The following taken from SEMI-TECHNICAL HSCW FAQ
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NOTE - While many of the comments refer to the DOS version of MSDSP, the cables and hookup, and the main parts of the programs, are exactly the same for the new Windows version, WinMSDSP 2000.





WHY CAN YOU NOT USE THE TRANSMITTER'S REGULAR KEY JACK FOR HSCW?


The shaping circuits prevent most modern transmitters from being keyed this way at speeds above 80-100 wpm (400-500 lpm) without the keying becoming very bad and even completely unreadable.  While it is possible to modify some rigs so that they will transmit at higher speeds, the keying is then not usable for normal speed CW.  This is why nearly everyone, both in North America and in Europe, uses an injected audio tone.





IS THIS TONE SIMPLY PUT INTO THE MIKE JACK?


Usually.  However, some modern rigs have a "data in" or "AFSK in" jack which may be more suitable.  Check your rig's manual or try out both, if available.





WHAT TYPE OF INTERFACE IS NEEDED BETWEEN THE COMPUTER AND THE TRANSMITTER?


This varies with what program or device is being used.  More details can be found in other sections covering the specific programs or devices.  But here is a summary.


      MSDSP uses the Sound Blaster audio card to generate a tone.  A two-line stereo cable is plugged into the SB board's Line Out.  This is because one channel is used for the transmit tone, while the other channel is used to simultaneously carry the playback audio.  From the line going to the Right channel, a shielded cable is run to the mike (or AFSK In) jack.  But there should be a small capacitor in series with this line at the mike jack.  This is to block any DC voltage that may be present the at the mike jack, to drop the level slightly, and to pass only the higher audio tones.  The exact value will probably be small, several hundred pF, up to 0.1 uF.  Use the smallest that gives approximately the same amount of audio to the mike jack as you get from your mike.  This, like many other things, will have to be determined empirically ("cut and try").   (See the section on MSDSP for more information on MSDSP's transmit audio).


     A programmable keyer, such as the CMOS Super Keyer 3, simply keys a separate audio oscillator, which then feeds the mike jack.  Note, however, that with at least the standard XR-2206 circuit, there MUST NOT be ANY capacitor across the output of the keyer or the input of the XR-2206 circuit.  Anything more than a few pF will cause all of the elements to completely run together.  (See the circuit section of the N1BUG Web site for more, as well as for several other oscillator circuits).





HOW DO I SET UP THE TRANSMITTER?


Set it up as you would for USB operation, but turn the Speech Processor OFF, if possible.  


But first, some checks and adjustments must be made.


     Put the rig into CW mode, close the key, take meter readings.


     Put the rig into USB mode, hook up the computer's audio line, set the HSCW program to send a Test signal (TEST DE YOURCALL) at 4000-5000 lpm, 2000 Hz tone.  Adjust the input to the mike jack (using the DOS MIXERSET or equivalent, and changing the value of the series cap if necessary) so that the audio level is about the same as when you use a mike.  Your Power Out and similar meters should read approximately 40%-50% of the key-down CW reading.   This should give you basic settings, from which final adjustments can be made, if necessary.  (Note that this nearly 50% duty cycle may put too much of a strain on your rig, and many cannot be run this hard without danger of damage.  You may have to reduce power somewhat.  See your rig's manual for more).


     2000 Hz is a good tone to use for most HSCW operation, and it's a simple, round number for figuring your transmit frequency.  However, if you are planning to run faster than about 6000 lpm, you should increase your injected tone frequency.  The reason is that at the higher speeds, it is possible for your dots to become shorter than one cycle of the injected tone frequency!  This is why several of the stations who are experimenting with HSCW are now using 2400 or 2500 Hz as their standard tone frequency.  (This is another reason they prefer the Zero Beat method of stating frequencies).


     For any speeds above about 5000 lpm, make sure both stations know the approximate speed that is to be used.  It has been found that if you try to decode HSCW and you are set up very much too fast or too slow, not only will not be able to copy the code, you will not even be able to tell whether they are sending much faster or much slower than you are trying to receive!





HOW DO I HOOK UP THE COMPUTER TO THE RECEIVER?


Hook a shielded line from an audio output of the receiver and feed it to the input of the Sound Blaster board.  You can use the speaker or headphones output, or a separate audio output, depending upon your rig and your preferences.  Since you will be working primarily with tones in the 1500-2500 Hz range, you may want a small series capacitor in this line, also.   You may need some bypassing, ferrite beads, etc., for keeping your transmitter's signal out of the audio board.  Also, the power supplies of high-power amplifiers have been known to put a considerable 60-Hz hum on this line.  The series cap will help with this; but also consider where your cables run and where your amp's power supply is located, if you're using a tube-type amplifier.


     Many computers use an external audio amplifier and speaker.  Most operators put a stereo jack in the amplifier/speaker enclosure to disable the speakers and drive a pair of headphones.  The $3.00 lightweight phones sold in any drugstore for use with a portable "Walkman"-type unit have been found to be usable for HSCW.  They do need to have a good frequency response, for you're dealing with both low and high pitches.  And don't forget that the headphone cable can be a major source of RF pickup, which will tend to mess up your audio amplifier if you're running high power and are using MSDSP for transmitting and playback at the same time.





