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WinDRM was developed by Cesco, I_—IB9TLK_ from a relatively newaboast

standard called Digital Radio Mondiale (DRM) and itjgea source
encoder/decoder named Dreanmtt://drm.sourceforge.ngt/ DRM is based on a proven
data communications technology called Coded Orthogonaquency Division
Multiplexing (COFDM) with Quadrature Amplitude Modulation A®1). COFDM uses
many parallel narrow band sub-carriers instead of justsorgde wide band carrier for
transporting the data. As a result, WinDRM provides féinient and robust method to
exchange information over HF including Digital Voice. WinlARitilizes Forward Error
Correction (FEC) and an Automatic-Repeat-Request (ARQJenio ensure error free
data transfers. WinDRM runs efficiently under Windows afieg system 2000 and XP.
No modifications are required for modern SSB HF handceivers. Current releases of
WIinDRM software may be found atvww.nlsu.com/windrm  Other digital HF
data/picture transfer software suchDagtrx, EasyPal andHamPALshare the same core
ham-DRM standard and therefore are compatible with WinDRWINnDRM is not
compatible with AOR’s ARD 9000/9800 fast radio modem.

The WIinDRM GUI (graphic user interfage

5 “State” Radio Buttons - (enabled under program codtrahg receive ) as follows:

Input/Output

IO — Enabled: Sound card is linked and passing data to the proce8dsabled:
Indicates sound card is not compatible and/or PC’s procestoo slow. If not enabled,
WinDRM will not decode data. Note: IO should always balded during receivand
transmit.


http://www.n1su.com/windrm
http://drm.sourceforge.net/
http://www.n1su.com/windrm

Frequency Acquisition

Freq — Enabled: The three FAC reference carriers/pilots (Bdrigntensity vertical lines
in the waterfall displays) have been found. Theseetaie with the DC Offset frequency
(normally 350Hz) which is graphically shown as a blue vattioe.

Time Synchronization Acquisition

Time — Enabled: Timing acquisition is done. This indicatessdeach for the beginning
of the OFDM symbol has been completed. Disabled: No sgndation, (usually
caused by poor SNR) distortion of the transmitted signdloainmeceive band pass is too
narrow. Note: False indications (flickering) can be caused by AW@Nnospheric
noise) and generally, may be ignored.

Frame Synchronization

Frame - Enabled: Frame synchronization is completed and #r¢ st a DRM frame
(400ms) has been found. The Receiver is in synchronizaitbrthe transmitting station.
Disabled: Lost frequency synchronization due to poor SNéhange in frequency (avoid
“tuning” once in sync). Note: False indications (flickering) can be caused by AWGN
(atmospheric noise) and generally, may be ignored.

Fast Access Channel

FAC - Enabled: Receiver is in the tracking mode, has receaegbod Cyclic
Redundancy Check (8-bit CRC) and is in synchronization thghNinDRM transmitting
station. FAC is a separate logical channel and modugitedd-Amplitude Quadrature
Modulation (4QAM). FAC provides bandwidth spectrum occupai2c$/2.5khz), call
sign and other DRM transmit parameters for the WinDRIgeiver. Time, Frame and
FAC always precede (must be enabled) MSC channel datsablBd: Caused by lost
sync, failed CRC, QRM, change in frequency and/or distoof the transmitted signal.
FAC provides the data for the receiving WinDRM stationdb isup to automatically
receive data for file transfer or digital voice (mbervention required by the receive end
operator).

Main Service Channel

MSC - Enabled: Indicates actual audio and data bits are beiogded for voice, text
message and/or images. MSC may be modulated using 4QAM, 1GAMIQAM (see
DRM TX settings). 4QAM is unique to WinDRM (DRM uses 1&de64QAM in the
MSC). The larger the QAM rate the higher spectralcifficy but with lower
performance (less robust in presence of errors caused by p@pagation or
QRM/QRN). Robustness is improved through interleavinthefMSC symbols. This
provides time diversity so that a burst of errors iag@racross up to several frames
minimizing the destructive effects on the received .datake FAC, MSC enabled
indicates the Cyclic Redundancy Check (CRC) has been atdaiged and good data
has been received (Info’'s data for MSC will incremerterathe CRC has been
computed). Disabled: Disruptions (dropouts), text messageraeeived, or missed
block/segment/packet image data. QRM/QSB/QRN and weaklsigan cause MSC to
fail or “flicker” during reception. A minimum SNR of 7dB gerally ensures MSC will
remain enabled. Note: All these radio buttons must babled (from decoded



transmitted data) before the file/picture or voice dath be received. Refer to
WinDRM'’s technical specs abttp://www.gslnet.de/member/hb9tlk/drm_h.html

Files: (download fromwww.n1su.com/windrmyj
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The .wav files must be created using Digtrx or simgewgram. For docs on how to
create these files, go tdtp://www.kiva.net/~djones/index.htmNote: These wave files
are not necessary to execute/use WinDRM. WINnDRM stidesgpictures with errors in
the Corrupt folder. Good, error free Files/pictures atored in the Pictures folder.
Mixer.bin contains data for the sound card’s mixer settingettings.txt file stores user
settings such as com port, call sign, etc. Uses/filetures to be sent may be stored in
any directory for transmission, but are normally keghe WIinDRM directory for quick
access. Note: Digtrx creates 16bit 8000Hz sample rate fase WInDRM requires
16 bit 48000Hz wave file format. Use a freeware program lkedacity

(http://audacity.sourceforge.netto convert the wave files from 8000Hz to 48000Hz
mono.

Other files are created by WinDRM include:
bsr.bin

bsr0.bin

bsrreq.bin

bsrreq0.bin

RX_Log.txt


http://www.qslnet.de/member/hb9tlk/drm_h.html
http://www.n1su.com/windrm/
http://www.kiva.net/djones/index.htm
http://audacity.sourceforge.net/

Known specs and definitions:
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TX Data rate

MSC transmit data rate in bits-per-second (bps) is shawthe SNR box when
transmitting. For the DRM TX “Default” setting this 2617bps. The Mode box will
display B/S/16/0/2.5 for this setting (see “Mode” for explaon of this data). The
CODECs (Linear Predictive Coding, SPEEX and Mixed-ExfoitaLinear Predictive)
require at least 2400bps. For data, WinDRM offers a “Spewdie at a higher bit rate
of 4362bps and a “Robust” slower bit rate mode of 997bpschBgging these DRM TX
settings, the MSC protection, Coding, Bandwidth, and leaee may be carefully chosen
to match the transceiver filters and current band ¢tiomdi For HF, a good starting point
is the default TX DRM setting. For poor band conditidngthe robust mode. Refer to
the specs found atitp://www.gslnet.de/member/hb9tlk/drm_h.html

Modulation and Forward Error Correction

Carriers are modulated using 4QAM, 16 or 64 in the MSC. TARI Qonstellation size
is selected by the user under the DRM TX settings.M@4s set by WinDRM for FAC
since it is the most robust. OFDM/QAM modulated casrigvould appear to be
overlapping within their spectrum. However, once theysgreehronized at the receiver,
they no longer over lap (now orthogonal/unique) andtban be demodulated. QAM
has both fixed amplitude and phase modulation. Forwardr Brotection (FEC) is
provided by Reed Solomon (RS) code. By definition, RStirasbility “...to produce at
the sender ‘n’ blocks of encoded data from ‘k’ blocks afree data in such a way that
any subset of k encoded blocks suffices at the receveeconstruct the source data.”
This gives DRM the ability to “repair itself on thefllgy accurately rebuilding the audio
or file data as it was originally coded at the transnit If this can’'t be done, then
WIinDRM keeps track of the errors (bad data segments$leidile and with the BSR, the
data can be replaced with error free data using eithernthrual request (user
intervention required) or automated using the ARQ featuagpoint to point QSO.

