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Chapter

Digital Protocols and Modes

Since adapting radioteletype
(RTTY) after World War Il, radio ama-
teurs have been creating new digital
modes to communicate both as “chat-
style” keyboard-to-keyboard operation
or using packetized network-compat-
ible protocols. Many new protocols
have been entirely implemented using
software and a computer sound card,
making tools for experimentation and
implementation easily available world-
wide via the internet. SDR technolo-
gy allows digital protocols and modes
to be implemented directly without
an intervening audio modulation/
demodulation step. It is an exciting
period for amateur radio with frequent
innovations and improvements.

This chapter will focus on the
protocols for transferring various data
types, focusing on the processes by
which data is encoded, compressed
and error checked, packaged and
exchanged. Joe Taylor, K1JT, and
Steve Franke, K9QAN, updated the
sections on WSJT-X modes. HF Digi-
tal Voice was updated by Mel Whitten,
KOPFX. The sections on VARA and
ARDOP were contributed by Steve
Stroh, N8GNJ. Packet radio and
APRS material was updated by John
Langner, WB20SZ and Lynn Deffen-
baugh, KJ4ERJ. Al Francisco, K7TNHV
updated the section on Winlink. The
section on D-STAR was rewritten
by John Davis, WB4QDX and Ed
Woodrick, WA4YIH. DMR information
was updated by John Burningham,
W2XAB. Cory Sickles, WA3UVV
updated the System Fusion section.
The new section on IP Microwave
Networking was contributed by Orv
Beach, W6BI. Ken Humbertson,
WOKAH updated the sidebar on fldigi
software.

Modulation methods are covered
in the Modulation chapter, and the
Digital Communications chapter
available with the online content dis-
cusses the practical considerations of
operating using these modes.

There is a broad array of digital modes to service various needs with more coming. The most
basic modes simply encode text data for transmission in a keyboard-to-keyboard chat-type
environment. These modes may or may not include any mechanism for error detection or cor-
rection. The second class of modes are generally more robust and support more sophisticated
data types by structuring the data sent and including additional error-correction information
to properly reconstruct the data at the receiving end. The third class of modes discussed will
be networking modes with protocols often the same or similar to versions used on the Internet
and computer networks.

15.1 Digital “Modes”

The ITU uses Emission Designators to define a “mode” as demonstrated in the Modulation
chapter. These designators include the bandwidth, modulation type and information being sent.
This system works well to describe the physical characteristics of the modulation, but digital
modes create some ambiguity because the type of information sent could be text, image or
even the audio of a CW session. As an example, an FM data transmission of 20KOF3D could
transmit spoken audio (like FM 20KOF3E or 2K5J3E) or a CW signal (like 150HOATA).
These designators don’t help identify the type of data supported by a particular mode, the
speed that data can be sent, if it’s error-corrected, or how well it might perform in hostile band
conditions. Digital modes have more characteristics that define them and there are often many
variations on a single mode that are optimized for different conditions. We’ll need to look at
the specifics of these unique characteristics to be able to determine which digital modes offer
the best combination of features for any given application.

15.1.1 Symbols, Baud, Bits, and Bandwidth

The basic performance measure of a digital mode is the data rate. This can be measured a
number of ways and is often confused. Each change of state on a transmission medium defines
a symbol and the symbol rate is also known as baud. (While commonly used, “baud rate” is
redundant because “baud” is already defined as the rate of symbols/second.) Modulating a
carrier increases the frequency range, or bandwidth, it occupies. The FCC currently limits
digital modes by symbol rate on the various bands as an indirect (but easily measurable)
means of controlling bandwidth.

The bit rate is the product of the symbol rate and the number of bits encoded in each
symbol. In a simple two-state system like an RS-232 interface, the bit rate will be the same
as baud. More complex waveforms can represent more than two states with a single symbol
so the bit rate will be higher than the baud. For each additional bit encoded in a symbol, the
number of states of the carrier doubles. This makes each state less distinct from the others,
which in turn makes it more difficult for the receiver to detect each symbol correctly in the
presence of noise. A V.34 modem may transmit symbols at a baud rate of 3420 baud and each
symbol can represent up to 10 discrete states or bits, resulting in a gross (or raw) bit rate of
3420 baud x 10 or 34,200 bits per second (bit/s). Framing bits and other overhead reduce the
net bit rate to 33,800 bit/s.

Bits per second is abbreviated here as bit/s for clarity but is also often seen as bps. Bits
per second is useful when looking at the protocol but is less helpful determining how long it
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Table 15.1

Data Rate Symbols and Multipliers
Name Symbol

kilobit per second kbit/s or kbps
Megabit per second Mbit/s or Mbps
Gigabit per second Gbit/s or Gbps

Multiplier

1000 or 103
1,000,000 or 106
1,000,000,000 or 109

takes to transmit a specific size file because
the number of bits consumed by overhead
is often unknown. A more useful measure
for calculating transmission times is bytes
per second or Bps (note the capitalization).
Although there are only eight bits per byte,
with the addition of start and stop bits, the
difference between bps and Bps is often ten-
fold. Since the net bit rate takes the fixed
overhead into account, Bytes per second can
be calculated asbps,./8. Higher datarates can
be expressed with their metric multipliers as
shown in Table 15.1.

Digital modes constantly balance the rela-
tionship between symbol rate, bit rate, band-
width and the effect of noise. The Shannon-
Hartley theorem demonstrates the maximum
channel capacity in the presence of Gaussian
white noise and was discussed in the Modu-
lation chapter in the Channel Capacity sec-
tion. This theorem describes how anincreased
symbol rate will require an increase in band-
width and how a reduced signal-to-noise ratio
(SNR) will reduce the potential throughput
of the channel.

15.1.2 Error Detection
and Correction

Voice modes require the operator to man-
ually request a repeat of any information
required but not understood. Using proper
phonetics makes the information more easily
understood but takes longer to transmit. If
100% accuracy is required, it may be nec-
essary for the receiver to repeat the entire
message back to the sender for verification.
Computers can’t necessarily distinguish be-
tween valuable and unnecessary data or iden-
tify likely errors but they offer other options
to detect and correct errors.

ERROR DETECTION

The first requirement of any accurate sys-
tem is to be able to detect when an error has
occurred. The simplest method is parity. With
7-bit ASCII data, it was common to transmit
an additional 8th parity bit to each character.
The parity bit was added to make the total
number of 1 bits odd or even. The binary rep-
resentation for an ASCII letter Z is 1011010.
Sent as seven bits with even parity, the parity
bit would be 0 because there are already an
even number of 1 bits and the result would
be 01011010. The limitation of parity is that
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it only works with an odd number of bit in-
versions. If the last two bits were flipped to
01011001 (the ASCII letter Y), it would still
pass the parity check because it still has an
even number of bits. Parity is also rarely used
on 8-bit data so it cannot be used when trans-
ferring binary data files.

Checksum is a method similar to the
“check” value in an NTS message. It is gen-
erally a single byte (8-bit) value appended
to the end of a packet or frame of data. It
is calculated by adding all the values in the
packet and taking the least significant (most
unique) byte. This is a simple operation for
even basic processors to perform quickly but
can also be easily mislead. If two errors occur
in the packet of equal amounts in the opposite
direction (A becomes B and ZbecomesY), the
checksum value will still be accurate and the
packet will be accepted as error-free.

Cyclic redundancy check (CRC) is similar
to checksum but uses a more sophisticated
formula for calculating the check value of a
packet. The formula most closely resembles
long division, where the quotient is thrown
away and the remainder is used. It is also
common for CRC values to be more than a
single byte, making the value more unique
and likely to identify an error. Although other
error detection systems are currently in use,
CRC is the most common.

ERROR CORRECTION

There are two basic ways to design a pro-
tocol for an error correcting system: auto-
matic repeat request (ARQ) and forward error
correction (FEC). With ARQ the transmitter
sends the data packet with an error detection
code, which the receiver uses to check for
errors. The receiver will request retransmis-
sion of packets with errors or sends an ac-
knowledgement (ACK) of correctly received
data, and the transmitter re-sends anything
not acknowledged within a reasonable period
of time.

With forward error correction (FEC), the
transmitter encodes the data with an error-
correcting code (ECC) and sends the encoded
message. The receiver is not required to send
any messages back to the transmitter. The re-
ceiver decodes what it receives into the “most
likely” data. The codes are designed so that
it would take an “unreasonable” amount of
noise to trick the receiver into misinterpreting
the data. It is possible to combine the two,

so that minor errors are corrected without
retransmission, and major errors are detected
and aretransmission requested. The combina-
tion is called hybrid automatic repeat request
(hybrid ARQ).

There are many error correcting code
(ECC) algorithms available. Extended Go-
lay coding is used on blocks of ALE data, for
example, as described in the section below on
G-TOR. In addition to the ability to detect and
correct errors in the data packets, the modu-
lation scheme allows sending multiple data
streams and interleaving the data in such a
way that a noise burst will disrupt the data at
different points.

15.1.3 Data Representations
When comparing digital modes, itis impor-
tant to understand how the data is conveyed.
There are inherent limitations in any method
chosen. PSK31 might seem a good choice
for sending data over HF links because it
performs well, but it was only designed for
text (not 8-bit data) and has no inherent error
correction. It is certainly possible to use this
modulation scheme to send 8-bit data and add
error correction to create a new mode. This
would maintain the weak signal performance
but the speed will suffer from the increased
overhead. Similarly, a digital photo sent via
analog SSTV software may only take two
minutes to send, but over VHF packet it could
take 10 minutes, despite the higher speed of
a packet system. This doesn’t mean SSTV is
more efficient. Analog SSTV systems gener-
ally transmit lower resolution images with no
error correction. Over good local links, the
VHF packet system will be able to deliver
perfect images faster or of higher quality.

TEXT REPRESENTATIONS

Morse code is well known as an early code
used to send text data over a wire, then over
the air. Each letter/number or symbol is rep-
resented with a varying length code with the
more common letters having shorter codes.
This early varicode system is very efficient
and minimizes the number of state changes
required to send a message.

The Baudot code (pronounced “bawd-
OH”) was invented by Emile Baudot and is
the predecessor to the character set currently
known more accurately as International Tele-
graph Alphabet No 2 (ITA2). This code is
used for radioteletype communications and
contains five bits with start and stop pulses.
This only allows for 25 or 32 possible char-
acters to be sent, which is not enough for all
26 letters plus numbers and characters. To
resolve this, ITA2 uses a LTRS code to select
atable of upper case (only) letters and a FIGS
code to select a table of numbers, punctuation
and special symbols. The code is defined in
the ITA2 codes table with the online content.



