A User'sView of the DSP-10: Bob Larkin W7PUA'’s Innovative 144MHz DSP Transcaver
--by Roger Rehr, W3Sz

|. Overview

The DSR-10isadedicaed 2-meter amateur radio Weak signal' multimode transcever designed
by Bob Larkin, W7PUA. Bob's description d this hardware/software cmbination and the
schematic diagrams and ndes necessary to buld it from scratch were mntained in QST
magazine for September, October, and November, 1999 This 'software defined radio’ is more
than asignal processor. It provides nat only signal processng, and the traditional CW, SB, and
FM modes, but also entirely new digital modes of communicaion wsing long-term integration
and FSK tedhniques that al ow communicaions at signal levels that would be impaossbly low
with standard techniques. The DSP-10is different from Linrad? 3, Spedran, Hamview, DSP
Blaster, and cher 'familiar' signal processng software in several ways®. First, the DSR10isa
complete transceiver, with al the hardware necessary to recave and generate signalsin the 144
MHz Amateur band. Secondy, the DSR10 wses an Analog Devices EZ-Kit Liteto dothe DSP
processng rather than a soundcard; it connects to a PC via aserial port and just makes use of the
PC for control and dsplay; the EZ-Kit Lite does all of the computational chores.

The DSP-10 software @an also be used withou the RF hardware, as an audio DSP processor,
using just the Analog Devices EZ-Kit Lite evaluation baard (see below). Or, it can be used with
an external homebrew front-end, functioning as the final IF of ahomebrew receiver. | have done
thisat W3SZ with just a oupde of TUF-1H’s and computer-controll ed oscill ators to make avery
nicerecever that covers from below the AM Broadcast band to the 432MHz band. The
hardware | used with the DSR10 software in this manner was very similar to what | use with
Linrad®.

Il . DSP-10 Display and Software Features

Whether used with or withou the DSR 10 RF hardware, Bob's DSP-10 software has an excdlent
waterfall display with adjustable gain, adjustable baseline, and adjustable signal averaging (see
Figure 1). The palette of waterfall colors can be adjusted as well, bu unlike the other parameters
discussed here, which can be dhanged onthe fly whil e operating by typing a few keystrokes,
changing the pal ette requires changing the cnfigurationfile. The visualized bandwidth can be
set to 1200, 2400 104800Hz. The DSR10 software has an excdl ent spectral display, also with
adjustable gain, adjustabl e baseli ne, adjustable signal averaging, and 1200,24000r 4800Hz
visualized bandwidth. In Figure 1 you can see the spedral display at the top right of the display,
with the waterfall display below. These displays share the same frequency cdibration. At the
time this sigpshot was taken, the DSP-10 was receiving a CW beacon at 144.284070MHz. You
can seethat the spedra width of the display is 2400 Hz for this example, and that the beaonis
abou 40 B abovethe noisefloor. Although the spedral scaleis st for 10 dB per division here,
thiscan be dhanged to 5,2, or 1 dB per divisionif desired. You can see acursor at thetop d the
signal peak produced by the beamn. This cursor automaticdly foll ows the maximum signal
deteded within the display range, and the level of this sgnal isdisplayed as'Signal Level’ in
dBm just beneah the main frequency readou and the horizontal bar graph of signal strength on
the upper left portion d the screen. Beneath the 'Signa Level' indicaionis the frequency of the
automaticdly deteded peak signal, in Hz. Thisvalue crrespondsto the frequency calibration
markers for the spectral and waterfall displays. Below the waterfall display are indicaors for the
relative signal levels of both the A/D and the D/A conwverters, and at the lower right corner onthe
same line the signal strength displayed (35.32dB) represents the average power level of the
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spedral display. This bottom line of the display can be changed to show the DSPstatus data,
Moon dita (Azimuth, Elevation, Dopger shift, and relative signal level), Sun data (Azimuth and
Elevation), or left blank if desired. On the left of the screen, below the frequency readou and
signal level indicators are some of the user-defined parameters, which can be set as noted above
with various keystroke combinations which are for the most part intuitive and easily learned. In
addition, a ommand summary shed is avail able from W7CQ and KO7N’ s website &
http://home.teleport.com/~oldaker/dsp10 repaository.htm. These user-adjustable parameters
include the contrast and krightnessof the waterfall display, microphore gain, CW spedl (for
transmit only), transmit power, and mode. When the mode is CW, the first number displayed to
the right of ©Mode® represents the anplitude of the CW sidetone, and the second number
represents the frequency of the CW offset. The frequency of the CW sidetone tradks the
frequency of the CW offset. Modes currently implemented include CW, SSB (USB and LSB),
FM, and four ©new®© modes LHL7, PUA43,EMEZ2, and LTI that will be discussed in asedion
below. Below this are the values of the RIT, adesignation d what audio filter is ®leded, the
status of the LM S denaiser, and the status of the binaural delay. The DSR100s DSPaudio
processng provides 200, 300and 450Hz bandwidth filters at center frequency of 600Hz, a 600
Hz bandwidth filter at center frequency of 700Hz, and a 300Hz bandwidth filter at a center
frequency of 800Hz. In additionthere ae asin(f)/f matched filter for 12 wpm CW, two SSB
filters (250to 2500Hz and 200to 2900Hz), and a design-your-own filter too. The LMS noise
reduction can be activated and its adaptation gain adjusted with a cupe of keystrokes. The
decy rate andthe delay line length, which are less likely to need adjustment, are adjustable from
within the cnfiguration file. The LMS auto-notch can be adivated or defeaed with afew
keystrokes. Unfortunately the automatic notch filter frequency is not manually adjustable, so it
will very effedively eliminate the desired CW signals when adivated. The final parameter
displaysin this reen column are for the number of spedral averages per displayed pant, the
type of windowing function (none, Tukey25, Hamming, or BH-92), AF and RF receive gain,
ACG status and level, and Automatic Display Corredion (essentially AGC for the waterfall
display). Much more information regarding the capabiliti es and operation o the DSR-10
software is avail able from Bob Larkin©s wiesite, the URL of which is given below. Onceon that
web page, go to the sediontitled “Version 30 Software” and click onthe “User’s Manua” link
for thisinformation.

