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accumulations of soft slab exist on North through East to South-East 
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information even when the wanted signal is well below the general noise. The threshold at which each 
mode starts to falter varies. 

Under almost all HF propagation conditions there will be a degree of signal strength variation. 
This may be very slow (fading) or quite rapid (flutter) and can vary in depth (the difference between the 
highest and lowest signal strength). Over long distances, when a sky-wave signal path exists between 
transmitter and receiver, strengths will change as the reflective layers of the ionosphere vary in their 
position and electrical make-up. However, it is also likely that more than one reflection will occur 
simultaneously so that constructive and destructive interference is caused at the receiving location. 

Selective fading 

The major problem for data reception is that there can be small time-of-arrival differences between 
concurrent paths leading to an effect known as selective jading, where individual frequencies cancel 
across the audio spectrum in a 'sweeping' sound well known to HF broadcast listeners [see Figure 4]. 
This can halt reception when the wanted frequencies are cancelled out. 

Figure 4: Selective Fading 

This is an actual waterfall display ofa commercial data station in the 2MHz range. The diagonal lines 
show frequencies at which there is cancellation, sweeping downwards across the audio spectrum in time 
and giving the characteristic 'flanging' sound to the signal. The vertical lines are the data signal itself 
Modes that send the data more than once over time, or offer the same data in more than one place 
across the audio spectrum, do well under these conditions. 

Delay effects 

At very short ranges, the direct ground-wave path can be very stable but only if it exists in isolation 
(such as 1.8MHz during daylight hours). However, over medium distances it is often the case that sky­
and ground-wave paths will coexist (an effect known as multi-path), and the difference in arrival time of 
the two signals can be anywhere between 5ms and 20ms. This can have a serious effect on the 
synchronisation of data. 

When the ionosphere is very disturbed, such as when subjected to major solar activity, violent 
changes can bring about the Doppler effect. This in tum can cause phase modulation. Even if the 
changes are very small, this will badly affect those modes that rely on phase coherence. It is particularly 
troublesome to the slower modes. 

Noise 

HF circuits can be subject to random noise. There are several categories of noise, all of which can affect 
the performance of data modes. 
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Steady broadband noise, due to natural solar effects, adds to the hiss inherent in all of the 
electrical circuits of the equipment being used. Man-made radiation, such as from domestic equipment, 
industrial plant and the electricity supply network, also provide a constant background noise level. One 
problem connected with broadband noise is that it can mask the very weak data signals, making it hard 
to tune the receiver to the correct frequency on visual 'waterfall' displays. In general, narrow-band 
modes tend to perform better in broadband noise conditions. 

Noise that is only present from time to time is known as impulse noise. The most prevalent 
natural source of this at HF frequencies is lightning discharge. The same attributes of the ionosphere 
that allow signals to travel long distances mean that the 'static crashes' from lightning can also be heard 
from all over the planet. 

During a burst of lightning noise, a data signal may be completely overwhelmed for a brief 
period. Therefore, the best modes to use are those that can keep synchronisation during a momentary 
disappearance ofthe signal. Another key issue is how quickly a data decoder can re-lock to the data 
bitstream after it has been temporarily masked, in order to minimise the loss of information. Lightning 
impulses can also produce very high signal readings in radio receivers. It is therefore important that the 
AGe of the receiver is appropriately set, so that it is desensitised for the minimum amount of time. 

Man-made sources of impulse noise include vehicle ignitions, arcing thermostats, power tools 
and certain broad-spectrum military transmissions. 

Many modern radio receivers have special facilities to reduce both wide-band and impulse noise. 
However, as outlined in Appendix A, some data signals can appear remarkably like noise to these 
circuits. Very careful use of these facilities is therefore recommended, otherwise the very signal 
required might be digitally erased! 

5. Efficiency (RF bandwidth and Duty Cycle) 

Different data modes modulate the transmitter in very different ways. 

Spectrum efficiency 

One area of efficiency that needs to be considered is the economic use of radio frequency bandwidth. 
This mayor may not be an issue, depending on the status of the channel being used. Both from a social 
point of view as well as for limiting the possibility of interference from other users, the less space taken 
up the better within a busy amateur band. Conversely, if a dedicated channel is in use, the bandwidth 
taken up should maximise the allocated segment. As a general rule, the more bandwidth used the greater 
the data rate and the more error correction can be redundantly applied. 

Average transmitted power 

Another area of efficiency is the demand made upon the radio transmitter. The duty cycle of the 
equipment refers to the ratio of receive, stand-by [3] and transmit. In broadcast applications, the system 
is effectively transmitting all of the time. But this .is not the whole story! 

Some modes produce constant amplitude, which means that the transmitter is continually 
generating power output. This requires a more robust amplifier stage than when using modes that have 
periods when no power is being produced, such as normal voice transmission. Indeed, it is a fact that 
virtually all data modes place a heavier demand on the transmitter than speech. 
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It should also be noted that the average power developed by any particular signal is related to the 
bandwidth used. Therefore, the estimation of average power output is the best way to assess the 
efficiency of a data mode. 

Measuring power output from a radio transmitter when sending data is a distinctly tricky 
business. Even the top-range RF meters are likely to be set up for measuring speech-like signals. This 
is the case because the data signal can be very complicated; particularly when multiple tones are used 
and which are not necessarily present all of the time. Note, for example, that when data is being 
transmitted there is a marked difference in output reading as the meter movement is switched between 
'fast' and 'slow' ballistics. This is because the former is attempting to react to instantaneous peaks 
while the latter is damped to provide more of an average reading. The only true measure of power 
output is to generate a single sine-wave tone for setting up the transmitter. Alternatively, some data 
modes effectively produce this, but mostly when idling only. 

In practice, the greater the average power, the higher the temperature of the heatsink, a large 
metal flange with vanes that dissipates heat away from the output amplifiers. This is because heat is the 
principal unwanted by-product of the wanted radio frequency energy, produced as a result of 
inefficiency in the amplifier components. Over time, the risk of damage to these is clearly greater if the 
transmitter is being driven close to its upper power limit. Unlike most commercial transmitters, amateur 
equipment is not usually designed to operate continuously in this way. A cool heatsink is a sign that the 
transmitter is not being overworked. Perhaps it should be remembered that a doubling of output power 
is only an improvement of 3dBW, so it will always be best to keep output powers to a minimum. 

Excessive output powers also place heavy demands on the supply to the transmitter; this may be 
an issue if a limited, temporary source of power is being used (such as a generator). 

Operating at maximum power output for speech is acceptable because of the large gaps between 
human vocal sounds, allowing the amplifiers to rest. The transmitter is designed to work continuously 
under this sort of demand. Data modes generally do not exhibit such gaps and this must be coupled with 
the fact that in a broadcast station the transmitter will be constantly sending for many hours. Therefore, 
a good rule of thumb would be to use the minimum drive necessary to guarantee good communications 
and never more than 50% of the full output power available. Fortunately, as has already been discussed, 
data modes lend themselves to lower power output requirements than speech due to the excellent 
sensitivity of the receiving software. 

[3] 'Stand-by' is a somewhat historic term these days and reflects the situation that prevailed when equipment tended to be 
fully transistorised on receive but still used valves to produce the high energies required for transmitting. 'Stand-by'referred 
to the state where the valves were energised (i.e. power supplied to heaters and plates in preparation for going on air) but not 
yet actually transmitting. This state would draw more current than simple receive, but not as much as full transmit. 

6. Ease of operation 

Unlike the more stable environment ofthe home amateur radio station, operators may not be as 
acquainted with the set-up encountered in the field. The equipment may not be theirs. Unfamiliar 
hardware and software need to be quickly mastered. Therefore, the simpler the function and the more 
tolerant the particular mode is to minor operational errors, the better. 