Early computers used a wide variety of
alphabetic codes until the early 1960s until the
advent of the American Standard Code for In-
formation Interchange or ASCII (pronounced
“ESS-key”). At that point many computers
standardized on this character set to allow
simple transfer of data between machines.
ASCII is a 7-bit code which allows for 27
or 128 characters. It was designed without
the control characters used by Baudot for
more reliable transmissions and the letters
appear in English alphabetical order for easy
sorting. The code can be reduced to only six
bits and still carry numbers and uppercase
letters. Current FCC regulations provide that
amateur use of ASCII conform to ASCII as
defined in ANSI standard X3.4-1977. The
international counterparts are ISO 646-1983
and International Alphabet No. 5 (IAS) as
published in ITU-T Recommendation V.3.
A table of ASCII characters is presented as
“ASCII Character Set” with the online con-
tent.

ASCII has been modified and initially ex-
panded to eight bits, allowing the addition of
foreign characters or line segments. The dif-
ferent extended versions were often referred
to as code pages. The IBM PC supported
code page 437 which offers line segments,
and English Windows natively supports code
page 1252 with additional foreign characters
and symbols. All of these extended code pages
include the same first 128 ASCII characters
for backward compatibility. In the early 1990s
efforts were made to support more languages
directly and Unicode was created. Unicode
generally requires 16 bits per character and
can represent nearly any language, becom-
ing the standard for internet, web pages, and
software.

More recent schemes use varicode, where the
mostcommon characters are given shorter codes
(see en.wikipedia.org/wiki/Prefix_code).
Varicode is used in PSK31and MFSK to re-
duce the number of bits in a message. Al-
though the PSK31 varicode contains all 128
ASCII characters, lower-case letters contain
fewerbits and can be sent more quickly. Tables
of PSK and MFSK varicode characters are
included with the online content.

IMAGE DATA REPRESENTATIONS

Images are generally broken into two basic
types, raster and vector. Raster or bitmap im-
ages are simply rows of colored points known
as pixels (picture elements). Vector images are
a set of drawing primitives or instructions.
These instructions define shapes, placement,
size and color. Similar coding is used with
plotters to command the pens to create the
desired image.

Bitmap images can be stored at various
color depths or bits per pixel indicating how
many colors can be represented. Common
color depths are 1-bit (2 colors), 4-bit (16

colors), 8-bit (256 colors), 16-bit (65,536
colors also called high color) and 24-bit (16
million also called true color). True color is
mostcommonly used with digital cameras and
conveniently provides eight bits of resolution
each for the red, green and blue colors. Newer
scanners and other systems will often generate
30-bit (230 colors) and 36-bit (236 colors). Im-
ages with 4- and 8-bit color can store more ac-
curate images than might be obvious because
they include a palette where each of their 16
or 256 colors respectively are chosen from a
palette of 16 million. This palette is stored in
the file which works well for simple images.
The GIF format only supports 256 colors (8-
bit) with a palette and lossless compression.

Digital photographs are raster images at a
specific resolution and color depth. A typical
low resolution digital camera image would be
640x480 pixels with 24-bit color. The 24-bit
color indicated for each pixel requires three
bytes to store (24 bits / 8 bits per byte) and can
represent one of a possible 224 or 16,777,216
colors with eight bits each for red, green and
blue intensities. The raw (uncompressed)
storage requirement for this image would be
640x480x3 or 921,600 bytes. This relatively
low resolution image would require signifi-
cant time to transmit over a slow link.

Vector images are generally created with
drawing or CAD packages and can offer sig-
nificant detail while remaining quite small.
Because vector files are simply drawn at the
desired resolution, there is no degradation of
the image if the size is changed and the storage
requirements remain the same at any resolu-
tion. Typical drawing primitives include lines
and polylines, polygons, circles and ellipses,
Bézier curves and text. Even computer font
technologies such as TrueType create each
letter from Bézier curves allowing for flaw-
less scaling to any size and resolution on a
screen or printer.

Raster images can be resized by dropping
or adding pixels or changing the color depth.
The 640x480x24-bit color image mentioned
above could be reduced to 320x240x16-bit
color with a raw size of 153,600 bytes —
a significant saving over the 921,600 byte
original. If the image is intended for screen
display and doesn’t require significant detail,
that size may be appropriate. If the image is
printed full sized on a typical 300 dpi (dots
per inch) printer, each pixel in the photo will

explode to nearly 100 dots on the printer and
appear very blocky or pixilated.

AUDIO DATA REPRESENTATIONS

Like images, audio can be stored as a sam-
pled waveform or in some type of primitive
format. Storing asampled waveform is the most
versatile but can also require substantial stor-
age capacity. MIDI (musical instrument digital
interface, pronounced “MID-ee”) is a com-
mon music format that stores instrument, note,
tempo and intensity information as a musical
score. There are also voice coding techniques
that store speech as allophones (basic human
speech sounds).

As with images, storage of primitives can
save storage space (and transmission times)
but they are not as rich as a high quality sam-
pled waveform. Unfortunately, the 44,100 Hz
16-bit sample rate of an audio compact disc
(CD) requires 176,400 bytes to store each
second and 10,584,000 bytes for each minute
of stereo audio.

The Nyquist-Shannon sampling theorem
states that perfect reconstruction of a signal
is possible when the sampling frequency is
at least twice the maximum frequency of the
signal being sampled. With its 44,100 Hz
sample rate, CD audio is limited to a maxi-
mum frequency response of 22,050 Hz. If
only voice-quality is desired, the sample
rate can easily be dropped to 8000 Hz pro-
viding a maximum 4000 Hz frequency
response. (See the DSP and SDR Funda-
mentals chapter for more information on
sampling.)

The bit depth (number of bits used to rep-
resent each sample) of an audio signal will
determine the theoretical dynamic range or
signal-to-noise ratio (SNR). This is expressed
with the formula SNR = (1.761 + 6.0206 x
bits) dB. A dynamic range of 40 dB is adequate
for the perception of human speech. Table 15.2
compares the audio quality of various formats
with the storage (or transmission) require-
ments.

VIDEO DATA REPRESENTATIONS

The most basic video format simply stores
a series of images for playback. Video can
place huge demand on storage and bandwidth
because 30 frames per second is a common
rate for smooth-appearing video. Rates as low

Table 15.2

Typical Audio Formats

Audio Format Bits per Dynamic Maximum kbytes per
Sample Range Frequency Minute

441 kHz stereo 16 98 22.050 kHz 10,584

22 kHz mono 16 98 11 kHz 2,640

8 kHz mono 8 50 4 kHz 960
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as 15 frames per second can still be consid-
ered “full-motion” but will appear jerky and
even thisrate requires substantial storage. The
most popular full-motion video formats are
MP4, MOV, and WMV. GIF can also support
limited animation.

15.1.4 Compression
Techniques

There are a large variety of compression
algorithms available to reduce the size of data
stored or sent over a transmission medium.
Many techniques are targeted at specific types
of data (text, audio, images or video). These
compression techniques can be broken into
two major categories: lossless compression
and lossy compression. Lossless algorithms
are important for compressing data that must
arrive perfectly intact but offer a smaller com-
pression ratio than lossy techniques. Pro-
grams, documents, databases, spreadsheets
would all be corrupted and made worthless
if a lossy compression technique were used.

Images, audio and video are good candi-
dates for lossy compression schemes with
their substantially higher compression rates.
As the name implies, a lossy compression
scheme deliberately omits or simplifies that
data to be able to represent it efficiently. The
human eye and ear can easily interpolate miss-
ing information and it simply appears to be
of lower quality.

Compression of a real-time stream of
data such as audio or video is performed
by software or firmware codecs (from
coder-decoder). Codecs provide the real-
time encoding or decoding of the audio or
video stream. Many codecs are proprietary
and have licensing requirements. Codecs
can be implemented as operating system or
application plug-ins or even as digital ICs,
as with the P25 IMBE and D-STAR AMBE
codecs. The use of proprietary codecs is
controversial in amateur radio, open-source
software, and internet systems. Open-source
codecs such as CODEC2 (see the section
on Digital Voice) are an active area of
development both in amateur radio and the
open-source community.

LOSSLESS COMPRESSION
TECHNIQUES

One of the earliest lossless compression
schemes is known as Huffiman coding. Huft-
man coding creates a tree of commonly used
data values and gives the most common values
a lower bit count. Varicode is based on this
mechanism. In 1984, Terry Welch released
code with improvements to a scheme from
Abraham Lempel and Jacob Ziv, commonly
referred to as LZW (Lempel-Ziv-Welch). The
Lempel-Ziv algorithm and variants are the
basis for most current compression programs
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and is used in the GIF and optionally TIFF
graphic formats. LZW operates similarly to
Huffman coding but with greater efficiency.

The actual amountof compression achieved
will depend on how redundant the data is and
the size of the data being compressed. Large
files will achieve greater compression rates
because the common data combinations will
be seen more frequently. Simple text and doc-
uments can often see 25% compression rates.
Spreadsheets and databases generally consist
of many empty cells and can often achieve
nearly 50% compression. Graphic and video
compression will vary greatly depending on
the complexity of the image. Simple images
with solid backgrounds will compress well
where complex images with little recurring
data will see little benefit. Similarly, music
will compress poorly but spoken audio with
little background noise may see reasonable
compression rates.

Runlength encoding (RLE)is avery simple
scheme supported on bitmap graphics (Win-
dows BMP files). Each value in the file is a
color value and “run length” specifying how
many of the next pixels will be that color. It
works well on simple files but can make a file
larger if the image is too complex.

It is important to note that compressing a
previously compressed file will often yield
a larger file because it simply creates more
overhead in the file. There is occasionally
some minor benefit if two different compres-
sion algorithms are used. It is not possible to
compress the same file repeatedly and expect
any significant benefit. Modern compression
software does offer the additional benefit of
being able to compress groups of files or even
whole directory structures into a single file
for transmission.

The compression mechanisms mentioned
above allow files to be compressed prior to
transmission but there are also mechanisms
that allow near real-time compression of the
transmitted data. Winlink uses a compression
scheme called B2F and sees an average 44%
improvement in performance since most Win-
link data is uncompressed previously. There
is a slight delay (latency) as a result of this
compression but over a slow link, the addi-
tional latency is minimal compared to the
performance gain. (See the Winlink section
below.)