[l . Getting Started

The DSR10 softwareis free ad can be downloaded from Bob Larkin©s web site &
http://www.proaxis.com/~bold ark/dsp10.Hm. Asthisiswritten, the aurrrent version d the
software is 3.0. It runsonly under true DOS mode and daes not runin aDOS Window. Bob's
web site has awedth o information regarding the DSP-10including but not limited to pd file
copies of the original QST articles, alink to the Analog Devices web page (they make the EZ-Kit
Lite andit can be purchased from their website), a parts li st that makes ordering the parts for the
projed asimple matter, an assembly manual with numerous helpful hints, the most recent
version d the software, corredions and improvements to previous documents, and links to web
pages with diagnostics ©ftware and hintson hav to get the DSP-10 upand running in best form.
Boband KD7TS have adso paceal an excdlent user’s manual for Version 30 of the software at
http://members.ispwest.com/kd7ts/'ver3/Man2.itiml. Although | built my first DSR10 by
individually ordering parts based uponthe information onBob©s website and foundaiing so to
be straightforward, | subsequently purchased two DSP-10 kits from TAPR (http://www.tapr.org).
TAPR has periodicdly made kits avail able with all partsincluded except for the EZ-Kit Lite, and
this further simplifies the parts procurement processand reduces costs thru econamies of scale.




