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SECTION 4 SECTION 4 !! CHANNEL FORMAT TYPES AND DATA RATES CHANNEL FORMAT TYPES AND DATA RATES

4.1 GGENERALENERAL

4.1.1 SystemSystem timing timing.  All timing of the different transmission channels is derived from the
P channel.  If required, synchronization of the P channels of each ground earth station (GES) to universal
co-ordinated time (UTC) is one way of ensuring a world-wide timing reference for all aircraft using
aeronautical mobile-satellite service (AMSS).  The synchronization of all P channels to UTC is currently not
required because there has not been an application identified which would benefit significantly enough to
warrant the increased cost.

4.1.2 ChannelChannel spacings spacings.  The channel spacings in Table 4-1 make adequate provision for
separation to reduce adjacent channel interference and to ensure correct channel tuning in the presence of
Doppler shifts due to all causes.  In the case of the channels at the lowest bit rate, the possible spacings for
the to-aircraft direction (P channels) and from-aircraft directions (R and T channels) are different. This is due
to the uncorrected Doppler shift on to-aircraft channels, and the use of automatic frequency control (AFC) to
minimize Doppler shift in the from-aircraft direction.  Note that the requirement on the aircraft earth station
(AES) to be capable of tuning in steps of 2.5 kHz accommodates all the potential channel spacings listed
below and allows the interleaving of channels between adjacent satellite spot beams.

CCHANNEL RATEHANNEL RATE
((KBITSKBITS//SS))

CCHANNEL SPACINGHANNEL SPACING
((KKHHZZ))

MMODULATIONODULATION

21.0 17.5 A-QPSK

10.5 10.0/7.51 A-QPSK

6.0 5.0 A-QPSK

5.25 5.0 A-QPSK

4.8 5.0 A-QPSK

2.4 5.0 A-BPSK

1.2 5.0/2.52 A-BPSK

0.6 5.0/2.52 A-BPSK

1. Channel spacing for 10.5 kbits/s channels may be 10.0 or 7.5 kHz,
according to the relative availability of power and bandwidth in the
operating satellite.

2. Channel spacing of 5.0 kHz applies to the P channel and 2.5 kHz
applies to the R and T channel.

Table 4-1.  Channel spacingsTable 4-1.  Channel spacings
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4.1.3 PP channel synchronization/loss/degradation. channel synchronization/loss/degradation.  Actions by the AES management depend
upon indications of the signal quality of the received P channel.  These include an indicator of when the AES
is synchronized to the P channel, and when it is degraded and/or lost.  The AES must synchronize to a
P channel before it can receive P channel signal units, or transmit over the R or T channel.  A degraded/lost
P channel indicates reduced operational performance and is usually an indication that a switching operation,
for example, a satellite or spot beam handover, should be performed.  

4.1.3.1 These indicators of signal quality generally are based on physical measurements exceeding a
threshold.  However, the measurements used and the threshold settings depend upon the AES
implementation.  P channel synchronization is declared whenever the P channel unique word is detected
reliably.  Synchronization is lost whenever the unique word is not detected reliably. 

4.1.3.2 Either of two conditions will cause a declaration of degradation/loss of the P channel.  The
first condition corresponds to a “degraded” P channel and has two cases:  1) if the bit error rate rises above
10-4 in a three-minute averaging period; and 2) if synchronization is lost ten or more times during a
three-minute period.  This three-minute averaging period provides confidence that the degradation is not
temporary, due, for example, to an aircraft manoeuvre.  The second condition corresponds to a “lost”
P channel, which is declared if synchronization is lost continuously for ten seconds.  There is a single indicator
for either of these conditions and, consequently, the action by the AES management for either event is the
same. 

4.2 PP CHANNEL CHANNEL

4.2.1 GeneralGeneral.  At least one P channel is transmitted continuously by each GES that forms part of
the AMSS service.  Each AES must continuously monitor the P channel transmitted by the GES to which it is
logged on.  The P channel implements a time division multiplexing strategy to send small packets of
information to the AESs that are monitoring it.  The functional blocks at the GES end of each P channel are
as follows:

a) data scrambler;

b) forward error correction (FEC) encoder;

c) interleaver;

d) timing mark inserter (unique word); and

e) modulator.

The functional blocks at the receive end of each P channel are complementary to those at the transmit end.
The complete series of functional blocks from transmit end to receive end is shown in Figure 4-1.
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4.2.2 Functional blocksFunctional blocks

4.2.2.1 Data scrambler.Data scrambler.  A data scrambler is a logical device which multiplies the data sequence by
a known pseudo-random sequence.  The data is unscrambled at the receiver by multiplying by the same
sequence of random bits.  This has no direct effect on the bit error rate performance on the link.  However, it
prevents the possibility of transmitting long sequences of 1's or 0's over the link.  The latter could be
detrimental to the performance of acquisition and tracking circuitry. 