LOSSY COMPRESSION SCHEMES

Lossy compression schemes depend on the
human brain to “recover” or simply ignore the
missing data. Since audio, image and video
data have unique characteristics as perceived
by the brain, each of these data types have
unique compression algorithms. New com-
pression schemes are developed constantly to
achieve high compression rates while main-

taining the highest quality. Often a particular
file format actually supports multiple com-
pression schemes or is available in different
versions as better methods are developed. In-
depth discussion of each of these algorithms
is beyond the scope of this book but there are
some important issues to consider when look-
ing at these compression methods.

Lossy Audio Compression

Audio compression is based on the psy-
choacoustic model that describes which parts
of a digital audio signal can be removed or
substantially reduced without affecting the
perceived quality of the sound. Lossy audio
compression schemes can typically reduce
the size of the file 10- or 12-fold with little
loss in quality. The most common formats
currently are MP3, WMA, AAC, Ogg Vorbis
and ATRAC.

Lossy Image Compression

The Joint Photographic Experts Group de-
veloped the JPEG format (pronounced “JAY-
peg”) in 1992 and it has become the primary
format used for lossy compression of digital
images. It is a scalable compression scheme
allowing the user to determine the level of
compression/quality of the image. Compres-
sion rates of 10-fold are common with good
quality and can be over 100-fold at substan-
tially reduced quality. The JPEG format tends
to enhance edges and substantially compress
fields of similar color. It is not well suited
when multiple edits will be required because
each copy will have generational loss and
therefore reduced quality.

Lossy Video Compression

Because of the massive amount of data
required for video compression it is almost
always distributed with a lossy compression
scheme. Lossless compression is only used
when editing to eliminate generational loss.
Video support on a computer is generally
implemented with a codec that allows encod-
ing and decoding the video stream. Video files
are containers that can often support more
than one video format and the specific format
information is contained in the file. When the
file is opened, this format information is read
and the appropriate codec is activated and fed
into the data stream to be decoded.

The most common current codecs are
H.261 (video conferencing), MPEG-1 (used
invideo CDs), MPEG-2 (DVD Video), H.263
(video conferencing), MPEG-4, DivX, Xvid,
H.264, Sorenson 3 (used by QuickTime),
WMV (Microsoft), VC-1, RealVideo (Real-
Networks) and Cinepak.

The basic mechanism of video compression
is to encode a high quality “key-frame” that
could be a JPEG image as a starting image.
Successive video frames or “inter-frames”



fidigi

By Ken Humbertson, WOKAH, and Jeff Coval, ACOSC

You may have heard of the free digital mode software fldigi
by David H. Freese Jr., W1HKJ. It is very popular for use in
emergency communications, for example, because of its
multimode capabilities and its ability to work with a companion
program flmsg that generates standard message forms to be
transmitted using fldigi. The software supports numerous modes,
including CW, as well as variations of tones, bandwidth, baud
rates, number of bits, and other variations for many modes.

Versions of fldigi are available for Windows, Linux, Unix, and OS X.

See www.w1hkj.com for information on downloading the files.

If you have a computer with a sound card and microphone,
you can begin using fldigi to receive with no additional hardware.
A quick example would be to tune to 14.070 MHz or 21.070 MHz
USB during the day. Set the radio speaker volume to a normal
listening level. Start fldigi on the computer with sound card and
microphone connected and you should see a waterfall display
similar to Figure 15.A when PSK signals are present.

If your rig has computer control capability, fldigi can likely
interface with it to display frequency and mode, as well as
control the radio from the program. In Figure 15.A, an ICOM
IC-7610 is controlled by fldigi and thus shows the current
operating frequency and mode of 14070.000 kHz USB, the
actual contact frequency of 14071.465 (kHz) (in the Feq window,
upper center just right of dial frequency), and the current mode
of BPSK31 (lower left corner).

When you see multiple signals in the waterfall, fldigi will
decode whichever one you choose when you place the mouse
cursor over a signal of interest and line up the two vertical red
lines on your screen with the sides of the signal, as shown
near 1500 Hz. When you change modes or bandwidths within
a mode, the spacing of the red lines will adjust to the new
bandwidth. When selecting RTTY-45 under the OP MODE tab,
you will notice that the red line spacing increases to match the
familiar RTTY tone shift of 170 Hz. Simply place the two red
lines over the signal you wish to decode and the program does
the rest.

BPSK-31 and RTTY-45 are both modes that are well
established and remain popular. However, they both need a
fairly strong signal for error-free copy because they have no error
correction. MFSK-16 is a mode that is popular among emcomm
operators because of its robust error correction. W1AW sends
digital bulletins in BPSK-31, MFSK-16, and RTTY-45, so you
have the opportunity to copy the bulletins on all three modes.
Figures 15.B and 15.C show a portion of a decoded ARRL
digital bulletin from January 18, 2022 in RTTY-45 and MFSK16,
respectively.

Actions in fldigi are performed by action buttons that invoke
macros — text scripts that control the program. For example,
to call CQ use the mouse to click on an unoccupied spot in the
waterfall display. This shifts the modulating tones of the signal
to that offset within your receive bandwidth. Click the CQ action
button on the fldigi display. The transmitted text is displayed in
red above the waterfall display. When the text is finished, fldigi
will return to receive mode. The tutorial “Beginner’s Guide to
Fldigi” at www.w1hkj.com/beginners.html is recommended
and the program has an extensive Help file. An excellent guide to
understanding the technical details of the different modes is also
available at www.w1hkj.com/modes/index.htm.

The program can be used with an internal sound card or
external sound card adapter such as the Tigertronics Signalink
USB (www.tigertronics.com) or West Mountain Radio
Rigblaster series (www.westmountainradio.com). Setting
up a sound card to use fldigi may require manipulation of
the audio device configuration for your computer’s operating
system. Follow the instructions in the fldigi manuals and the
manufacturer’s manuals if you are using an external adapter.
Many radios now have either a direct digital data connector
(typically a 6-pin mini-DIN connector) or an internal USB
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Figure 15.A — Part of a contact being conducted using
BPSK-31.
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Figure 15.C — A W1AW bulletin being sent using MFSK-16.

soundcard. These are the recommended digital data interfaces.
A digital data interface that allows you to connect the sound
card to your radio’s microphone input is also an option. (See
the Assembling a Station and Digital Communications
chapters.)

Fldigi is frequently updated to include new modes that are
being developed. The program is a user-friendly way to become
active on the digital modes, a rapidly expanding aspect of
amateur radio.
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contain only changes to the previous frame.
After some number of frames, it is necessary
to use another key-frame and start over with
inter-frames. The resolution of the images,
framerate and compression quality determine
the size of the video file.

BIT RATE COMPARISON

Table 15.3 provides an indication of mini-
mum bit rates required to transmit audio and
video such that the average listener would
not perceive them significantly worse than
the standard shown.

15.1.5 Compression vs.
Encryption

There is some confusion about compres-
sion being a form of encryption. It is true that
a text file after compression can no longer be
read unless uncompressed with the appropri-
ate algorithm. In the United States the FCC
defines encryption in part 97.113 as “mes-
sages encoded for the purpose of obscuring
their meaning.” Compressing a file with ZIP

Near-CD quality, indistinguishable to the average listener (using MP3)

Table 15.3

Audio and Video Bit Rates

Audio

8 kbit/s Telephone quality audio (using speech codecs)
32 kbit/s AM broadcast quality (using MP3)

96 kbit/s FM broadcast quality (using MP3)

224-320 kbit/s

Video

16 kbit/s Videophone quality (minimum for “talking head”)
128-384 kbit/s Business videoconference system quality

1.25 Mbit/s VCD (video compact disk) quality

5 Mbit/s DVD quality

10.5 Mbit/s Actual DVD video bit rate

or RAR (common file compression methods)
without password protection and transmit-
ting it over the air is simply an efficient use
of spectrum and time and is not intended to
“obscure its meaning.”

As amateur digital modes interact more
with internet-based services, the issue arises
because many of these services utilize encryp-
tion of various types. For example, traffic with

15.2 Unstructured Digital Modes

The first group of modes we’ll examine
are generally considered “sound card modes”
for keyboard-to-keyboard communications.
Because each of these modes is optimized for
a specific purpose by blending multiple fea-
tures, they often defy simple categorization.

15.2.1 Radioteletype (RTTY)

Radioteletype (RTTY) consists of afrequen-
cy shift keyed (FSK) signal that is modulated
between two carrier frequencies, called the
mark frequency and the space frequency. The
protocol for amateur RTTY calls for the mark
carrier frequency to be the higher of the two
in the RF spectrum. The difference between
the mark and space frequencies is called the
FSK shift, usually 170 Hz for an amateur
RTTY signal.

Atthe conventional data speed of 60 WPM,
binary information modulates the FSK signal
at 22 ms per bit, or equivalent to 45.45 baud.
Characters are encoded into binary 5-bit Bau-
dot coded data. Each character is individually
synchronized by adding a start bit before the
5-bit code and by appending the code with a
stop bit. The start bit has the same duration as
the data bits, but the stop bit can be anywhere
between 22 to 44 ms in duration. The stop
bit is transmitted as a mark carrier, and the
RTTY signal “rests” at this state until a new
character comes along. If the number of stop
bits is set to two, the RTTY signal will send
a minimum of 44 ms of mark carrier before
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the next start bit is sent. A start bit is sent as
a space carrier. A zero in the Baudot code is
sent as a space signal and a one is sent as a
mark signal. Figure 15.1 shows the character
D sent by RTTY.

BAUDOT CODE

The Baudot code (see the online content)
is a 5-bit code; thus, it is capable of encoding
only 32 unique characters. Since the com-
bination of alphabets, decimal numbers and
common punctuations exceeds 32, the Baudot
code is created as two sets of tables. One table
is called the LTRS Shift, and consists mainly
of alphabetic characters. The second table is
called the FIGS Shift, and consists mainly
of decimal numerals and punctuation marks.

any site accessed using the Secure Hypertext
Protocol where the URL begins “https://” is
encrypted. Banks and other retailers may
encrypt their entire transactions to insure
confidentiality of personal data. Other sys-
tems as benign as e-mail may simply encrypt
passwords to properly authenticate users. The
FCC has offered no additional guidance on
these issues.

Two unique Baudot characters called LTRS
and FIGS are used by the sender to com-
mand the decoder to switch between these
two tables.