Chedk their website for detail s on the next kit run. Unfortunately, the EZ-Kit Lite, originally
Anaog Devices Part ADDS-21XX-EZLITE, isnow part number ADDS-2181-EZLITE, andthe
pricehasrisen severa fold. | purchased mine from Newark Eledronicsin 1999and then again
in ealy 2001,when the pricewas $94.70. As of 02/15/2003the board can be purchased drectly
from Analog Devices for $245.00 pus sipping, or from Newark Eledronics for $346.95 jpus
shipping, as well asfrom other vendas. Recently several amateur-designed alternatives to the
EZ-Kit Lite have begunto surface. Peter Rhodes, G3XJP, has designed the PIC-A-STAR, which
isan HF transcaver based onthe EZ-Kit Lite. Asapart of this project he has designed and bult
a homebrew replacement for the EZ-Kit Lite that would be suitable for use with the DSP-10with
afew changes to the DSP-10 software. Bob Larkin has indicaed that he plans to make the
necessary software dhanges, and Bob does not anticipate aty problems with this approad.
Peter©s PIGA-STAR design hes been runring in RadCom for the last 7 months’, and is about 1/3
of the way through, acording to Peter. The article includes the PCB artwork, comporents li sts,
schematics, etc., aswell as adescription o how to complete the construction with just ©domestic
Kitchen resources©, as Peter putsit.Lyle Johrson, KK 7P, is aso putting together aDSPmodue
that may replace the EZ-Kit Lite. Detailswill be on Hisweb page’. Finally, DH6IAL and
DCOUP are dso working ona substitute for the EZ-Kit Lite. They will post an annourcement to
the DSRP-10 maili ng list when detail s are finalized. Details sroud also appea onthe webpage
http://www.walter-schroee.de.

Setting up the audio version d the DSP-10, withou the RF hardware, is a pieceof ca&ke. You
just plug the audio output of your rig into the inpu of the EZLITE, plug your headphoresinto
the output of the EZLITE, conred a seria cable from your computer to the EZLITE, andfire up
the software. It's just as easy asthisif you are using your own external RF front-end instead of a
commercia rig. Building the complete DSR10 computer-controlled 144MHz transcaver as
described in the September, October, and November 1999isaues of QST takes sme time but it
isnat difficult, although the design does make use of surface mourt techndogy. | built aDSP
10 144MHz transcever in ealy 2000and have foundit to be superb as a microwave IF. The
abili ty to spot those week signals that are up to 4 kHz off frequency at 2304 MHz and abowveis
criticd in the microwave contests, and this radio really does that superbly. | have dso used the
DSP10 144MHz transceiver as a144MHz we&k signal recaver, and | have used it on 144
MHz EME. For weak signal 144MHz terrestrial usein anaisy urban locaionits smewhat
limited dynamic rangeis at times problematic, asit can be overloaded when there are strong
locd signalspresent. The ARRL lab rated itsIP3 at -21 dBm. The limitationin dynamic range
is| think probably areflection d the limited dynamic range of the EZLITE. The EZLITE is
based onthe ADSP-2100 Series of DSPMicrocomputers. These are 16 kit fixed-point
procesrs, and the Codec used in the EZLITE isthe AD1847which has probably just 12-13 hts
of usable dynamic range dthowgh it isa 16 Lt device | believe the dynamic range limitationis
in these omporents and nd in the analog RF front end. The DSR10 uses aMAR-6 as thefirst
RF amplifier, and this device has an IP3 of +14dBm. Although it isfollowed by aMAR-3
before the first TUF-1 Mixer andthe aystal filter, | don't think these analog components are the
fador limiti ng dynamic range.

V. DSP-10Hardware

The DSR-10 144MHz transcaver hardware is described in detail inthe original QST articles.
Thisinformationis also avail able on Bob Larkin©s web site and also onthe CD that is a part of
the ARRL publication Experimental Methods in RF Design®. Thetext of the latter pulicaion
discusses in some detail the rudiments of the DSP-10 software, aswell. The basic hardware
design isthat of adua conversionreceiver, with thefirst LO at 124.3to 128.4 MHz, giving a
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first IF of 19.665MHz, andthe secondLO at 19.680MHz, giving aseand IF of 15 KHz which
isthen couded to the EZ-Kit Lite for DSPsignal processng. Coarse 5 KHz tuning steps are
provided by the first LO synthesizer, and fine 1 Hz steps are provided by the DSPsoftware. The
DSPsoftware uses quadrature mixing for S=B and an arc tangent detector for FM. The DSR-10
communicaes with the DOS RC via aseria port operating at 9600 laud.

The signal path from the aatenna and a block diagram of the hardware are shown in Figure 2.
Thereceved signal coming from the antenna sees a PIN diode T/R switch, and then 2143149
MHz bandpessfilter. RF amplificaionisthen provided by MAR-6 and MAR-3 MMICOs, as
noted above. Ancther PIN diode T/R switch is then foll owed by a Cohntype 143-149MHz
bandpessfilter. Thisisfollowed by the TUF-1 first mixer, which isin turn followed by afour-
pole 19.665MHz crystal filter and then the second mixer, alsoaTUF-1. Thisisfollowed by a
low-passfilter with a autoff of around 28KHz, and then alow noise anplifier before the signal
is ent to the EZ-Kit Lite. All further processng occurs onthis DSPboard.

