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--by Roger Rehr, W3SZ

This article was originally written in HTML. Some of the links will not be available if you are
reading the printed version d it. If youare using the HTML version, the links below will t ake
you to the gpropriate part of the page for eat subjed. Color versions of theill ustrations are
avail able onthe CD-ROM that was given ou at the Conference. Figures are presented at the end
of the aticle.

l. DSP for Weak Signal Communications: A Brief Overview

. Available DSP Packages. A Brief Summary of Some First Generation Packages
llI.  Linrad: Leif Asbrink SM5BSZ’sLinux PC Radio for Intel Platforms

V. DSP-10: Bob Larkin W7PUA’s 144MHz DSP IF Transcaver

V. JT44: JoeTaylor K1JT s DSP Solution

VI.  Summary

|. DSP for Weak Signal Communications: A Brief Overview

DSPisan aaonym for "Digital Signal Processng”. Anytime an analog signal is converted to
digital form and processed in some way, that isDSP. The use of DSPtedhniques in amateur
radio is exploding, bah in terms of its use in commercial transcevers and recavers, andin terms
of homebrew hardware and software @nstruction pojeds avail able to and undertaken by

hams. The ARRL Handbooksince d least its 2000edition has had an excdl ent basic
introductory chapter onDSP.  ARRL pubicaions sich as QST and espedally QEX have
feaured excdlent articles onthe subjed during the past 2 yeas. A wedth o informationis
avail able onthe Internet. A convenient starting point for exploration might be one of my web
pages, with URL http://www.qsl.net/w3sz/start.htm . Thisarticle will discuss ®me of the DSP
software that is avail able for enhancing the reception and deaoding of RF signals. Inthisarticle
| will discuss ®me of the software or software/hardware solutions that are now in use by hams
who reed to pul thoseredly wed signals out of the mud, a to separate one wedk signal from
many other signals crowding aroundit.

| began using DSPtedhniques because of my interest in dang 144MHz EME in anoisy RF
environment. EME istruly "wegk signal” communicaions. The "typicd" roundtrip path loss
when the moonis at perigee(closest to the eath) is approximately 251.5 @ at 144MHz. If you
consider a system where maximum legal power is present at the aitenna, the system starts with
31.76 @BW transmit power. If the antenna aray has 19 dB gain, then the signal leaving the
antennawill be51 dBBW. The signal arriving badk from the moonat the recaving antenna will
be onthe order of -200 BW. If the receving antenna dso has 19 dB gain, the signal arriving at
the preamplifier onthe mast will be-181 BW. If the artenna has a noise temperature of 200K,
the preamplifier hasanaoisefigure of 0.5 dB, the subsequent 144to 28MHz transverter anoise
figure of 1 dB, andeat hasagain o 20 dB then the recave system will have anoisefloor of -
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187 BW if abandwidth of 250Hz isused. (Aslong asthe 28 MHz IF isreasonably state of the
art, itsnoisefigureisirrelevant asit isdivided by the product of the gains of the preamplifier and
the transverter when figuring its equivalent noise temperature). Thus the receve system will
deted the signal as (-181+187) or 6 dB abovethe noise. Throw ina wuge of dB for cableloss
and you may be 2-4 dB above the noise. Comparethiswith atypicd 1 watt HT at 10 kM with a
0 dB gain antenna, where the recaved signal would neverthelessbe 60 dB OVER the noise (or
roughly amilliontimes dronger)! An astronaut using al watt HT at 1000 KM from you, who
would still be20 dB abovethenoise! Thus EME IS truly wedk signal work! [To convert dBW to
dBm, just add 3Q i.e. the noise floor of -187 BW becomes-157 dBm)]

Therole of DSPtechniquesin EME and aher wed signal work is of course to provide
substantial improvement in signal reception and deaoding (interpretation). There aetwo
approadhes to using DSPtedhniques to increase the successpotential of 144 MHz EME efforts.
The first and more obvious approadi is to use DSPtedchniques to improve the human, aural
detedion d CW EME signals. There has been much work in this arena over many yeas. The
secondapproadi isto use DSPmethods to provide for automated message detedion and
deading of signalsthat may not even be audible with standard audio processng tedhniques.
These methods have only very recently become widely avail able to amateur radio operators, and
are exemplified by the modes PUA43 developed by Bob Larkin, W7PUA, and JT44, creded by
Joe Taylor, K1JT. Succesdully using either approacd for we&k signa VHF/UHF/Microwave
work requires considerable skill onthe part of the operator. BOTH forms of communicaion
have been accepted by the ARRL as meding the requirements for their Awards Programs
(Reference Personal Communicationto W3SZ, by email, Spring 2002. Thus which technique
to use for wedk signa communicaionsis amatter of personal preferencefor eat operator. Like
other experienced EME operators, | have foundthat programs sich as PUA43 and JT44, bah
examples of the cmmputer deading paradigm, could at times recave complete and acarrate
information when | could na hea the other station, and so at least under some drcumstances, the
human interfacerepresents awedk link when compared with automated decoding by the
compuiter.

When oreisusing DSPtechniques to improve the acaracy of human decoding of the message,
there ae severa feaures that we would liketo havein ou “ided” DSPprogram.

Spedficdly, theided program should provide:

1. A waterfall display with adjustments possble for color gain, beseline level, visualized
bandwidth, frequency bin size, and number of averages per displayed line. A waterfal display is
basicdly away of displaying the time murse of signals that have been recaved by having one
axis (usualy the horizontal) represent frequency, the secondaxis (usually vertica) represent
time, and then using color to dsplay signal strength. A properly designed waterfall used in the
corred way will alow oneto visualy deted signalsthat are wnsiderably below the audible
threshold. Thisispaossble by virtue of both signal averaging and by the use of very narrow
frequency bins, bah o which increase signal-to-noiseratio. Signal averaging increases the
signa-to-naiseratio by the squareroot of ‘n’, where ‘'n’ isthe number of signals averaged. This
means that averaging two signals increases the signal-to-noise ratio by the square root of 2, o
1.414. Expressed in dB, thiswould be an improvement of 1.5 dB. Narrowing the bin frequency
range increases the signal-to-noiseratio by ‘n’ where ‘n’ isthe fracional bandwidth reduction.
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For example, deaeasing the bandwidth to ¥ d its previous width doubes the signal-to-noise
ratio, ar increasesit by 3 db, al other things being equal.

An example of an excdlent waterfall display is srowninfigurel. Thisill ustrationisascreen
grab from Linrad which dsplays here al6 kHz portion of the 2 meter band asreceved by me
during the ARRL 2001EME Contest. Y ou can see anong the many birdies| have & my locaion,
at least 12 verticd dashed lines; ead ore of theseisan EME station's sgnal Althowgh hereit is
reproduced in dadk and white, the display looks much better in color as can be seen onthe CD-
ROM or on my website.

2. A spedral display with the foll owing parameters being adjustable: verticd gain, baseline
level, visuali zed frequency range, frequency bin size, and number of averages per displayed
spedrum. A spedrum isjust the familiar plot of signal intensity vs frequency for asingle point
intime. A spedrum is shown just below the waterfall display in the Linrad image of figure 1.

3. DSPaudio processng with
a. variable bandwidth filtering with adjustable center frequency
b. adjustable LM S (Least Mean Square) or other noise reduction algorithm
c. binaural receve caability
d. defeaable and adjustable AGC (if AGC is used)
e. adjustable notch filtering designed so that it is useful when in CW mode.

The bandwidth filtersthat can be aeaed with DSPhave the advantages of (1) being immune to
the problem of aging-induced changes in comporent values producing altered filter parameters
with time, (2) being very flexible (i.e. easily altered by the user as requirements change), and (3)
the fad that they can be designed to much more stringent spedficaions than is generaly
pradicd with analog comporents. They very much lend themselves to experimentation, as
trying adifferent configuration dten just involves just changing a parameter value in software
and recompili ng the program rather than substituting hardware components. To my ea the DSP
filters | have used have had lessringing than analog hardware filt ers of the same seledivity.

LMS (Least Mean Square) naise reductionis a statisticad method d using the signalsreceaved in
the recent past to estimate the noise cntributionin the total receved signal, and then using those
estimates to remove the noise so that only the desired signal remains. Thistednique adieves
this by minimizing the mean squared error of the data set from the mean.