Mechanical teletypewriter keyboards have
two keys to send the LTRS and FIGS charac-
ters. The two keys behave much like the caps
lock key on a modern typewriter keyboard.
Instead of locking the keyboard of a type-
writer to upper case shift or lower case shift,
the two teletypewriter keys lock the state of
the teletypewriter into the LTRS table or the
FIGS table. LTRS and FIGS, among some
other characters such as the space character,
appear in both LTRS and FIGS tables so that
you can send LTRS, FIGS and shift no matter
which table the encoder is using.

"Rest"
Condition —*f<—————— Character No.1 ————————><—— Character No. 2
Mark
(Current On) i
|
|
|
Space |
(Current Off) by by b, by by, bo b,
(m) (s) (s) (m) (s) (m) (s)
L J
Y
Data Pulses for "D"
Start Stop Start
Pulse " Pulse Pulse HBKO5_09-12

Figure 15.1 — The character “D” sent via RTTY.



To send the letter Q, you need to first make
sure that the decoder is currently using the
LTRS table, and then send the Baudot code-
word for Q, 17 (hexadecimal or “hex” value).
If the same hex 17 is received when the de-
coder is in the FIGS shift, the number 1 will
be decoded instead of the Q. Modern software
does away with the need for the operator to
manually send the LTRS and FIGS codes.
When the operator sends a character from
the LTRS table, the software first checks to
make sure that the previous character had also
used a character from the LTRS table; if not,
the software will first send a LTRS character.

Noise can often cause the LTRS or FIGS
character to be incorrectly received. This will
cause subsequent characters to decode into
the wrong Baudot character, until a correct
LTRS or FIGS is received (see also USOS
below). Instead of asking that the message
be repeated by the sender, a trick that many
RTTY operators use is to observe that on
a standard QWERTY keyboard, the Q key
is below the 1 key in the row above it, the
W key is below the 2 key, and so on. Q and
1 happen to share the same Baudot code; W
and 2 share the same Baudot code, and so
forth. Given this visual aid, a printed UE can
easily be interpreted by contextto 73 and TOO
interpreted as 599.

If the sender uses one stop bit, an RTTY
character consists of a total of seven bits after
adding the start and stop bits. If the sender
uses 1.5 stop bits, each RTTY character has
atotal length of 7.5 bits. The least significant
bit of the Baudot code follows the start bit of
a character.

INVERTED SIGNALS

There are times when the sender does not
comply with the RTTY standard and reverses
the mark and space order in the spectrum.
This is often called an “inverted” signal or
“reverse shift”” Most RTTY modulators and
demodulators have a provision to reverse the
shift of an inverted signal.

DEMODULATION AND DECODING

The most common way to decode an RTTY
signal is to use a single sideband (SSB) re-
ceiver to first translate the two FSK carri-
ers into two audio tones. If the carriers are
170 Hz apart, the two audio tones (called
the fone pair) will also be 170 Hz apart. The
RTTY demodulator, in the form of a terminal
unit (TU) or a software modem (modulator-
demodulator), then works to discriminate be-
tween the two audio tones. Some packet TNCs
(terminal node controllers) can be made to
function as RTTY demodulators, but often they
do not work as well under poor signal-to-noise
conditions because their filters are matched to
packet radio FSK shifts and baud rate instead
of to RTTY shift and baud rate.

As long as the tone pair separation is

170 Hz, the frequencies of the two audio tones
can be quite arbitrary. Many TUs and modems
are constructed to handle a range of tone pairs.
If reception uses a lower sideband (LSB) re-
ceiver, the higher mark carrier will become the
lower of the two audio tones. If upper sideband
(USB) is used, the mark carrier will remain
the higher of the tone pair. It is common to
use 2125 Hz as the mark tone and 2295 Hz as
a space tone. Since the mark tone (2125 Hz)
is lower in frequency, the receiver will be set
to LSB. In general, modem tone pairs can be
“reversed” (see the Inverted Signals section),
soeitheran LSB ora USB receiver can be used.
Moreover, the tone pairs of many modems,
especially software modems, can be moved
to place them where narrowband filters are
available on the receiver.

In the past, audio FSK demodulators were
built using high-Q audio filters followed by
a “slicer” to determine if the signal from the
mark filter is stronger or weaker than the
signal that comes out of the space filter. To
counter selective fading, where ionospheric
propagation can cause the mark carrier to
become stronger or weaker than the space
carrier, the slicer’s threshold can be designed
to adapt to the imbalance. Once “sliced” into
a bi-level signal, the binary stream is passed
to the decoder where start bit detection cir-
cuitry determines where to extract the 5-bit
character data. That data is then passed to
the Baudot decoder, which uses the current
LTRS or FIGS state to determine the decoded
character. The mark and space transmitted
carriers do not overlap, although this can oc-
cur after they pass through certain HF propa-
gation conditions. Sophisticated demodula-
tors can account for this distortion.

A software modem performs the same
functions as a hardware terminal unit, except
that the software modems can apply more
sophisticated mathematics that would be too
expensive to implement in hardware. Modern
desktop computers have more than enough
processing speed to implement an RTTY de-
modulator. Software modems first convert
the audio signal into a sequence of binary
numbers using an analog-to-digital converter
whichisusually partof an audio chip seteither
on the motherboard or sound card. Everything
from that point on uses numerical algorithms
to implement the demodulation processes.

FSK VS AFSK MODULATION

AnRTTY signal is usually generated as an
F1B or F2B emission. F1B is implemented
by directly shifting an RF carrier between
the two (mark and space) frequencies. This
method of generating FSK is often called
direct FSK, or true FSK, or simply FSK.
F2B is implemented by shifting between two
audio tones, instead of two RF carriers. The
resultantaudiois then sent to an SSB transmit-
ter to become two RF carriers. This method of

first generating an audio FSK signal and then
modulating an SSB transmitter to achieve the
same FSK spectrum is usually called AFSK
(audio frequency shift keying).

AFSK can be generated by using either
an upper sideband (USB) transmitter or a
lower sideband (LSB) transmitter. With a
USB transmitter, the mark tone must be the
higher of the two audio tones in the audio FSK
signal. The USB modulator will then place the
corresponding mark carrier at the higher of
the two FSK carrier frequencies. When LSB
transmission is used, the mark tone must be
the lower of the two audio tones in the audio
FSK signal. The LSB modulator will then
place the corresponding mark carrier at the
higher of the two FSK carrier frequencies. As
when receiving, the actual audio tones are of
no importance. The important part of AFSK
is to have the two audio tones separated by
170 Hz, and have the pair properly flipped to
match the choice of USB or LSB transmis-
sion. (See the Modulation chapter for more
information on USB and LSB modulation
and the relationship between modulating
frequency and transmitted signal frequency.)

When using AFSK with older transceiv-
ers, it is wise to choose a high tone pair so
that harmonic by-products fall outside the
passband of the transmitter. Because of this,
apopular tone pair is 2125 Hz/2295 Hz. Most
transceivers will pass both tones and also have
good suppression of the harmonics of the two
tones. Not all transceivers that have an FSK
inputare FSK transmitters. Some transceivers
will take the FSK keying input and modulate
an internal AFSK generator, which is then
used to modulate an SSB transmitter. In this
case, the transmitter is really operating as an
F2B emitter. This mode of operation is often
called “keyed AFSK.”

“SPOTTING” AN RTTY SIGNAL

By convention, RTTY signals are identified
by the frequency of the mark carrier on the RF
spectrum. “Spotting” the suppressed carrier
frequency dial of an SSB receiveris useless for
someone else unless they also know whether
the spotter is using upper or lower sideband
and what tone pair the spotter’s demodulatoris
using. The mark and space carriers are the only
two constants, so the amateur RTTY standard
is to spot the frequency of the mark carrier.

DIDDLE CHARACTERS

In between the stop bit of a preceding char-
acter and the start bit of the next character,
the RTTY signal stays at the mark frequency.
Whenthe RTTY decoderisin this “rest” state,
amark-to-space transition tells a decoder that
the start of a new character has arrived. Noise
that causes a start bit to be misidentified can
cause the RTTY decoder to fall out of sync.
After losing sync, the decoder will use subse-
quent data bits to help it identify the location
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of the next potential start bit.

Since all mark-to-space transitions are po-
tential locations of the leading edge of a start
bit, this can cause multiple characters to be in-
correctly decoded until proper synchronization
is again achieved. This “character slippage”
can be minimized somewhat by not allowing
the RTTY signal to rest for longer than its stop
bit duration. An idle or diddle character (so
called because of the sound of the demodulated
audio from an idle RTTY signal sending the
idle characters) is inserted immediately after
a stop bit when the operator is not actively
typing. The idle character is a non-printing
character from the Baudot set and most often
the LTRS character is used. Baudot encodes
a LTRS as five bits of all ones making it par-
ticularly useful when the decoder is recovering
from a misidentified start bit.

An RTTY diddle is also useful when there
is selective fading. Good RTTY demodula-
tors counter selective fading by measuring
the amplitudes of the mark and space sig-
nals and automatically adjusting the decod-
ing threshold when making the decision of
whether a mark or a space is being received.
If a station does not transmit diddles and has
been idle for a period of time, the receiver
will have no idea if selective fading has af-
fected the space frequency. By transmitting
a diddle, the RTTY demodulator is ensured
of a measurement of the strength of the space
carrier during each character period.

UNSHIFT-ON-SPACE (USOS)

Since the Baudot code aliases characters (for
example, Q is encoded to the same 5-bit code
as 1) using the LTRS and FIGS Baudot shift to
steer the decoder, decoding could turninto gib-
berish if the Baudot shift characters are altered
by noise. For this reason, many amateurs use
a protocol called unshift-on-space (USOS).
Under this protocol, both the sender and the
receiver agree that the Baudot character set is
always shifted to the LTRS state after a space
character is received. In a stream of text that
includes space characters, this provides ad-
ditional, implicit, Baudot shifts.

Not everyone uses USOS. When used
with messages that have mostly numbers and
spaces, the use of USOS causes extra FIGS
characters to be sent. A decoder that complies
with USOS will not properly decode anRTTY
stream that does nothave USOS set. Likewise,
a decoder that has USOS turned off will not
properly decode an RTTY stream that has
USOS turned on.

OTHER FSK SHIFTS AND
RTTY BAUD RATE

The most commonly used FSK shift in
amateur RTTY is 170 Hz. However, on rare
occasions stations can be found using 425
and 850 Hz shifts. The wider FSK shifts are
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especially useful in the presence of selective
fading since they provide better frequency
diversity than 170 Hz.