For transmit, the signal path is esentially reversed. The EZ-Kit Lite generatesthe signal at a
frequency of 15 KHz. Thisisthen amplified and after passng through a T/R switch is mixed
with the second LO at the second mixer to generate a19.665MHz signal, which passes through
the four-poe 19.665crysta filter andis converted to 144MHz at the first mixer. The transmit
signal isthen passed through the Cohn tandpassfilter, amplified by aMAR-6 and then aMAR-4
andthen a2N51009. It isfinally low-passfiltered, and then passes thru the T/R switch adjacent to
the antenna wnredor.

The DSR-10 144MHz Transceiver requires 13.6V at 0.75A maximum (operating voltage range
iIs10.616V). It covers 144148 MHz. Thereceiver noise floor as measured by the ARRL lab
with 450Hz filter is-136.8 dm. The second-order intercept point with 66and 72MHz inpus
iIs+69 dBm. The third-order intercept point (1P3), as nated abowe, is-21dBm. IF rgectionis
127 B, andimagergectionis 125 dB. Maximum output power is40mW. These and aher
spedficaions are given in the final DSR-10 QST article from November, 1999. The June, 2000
issue of QST contains another article by W7PUA describing the cnstruction d an amplifier that
increases the power of the DSR10to 8watts™.

V. Practical Experience with the DSP-10

Before describing the very original and urique automated detedion and decoding features of the
DSR101'd like to share my experiences using it for CW operation duing the September 2000
Italian EME Contest. The equipment setup | used for these tests was as follows. The antenna
systemwas a2 x 2 stadk of M2 2MXP200s with separate receive lines for Horizontal and Verticd
Polarity. There were dual ARR 144 MHz preanps on the tower, close to the power dividers.

The feed lines (LMR600UF to the bottom of the tower, and then 7/8 inch hardline to the
operating paosition) were anneded to an EME grade relay in the shadk so | could switch pdarity
with aflick of aswitch, or monitor both H and V on two dfferent receivers. For the receiver
comparisontesting | kept thisrelay in pace, and hooked atwo way power divider after it to split
the receive signal into two paths, ore path to the S Eledronics LT2S Mk Il / K2 combination,
and oreto the RF version d the DSR-10. Because | have more than 20dB of preamp gain on
the tower, and significantly lessfeedline lossthan this, this sgnal splitti ng didn©t produce any
naoticedle signal degradation. | had the audio from both combinations fed into a professonal
audio mixer (Sampson) with good RF shielding, and then fed the output from the mixer into a
computer running DSPBlaster, diredly to ancther set of headphanes, and also to another
computer running Spedran for visual assesanent of the recaived signal (spedrum and waterfall
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What | found diring the Italian EME contest was that | foundstations more eaily and | found

li stening to them and copying them more comfortable onthe DSP-10 hardware than with my
SB EledronicsLT2S Mk |1 / Eleaaft K2 combination, whether | was running the LT2S/K2
with noDSP, with DSRblaster, with the AUDIO version d DSP-10, a with Spedran. | think
thisrelates primarily to the fad that the implementation d binaural receve onthe DSR10is
superb. Therewere signas | essntially couldn©t appredate with the binaural mode deactivated
onthe DSP-10, that just popped ou of the badkground nase when | turned it on (I normally run
with it on,and turned it off just to try to figure out why the DSP-10 receiver seemed so ©hat©, so
what adually happened was that signals that were eay copy became lost in the mud when |
turned off the binaural). Also, the quality of the signal when received through the DSR10 144
MHz transcaver just seems better than when the audio DSP-10is tadked onto the end d the
audio chain after the Eleaaft K2. Thirdly, the very slow tuning rate of the DSR10(10Hz at a
time by keystroke, na with an infinitesimal rotation d aknob) was ared advantage with the
week signals, espedally sincethey could be seen onthe display and ©daled in© using the
computer keyboard urtil they were centered at 600Hz on the screen, right at the center of the
DSPfilter. Finaly, | think the mast mournted preamps likely eliminated any eff ect of the better
MDS the transverter/K2 combination might have compared with the DSR-10, and evened the
scoreinthisregard. | had previously compared the K2 with the IC-735as IF, and the K2 won
hands down; | think the K2 isavery, very goodIFrig, but | liked the DSR10 better during this
test.