Binaural recaving methods delay the arival of part or al of the signal going to ore ea. This
©pseudatereo© sometimes makes the desired signal seem to pop ot of the badground.inrad,
DSPRBlaster, andthe DSR 10l have binaura receve caability avallable. Each processesa
single incoming signal so that the desired signal, based onfrequency and plase, seemsto pop ot
of the badkground nase when the binaural mode is adivated. Linrad goes further and acually
permits the simultaneous reception d two separate receve channels, thus al owing reception o
two signals simultaneoudly (for example verticd and haizontally poarized signals) and wsing
computer/DSPtedhniques to linealy combine the signals using an orthonamal transformation,
resulting in two new signals. One of these new signals has a polarization that matches the
incoming wave, whil e the other is orthogonal and contains©no signal at al©. The Linrad software
allows oneto just listen to the palarization-angle-matched comporent of the signal, resulting in
an improvement in signal-to-noiseratio. Infact, with Linrad ore can use this automatic
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polarization matching and also have binaura reception d the remaining polarization-angle-
matched signal.

Digital notch filters can be made much sharper and degoer than analog notches. Theided notch
would, orce asdgned to an dfending carier, follow that carier asit moved in frequency so that
the carier would stay suppressed if it drifted, o if the recever wastuned o drifted. DSR
Blaster©s Notch has such Automatic Frequency Control (AFC).For wed signal CW use, the
notch filter must be ale to be cntrolled so as naot to eliminate the desired CW carier. Thiscan
be dore dter afashionwith DSR-Blaster©s notch, bu not with the notch in DSRO0, so the DSR
10 ndch isnot useful in CW mode. Linrad will remove many spurs, by pointing and clicking on
eat o them with the mouse. But as amatter of pradicdity with Linrad, runwith a20 Hz filter
(as| generdly useit), thereis only one signal in the audio passband and no reed for anotch
filter.

When thefinal link in the receve dhain is nat human heaing and interpretation bu computer
analysis, the list of desired software dharaderistics bails down to threeitems. user friendliness
acarragy of the final result, and efficiency (speed) of adchieving the crred solution.

. Available DSP Packages. A Brief Summary of Some First Generation Packages

Eadc of the DSP Slutions| will discusstakes an analog signal at arelatively low (audio or nea
audio) frequency, convertsit to digital form using an Analog-to-Digital converter (ADC), and
processs it digitally. The programs using the human ea and krain for final signal reception and
deanding then convert the digital signal badk to analog form using a Digital-to-Analog converter
(DAC) and send it to spedker or headphores for human recetion and processng. The systems
using automated signal deaoding may omit thisfinal step. Programsthat are primarily used with
human signal detedion as the final common pathway include an dder MS-DOS-based program
named DSP-Blaster; the Windows-based programs Spedran, ChromaSound and GNASPL; and
Linrad, which runs on Linux-based systems. DSP-10 can be used for either human or automated
deading and runs only in true DOS mode. An audio-only version permits use of DSPfunctions
with human audio detedion and analysis as the final stage. WSJT, which includes JT44 as one of
two subprograms, is aWindows-based program designed for automated signal interpretation. In
this article we will limit our discusson d WSJT to JT44. An additional DOS-based program,
FFTDSP, offersnoaudio processng but will provide awaterfall display. It isnot discussed
further here.

DSP-Blaster works ONLY with ISA bus Credive Labs SoundBlaster sounctards. Linrad, Leif
SM5BSZ©s Liux PC-Based Recaver, can use avariety of sounccads. | use an M-Audio
Deltad4 for ADC and processng and a Soundbaster PCI64 for DAC and ouput with Leif©s
program. The Deltad4 permits ssampling rates of up to 96kHz and thus with quadrature (1/Q)
detedionwill permit bandwidths (and thus waterfall display widths) of upto nealy 96 kHz, a
major advantage. The DSP-10 wses an Analog Devices EZ-Kit Litefor A/D and D/A
conversions and processng. WSJT will work with most Windows-compatible soundcards.

DSP-Blaster was written by K6STI, Brian Beezley, who updated it to DSR-Blaster 2.56in 2001
Heisnolonger providing updates. This program has good LM S noise reduction, rerrow filters
with adjustable bandwidth and center frequency, a beautiful notch filter, synthetic stereo, and
much more. It requires a486 a better with amath coprocesr, at least VGA video, amouse, a
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16 Lt Credive Labs ISA soundcad, and DOS 3.0 a later. It must runin DOS mode. Youcan
runit from Windows 95 a 98, bu nat asawindow; it must runin full screen mode. The
program has threefrequency-domain display modes. waterfal, single spedrum, and 3D spedral
history (stadked plots). Figure 2 shows atypicd DSRBlaster screen. There ae two time domain
modes. waveform and envelope. It has svera processng functions that are useful for CW
operation: aband pessfilter, apedking filter, LMS noise reduction, and a coherent band pass
filter. The amherent band passfilter produces binaural (stereo) output. The latest version 2.56
was avail able for $75, o as an upgrade from DSRBlaster 2.0, $50(Cash, U.S. ched, or money
order, E-mail delivery), asof mid 2001from:

Brian Beezley, K6STI

3532LindaVistaDr.

San Marcos, CA 92069

USA.
http://seti 1.setil eague. org/software/dsphl ast.htm gives sosme alditional info. Brian©s email
addressas of mid 2001was k6sti@n2.ret. | would recommend cheding with him to seeif the
program is dill avail able before sending him funds. More mwmments on DSP-Blaster are
avail able at http://www.nitehawk.com/rasmit/dsp_soft.html . Thisisavery good pogram. Its
main limitationisthat it works only with genuine ISA bus Credive Labs SoundBlaster Cards,
and computers with ISA slots are becoming harder to find. It can be quite finicky in terms of not
wanting to run urlessyour computer is st up ©just right@ut when it works, its does a very good
jobandl find| can pul out theredly wesk EME signals with it very well, better than with any
other program save Linrad.

ChromaSound (http://www.sili conpxels.com), by N7CXI and VE3EC provides graphic filter
control and spedrum display over a bandwidth of 5000Hz or so, along with DSPnoise reduction
but nowaterfall. | donot think it does as goodajob as LinradDSP-Blaster, DSP-10, a Spedran
in terms of signal processng, and mentionit here just for completeness | donSt useit afll asthe
other programs mentioned doa much better job for me.

GNASPL provides sledable filtering and spedrum output but no waterfall, nase reduction, a
notching. Seehttp://members.tripod com/~gniephaus/gnaspl/gnaspl.iiml . 1©ve not used this at
al recently asthefilters didn©t sean to be anything spedal rad its ladk of a noise reduction
agorithmisared negative here @ W3SZ.

Spedran (by 12PHD and IK2CZL) replaces their older DOS-based program, Hamview. Spedran
provides awaterfall display, a spedral display, mouse-adjustable filters, and an LM S type noise
reduction algorithm. The filters and nase reduction algorithm in Spedran do nd work as well
for me asthosein Linrad, DSRBlaster andthe DSP-10. The waterfall display isvery good bu
not asgoodas Linrad's. Links for Spedran are & http://www.qsl.net/padan/spedran.html . |
dort use this because the filters as noted just aren©t quite & goodas | neadd Linrad, the DSR
10,and DSP-Blaster work better for me.

The programs just discussed in some detail represent the simpler, “first generation” DSP
programs that exist. The only one of thesethat | still use, and that just occasiondly, isDSP
Blaster. Now we will move onto more sophisticated, current generation rograms such as
Linrad, DSP-Blaster, and JT44.



For a superb web page that has alink to an excdlent DSPResource page go to
http://www.nitehawk.com/rasmit/ and click onthe "DSPfor We& Signal” link at the top d the
page. Or, go dredly to hitp://www.nitehawk.com/rasmit/dsp50.1tml to get to DSPdiredly. If
you dothe latter you©Il missaniceintroductory page though.

" . Linrad: Lef Asbrink SM5BSZ'sLinux PC Radio for Intd Platforms

Leif Asbrink, SM5BSZ, has developed a superb wed signal recaver in software, which is
named Linrad, short for “Linux Radio”. Thisrecdaver isthe ultimate DSPtod for optimizing the
recave chain where the human isthe final link. Hereiswhat he hasto say abou Linrad, by way
of introduction.