Image data transfer time

KA2HZO has provided the following on-the-air transmissiones calculated between
the click on TX pic and the return to receive. Thmeis represent real throughput
capability of WinDRM in the default, robust and speed modes.

File Size Kbytes Mode in Sec=Default Mode ie-Sobust Mode in Sec =Speed

5 26 40 19
10 44 72 29
15 61 104 39
20 78 135 49


http://www.qslnet.de/member/hb9tlk/drm_h.html

25 95 166 59
Speed mode and lower protection settings may work quite ameNHF/UHF where
higher SNR is possible to support 64QAM.

PC requirements

Windows OS, 2000 or XP. 700mHz minimum processor speed with Z2GHigher to
ensure smooth operation. Avoid executing other programs Whil®RM is decoding or
transmitting. For testing/experimenting, 2+ GHz PQsma two instances (i.e. A to B)
of WinDRM in a back-to-back mode (connect sound card line medkser to line in/mic
and carefully set levels or use Virtual Audio Cables VA@stance A may then be used
to transmit pictures to instance B. If VAC is availafdeseparate program), DV may
also be demonstrated since VAC take care of exchangtagbeéween each instance of
WinDRM allowing microphone voice input to the sound card.

cal [ KB&Z  SNR [ 148 e | 183712
T Voice
Codec | Data DC | 346  Mode| B/S/1BAN2S

Status of received data in the Info box for images (RX Pics)

The “Info” box during receive provides a status of the datang decoded as it is
received. These counters are shown in three sets dbatteee digits separated with a
forward slash (/). The first set is the number of mgns®gments (size) in the file. The
second set shows the number of good segments decodedasT ket shows the segment
number of the last segment decoded.

The first set of numbers represents what WinDRM “kn@lsut” at the start of the
transmission and will change because the program beggesnaling the data before the
total is known. If a segment is received in error QCRilure), a following instance
provides the opportunity to receive it again. If received @K,counter will increment.
After all the data is received, the segment countsalliigree indicating the file has been
received error free. If a picture was received, itl wippen up in Irfanview or the
viewer/program associated with the file’'s extension.eNdthe segment size increases
with the constellation size (4 thru 64) of the QAM sirices possible to transmit more
bits per symbol in the higher order constellations.

T Voice

| cal | HBITLE  SNR | 37 Info | 100
% Codec | MELP  DC | 343 Mode| B/S/16/0/25

Status of received data in the Info box for voice ( RX)

While receiving voice, the Info block displays 1 to 100% espnting the quality of the
decoded data. The quality is determined by the number of gomédraf data received
*versus bad since the last synchronization. Drop agsech loss) may be experienced




with 70 percent or less. With SNRs of 12 or higher, expegtiality number near 100
percent (no dropouts).
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Status of transmitted data in the Info box for file s (TX Pics)

After transmitting the lead in sync data, the Info boxvjles the status of the file as it is

being sent. The counter consists of two sets of nundegrarated by a forward slash (/).
First set shows the instance being sent while the deseinshows the percentage (1 to
100 percent) of the total segments sent. The numhestainces the file will be sent is

shown in the “Select File” window. A choice of 1 taray be selected but additional

instances can be sent by adding the file in the Selectiildow more than once.

Status of transmitted data in the Info box for voic e (TX)

No data is shown in the Info box during voice transmiseigept during the lead in sync
period.

Info box during “lead in” transmission

In both picture and voice transmissions, lead in symha gasent to the receiving station
for setting up the timing and other OFDM carrier informmati This lead in maybe

lengthened to provide more set up (sync) time at theweesid by selecting long lead in
under the Select Files window. While the lead in is beemd gup to several seconds),
the Info box will increment various numbers indicating thhata is being transmitted and
the actual file data has not started. Some of thisideliades determining the size of the
file and packetizing data prior to be sent.

RX Text Message

"Welcome to the 20058 Dayton Hamyvention |

Call EOPF: SHR | 152 Inf|:|| 33
| Codec LPC bC |_35EI Mu:u:le| B/5/16/0/2.5 j—




Text Message data

Up to 128 ASCII characters (including spacing) may be tratesiniGreater than 128
will be truncated at the receive window. Text messagag not be sent with data
(file/picture transmissions). Text messages maydaed or changed during TX. The
data rate is only 80bps, but the message is continuowsigntitted during the voice
*transmission. In receive, the text message window remapen at the end of the
transmission. This message window may be closed at aeykirmwill re-open while
data is *being received. Text messages may only be seémeegived with Digital Voice
transmissions.

Transmit and Receive parameters (and transceiver se  tup)

For optimum performance, the OFDM carriers must fithim the band pass of the
receiver and transmitter. The default 350 Hz DC Offget chosen to ensure the 2.5Khz
wide OFDM signal is inside both the transmit and rex@ndio band pass. The 350Hz is
an offset from DC (0 hertz) and where the carriershef OFDM begin. The timing
(OFDM searches for this) locks on and starts allsitigting up in frequency from the DC
offset for all 57 carriers. This offset can be changaditomust chosen so the spectrum
will fit within the TX and RX band passes. If the DCn®ved too much from 350, all
the OFDM carriers may not fit within these band pass&lithough it is not important to
be exactly on the transmitting stations frequency, mot@ansceivers should allow the
receiving station to be within 100hz of this offset freqyentoo far off frequency may
result in lowering SNR if OFDM catrriers fall outsideetreceiver’'s band pass. If any
tuning of the frequency is made during receive, the sigralhase shifted and attenuated.
The orthogonality of the OFDM symbols may also be rdgstd and this causes ICI
(inter-carrier-interference). This will immediatedyop decoding data. Click on “Reset”
to re-sync the data if any tuning must be done to bring alecs within the band pass of
the receiver. When the WIinDRM users talk on SSB, fallyetune to their SSB
frequency. This will ensure you are on the frequency besegl for DRM data also. Be
sure the receiver’'s band pass is at least set tosat2éakHz FLAT band pass with no
DSP and/or audio processing. For most receivers, geM®C to Fast (or OFF) will
improve SNR. For transmit, minimize distortion by tughoff compression, EQ (or DSP
filtering within the band pass) and avoid any ALC acticor. FOO watt rigs, set power to
approximately 15 watts average power. This mode works best wery linear
transmitters and amplifiers. All commercial DRMrsmitters are Class A. OFDM has a
rather high crest factor caused by the mathematical &pédration applied to the
transmitted signal. The peak power is much higher (7-&liHB) the average power read
on a conventional wattmeter. Experience has found geaatng out of the linear region
of your transceiver and/or amplifier may result in @ 3 tdBlower SNR at the receiving
station. For a detailed explanation of how to set thegp@ut of your transmitter, go to:
http://www.tima.com/~djones/DRM_power.htmWinDRM'’s Shifted Power Spectrum
Density (Shifted PSD) in the absence of multi-path/QRA,display a “Flat top” signal
across the entire bandwidth of the received signal. tAskeceiving station to comment
on your transmitted signal using this display. If inat “flat”, then either the transmitter
or the receiving station’s is not set up properly whiahdegrade performance.