WHAT IS THE BANDWIDTH OF HIGHER-SPEED HSCW?  ISN'T IT MUCH WIDER THAN STANDARD FILTERS CAN PASS?


The formula given for the bandwidth of a standard CW signal, Bn=B*K, is based on make-break ICW, the on-off keying of a carrier, with the leading and trailing edge of the individual characters shaped by the keying circuits, the bias of the following stages, etc.  Thus the formula is usable at the lowest HSCW speeds when make-break keying is used.


     But today nearly all HSCW is done by keying an injected audio tone.  This means that if the transmitter is set up properly (i.e., processor off, nothing overdriven, a proper tone frequency, etc.), the keying is not shaped by keying circuit components or adjustments of the transmitter. Rather, the shape of the rise and fall of the individual characters closely approximates the shape of the injected sine wave audio tone.  Thus, the above formula does not apply for tone-injection HSCW operation.


      This is the reason that even the very-high-speed HSCW will fit in the passband of a standard SSB filter.  Of course, misadjusted or overdriven audio or RF stages may cause spurious signals outside of the intended range.  But it has proved to be quite easy to generate a good-quality HSCW signal by tone injection within the approximate bandwidth of a standard SSB filter.





HOW DO I SET UP MY RECEIVER?


For a start - put it in USB, AGC to Fast or OFF, Squelch open, Audio Gain about normal, USB filter, RIT to zero (or maybe +0.5 kHz),  Pre-amp on, IF Shift rotated to give a high pitched no-signal white noise from the speaker, Main Tuning 2 kHz below the ZeroBeat frequency of the schedule (more on this under the "Procedures" paper).  Some rigs handle HSCW fine with the Noise Blanker on, some cannot receive HSCW at all unless it is turned off.  These are general settings.  You will have to experiment to see what is best for your equipment, especially the NB and AGC.  You MUST experiment and learn the characteristics of your receiver.  What works well for someone else on their receiver may not be usable at all on yours.





WHY DO I NEED TO RECEIVE SUCH A HIGH PITCH?


The amount you slow down the keying is also the amount that you will reduce the pitch of the tone.  It is quite difficult to copy a tone below about 200 Hz.  MSDSP allows you to heterodyne it higher in pitch, but with a loss of intelligibility.  SBMS does not have the heterodyne function.  Either way, if you are running at low or medium speed HSCW and can receive at a high pitch, then you should still be able to copy the slowed-down low pitch tone.  A received tone between 1500-2000 Hz seems optimum for most rigs and operators.  Again, you will have to find out what best suits your rig and hearing.





WHAT KIND OF RIG DO I NEED?  WHAT IS ADEQUATE AND WHAT IS BEST?


If your rig is capable of working SSB or CW MS, aurora, or tropo, it is probably capable of HSCW MS.  So even a simple SSB rig should be usable.  There are several additional "bells and whistles" that are especially useful for HSCW.  For the receiver, the most important would be an IF Shift Control, a RIT with a range of +/- 5 kHz or more, and for calling CQ a 2nd VFO or 2nd receiver can be a big help.  


     For the transmitter, the more power the better.  Unlike other modes, doubling the power on HSCW seems to give a 1.4-times increase in the number of underdense pings (while the number of overdense bursts stays relatively constant, the signal simply being stronger).  This is another reason why smaller 144 MHz SSB stations have tended to operate primarily during the peaks of showers, trying to catch the overdense bursts, where they have a much better chance of completing.  An amplifier in the 150-watt range is adequate for much HSCW operation, tho more power, of course, is better.  But if you don't have an amp, try it anyway.  HSCW contacts have been made with as little as 5 watts!


     On VHF, the antenna system is usually the most important piece of equipment.  For MS work it does not have to be large - in fact, an array large enough for EME operation is really TOO sharp for optimum MS work.  You need gain, but not at the expense of having a very sharp front lobe.  The old-timers swore by the 16- and 32-element collinears or a quad array of 5- to 10-element Yagis.  These are still hard to beat for MS!  A single medium-size Yagi (Ca. 14 elements) is a good "modern" choice.