“Modern computers have the processng power to ouperform conventional radiosin recaving
signalswith poa S/N. Particularly when the poa SIN is due to interferences rather than to white
(galadic) noise the mmputer can remove interference within the narrow bandwidth of the desired
signa by use of the information abou the interference sourceretrieved by use of larger
bandwidths. The signal processng can be far more dever than what has been passble before.
Ead interference source can be treded as asignal and the DSPradio can recave AND
SEPARATE alarge number of signals smultaneously. The DSPradio packageisunder
development with flexibilit y and generdity as important aspeds. The DSPradio for LINUX is
designed for al narrow band moduation methods for all frequency bands. To start with the

foll owing modes will be included: Weak signal CW (primarily EME), Norma CW, High speal
CW (meteor scater), SB, FM”. He goesonto say, “ The system is designed for flexibility so it
can be used for many diff erent combinations of computers, A/D boards and analog radio
circuitry. The platform is Linux and the padkage will typicdly operate with a 486 computer
together with a conventional SPB receaver as the minimum configuration. The airrent high end
operationiswith a4-channel 96 kHz A/D board and a Pentium Il providing nealy 2 x 90 kHz of
useful signal bandwidth in adired conversion configuration (stereo for two antennas). When the
Linux padkageisin full operation | will i nterfaceit to amodern radio A/D chip and dgital data
deamation chip. The mmponrent cost is very low and there will be an exciting improvement in
dynamic range, bandwidth and flexibility. The LINUX PC-radio for Intel platformswill be
continuowsly upgraded to show various aspeds of digital radio processng and hawv they are
implemented in the DSPpadkage. The Linux PC-radio isnat designed for VHF wed signal only.
It isvery flexible and designed to acammodate routines for al radio communication modes on
al frequency bands. The program can run ona486to process3 kHz bandwidth with almost any
sound bard. It can aso run onaPentium Il with a96 kHz board such as Digital River Delta44
[thisiswhat | use; now cdled the M-Audio Deltad4 -W3SZ] to produce spedra avering abou
90 kHz bandwidth, using two mixersto provide adired conversionreceaver. (For EME it may be
easiest to make adired conversion recaver for afixed frequency such as 10.7MHz and pu
some conwerter in front of it). Thisisan orgoing projed. The padage will provide more than
30kHz bandwidth with a standard audio baard and should be very useful for 10 GHz EME and
any other mode where awide spedrum range has to be seached”.

Leif started this projed yeas ago with an MS-DOS RC radio (link
http://ham.te.hik.se/~sm5bsz/pcdsp/pedroaot.htm) and has expanded the projed and moved it to
Linux for reasons of hardware portability (link

http://ham.te.hik.se/homepage/sm5hbsz/li nuxdsp/linroot.htm). Detailson haw to install and get
started using Linrad can be found onLef's website &
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http://ham.te.hik.se/homepage/sm5bsz/li nuxdsp/li nrad.htm.

Thisisthe aurrent state of the at for week signal work. The software recever neals a baseband
inpu of 0-xx kHz to achieve awaterfall/ spedral bandwidth of xx kHz. Given thisinpu, and
using quadrature detedion, a sampling rate of yy kHz will provide awaterfall/ spedral bandwidth
of upto approximately yy kHz (with yy lessthan or equal to xx, of course). If standard (non
quadrature) mixers are used, the maximal waterfall/ spedral bandwidth will be gproximately
yy/2. With an M-Audio Deltad4 sounccard for the input, operating at 96 kHz sampling rate, and
with quedrature detedion, the useable waterfall bandwidth avail able is abou 90 kHz. There ae
several options avail able for use asafront-endto Linrad. First of all, it's a simple matter to
homebrew avery goodfront-end, as Linrad dces all of the hard work. Herel use a c¢rcuit with a
couple of TUF-1 mixers from Minicircuits, a10.7MHz 1% IF and filter, with a transistor amp for
the first IF amp and alow-noise OP amp (AD797) for the 2" IF amp. Thiscircuit isnot
quadrature, so | get just abou 45 kHz of useful bandwidth when using it with the Delta44. | use
a omputer-controlled 1¥ LO, so that | have wideband frequency coverage with the recever;
esentialy from abou 0 to 500MHz (with appropriate filters at the input for ead range, to
prevent spurious respornses). Figure 3 shows a diagram of the drcuit for my homebrew recaver
front-end.

| have two dof these units operating simultaneously, ore for the horizontally polarized antenna
array elements and ore for the verticdly polarized elements. Linrad uses both of these to provide
recetionthat is aways at the wrred receve pdarization angle; if the incoming waveisat 37
degreses, that ishow Linrad recevesit. No more 3ock -out® or signal degradation due to crossed-
polarization. AndLinrad daesthis automaticaly!

The second opionisto use akit that was introduced by Expanded Spedrum Systems at Dayton
thisyea, cdled @The Time Madine®( http://www.expandedspedrumsystems.com/prod2.iml).
The Time Madine is aquadrature mixer single-conversion HF receve dhain that mixes the
incoming signal down to baseband frequency (in this case, 0-96 kHz for me, with the output of
The Time Madine conreded to theinpu of the Deltad4 soundcard). | usetwo o these units,
one for eac recéve pdarization, and wse aTUF-1 mixer and computer-controlled 1% LO before
the inpu, to mix the 144MHz signal down to 10.7MHz, which isthen fed into the Time
Madine. Ancther approach would beto fead the output of a144MHz to 28MHz transverter
into the input of The Time Madhineinstead of using ahomebrew front-end. Better week signdl
performancewill be obtained if the on-board LO isreplacal by one with better phase-noise
performance Expanded Spedrum Systemsis planning on dfering an ogional daughter board
that will offer thisimproved performance Until that's avail able, it isasimple matter to
disconred the output of the ICS-501from the input of the 16V 8B and to substitute one's own
oscill ator at 4 times the desired 2™ LO frequency.

Thethird ogionfor afront-endis alittl e bit in the future; perhaps nea the end d thisyea,
perhaps ealy next yea. Leif has designed a superb front-end for Linrad, consisting of several
parts. It basicdly consists of separate units which provide mnwversionfrom 144MHz to 70 MHz,
from 70MHz to 10.7MHz, from 10.7MHz to 2.5MHz, and from 2.5 MHz to baseband. Y ou
can seehis design for the latter two of these converters, complete with the arcuit board masks on
his website at http://ham.te.hik.se/homepage/sm5bsz/li nuxdsp/optrx.htm. | believe that these
lower frequency converters will be sold by Svenska Antennspeaali sten AB, whaose websiteis at
http://www.antennspedalisten.se/. Thereisnoinformation ontheir website yet abou these units.
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A block diagram of the functionality of Leif's SOFTWARE is helpful in uncerstanding how it
works. Figure4isa wopy of Leif'sblock diagram, taken from his website.

Therecaver inpu is at the top left of the diagram. Two inpu signal paths are shown, ore for the
horizontally polarized antenna dements and ore for the verticdly polarized elements. The FFT's
are of course fast Fourier transforms, that take the signal from time domain to frequency domain,
andthe timf's are reverse transforms that take the signal from frequency domain bad to time
domain. The blue signal paths are in the time domain and the red signal paths arein the
frequency domain. The green lines represent power vs. frequency displays and the bladk lines
represent control signals. The diagram nicdy explains the signal flow and procesang. Thefirst
FFT is used to generate the wideband spedrum display. AGC functions are then performed and
then the signals are subjeded to reverse Fourier transformation that puts them badk in the time
domain. The noise blanker isthen applied. The noise blanker isanowel, two stage drcuit if the
Linrad recaver has been cdibrated for frequency and phase resporse using apulser unit. (This
procedureis nat difficult, andis described in detail on Leif'swebsite). Thefirst stage blanker is
cdled the “clever' blanker. It modelsthe noise andfitsto eat puse a'standard' pulse with
amplitude, phese, fradional paosition, and pdarizational cdculated to match the a¢ual noise
pulse aclosely aspossble. The standard puses are then subtraded from the signal waveform,
reducing the noise pulses by approximately 30 dB. The "dumb' second stage blanker then
removes al data points for which the total power is above agiven threshald. Thisreducesthe
noise by approximately 40 dB. The results achieved by this two-stage noise blanker are
phenomenal! If therecaver has not been cdibrated, then just the flumb' noise blanker is
available, bu even thisdoes avery goodjob. After noise blanking is dore, the seondFFT is
performed. This produces the waterfall display, and after the pdarization control algorithmis
applied, the high resolution dsplay is generated. A secondreverse FFT is performed. Thereis
then the passhility for more noise blanking. A third FFT provides the baseband dsplay and then
another reverse FFT returns the signal to the time domain for final signal processng andaudiois
sent from the sounccard to either audio amplifier, spe&kers, or headphores. All of thisis
explained in very detail ed fashionon Leif'swebsite. In addition, Linrad's urce mde isthere.

| have foundthat Linrad dces an absolutely superb job of allowing me to hea the desired wedk
signal hidden in the midst of the dl the noise and clutter present at my QTH. It does this better
than any other receving system | have ever tried. | generaly use it with thefilter set at 20-25 Hz.
The best way to describe Linrad's operation and feaures isto dscussa series of screen grabs|
made whil e using it as my primary recaver during the EME contestslast yea. 1€l starwith
Figure 5, a screen grab taken with the recaver operating on 144MHz, duing an EME contad
with KB8RQ. Thisisanewer version of Linrad than | used in the screen shot shown in Figure 1
as an example of awaterfal display, andI've aranged the screen dfferently. Leif's oftware lets
you rearange the screen amost anyway you want to.