Software issues 

It is best to start by admitting that virtually all of the software presently available for operating data 
modes leaves a lot to be desired in terms of the human interface. The thrust of the program is to control 
the data mode, often leaving the actual information handling at a fairly rudimentary level. These are 
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matters that could be resolved by writing improved operator interfaces. However, most current 
packages cope well with the Windows style of 'drag-and-drop' where text from an external file can be 
highlighted, copied, then pasted into the sending box of the coqununications program and vice versa. 
Luckily, this is a comfortable operation for the basic computer user. Conversely, importing and 
exporting binary files can be a bit cumbersome; yet an understanding of these processes is vital to 
manipulating the User's information. 

Control of the radio 

The ease with which different data modes can be used on the air varies considerably. For example, 
some modes can only be decoded when the receiver is selected to the appropriate sideband; others are 
not concerned with this restriction. 

It is probably the matter of correct tuning to the radio frequency signal that can make all the 
difference between total success and utter failure. Many data modes occupy minimal bandwidth and use 
small phase or frequency changes to represent the digital information. To discern these fractional 
changes, accuracy of tuning is vital. It is equally important that frequency drift, a problem with older 
equipment, is minimised. This may be achieved by the replacement of components, such as a high 
stability crystal in the master oscillator. 

Those unused to data modes can be initially confused by the fact that it is not always necessary 
to tune the radio critically. This is because the software examines the whole of the speech bandwidth 
available to it, some 3000Hz or more, in which there could be as many as thirty separate narrow-band 
data transmissions happily existing side-by-side. So to determine which bitstream to focus the decoding 
software upon, the operator tunes the computer up and down the audio spectrum rather than the radio. 
To aid the operator, most modes include an audio AFC (automatic frequency control). This allows the 
program to track any small changes in the carrier frequency of the signal and to home in the decoder 
when it is not quite correctly tuned. However, the radio/computer combination must be fairly accurately 
tuned to the wanted bitstream to begin this process. Once this has been achieved, the AFC should 
compensate for any slight drift of the signal. 

A problem often arises because the strength of the desired signal is so low in level that it can be 
very difficult for the operator to identify it on the computer waterfall display in amongst all the 
unwanted signals and noise. Some modes require precise tuning before any meaningful data is decoded; 
others are quite tolerant of tuning inaccuracy. In terms of getting going, this is important to the 
operator's enthusiasm! 

It is also to be noted that modes which employ time-based interleaving may be being received 
quite perfectly yet the resolved text may take many seconds to appear on the screen. Receiving 
operators need to be disciplined in waiting for a sufficient period otherwise there is a danger of making 
tuning adjustments just as the required data starts to emerge. 

Some of the wider bandwidth multiple-tone modes are particularly difficult for the human to 
interpret. Not only do they sound like noise, they even look like noise when examined in both the time 
and frequency domain! At low signal strengths, there is no discernable difference between the signal 
and the noise. To an extent, this problem has been worked around by agreeing accurate carrier 
frequencies for operation. 
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7. Compatibility and adaptability 

Are there compatibility issues when the sending and receiving ends use different emulations ofthe same 
data mode? How possible is it to adapt (or even modifY) software to meet the needs ofemergency 
communications? 

Different versions of software 

Although a single person or group will have developed the original software code, for any given data 
mode it is likely that there is more than one computer program that is licensed to include it. Where this 
is the case, there may be differences in the operational presentation of the mode. Although the 
fundamental encoding and decoding routines are likely to be fixed and protected from modification by 
copyright, other features mayor may not be included in the new emulation. For example, MT63 has the 
facility for a secondary channel running simultaneously alongside the main channel. This can be put to 
a variety of uses, such as the generation of a continuous identification or beacon. However, this is not a 
prime function of the mode and therefore some software provides for it and others do not. The option to 
transfer binary files, such as higher-level documents or spreadsheets, is similarly at the whim of the 
programmer. 

Although there are key parameters, such as bandwidth or baud rate, that are always user­
adjustable, the more comprehensive programs may allow more fundamental values to be altered. 
Although this improves flexibility, it can also provide a trap for the less well informed. Changing these 
values has the potential to render the data mode unworkable and there is not always a simple method of 
reverting back to the 'standard' settings. It is therefore important that the unwary are taken in to account 
by the programmer should they stray in to these areas of the configuration. 

For example, some programs offer the option to alter the master synchronisation clock of the 
program. Of course, it is vital that this is treated with extreme caution. Likewise, some software offers 
an interesting selection of soundcard-based DSP filters. It is very unlikely that any adjustments to these 
will improve reception. 

As has been previously discussed, the editing and file handling facilities of much of the present 
software are basic to say the least. It is interesting to note how different the operator's impression of the 
data mode can be, depending on the quality of the interface they see and have to work with on the 
screen. 

Software adaptation 

Adapting software to suit the needs of emergency communications is a challenge that has yet to be 
mounted. Many of the packages presently available have a 'contest configuration' that changes the 
priority of the screen and keyboard function away from casual amateur use, to make operations as quick 
and easy as possible for the contest enthusiast. At the speed of contest operation, factors such as rapid 
logging and the provision of single-key shortcuts to pre-programmed text macros become very much 
more important and are therefore enhanced. 

Regretfully, an 'emergency configuration' has not so far appeared. One could envisage that this 
might include improved file handling, a message precedence regime and tracking logs. It remains a 
matter of convincing the programmers that embarking on such a redesign is worthwhile. 

Alternatively, it might be more useful to create a separate program that does all the things that 
emergency communicators require, but then automatically exports the material for transmission to a 
standard data package in the form of a 'task list'. Using a separate preparation program would have the 
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advantage that message preparation could take place at any time, whether or not the communications 
program was runnmg. 

8. Reliability 

When great reliance is placed in the chosen software it is important that it does not 'crash' and that it 
runs well on a variety ofcomputers. 

Software for data communications should configure easily and should not place overdue demands on the 
resources of the computer. Although PCs are becoming much more powerful day-by-day, some of the 
more complicated data modes can still stretch a modest machine. This is particularly true if other 
software is simultaneously running on the one computer. 

The configuration settings of the data program can radically affect how much processing time it 
claims of the PC. For example, most data programs show the received signals as a waterfall display. 
This is a continuous, and often colourful, rolling image of the audio spectrum that allows the operator to 
guide the decoder to the desired signal. It is vital to successful operation. However, it is also usually 
possible to alter the size of this window and should it be made too large this can cause the computer to 
act unpredictably as it struggles to create the picture. The speed of the waterfall display should also be 
kept to a minimum, for the same reason. 

Another disturbing result of making too great a demand on the computer is that the transmission 
or reception of data is momentarily halted. When transmitting, the effect can be a break in the bitstream 
caused by the processor becoming overwhelmed by another task - the saving or opening of a file for 
example. This could be catastrophic as the brief loss of synchronisation at all of the receivers could 
cause data to be misread. To give the machine the best chance of performing at its optimum, unwanted 
programs that are running in the background should be closed down. 

9. Availability 

Is the software easy to obtain? 

Luckily, most of the data programs can be downloaded from the Internet without cost. This is more 
generally true of the smaller, more basic offerings that tend to concentrate on a few modes only. The 
bigger packages, offering all of the popular data modes side by side in one suite, tend to require a small 
registration fee. This really is a small price to pay for the benefits received. Using the more 
comprehensive programs gives the user total flexibility to jump quickly from one mode to another 
within an integrated environment where many ofthe useful user-set features carry across. 

This having been said, there are advantages to using a smaller program. Concentrating on a 
single mode is likely to tailor the whole presentation to the most suitable configuration and the demands 
on the computer processor are likely to be less. 