http://www.tima.com/djones/DRM_power.htm

CODEC

Select under DRM TX Settings, “CODEC” (voice) or “DAT (files/pics) being
transmitted will be displayed. Under program control (Fédeta), the receiving station
will automatically decode and display the mode of trassion being sent (LPC,
SPEEX, MELP or Data).

SNR

Signal-to-NoiseRatio is an estimated value that indicates the quatity sitrength of the
received signal. Experience has found, near errerdeda may be decoded with a SNR
greater than 7.0 dB. The higher the number, the bettesigmal is being received. An
SNR of 10 or better usually ensures error free copy. QBRM, transmit distortion and
propagation problems caused by multi-path cancellation ItkeelISNR. Transmitters
and amplifiers operating out of their linear regioniftgyto run too much power!), failure
to turn off compression or DSP/EQ and too narrow band phslegrade SNR. Under
ideal band conditions, SNR will rise to 25db or greater wbath the transmitting and
receiving stations are set up properly. Note: SNR is detednfrom the carriers
between the low (725Hz) and high (1850Hz) reference pilwieca only.

DC

Refers to the frequency offset from 0 Hz to the stt@BDM carriers. Default is set at
350Hz. This is an arbitrary number chosen to ensurethet®.3 and 2.5 kHz signal BW
“fits” within the bandpass of the receiving station. Thigynbe confirmed by observing
the shifted PSD, transfer function displays or therimp waterfall displays. The accuracy
of the receiving station’s tuning for the COFDM signal epeéndent upon this factor
which will allow a 100-125Hz tuning error without affecting the abhing process. It is
important to note however, that once sync is obtainedurther “tuning” of the signal
should be attempted. A blue vertical line indicates thatiog of DC offset. Values of 50
to 5000 Hz are valid entries but 350 Hz is normally used.

Mode
Displays the DRM TX settings. The default is:

B (DRM Mode B) S (Short Interleave) 16 (Main Service Channel 16 Quadrature
Amplitude Modulation) O (Protection level) 2.5 (2.5 kHz Bandwidth). Most stations
use 2.5kHz since additional carriers are available whik wider BW giving better
receive performance. TX DRM modes are selected teeleder with the quality of the
signal (as affected by propagation, signal strength, @& available at the receive end.
These modes affect the transmission speed and robaisihéise received signal. For
more info, see “DRM TX Settings” later in this doc.



Setup Soundcard DRM Setings BSR. About

= W Com 1
Callzsign i
Display b Com3

Com 4
Codec r Com 5

TextMessage »  Comb
File Transfer »  Com7

Com &
RESET . v RTS High on FAC

OTR High on FAC

Call Mo Service
W PTT on CTS TH Woice
Codec PTT on DSR
Setup
PTT Port

Any com port 1 through 8 may be selected for controlhef transmitter’'s PTT using
conventional RS232C data terminal ready (DTR) line. rRost applications, a standard
RS232C cable is used to connect the PC's com port to dhedscard interface
(RigBlaster or equivalent). In addition, the DTR oadw to send (RTS) line may be
used to mute the receiver’s speaker while receiving datplementation of this feature
may be found at KB4YZ's web sitéht{p://www.kiva.net/~djones/index.htin WinDRM
may be started and the PTT controlled in the “Remd®@T(on CTS or PTT on DSR)
mode using the com port’s CTS or DSR line. This Remotegemuall allow the use of
external switching from the PTT switch on a microphona BTT foot switch. To avoid
a possible ground loop, an optical isolator or a relaukhbe used to assert (apply a
positive +5 to 12vdc) to either the DSR or CTS line. eé\ldbue to some ambiguity
between Windows OS and WIinDRM, the CTS and DSR aresedd/CTS is pin 6 and
DSR is pin 8 in the 9 pin Sub-D PC’s com port connecttu3e of a pull-down resistor
on these pins will help ensure no false PTTs. For port protection, a current-limiting
resistor may be used in series with the positive voltpgdieal to the DSR or CTS pin.
This Remote feature is not saved in WinDRM'’s user’srggtfile therefore when used,
it must be checked each time the program is executedvoicé may also be activated
using the keyboard’s spacebar. With “TX Voice” in fogas show in above display),
taping the spacebar will put WinDRM in transmit (activgtiiTT) and pushing it again
will return WinDRM to receive (a toggle function). To-ftotus TX voice and avoid
placing WinDRM in transmit while using the keyboard for otfienctions, push the
keyboard’s “Tab” key. Spacebar PTT will not function whii the “Remote” mode.
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Call sign

Up to 8 number/letters may be entered. Properly entdrisdprovides a valid 1D for all
transmissions. This meets FCC requirements for stdDio“NOCALL” is the default. ID

will not meet US FCC requirements if non-call sign infonsluded with the call sign
(i.e. name, location, etc).