Acrossthe top of Figure 2 you seethe frequency scde in Hz. At the time of the mntest, | had
Linrad set up to cover 22 kHz, which is areasonable spread for 2 meter EME. With it set up like
this, ore can see @erything that isgoing onin a22 kHz slice of the band. Depending uponyour
sounccard, as discussed above, you can view upto anealy 96 kHz-wide slice of the band at one
time.



The small arrows nea the left and right corners at the top d the screen all ow adjustment of the
frequency width and the center frequency of the waterfall and main spedrum displays (which
trad together in thisregard),.

Below the frequency scde & the top d the screen isthe waterfall display, showing signal
intensity as afunction d frequency horizontally, and as afunction d time, verticdly. Earlier
times are neaer the bottom, most recent times at the top. Deamal minutes are displayed along
the left verticd axis. The wide white horizontal bands extending from 23000to 31000Hz are my
signal when | am transmitting. Of course, when | am transmitting, my transmitter overloads the
recaver as you can seeoccurring periodicdly, resulting in dark horizontal bands acossthe
waterfall display. Youcan aso see adashed verticd line & 27000Hz; that is KBSRQ's sgnal on
the waterfall. Lower onthe frequency scde, at 21800Hz or so is the dashed verticd li ne that
represents W5UN's sgnal. Between the times 53.36and 56.15you can see asignal that starts at
27500and then moves aaossthe screen to lock in onKB8RQ's frequency at 27000.That is me
“spatting' the frequency to bring my transmitter onto KB8RQ's frequency.

Just below the waterfall onthe screen isthe red-time main spedrum display. Signal strengthis
the verticd axis and frequency is the horizontal axis, correspondng to the same locaions on the
waterfall and the frequency cdibration at the top d the graph. Thelittl e up/down arrows at the
bottom left and middie right of this display all ow you to adjust the range and center point
(baseline), respedively, of the spedrum amplitudes displayed, so that the signals are the right
verticd size for best viewing, and centered as you wish onthe display. It is much more difficult
to pick out we& signals onthis display than onthe waterfall, and | donit use the spedral display
very much. Leif notes that the main pupose of the main spedral display isto aid in noise blanker
level adjustments and to show very strong signals that saturate the waterfall display.

Below this onthe | eft are the boxes to set (by clicking on the box and then typing in the desired
values): the number of FFT1 averages per displayed pant of the spedrum, the number of FFT1
averages per line of the waterfall, the zero pant of the waterfall display, the gain of the waterfall
display, the number of averages per displayed pant of the high resolution spedrum (thisisthe
display with red haizontal li nes) and the number of averages per displayed pant of the baseband
spedrum (the noise blanker / filter window; thisis the display with green haizontal li nes).

To the right of these parameter boxesis the adaptive paarization control. The software recaver
can be set up to recave two channels of data. In my case, oreisthe signal from the verticd
elements of my M2 array, and the other is the signal from the horizontal elements. By rotating
the line with the mouse you can seled any desired receve pdarization angle. Or, you can leave
this st to automatic or ©adaptive© mode and then the software constantly optimizes the
padarization angle. Moving the line onthe horizontal bar (green when you can seethe wlors)
changes the padlarization from linea to dlli ptica to circular. | usualy leave the polarization
control set to “adapt’ and let the cmputer do the work.

To theright of that littl e box is the high resolution dsplay. To theright of that, ontop, isthe
baseband (DSPfilter) display, which will be discussed shortly. Below that immediately to the
right of the high resolution dsplay isthe small coherence graph and signal amplitude box, and to
the right of this below the baseband dsplay is the aitomatic frequency control box.



Hereistheimportant and, redly, incredible part. By clicking with the mouse aursor at any point
onthe waterfal (or the main spedrum) you cause that portion d the spedrum to be placel in the
high resolution spedrum box and DSP-processd. That is, that portion d the spedrum isDSR
filtered, nase-blanked, and converted to audio frequency so that it appeasin your headphores or
onyour spe&ers. IT IS FOINT AND CLICK RECEIVING!!! Because of the excdlent DSP,
thisisan incredible experience If youare nat clicked onasignal, therecaver is slent. When
you click onape, the signa popsinto your headphores. To finetune, you click onthe pe& in
the high resolution spedrum, if need be, to touch upthetuning. You can seethat KB8RQ's
signal isnicdy centered in a 20 Hz bandwidth filter by looking at the baseband window. The two
tiny 8A° s (yellow and Hue when you can seethe wlors) at the bottom left of the high resolution
window are for setting the ©dumb®© and ©smart© digital noise blanker |eYabsl have your choice
of nore, automatic, or manual for setting these blanker settings. The tiny @° & the right bottom
of this display turns on the oscill oscope function that shows the red and imaginary time domain
spedrafor the various channels of data so you can redly tell what the blankers are doing.

Theline and "hump' (yellow when you can seethe lors) in the baseband dsplay (which sits
just to the right of the high resolution dsplay) show thefilter center frequency, bandwidth, and
shape fador in graphicd form. If youwant a different filter bandwidth ar shape fador, youjust
take the mouse over to the baseband dsplay, and dag thefilter curve wider or narrower, and the
filter adjusts graphicdly. THISREALLY WORKSI!! There ae several controlsin the baseband
window. Aswe just noted, by dragging the yell ow lines with the mouse you can set the filter
width and shape fador. Thereisared haizontal bar at the left of the window that does not redly
show up with grayscae reproduction. Thisis the level or volume @ntrol. Thereisared verticd
bar at the right of the window that is the BFO control. You can vary the pitch of the receved
signal withou taking it out of the filter passband a moving it in the display. Thisisvery nice
There ae other controls at the bottom of the baseband dsplay for setting coherent processng
parameters, adjusting binaural recave parameters, and altering how the program hand es the two
signasin adual pdarity recave system.

How fast amadhine do you reed to runLinrad? It depends on the parameters. With my setup,
Linrad says that my machine, a1.4 GHz Pentium 4 isidling 92.4% of thetimewhileit is
runnng. In ather words, ony 7.6% of its processng power is being used by the program. Leif
has a very nice page that discusses timing / computation intensity issues and gives sme
examples for various hardware cwmbinations. It ison hiswebsite &
http://ham.te.hik.se/homepage/sm5hbsz/li nuxdsp/fft1time/fftitime.htm .

If you dor©t &ve arecever with awide (20-90 kHz) IF bandwidth you can still experiencethe
wonder of Leif©s recever.On hiswebsite he has lots of EME contest fil es that you can

download. Onceyou have hisrecaver runnng onyour computer you can pu the names of these
filesin atext ©adfil@bat you creae in the Linrad dredory. Thisfilewill dired Linrad to these
data fil es and when you start Linrad you can type ©h© and the program will runjust asif youwere
adually recaving this data via your own antennas. Y ou can click onthe various sgnals, and

even play with the receve pdarization control. It istruly amazing to dothis! Leif©smain Linrad
radio page has linksto his many useful pages of explanation, diagrams, screenshats, etc. His
websiteis ared treasure trove.
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Figure 6 isascreen grab of a spedrum with Dave, W5UN®©s sgnabs recaved at W3SZ viathe
EME route. I'll useit to explain abit more @ou Linrad's operation :

On the waterfall display you can seeDave©s sgna appeaing as adotted line (because heis
dternately transmitting CQ and li stening) just to the right of an external signal nea 27000Hz.
The very large white bands nea the right side of the waterfall are my transmitted signal, which of
course overloads the recaver, as you saw onthe previous sreen dump aswell. On the waterfall
display the external ©birdie®© isjust a hair©s width below Dave©s sgnal. Below the waterfall display,
in the main spedrum display, you can see agreen verticd cursor on Dave©s sgnal This servesto
seled it for processng for the high resolution spedrum display, DSPfiltering, nase blanking,
and ouput for audio copy by the operator. The ©birdie© and Dave©s sgnal runtogether onthis
lower resolution display. On the high resolution dsplay, which isthetall, relatively large
spedral display below the main spedrum display, thereis excdlent resolution d the signals;
Dave©s sgnal occupiesthe center of thisdisplay around 21672Hz, and thenouse airsor ©+© sits
nealy exadly over the midde of Dave©s sgnal.The green spedra ped isthe #n phase®
comporent of therecaved signa. The fad that there is no puple or out of phase®pedk

indicaes that the recaver has locked onto the pdarity of W5UN nicdy. Thelittl e blue ¥eceve
polarizatiorf display to the left of the high resolution spedrum window shows that the receved
poarization angleis 83 degrees, andthat Linrad isin the alaptive pdarization mode, where it

foll ows the pdlarization angle of the recaved signal automaticdly. The baseband dsplay is
below the main spedrum display to the right of the high resolution spedrum display. This
window shows that thefilter, shown in yellow and set to about 20 Hz bandwidth, iswell centered
on Dave©s sgnal. You can seebath the center of Dave's sgnal and the keying sidebands within
the yell ow outline of thefilter band passcurve. The verticd magentabar at the very left of this
window isthe level or volume @ntrol, andis adjusted by dragging the top d it with the mouse.
Aboweit isavery bright red "dot' (actually a short, haizontal line) that indicates the receved
signal levd. It is pinned’ at thetop d the scde, commensurate with Dave's usual signal

strength. In this same window, the verticd red bar onthe extreme right of the display shows the
BFO frequency. The BFO frequency is off scade with the settings used in this display. Note: all
of the ©birdies© (and there ae many) are external signals here, that | réeewith ead of my
recavers. They are present only with the antenna conneded, and come and go with time and
with variation d the antenna heading and pdarization angle. They are not a problem produced by
Linrad o the homebrew recaver, athough this combination daes an excdlent job d showing
them due to its snsitivity! At the very bottom of the display to the right of the high resolution
display, and kelow thefilter window, are the wherencegraph/ signal amplitude window onthe
left, and the AFC window onthe right. The cherencegraph shows that Dave's sgnal has good
phase wherencefor automatic CW copying, and hs sgnal amplitude & receved hereis 34.6to
35.8 B. Thisisrelative anplitude, as | have not cdibrated my system for absolute receved
signa strength. Both this window and the AFC box are discussed fully on Leif's website.