Because HF packet radio uses 200 Hz
shifts, some TNCs use 200 Hz as the FSK
shift for RTTY. Although they are mostly
compatible with the 170 Hz shift protocol,
under poor signal to noise ratio conditions
these demodulators will produce more error
hits than a demodulator that is designed for
170 Hz shift. Likewise, a signal that is trans-
mitted using 170 Hz shift will not be optimally
copied by a demodulator that is designed for
a 200 Hz shift.

To conserve spectrum space, amateurs have
experimented with narrower FSK shifts, down
to 22.5 Hz. At 22.5 Hz, optimal demodulators
are designed as minimal shift keyed (MSK)
instead of frequency shift keyed (FSK) de-
modulators.

SOME PRACTICAL
CHARACTERISTICS

When the demodulator is properly imple-
mented, RTTY can be very resilient against
certain HF fading conditions, namely when
selective fading causes only one of the two
FSK carriers to fade while the other carrier
remains strong. However, RTTY is still sus-
ceptible to “flat fading” (where the mark and
space channels both fade at the same instant).
There is neither an error correction scheme
nor an interleaver (a method of rearranging
— interleaving — the distribution of bits to
make errors easier to correct) that can make an
RTTY decoder print through a flat and deep
fade. The lack of a data interleaver, however,
also makes RTTY a very interactive mode.
There is practically no latency when com-
pared to a mode such as MFSK16, where
the interleaver causes a latency of over 120
bit durations before incoming data can even
be decoded. This makes RTTY attractive to
operating styles that have short exchanges
with rapid turnarounds, such as in contests.

Although RTTY is not as “sensitive” as
PSK31 (when there is no multipath, PSK31
has a lower error rate than RTTY when the
same amount of power is used) it is not af-
fected by phase distortion that canrender even
a strong PSK31 signal from being copied.
‘When HF propagation conditions deteriorate,
RTTY can often function as long as suffi-
cient power is used. Tuning is also moderately
uncritical with RTTY. When the signal-to-
noise ratio is good, RTTY tuning can be off
by 50 Hz and still print well.

15.2.2 PSK31 and Variants

PSK31 is a family of modes that uses dif-
ferentially encoded varicode (see the next
section), envelope-shaped phase shift key-
ing. BPSK31, or binary PSK31, operates at
31.25 bit/s (one bit every 32 ms). QPSK31,

or quadrature PSK31, operates at 31.25 baud.
Each symbol consists of four possible quadra-
ture phase change (or dibits) at the signaling
rate of one dibit every 32 ms. QPSK31 sends
a phase change symbol of 0°, 90°, 180° or
270° every 32 ms.

Characters thatare typed from the keyboard
are firstencoded into variable-length varicode
binary digits. With BPSK31, the varicode bits
directly modulate the PSK31 modulator, caus-
ing a 180° phase change if the varicode bitis a
0 and keeping a constant phase if the varicode
bitisa 1. With QPSK31, the varicode bits first
pass through two convolution encoders to cre-
ate a sequence of bit pairs (dibits). Each dibit
is then used to shift the QPSK31 modulator
into one of four different phase changes.

PSK63 is a double-clock-rate version of
a PSK31 signal, operating at the rate of one
symbol every 16 ms (62.5 symbols per sec-
ond). PSK125 is a PSK31 signal clocked at
four times the rate, with one symbol every
8 ms (125 symbols per second). Although
PSK63 and PSK125 are both in use, includ-
ing the binary and quadrature forms, the most
popular PSK31 variant remains BPSK31.

Most implementations of PSK31 first gen-
erate an audio PSK31 signal. The audio signal
is then used to modulate an SSB transmitter.
Since BPSK31 is based upon phase rever-
sals, it can be used with either upper sideband
(USB)orlowersideband (LSB) systems. With
QPSK31 however, the 90° and 270° phase
shifts have to be swapped when using LSB
transmitters or receivers.

PSK31 VARICODE

Characters that are sent in PSK31 are en-
coded as varicode, a variable length prefix
code as varicode. As described earlier, char-
acters that occur more frequently in English
text, such as spaces and the lower-case e, are
encoded into a fewer number of bits than
characters that are less frequent in English,
such as the character q and the upper case E.

PSK31 varicode characters always end with
two bits of zeros. A space characteris sentas a
one followed by the two zeros (100); alower
case e is sent as two ones, again terminated
by the two bits of zero (1100). None of the
varicode code words contain two consecutive
zero bits. Because of this, the PSK31 decoder
can uniquely identify the boundary between
characters. A special “character” in PSK31 is
theidle code, which consists of nothing but the
two prefix bits. A long pause at the keyboard
is encoded into a string of even numbers of
zeros. The start of a new character is signaled
by the first non-zero bit received after at least
two consecutive zeros.

CONVOLUTION CODE

As described earlier, QPSK31 encodes the
varicode stream with two convolution encod-
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Figure 15.2 — QPSK31 convolution encoders.

ers to form the dibits that are used to modulate
the QPSK31 generator. Both convolution en-
coders are fourth-order polynomials, shown
in Figure 15.2.

The varicode data is first inverted before the
bits are given to the convolution encoders. The
first polynomial generates the most significant
bit and the second polynomial generates the
least significant bit of the dibit. Since we are
working with binary numbers, the GF(2) sums
shown in the above figure are exclusive-OR
functions and the delay elements x1,x2, x3 and
x4 are stages of binary shift registers. As each
inverted varicode bit is available, it is clocked
into the shift register and the two bits of the
dibit are computed from the shift register taps.

MODULATION

PSK31 uses both differential phase shift
modulation and envelope modulation to main-
tainits narrow-band characteristics. The most
common way to generate an envelope-shaped
PSK31 signal is to start with baseband in-
phase (I) and quadrature (Q) signals. Both
I and Q signals settle at either a value of +1
or a value of —1. When no phase transition
is needed between symbols, the I and Q sig-
nals remain constant (at their original +1 or
—1 values). See the Modulation chapter for
information on creating I and Q signals.

To encode a 180° transition between sym-
bols, both I and Q signals are slewed with a
cosinusoidal envelope. If the in-phase signal
had a value of +1 during the previous symbol,
it is slewed to —1 cosinusoidally. If the in-
phase signal had a value of —1 in the previous
symbols, itis slewed cosinusoidally to+1.The
quadrature signal behaves in a likewise man-
ner. To encode a 90° phase shift in QPSK31,
only the in-phase signal is slewed between the
two symbols, the quadrature signal remains
constant between the two symbols. To en-
code a 270° phase shift in QPSK31, only the
quadrature signal is slewed between the two

symbols; the in-phase signal remains constant
between the two symbols.

The envelope of the real signal remains
constant if there is no phase change. When
the signal makes a 180° phase transition, the
amplitude of a PSK31 signal will drop to zero
in between the two symbols. The actual phase
reversal occurs when the signal amplitude is
zero, when there is no signal energy. During
the 90° and 270° phase shifts between sym-
bols of QPSK31, the amplitude of the signal
does not reach zero. It dips to only half the
peak power in between the two symbols.

To provide a changing envelope when the
operator is idle at the keyboard, a zero in
the varicode (remember that an idle varicode
consists of two 0 bits) is encoded as a 180°
phase change between two BPSK31 symbols.
A 1 in the varicode is encoded as no phase
change from one BPSK31 symbol to the next
symbol. This changing envelope allows the
receiver to extract bit timing information even
when the sender is idle. Bit clock recovery is
implemented by using a comb filter on the
envelope of the PSK31 signal.

The convolution code that is used by
QPSK31 converts a constant idle stream of
zeros into a stream of repeated 10 dibits.
To produce the same constant phase change
during idle periods as BPSK31, the QPSK31
10 dibit is chosen to represent the 180° phase
shift modulating term. Table 15.4 shows the
QPSK31 modulation.

To produce bit clocks during idle, combined
with the particular convolution code that was
chosen for QPSK31, results in a slightly sub-
optimal (non-Gray code) encoding of the four
dibits. At the end of a transmission, PSK31
stops all modulation for a short period and
transmits a short unmodulated carrier. The
intended function is as a squelch mechanism.

DEMODULATION AND DECODING

Many techniques are available to decode

Table 15.4

QPSK31 Modulation
Dibit Phase Change
00 0°

01 90°

10 180°

11 270°

differential PSK, where a reference phase
is not present. Okunev has a good presenta-
tion of the methods (reference: Yuri Okuneyv,
Phase and Phase-difference Modulation
in Digital Communications (1997, Artech
House), ISBN 0-89006-937-9).

As mentioned earlier, there is sufficient am-
plitude information to extract the bit clock from
a PSK31 signal. The output of a differential-
phase demodulator is an estimate of the phase
angle difference between the centers of one
symbol and the previous one. With BPSK31,
the output can be compared to a threshold to
determine if a phase reversal or a non-reversal
is more likely. The decoder then looks for two
phase reversals in a row, followed by a non-
reversal, to determine the beginning of a new
character. The bits are gathered until two phase
reversals are again seen and the accumulated
bits are decoded into one of the characters in
the varicode table.

QPSK31 decoding is more involved. As in
the BPSK31 case, the phase difference de-
modulator estimates the phase change from
one bit to another. However, one cannot sim-
ply invert the convolution function to derive
the data dibits. Various techniques exist to
decode the measured phase angles into dibits.
The Viterbi algorithm is a relatively simple
algorithm for the convolution polynomials
used in QPSK31. The estimated phase angles
can first be fixed to one of the four quadra-
ture angles before the angles are submitted to
the Viterbi algorithm. This is called a hard-
decision Viterbi decoder.

A soft-decision Viterbi decoder (that is
not that much more complex to construct)
usually gives better results . The soft-decision
decoder uses arbitrary phase angles and some
measure of how “far” an angle is away from
one of the four quadrature angles. Error cor-
rection occurs within the trellis that imple-
ments the Viterbi algorithm. References to
convolution code, trellis and the Viterbi al-
gorithm can be found at en.wikipedia.org/
wiki/Convolutional_code.

15.2.3 MFSK16

MFSK16 uses M-ary FSK modulation with
16 “tones” (also known as 16-FSK modula-
tion), where only asingle tone is present at any
instant. MFSK16 has a crest factor of 1, with
no wave shaping performed on the data bits.
The tone centers of MFSK16 are separated by
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Figure 15.3 — MFSK16 convolution encoders.