Without doubt, the wholesale introduction of a particular mode as being the most suitable for 
emergency communications is unfortunately likely to depend upon minimal cost as much as its technical 
merits. If the software needs to be widely distributed, suggesting a program that is not free of charge 
could thwart progress. This could therefore exclude some of the bigger packages, which may be 
unfortunate when it comes to ultimate flexibility in the field. 
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RESULTS OF EXPERIMENTS 

To support the on-air testing already described, desk-top experiments were also set up. These used the 
CoolEdit Pro program (see Appendix B), a professional audio editing package used by broadcasters for 
the preparation of sound files. This facility has a multitrack window in which individual sound files can 
be mixed together. For example, by using this feature it was possible to add background noise to a clean 
data signal. 

Great care was taken to ensure that the original data tracks were distortion-free. Then, through 
use of the CoolEdit parameters, it was possible to deliberately modify the audio waveform to introduce 
effects that might be typical of a real installation. For example, it was possible to apply small delays to 
one signal then add this back to the original waveform in varying ratios, thus emulating a multi-path 
effect. It was also possible to cause shifts in pitch and to superimpose several data signals on top of one 
other. 

Figure 5: Computers testing the data modes 

The author's test/acility. The soundcards ofthe two pes have been joined together. IZ8BLY MT63 is 
seen on the left-hand screen, while MIXW2.1 0 MFSK16 is running on the right-hand machine. 

As well as from sources already within the software, such as white noise or sine-wave tones, 
several actual recordings from HF receivers were also made. These provided realistic tracks of 
background noise, impulse noise such as lightning, and splattering SSB speech! For many of the desk­
top tests, the soundcards of two PCs were joined together [see Figure 5]. 

1. Accuracy (error correction) 

BPSK31 and QPSK31 

BPSK31 uses no error correction, but this mode champions the advantage of small bandwidth. The later 
development of QPSK31, with four phase states to play with, allowed the addition of convolutional code 
error correction. This technique uses extra information to describe a past history of the data, allowing 
some reconstruction to occur. Unfortunately, QPSK31 is also more susceptible to phase errors, 
something common over HF paths, thus this somewhat reduces the impact of the improved error 
correction. Comparing QPSK to BPSK over more stable paths, however, shows QPSK to be a better 
performer. 
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MFSK16 

MFSK modes also use a convolutional code error correction for strong FEe. Time interleaving is also 
employed. Together they make this mode about the most sensitive receiver available. Perfect copy is 
possible deep into the noise. 

MT63 

MT63 is perhaps the most elaborate user of error correction techniques. It uses a Walsh function that 
spreads the data bits of each character across all 64 of the tones of the signal spectrum and 
simultaneously repeats the information over a period of 64 symbols within anyone tone. This takes 6.4 
seconds. The combination results in superb impulse noise rejection. At the same time, in the frequency 
domain, significant portions of the signal can be masked by unwanted noise or other transmissions 
without any noticeable effect on successful reception. Transmission speed is good because there are so 
many individual tones to describe the information, while the individual symbol rate per tone can remain 
slow (which is good protection against ionospheric disturbances). 

Binary fIles 

The IZ8BLY version of MT63 allows the attachment of binary files, but MIXW only allows the 
importation of text files. The MFSK16 routine of MIXW will allow pictures to be sent and received. 

2. Data rate 

BPSK31 and QPSK31 

Both the bi-phase and quad-phase versions ofPSK31 are similar in many respects. They both use a 
varicode encoding technique, meaning that the length of the bit-word that describes each ASCII 
character is not the same. The most popular characters (such as 'space' and the letters 'e' and '0') have 
much shorter codes than the characters that are used more infrequently. This does mean that the data 
throughput is faster than might have been predicted but is still not particularly rapid. 

MFSK16 

As has been stated, this mode uses a combination of interleaving and convolutional coding. The 
application of these error correction systems approximately halves the potential data rate. It must also 
be stated that the interleaving exercise results in a six-second delay between reception and the decoded 
text appearing on the screen. 

MT63 

The much greater bandwidth of MT63 permits high data rates to be achieved. However, as detailed in 
the EASE OF OPERAnON section below, the amount of error correction leads to significant delays 
between the signal being received and the data being decoded. This can lead to confusion and frustrated 
adjustment of the equipment, even though there is actually nothing wrong with the system! 

MT63 at 2kHz bandwidth is extremely fast and really does not lend itself to manual typing at the 
keyboard. At this setting, text should be prepared in advance and then 'cut-and-pasted' into the 
transmission window. The speed performance ofMT63-2K is also much more practical for the 
attachment of binary files. 
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Table 1 summarises the findings. It is based on the many occasions when the Radio Society of 
Great Britain's GB2RS new bulletin has been transmitted on 1.8MHz and 5.0MHz by the author, using 
all of the modes of interest here. 

MFSKIQPSK31 BPSK31 MT631K MT632K
6 

Transmit 
time 

40 76 76 76 67 41 19(mins) 

[a] 

Symbol 
rate 50.000 31.250 31.250 15.625 

(baud) 

Words 
100 approx. 35 4035 200per min. 

Delay 
RX-TX o 2.0 6.0 

(sees) [b] 

Table 1: Data Rate Comparison 

[a] This is the time taken to transmit a typical GB2RS news script, including the main news, propagation update and local 
items. 

[b] This is the time that elapses, under typical conditions, between a character being typed at the sending end and it 
appearing on the screen at the receiver. 

3. Weak signal performance 

Steady-state noise test 

To explore the relative performance of the modes, a clean test transmission was recorded for each mode. 
This consisted on a ten-second idle period, followed by the transmission of the following text: 

"When transmitting data it is vital to set up each point in the audio chain to prevent distortion 
and non-linearity. " 

Using CoolEdit Pro v2, each mode in turn was 'transmitted' to a second computer on which 
data-decoding software was running, but with white noise added. The signal level of the wanted data 
signal was gradually reduced until the text started to garble, continuing until the original text was 
unrecognisable. At all times, great care was taken to eliminate any phase or level distortion during the 
tests. 

Table 2 shows the results. The green portions of the table indicate perfect reception. The 
yellow portions represent text containing some errors. Text that is too garbled to be recovered by human 
interpretation is coloured red. 
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Table 2: Weak Signal Performance 
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Notes to Table 2: 

The signal-to-noise ratio given indicates the level of the wanted signal below the noise level. This relates to the full audio 
spectrum and therefore does not necessarily correlate with the signal-to-noise reading given by the data mode program, which 
is only measuring the ratio within the bandwidth of the mode in use. 

For the purposes of this test, the data squelch facility of the receiver was switched out. MT63 displayed some interesting 
characteristics in this situation. Firstly, random characters would appear on the screen that appeared to be an attempt to 
decode the white noise alone. However, as soon as an idle signal was detected, the random character generation ceased. This 
splurge of unwanted characters at the beginning of the transmission has been removed from the table for the sake of brevity. 

At very marginal signal strengths, it appeared that a suitable setting ofthe MT63 receiver data squelch threshold could not be 
found. In this situation, it was possible to decode quite accurate text that would otherwise have been muted by the use of the 
squelch. The disadvantage of operating like this would be that whenever the signal truly dropped into the noise, beyond any 
chance of decoding, a significant number of random characters would be printed. 

It is interesting to note that MFSKl6 perfonned exceptionally under these conditions [see Figure 6]. Even more impressive, 
perhaps, was the fact that good copy was maintained down to a very low signal level, then, within a decibel, the receiver 
printed virtually nothing. This is in stark contrast to the perfonnance ofMT63 at these marginal levels, as described above. 

Figure 6: MFSK16 and noise 

Note how difficult it is to identify the signal once the idle tone disappears as data transmission commences. This is a 
disadvantage o/using MFSK16. 

At marginal signal levels, it was noted that both PSK31 variants would produce random characters that appeared to be an 
attempt to decode the random noise. 