For thefirst night of the first leg of the ARRL EME Contest 20001 had very different band
condtions than duing the Italian EME contest. For the ARRL Contest | was greded with a
noisy night with lots of pulse-type naise, ided to test the K2©s noise blanker. | also got a night
with alot of locd adivity, and this combination made some things very clea. The equipment
setup was as described for the Italian EME Contest, but because of the diff erent band condtions,
what | foundwhen | compared receivers was sgnificantly diff erent in some respeds than what |
reported for the Italian contest, when ndse and interference condtions were rather quiet. First of
all, there are some 1.5 KW stations within afew miles of me, and the DSR-10 owerloaded when
they were transmitting at times when | wasin their line of sight to the moon andit was low. In
contrast, the K2 / Transverter was really only baothered close in, frequency-wise, andthen | could
still work through the noise. Having the K2©s naise blanker on dd increase the problems with
locd QRM, asisthe cae with any noise blanker I©ve ever tried, but | could still work with the
NB on. In contrast, | just had to shut the DSR-10 dawvn when the locals were transmitting.
Seoond,with the severe pulse-type noise present here onfirst night of the first leg of the ARRL
EME Contest, the LM S noise reduction onthe DSP-10 just didn©t take out the noise sufficiently.
Thisisnaot surprising, as when the pulse noiseis very bad here, NO LM S algorithm I©ve ever
used is aufficient. It takes agood nase blanker plus LMS (or just Linrad) to dothe job! During
the periods where the pulse noise was absent, the DSR10was ajoy to use. Asl noted before, it
isvery comfortable to listen to and with the binaural implementation Bob Larkin has put into it,
it redly pullsthe signals out of the mud. During the quiet periods | redly preferred it to the
K2/Transverter combination, bu again it couldn©be used when the pulse noise or very strong
locd QRM was present.

Thirdly, | 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 runnng DSP-Blaster
was again superior, as | could either make the filter very narrow, or turn onthe adaptive notch
DSPBIlaster provides (it is VERY sharp and rarrow), or both and eliminate the off ending carrier.
The DSR-100s adaptive notch filter frequency cannat be maually adjusted, and so it removes the
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desired CW signal along with interference, making it unhelpful for this application.

Additionally, at the time of thistest the filter options of the DSP-10 were more limited than they
are now (seefilter detail s elsewherein thisarticle). | did try running one computer with the
DSP10 144MHz transcever and feading the DSP-10 recave audio to another computer running
DSP-Blaster to make use of DSP-Blaster©s adaptive notch filter. This accompli shed removal of
the birdiesas well .

Fourth, onthe VERY weak stations, it was helpful to be @leto play with the filter parameters on
DSPBlaster. | foundthat for the really wedk stations | could only copy them with the
K2/Transverter/DSPBlaster combination. With the DSP-10 software | had avail able & that
time, the canter frequency of the filter was limited to 600Hz, and the only bandwidths avail able
were 200and 450Hz. Now (2/152003 the DSR 10 software permits one to design an

additional filter, and the bandwidth and center frequency choices are expanded as noted above,
and | susped this operational superiority of the K2/transverter combination would be diminated
or at least diminished as aresult.

To summarize the use of the DSR-10 144MHz transcever for weak signal use with human
psychoamustic detedion and deaoding, it does avery goodjob for week signal work except
under condtions of high ndse and strong signal interference. It shoud be excdlent most
anywhere for use as amicrowave IF rig, andis very good on 144VIHz as a primary weak signal
transcever unlessthe environment is one of very high ndselevel or very strong local signals, or
bath. Unfortunately, thisis my current environment much of the time.