     There are three caveats that must be made here, however.  The first is to use an efficient Yagi design.  Do NOT be misled by "gain" figures as published in some ads and catalogs.  (Catch an old-time VHF Dxer and get them to tell you about the major name-brand Long John Yagi that worked better and better as you took off the directors).  Many of the antenna companies, of all sizes, play the "Gainsmanship Game", as it has been called, trying to lure the less-knowledgeable operator to buy their products.  So as not to recommend specific brands, if you are buying an antenna (for 2 meters) larger than 10 elements, be sure to get one that is advertised for the LOW end of the band, rather than for FM work.  The gains on these tend to be more honest, for the operators who usually purchase these (especially the large ones) already know their capabilities and will shun those with inflated gain figures.  Second, get it just as high as possible.  Then put it 10 feet (3 M) higher!  A high 7-element Yagi will outperform a low huge Yagi array on MS!  And you need this height for everything except EME.  So, before you plan a new installation, consider making it yet a little higher!  And third, use good feedline.  Height means distance from the rig.  For a low Yagi, Belden 8214 foam coax is OK.  But this really is a weak-signal mode.  Consider one of the even better types of coax for longer runs.  (Cable TV coax is often available, in throw-away tails.  You make a 50-to-75-Ohm transformer, and these can also be purchased ready-made.  Or you can make the run a multiple of a half-wavelength.  See the N1BUG Web site for more).  And if you have a really long run, consider a mast-mounted preamp.  However, do NOT install this until you know what you're doing, or you will fry the preamp.  This requires an extra run of coax AND a sequencer, which we can't go into here.  (All EME operators use this).


     And one more note.  While you can't operate HSCW without a method of generating it and slowing it down, don't forget the one absolutely vital piece - the OPERATOR.  A good operator, who has had the patience to teach himself what to do and who has practiced it, can work stations that others can't even hear!  Ultimately, the "nut behind the wheel" is the final bit in the equation of how well a rig will work!





MY AMP FEELS WARMER THAN USUAL.   WHY?


Because on HSCW, the duty cycle is nearly 50%.  On SSB, a trained announcer's voice will produce a similar duty cycle.  But for the average voice, it's more like 20%-30%.  So if you have been trying to squeeze that last watt out on SSB, you may have to back off or add supplementary cooling for HSCW.  Check your rig's manual to see how much power it can handle





WHAT KIND OF COMPUTER IS NEEDED FOR THOSE HSCW PROGRAMS?


At this time, all of them require a '386 or better (the faster the better, of course, but a '486 seems to be adequate for all but CoolEdit which really needs a Pentium for on-air use), VGA monitor, and the usual other items.  Most important for HSCW, and for all the other programs that are of  the "DSP" variety, is a true Creative Labs Sound Blaster audio card.  An SB clone will often NOT work.  This is because all of these HSCW and the other DSP programs (FFTDSP, DSP Blaster, etc.) use the SB audio board for much of the actual processing.  (A late note - the ESS Technologies 1888 chip set also seems to work well.  No more details are available at this time).   These are all DOS programs; and while some will run in a full-screen DOS window under Windows, some will not.


    For more on MSDSP, see the MSDSP section on this Web site.


    For more on the new WinMSDSP 2000 Windows program, see its Manual (Help file).





HOW CAN I CHECK MY SIGNALS?  HSCW IS JUST A MUSICAL BUZZ TO THE EARS!


This can be difficult.  But it is necessary, for several stations have found that their keying was completely unreadable when they first tired to transmit.


     If you have a separate receiver, separate computer, and oscilloscope, it should be rather easy.


     Lacking all that, but having a separate receiver, there are several tests you can make.  Transmit (into a dummy load) and record a snatch of your signal onto audio tape.  A simple hand-held audio cassette recorder is adequate.  Re-cable and play the output of the recorder directly into the computer using one of the HSCW receiving programs.  Slow it down, play it back, and listen carefully.  But it has been found that the ear can copy code which really is not keying well.  So record a snatch of this playback and look at using CoolEdit, Wave Studio, or other audio wave program.  Select several characters and zoom in.  Zoom in and out, looking at the beginning and ending of each dot and dash, and, if using an outboard audio oscillator, see if the space between elements is very close to being the same as the length of a dot.  Do this with several different speeds, especially the higher ones.


     If  you do not have a separate receiver, about all that you can check is the keying from your keyer or computer.  Again (if using a computer), use a tape recorder to record the tones directly from the speaker.


     If there is another Amateur not too far away with an all-mode rig, ask him to record a little bit and play it back, perhaps on FM, over the telephone, or send you a short wave file over the Internet.  Then "receive" this and study it.


     Once you have the obvious problems solved, try to run an "easy" sked with another HSCW operator.  Request him to send you a wave file of at least one strong ping, then load this into your two programs and study them.


     Occasionally check the quality of your signals!  You may have developed excessive hum or other problems as cables have been moved, etc.


     If you hear a problem on another HSCW signal, try to save a wave file of it and send it to him, along with a description of what you heard.  Remember, other operators also have no method of knowing that problems may have developed!  (Note in the "Procedures" that the "U" signal means "Ur keying is defective".  Once you have seen the difficulty of properly checking your own signals, you will appreciate having this signal in your arsenal of HSCW techniques).





I HAVE JUST STARTED USING ONE OF THE HSCW PROGRAMS, AND SEVERAL OF THE HSCW STATIONS SEEM TO HAVE DEFECTIVE KEYING.  WHO HAS THE PROBLEM?