The weak signal tests were also extensively carried out on the air. The same short message was 
transmitted in quick succession to a number of stations located all over the United Kingdom. With each 
transmission, the power output used was reduced by 3dB. The results married well with those shown in 
Figure 3. 

4. Tolerance to interference 

Impulse noise test 

This test was similar to the steady-state white noise test above, but this time the noise source was of the 
impulse type. To create this, HF receiver noise was recorded with the author generating random bursts 
of noise, some short, some long, using an electric drill nearby. The result was a reusable track of band 
noise plus short static bursts not dissimilar to lightning. 

The relative levels of the steady-state receiver noise against the wanted data signal were set to 
the lower threshold of perfect copy. The impulse noise was therefore an occasional additional burst that 
was likely to mask the wanted signal. 

BPSK31 and QPSK31 

The minimal bandwidth of these modes appeared to be an advantage, because the wideband noise made 
relatively little impact across the spectrum of the wanted signal. The bursts of noise tended to produce 
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unwanted characters. Longer bursts were more disruptive than short stabs. Errors in reception 
coincided closely in time with the noise bursts, but both modes recovered almost immediately after the 
noise had gone. This was probably due to the lack of error correction in BPSK31 meaning that it was 
making no pre- or post-noise error calculations, although the performance ofthe quad-phase version was 
only vaguely better. 

MFSK16 

The time-based interleaving of this mode coupled with the noise-rejecting small bandwidth allowed 
MFSK16 to out-perform all of the other modes. Reception was highly immune to short bursts of noise. 
However, the longer bursts (there were a few lasting approximately three seconds) took their toll and it 
was noticed that MFSK16 was slow to recover in this situation, taking typically two seconds to 
resynchronise. As previously, it was interesting to note that the difference in signal strength between 
perfect copy and virtually unreadable text was just 1dB! 

MT63-1K and MT63-2K 

Due to the time-based interleaving, both modes fared well against even the longest bursts of noise. 
Interestingly, despite utilising double the bandwidth (and therefore theoretically being more 
disadvantaged by the broadband noise bursts) MT63-2K performed better than the 1kHz version. 
Perhaps this was due to the higher baud rate, allowing more data and error correction bits to be passed in 
the gaps between static bursts. 

It was obvious that with both versions there was considerable error correction being used. This 
manifested itself in the very long delays experienced between the signal being received and the text 
appearing on the screen. 

It was noted that there tended to be a gap in copy rather than a significant generation of 
unwanted characters at the point of a sudden noise burst. Perhaps this was because the receiving modem 
would have been fully synchronised up until the start of the burst. This was in contrast to the effect seen 
when the MT63 decoder was exposed over a period oftime to random white noise only, when a large 
number of unwanted hieroglyphics were seen to appear. 

Common to all modes was the observation that the longer the wanted signal was not present, the 
more data would be missed. It is worth restating that the need for a fast AGC recovery on the receiver 
during impulse noise conditions leads to more complete reception. 

PSK31 at -24d.B
 
"When transmitting data it is vital t set u enc=i< in ree audio ctaaAto prevent dintortion and non-lineare yr"
 

QPSK31 at -19dB
 

"When transmit mg data it is vital taEet ea- point in the audio chaia to prevent distorOel and fn-linearimo"
 

MFSKl6 at-25d.B
 

"When transmitting data it is vital to sej point in the audio chaiuxrevent distortion and non-linearity."
 

MT63-IK at -12dB
 

"When transmitting data it is vital to setDup njc5 point in the audstortion and non-linearity."
 

MT63-2K at-14dB
 

"Whentransmittirg Data it i set up each boint6in the audio chain to prevent dist;rtion AnI nWn-lin]"
 

Impulse noise performance 
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Selective Fading test 

In order to provide precisely the same conditions to apply to each mode, CoolEdit Pro was used to 
generate a mixture of white noise and the wanted data signal under test. The relative levels were then 
set so that the lowest threshold of perfect copy was found. Then, each waveform was individually 
subjected to a flanging filter (usefully called "Short Wave Radio" by the software!) with the parameters 
set to mimic the sweeping cancellation characteristic across the spectrum known as selective fading [see 
Figure 7]. 

Flanged White Noise parameters:
 

Sweep Period - 3s
 

Delayed signal- delay 5ms
 

Mixture - 60% original, 40% delayed
 

Figure 7: BPSK31 and noise subjected to the "Short Wave" Danger 

The black diagonal bars are the frequencies at which cancellation is occurring. It can be seen that as 
the sections ofcancellation sweep downwards is frequency through 1500Hz there is noticeable 
destruction ofthe PSK waveform. 

BPSK31 and QPSK31 

Both versions ofPSK3l suffered badly from the cancellation effects of the selective fading. The small 
bandwidth worked against these modes because there was effectively almost total removal of the signal 
at times, punching significant holes in the bitstream. With no interleaving to rescue the situation, the 
result was catastrophic, reducing perfect copy to virtual unintelligibility! However, the ability of these 
modes to recover quickly outstrips the others. 

MFSK16 

This mode was fairly immune to the selective fading but in the situations where the frequency sweep 
was moving rapidly through the signal spectrum there was a loss of data. Significantly, MFSK16 took a 
lot longer than the PSK31 modes to recover from this situation. However, it should be noted that this 
mode was still successfully working in the selective fading environment at very much lower signal 
levels than any of the other modes under test. 

MT63-1K and MT63-2K 

The result for these modes conclusively demonstrates the advantages of spectral and time-based 
interleaving working together to recover from a fairly harsh attack by the ionosphere. In fact, for MT63­
IK, only a single misplaced character was induced which is remarkable considering that the signal was 
virtually undetectable on the waterfall display [see Figure 8]. 
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Figure 8: MT63-1K and selective fading 

The MT63 signal can hardly be seen on the waterfall display, yet sill gave virtually perfect copy. 

BPSK3l:
 
"When ansmitting data it is vttal to set uc each point in ehe audio chaia to prev nt distortionhnee ooinearity."
 

QPSK3l:
 
"Whransmitting data it ih I to set e each rnt in the al chaanto preoe t distortiearJ ty."
 

MFSK16:
 
"When transmig data it is vital to set up each point in the audio chain to prevent distortion and non-gD
 
tUOIPolt"
 

MT63-lK:
 
"When transmitting data it is vital to set up each point in the audio chaiE to prevent distortion and non-linearity."
 

MT63-2K:
 
"When transmiating data it is vital to set up each poijt in the audio chain 0 prevent distortion and non-linearity."
 

Selective fading performance 

Delay/multi-path test 

For this test, each mode was mixed with a delayed copy of itself. The idea was to recreate the condition 
often found over medium-distance paths whereby the ground-wave and sky-wave both reach the 
receiver, but with the latter taking longer to arrive over the refractive path via the F2 layer. Taking into 
account the possibility ofNVIS sky-wave reflection (as previously outlined), the range of typical delays 
that might be encountered is 5ms-20ms. 

Clearly, these tests only touch on the complexity ofthe true situation. In practice, there may be 
many paths by which the same source signal is arriving, and each with its own relative level. While 
these tests have only made at intervals of 1ms, mathematical delays at which total constructive or 
destructive interference occurs have not been specifically examined. It is hoped, however, that the 
following results at least hint at some of the complex issues at foot when examining these effects. 

PSK31 modes 

The worst-case situation for BPSK31 would be a delay of 32ms with both-ground wave and sky-waves 
being of equal magnitude. The period ofthe raised-cosine carrier pulse is 32ms and therefore something 
approaching total cancellation would occur. However, this amount of delay is very unlikely. QPSK31 
has envelopes of different periods and therefore this issue does not arise. 
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BPSK31 DATA RECEIVED COMMENT 

5ms 0 eon 0 pe epan 0 0 0'10 e cion Noticeabfe eancellalion of wavefOrm and 
lotallos$ of dala 

BPSK3l Multi-path performance 

It is perhaps interesting to note that when the two interfering signals are different in level by 
more than 3dB the cancellation effects that are otherwise so noticeable (such as at 7ms) are almost 
dismissible. This being the case, the actual on-air experience (with the relative level of the sky-wave 
portion constantly changing) is likely to be cancellation for a few seconds only. 