V1. ‘New' Modes Availablewith the DSP-10

What REALLY setsthe DSP-10 hardware/software combination apart from the competition are
the very innovative fhew® modes that Bob Larkin designed into the software. These
agutomated® weak signal modes are named EME -2, PUA43, LHL-7, and LTI**. By using long-
term integration techniques and rarrow bandwidths they all ow signal detedion and
communicaion at received signal levels far below those ordinarily required?. Therefore, they
provide the promise of succesful communications using power levels sgnificantly below those
previously required, or with antenna install ations taking substantially lessspacethan heretofore
required, a both. Additionally, they providetods for accurately assessng system performance,
and for exploring unique modes of propagation a marginal signal paths. These modes open upa
whole new areafor active Amateur experimentation and exploration, and provide yet ancther
arenawhere we can contribute importantly to the scientific body of knowledge.

These modes can be accompli shed only when the unit is used to communicae with ather DSR-10
units, and they place stringent requirements on frequency acaracy and stabili ty, and corred
timing. Frequency acairacy and stabili ty must be onthe order of 0.51 Hz AT THE
OPERATING FREQUENCY (which may not be 144MHz if the DSP-10isused asan IF rig)
when 2.3Hz bin sizeis seleded. Timing of the two stations must be within 50-100 milli seconds
(30 millisecondsis preferred). These requirements pretty much mandate the use of GPS
controlled oscill ators for frequency control, and GPSor other NIST-Standardized timekeeping at
bath ends of the atempted contad.

| have been succesdul using, for frequency control, either a Rb-controll ed oscill ator (Efratom
FRS) or a GPS-disciplined 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.redhamradio.com/GPS Frequency Standard.htm). These units are avail able
from Buy Legacy for $249.00as of 3/15/2003. The units are listed ontheir website with many
detail s at http://www.buylegacy.com. See Brooks website &
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http://www.rt66 .com/~shera/index_fs.htm for detailson hisfine unit. I've had goodresults with
either GPSor internet-controll ed timekeeping. If, like me, you dort have network accessonthe
DOS machine you use for DSP-10, getting the timing accuracy from the GPSor internet-
controll ed clock into the DSP-10 madhine & the 30 milli seaondlevel can be abit tedious!

The DSP-10 hes a beamn owerlay © avail able for any of its modes. Oncethe beawn overlay®
has been activated, the DSR-10will alternate between transmit and receve onaschedule that is
determined by setting .cfg fil e parameters for transmit interval, receve interval, and df set
interval. Note that using the bea®n overlay doesn't mak e senseif you are in the EME-2 mode.
The beacon overlay is very useful if two stations, for example, want to dolong-term propagation
studies over a given path at a given frequency.

The DSP-10 has a‘noise blanker' function that worksin EME-2, PUA43,and LTI modes. This

will discard the datafrom a given period if the noise in the noise-measurement bins for that
period exceals the running average of the noise by ‘x' dB.

The DSP-10 can, for experimental purposes such as testing the robustnessof the aitomated
tedhniques, generate transmit signals with knowvn amounts of Gausgan white noise alded to the
signa. Scrl-F6 pus oneinto the Setup menufor thisfeaure.

EME-2 mode is used for determining system performance and peth condtions. A typical screen
for thismode is rown in figure 2. In this mode the DSP-10 transmits a CW pulse for 2 seoonds.
Thereisadelay of 2.6 seconds from the START of the transmitted puse to alow for pulse
travel, followed by a 2 secondreceive period. (The adual pulsetravel time will vary from about
2.4semnds at perigeeto abou 2.7 seconds at apogee). The cycle then repeds (every 5 seconds)
for aslong as desired, and the DSR-10 averages the received signal to gain the ‘ square roat of n'
increase in signal-to-noise ratio oltained with n>1. An averaged spectrum is displayed in
yellow in the ‘ standard' DSP-10 spedrum display area With this technique Bob W7PUA has
deteded well defined EME edhoes at 144 MHz using 5 watts of transmit power anda4 x 12
element yagi array! EME Dopper correctionis automaticdly applied by the software. The
software can introduce arandam frequency shift with ead cycle, to minimize the dfeds of any
birdies that are present by ‘smearing' them over many bins. A maximum range of spread of 200
Hz isagoodstarting point for this parameter. The software will automatically 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 144MHz work or 2 seconds for 1296 MHz work so that the Dopder corredion
cdculations are alequate. Binwidthis st to 2.3, 4.6 09.2Hz by setting the Spedrum Analysis
Width (SpecAnl Width) parameter to 1200, 24000r 4800Hz, respedively. The EME-2 mode
will provide an estimate of the returned signal strength, andis thus an excdlent way to initially
characterize and then foll ow the performance of one's EME system over time.