15.625 Hz. Data switches at a rate of 15.625
baud (one symbol change every 64 ms).

Characters are first encoded into the
MEFSK16 varicode, creating a constant bit
stream whose rate is one bit every 32 ms.
This results in a similar, although not identi-
cal, character rate as PSK31. The difference
is due to the different varicode tables that are
used by the two modes.

This bit stream is clocked into a pair of
6th-order convolution encoders. The result
is a pair of bits (dibit) for each varicode bit,
at a rate of one dibit every 32 ms. Consecu-
tive pairs of dibits are next combined into
sets of four bits (quadbit or nibble). Each
nibble, at the rate of one per 64 ms, is then
passed through an interleaver. The interleaver
produces one nibble for each nibble that is
sent to it. Each nibble from the interleaver is
then Gray-coded and the resultant 4-bit Gray
code is the ordered index of each 16 tones that
are separated by 15.625 Hz. The result is a
16-FSK signal with a rate of one symbol per
64 ms. Since the symbol time is the reciprocal
of the tone separation, a 16-point fast Fourier
transform (FFT) can be conveniently used as
an MFSK16 modulator.

MFSK16 VARICODE

Although the varicode table that is used
by MFSK16 (see the online content) is not
the same as the one used by PSK31, they
share similar characteristics. Please refer
to the PSK31 section of this chapter for a
more detailed description of varicode. Un-
like PSK31 varicode, MSK16 varicode
encodings can contain two or more con-
secutive zero bits, as long as the consecutive
zeros are at the tail of a code word. Character
boundaries are determined when two or more
consecutive zeros are followed by a one.

CONVOLUTION CODE

Asdescribed earlier, MFSK 16 encodes the
varicode stream with two convolution encod-
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ers to form the dibits that are passed on to the
interleaver. Both convolution encoders are
sixth order polynomial, shownin Figure 15.3.

The first polynomial generates the most
significantbit and the second polynomial gen-
erates the least significant bit of the dibit.
Since we are working with binary numbers,
the GF(2) sums shown in the above figure
are exclusive-OR functions and the delay ele-
ments x1, x2, x3, x4, x5 and x6 are stages of
binary shift registers. As each varicode bit is
available, it is clocked into the shift register
and the two bits of the dibit are computed
from the shift register taps.

INTERLEAVER

HF fading channels tend to generate
“burst” errors that are clumped together.
An interleaver is used to permute the errors
temporally so that they appear as uncorrelated
errors to the convolution decoder. MFSK16
uses 10 concatenated stages of an IZ8BLY
Diagonal Interleaver. More information on
the interleaver can be found at www.qsl.net/
zl1bpu/MFSK/Interleaver.htm. Figure
15.4 illustrates how a single IZ8BLY inter-
leaver spreads a sequence of bits.

The bits enter the IZ8BLY interleaver in
the order 0, 1, 2, 3, 4,... and are passed to
the output in the order 0, 5, 10, 15, 8, 13, ...
(shown in the diagonal boxes). In MFSK16,
the output of one interleaver is sent to the input
of a second interleaver, for a total of 10 such
stages. Each stage spreads the bits out over a
longer time frame.

This concatenated 10-stage interpolator is
equivalent to a single interpolator that is 123
bits long. Figure 15.5 shows the structure of
the single interpolator and demonstrates how
four consecutive input bits are spread evenly
over 123 time periods.

An error burst can be seen to be spread over
a duration of almost two seconds. This gives
MFSK16 the capability to correct errors over
deep and long fades. While it is good for cor-
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Figure 15.4 — IZ8BLY interleaver.

recting errors, the delay through the long in-
terleaver also causes a long decoding latency.

GRAY CODE

The Gray code creates a condition where
tones that are next to one another are also dif-
ferent by a smaller Hamming distance. This
optimizes the error correction process at the
receiver. References to Gray code and Ham-
ming distance can be found at en.wikipedia.
org/wiki/Gray_code and en.wikipedia.
org/wiki/Hamming_distance.

DEMODULATION AND DECODING

A 16-point FFT can be used to implement
a set of matched filters for demodulating an
MFSK16 signal once the input waveform is
properly time aligned so that each transform
is performed on an integral symbol and the
signal is tuned so that the MFSK16 tones
are perfectly centered in the FFT bins. A ref-
erence to a matched filter can be found at
en.wikipedia.org/wiki/Matched_filter.

The 16 output bins from an FFT demodula-
tor can first be converted to the “best” 4-bit
index of an FFT frequency bin, or they can
be converted to a vector of four numerical
values representing four “soft” bits. The four
bits are then passed through an MFSK16 de-
interleaver. In the case of “soft decoding,”
the de-interleaver would contain numerical
values rather than a O or 1 bit.

The output of the de-interleaver is passed
into a convolution decoder. The Gray code
makes sure that adjacent FFT bins also have
the lowest Hamming distance; i.e., the most
likely error is also associated with the clos-
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est FFT bin. The hard or the soft Viterbi
Algorithm can be used to decode and correct
eITors.

15.2.4 DominoEX

DominoEX is a digital mode with MFSK
(multi-frequency shift keying) designed for
simplex chats on HF by Murray Greenman,
ZL1BPU. It was designed to be easier to use
and tune than other similar modes, offer low
latency for contesting or other quick exchange
situations, offer reliable copy down into the
noise floor, and work well as an NVIS (near-
vertical incidence skywave, see the Propa-
gation of Radio Signals chapter) mode for
emergency communications.

Generally MFSK requires a high degree
of tuning accuracy and frequency stability
and can be susceptible to multipath distor-
tion. DominoEX specifically addresses these
issues. To avoid tuning issues, IFK (incre-
mental frequency keying) is used. With IFK,
the data is represented not by the frequency
of each tone, but by the frequency difference
between one tone and the next. It also uses off-
set incremental keying to reduce inter-symbol
interference caused by multipath reception.
These techniques provide a tuning tolerance of
200 Hz and a drift of 200 Hz/minute. Domi-
noEX also features an optional FEC mode that
increases latency but provides communica-
tions over even more difficult channels. More
information can be found online at www.qsl.
net/z11bpu/MFSK/DEX.htm.

DominoEX uses M-ary FSK modulation
with 18 tones in which only a single tone is
present at any instant. Information is sent as a
sequence of separate 4-bit (“nibble”’) symbols.
The value of each nibble is represented during
transmission as the position of the single tone.

The position of the tone is computed as the
difference of the current nibble value from
the nibble value of the previously transmitted

symbol. In addition, a constant offset of 2 is
applied to this difference. Because there are 18
tones, any possible 4-bit value between 0 and
15 canberepresented, including the offset of 2.
The additional offset of 2 tone positions
ensures that a transmitted tone is separated
from the previously transmitted tone by at
least two tone positions. It is thus impossible
for two sequential symbols to result in the
same tone being transmitted for two sequential
tone periods. This means sequential tones will
always be different by atleast two positions, an
important consideration in maintaining sync.
This minimum separation of successive
tones of incremental frequency keying (IFK)
in DominoEX reduces the inter-symbol distor-
tion that results from a pulse being temporally
smeared when passing through an HF channel.
The double-tone spacing of DominoEX modes
(see Table 15.5) further reduces inter-symbol
distortion caused by frequency smearing.
Incremental frequency keying allows the
DominoEX nibbles to immediately decode
without having to wait for the absolute tone
to be identified. With MFSK16, a tone cannot
be uniquely identified until the lowest and
highest of the 16 tones have passed through
the receiver. This contributes to the decoding
latency of MFSK15. There is no such latency
with IFK.
Since IFK depends upon frequency dif-

ferences and not absolute tone frequencies,
DominoEX tolerates tuning errors and drift-
ing signals without requiring any additional
automatic frequency tracking algorithms.

Like MFSK16, the DominoEX signal is not
wave-shaped and has constant output power.
The baud rates for DominoEX are shown in
Table 15.5. The tone spacings for DominoEX
11, DominoEX 16 and DominoEX 16 have
the same values as their baud rates. The tone
spacings for DominoEX 8, DominoEX 5 and
DominoEX 4 are twice the value of their baud
rates.

Unlike PSK31 and MFSK 16, characters in
DominoEX are encoded into varicode nibbles
instead of encoding into varicode bits. The
DominoEX varicode table can be found with
the online content.

BEACON MESSAGE

Instead of transmitting an idle varicode
symbol when there is no keyboard activity,
DominoEX transmits a “beacon” message
from an alternate set of varicode (SECVAR
columns in the DominoEX varicode table).
This user-supplied repeating beacon message
is displayed at the receiving station when the
sending station is not actively sending the
primary message. On average, the character
rate of the beacon channel is about half of the
character rate of the primary channel.

Table 15.5

Comparison of DominoEX Modes

Mode Baud/ BW Tones
(sec) (Hz)

DominoEX 4 3.90625 173 18

DominoEX 5 5.3833 244 18

DominoEX 8 7.8125 346 18

DominoEX 11 10.766 262 18

DominoEX 16 15.625 355 18

DominoEX 22 21.533 524 18

Speed FEC Tone Spacing
(WPM) (WPM)
~25 ~12 Baud rate x2
~31 ~16 Baud rate x2
~50 ~25 Baud rate x2
~70 ~35 Baud rate x1
~100 ~50 Baud rate x1
~140 ~70 Baud rate x1
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FORWARD ERROR
CORRECTION (FEC)

When FEC is turned off, DominoEX has
very low decoding latency, providing an
interactive quality that approaches RTTY
and PSK31. The first character is decoded
virtually instantly by the receiver after it is
transmitted. Because of that, FEC is not usu-
ally used even though it is available in most
software that implements DominoEX.

DominoEX FEC is similar to the FEC that
is used in MFSK16. When FEC is on, each
4-bit IFK symbol that is decoded by the re-
ceiveris splitinto two di-bits. The dibits enter
an identical convolution coder to that used
by MFSK16. However, instead of a 10-stage
1Z8BLY interleaver (see Figure 15.4), only
4 cascaded stages of the basic 4-bitinterleaver
are present in DominoEX. In the presence
of long duration fading, the performance
of the shortened interleaver is moderately
poor when used with DominoEX 16 and
DominoEX 22. However, the interleaver is
quite efficient in countering fading when
FEC is used with DominoEX 4, DominoEX
5 and DominoEX 8, with their longer symbol
periods.

Since DominoEX works in dibit units
rather than nibble units when FEC is turned
on, it also switches to using the same bi-
nary varicode used by MFSK16 instead of
using the nibble-based varicode. DominoEX
does not implement Gray code as is used by
MFSK16 FEC.