You probably do.  Record a snatch of a high-speed ping or your own high-speed HSCW signal into a playback buffer, then play it back at many different speeds.  (Practice pings and pings of various speeds are also available as wave files on several of the Web sites).  You may find that there are certain speed ranges where the slowed-down speed seems to be very much different than what it should be, and the keying is gibberish.  But when you get the speed into the correct range, it suddenly becomes readable.  You must slow it down the proper amount - neither too fast nor too slow.   





WHAT IS THE BEST TIME FOR MS OPERATION?


In the morning hours, around 0600 local time, that part of the earth is facing the same direction as the direction of travel of the earth in its orbit around the sun.  Thus, not only are meteors swept up which are


heading toward the earth, but the movement of the earth around the sun allows it to catch up with some of the slower meteors and pull them in, also.


     On the evening side (facing away from the direction of the earth's orbit), the only meteors reaching the earth are those which can overtake it.


     The best time for visual observing is considered to be between 2 and 4 am local time. This is because during the season when the sporadics are at their peak (summer), the sky brightness is increasing after 4 am.


     It must be remembered, however, that many or probably most "sporadic" meteors are actually the remains of long-gone showers.  Thus, on a given day, there could be meteors 5 or 6 of these "extinct" showers hitting the atmosphere, causing an enhancement at an unexpected time.


     There is a considerable seasonal variation of sporadics, also, with February being the low month and July being the highest.  (KB0VUK has graphs of this on his Web page, I believe).  Take a look at the number of major and minor showers in the June-September period and the reason for this will be obvious.


     There are also several other factors that influence the number of sporadics, and also the ratio of morning to evening.  But these are not that important.


     The best reference for MS operation is still the second article by W4LTU, reprinted in "Beyond Line of Sight" (ARRL).  This is NECESSARY reading for anyone thinking of MS operation.


     Yes, HSCW is possible any time.  But there are 4 to 6 times the average number of sporadics at 6 a.m. local time than at 6 p.m.   But on a good path, evening operation is quite possible.  (On a difficult path, unless there's a shower peak, I wouldn't try evenings.  Just not enough sporadics).





SOME SAY THAT YOU SHOULD NOT AIM DIRECTLY TOWARD A STATION FOR MS.  WHAT IS THIS ALL ABOUT?


In general, the direct path is used.  There are, however, some special circumstances which would make it desirable to offset the antenna from the direct path.  This may be because of the position of the meteor shower's radiant (and thus, the angle of the arriving meteors) at the time of the sked.  Or, because the other station is less than about 500 miles from you, or there is a major obstruction in the way of the direct path.  Yet another reason is when a really big antenna array (EME-size) is used, which would have a very narrow front lobe.  (In theory, there is a "dead" spot of a few degrees wide in the exact direction of the other station at the optimum sked time).  Since the ionization of the typical trail is about the height of the E layer, it is difficult to work stations closer than 500-600 miles without using side scatter (that is, each station aiming their antennas at a common area of space about 400 miles distance from each).


     This subject is too large to cover further in this FAQ.  A number of very good articles have already been published.  The most important article is the second one by W4LTU, published in QST for May 1974, and reprinted in "Beyond Line of Sight", available from the ARRL.   It is strongly recommended that this article, the one by W9IP, and the one by W1JR be studied.   By the way - the original article by W4LTU, published in the April, 1957, QST, has some fascinating material that has been overlooked in recent years.





SHOULD I ALSO ELEVATE MY ANTENNA, IF THE BURNS ARE AT E-LAYER HEIGHT?


Probably, if you can do so.  The exact amount depends upon the distance of the other station and the amount of offset in azimuth you are using.  Only the first can be covered here.


    For a direct heading, the approximate elevations and distances are:


400 miles, 15 degrees elevation.  600 miles, 10 degrees elevation.  800 miles, 5 degrees elevation.  1000 miles or beyond, 0 degrees elevation.


     When running many daily skeds from central KY to central FL with large antennas on each end, a very definite peak was found at about 7 degrees elevation.  Above 10 degrees or below 5 degrees, the number of pings dropped off considerably.  (Offsets in azimuth were less definite).  On daily skeds from central KY to FN42, there seems to be a peak at about 5 degrees; but it is less definite than the peak on the FL skeds, possibly because of the difference in local terrain in the two different directions.


     For more information on the elevation for various offsets in azimuth, see the W4LTU article and the OH5IY MSSOFT program.





WHAT IS THE DIFFERENCE BETWEEN AN UNDERDENSE AND AN OVERDENSE METEOR TRAIL?


The exact answer depends upon what you mean by your question.  An overdense burn requires a larger meteor, produces a much more densely ionized trail, and produces a much stronger, specular reflection than an underdense burn.


More specifically, "Underdense trails are those wherein the electron density is low enough so that the incident wave passes through the trail and the trail can be considered as an array of independent scatterers.  Overdense trails are those wherein the electron density is high enough to prevent complete penetration of the incident wave and to cause reflection of waves in the same sense that the ordinary ionospheric reflections occur.  A rough sorting of trails into these two categories can be done on the basis of trail lifetime or duration." (Ionospheric Radio Propagation, U. S. Department of Commerce Monograph 80, 1965, p. 356).  Cf. The W4LTU article, above.





