurs, such as in the case of the limter, the spectral content
of the input signal is also nodified. Theoretical research from
the 1950’s and 60’s as well sone practical evidence have shown
that such a process perhaps nmay have desirable side-effects in
signal capturing capability in the presence of strong conpeting
signals (please see the bibliography for further references).

The third and final observation, also in context of the [imter
stage, is dynamc range. ldeally, a denodulator should be able to
cope wwth wde variations in signal |evels such as often is the
case when (SB is present or when dealing with weak signals. At
one instance the signal level may be extrenely |ow, then the next
instant it may beconme very strong. Wien a limter is used, its
stage gain should be sufficient to handle all but the weakest of
signals. Aternatively, as is used in this particular DSP nodem
is to design a linear systemw th sufficient dynam c range so
bot h weak and strong signals can be denodul ated on an equal

basi s.

THE | MPLEMENTATI ON OF THE psp DEMODULATOR

The DSP nodem design that follows, enploys several of the key
conponents previously discussed in Figure 1, i.e. the matched
filter detector and post detection processing. No limter is
used, however, special provision is nade to Increase dynamc
range and provi de additional inprovenent to the S/Nratio through
a process of oversanpling and decination

Most DSP applications involve analog to digital conversion (A/D)
of the input signal. The rate at which the sanpling and A/D takes
pl ace nust be chosen rather carefully. As a mninmum requlrenment,
the sanpling rate nust be at |east greater than tw ce the highest
frequency present in the audio input. This is to prevent a
phenonena called aliasing. The higher the rate the better
however, it nust be kept in mnd that the DSP nust be able to
conplete its conputational tasks associated with each sanple
before the next new sanple can be processed. Wth first
eneration DSP’s, this typically amunted to approxinmately 400 to
00 instructions for audio frequencies. If it Is found that there
is plenty of processing tine to spare, a higher sanpling rate may



be accommodat ed. This heavy demand on the anmount of processing

bet ween i nput sanﬁles IS one reason why general - purpose
processors like the Intel 386/486 are not suited for DSP

aﬁplications. Second generation fixed point DSP processors, |ike
the Tl 320c26 used in this DSP nodem inplementation, can quite
easily accommodate even higher sanple rates.

A further consideration concerning the choice of sanple rate
involves filter order. This factor nar i nfl uence denodul at or
performance and usefulness. Larger filter orders at |ow sanple
rate generally nean that the signal lingers longer in the DSP and
may thus introduce undesirable delays for timng-critical
applications such as those in ARQ protocols.

Figure 3 presents the various conponents as enployed in this DSP
modem

A>>— DECIMATOR — DISCRIMINATOR POST DETECTION >>B
PROCESSING

TUNING DISPLAY
— DRIVER

PR L S —— AFSK << D
SYNTHESI S

Figure 3. DSP nodem architecture. The anal og signal (A) is
oversanpl ed and decimated for increased dynam c range and better
S/'N. The discrimnator consists of a pair of matched finite

i mpul se response (FIR) filters. Post detection processing
includes |ow pass filtering and threshol ding for data output (B).
A LED driver Is provided for tuning purposes. Digital data for
transmssion is applied at (D) for.dl%ital audi o frequency
synthesis. This output, (C, is suitable for application to a SSB
transcei ver nodul ator.

39



DSP HARDWARE

Until fairly recently, DSP devel opment tools, were very expensive
and inaccessible to the average anmateur experinenter. Recently,
however, Texas Instruments (TI) rel eased the TMs320c2x DSP
starter Kit, also called the "DSK" (part number:TMDS3200026). For
$99, the kit provides a small circuit nodul e containing sone DSP
hardware, a thick user's guide, and a PC based software package
Al the user needs is a RS232 cable and 9v AC wal | - mount ed power
transformer. This was intended as a |owcost introduction to DSP
and was received with great enthusiasm throughout the DSP
community. The demand for the unit is so high that presently
there is a world-w de shortage.