Even without FEC, DominoEX works well
under many HF propagation conditions, in-
cluding the ITU NVIS (“Mid-latitude Dis-
turbed”) propagation profile. However, there
are conditions where DominoEX is notusable
unless FEC is switched on, specifically the
CCIR Flutter and ITU High Latitude Moder-
ate Conditions profiles. DominoEX modes,
especially those with tone spacings that are
twice the baud rate, are very robust even un-
der these extreme conditions once FEC is
switched on.

DominoEX performance charts (character
error rates versus signal-to-noise ratios) are
included as the HTML document “Domi-
noEX Performance” with the online content
and online at www.w7ay.net/site/Technical/
DominoEX/Measurements/.

CHIP64/128

Chip64 and Chip128 modes were released
in 2004 by Antonino Porcino, IZ8BLY. The
modes were tested on the air by [IZ§BLY, Mur-
ray Greenman, ZL1BPU, (who also contrib-
uted in the design of the system), Chris Ger-
ber, HB9BDM, and Manfred Salzwedel, OH/
DKA4ZC. According to IZ8BLY, “The design
of this new digital mode served to introduce
the spread spectrum technology among ra-
dio amateurs by providing a communication
tool to experiment with. Its purpose was to
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prove that it’s possible to take advantage of
the spread spectrum techniques even on the
HF channels, making the communication
possible under conditions where traditional
narrowband modes fail.

“Among the different possible implemen-
tations of spread spectrum, Chip64 uses the
so-called Direct Sequence Spread Spectrum
(DSSS). In a DSSS transmission, the low
speed signal containing the data bits to be
transmitted is mixed (multiplied) with a great-
ly higher speed signal called code. The result
of this mixing operation, called spreading, is
a high-speed bit stream which is then trans-
mitted as a normal DBPSK. Indeed, a DSSS
signal looks like nothing else than wideband
BPSK.

“The system proved to be efficient and
we found it comparable to the other modern
digital modes. Being totally different in its
architecture, it shows better performance dur-
ing certain circumstances, while in others it
shows no actual gain. In particular, it performs
better under multipath where normal BPSK
can’t track arriving symbols, but in quiet en-
vironments it doesn’t show any improvement
over plain BPSK. This is expected because
of the losses that occur due to the imperfect
autocorrelation of the codes.”

Chip64 has a total data rate of 37.5 bit/s
and the more robust Chip128 is 21.09 bit/s.
Both use the same varicode used by MFSK15.
The software can be downloaded from
antoninoporcino.xoom.it/Chip64/ and
more information is available at www.arrl.
org/technical-characteristics. Spread spec-
trum is discussed in the Modulation chapter,
as well.

15.2.5 THROB

Throb is an experimental mode written
by Lionel Sear, G3PPT, and gets the name
from the “throbbing” sound it makes on the
air. It uses either single tones or pairs from a
possible nine tones spaced 8 or 16 Hz apart,
resulting in a bandwidth of 72 or 144 Hz,
respectively. It has three transmission speeds
— 1, 2 and 4 throbs/s — resulting in data
rates of 10, 20 and 40 WPM, respectively. The
1 and 2 throb/s speeds use a tone spacing of
8 Hz for a 72 Hz bandwidth and the 4-throb/s
speed uses a spacing of 16 Hz for a 144 Hz
bandwidth. It is implemented as a stand-
alone application or included in a multimode
package such as MixW (www.mixw.net).

15.2.6 MT63

MT63 is a mode developed by Pawel Jalo-
cha, SPOVRC. MT63 is very complex with
wide bandwidth, low speed and very high
noise immunity. By using 64 different modu-
lated tones, MT63 includes a large amount of
extra data in the transmission of each charac-
ter, so that the receiving equipment can work

out, with no ambiguity, which character was
sent, even if 25% of the character is obliter-
ated. MT63 also features a secondary channel
that operates simultaneously with the main
channel that can be used for an ID or beacon.

MTG63 likely has the most extensive error
correction and can be quite processor inten-
sive. It uses a Walsh function that spreads the
data bits of each 7-bit ASCII character across
all 64 of the tones of the signal spectrum and
simultaneously repeats the information over
a period of 64 symbols within any one tone.
This coding takes several seconds. The com-
bination of time domain (temporal) and fre-
quency domain (spectral) interleaving results
insuperbimpulse noise rejection. At the same
time, in the frequency domain, significant
portions of the signal can be masked by un-
wanted noise or other transmissions without
any noticeable effect on successful reception.

On each of the 64 tones, the transmission
data rate is fairly slow, which suits the nature
of ionospheric disturbances. Despite the low
data rate, good text speed is maintained be-
cause the text is sent on many tones at once.
The system runs at several different speeds,
which can be chosen to suit conditions but
100 WPM is typical of the MT63-1K mode.
Although the 1 kHz bandwidth mode is typi-
cal, MT63 can also run at 500 Hz and 2 kHz
bandwidth where the tone spacing and baud
rate are halved or doubled and the throughput
is halved or doubled, respectively.

Tuning of MT63 modes is not critical. This
is because the mode can use FEC techniques
to examine different combinations of the 64
tones that calculate the correct location within
the spectrum. As an example, MT63-1K will
still work if the decoder is off-frequency by as
muchas 100 Hz. MT63-2K requires even less
precision and can tolerate an error of 250 Hz.

The incredible noise immunity comes at a
price beyond the large bandwidth required.
There is a large latency caused by the error
correction and interleaving process. Quick-
turnaround QSOs are not possible because
there is a several second delay between typing
the last character and it being transmitted.

Without confirming each transmission with
some type of ARQ mode, there is no more
robust digital mode than MT63.

15.2.7 Olivia

Olivia is an MFSK-based protocol de-
signed to work in difficult (low signal-to-noise
ratio plus multipath propagation) conditions
onthe HF bands. The signal can still be copied
accurately at 10 dB below the noise floor. Ol-
ivia was developed in 2003 by Pawel Jalocha,
SPIVRC, and performs well for digital data
transfer with white noise, fading and multipa-
th, polar path flutter and auroral conditions.

Olivia transmits a stream of 7-bit ASCII
characters. The characters are sentin blocks of



five with each block requiring two seconds to
transmit. This results in an effective data rate
of 2.5 characters/second or 150 characters/
minute. A transmission bandwidth of 1000
Hz and the baud rate of 31.25 MFSK tones/
second, also known as Olivia 1000/32, is the
most common. To adapt to different propa-
gation conditions, the number of tones and
the bandwidth can be changed and the time
and frequency parameters are proportionally
scaled. The number of tones can be 2, 4, 8,
16,32, 64, 128 or 256 and the bandwidth can
be 125, 250, 500, 1000 or 2000 Hz.

The Olivia is constructed of two layers:
the lower, modulation and FEC code layer

15.3 Fuzzy Modes

There is a group of modes referred to as
“fuzzy modes” because although they are ma-
chine generated and decoded, they are designed
to be human-read. These include facsimile
(fax), slow-scan TV (SSTV) and Hellschreiber.

15.3.1 Facsimile (WEFAX)

Also known as Weatherfax, HF-FAX,
Radiofax, and Weather Facsimile, WEFAX
was developed as a mechanically transmitted
technology where the source material was
placed on a spinning drum and scanned line
by line into an electrical signal which would
be transmitted by wire or over the air. It is
important that the receiving station have their
drum spinning at the correct speed in order to
correctly recreate theimage. A valueknown as
the index of cooperation (I0C) must also be
known todecode atransmission. IOC governs
the image resolution and is the product of the
total line length and the number of lines per
unit length divided by n. Most fax transmis-
sions are sent with LPM (RPM) at 120 and
an IOC of 576.

Facsimile is generally transmitted in single
sideband with a tone of 1500 Hz represent-
ing black and 2300 Hz representing white.
The automatic picture transmission (APT)
format is used by most terrestrial weather

is a classical MFSK while the higher layer is
an FEC code based on Walsh functions. More
detail on Walsh functions is available online
at en.wikipedia.org/wiki/Walsh_function.

Assuming Olivia 1000/32 is being used,
in the first layer the orthogonal functions are
cosine functions, with 32 different tones. Since
only one of those 32 tones is being sent at a
time, the demodulator measures the ampli-
tudes of all the 32 possible tones and identifies
the tone with the highest amplitude. In the
second layer every ASCII characteris encoded
as one of 64 possible Walsh functions. The
receiver again measures the amplitudes for

facsimile stations and geostationary weather
satellites. It features a start tone that triggers
the receiving system, originally used to allow
the receiving drum to come up to speed. It
also includes a phasing signal with a periodic
pulse that synchronizes the receiver so the
image appears centered on the page. A stop
tone, optionally followed by black, indicates
the end of the transmission. The APT format
is shown in Table 15.6.

Stations with Russian equipment some-
times use RPM 60 or 90 and sometimes an
IOC of 288. Photofax transmissions such as
those from North Korea use RPM 60 and an
IOC 352 with gray tones, and satellite re-
broadcast use also RPM 120 IOC 576, with
gray tones (4 or more bit depth). For software
decoding of weather fax images it is best to
decode with Black and White (2-bit depth).

15.3.2 Slow-Scan TV (SSTV)

Slow-Scan TV or SSTV is similar to fac-
simile where a single image is converted
to individual scanned lines and those lines
sent as variable tones between 1500 and
2300 Hz. Modern systems use computer soft-
ware and a sound card to generate and receive
the required tones. (Some SSTV communica-
tion uses purely digital protocols, in which the

Table 15.6

Facsimile Automatic Picture Format
Signal Duration 10C576
Start Tone 5s 300 Hz
Phasing Signal 30s

Image Variable 1200 lines
Stop Tone 5s 450 Hz
Black 10s

10C288 Remarks
675 Hz 200 Hz for color fax modes
White line interrupted by
black pulse
600 lines At 120 LPM
450 Hz

all 64 vectors and selects the greatest as the
true value.

To avoid simple transmitted patterns (like a
constant tone) and to minimize the chance for
afalse lock at the synchronizer, the characters
encoded into the Walsh function pass through
ascrambler and interleaver. The receiver syn-
chronizes automatically by searching through
time and frequency offsets for a matching
pattern.

More information can be found online at
nlsu.com/olivia and Olivia is supported in a
number of digital multimode packages such
as MixW, MultiPSK and Ham Radio Deluxe.

picture content is sent as digital data and not di-
rectly represented in the modulation scheme.)