Setup Soundcard DRM Setings BSR About

.3
PTT Port ESR
Callsign SPA
Diisplay k Spectrum
— InFuut Level G B
Shifted PSD

I
TUME

TextMessage *  Transfer Function
File Transfer » Impulse Response

FAC Phasze
RESET MSC Phase /Amplitude T4 Pic
v Waterfall
Call Mo Service Static Waterfall
Flicker reduced VWaterfall . | TeVoce
Codec sy —

10



|

& MSC "\‘ |||\ an ||',|'||H flnl;*illl-.a Y |'|\ ‘

ResET | [N

Call kB4E SHE | 174 Info | 216/97 /95
Te Woice

Codec | Data  DC [ 346 Mode| B/5/16/0/25

Setup

Display

Receive Spectrum

The Spectrum’s display is approximately 2.5 kHz wide in tbeizbntal while the
vertical shows the amplitude in dB (no scales are shimwmny of the displays). The
shape of the signal is rectangular (flat top) and repteshe 2.3 or 2.5 KHz band width
of the received signal. This display may be used toheeaudio input level of the sound
card. Too much input will over-drive the sound card (line ighduld always be used
when available) and may cause distortion and low SN&RefGlly adjust the line input
level and the receiver audio until the top of the COFD¥dectrum averages
approximately half way up in the display window. Althougkréhis normally good
dynamic range in most sound cards, the goal is obtairhitfthest SNR reading. After
sync has been obtained, a blue vertical line will appeé#nerspectrum. This blue line
shows where the timing for acquiring the COFDM signas Istarted (the DC offset
frequency) which is normally 350Hz. This line may pop uprintigently as it will
“false” on random noise and should be ignored whenaio YOFDM signal is being
received. The three reference pilot carriers aryeseen in the display with frequencies
of 725, 1475 and 1850Hz.
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Receive Waterfalls

Three waterfalls are available, Moving, Static, and Flickeduced. The COFDM
spectrum will be displayed with aaven intensity level across its 2.3 or 2.5 KHz
bandwidth. Within the waterfall, three FAC reference (@lot carriers) of higher
intensity can be seen. These stand out becausehéiwveyhigher gain (transmitted at
twice the power). These FAC pilots are modulated vkitiown fixed phases and
amplitude which optimize DRM'’s performance for initiahsjronization, duration and
reliability. They are used to calculate the initalrse frequency offset of the received
DRM signal. This is the first part of the COFDM synogess and must occur before the
received DRM signal can be decoded. The high-lighted rettemsaat the top of the
waterfall display indicate where the FAC referenaariers are located when the
transmitter and receiver DC offsets match. The moviateuall sweeps from top to
bottom with the red marker’s indicating the positioneference carriers remaining fixed
at the top of the display. The moving waterfall addssaiali method to monitor the
health of the decoded signal in the form of a vertited bn each side of the waterfall
spectrum. During the decoding process, the green velitiesl indicate data is being
received without errors and red lines indicate errors. iggsen/red indicators move
with the spectrum instantly showing when and where dé&a errors occurred. The
horizontal line across the top of this display indsathe bandwidth of the COFDM
signal. The signal in the waterfall should fully exdehe width of this line. The Flicker
reduced waterfall is a modified moving waterfall designecktiuce “flicker” from some
types of fast LCD or laptop displays. Note: The waledisplay shown above depicts
the effects of multi-path cancellation as shown bydagened (“notches”) areas. The
carriers in this area are being attenuated due to theeerpkea. The two bright lines (on
the bottom left, just before the start of data) isvamted noise (probably caused by a
ground loop between the transceiver and the PC soundcartthe ddpeaker Out audio
line to the transceiver’'s Mic input. Every effort sttbbe made to eliminate this type of
interference when connecting audio cables between el the transceiver. To
minimize ground loop and/or RFI problems associated withndocards and the
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transceiver, refer to these informative papers found at:
http://audiosystemsgroup.com/SACO0305Ferrites.pdf
andhttp://audiosystemsgroup.com/Ferrites-Ham.pdf

Important: It can not be emphasized enough that common mode (iaes ground
loops — ac currents) must be eliminated or risk the highapility that unwanted noise
will be heard in the speaker at the receiving stationewdecoding digital voice. When
this noise is present, it is directly proportionathe TX microphone (mixer) level input
and will reduce the favorable experience expected ohtbde. Only the decoded voice
should be heard from the PC speakers.

State

&0
* Freq
* Time
Frame
FALC
MSC

RESET

Cal [ M4CTF  GSNR [ 187  Info | 184/73/71
Codec | Data DC | 346 Mode| B/SHB/D/2E

) el e

T Woice

Input Level (receive)

This display graphically shows the received audio. Sound (cacdrding) Line Input
may be set to approximate the level as shown in g@adi above.
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Shifted PSD (receive)

This display plots the “estimated Power Spectrum Den#SD) of the input signal”.
The X axis measures the PSD of 0 to 50dB while the Y axirequency from 0 to 12
KHz. Here the incoming DC frequency (350 Hz) is mixed Ww&b0 Hz to give a 6 KHz
(the blue vertical line is correctly shown in DRM modeiy). The peak on the left is
the mirror image (5650 — 350 = 5300 Hz) and is partially supptesséhe WinDRM's
internal IF filter. If a peak is displayed between #ignal and the mirror signal, a
50/60Hz noise could be in the transmitted audio from grounal Iddwe three peaks seen
at the top of the waveform are the pilot carrierssigmc and have twice the power. Any
roll off or dips in the waveform indicate the carsien these areas have a loss of power
caused by QSB and/or attenuation in the band pass of tismiteer or receiver. If the
transmitteror receiver does not allow the 2.3/2.5khz wide (350 to 2850Hz) Dighak
to pass without attenuation, this waveform will rolf on either end. For DRM Ham
“Low IF Measurements” refer to HBI9TLK's info found at:
http://www.qgslnet.de/member/hb9tlk/drmif/index.html Up to 10dB or more SNR can
be lost because careful attention has not been takeroperly set up the transmitter,
receiver and soundcard for the “flat top” OFDM spectrum.
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Transfer Function (receive)

This plot shows the “squared magnitude of the channel &stimat each sub carrier”.
The green line is the transfer function (TF in dB) letihe blue line shows the phase
distortion of the channel (Group Delay in ms). Optimaignals will yield a flat response
and display even/flat lines across the width of tispldiy.
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RESET |

Cal | KB#Z  SMR | 135 Info | 7146
Codec | Data DC | 356  Mode| B/S/16/0/25

T# Woice

Impulse Response (receive)

This plot shows the “estimated Impulse Response (IR)hefchannel based on the
channel estimation”. This pulse is used in determiningHfRechannel’s frequency and
phase characteristics so the signal may be restoreldses as possible to what it looks
like at the transmitter. The time delay of the sésirpath is taken as the zero reference
for the estimated pulse response.
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I WinDRM

Setup  Soundcard DRM Setings  BSR About

onstellation

Call | “WAPKLCIIM SHA | 152 |nf|:|| 183429/ 3

= — = T Waice
Codec | Data DC | 346  Mode| B/S5/H1G/0/25

Fast Access Channel (FAC) Phase (receive)

This plot shows the 4 QAM rectangular constellati&or more info on QAM see above

info under FAC radio button and this URL:
http://en.wikipedia.org/wiki/Quadrature amplitude modulation

State
|0

¢ Time
" Frame
f+ FAC
+ MSC

RESET

Cal | KB&HZ  SNR | 143 Info | 183425712
Codes | Data DC | 346 Mode| B/S/16/0/25

T Voice

Main Service Channel (MSC) (receive)

This plot shows the various constellations for ardugh 64 QAM logical channel that
provides the voice and file data. High SNR keeps the gamta close (tight)
constellation but some scattering is expected on HF evlie® Reed-Solomon error


http://en.wikipedia.org/wiki/Quadrature_amplitude_modulation

correction coding is applied. QAM varies the amplitaael phase of each one of the
carriers (for 16 QAM and up). Then, through frequency iplaking (adding these
carriers together across the 2.3/2.5 kHz BW) the OFDNreated. 16QAM is shown
here.