At certain delay lengths, one or other ofthe characteristic 'tram lines' of the idling PSK31 
waveform can be completely cancelled. However, it was found that this did not necessarily mean that 
data reception was completely lost. 

It is also useful to note that PSK3l prints little to the screen under these circumstances. This 
means at least that the wanted text, when received correctly, is not masked by a large amount of 
unwanted 'hash'. 

MFSK16 

The results for this mode were really quite remarkable. The principle effect noticed was that 
cancellation of specific tones within the sixteen was occurring. However, it was apparent that quite a 
few of the tones could be missing (perhaps five or more) but that the data could still be recovered 
correctly. Indeed, there was only one setting ofthe delay that caused any loss of data and this may have 
been due to the loss of both the key lower idle tone, the highest tone plus three other bands of 
cancellation in-between. This shows the benefits of the redundancy in the error correction system. Even 
then, ifthe delayed sky-wave signal fell by as little as 3dB below the ground-wave signal, then copy was 
restored after a longish period of resynchronisation. 

It should be noted that the loss or deep suppression of the most extreme idle tones did cause 
problems, however. In time, there was a tendency for the decoding software to drift without these 
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references. Nevertheless, as a transitory effect, MFSKl6 is not going to be all that bothered by multi­
path issues. 

MFSK16 DATA RECEIVED COMMENT 

MFSK16 Multi-path perfonnance 

These very good results are largely to do with the slow symbol rate for any individual tone. The 
mechanism employed in MFSK16 is to ignore the leading and trailing Sms of each tone in order to 
dismiss time-of-arrival differences that would otherwise cause interfering overlaps. In theory, delays of 
at least lOms can be accommodated but, as shown above, in practice the tolerance to multi-path effects 
is dramatic. It should be noted that the slow individual symbol rate does not mean that the data rate 
itself is also slow, an advantage of using a sixteen tone system. 

MT63 modes 

With such a wider audio bandwidth than most other modes, the effects of applying delay to MT63 are 
very apparent. The 'comb filter' effect can clearly be seen on the waterfall display in Figure 9. 
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Figure 9: MT63 multi-path reception 

Note the very obvious bands ofsignal cancellation spread across the spectrum. 

In a practical situation, the cancellation bands would probably not remain static as in Figure 9, but 
would move about as the sky-wave time-of-arrival varied with the vagaries of the ionosphere. 

As can be seen from the results below, MT63 is not troubled by the cancellation of even 50% of 
the 64 tones. This is a good example of the interleaving that is applied across the audio spectrum. If the 
data is temporarily or permanently unavailable at one point on the spectrum, it can be found at several 
others. This accounts for the amazing performance ofMT63 in a multi-path environment. It generally 
remains error-free even under the most trying of conditions. 

MT63-1K DATA RECEIVED COMMENT 

MT63 Multi-path performance 
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Tolerance to nearby signals test 

In this test, the signal spectrum of the data mode in question was deliberately invaded by unwanted 
transmissions. The interfering signal could be virtually any kind of transmission: a constant carrier, 
speech, CW, or a data mode. This might occur when the sender of the interfering signal had not 
detected that there was a weak data signal already present on their choice of frequency. This is common 
on the amateur bands where some users do not recognise the 'noise' they are hearing, or choose to 
ignore it. 

Interestingly, even dedicated channels, such as those currently afforded to amateurs on 5MHz, 
are not immune from problems. Firstly, there is a strict priority amongst the potential users of such 
channels and a military station is entirely within its rights to commence transmissions regardless of any 
signals already present. There is also the distinct possibility of strong AM carriers appearing after dark 
when conditions favour long-distance signals. This can occur due to international differences in band­
planning, meaning that a legitimate broadcaster from a far-off country can unwittingly cause problems 
to local communications within the UK. 

PSKmodes 

The small bandwidth of the PSK modes had several advantages. Principal amongst these was the 
number of separate transmissions that can exist in close proximity to each other. In Figure 10, two 
separate transmissions of equal signal strength were extremely close to each other, yet perfect copy was 
received from both. 

Figure 10: Two adjacent BPSK31 transmissions 

The two signals very nearly overlap, but not quite. Perfect data was receivedfrom both signals. 

This example probably showed the absolute limit of acceptability in terms of coexistence. Once 
the two signals overlapped, total destruction of the data occurred even when the difference in signal 
strengths was significant. The same was true of interference from single sine wave tones such as a 
constant carrier or CW transmission. PSK31 could work right next to these signals but was badly 
affected as soon as there was any overlap. 

It should be observed, however, that the small bandwidth of the PSK31 modes means that about 
thirty separate signals can be deployed within the same bandwidth as a single speech channel. The 
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possibility of sending the same information from more than transmitter, with the signals side by side on 
the spectrum, is an interesting possibility. 

MFSK16 

Intuition might suggest that multiple-tone modes would not perform well when overlapped. But, as with 
some of the preceding results, MFSK16 continued to work surprisingly well and could tolerate the 
encroachment of other signals. For example, two MFSK16 signals were transmitted so that three­
quarters of the audio spectrum was overlapping. Near perfect copy was received from both. However, 
this was almost definitely because the tones of the upper signal happened to be falling into the l5.625Hz 
gaps between the tones of the lower signal. This was proved by slightly shifting the upper signal in the 
spectrum, upon which copy was completely lost! 

Reaction to steady tones was somewhat more interesting. So long as the unwanted tone 
frequency was outside the MFSK16 spectrum by more than 5Hz, no adverse effects were noticed. 

When placed within the audio spectrum, it was found that single steady tones (such as stations tuning 
their transmitters) did cause interference until they were reduced in level by at least 3dB. 

Intriguingly, a BPSK3l signal of equivalent signal strength was transmitted right in the middle 
of the MFSK16 spectrum [see Figure 11] where this caused absolutely no problem to perfect copy of 
the latter. This might have been because the BPSK3l waveform was not continuously present as was 
the case with a constant tone, and that the MFSK16 decoder could therefore still detect the tones it 
sought, in the gaps. 

Figure 11: A strong BPSK31 transmission in the centre of the wanted MFSK16 signal 

Remarkably, the MFSK16 signal was perfectly received. Out ofinterest, the BPSK31 signal was 75% 
correctly received, presumably because the MFSK16 tones were only occasional andfleeting across its 
much narrower spectrum. 

MT63 modes 

The severe overlapping of MT63 signals was effectively investigated in the delay tests above. 
Therefore, the challenge here (and it turned out to be quite so) was to prevent the MT63 from getting its 
message across. 

Murray Greenman, in his excellent book Digital Modes For All Occasions [4], quite rightly 
describes MT63 as the 'juggernaut ofdata modes'! A variety of strong tones and other data signals were 
all generated alongside each other within the MT63 transmission. The resulting melange is shown in 
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Figure 12. Perhaps the reader is not surprised to learn that perfect copy was still extracted from the 
MT63 signal, although it took some considerable time before the text actually appeared at the receiver! 

Perhaps it is also fair to say that the addition ofjust one more tone to the spectrum eventually 
muted all data reception. 

Figure 12. MT63 under extreme strain! 

There are a total ofsix carrier tones andfour PSK31 signals ofvarious strengths within the pass-band, 
with a further healthy batch churning away nearby. Copy was still 100% after a twelve second number­
crunching wait. 