Finally, Figure 7 shows a Linrad screen of the W3CCX bea®n on 13centimeters, using the
homebrew 144 MHz recever and Linrad asthe IF radio. 1©ve dangedhe pasitions and sizes of
the high- resolution, baseband, receve pdarization,and AFC windows. Thisis just a matter of
dragging the adges of the windows to change their positions. Note the frequency resolution on
the waterfall and main spedral displaysis now enhanced compared with the prior examples. The
entire spedarum covers only 3 kHz. The frequency instability of the beamn signa can be eaily
sea. Therecever frequency is controlled by a Rb oscill ator, and the variation seen represents the
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frequency instability of the bea®n dus any Dopper shifting of the signal while en route to
W3SZ. The high resolution window shows only a green spedral ped (which goes off scde & the
top d thiswindow) because there is only horizontally pdarized input on this band at W3SZ.
There isthus no signal in the orthogonal magenta-colored channel. The baseband dsplay (which
is below the high resolution dsplay window) could be improved by contrading the verticd scde
to cover just 0-30 B rather than setting it to 0-60 B as was dore here. Again, thisisjust a
point-and-cli ck adjustment. This makes for an awesome recever on the microwave bands. Y ou
can see(depending uponthe filters you use in the recever) upto 40kHz or so of spedrum at a
timeif you are using a setup like mine, to spot thase “way off fr equency’ microwave signas!! If
you use quadrature detedion, you can expand the spedrum viewed at one time to a bit more than
90 KHz! Inthiscase | went to the other extreme, to look at the frequency stability of the W3CCX
beamn owr arelatively long and olstructed path, duing a period d subogimal recave
conditions.

[V.DSP-10: Bob Larkin W7PUA's Innovative 144MHz DSP Transcaver

The superb DSP-10 hardware/software by Bob Larkin, W7PUA, redly goes a step beyondthe
other solutions discussed here. It ismore than asignal procesor, when used as a
hardware/software solution with Bob©s hardware design.Then it isawedk signa PC-based
Osoftware transcaver© for 144MH# provides not only signal processng, and the traditional
CW, SB, and FM modes, bu also entirely new digital modes of communicaion using long-
term integration and FSK techniques. The DSRP-10is different from DSP-Blaster and some of
the other products reviewed herein that it uses an Analog Devices EZ-Kit Lite to dothe DSP
processng rather than a soundcard; it conredsto a PC via aserial port and just makes use of the
PC for control and dsplay; the EZ-Kit Lite does al of the computational chores. It runs under
true DOS mode only (NOT aDOS Window). Bob©swebsiteis at
http://www.proaxis.com/~boldark/dsp10.Hm .

The DSP-10 software can also be used withou the RF hardware, as an audio DSPprocessor,

using just the Analog Devices EZ-Kit Lite evaluation baard (seebelow). Or, it can be used with
an external homebrew front-end as the final IF of ahomebrew recever. | have dorethis at
W3SZ with just a coupe of TUF-1's and computer -controll ed oscill ators to make avery nice
recaver that covers from below the AM Broadcast band to the 432 MHz band. Whether used
with or withou the DSP-10 RF hardware, it has an excdlent waterfall display with adjustable
gain, adjustable baseli ne, and adjustable signal averaging (seeFigure 9). The visualized
bandwidth can be set to 1200, 2400 04800Hz. It has an excdl ent spedra display aso with
adjustable gain and keseline, and 1200, 2400 p4800Hz visuali zed bandwidth, aswell as
adjustable signal averaging. It also has DSPaudio processing with 200, 300and 450Hz
bandwidth filters at center frequency of 600Hz, a 600Hz bandwidth filter at center frequency
700Hz, and a300Hz bandwidth filter at a center frequency of 800Hz. In additionthereisa
sin(f)/f matched filter for 12 wpm, and a design-your-own filter too. It has adjustable LMS noise
reduction, binaura receve caability, defedable and adjustable AGC, and anatch filter.
Unfortunately the notch filter is not manually adjustable, so it will very effedively eliminate the
desired CW signals.

The software is freeand can be downloaded from Bob Larkin©s web site listed aboveBob's
web site has a parts li st that makes ordering the parts for the projed a simple matter. Also,
TAPR (http://www.tapr.org/) has periodicdly made kits avail able with all parts except for the
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EZ-Kit Lite. Chedk their website for detail s on the next kit run. Unfortunately, the EZ-Kit Lite,
originaly Analog Devices Part ADD S-21XX-EZLITE, is now part number ADDS-2181-
EZLITE, andthe price hasrisen several fold. | purchased mine from Newark Eledronicsin 1999
andthen again in ealy 2001,when the pricewas $94.70 As of 8/30/2002the Newark priceis
$346.95 pus ipping.

Setting up the audio version of the DSP-10, withou the RF hardware, is a pieceof cake. You
just plug the audio ouput of your rig into the input of the EZLITE, plug your headphoresinto the
output of the EZLITE, conned a serial cable from your computer to the EZLITE, and fire up the
software. Itsjust as easy if you are using your own external RF front-end. Buil ding the complete
DSP-10 computer-controlled 144MHz transcaver as described in the September, October, and
November 1999isaues of QST takes ometime but it isnaot difficult, although it does make use
of surfacemourt techndogy. | built aDSP-10in ealy 2000and have foundit to be superb asa
microwave IF. The adility to spot those wedk signals that are up to 4 kHz off frequency at 2304
MHz and abowe is criticd in the microwave wmntests, and this radio redly does that superbly. |
have dso used the RF Hardware Version d the DSP-10asa144MHz we&k signa recever and
used it on 144MHz EME. For this use its somewhat limited dynamic rangeis a shortcoming. It
isat least in my experience, at an admittedly very noisy locaion, often overloaded during
contests when there ae strong locd signals, and this has been at times a significant problem
when trying to useit for wed signal work in such an environment. The ARRL lab rated its 1P3
at -21 BBm. Thelimitationin dynamic rangeis| think probably arefledion d the limited
dynamic range of the EZLITE; the EZLITE is based onthe ADSP-2100Series which includes 16
bit fixed pdnt processors, and the Codecused in the EZLITE isthe AD 1847which has probably
just12-13 hts of usable dynamic range athough it isa 16 bt device The MAR-6 used as the
first RF amplifier has an IP3 of +14 dBBm and although it is foll owed by another MAR-6 before
thefirst TUF-1 Mixer and the aysta filter, | dorit think these comporents sioud belimitingin
this regard.

Before describing the very origina and unque automated detedion and deaoding fedaures of the
DSP101'd like to share my experiences with it during the ARRL EME Contest 2000 when |
used with ahuman (me) asthefina step o the detediorvdecoding chain. The first night of the
first leg of the antest | got my wish for making this a useful 2agd -test®: anoisy night with alot
of locd adivity, ided condtions for comparing the RF version o the DSR10with my "usua’
EME station. This combination of ahigh naselevel and high-powered locd adivity made
somethings very clea. The experimental system here for the mntest included a2 x 2 stadk of
M2 2M XP20Os with separate recave lines for Horizontal and Verticd Polarity.There were dual
ARR 144 MHz preanps on the tower, close to the power dividers (my cavity preamps were
temporarily onthe ground. The fed lines (LMR600UF to the bottom of the tower, and then 7/8
inch hardli ner to the operating position) were conreded to an EME grade relay in the shadk so |
could switch pdarity with aflick of aswitch, a monitor both H and V simultaneously ontwo
different recavers. For the comparison | hooked atwo way power divider after the relay to split
therecave signal into two peths, ore path going to the SR EledronicsLT2S MK Il / Eleaaft K2
combination, and ore going to the RF version of the DSR10. As| have slightly more than 20 B
of preamp gain onthe tower, and significantly lessfeelline lossthan this, this sgnal splitting
didn©t produce any noticedl e degradatioim terms of minimal detedable signal. At the same
time, the baseline signal level in the shadk was low enough that | didn't need additional
attenuationin the line to prevent unnecessary degradation d system dynamic range due to
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excessve preanplifier gain.