Setup Soundcard DRM Setings BSR About
|
FTT Port r BSR
Callsign SPA,
Display »

SPEEX A I3
TextMessage # LPC 10 g
File Transfer  » N— TUME
RESET e St Ba T Pic

Cal | NoSemice SNR | 0 Info | _
Codec |  DC | Mode] hii

! Audio Convert
Settings | Soundcard

Select Soundcard

v SoundMax Digital Audio
Virtual Cable 11In
Virtual Cable 2 In

I | audio.mlp Elut| audin.way 5TOP

Setup

Codec and Save Audio recorder

Either Linear Predictive Coding (LPC), SPEEX, or Miexcitation Linear Predictive
coding (MELP) CODEC may be selected for digital voiELP is the default. All
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three require 2.5 kHz/2400bps minimum data (default DRM T¥nggst provide this for
the MSC). For further understanding of these CODECsge: s
http://www.otolith.com/otolith/olt/lpc.html and http://www.speex.org/ Robust DV is
not “easy” to do on HF and may never meet everyone&is. A couple of seconds
delay is required for sync before voice can be decodedftine fast break-ins are not
currently possible. And, DV is not as robust as SSBoweéVver, MELP is capable of
producing natural sounding speech without the listening fatiguwsed by QRM/QRN
normally associated with HF SSB. As a result, usengeound DV becomes a very
attractive alternative to SSB. MELP requires an aolaiti file (melp_dll.dll) which may
be found atwww.rarewares.org/others.htmlrhe high pass (HP) TX/RX Audio filters
found in earlier releases has been replaced withffameat voice recorder for MELP
only. To record, click on “Save Audio” while receivingdeLP DV transmission. The
audio will be saved as “audio.mlp” in the WIinDRM foldefo playback, the file .mlp
file must be converted to a wave (.wav) file using a édeversion program named
“audioconv.exe.” Audioconv requires the melp.dll be in $bhene folder, so place it in
the WinDRM folder also. Audioconv may be foundvatw.nlsu.com/windrm The
display shows the audio.mlip file being converted to tidicawav file using the default
scope setting (waterfall and spectrum are other choiceslect a sound card and set the
speaker out and wave out levels. The audio will bechaarthe conversion is being
made. The output file, audio.wav may then be played aredia player such as MS
Window Media Player.

Note: Instructions for Audio Convert (audioconv_melp.exe) isvited in a separate
document. Refer to Audio Convert document for furtheaitiet

Setup Soundcard DRM Setings BSR About

Callsign

Displa . 12345678301 2345673301 2345678301 2345673301 23
ey 45672901 2345675901 2345670901 2345673901 23456

78301 2345675901 2345673901 2345678301 2345678
Codec »

Text Message  # Edit TX Text Meszage

File Transfer ko Allow RX Text Message

Rt — 4@%
|
|

_RESET | i ] J

|

Call Mo Service (% Enable Text Cancel | k.
Codec: | e L - = T
Setup

Text Message
Edit TX Text Message (voice mode only)
Selecting “Edit TX Text Message” will open up a windowetder text.
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Up to 128 ASCII characters (including spacing) may be tratesiniGreater than 128
will be truncated in the receive window. Text messagas 8ot be sent with data
(file/picture transmissions). Text messages may ¢, shanged or deleted during a
voice transmission. The data rate is only 80bps, butnbssage is continuously
transmitted during the voice transmission. This may $eduo send your QTH and
station info and will remain open after the DV trarssion has been completed.

Allow RX Text Message (default)

Default provides a window for receiving the transmitted @gss. This text message
window remains open for further review after the trassmn has ended. (For more info,
see previous “Edit TX Text Message” description)

AT RIS
| Setup  Soundcard DRM Setings BSR About
PTT Park h_ BSR
Callsign P4
Display k
G | B
Codec »
o
Text Message  #
SIERIE N S Save Received Files TUNE
v Show Received Files
v Shows only First instance T+ Fic
Call | SHR | Info |
T Voice
Cadec | pc | Made |

Setup

Save Received Files

Checked (default) indicates files received without envalisoe saved in the sub-folder of
WIinDRM named “Pictures”. If a file is missing segmenitswill be saved in the
“Corrupted” subfolder. Both of these folders are initizitgated by WinDRM.exe.
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3 IrfanView - one of the most popular viewers worldwide - Microsoft Internet Explorer =@ x|

File Edt View Favortes Tooks Help |-
SBack + = - ([0 2| Qusearch [CHFevortes Thveda of | By Sh F - 5| o |
| e —— =] @ |nks |
t = 7 = hame | e-mai | deutsche version |
- IRFANVIEW
W TREAHVIEW, Eam
..one of the most popular viewers worldwide!
T would fike ¥o sincerely thank sil you faithful Irfsnliew Posarsdby
= = users who send me messages of good wishes,
B what is Irfan¥iew? s and appreciation, THANKS ! web
e, i oo w5 5281 Technalogies
fie £t image Opsons Veew Hep
B Irfanview languades FEE X LRBD (QQQ « = [[FFE = ——————
¥ download I
B pluglns 7 | the current versiona@ TUCOWS |
B History of changes &« IrfanView
B Nice WwWW links scan & print i+ Plugins/AddOns
B About the author create slideshows
'x_batch processing
. j . play movies & sounds
Roweer iten |§ i Other download sites
e aere w6 % p¢ ANd IMARY MANRY BOYE...  Other www mirrors:
B EADs Select Mirrar: B
* Current version: 3.97
© 2005 by irfan skilisn / :pagsdesian & done by aZsmo
& [T [ [@inkemne

i start |J o & > || Eyintrosuction to.... | Emvonce ov.ppt | Einko - picraso... | Bjuntted Messag. . [[Etefanvien -on. | Bl GIIE @ 133pm

Show Received Files

Checked (default) indicates error-free files will autao@ly be displayed (when
associated with a viewer such as Irfanview). Irfanviethés“viewer of choice” and may
be downloaded free atww.irfanview.com Irfanview requires a plug-in and must be
associated with the image file extensions (.jpg, jp2tetdjsplay pictures. In Irfanview,
go to Options>Set File Associations>Extensions theecsélmages Only” or just check
the extensions you wish Irfanview to display. Note: Rexkifiles and pictures will be
saved in the Pictures or Corrupt folders even if no vieas been configured. Note:
Plug file name is typically named irfanview_plugins_xxx.ekexx = version).