The software included a limted assenbler, a nice debugger that
executed the users' code on the DSP for real tine debugging, and
some codi ng exanples to get you started. The DSP hardware nodul e
is atiny circuit board nmeasuring only 3.5 x 2.5 inches. Al
parts are surface-nounted which nmeans that repairs would be very
difficult. The DSP is a 40 MHz 320626 that has 1568 words on-chip
static ramand a 256 word factory programmed ROM_ At this clock
rate, instructions typically execute in 100 ns. The on-chi p RAM
is configurable in several ways of code and data space
configurations. The factory programed ROM contains a sinple
bootstrap | oader that allows the DSP nenory to be | oaded either
fromexternal nenory, or via a RS232 line. The circuit nodul e
al so contains a TLC32040 AIC that provides for a single channel,
14-bit A/D - DDA with sanple rates as high as 44 kxHz. The AIC is
fully progranmmabl e and contains anmongst-other things, _
?rﬁgrannable swi tched capacitor anti-aliasing and reconstruction
ilters.

Al t hough the anount of RAM appears very limted, it aptuallxlgoes
a long way, in fact enough to inplenment our matched-filter HF
denodul at or and synthesized audi o nodul at or

D8P SOFTWARE

Sample Rate

As an exanple, software for a 2125 Hz mark, 2295 Hz space (170 Hz
shift), 100 baud FSK denodul ator will be shown. Specific details
of the actual inplenentation of the denodul ator should be read in
conjunction with the source code. For availability of the DSP
modem source code, please see the appendi x.

The sanple rate of matched filters for the DSP denodul at or
inplenentation is set at 6250 Hz. Since the space tone is set at
2295 Hz and the 100 baud nodul ation rate will extend the side
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| obes of the spectrumto sone extent. It thus agpears that the
chosen sanple rate is adequate, (6250 > 2 x 2300 Hz).

I nput 8tage (deci mator)

Consi der the input decimator. The function of this stage, as
previously discussed, is four fold:

a) Provide rejection of out-of-band signals, i.e. reject signals
bel ow 2125 Hz or above 2295.

b) Increase the dynam c range of the dempdul ator, i.e. for a 14-
bit A/D the dynamc range is 20log(1/(21%-1)) = -84 @B. It will
be shown that the decinmator used in this DSP denodul at or behaves
like a 21-el ement aninﬂ-average filter. The effect of such an
arrangenent is that each data value output is the result of a
conpl ex interpolation, i.e. each of the 214=16384 quantized steps
of the A/D convertor is further subdivided into nuch smaller
steps. The actual dynam c range of such input stage will thus be
in excess of 84 dB, which is quite inpressive, however required
for limterless operation

c) Increase the SIN ratio. If we assune that the input noise has
a truly random behavior, the noving-average type input filter,
will then by virtue of the additive nature of the signal
component and noi se conponents, cause the signal component to
increase, while the noise conponent will tend to cancel
Unfortunately, some types of noise, such as static: crashes etc.,
does not behave in this way.

d) Reduce the sanple rate for the matched-filter discrimninator
to. 6250 Hz.

Decimators are actually rate downconvertors. They function by
taking input sanples, pushing themthrough a | owpass filter, and
returns every_N-th filter output for the result. The reason for
the lowpass filter is to avoid new aliasing products beln? f or med
due to the lowered output sanple rate. Since the matched-filter

di scrimnator operates at 6250 Hz, the decimator is a x2
downconvertor and thus designed to operate at a sample rate of
12500 Hz. A special bandpass filter,, shown in Figure 4, is used
with this decinmator instead of the usual |ow pass filter
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DSP MODEM | NPUT DECIMATION FILTER (c) KC7WW
18 ; ; ; : ‘ ‘

RESPONSE 4B

8 1000 ZBIBB 30.88 4068 SBIBB 6000 7000
FREQUENCY k.

Figure 4. Input decimator filter. Note a bandpass filter is

enpl oyed instead of the usual lowpass filter. Input sanpling rate
is 12500 Hz, output rate is 6250 Hz.

1 0 1 0 (A) Digital nodul ation
(B) Audio frequency pulses

'IHH |||||| seen through rrark%lllter
(O Audio frequency pulses
”Hﬂ ”Hﬂ seen t hrough space filter

Fiqure 5. Summary of signals at various places in the
discrimnator. (A) The digital nodul ation, (B) mark, (C) space.
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Mat ched-filter discrimnator

A matched filter is S|npby the inverse of the inpulse response of
t he manted signal . Consider an input train of alternating zeroes
and one's (Figure 5 (A)) where each bit tinme represents one
signalling element, 1.e. a baud. Then for 100 baud rate, each
signal ling elenment duration would be 1/100 th second. A signal
period as seen by each filter, though would be twice this
duration, or onlz 50 Hz as shown in F|gure 5 (B) and (C). The

mat ched filter should thus only respond to these tone pul ses that
has a repetition rate of 50 Hz. It can be shown that such an

i dealized filter would require very steep skirts, i.e. nearly
infinitely smal|l band-edge transition zones. AfprOX|nat|n such a
filter in DSP would also require an inordinately |arge f|

order, Practical use of the denodulator relies on the ablllt of
a human operator to "tune" to received tones. This inplies that
the design should include sonme degree of tol erance, however, too
| oose tolerances wi |l degrade performance. The DSP filters used
in this DSP denodul ator is shown in Figure 6.
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MATCHED FI LTER - BW=85 Hz, Shift = 1780 Hz (c) KC7ww
za 1] L) v H M ‘.