SO HOW CAN HSCW USE UNDERDENSE "PINGS" IF SSB CAN'T?


Speed, speed, speed.  For a small fraction of a second, an underdense "ping" may produce a signal which has been reflected from the very head of the trail (where the ionization is most dense) that is quite strong.  These are many, many, times more frequent than overdense bursts, except near the peak of a shower.  Since SSB requires a ping nearly 1 second long to propagate even a small amount of useful data but HSCW can move a large amount of data in only a fraction of a second, and since there are usually hundreds (thousands?) of fractional-second underdense pings for every overdense burst, HSCW is set up to use these very short pings instead of waiting and hoping to catch that once-per-day "blue whizzer".





IS HSCW ALWAYS BETTER THAN SSB?


Nope.  Like everything else, there is a trade-off.  HSCW is far better than SSB most of the time; that is, during non-shower periods.  But near the peak of a major shower, SSB may be more effective.  This is because during a shower peak, there usually are more overdense bursts of 5 seconds or more, allowing SSB to sometimes complete an entire QSO exchange during one overdense burst.  HSCW is not a "break-in" mode, and, in fact, HSCW operators find long overdense bursts to be exciting but unnecessary and even a nuisance!





-----------------------------------------------------------------------------------------------------------------------------


ADDITIONAL NOTES, FROM THE DOS MSDSP "TIPS", WHICH ARE ALSO VALID FOR THE NEW WINDOWS VERSION, WinMSDSP 2000.





Initial startup - If it is running correctly, it will start with an Options box.  


If you don't get this, there are problems with some of the Windows files on your computer and some files will have to be updated or added.  See the Help file (or "Manual" or "Index") for a listing of necessary Windows files and URL's where they can be downloaded).


If you get the Options box, try this for starting - check either the North America or European box, depending upon where you live.  (These settings can later be further modified from the main screen).


Uncheck the Full Duplex (to make it run in Half Duplex mode).  Again, you can test this later.  For the Pixel Density, try various settings between 10000 and 200000.  50000 or 100000 would be good for first tests.  Leave the Sample Rate at 22050 for now, and leave the Space Delay and TX Delay as they are (though you'll probably want to change them when you start running skeds).  For the TX Port, if you're going to use a Com port for controlling the transmit/receive function, be sure and choose the correct port now.  If you have Registered it, carefully type in your Registration Number.  If you do not have a Registration Number yet, it will run, but only for about 15 minutes at a time.   Be sure to also save your Registration Number in a separate text file, preferably in another folder or directory.  If a new version of the program comes out, it will probably require a new .INI file, erasing your old file and your Registration Number.  So be sure to save it separately!


For the TX1 thru TX6 buffers, leave them as they are until you understand how you might wish to modify them (the main screen will show you what you will actually be transmitting from each buffer).   Just remember that there are standard procedures for HSCW, just as there are for anything else.  Those for HSCW are NOT the same as they are for SSB or slow CW; and they are not the same in Europe as they are in America.  However, these procedures are still evolving and changing.  To be sure that you are up to date, see the latest "Procedures" paper on the W6/PA0ZN Web site for North America, or the appropriate Web site for the latest Region 1 HSCW Procedures.  (Remember, the object of HSCW is speed.  Don't repeat already-received information!)





You will now need to read the Help file (Manual).  Note that from the Main Screen you can go back to the Options Menu by clicking on Files/Options.  You can also change the way the program uses your Windows Mixers by clicking on Files/Mixers.  Start with the Default setting.  But you may have to play with these choices, and also with the mixers themselves, if it doesn't work properly with your computer.  The Default setting is correct for most, but not all, computers.


You can also change your Mixer settings by clicking on Tools/Playback Mixer or Tools/Recording Mixer. You will almost certainly have to experiment some here to get everything to work exactly right for your computer.


Yes, there are too many choices.  But this program is doing a lot of things, and several computers would not work correctly with the Default settings.


Also, on the Main Screen there is a check box for Mute on exit.  This controls (partially) how WinMSDSP 2000 leaves your Mixer when you exit the program.  Leave it unchecked at first.


And experiment, experiment, experiment until you find out what works for your computer.


After you get all of this set, you should not have to do it again!  So, at that point, save a copy of your WINMSDSP.INI file as WINMSDSP.BAK.








PHYSICAL HOOK-UP





This program uses a very simple hookup.  However, only approximate component values can be given.  You will need to determine empirically ("cut and try") and see what works best for your particular equipment's needs.   Diagrams of the simplest transmit and receive hookups are available on the W6/PA0ZN and N1BUG Web pages, as well as a slightly "fancier" transmit interface and a PTT interface.   





RECEIVE.  Run a shielded line from the audio output of the receiver to the Line Input of the SB audio board, with a small series capacitor in the line.