Show Only First Instance
Checked (default) indicates only a single instance ofrar-&ee file will be displayed
when received multiple times.
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|
f~winorm
| Setup | Soundcard DRM Sefings. B3R About
‘ R Input
T¥ Qukput
Yaice Input
Waoice Cukbpuk

&
(" F  R¥Input
| | ¢ T » SoundMas Digital Audio

CF o output

F. v SoundMas Digital Audio
o

Wiojce Inpuk
: v SoundMiai Digital Audio

Yoice Cukput
Call [ v Soundreas Digital Audio

Codec | DC

Infi |
Mudel

T Woice

'| = Inlli
Help
Microphone Ling In
Balance: Balance:
Wolurme; Wolunme;
S ==
[~ Select v Select

[5oundiMAX Digital Audia
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Setup | Soundcard DRM Setings  BSR. Abouk Optionis  Help
- State ! R TP BSH Walume Cantral | ‘Wave
Mixer Settings
& ; Balance; Balance;
CF  Rxinput ‘foice Input SR,
npL : < =
W Cukput ;
T # Soundras Digital Audio s g | B E> | .J‘.. ‘@ @ | -’I‘n- @
's —
-~ a Qutput 0 alurme: alure:
F. v soundmas Digital Sudio
o TUNE 3 | = 2 | =
I “oice Inpuk o - 5 L
E v SoundMas Digital Audio T Fic i = = z
Woice Output e " = = z
Call v Soundrar Digital Audio [k |
. r E e T Yoo I Mute al [~ Mute
Codec | (] | Model : — -
{SoundrAx Digital Audic

Mixer Seftinps

Soundcard
| Santa Cruz{trn)
OM R
Switch input ta Telephane A~
Microphone

Synth Daughter Card

CD Player v
Ok T
Swyitch input to Default [do not switch) A
Steren Mix
Telephone

Sunth Davahter Card

Dizable Mixer

Soundcard

Opening the mixer will display the sound card’s “Recordingd &Playback” sliders for
Audio in and out. These are associated as follows:

RX Input = Mixer Recording Line-In (connect to receivesfgeaker)

TX Output = Mixer Playback Master Volume (connect smmitter’'s microphone input)
Voice input = Mixer Recording Mic-In (connect PC micropkdo soundcard)

Voice output = Mixer Playback Master Volume (connecnmplified PC speakers)
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For Digital Voice using a single sound card, inputs artcked under program control
(receive line-in switched to mic-in for transmit). Adj mixer sliders for proper input
and output levels. Start with the “sliders” approximatelye-third up. Only the
RECORDING microphone should be enabled. For transRitAYBACK Master
Volume and Wave Out must be selected. Use the Mastérmé for the coarse
adjustment and Wave out as the fine adjustment. Ndbeheck/deselectll other
inputs/outputs. For decoded Digital Voice, Mixer Playbacastdr Volume must be
manually switched between the PC’s amplified spedkeneceive and the transmitter’s
mic input for transmit. If two sound cards are availabét,up one card for Receive and
the other for Transmit. Then, no manual switching Wélrequired. Note: For ease of
setup/use, two sound cards hrghly recommendeBigital Voice. It is very easy to add
a second sound card especially if it is a USB. A lostc¢USB 2.0 to Audio Adapter
w/Microphone Jack” card for (under $10) may be foundvatv.geeks.comThis is a
thumbnail size card (p/n HE-280B) and requires no additiomardrfor XP. Just plug
it in, XP finds and installs the drivers and WinDRM walisplay both cards under

“Soundcard”. For further help with the Soundcard Mixeree s
http://www.sagebrush.com/mixtech.htm
| = TR = =
=2 [x]
. Shate - Mode Interleave
s w
~0 A & Short 400ms
" Freg “ B
T Time o " Long 25
™ Frame
" FAC
COMED MSE Protection —M5C Coding
& Marmrnal Rl
RESET | 16 DAk
) & B4 OAM
Cal | NoSewice SMR | 0 Info |
T Voice
Codec | oc | Mode | Bandwidth - DC Difset
& 25KHz -
[ 3500
© 23KHz !
Fiobust| Drefault | Speed | 0k

DRM TX Settings

Mode A/B/E (A = Ground waveB = Single to multi hops E = NVIS Multi-hops)
MSC Protection Normal =0 Slower Low = 1 Faster)

BandWidth (2.3Khz 2.5Kh2)

Interleave Short 400ms — fast QSB  Long 2sec — Slow QSB)

MSC Coding (46/64 Quadrature Amplitude Modulation)

DC Offset (5@50-5000Hz)

Clicking the Default button will result in the follomg DRM TX settings:
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Mode MSC Protection Bandwidth Interleave SG/Coding DC offset
B Normal 2.5 Short 16QAM 350

Robustlowers the transmission BPS by changing 16QAM to 4QABpeedraises the
transmission BPS by changing Mode to A, MSC protectiohdw and Interleave to
Long 2 seconds. Long interleave requires additional syme. t Voice requires 2.5kHz
bandwidth for the 2400 bps CODECs. 64QAM on a HF channeiresga higher SNR
and minimum multi-path to perform well. MSC Protentid, B and E provides different
levels of forward error protection (FEC) to protect M8C from the detrimental effects
of QSB/QRM/QRN. B is higher than A with E (known asrDDRM) for Near Vertical
Incidence Skywave (NVIS) transmission where the dignaansmitted with a very high
angle of radiation short path propagation. In practiceyever the extra protection for
this mode appears to have limited results. In DRM, MAde used for ground wave
propagation where Mode B for single hop/multiple hop propaiga®he default mode
“B” on HF has shown to have the best overall pertoroe. Mode E has been shown to
be the most robust in the presence of multipath aaker signal levels.

Note: A BSRrequestmay be made using different (larger to smaller QAM cdlasien)
DRM TX settings. This is sometimes done under poor banditons in attempt to get
the request through lower SNRs. However, the origigastation responding to this
request must send the response to this request (“Send baensegport”) in thesame
DRM TX settings it was originally sent.

FH’ Ve i'.E".", | Eg '-'lj ; DRM BX S-étﬁl'!gﬁ
I:.. 2 . = : - ) e
i i Freq. Acg Sens.
State Low =0 Hi=100
+ 10
B0
™ Freq
£ Time
" Frame | Search Window Size-
C FAC -
© MSE Center Hz _ 350
T Width Hz 00
Cal [ NoSerice SNR [ 0 Info |
T Waice = Auto Rezet
Cod DE hod
| ndec | & E| | i Fast Reset
| use | [ o |

DRM RX Settings
Default settings are:
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Freq. Acq. Sens. Search Window Size Auto Reset
60 350 Enabled

Higher settings increase sensitivity for weak signalswatit higher probability of false
sync. Fast Auto Reset has shown to be effective in ghrayifaster sync recover under
poor signal conditions. These settings work well | default mode, however this is a
good area for hams to experiment and find what settingsbas¢ under varying
signal/band conditions.