Interference from speech signals 

All of the modes were tested here by mixing them with a sample of a heavily-modulated single sideband 
transmission [see Figure 13]. The waterfall display ofthe speech shows that, at any given moment, 
there are only small amounts ofenergy at anyone spot frequency and that the waveform overall is 
transitory in nature. Therefore, none of the modes were all that bothered by the presence of the speech 
signal. The narrower the bandwidth of the mode the less it seemed to be affected. 

Figure 13. Single Sideband speech 

The actual audio was afemale voice, heavily compressed. Note that most ofthe energy is in the 500Hz 
region. 

It is worth noting that although the data modes seemed fairly immune to speech, they were in 
turn very annoying to anyone who actually wished to listen to the speech content. MT63 was 
particularly wearing on the ear. 

AGe considerations 

It is important to be aware that all of the tests were conducted with no AGC in operation within the 
receiver. This is because the AGC acts across the whole audio spectrum and therefore a strong signal 
that is outside the bandwidth of the wanted data signal can nevertheless cause the receiver to severely 
desensitise. Although the decoding software is very tolerant of sudden changes in level, the effect is 
generally unhelpful when trying to receive weak signals. 
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Therefore, if possible, the AGC in the radio receiver should be completely switched out or at 
least reduced to the minimum setting. This can make a terrible noise in the receiver but will prevent out­
of-band signals from clamping the receiver back by as much as 20dB. 

If the facility is available, it is sometimes possible to reduce the receiver bandwidth through use 
of narrow IF or notch filters but their use should be approached with caution. In particular, DSP-based 
filtering can sometimes introduce unwanted by-products such as deep notches in the middle of the pass­
band. 

[4] RSGB Books ISBN I 872309828, the bible for the amateur data communicator and the boundless source of useful 
technical information for this investigation. 

5. Efficiency (RF bandwidth and Duty Cycle) 

Spectrum efficiency 

Please refer to Figure 2 and Table 1 for the specification of the modes in question. As has been stated, 
whether the bandwidth used by the data mode is an issue is related to the channel available and the 
impact on any other users. 

If it is envisaged that operations are to be conducted on normal amateur bands, then it may be 
necessary to compromise speed with the space taken up. Other users of the space are legitimately there 
and may feel less inclined towards emergency communications if there is some juicy 'DX' about. The 
PSK31 modes are most acceptable in this case, because, although the error correction is minimal, they 
use a small operating bandwidth where the chances of mutual interference are minimised. 

If, however, en exclusive channel has been secured, the goal would be to use the permitted 
bandwidth to the absolute maximum. This would lead to higher data rates with much more 
comprehensive error correction systems that require a degree of redundancy to function. MT63 is the 
obvious mode of choice here, with the 2kHz version probably being the best choice unless conditions 
are very noisy. 

Average transmitted power 

Continuous broadcasting is not common in the amateur world. Therefore, compromises can be made in 
the transmission equipment that is of financial benefit to the amateur. These might include the 
downgrading of the power supply and the heatsink that dissipates heat away from the final output 
devices. So, while coping adequately with a longish SSTV transmission, the equipment may not 
survive, say, a seventy-two hour continuous broadcast. It should also be noted that overheating in older 
equipment could lead to frequency drifting, a serious problem in the field of data working. 

An important factor to compensate for overheating problems is that data modes lend themselves 
to lower power levels than the equivalent speech requirement. Added to this is the fact that some (but 
by no means all) of the data modes are not of the constant amplitude type, meaning that there are 
significant portions of time when little radio frequency energy is being generated. Taking the average 
power output, therefore, is the illuminating measure of the efficiency of a data mode. 

Table 3 gives a relative guide to average power level. 

In determining power levels, it is important to measure this parameter accurately. Data modes 
are notorious for misleading most meters that are calibrated for speech ballistics. Refer to Appendix A 
for guidance on this matter. 
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As a rule, it has been found that an amateur rig will stay comfortably cool if the power output is 
kept to no more than 30% of the full available power. This might be increased to 50% in the case of 
modes that use a lower average power. There is a second good reason for doing this, which is that at 
these modest levels the operator can be sure that the ALe circuit in the transmitter is definitely not 
operating. This is very important to successful data transmission, and the procedure is outlined in 
Appendix A. 

DATA MODE AVERAGE COMMENTS 
POWER 

PSK31 modes 80% Given the small bandwidth of these modes, power is 
concentrated within about 63Hz. The radio is likely 
to remain very cool! However, the temptation to 
increase power output must be resisted, as it is vital, 
but not easy, to maintain the greatest possible 
linearity. Unwanted extra sidebands alongside the 
PSK31 signal are commonly seen and imply 
distortion of the wanted signal. 

MFSK16 100% This mode produces full power output all of the 
time - thus there is no amplitude modulation. The 
transition between tones has no gap or phase 
change. This means that non-linear amplifiers can 
be employed and it also minimises the transmitted 
bandwidth. But the effect on the output stages of 
the radio is the same as holding down the Morse key 
constantly. As with long bouts of tuning tones, the 
amateur must be very careful not to burn out their 
equipment! It is therefore just as well that MFSK 16 
performs so well at low signal strengths. 

"".' ~, 

MT63 modes 80% J Although the average power of these modes is the 
I same as that of the PSK31 modes, it should be noted 
iI that this power is being developed over a wider 
! bandwidth so the average signal strength of anyone 

tone will be equivalently less. The bandwidth 
approximates to that used for speech but the 
presence of audio is more constant across that 
spectrum. Therefore MT63 places a higher demand 
on the equipment than speech. 

Table 3: Average power output for the different modes 
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Software 

set-up 

Easy 

Easy 

Easy 

6. Ease of operation 

At the risk of repetition, there is little advantage to proceeding with on-air assessment if the hardware 
set-up has been glossed over. Operating data modes generally requires a greater attention to detail in 
this area. Although correct setting of the transmit parameters is probably more critical than the 
receiving parameters, neither can be compromised. See Appendix A for more guidance in this area. 

Table 4 gives a basic comparison. Refer to the text that follows for a more detailed discussion. 

MODE	 Sideband-

sensitive?
 

BPSK31 No	 Easy 

QPSK31 Yes Fairly easy Easy 

MFSKl6 Yes Very critical Difficult 

MT63-IK Yes Not difficult	 Fairly difficult Fairly easy 

MT63-2K Yes Not difficult Fairly difficult Fairly easy 

Table 4: A comparison ofthe ease of operation 

PSK31 

Amongst the amateur fraternity, this group of modes is the most popular by far. BPSK31 predominates 
and it is often thought of as a 'starter' mode. This is probably because there are few parameters to set up 
and on-air use is generally easy as far as reception is concerned. There are many good versions of PSK 
software about and some of the newer variants, such as PSKI25, are very fast while maintaining a 
friendly minimal bandwidth. 

It is perhaps unfortunate, then, that arranging to transmit this mode requires fastidious attention 
to linearity throughout the audio and radio frequency chain. 

BPSK31 is not sideband sensitive, which could be a useful benefit in ad hoc situations where 
there is limited knowledge at either end of the link. 

Like most other data modes, QPSK31 is sideband sensitive. Tuning is very similar to its more 
popular counterpart. 

The PSK31 signal is easy to spot, particularly when idling because it has two distinct 'tram 
lines'. The decoder cursor need only be placed fairly inaccurately within these carriers; the software 
AFC does the rest and copy should almost immediately result. Once data is being sent, the best attack 
for the receiving operator is to place the decoder cursor right in the middle of the fuzzy-looking band of 
the signal. 

MFSK16 

The undoubted benefits ofMFSKl6 are to some extent offset by the fact that it is really quite hard to 
tune in to. This is particularly difficult when the signal is weak, mainly because the individual tones are 
fleeting in nature and the highest and lowest tones can be very difficult to see in amongst the noise. It is 
very important that the transmitter sends healthy amounts of idle tone at the beginning of, and during, 
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the transmission. The idle tone appears as a solid line on the lower edge of the signal, being the lowest 
tone in use. 