You can pick the audio off of the speaker jack, headphone jack, or some other audio output point, depending upon your particular rig and your preferences.  See what works best.


If possible, use the audio board's Line In jack.  This will give you the maximum amount of control.  If the level is too low, try the Mike jack, after dropping the audio to the proper level.





You will want to receive the HSCW signals at the highest practicable pitch (Ca. 1200-2000 Hz) for optimum playback.  To pass these high pitches, help remove hum, drop the level, and remove any DC component, put a capacitor in series with the audio line from the receiver.  The value will have to be determined experimentally.    If you also use the computer with other DSP programs (FFTDSP, etc., which are usually used with much lower tones), you may want to include a two-position switch to change the value of the series capacitor.  You may also want to try an isolation transformer.





PLAYBACK AND TRANSMIT (AUDIO OUT LINES).  You will need a shielded stereo line to hook to the output of your audio board.  One channel is used to carry the tone that goes to the transmitter's mike jack, the other channel carries the receive and playback audio.  The latest version uses the Left Channel for Receive and Playback, the Right Channel for the Transmit Tone.  It is possible that these channels may be reversed on earlier versions of MSDSP and/or with other audio boards.





RECEIVE/PLAYBACK.  Most computers use an outboard speaker and amplifier system.  For the receive/playback channel line, you will need to run a shielded line to the amp.  You will probably want to strap the input of the two channels of the amp in parallel  (mono) for this type of operation.  Most people have found it best to then put a closed-circuit stereo phone jack in the speaker/amp case and plug a pair of inexpensive "hi-fi" headphones (sold everywhere for use with "Walkman" type audio equipment).  If your setup is different or you have other preferences, again see what works best for you.   If you are running high power, you will need to add as much shielding and filtering as possible to keep the transmitted signal out of the audio amplifier.





TRANSMIT.  Run a shielded line from the other output channel's line through a small capacitor to the rig's mike jack.  (If your transmitter has an AFSK or data audio input, you may wish to try this).  Again, the value of the cap will have to be determined experimentally.  Using a dummy load (turn the Speech Processor OFF and leave it off for HSCW operation, if possible), see how hard the mike drives the rig for normal SSB operation.  Hook up the computer's line, set the transmit tone frequency to 2000 Hz, and see how hard the tones from MSDSP drive the rig at the same mike gain setting.  Adjust the series cap, keeping the output from the rig at a slightly lower level than that used for SSB voice operation.  You can also use MSDSP's Mixer to make changes in the transmit tone's level, as well as using the transmitter's mike gain control.  Start with .01 or .001, then experiment.  You may also wish to use an isolation transformer in this line.  (Note - the duty cycle of HSCW is very close to 50%, which is considerably higher than speech.  Even though you have the transmitter set for SSB, the duty cycle is that of CW.  Some rigs will overheat if the power is not reduced).





When you play the transmit audio through an audio amplifier and slow the speed down, you may notice some pops.  When run at normal HSCW speeds, fed thru a series cap, and transmitted, the pops seem to be below the level of the transmitted tones.  Also, the current versions (V 0.70) have some distortion on the transmit tone.  The exact distortion depends on the transmit tone used and also on the SampleRate used.  Experimentation is continuing on this problem, but it is not severe enough to restrict full on-air use of the program.  (Use the highest SampleRate possible with your computer system).  There is also distortion on the playback signal; but this is far below the "expected distortion" of slowing the signal down by many times.  Again, use the highest SampleRate possible.





THE PTT LINE.  The newest versions of MSDSP and also the Windows version allow use of any of the 4 COM ports to key a PTT line.  The COM ports use the RTS line. You will see a voltage change from - to + between RTS (pin 7) and Gnd (pin 5) of 9-pin plug on transmit.  (On a 25 pin plug, RTS is pin 4, Gnd is pin 7).  The voltage and current available between the RTS pin and the ground pin can drive a small NPN transistor.  A 4000 to 10,000 ohm resistor is placed between the RTS pin and the transistor base.  The COM port ground pin, and also the PTT ground, are hooked to the emitter, and the hot (+) line of the transmitter's PTT line is hooked to the collector.  (You could also hook a 10,000 ohm from the base to ground to insure turn-off on receive).  These hookups are about as simple as you can get, requiring no other power sources.   (The 10 mA available from the serial port will also drive a sensitive reed relay through a diode.  This may be simpler for some to use if only one PTT line is needed).





  However, it MUST have a series "safety" switch in the line, or you will be on transmit at times when you do not wish to be!  For other interfaces, see the W8WN Web sites for suggested circuits. 





It is a very good idea to put a switch in the PTT line, even if you are using a COM port, as it is possible for the program to crash or for the computer to lock up in an unexpected way.  That is, the computer could lock up in the transmit sequence with the key down.  Also, pulses are sent to the COM ports at other times.  So include a "safety" switch.  You may even wish to make a transmit interface box to hold the series capacitor for the keying line (perhaps with a switch to give a choice of caps), the "safety" switch, and a manual Transmit switch.  Several stations have found this to be a very useful addition for MSDSP operation, especially if more than one transmitter is used, perhaps for different bands.   A possible circuit is on the Web sites.