RESPONSE 4B

[}
1680 1006 2000 2208 2400 2608 2000 3888

Figure 6. Matched filter pair as used for the DSP descriminator.
Thi's exanple shows 85 Hz wide, 81 th order FIR filters centered
at 212512295 Hz. Sanpling frequency is 6250 Hz. The passband of

such filters are somewhat w der than an ideal matched filter to
accommodat e sone degree of operator and equi pnent tol erances.

The discrimnator filters as presented in Figure 6, shows m ni num
ripple in their passband, excellent rejection (better that 60

dB) and very steep skirts. The final function left in the

discrimnator, 1is envelope detection and signal conbining. This
is arather sinple task in DSP as all that is required is to take
t he absol ute values of the discrimnator signal filters and
determine their difference. There still renmains sone audio

frequency conponents in this difference signal, the renoval of
which is the subject of the next section.

Post - Uescri m nator processing

The highest audio tone of interest is 2295 Hz, while the
recovered nodul ation frequency is only 50 Hz. It is thus obvious
that a sinple Iow pass filter may be used to renove the unwanted



audio frequencies. If a cutoff frequency around 50 Hz is as well
as sharp rolloff characteristics, then only the 50 Hz nodul ati on
wil | Bass, however, the intended square-wave nodul ation signa

w |l be degraded to a signal with heavily rounded edges. Sone
applications, such as RTTY, such slightly distorted waveforns is
adequat e as asrnchronous character transmission is enployed and
it is relatively easy to estimate the center of each bit. In

other instances, i.e. AMIOR and PacTOR, bit transitions are used
for purposes such as bit phasing and the ability for accurately
locating the bit transitions will influence the overal

performance of such systens. For this reason and | ow pass filter
with a gentle rolloff characteristic is nore suitable.

There is a further consideration for the | ow pass filter design.
At the sanple rate of 6250, the output of the |ow pass filter
woul d be updated every 160 m croseconds. This translates to a
smal | anount of uncertainty to where the exact bit transition
occurs. As it turns out, a 6250 Hz sanple rate DSP | ow pass
filter with a cutoff frequency of 50 Hz, would require a
relatively high filter order but if the sanple rate could be
reduced, a lower order filter with better characteristics could
be designed. This DSP denodul ator uses every other sanple from
t he descriminator, i.e. reducing the sanple rate to 3125 Hz
before the actual |ow pass filter. This arrangenent is
effectively is also a decimator, and like in the case for the

i nput decimator, has sone desirable features that will inprove
overal | performance. The |ow pass filter response is shown in
Figure 7. Note that this is a very gentle |low-pass filter that
have been found to be adequate for nost applications,i.e. RTTY,
AMIOR, PacTOR, and HF Packet.
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PCST DESCRIMINATOR LOWPASS: CUTOFF=125 Hz (ec) KC7WW

28 T T T T T T T

dB

-120 \ . . \ | I i
-] 208 400 608 888 1000 1200 1400 16808

FREQUENCY

Figure 7. Post discrimnator |ow pass filter. Cutoff, 150 Hz,
filter order 15.

PERFORMANCE COMPARISONS

Performance testing and quantitive nodem conparison is indeed a
very difficult task. Engineering nathenaticians often derive so~
call ed "1ikelihood" (so-called BER) functions to estimate
probabl e error rates in the presence of disturbances. However,
this assunmes that one can nodel the interaction of a multitude of
vari abl es such as nmodem architecture (whether it has a linmter or
not) as well as the nature of noise on the different HF bands.
This has proven to el ude even the nost basic of questions. What
has been done successfully, however, is the application of
speci al i zed el ectronic atnmospheric simulators. These "black
boxes" s used to conpare different denodul ators under simlar

si mul at ed "band" conditions. The DSP denodul ator described in
this article has not yet been tested using such sophisticated
equi pment, however, extensive testing against a high perfornance
anal og nodem (please see AN-93 nmodemlisted in bibliography).
Under good conditions, no discernable difference could be found



however under very adverse conditions the DSP denodul ator has
been found to be as good, perhaps nmargi nally better.