What | foundwas sgnificantly different in some respeds than what | had previously foundfor
the Italian EME contest, as that was arather quiet night. First of al, there ae some 1.5 KW
stations within afew miles of me, and the DSP-10 RF version folded upand ded when these
stations were transmitting at times when | was more of lessin their line of sight to the moonand
when the moonwas low in the sky. In contrast, the K2/Transverter wasredly only bothered
when these stations were very closein, frequency-wise, and then | could still work through their
noise. Having the naise blanker onthe K2 adivated dd increase the problems with locd QRM,
asisthe cae with any noise blanker I©ve evetried, but | could still work with the NB on. In
contrast, | just had to shut the DSP-10 davn when the locds were transmitting. | shodd nae
that the only other operating condtions in which I've dso experienced overload of the DSP-10
were when using it asthe IF for 10 G experiments at very close range (30-50 meters), but that
otherwise the DSP-10 hes not had owverload problems when used as an IF for microwave work
here. Nor hasit had such problemswhen used on 144MHz with cavity preamps when the noise
level isnot excessve and high-powered locds are off the ar. | shoud also nae that when | use
my FT-1000MP in paceof the Eleaaft K2 | the recaver chain | experience similar dynamic
range problems when bah high-noise and high-signal-level conditions are present. Andthe FT-
1000MP is generaly considered to be afinerecever, if not in the same dassas the K2, the Ten-
TecOMNI VI+, and the modified Drake R-4 (see September/October 2002QEX for an excdlent
reference onrecaver performance comparisons, by SP7HT).

Seoond,under these noisy conditions, the LM S noise reduction onthe DSR-10 didn©t take out the
noise sufficiently. Thisisnot surprising, as when the pulse noiseis very bad here, NO LM S
algorithm 1©ve ever usis sufficient. It takes an excdlent naise blanker such asthe onein the

K2 plus LMS (or just Linrad) to dothe job (the FT1000MP naise blanker is nat up to the task,
either)! During the periods where the pulse noise was absent, and the kil owatt-plus locas

weren't transmitting, the DSP-10was ajoy to use. As| noted before, it isvery comfortable to

li sten to and with the binaural implementation Bob Larkin has placed onit, it redly pullsthe
signals out of the mud when the binaural mode is adivated. During the quiet periods | preferred

it to the K2/Transverter, bu again it couldn©t be used when the pulse noise or locd QRM was
present at substantial levels.

Third, | have alot of birdies here & W3SZ. Frequently they were dose in to the station | was
trying to copy. Herethe use of the K2/Transverter fed into the computer running DSP-Blaster
was again superior, as| could either make the filter very narrow, or turn onthe adaptive notch
DSP-Blaster provides (its VERY sharp and rarrow), or both, and elimi nate the offending carrier.
Thefiltersin the DSR 10 weren't quite & good,and its notch can't be used onCW, asiit
automaticdly removes the desired signal.

Fourth, onthe VERY we& stations, it was helpful to be eleto pay with the filter parameters on
DSPBlaster, and | foundthat for the redly wea stations | could oy copy them with the K2/
Transverter/DSP-Blaster combination. The DSR-Blaster is more flexibleinitsfilter seledions
than isthe DSP-10, which was described more fully in this regard above. With the DSP-Blaster,
the filter width is adjustable from 50to 300Hz in 25Hz steps for the Coherent BandpessFilter,
andthe center frequency is adjustable from 10to 990Hz in 10Hz steps. For the standard
bandpessfilter the filter width is adjustable from 50-975Hz, again in 25Hz increments. In
pradicethe lower limit of the center frequency for the DSR-Blaster filter chain is determined by
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the low-frequency roll-off of thefiltersin the recever itself.

In terms of the waterfall displays, | ended upliking the spedrum display of the DSP-10 much
more than that of DSR-Blaster.

To summarize the use of the DSP-10for week signal use with human psychoacustic detedion
and ceaoding, it does avery goodjob for wed signal work except under condtions of high nase
and strong signal interference. It shoud be excdlent most anywhere for use & a microwave IF
rig, andisvery good on 144MHz as a primary we&k signal transcaver unlessthe environment is
oneof very high naselevel or very strong locd signals, or both. Unfortunately, thisis my
current environment much of thetime.

What REALLY setsthe DSP-10 herdware/software combination apart from the competitionis
the very innovative hew® modes that Bob Larkin designed into the software. These modes can
be acomplished orly when the unit is used to communicae with ather DSR10 unts, and they
placestringent requirements on frequency acaracy and stability, and corred timing. Frequency
acarragy and stability must be onthe order of 0.5-1 Hz AT THE OPERATING FREQUENCY
(which may not be 144MHz if the DSRP10isused as an IF rig) when 2.3Hz bin sizeis sleded.
Timing of the two stations must be within 50-100 milli seconds (30 milli seandsis preferred).
These requirements pretty much mandate the use of GPS-controll ed oscill ators for frequency
control, and GPSor other NIST-Standardized timekeeping at both ends of the dtempted contact.

| have been succesgul using, for frequency control, either a Rb-controll ed oscill ator (Efratom
FRS) or a GPSdisciplined oscill ator (either Brooks Shera's homebrew unit or a surplus HP
Z3801A). SeeK8CU'swebsite for an excdlent first look at the Z3801A, with many very helpful
detail s (http://www.red hamradio.com/GPS Frequency Standard.htm). These units are avail able
from Buy Legacy for $249.00as of 8/30/2002. The units are listed ontheir website with many
detail s at

http://www.buylegacy.com/app/site/site.nl ?site=A CCT 9270 mode=tems& caegory=55& it=A&
id=1181 SeeBrooks website & http://www.rt66.com/%7Esheralindex_fs.htm for detailson hs
fine unit. I've had goodresults with either GPSor internet-controll ed timekeeping. If, like me,
you dort have network accesson the DOS madine you wse for DSR-10, getting the timing
acarragy from the GPSor internet-controll ed clock into the DSP-10 madhine at the 30

milli sesaondlevel can be abit tedious!

The 2aitomated® wek signal modes avail able with the DSP-10 are named EME-2, PUA43,
LHL-7,andLTI.

EME-2 isamode for determining system performance and peth condtions. A typica screen for
thismodeis diowninfigure 9. Inthis mode the DSP-10transmitsa CW pulse for 2 seconds.
Thereisadelay of 2.6 seamnds from the START of the transmitted puseto alow for pulse
travel, followed by a2 secndreceve period. (The adual pulsetravel timewill vary from abou
2.4semnds at perigeeto abou 2.7 sends at apoged. The gycle then repeds (every 5 seands)
for aslong as desired, and the DSP-10 averages the receved signal to gain the “square roct of n'
increase in signal-to-noise ratio obtained with n> 1. An averaged spedrum is displayedin
yellow in the “standard’' DSP-10 spedrum display area With this technique Bob W7PUA has
deteded well defined EME edhoes using 5 watts of transmit power and a4 x 12 element array!
EME Dopger corredionis automaticaly applied by the software. The software can introduce a
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randam frequency shift with eat cycle, to minimize the dfeds of any birdiesthat are present by
“smeaing' them over many bins. A maximum range of spread of 200Hz is a good starting point
for this parameter. The software will automaticdly identify in CW periodicdly, to med FCC
requirements. For this mode the timing requirements are relaxed, sincethe same stationis
transmitting and recaving, bu the timing shoud still be within abou 20 seconds for 144 MHz
work or 2 seconds for 1296 MHz work so that the Dopgder corredion caculations are adequate.
Binwidthis st to 2.3, 4.6 09.2Hz by setting the Spedrum Analysis Width (SpecAnl Width)
parameter to 1200, 2400, n4800Hz, respedively. The EME-2 mode will provide an estimate of
the returned signal strength, and is thus an excdlent way to initially charaderize and then foll ow
the performance of one's EME system over time.