On the right side of the screen there is a TUNE button.  Clicking on this button keys the PTT line and also puts a steady tone on the keying line, giving a key-down signal for checking transmitter tuning and peak power output.





RECEIVING WITH MSDSP





If you have the program running, the main thing is to play with it and gain experience.  But your experience will be severely limited without actual on-air HSCW signals to monitor!  While you can learn to use the program, you will find that you are very inefficient until you actually have run two or three schedules.  So print out the keyboard commands, try everything, download some "practice pings" from one of the HSCW Web sites and  experiment with them.  But then get a sked at a good MS distance.  Even if you aren't very sure of yourself or are not really familiar with MS operation, go ahead.  First, though, go the main HSCW Hub Web site of W6/PA0ZN (URL in Introduction section) and download and study the "Procedures" and the two "FAQ" papers.  (If you're in Europe, find the link to the Region I procedures and download that, also).  Then request a sked (on the HSCW Reflector, probably, if you are in North America).  Tell the other station that you are still setting up and need help, and discuss things with him.  Most ops will be very happy to run a series of skeds with you, helping you set up and practice.  If you study the above-mentioned papers and the two of you are able to hear each other, after one or two skeds you should be ready for full operation!  HSCW is no more difficult than SSB MS, EME, or any other weak-signal mode.  But this program (and the procedures) are different than anything else you've tried before.





USING WAVE FILES WITH MSDSP.  Go to the directory where MSDSP is stored.  See if you have a sub-directory named WAV.  This is where all wave files will be stored.   Most of the HSCW Web sites have some HSCW pings saved as .WAV files.  Some of these are sample signals from QSOs; some may be from historic North American HSCW QSOs; some may be exceptionally good pings; or some may be weak, short, hard-to-copy "typical" pings loaded especially for practice.  Download several of these, of different types, speeds, and strengths, and move them to the WAV subdirectory.  You can use these to practice copying and setting the proper playback speeds and tones, for the signal will sound very different from what you are used to!  (For example, you will find that the background noise has a very "filtered" sound).





RECEIVING with MSDSP is simple.  Set the receiver's audio level,  not too loud.  The noise trace on the Receive buffer box should be about 1/4" wide.  Much louder, and it will distort on strong pings.  (On the later versions, you will not have any Receive audio until you put the program into the Record mode).  Be sure that you're on the correct frequency (two kHz lower than the Zero Beat frequency of your schedule - see the Procedures paper for more on frequencies) and in USB Mode, and set the receiver's IF Shift for high-pitched white noise.  Set the Playback Speed and Tone.  The playback speed setting will depend upon the transmit speed used, your abilities, and how good the signals are.  So you will have to experiment with this.  For 4000 lpm, try a speed reduction of about -30x to -40x for a start.  The playback tone you use will depend upon many factors; try about 400-800 Hz to begin with.  Go to the Main Receive Buffer, if you are not already there.  You may want to hit Delete to clear the buffer.  Hit "R" to start recording.  When you hear a ping, IMMEDIATELY hit the Space Bar to mark it.  You will see a box starting about one second before the location of the ping and extending for about another 15 seconds in the Main Receive Buffer.  When the ping has disappeared, hit the Enter key to copy the marked portion into the next open small buffer.   (See the Manual for other keystrokes and keyboard routines).





If a ping catches you by surprise and you fail to mark it properly, you can still save it.  Put the Mouse Pointer just before the ping, hit the Left Mouse Button to Mark it, then hit Enter.  Or, if you marked it with the Space Bar, but marked it too late, first put the mouse pointer just before the ping, move the mouse past the end of the ping, and then hit Enter to put it into the next available buffer.  This is one of the reasons that actual on-air operation is the only type of practice that will actually give you a true feeling for HSCW operation.   (For the DOS version, the Space Bar works best.  For the Windows version, the Mouse works best.  But both work well for both versions).





When it is time to transmit, hit the proper number key or use the mouse and  left-click on the proper Send box (recording stops automatically).  (Here, note that the methods of choosing which buffer you transmit differ just a little between the DOS and Windows versions.  See the respective Manuals, and play with it).  If you have saved one or more pings, then hit the proper Function key to bring up that receive buffer.  If you know that you have a particularly good ping, start with that buffer.  Otherwise, start with the LAST filled buffer and work back.  There are two reasons for this - you have only 8 small buffers available (10 in the Windows version), and you will have trouble remembering which buffer contains the last received pings if you already have several buffers in use and you start with Buffer Number 1; and second, the station may very well have changed his message content during the last half of his transmit period, depending upon what he has just received.  So start with the last buffer and work back toward the first.  If you get more than two or three pings per minute, you will tend to fill up all 8 of the receive buffers until you get more on-air experience.   If the screen takes too long to update when you are changing and clearing buffers, go back to the MS_DSP.INI file (DOS version) or Options (Windows version) and change the PixelDensity to something lower.   The higher the Pixel Density, the easier you can see pings on the screen.  But the program updates slower.  I prefer 100,000.  Try values between 10000 and 200000 and see what works best during actual schedules.