SUMMARY AN CONCLUSIONS

A | ow cost DSP based nodem for HF digital experinments have been
described. It was shown that nearly ideal filters could be
inplenented in DSP with relative ease. Besides the added

cost/ performance benefits offered by a DSP approach,

i mpl ement ation of different nodens Is just a matter of

downl oadi ng new code to the DSP. This flexibility inplies that
optimal nodens for each application is readily available,
sonmething that is nearly inpossible to achieve with an anal og
counterpart.

The author w shes to acknow edge that this article is based on
the works of many gifted individuals w thout whose generous
contributions this would not have been possible. A short

bi bl i ography is provided for further reference.

A source listing for the DSP nodem including a schematic for
interfacing the DSK to an HF transceiver is available on the ADRS
bulletin board for downl oading as file HFDSP.ZIP

BIBLIOGRAPHY

(1) Goacher, D.J. (G3LLz) and J. G Denny (G3NNT) 1.973. The
Tel eprinter Handbook. RSGB, 35 Doughty street, London wciN 2AE.

(2) Petersen, K (wsspc), |. Hoff (kK8DKc), V. Poor (K3NIO) 1964.
The Mainline TT/L. RTTY Journal (Novenber).

(3) Petersen, K (wsspc), |I. Hoff (k8DKc), V. Poor (K3NIO) 1967.
The Mainline TT/L-2. RTTY Journal.

(4) Hoff, 1. 1970. Mainline Solid State Denodul ators. RTTY
Journal, Septenber, OCctober, Novenber.

(5) Pietsch, HJ. (DJeHP) 1975. Der RTTY-Nf-Konverter DJ6HP 001.
CQ DL 12/75.

(6) Valker, J.D. (G6FYU) 1985. Multistandard Term nal Unit.
El ectronics and Wrel ess Wrld.

é?) Petit, R (W7GHM) 1975. Coherent CW- Amat eur Radi 0% New
tate of the Art? QST Septenber.

(8) Petit, R (w7GHM) 1991. CLOVER-II: A Technical Overview ARRL



Amateur Radio 10th Conmputer Networking Conference Proceedings.

9) Gsborne, P.W and MB. Luntz. 1973. Coherent and Noncoherent
etection of CPFSK. | EEE Transactions on Comruni cations. VQOL.

COwW 22 no. 8.

(10) Baghdady, E.J. 1955. Frequency-nodul ation interference
rejection with narrowband limters. Proceedings of the |RE

January 1955, p51-61.

(11) Baghdady, E.J. 1958. Theory of stronger-signal capture in FM
reception. Proceedings of the IRE. April 1958.

(12) Hammng, R W 1983. Digital filters. Prentice Hall

(13) Rorabaugh, C. B. 1990. Communications fornmulas & al gorithns
for systens analysis and design.

(1|4) Parks, T.W and C. S. Burrus. 1987. Digital filter design.
Wl ey.

(15) Proakis, J.G, CM Rader, F. Ling, and C L. N kias. 1992.
Advanced digital signal processing. Macm || an

(16) Reyer, S.E. and D.L. Hershberger. 1992. Using the LMS
algorithm for QRM and QRN reduction. QEX (127) Septenber 1992.

(17) Hershberger, D.L. 1992. Lowcost digital signal processor
for the radio amateur. QST Septenber 1992.

(18) Forrer, J.B. 1994. AN-93, and HF Modem for RTTY, AMICR and
PACTOR Software TNC’s. QCEX, My.

(19?_ Texas Instrunents. 1986. Digital signal processing
applications wth the T™s320 famly. Volunes 1 - 3.

(20) Park, S. Principles of signma-delta nodul ation for analog-to-
digital convertors. Mtorola Digital Signal Processors
Application note APR8/D.

(21) Taylor, F.J. 1983. Dgital filter design handbook. Dekker.

(22) Qppenheim A. V. and R W shafer. Discrete-tine signal
processing. Prentice Hall.

(23) mdellan, J.H, T.W Parks, and L.R Rabiner. 1973. A
conmput er program for designing optinmum FIR |inear phase digital
filters. |EEE Transactions on audi o el ectroacoustics. Vol. AU-

21(6). p506-526.

48