The seaond 2automated mode®is PUA43, so named because Bob W7PUA creded it, and
because 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 @message received® and the Dollar sign is used to shift the
meaning of the foll owing character. This mode isthe mode generally used for two-way low
power level EME communications, andis the dired antecedent of JT44. With PUA43, message
lengths of 14 or 28 symbols can be selected. The mode transmits for one minute out of eat 2
minute transmit/receve cycle, and receves for the other minute. Each symbadl is snt for 2
semnds, so if a14 character message length is slected, the message is repeated duing the
second Helf of the minute-long transmit period, giving an immediate 1.5dB signal-to-noise
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advantage over the 28 charader-length mode. At the end d each transmit minute a4 second CW
ID isinserted. Inthis mode each charader is represented by one of 43 defined frequency bins.
Within the receved spedrum, every fourth recave bin is used for one of these 43 character
tones, with guard bins adjacent to each tone bin used to al ow for spectral broadening and
frequency errors. Noiseis estimated by measuring the level of the second-adjacent bins on either
side of each tone bin. A pseudo-randam frequency spread is again used to reducethe dfeds of
birdies. The shift for each transmit periodis taken from alookuptable that defines a value of the
shift functionfor every minute of the day. Doppler corredions can again be attomaticaly
applied, and the pulse transit delay (2.6 seandsis again used) is applied automaticdly. The
frequency accuracy of the transmit/receve system shoud be kept to within 0.5, 1.0, 02.0Hz
AT THE OPERATING FREQUENCY depending uponthe bin width, which isafunction d the
Spedrum Anaysis Width, as noted above. The software uses a message estimation algorithm to
estimate the recelved message based uponthe previously recaved data. A bladk-colored
character in amessage estimation box means the estimate has alow confidencelevel for that
character, abeige charader indicaes amedium level of confidence and a white-colored
character means a high confidencelevel has been achieved. It is possbleto 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 mwmpleted a two-
way EME contact on 144MHz using single yagis and 150watts transmitter power at each end.
Ernie W7LHL and Larry W7SZ completed an EME contad on 1296MHz with TVRO dishes
and 5watts of transmit power at each end with this mode. These same anateurs aso completed
an EME contad on 10GHz using the TVRO antennas and 5watts transmit power at W7LHL
and 15watts transmit power at W7SZ. The details of these exploits are &
http://www.proaxis.com/~bolark/wksigl.htm.

The third DSR10 automated modeis LHL-7. Thisisessentially an FSK-based Morse mde
methodwith much greaer tolerance for frequency errors than PUA43. It can be used with either
human o automatic decoding. Dots are sent at 750 Hz tone frequency, dashes at 900Hz, end o
character at 600Hz, and &imestwo® & 1050Hz, &imes three® &1200Hz, &imes four® & 1350
Hz, and&imesfive® & 1500Hz. Thus2e®would be 750Hz, 600Hz. The numera %°wou Id
be 750Hz, 1500Hz, 600Hz. Ead tone can be sent for either 2, 4, 10, 200r 60 seconds.
Automatic Morse ID can be sent periodically. Automatic Dopger correction can be gplied.
Timing requirements are relaxed slightly 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 selections avail able for this mode, and they are spelled ou very
nicdy in the file Readme201ixt, avail able on Bob W7PUA's website (listed above). Thisisthe
only DSR10 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. Thismodeisableto deted signalsin the
range of -180to -190dBm. Such signals are on the order of 30-40 dB below audibili ty with a
©norma® receiver. This mode operates much like EME with alternating transmit and receive
periods, bu the transmit and receive cycle lengths are ajustable variables, and either CW or a
continuous tone can be transmitted, with automatic CW ID possble aswell. Both frequency
randamization and automatic Dopper correctionfor EME can be used if desired. Thereisno
pradicd limit onthe number of transmit/receive cycles or signal averages that can be used, as
long as adequate frequency stability is maintained. For very weak signals the number of signal
averages can be extended into the thousands. This modeis most useful for determining path
performance between two stations, and for exploring the posshbili ty of alink between two sites
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where condtions are expeded to be & most marginal. It isan excdlent experimenta
propagational toadl.