As previously discussed, reception can be perfect even when the MFSK 16 signal is well below 
the noise and barely visible on the waterfall display. Therefore, adjustments to the decoder frequency 
can be a 'suck it and see' affair, hampered further by the fact that correctly decoded text can take up to 
six seconds to start appearing on the screen! It is also the case that the operator must position the 
decoder cursor fairly closely to the correct audio frequency, otherwise the software AFC will not be able 
to home in on the waveform. Correct adjustment may be aided by zooming in on the waterfall display 
so that the MFSK16 spectrum is shown in as close a detail as possible. 

Once reception has commenced, use of the software AFC is vital to keep the decoder locked. 
Even then, if deep fading is present, the decoder may lose the signal for long enough to start searching 
again which may require manual re-adjustment by the operator. The tuning dial of the radio itself 
should NOT be touched. 

When transmitting AND receiving, RIT (receiver incremental tuning) should never be used, as 
an offset of more than 10Hz between the two stations of a contact will lead to a failure to decode at 
either end. 

MFSK16 requires equipment that is very stable in frequency. This rules out the use of older 
transceivers that are often subject to this sort of magnitude of frequency drifting over time. 

A possible benefit to MFSK16 is that a mechanical CW filter could be used to reduce unwanted 
signals and noise from outside the pass-band. However, as has been stated, it is generally unwise and 
not particularly helpful to filter signals at the radio frequency level. 

MT63 

Tuning ofMT63 modes is not all that critical. This is because the mode can use Forward Error 
Correction techniques to examine different combinations ofthe 64 tones that calculate the correct 
location within the spectrum. As an example, MT63-1K will still work if the decoder is off tune by as 
much as 100Hz. MT63-2K is even less exacting, with an error of 250Hz being tolerated. 

The main problem with MT63 modes, particularly at low signal strengths, is that the waveform 
can be very indistinct and sound just like noise. So this mode cannot be detected either by ear or eye. 
To get around this for marginal signal long distance work, convention dictates that MT63 signals will be 
transmitted on predetermined frequencies (see Appendix C) so that the position of the data stream in the 
audio spectrum can be assumed. For unprepared operation, the receiving operator can be deceived if 
there is any cancellation affecting only a part of the overall signal. Probably the best advice is to look 
carefully for the hard upper or lower edges of the signal. 

Most MT63 programs do not offer the option to adjust the decoding frequency. Therefore, 
altering the radio receiver frequency may be necessary. However, once correct reception has started it is 
very unwise to adjust the radio frequency further, even by tiny amounts, as this can lead to a loss of 
synchronisation. Recovering from this state can take the software many seconds. 

Another problem with the reception of MT63 is the fact that correctly decoded text can take up 
to 15 seconds to appear on the screen. A clue to synchronised reception can sometimes be gleaned if the 
software has a digital squelch facility. If the squelch is set up to be closed when no MT63 signal is 
present, it can often be seen to open as soon as it finds MT63 and ideally the text will follow quite a 
number of seconds later! Another clue to satisfactory reception prior to the actual appearance of the text 
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is that the generation of large volumes of unwanted characters tends to cease when receiver 
synchronisation has been achieved. 

As with other multi-tone modes wHere many sine waves exists side by side, the transmission 
chain for MT63 must be made as linear as possible. 

7. Compatibility and adaptability 

With all of the modes in question, the basic coding and decoding software systems are all compatible. 
Generally speaking, however, there is more than one choice of software for each mode. Compatibility 
issues can start to come to light if the sender and receiver choose to use different programs. The danger 
is that the sender may decide to use a facility that is only available with the program they are using, not 
also at the distant end. This might include the sending of binary files, or perhaps setting a specific 
parameter that is fixed at the other end of the link. Needless to say, all of these problems can be avoided 
by the use of the same software throughout the network. Even then, it is important to check version 
numbers as new facilities are being added with each issue. 

MFSK16 ia a no,,"" band FSK mode 
and should be operated In accordance 

tl'llhe open.tor'$ own country's requirement9 
and the IARU bandplan. For yOUl com-enieRes, 
I'" .ddod • copy of Ihe'..ea' bondpl.n under 
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Figure 14: The IZ8BLY screen for MFSKI6. Note the vertical waterfall display. 

In terms of using the different modes to accurately relay documents or similar, it is worth briefly 
looking at the fact that they all use different character sets. 

PSK31 has its own varicode [5] technique for sending the data, which uses its own unique 
character set. 

MFSK16 uses an extended 8-bit X-ASCII character set (which also then translates the characters 
into its own varicode alphabet). 
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MT63 generally uses a 7-bit ITA-5 ASCII code. However, to expand the available alphabet 
(permitting extra control characters to be added) most emulations of the mode now allow the addition of 
an eighth data bit. 

[5] The varicode concept is described as part of the DATA RATE results above. 

8. Reliability 

Much of the popular software has been run on a variety of computers of differing capabilities. Of the 
three modes, PSK3l makes the least demand on computer time and MT63 the most. 

To run PSK3l successfully, a fairly modest computer is all that is required. For MFSK16, it is 
recommended that a Pentium processor would be the minimum specification. MT63-2K is a demanding 
mode and the processor should be running at 400MHz at least. 

Importantly, these figures relate to the communications software alone. In reality, the computer 
is likely to be in use for many simultaneous tasks and therefore the processing time must be shared. 

A good test is to generate an MT63 bitstream, then experiment with opening other software items 
on the same machine or undertake some cutting and pasting operations while listening to the tones. It 
has been noticed that, when the computer comes under time constraints, the tones can briefly disappear. 
Whether or not there is data actually being lost in these gaps is difficult to judge, but there is no doubt 
that the momentary loss of synchronisation leads to a noticeable loss of reception at the far end. 

Unfortunately, cutting and pasting operations are likely to be a feature of an emergency 
communications station so work is needed to explore this area more thoroughly. 

9. Availability 

Via the Internet, there are several software packages, many ofthem freeware, which can be downloaded 
for use. For example, DIGIPAN and HAMSCOPE are popular choices. In particular, the suite of 
programs by IZ8BLY [6] and the excellent MIXW [7] are multi-mode and therefore offer many 
protocols to try within the one program. 

[6]	 Nino Porcino, IZ8BLY, has produced a series of programs that concentrate on 

many specific modes. All of his software can be downloaded from his website 

htto://iz8bly.sysonline.itJ. The individual mode programs can inter-react. Nino has also produced the STREAM 
program which brings together many of the modes into one package. 

[7]	 MIXW2 is a shareware program offering all of the popular data modes. The 

program can be downloaded from http://www.mixw.co.uk/ and can 

be used for a free trial period prior to registering for a modest fee. 

Of all the modes, there are probably more software offerings for PSK31 than any other. About a 
dozen versions can be found on the Internet. For non-Windows users, there are Linux and Mac versions. 

MFSK mode development is worth watching as there are continuing attempts to reduce the 
amount of Forward Error Correction in order to obtain higher speeds. There is one version ofMFSK16 
for Linux. 

The two key MT63 programs are the stand-alone IZ8BLY program and as part of the MIXW 
package. These offer the basic data communication facility but differ in the enhancements offered. For 
example, the IZ8BLY version will allow the transfer of binary files and the use of the inherent 
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secondary beacon channel but neither of these are offered by MIXW. Pawel lalocha SP9VRC, the 
inventor of MT63, has produced a version for Linux. 

As has been lamented already, none of these programs are particularly sophisticated when it 
comes to the handling of bulk text or binary files. 