NOTE - You must be sure that your Playback speed is approximately correct for the transmit speed being received.  It has been found that if you try to decode HSCW and you are set up much too fast or too slow, not only will not be able to copy the code, you will not even be able to tell whether they are sending much faster or much slower than you are trying to receive!  For starters, try 10x for 1000 lpm, 20x for 2000 lpm, 30x for 4000 lpm, 60x for 8000 lpm, etc., then adjust it for what you need.





When you bring up a receive buffer, you should see the little pip representing the ping.   If it is right at the very beginning of the buffer, hit "P" and Play it.  If it is in very far, put the mouse pointer immediately before the pip and hit the RIGHT mouse button.  This should mark the spot so that you can use the "I" key to Pick and play back from that location, thus saving considerable time.  Note that you can use the mouse to change speed, change tone, play at full speed, play without heterodyning the audio tone, etc.  You can also use the Middle mouse button to toggle both speed and tone (see the Manual for more).  When you have copied everything available from that buffer and are through with it, hit Delete, move to the next buffer, etc.  





 TRANSMITTING WITH MSDSP





 First, while in receive mode, edit the call of the other station into the "To Radio" buffer (done from the main screen, not from the .INI file), by left-clicking on the proper box and typing in the correct data, etc.  If you are expecting to send a different report from the one in that buffer, you may wish to go ahead and edit this buffer for the expected report.  The "two-number" report is most commonly used on HSCW.   Set the Transmit Speed to the correct value.





At this point you must know what to send, and when.  The procedures are similar to other MS operation.  But because the one-minute period is commonly used, the method of stating who goes first must be carefully observed (never use the terms "odd" or "even" "minute" or "period", as they can be confusing).  It is strongly recommended that you print off a copy of the Procedures paper, found on the main HSCW Web site.  Note, of course, that there are several differences between these procedures and the European HSCW operation.





To change from Receive to Transmit, hit the proper Number key or click on the proper Send button.  You will start with 1, of course, with the two calls.  If you have received pings, change to the small receive buffers and play them back at the proper speed.





AUTOMATIC CHANGE-OVER BETWEEN TRANSMIT AND RECEIVE WITH THE PTT LINE





The latest versions of MSDSP allow the computer to automatically switch between Record and Transmit.  If you do not have it set up to start in automatic, click on the box in the lower left hand of the screen until the 1 minute period comes up.  When the proper minute for you to receive comes up, hit the "R" (Record) key.   The keystrokes are slightly different between the DOS and Windows versions - see their respective Manuals for more.





Remember that the duty cycle of HSCW is considerably higher than SSB.  If you have been running your amplifier at its maximum ratings on SSB, you will need to reduce your power in order not to overheat anything.  Consult your transmitter's manual for more.





PRACTICING WITH MSDSP





After you have MSDSP set up and running, check your transmission characteristics, as outlined in the "Semi-Technical FAQ", if this is possible.  Play with the program to become familiar with its operation.





You should also download CoolEdit (see the K0SM Web site for info on it).  It is a very valuable tool for checking your receiver's passband, checking the other stations keying, looking at the extreme amount of flutter present in most longer underdense pings, etc.





But don't practice very long!  Once the program is running and you can make the various parts work, make some skeds!  The only way you will really become familiar with it is to actually operate with it on the air.  Start at a comfortable speed (2000 lpm).  When that is easy, move to 4000 lpm.   (In North America, schedule speeds typically are 4000-8000 lpm.  Above about 10000 lpm the S/N ratio becomes poorer, and some rigs do not do as well). 








------------------------------------------------------------------------------------------------------------------------------


YOU RECOMMENDED THE ARTICLES BY W4LTU AND W9IP.  WHAT ARE OTHER GOOD ARTICLES ON MS, METEORS, ETC?


Here are some more references on meteor scatter, as contributed by a number of people.  They are by NO means complete.  But start with the ones by W4LTU, W9IP, and W1JR (below):


     Many issues of the old VHF Horizons magazines.


     A number of the VHF columns in QST and CQ magazines.


     J. Reisert, W1JR has an article on MS with a good reference list in Ham Radio, June 1984.


     Handbook of Visual Meteor Observations, the International Meteor Organization.


     Ionospheric Radio Propagation, published by the National Bureau of Standards, 1965.


     Diurnal variations in forward-scattered meteor signals, C.O.Hines, Journ. of Atmospheric and Terrestrial Physics, 1956, vol. 9, pp. 229-232


     Proceedings of the IRE, December 1957, p. 1642-1743.  This is 100 pages on MS! The old bible on MS and highly recommended for the MS operator, if you can locate it.


     Radio Propagation by Reflection from Meteor Trails, George R. Sugar, Proceedings of the IEEE, February 1961, p. 116-136.