VII. Summary

The DSP-10is an innovative ©Software Defined Radio© that functions as a Weé&igna 144MHz
Transcaver, and that can be built from scratch by Amateurs who are reasonably competent in
standard construction techniques. It can be used diredly on 144MHz, or asan IF for higher
frequency work. Although it functions very well when used with conventional modes such as
CW, SSB, and FM, its most exciting fedure is the avail abili ty of the new modes EME-2,
PUA43,LHL-7,and LTI. Through the use of long-term integration and very narrow bandwidths
these modes all ow for successul communications at receive signal levelsfar below those
required for communications using conventional techniques. With alarge number of DSP-100s
coming online & aresult of severa very successul kitting projeds by TAPR, there shoud be
ample oppatunity for Amateurs to communicae and experiment using this unique and pawverful
transcaver designed by Bob Larkin, W7PUA.
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Figure 1. DSP-10 screen showing the W3CCX 2 meter beacon. Acrossthetop of the screen isthe
spedrum display. Labelson the spectrum includerelative signal strength in dB (shown vertically
on theleft of the spectrum display), and frequency (shown horizontally along the bottom of the
spedrum). Baselinelevel (-5 dB) isshown at the upper right corner of thedisplay. The W3CCX
signal peak iseasily seen at 600Hz. Below the spectrum display the waterfall shows a tracing of the
beacon signal overtime. Totheleft of thewaterfall isthetime axislabel. Below thewaterfall isa
display 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 aurrent average received power
level. Totheleft of the spedrum display are displays of some DSP-10 gperating parameters. We
can seethat we arein recave mode, that the VFO is st to 14428400 MHz, and that thesignal
peak has alevel of -104.6dBm and iscentered at 600 Hz. Next are indicator s of the settings for
display contrast and brightness, mic gain, CW speed, transmit power, and mode (CW). The mode
display also tellsusthat the CW frequency offset isset to 600 Hz. Then we seethat RIT, Audio
Filter, and Denoiser are off, and that the binaural delay is st at 1024. Next we seethat 6 signals
are averaged for each spectrum display and waterfall li ne, and that a Hamming windowing
function isbeing used. Thevaluesfor audio gain, RF gain, AGC, and automatic display (essentially
AGC for the spectrum display) are shown next. At thevery bottom of the display on theleft we see
the date and time and a line containing 3numbers sowing the status of the serial port and the FFT
scalefactor.
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Figure 2. Thisisablock diagram of Bob Larkin W7PUA©s DSP10 144 MHz Transcever
hardware. Seethetext and referencesfor details.
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Figure 3. Thisisa screen taken with DSP-10running in mode EME-2. Transmit power is
150watts. Theyelow-line spedrum tracing a thetop of the screen shows a clearly defined
edho from thislow power EME signal. No signal isapparent in the single-signal spedrum
shown in whiteimmediately below the averaged yellow-line spedrum. Labelson the
frequency spedrum include rdative signal strength in dB, vertically on theleft of the
spedrum and frequency horizontally along the bottom of the spedrum. Baselinelevel
(8dB) and bin width in Hz (2.3) are shown at the upper right display corner. Below the
spedrum display the waterfall showsintermittently abarely visiblesignal. Totheleft of
thewaterfall isthetime axislabel. Tothe rightisthe®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+tN/N ratio of the center
bin is0.954,and the bin iscentered at 323Hz. Center bin signal strength is estimated to be
-176.4dBm. Next the S+N/N ratios of the 10 bins above and below the center frequency bin
are shown. Wethen seethat EME Doppler Correction isturned on, asisrandom frequency
spread, (42Hz). Totheleft of the spedrum display we that we have set the VFO to
144.105.000M Hz, but that 144.104.762sthe actual received frequency dueto the off sets
associated with Doppler Corr ection and frequency stir. Setup parametersfor the DSP-10
transmitter are then listed. These are labeled and self-explanatory. Below the waterfall the
EME Doppler corr ection parameters are displayed.
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