CONCLUSIONS AND RECOMMENDATIONS 

Table of results 

Table 5 is an attempt to represent the relative performance and attributes of the modes examined, 
hopefully in a simple form. Essentially, the various test results have been prioritised towards the 
specific requirements of emergency communications under different propagation conditions. Data rate 
and accuracy are always much more important in emergency communications than they might be for 
casual use on the amateur bands and are therefore given due precedence. 

Under each criterion, a score has been allotted based on the test results as follows: 

1 = Poor 
2 = Fair 
3 = Satisfactory 
4 = Good 
5 = Excellent 

Different propagation conditions can be encountered at HF. Therefore, in order to achieve the 
best possible communication, for example, under weak signal conditions or on a congested channel, it 
would be advisable to choose the mode that has the most appropriate attributes to the situation. 

Therefore, an overall score for each mode is not appropriate. Instead, the propagation and 
operating conditions should be assessed and the table then used to guide the user to the best mode for the 
job. 

For clarity, the mode(s) scoring highest in each category have been highlighted in green. 

BPSK31 QPSK31 MFSK16 MT63-1K MT63-2K 

CRITERION 

Accuracy 2 3 

Data rate 2 2 

Weak signal performance 3 4 

Tolerance to interference 2 2 

Efficiency 

Ease of operation 1 3 3 

Compatibility/Adaptability 3 3 3 

Reliability 4 3 3 

Availability 4 3 3 

Table 5: Relative performance table 

In terms ofimportance to the field ofemergency communications, the criteria are orderedfrom top to 
bottom with the most important factors at the top. 

125 



Recommendations 

The key findings of this investigation are: 

When conditions are good and audio bandwidth is not an issue, MT63 (particularly the 2kHz 
version) using the 'long interleave' setting is the best mode to use. The data rate is very rapid and the 
multiple use of error correction techniques results in the most robust broadcast mode readily available to 
the amateur. Although it can be a little tricky to identify by ear or eye, the mode has a generous 
tolerance to tuning inaccuracies and its immunity to impulse noise is second to none. 

When signals are weak or unstable, MT63 becomes difficult to discern from the noise and the 
wider pass-band leaves the mode susceptible to admitting too many unwanted audio products. Under 
these conditions, MFSK16 hugely out-performs the other modes while still maintaining a respectable 
data rate. While only occupying a modest amount of spectrum, the error correction and time 
interleaving combine to recover the data from the most marginal signals, a full 10dB lower in the noise 
than MT63 can manage. One of the compromises with MFSKl6 is the heavy burden of 100% power 
demand on the transmitter. It is also notoriously difficult to tune when barely visible on the waterfall 
display and very stable equipment is a prerequisite for successful operation. 

When the channel is heavily congested with other traffic, MT63 and MFSK16 both cope well 
up to a point. However, if it is simply a matter of finding a small enough gap in the activity, then the 
minimal bandwidth of BPSK31 and QPSK31 are to be preferred. QPSK31 does offer better error 
correction but suffers with the need to detect four phase states rather than two. This often means that 
little improvement is noticed in practice. The PSK modes are very easy to tune in and work reliably on 
modest computers. Another great advantage ofBPSK31 in particular is that it is the most well known 
and easily understood of the data modes. There are many sources of the software, too. 

For the future 

A 3kHz version of MT63 would be very interesting to assess. This would be a good bandwidth to 
choose for optimum use of the space available under current licensing which continues to think of a 
single speech channel allocation as being this wide. 

In the broadcast application considered here, there would not be an issue if the arrival of the data 
were to be delayed by a few more seconds. Therefore, to improve accuracy without increasing 
bandwidth, it would be beneficial to add more time-based interleaving. 

Not much exploration has yet taken place into some of the newer or more obscure variants of 
these data modes. For example, PSK125 is similar to PSK31 but by using two sidebands of 125Hz the 
data rate is dramatically increased. The greater bandwidth also allows the introduction of improved 
error correction. There is also PSK250, operating at a faster rate again. However, the error correction 
employed does not approach that of MT63 and, as with all PSK modes, success is limited by the need 
for stable propagation conditions and, as the data rate climbs, increasingly powerful computing facilities. 

Charles Brain G4GUO is forging new paths into the adaptation of some military standards which 
are known to give astounding performance at HF, and it may well be that his PC-ALE software will lead 
to even more efficient use of the spectrum for radio amateurs. 

To really make data mode communication viable in the eyes of the User Services, a great deal of 
work is needed to improve the interface between the coding/decoding software and the format of the 
material that they require to send over the amateur link. Bandwidth will always be an issue, so 
programmers also need to concentrate on how the amount of data that needs to be transmitted is kept to 
the minimum. 
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APPENDIX A 

A CHECKLIST TOWARDS ACHIEVING GOOD DATA COMMUNICATIONS 

This is intended to be a brief guide to setting up a data station. It follows the signal path firstly from the 
computer through to the transmitter, then back from the receiver to the computer. 

TRANSMISSION 

Computer preparation 

•	 Only run programs that are necessary, halt others. 

•	 Switch off normal computer sounds (in Windows, select START, SETTINGS, CONTROL 
PANEL, SOUNDS, MULTIMEDIA then select 'No Sounds' in the 'Scheme' box). 

•	 Set up the Sound Card for transmission ('replay') (in Windows, select START, 
PROGRAMS, ACCESSORIES, ENTERTAINMENT, VOLUME CONTROL then pull down 
the OPTIONS menu and select PROPERTIES, PLAYBACK). Mute all of the sound sources 
present except 'Wave Balance' and, of course, the 'Master Volume'. Set the faders for both of 
these to approximately halfway. Pay attention to the stereo balance control too. Most 
soundcards accept a stereo input and the way in which the input connector to the computer is 
wired will affect the setting required here. Note: This panel can usually be reached directly from 
within the communications software. 

•	 Some computers have a hardware volume control which is also in line with the audio output. 
This should be set to approximately half volume. 

At this stage, it may be useful to start the data mode software for a quick pre-connection check. After 
selecting the mode desired, place the software into TRANSMIT. It should be possible to hear the 
waveform via the computer loudspeakers (or via the headphone jack ifno speakers are present). Note: 
Within the software, it is likely that the output level for each mode is settable. Follow the program's 
menu system to locate this and check that it is selected to the default output volume (often a numeric 
value, typically '1.00 '). 
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MODE 160m 80m 40m 30m 20m 17m 15m 12m 10m 
.
 

RTTYIPACTOR 1800 3580 7040 10130 14070 18100 21070 24920 28070 

1840 3620 7100 10140 14100 18105 21100 24925 28150 

PSK31 3580 7035 10140 14070 18100 21080 24920 28070 

7070 28120 
·O'.~'" _",,,.,.''''''' '.,r",.~._,.,.,.,,' ." 

MFSKfTHROB 3580 7037 10147 14080 18105 21080 24929 28080 

MT63 1822 3580.15 7035.15 10140.15 14106.3 18105 21130 24925 28130 

1838.15 3590 7037 10145 14109.3 18100.15 

3635 14114 

HELLSCHREmER 3575 7030 10135 14063 18100 21070 28063 

3580 7035 10137 14064 18105 28070 

3559 7037 10145 14070 28100 

7040 28110 

28120 

SSTV 3730 14227 21340 28675 

14230 21335 28680 

FAX 3730 14227 21335 28675 

PACKET 3620 7068.9 10124.9 14062.9 18101.9 21072.9 24925 

3620.9 7070.9 10125.9 14072.9 18105 21100 24930 

3623.9 7071.9 10126.9 14073.9 18107.9 21110 

36279 7072.9 10133.9 14074.9 18110 

3635 7073.9 10136.9 14075.9 

3638.9 7076.9 10140 14076.9 

10150 14095 

14099.5 

Table 6: Common frequencies for amateur data communications (with thanks to AD4JE) 
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