The second?automated mode®is PUA43, so named becaise Bob W7PUA creaed it, and
becaise there ae 43 defined charadersin the PUA43 code: the letters A-Z, the numerals 0-9,
Space Period, the mmma, the forward slash, the poundsign, the question mark, and the Doll ar
sign. The poundsign is defined as 3message recaeved® and the Doll ar sign is used to shift the
meaning of the following charader. This modeisthe mode generaly used for two-way low
power level EME communicaions, andisthe dired antecadent of JT44. With PUA43, message
lengths of 14 a 28 symbads can be seleded. The mode transmits for one minute out of eat 2
minute transmit/receve g/cle, and recaves for other minute. Eadch symbad is sent for 2 seaonds,
so if a1l4 charader message length is sleded, the message is repeaed duing the seaond half of
the minute-long transmit period, giving an immediate 1.5 dB signal-to-noise advantage over the
28 charader-length mode. At the end d ead transmit minute a4 secondCW ID isinserted. In
thismode each charader isrepresented by one of 43 defined frequency bins. Within the receved
spedrum, every fourth receve binisused for one of these 43 charader tones, with guard bins
adjacent to ead tone bin used to allow for spedral broadening and frequency errors. Noiseis
estimated by measuring the level of the second-adjacent bins on either side of ead tone bin. A
pseudo-randam frequency spread is again used to reducethe dfeds of birdies. The shift for eath
transmit period is taken from alookuptable that defines avalue of the shift functionfor every
minute of the day. Dopger corredions can again be automaticdly applied, and the pulse transit
delay (2.6 semndsisagain used) is applied automaticdly. The frequency acarracy of the
transmit/recave system shoud be kept to within 0.5, 1.0, 02.0Hz AT THE OPERATING
FREQUENCY depending uponthe bin width, which isafunction o the Spedrum Analysis
Width, as noted above. The software uses amessage estimation algorithm to estimate the
recaved message based uponthe previously recaeved data. A bladk-colored charader in a
message estimation bo« means the estimate has alow confidencelevel for that charader, abeige
charader indicates amedium level of confidence, and a white-colored charader means a high
confidencelevel has been achieved. It ispaossble to adjust the quality level required for
achieving a particular result with this display, by using the Quality Ratio® parameter. With this
mode Bob W7PUA and hs brother Beb W7SLB have completed atwo-way EME contad on 144
MHz using single yagis and 150watts transmitter power at eat end. Ernie W7LHL and Larry
W7SZ completed an EME contad on 10G with TVRO dishes and 515 watts at ead end with
thismode. The detail s of these exploits are & http://www.proaxis.com/~bolark/wksigl.htm.

The third DSP-10 automated modeis LHL-7. Thisisessentialy an FSK-based Morse mde
methodwith much greder tolerancefor frequency errors than PUA43. IT can be used with either
human o automatic decoding. Dots are sent at 750Hz tone frequency, dashes at 900Hz, end o
charader at 600Hz, and &imestwa® & 1050Hz, &imesthree® 41200Hz, &imesfour® & 1350
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Hz, and&imesfive® @ 1500Hz. Thus?@e®would be 750Hz, 600Hz. The numeral 8° would

be 750Hz, 1500Hz, 600Hz. Ead tone can be sent for either 2, 4, 10, 20, 060 secnds.
Automatic Morse ID can be sent periodicdly. Automatic Dopger corredion can be gplied.
Timing requirements are relaxed dlightly due to the potentially longer pulse lengths, but must still
be within the range for adequate automatic Dopper corredion. Thereis substantial flexibility in
the parameter seledions avail able for this mode, and they are spelled ou very nicdy in thefile
Readme201xt, avail able on Bob W7PUA's website (listed abowve). Thisisthe only DSP-10
mode that | have not used and tested.

The fourth and currently the last automatic mode avail able in the DSR 10 herdware/software
packageisthe LTI, or Long Term Integration mode. Thismodeis ableto deted signalsin the
range of -180t0 -190 dBBm. Such signals are onthe order of 30-40 dB below audibility. This
mode operates much like EME-2, with aternating transmit and receve periods, bu the transmit
andreceve oycle lengths are aljustable variables, and either CW or a mntinuous tone can be
transmitted, with automatic CW ID possble awell. Both frequency randamization and
automatic Dopger corredionfor EME can be used if desired. Thereisno gradicd limit onthe
number of transmit/recave o/cles or signal averages that can be used, as long as adequate
frequency stability is maintained. For very wed signals the number of signal averages can be
extended into the thousands. Thereisa noise blanker' function that will discard the datafrom a
given periodif the naise in the noise-measurement bins for that period exceeals the runnng
average of the noise by "x' dB. Thismode is most useful for determining path performance
between two stations, and for exploring the possbility of alink between two sites where
condtions are expeded to be & most marginal. It isan excdlent experimental propagational
todl.

The DSPcan, for experimental purposes such as testing the robustnessof the aittomated
tedhniques, generate transmit signals with knovn amourts of Gaussan white noise alded to the
signa. Scrl-F6 pus onreinto the Setup menufor this feaure.

V.JT44: Joe Taylor K1JT's DSP Solution

Likeits close relative PUA43, Joe Taylor's JT44 (a part of the WSJT software padkage), has
been used successully for EME contads when the signals were too wedk to be head, when
contads by conventional means would have been impossble. The modes PUA43 and JT44 are
very similar. Bob developed PUA43 for use with his superb DSP-10transceaver, as described
abowve, and Joe Taylor extended this type of mode for use with commercial gea by developing
the JT44 mode. With these modes you do no audibly decde the other station'sinformation; the
software and computer hardware provide the decoding. If signal condtions are poar, you may not
even hea the other station, bu just seehissignal on atime-averaged waterfall display. The skill
with these modesisin setting up the hardware and software to doits job, and getting the radio on
frequency. The programs then communicae by sending and receving signals at predsely
determined times and frequencies, and the information receved appeas on your computer
screen.

Aswas described in the sedion above on PUA43 and the DSP-10, these modes are designed for
very wed signa communication, and wse relatively low data rates. They use narrow band
filtering to dvide the audio spedrum into many "bins. These bins are then assgned to dff erent
charaders. Both programs use fixed message lengths to permit exad timing of messages. Bob
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Larkin estimates that PUA43 may have upto a20-25 B advantage over human message
deooding using the Morse ade, and Joe Taylor estimates a14 B advantage for JT44. Both
PUA43 and JT44 use the same charader set described above for PUA43. They differ in that
JT44 uses one aditional tone frequency to provide frequency and time synchronization for the
communicaing stations. Whereas PUA43 achieves g/nchronization by means of speaally
designed hardware (the DSP-10) which al ows for more dficient message encoding, thisis at the
expense of lossof applicability to awider range of hardware. JT44 hasin avery short time (I
write thisin August, 2002 become quite popuar for 144MHz EME work becaise of thiswide
applicability, andits effediveness Esentidly the trade-off between PUA43 and JT44is
between gredest recave dficiency onthe one hand and significantly relaxed frequency and time
synchronization requirements onthe other.

Ead JT44 transmisson lasts approximately 25.08semnds, rather than 60secmnds asin PUA43,
Eadc 25second JT44 transmit period contains 135intervals of data. 69 d these intervals contain
only the synchronizing tone (1270.5Hz), and the other 66 contain the encoded data. The
synchronizing and detaintervals are interleaved in a pseudo-randam pattern such that the auto-
correlation function d this pattern has alarge spike & corred alignment of frequency andtime,
and very small values elsewhere. This property of the auto-correlationfunctioniswhy JT44
stations can achieve dignment with ead ather withou the nead for special hardware. At the time
| write this, JT44 will work with frequency errors of +/- 600Hz or less and clock errors of -2 to
+4 seconds, acording to K1JT. The asymmetric range is appropriate for EME because of the
EME roundrip delay. JT44 message lengths are fixed at 22 charaders.

Aswith PUA43, sub-audible EME QSO's have been completed using JT44. In my first 24 hous
of playing with 144MHz JT44 EME, under terrible condtions where the only stations | could
adualy hea were W5UN and KB8RQ, | was able to complete QSO's with 5small er stations
using JT44. My computer clock was controll ed via one of the US government atomic dock
Internet sites viathe program AbouTime (Dimension 4is ancther good ore). The transcever
used wasa Yaesu FT1000MP Mk V, with an S Eledronics LT2S MKk Il transverter. | was
using abou 800-1000watts output to my 2 X 2 array.

Figure 10isascreen shot of WSJT in JT44 mode obtained when | was receving RU1AA cdling
CQwithJT440n144MHz EME.