There are a number of different SSTV
“modes” that define image resolution and color
scheme. A colorimage takes about 2 minutes to
transmit, depending on mode. Some black and
white modes can transmit an image in under 10
seconds. More information about SSTV may be
found in the Image Communications chapter
with the online content.

15.3.3 Hellschreiber,
Feld-Hell, or Hell

Hellschreiber is a facsimile-based mode
developed by Rudolph Hell in the 1920s. The
name is German and means “bright writer”” or
“light writer” and is a pun on the inventor’s
name. In Hellschreiber, text is transmitted by
dividing each column into seven pixels and
transmitting them sequentially starting at the
lowest pixel. Black pixels are transmitted as
a signal and white as silence at 122.5 bit/s
(about a 35 WPM text rate). Originally the
text was printed on continuous rolls of paper
so the message could be any length.

Even though each pixel is only transmitted
once, they are printed twice, one below the
other. This compensates for slight timing er-
rors in the equipment that causes the text to
slant. If properly in sync, the text will appear
as two identical rows, one below the other or
aline of text in the middle with chopped lines
top and bottom. Regardless of the slant, it is
always possible to read one copy of the text.
Since the text is read visually, it can be sent
in nearly any language and tends to look like
an old dot matrix printer. More information
can be found online at www.qsl.net/zl1bpu/
HELL/Feld.htm and Randy, K7AGE, has
a great introduction to Hellschreiber avail-
able on YouTube at www.youtube.com/
watch?v=yR-EmyEBVqA.
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15.4 Structured Digital Modes

This group of digital modes has more
structured data and as a result provides more
robust connections and better weak signal
performance. Each of these modes bundles data
into packets or blocks that can be transmitted
and error checked at the receive end.

15.4.1 WSJT-X Modes

All modes described in Sections 15.4.1
through 15.4.4 are available in a multi-
author, open-source software package called
WSJT-X. Some are also available in other
programs derived from WSJT-X. These modes
are designed around structured messages that
optimize the exchange of minimal contact
information including call signs, signal
reports, Maidenhead grid locators, and
acknowledgments, even at very low signal-to-
noise ratios. These modes were pioneered by
Joe Taylor, K1JT, starting in 2001 when home
computers were first widely equipped with
sound cards and fast enough to do significant
signal processing. The first modes were
optimized for use over especially difficult
paths such as meteor scatter and Earth-Moon-
Earth (EME, or “moonbounce”) on VHF and
higher bands. More recently, several of the
modes have become very popular for LF, MF,
and HF DXing, as well.

The WSJT-X structured modes divide
naturally into two groups, slow and fast. Slow
modes send each message frame once per
transmission interval, while fast modes send
the message frame repeatedly, as many times
as will fit into the transmission interval. The
modes intended for making two-way QSOs
use message formats based on compressed,
fixed-length packets of 72 or 77 information
bits. Modes called WSPR and FST4W allow
individual stations to transmit a call sign,
location and power level using 50-bit packets.
As outlined in this chapter’s section “Error
Detection and Correction,” additional bits
are added to the message frames to effect
error detection and correction. Details of
the mathematical encoding schemes and
modulation types differ from mode to mode.
In all cases the forward error correction
(FEC) algorithm is strong enough that false
decodes are very rare: a receiving operator
nearly always sees exactly the message that
was transmitted, or nothing is displayed at
all. All of the modes implemented in WSJT-X
use constant-envelope waveforms, so they can
be amplified by efficient nonlinear amplifiers
without generating intermodulation products.
Transmissions have a fixed duration, for
example 15 seconds or one minute, and their
start times are synchronized with Coordinated
Universal Time (UTC) as maintained by the
computer’s operating system.

15.14 Chapter 15

15.4.2 WSJT-X Message
Compression

The information packets normally consist
of two 28-bit call signs and a 15-bit field for a
gridlocator, signal report, acknowledgment, or
“73”. Additional bits can flag message formats
containing arbitrary text (up to 13 characters),
nonstandard call signs, contest exchanges, or
the like. The basic aim is to compress the most
common message formats used for minimal
contacts into fixed-length packets. The older
modes (JT4,JT9,and JT65) use 72-bit message
payloads, while FST4, FT4, FT8, and Q65 use
77 bits and the propagation-probing modes
WSPR and FST4W use 50.

A standard amateur call sign consists of a
one- or two-character prefix, at least one of
which must be a letter, followed by a decimal
digitand a suffix of one to three letters. Within
theserules, the number of possible call signs is
equal to 37x36x10x27x27x27, or somewhat
over262 million. (The numbers 27 and 37 arise
because in the first and last three positions a
character may be absent, or a letter, or perhaps
a digit.) Since 228 is more than 268 million,
28 bits are enough to encode any standard
call sign uniquely. Similarly, the number
of 4-character Maidenhead grid locators on
Earth is 180x180 =32,400, which is less than
215 =32,768; thus, a grid locator requires 15
bits. Some otherwise unused values in the
28-bit fields are used for special message
components such as CQ, DE, and QRZ, and
some values of the 15-bit field not needed
for grid locators are used for signal reports,
acknowledgments, and the like. Structured
messages using these 28-bit and 15-bit fields
underlie the efficient, reliable exchange of
basic and essential information for minimal
station-to-station contacts.

15.4.3 WSJT-X Slow Modes

The slow modes in WSJT-X (versions 2.4.0
and later) are called FST4, FST4W, FT4,FTS,
JT4,]JT9,JT65, Q65, and WSPR. Each mode
uses continuous-phase frequency-shift keying
(FSK), with waveforms normally generated
at audio frequency and transmitted as upper
sideband by a standard SSB transceiver.
Numbers in the mode names indicate the
number of distinct tone frequencies used.
FST4 was designed for the LF, MF and HF
bands; JT4 and JT65 for EME on VHEF, UHF,
and microwave bands; JT9 for MF and lower
HF bands; FT8 for multi-hop sporadic E at
50 MHz; FT4 for fast contest QSOs on HF
and 50 MHz; and FST4W and WSPR for
probing potential propagation paths using
low-power transmissions. Not surprisingly,
amateurs have discovered many other ways
in which each mode can be used. On the HF

bands, worldwide contacts are possible with
these modes using power levels of a few
watts (or even milliwatts) and compromise
antennas. Reliable two-way contacts can be
made with signal levels far too weak to be
heard, 10 to 15 dB below the minimum levels
required for Morse-coded CW received and
decoded by ear.

Table 15.7A provides a brief summary
of essential parameters for the WSJT-X slow
modes. Column 1 gives the mode name,
column 2 the message payload size and
number of cyclic redundancy check (CRC)
bits, and column 3 the type of forward error
correctionused. Each code maps a sequence of
kinformation symbols into a longer sequence
of ntransmitted symbols. The results are called
(n, k) block codes. After encoding, digital
message information is modulated onto a
carrier so that transfer can take place over a
radio channel. The basic unit of transmitted
data is called a channel symbol. Parameter Q
(column 5 in the table) is the alphabet size,
the number of different symbols used. Q is
also the number of distinct waveforms used
for conveying information. For frequency-
shift keying the waveforms are sinusoids at
different frequencies. Additional columns in
Table 15.7A specify the keying rate, occupied
bandwidth, fraction of transmitted energy
devoted to synchronization, duration of
transmitted waveform, and threshold signal-
to-noise ratio for reliable decoding of each
mode. Here and elsewhere in this section,
signal-to-noise ratios are measured in a
standard reference bandwidth of 2500 Hz.

Figure 15.6 illustrates the appearance
of each of the WSJT-X slow modes in a
typical waterfall-type spectral display. For
comparison, this collection of simulated
signals also includes an unmodulated carrier
and a 25 WPM CW signal. The signals were
generated with a key-down signal-to-noise
ratio of 0 dB, thus simulating typical over-
the-air reception of moderately weak, barely
audible signals. WSPR has the narrowest
occupied bandwidth of the basic WSJT-X
modes, 5.9 Hz, while JT65 is the widest
at 177.6 Hz. JT4, JT9, and JT65 use one-
minute timed sequences of transmission and
reception, synchronized with UTC, while
WSPR uses two-minute sequences, FTS,
15 seconds, and FT4, 7.5 seconds. FST4,
FST4W, and Q65 offer a wide range of
sequence lengths. The following paragraphs
give further details for each of the slow
modes and describe their typical uses.

FT8

The FT8 protocol was developed by Steven
Franke, K9AN, and K1JT. The mode became
popular soon after its introduction in early
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Figure 15.6 — Spectrograms of simulated signals for an unmodulated carrier, a 25 WPM CW signal, and the WSJT-X slow modes
WSPR, JT9, JT4, FT8, FT4, QRA64, and JT65. All signals have S/N = 0 dB in a 2500 Hz reference bandwidth. Horizontal scale is
frequency in Hz; vertical axis represents time over the displayed interval of about 50 seconds.

summer of 2017, and is now one of the most
widely used modes of any type in amateur
radio. FT8 was designed for circumstances
where signals may be weak and fading, so
that quick completion of reliable, confirmable
QSOsisespecially desirable. The terse message
exchanges of call signs, locators, signal reports,
and acknowledgments serve well for those
engaged in country-counting, award-chasing,
and the like. The short, 15-second timed
sequences for transmission and reception
mean that basic sensitivity for steady signals
is several dB worse than the modes with
one-minute transmissions. Message packets
include 77 information bits and a 14-bit CRC.
Three of the information bits define special
message types, some of which include several
subtypes. These are used for such purposes

as free text and contest exchanges. A detailed
description of the 77-bit message format and
the FT8 protocol was published in QEX in 2020
(see References and Bibliography). FTS8 uses
a (174,91) low-density parity check (LDPC)
code for forward error correction, and the 14-
bit CRC ensures a very low false decode rate.
FT8 modulation uses Gaussian filtered 8-tone
FSK (8-GFSK) at6.25 baud, and accomplishes
frame synchronization with three 7 x 7 Costas
arrays.

One special message subtype is used
for FT8 DXpedition Mode (also called
Fox and Hounds), which enables a much-
sought-after station to make QSOs at high
rates. In this mode WSJT-X allows the rare
station to transmit up to five FT8 signals
simultaneously, thereby conducting as many

as five minimal contacts at once. The special
multi-signal transmissions are subject to
undesirable spectral broadening caused by
intermodulation between the signals. This
is true even when care is taken to avoid
overdriving the transmitter audio chain
because most modern transmitters produce
intermodulation products at levels that can
cause sign