Setup. Soundcard DRM Setings | BSR About

“Chate Load last RX file

& 10 TX ARQ

A

gt Fr.eq Auto Open BSR. Reguest
L I RX ARQ

" Frame|

™ FAC

™ MSC

RESET
Cal | NoSewice SMR| 0O Info |

A== T Woice

Codec | pC | Made |

BSR (Bad Segment Reportautomatejl

BSR provides a procedure to repair (sometimes callek’g &idefective file or picture.
Normally, a defective file or picture is caused whenrtdeeived station does not receive
all the memory segments error free (segment faile@€ €Check). Depending upon how
many segments were not received, the picture may ndisplayed using the SPA (Show
Picture Anyway) or will appear unclear/blurry. When thapbens, clicking on the
“BSR” button will open a window and show the number ajmsents “missing”. The
received station may then send a BSR “Request” taehding station and request these
missing segments be resent so the file (picture) reagaired and displayed. This is the
manual method and requires user intervention. The “autnthaBSR completely
automates this procedure for P2P (point to point) transfefiles. Auto Open BSR
request, TX ARQ and RX ARQ must be checked to initiate piniccedure. Note:
WIinDRM does not look for activity on the frequency. Tgw@cedure simply relies on
timing between the tx to rx and rx to tx change-oversdmas$ not “listen” on the channel
for other activity. Therefore, users should maintaint@dnof the station while this
automated BSR is being executed, i.e. “attended” operatidpon a successful Auto
ARQ exchange, the sending station will send “Good Copyth receive station’s
waterfall. Note: Up to 30 additional segments are gsewith the receiver's BSR. These
“additional” segments are sent to ensure the receiviagos is in sync. Up to four
multiple BSRs windows may be open at one time. Tregaests may be transmitted one
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at a time or all can be transmitted by clicking on B8R send” button while any one of
these request are being made (during transmission).

Load last RX file

When selected, the last error free file received Wil loaded in the “Select Files”
window. This is normally used when the entire filéoide re-sent.

Auto open BSR request

Automatically opens up the BSR window when a defectieeidireceived. This must be
checked to initiate the automated BSR procedure.

TX ARQ
Automates the “send” request for the BSR

RX ARQ

Automates the “receive” request for BSR Note: For 88&, both transmit and receive
stations must have Auto open BSR Request, TX ARQ and R& élfiecked.

| WinRM, AaEg
L WInbRN it D £

e

State - ESE

|0 5end Bad Segment Report =

— Freg
Flequest| 35 Seaments fram J KOPF=

[
T Time
B B
T Framd —]—
-

“ arc | forFile | Maorning coffee.jp2 |1
" MSC TUME
Cloze | Send Long | Send  —
RESET T Pic

T e e N S
Cal | NoService SMR| 0 Info |
Codec DC Mode |

BSR (button)

T Yoice

Bad Segment Report

When a picture is received with segments missing taliek on this button will display
the number of segments. Press “OK” to request theggments be re-sent.
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SPA(button)

Show Picture Anyway

Left click on this button will attempt to associatedashisplay the last received picture
even if it the file is incomplete. If there is enoudata for the picture to partially
assemble the picture, it will be displayed. Dependergrughe amount of missing data
(memory segments) and preference of the receivedrstatie user may then click on the
BSR button to show the number of segments missing. NevBSR the request can be
made to resend the missing data. The picture aboveeisaample of a picture displayed
using the SPA with missing segments.

Picture shown “repaired” after receiving the missing 35r&ags using the BSR request
procedure. Note: This entire procedure may be automated tbeéuto Open BSR,”
“TX ARQ” and “RX ARQ” checked.
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Send Segments ﬁ

Send 4 Segmertsto | WBOMJZ
for File ot Lowis p2
Clogze Send Long || Send

|

Example of the transmitting station’s responding toSRBequest. Note: This is not the
data used in the previous repaired picture.

State . — e . BSE
10 CoCad LY —
* Freq
* Time
G| B
£ Frame ia N— JID—
KOPFX CET
(" MSC TUNE
RESET | T Pic
Cal | MoSemice SMR | 0O Info |
T Woice
Codec | DC Made |

G (button — works with Windows XP only)

Good (good picture received)

Left click onG will transmit a pre-recorded wave file displaying “GOOD
the received station’s waterfall. Filename: g.wav

B (button — works with Windows XP only)

BAD (bad picture received)

Left click onB will transmit a pre-recorded wave file displaying “BADY i
the received station’s waterfall. Filename: b.wav
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ID (button — works with Windows XP only) Left click db will transmit a pre-recorded
wave file displaying the transmitting station’s callrsig the received station’s waterfall.
Filename: id.wav

For help in creating these wave files, go to KB4YZ's sitb:
http://www.kiva.net/~djones/index.htm

T - [B]x]

State BSE

o
g [0 1 <
= Freq

[ Frame —r

~ FAC WWIN BHI\ﬁ i
 MSC i v TUNE
RESET | T Pic
Call | MoService SMR| 0 Info |
T Yoice

Codec DC Mode |

TUNE (button)

Left click on TUNE will transmit a pre-recorded wante ffor setting the proper output
level of the transmitter. Three reference pilotn(gycarriers will be displayed in the
received station’s waterfall. From left to right, A=18%)HB=1475Hz and C=725Hz.
With a properly adjust transmitter (good linearity — natraviven!), the receiving station
will only see these 3 carriers. Any others displayed (aktteving station) are products
of inter-modulation distortion which will degrade performa. See KB4YZ's WinDRM
tuning file at http://www.tima.com/~djones/drmtune.htnNon-linearity can cause
spectral re-growth of unwanted carriers. Driving tiyeidal transceiver and/or power
amplifier too hard will cause this spectral regrowth (anted carriers). Yes it is just as
bad as it sounds and it should be avoided. Drive 100wcemess to only 20w max
average and a typical 1kw amps to 200w average power. é&adtlerse effects caused
by non linear transmissions, daép://www.tima.com/~djones/DRM_power.htm
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Files of type: [~

Lok i I 3] Windrm j E &% ER-
. (2 Corrupt @ Hamdream set up Rev 135eptD4 doc.zip E
| Pictures @ HandsUPCat1.jpg 3
@ 27bwindrm. zip *Hillybilly motorcycle, gif E
- archiview st louis. o2 JRCISTZ45,ipg E
- ARD 9500 KOPFX,jp2 KOPF# license plate.jpg [
ARD 3500 KOPFY, IPG mixer.bin E
aBathrobe.jpg ~Morning coffee.jp2 |:
[#] Brad_Noblet.jpg Her_BLUE-_PHESANT jp2 E
A bsr b R _frog.jp2 _ 1 Remove Al | Bild File |
=@CQ2.mp3 *:Rjrettyfaceﬂr.]pz 3 2
fee_powell. jpg i% release-notes. bxt [ (7 Instance =
4] | | 2 |nstances 4|
3 Instances
File narne: IMorning coffes.jp2 j Open I & Lang Leadin = |
=G |
E