How do JT44 and PUA43 compare in performance? Bob Larkin has dore anice analysis of this
which | will summarize here. Basicdly, when PUA43isused in 14charader-message mode, it
spends more than 3times as long transmitting eat charader during ead minute of transmisson
asdoes JT44. Thistrandatesto a2.7 B signal-to-noise advantage for PUA43. PUA43 bin
widthsare 2.3, 4.7 and 9.4Hz while JT44 has afixed bin width of 5.4Hz. ThethreePUA43 bin
widths have respedive alvantages relativeto JT44 of 1.8 B, 0.3 B, and-1.2 dB. Thusthe
largest advantage PUA43 might be expeded to have over JT44 would be onthe order of 4.5 iB.
This represents a power ratio of 2.8,and so it would take (2.8x 2.8) = 8 times as long to achieve
agiven signa-to-noise ratio with JT44 compared with the time required with PUA43 when these
parameters are used. This advantage for PUA43is gained at the expense of many fewer stations
having the capabiliti es of doing PUA43, asit requiresthe DSR10 herdware. Additionally, JT44
can hand e two charader repeaed messages sich as ' ROROROROROQO' as two rather than 22
charader messages, and this would improve the JT44 signal-to-noise ratio by 5.2 dB. JT44 will
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aso integrate the last four charaders of amessage, so that if these aeidenticd an improvement
of 3 dB isobtained. Thus under these drcumstances JT-44 could ouperform PUA43.

Joe Taylor's WSJT websiteis at http://pulsar.princeton edw/~joe/K1JT/ . There ae other JT44
resources onthe web at http://www.qsl.net/wb5apd/JT44-eme.html and http://www.chris.org/cgi-
bin/JT44talk and http://www.gsl.net/w8wn/hscw/papers/hot_news.html and

http://www.qdl .net/w3sz/JT44.htm .

WSJT will sooninclude atest mode that is very similar to the DSR-10s EME -2 Mode.
VI.  Summary

For further information onDSPtedhniques for we&k signal use refer to the links provided in this
brief article, or refer to the links given onthe web page v3szstart.htme included onthe CD
distributed in conjunction with this conference
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Figure 1. Linrad screen showing a 16 kHz portion of the 2 meter band asreceved by me
duringthe ARRL 2001EME Contest. On thewaterfall display at thetop of the screen you
can seeamong the many birdies | have at my location, at least 12 vertical dashed lines; each
one of theseisan EME station's sgnal asrecaved by Linrad, SM5BSZ's Sftware recever
at W3SZ. At 25413Hz is GORUZ, whom | was wor king when this <reen shot was obtained.
The broader horizontal bands acrossthe waterfall represent my signal overloading the
recaver when | transmitted.
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Figure 2. The screen above didn©t do very well in thetransition from bmp to jpdiletype,
but you can seethe esentials of a DSP-Blaster screen captured as | waslisteningto F3VS
off themoon. Acrossthetop istheblock diagram of the signal path in software. You put
the mouse over a block and click to seled it and adjust its parameters. Herel havethe
LM S Noise Reduction and the Coherent BandPassFilter activated. The drcular displayis
of F3VSOs sgnal in binaural mode, the ©pseudsiereo© mentioned in thetext.Thetext in
the canter isto set certain parameters, activate TSR mode, etc. The designationsM1-M9
are to save user-defined filter combinationsfor future use. On the bottom left isa spedral
display, with yellow real-time and blue averaged. On the right isatime domain real-time
display. The red vertical bar in the center isalevel indicator, and indicatesthat F3VS has
saturated the system.
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Figure 3. Thisisa schematic of thefront-end | usewith the Linrad software recdver. Itis

a simple mnfiguration, but workswell for me. The combination of thisfront-end and
Linrad outperformsthe amnventional recever combinations | havetried.
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Figure 4. ThisisLeif SM5BSZ's block diagram of the Linrad Linux PC Recaver. Blue

signal paths are time domain signals and red signal paths are frequency domain signals.

Green signal pathsrepresent power vs. frequency displays, and black signal paths
represent control pathways.
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Figure 5. Linrad screen taken during ARRL EME contest. KB8RQ isat 27000Hz. You
can seehis ggnal as a series of vertical dashes beneath the green cursor on the upper full-
width waterfall and main spedrum displays at the top of the screen, and above the vertical
yellow cursor, aligned with the vertical grayish cursor on the high resolution display in the
center of the screen below these displays. It isalso visible caentered within the yellow filter
outlinein the baseband display, to the right of the high resolution display bottom of the
screen, abovethe AFC window. Further details of thedisplay are given in the text.
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Figure 6. Linrad screen receiving Dave W5UN'SsEME signal at 21672Hz. You can see
Dave's sgnal beneath the cursor in the waterfall, main spedrum, high resolution spedrum,
and baseband spedrum displays. In the baseband spedrum display you can seehiskeying
sidebandswithin theyellow filter curve. Tothe right of the high resolution display the
polarity display showsthat Linrad isautomatically controlli ng the polarization angle of the
received signals and that Dave's polarization asrecaved isnearly vertical, at 83 degrees.
Additional detailsare given in thetext.
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Figure 7 showsa Linrad screen with the homebrew recaver and Linrad being used asthe
|F for a 2304MHz recaver, monitoring the W3CCX 13cm beacon. Thefrequency
instability of the beacon asreceaved over this path is demonstrated nicdy with the waterfall
and main spedrum displays zoomed to show just 3 kHz of spedrum. Thereisa
polarization angle of zero and only a green spedrum on the high resolution display because
thereisjust one receve channel used on thisband (horizontal polarization).
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Figure 8. DSP-10screen showing the W3CCX 2 meter beacon. Acrossthetop of the screen isthe
spedrum display. Labelson the spedrum include reative signal strength in dB (shown vertically
on theleft of the spedrum display), and frequency (shown horizontally along the bottom of the
spedrum). Baselinelevel (-5dB) is iown at the upper right corner of the display. The W3CCX
signal peak iseasily seen at 600Hz. Below the spedrum display the waterfall showsatracing of
the beacon signal overtime. Totheleft of thewaterfall isthetime axislabel. Below the waterfall
isadisplay showing the signal levelsrelativeto saturation in the A/D and D/A converters. At the
lower right corner of the display, adjacent to the D/A Level Meter, isthe current average receved
power level. Totheleft of the spearum display are displays of some DSP-10 qerating
parameters. We @n seethat we are in receive mode, that the VFO is st to 144.28407MHz, and
that thesignal peak hasalevel of -104.6dBm and is centered at 600Hz. Next are indicators of the
settings for display contrast and brightness mic gain, CW spedl, transmit power, and mode (CW).
Themode display aso tellsusthat the CW frequency offset is &t to 600Hz. Then we seethat
RIT, Audio Filter, and Denociser are off, and that the binaural delay is %t at 1024. Next we seethat
6 signals are averaged for each spedrum display and waterfall li ne, and that a Hamming
windowing function isbeing used. Thevaluesfor audio gan, RF gain, AGC, and automatic
display (esentially AGC for the spedrum display) are shown next. At the very bottom of the
display on the left we seethe date and time and a line containing 3numbers siowing the status of
the serial port and the FFT scale factor.
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Figure 9. Thisisa screen taken with DSP-10running in mode EME-2. Transmit power is
150watts. Theyelow-linespedrum tracing a thetop of the screen shows a clearly defined
echo from thislow power EME signal. No signal isapparent in the single-signal spedrum
shown in whiteimmediately below the averaged yell ow-line spedrum. Labelson the
frequency spedrum include relative signal strength in dB, vertically on theleft of the
spedrum and frequency horizontally along the bottom of the spedrum. Baseline level
(8dB) and bin width in Hz (2.3) are shown at the upper right display corner. Below the
spedrum display the waterfall showsintermittently a barely visiblesignal. Totheleft of
thewaterfall isthetimeaxislabel. Tothe right isthe*“Alt-A” parameter box. It shows
that 144 points have been averaged and that this hasimproved signal-to-noise ratio by 10.8
dB. 29K isindicated to betheassumed noisetemperature. The S+N/N ratio of the center
bin is0.954, ad the bin is centered at 323Hz. Center bin signal strength is estimated to be
-176.4dBm. Next the S+N/N ratios of the 10bins above and below the center frequency bin
are shown. Wethen seethat EME Doppler Correction isturned on, asisrandom frequency
spread, (43Hz). Totheleft of the spedrum display we that we have set the VFO to
144.105.000MHz, but that 144.104.762s the actual receved frequency dueto the off sets
associated with Doppler Correction and frequency stir. Setup parametersfor the DSP-10
transmitter are then listed. These are labeled and self-explanatory. Below the waterfall the
EME Doppler correction parameters are displayed.
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Figure 10. JT44 screen of RU1AA being received on 144MHz EME by W3SZ. You can
seethat thereisimmediately perfect copy of RU1AA by JT44. Unfortunately, RULIAA
couldn't copy me. Thedisplay isvery well designed. It consists of a waterfall graph at the
upper left of the screen and a SurnyM oon/Sky data box at the upper right. Below thison the
left isthe decoded text box, and below thisisthe averagetext box. These boxesare where
you seethe perfed copy “CQ RU1AA CQ RU1AA”. Below thisare variousfunction and
parameter boxes. Download the WSJT User's Guide and Reference Manual from K1JT's
website for further information (http://pulsar.princeton.edu/% 7Ejoe/K 1JT/).
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