Cancel
4

Select Files )

Muarning coffee jp2 15032

Remove Al Add File
' 1 Instance Riatiin
{2 Instances
i 3lnstances

T

i+ Long Leadin

TX Pic (button)

Left click opens a window to add or remove files for srarssion. Radio buttons enable
from 1 to 3 instances of the file be transmitted. Addal instances of the same file may
be sent by adding the file multiple times in the SeldtsFwindow. Long Leadin
increases the time for sync data at the beginning afréimsmission. This is used in the
presence of weaker signal conditions or QRM to help enfweync is made at the
receiving station prior to sending the file dat@eturnbutton closes and returns to the
opening WIinDRM display. TX button starts transmission of sync data followed by the
file data.
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" M5C

RESET ‘

Call | KiPFx SNR [ 1047 Inio |
Codec | MELP DC | 350 Made| B/S/1B/0/25

TX Voice (button)

Left click starts a voice transmission (or if in @s¢ tap of the spacebar). The
microphone must be connected to the soundcard’s “MIC” inpl display graphically
shows the transmit microphone level (sound card’s miao@hinput). Adjust the
mixer’'s Record slider while speaking across the PC micnoghoBest results will be
found when the microphone input level is kept rather Idvileaspeaking in a loud tone
of voice. Keep the average level so peaks fill approxind@-75% of the display.
Speaking too loud will cause the display to turn red. &B@ electret microphones have
poor non-linear response and may sound “basey” yet teadcentuate the highs which
cause high peaks and distortion in this application. Exmert in this area to find the best
microphone and level for the highest speech quality. MEhdRec has shown to produce
the highest speech quality of the 3 CODECs. The auddw fay help the intelligence of
the speech in some conditions. SPEEX sounds like it mdde fidelity to the speech
(when compared to LPC) but at the same time, it ig anbffled and tends to “flat top”
the input easier. This is an area where a well choserophone (such as a one from
Heil Sound) will improve the voice quality. The input irdp@ce of most sound cards
microphone is approximately 2500 ohms. This impedance maybearghould be a
consideration when choosing a microphone. The TX buttone changes to “RX” while
transmitting. “Echo” of the decoded voice may be causedolmye combinations of PC
and soundcard. This may be a soundcard latency problemdretatthe timing and
transfer of data or a ground loop. Changing sound cargscamaect this problem.
Known “good” low cost sound cards include Turtle Beach, &adnd Blaster Audigy
series. When retuning to Receive, the button labélnmoimentarily display “Wait” (for
approximately 2 seconds) while the transmit buffer eraptid the “Remote” feature is
activated (PTT on DSR or PTT CTS checked under Setup>jri), the TX Voice
button is disabled and will display Remote.

Note: A very small low cost (less than $10 USD) USBrebcard by C-Media (HE-
280B has shown to perform very well with WinDRM. It mde found at
www.geeks.com

31


http://www.geeks.com/

RESET (button)
Reset re-starts the sync process in receive. Nornthi$/button is rarely needed.

Mini Help. [ JumpStart 7 )

First

WinDRR runs on WiredP or Win2k with 1 or 2 zoundcards.

[f you have only 1 soundcard and pou can choose to gwitch between
line-indmic-in automatically. zee mizer settings. But pou will not be able to

awitch audio output automatically. vYou may uze the pit ine to mute the
speaker during tranzmissions.

[f you have 2 soundcards pou may configure one for the TR, and one for
mic /' zpealker.

Wiaterfall Meszages

The TUME, ID, G and B buttons will transmit a Hellzchreiber tppe test meszage.
The comezponding .wav filez are uzer definable and must be in 48khz, 16kt
rnono farmat.

Turne plays tune.waw, D > idway, G- gwav. B - boway

&R0

The Rx-ARM mode does work. only Point to Point. Do Mot use R=-480 in
METS Il

Fe-aR 0 will work, only if ALUTO OFERM BSR is enabled. Otherwize it will be
lirmited to zend "Good Copy'' meszages

kultiple BSH

Jp to 4 Simulatneous BSHE windows are pozsible. You may combine all BSH
requestz/answers into one tranzmizsion by clicking the "BSR send" button
while a tranzmizzion iz in courze.

Output Level

DRM does have a Peakdwerage ratio of more than 10 db. Thiz means that
an a tranzmitter capable of 100w PEP., the average output should not excesd
100, Using a 1.5kw PEP amp the average power should be below 1500,

kdare Info
Maode Spec. at hitp: 4 Aaae qzlnet. de/memberhb3tk
See the Excelent KOPF: doc on the Wit M1SLL.COM website.

ok

About
Info



Mini Help [ JumpStart 7 )

First-

WARDER runs on WiredP or WinZk with 1 or 2 zoundcards.

[f you have only 1 zoundcard and pou can choose to switch between
line-indmic-in automatically. zee miker zettings. But pou will not be able to

aitch audio output automatically, You may uze the ptt ine b mute the
zpeaker during: transmis sions.

[f you have 2 soundcards pou may configure one for the TR, and one for
mic £ zpeaker.

Wiaterfall Meszages

The TUME, ID, G and B buttons will transmit @ Hellzchreiber tppe test meszage.
The corezponding .wav filez are uzer definable and must be in 48khz, 16kt
rnong farmat,

Ture plavs tuneway, D -+ idway, G- gwav, B - boway

&R0

The Rx-4R0 mode does work. only Point to Foint, Do Mot use R=-480 in
METS II

Fie-aR 0 will worls only iFAUTO OFPEM BSH iz enabled. Otherwize it will be
lirmited to zend "Good Copy'' meszages

kultiple BSH

Up to 4 Simulatneous BSHE windows are pozsible, vYou may combine all BSH
reguestzlanswers into one transmizsion by clicking the "BSR send' button
while a tranzmizzion iz in courze.

Output Level-

LRM does have a Peakdwerage ratio of more than 10 db, Thiz means that
an a tranzmitter capable of 100w PER., the average output should not exceesd
10, Uzing a 1.5kw PEF amp the average power should be below 150,

kdare Info
Maode Spec. at http: /A Avse gzlnet. de/memberhb Ttk
See the Excellent KOPF: doc on the Wit M1SLLCOM website,

Ok
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— MIC

face ,PSPKR
ﬁ PTT

RigBlaster or

Equivalent
Computer 9 Transceiver

Typical connections between PC, interface and radio

See “Setup PTT Port” info in this doc for more informat@nthese connections. Any
available com port 1 thru 8 may be used for all functi@hBT, Spacebar PTT, Remote
PTT and Transceiver Speaker Mute).

Further DRM technical info and software may be found at:
http://www.drmrx.org/ (DREAM  1.62cvs) http://rarewares.org/aac.html and
www.drmradio.co.uk
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