4.2.2.2 ForwardForward error correction coding. error correction coding.  Satellite communications are, in general, power-limited
due to the limited resources at the satellite.  One can reduce the amount of power required for
communications by introducing forward error correction coding, which adds redundancy to the transmitted
signal at the expense of requiring more bandwidth.  At the receiver, a decoder uses the redundancy to correct
those errors which normally occur when transmitting at a lower power. 

4.2.2.3 Interleaving.Interleaving.  Mobile communications are generally subject to fading due to reflections from
nearby objects.  The fading is correlated with time and when it occurs, can cause a sequence of correlated
errors in the data detected at the receiver.  These errors can be corrected by the forward error correction
coding.  However, most decoders work best with uncorrelated errors.  The purpose of the (transmit)
interleaver and its inverse, the (receive) de-interleaver, is to randomize the order of bits presented to the
channel compared to those presented to the decoder, thus reducing any correlation between the errors which
may be caused by the channel. 

4.2.2.4 TimingTiming mark. mark.  A unique word is inserted in each data stream, at periodic intervals, to
provide timing information to the receiver.  This timing information is needed in order to properly synchronize
the de-scrambler, the decoder, and the de-interleaver with their counterparts on the transmit side.  It also
allows recovery of this synchronization if the signal happens to be lost momentarily.  

4.2.3 P channel frameP channel frame duration duration.  The frame duration is either 500 milliseconds (channel rates of
2.4 kbits/s and higher) or a multiple of 500 milliseconds to provide simple derivation of a superframe used
for R channel slotting and the reservation TDMA T channel.  Scrambling and FEC coding of rate ½ is used
on all P channels.  The FEC encoder is not reset between frames, but starts a new frame in the state resulting
from the previous frame.  With the exception of the 0.6 kbits/s P channel, the duration of the interleaver is
500 milliseconds.  For the 0.6 kbits/s, the interleaver is 384 bits corresponding to 2/3 second.  

4.2.4 P channelP channel frame format frame format.  All P channel frame formats include a 16-bit field (uncoded) as a
format identifier and for derivation of the superframe that has a duration 8 seconds.  The format identifier is
a 4-bit field and is always set to the value 0001 when the channel is a P channel.  The remaining 12 bits of
this field are used as a superframe counter.  To achieve this the field is subdivided into three 4-bit fields, of
which the first is used to indicate the start of a new superframe, while the remaining two are used to indicate
the frame number.  It is advisable for AES implementations to make use of all 12 bits to achieve reliable
superframe synchronization in the presence of bit errors.

4.2.5 For P channels of 4.8 and 10.5 kbits/s, a small number of “dummy” bits are included in the
frame just after the framing bits.  This matches the number of bits of the interleaver to the number of bits
required to be transmitted on the channel.

4.2.6 To facilitate the re-synchronization of an AES transferring from one P channel to another on
the same GES, all P channels transmitted by the same GES are synchronized.
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4.3 RR CHANNEL CHANNEL

4.3.1 GeneralGeneral.  All AESs will log-on to AMSS using an R channel that has been designated for that
purpose in the particular service area of the AES.  For the duration of its log-on period an AES will be
assigned one or more R channels (at the appropriate channel rates).   Over these R channels, the AES can
transmit signalling, short data packets, and requests for additional capacity on the T channel.  The burst mode
data channel characteristics for the R channel have been specified in the Standards and Recommended
Practices (SARPs) as has been the slot structure used for its slotted-ALOHA random access protocol.  The
functional blocks at the transmit (AES) end of each channel are as follows:

a) data scrambler;

b) FEC encoder;

c) interleaver;

d) preamble and unique word generator; and

e) modulator.

The functional blocks at the receive end of each R channel are complementary to those at the transmit end.
The complete series of functional blocks form transmit end to receive end is shown in Figure 4-2.

4.3.2 RR channel transmit timing channel transmit timing.  The R channel transmits in slots derived from the P channel
superframe.  The R channel slot length varies according to the channel bit rate.  The start of any given
R channel slot is referenced to the leading edge of the first bit in the P channel format identifier field.  An
R channel burst may begin at an integer number of slot durations after this time.  For the R channel, the
nominal starting instant of the first bit of the preamble is the beginning of the slot.

4.4 TT CHANNEL CHANNEL

4.4.1 GeneralGeneral.  For the duration of its log-on period an AES will be assigned one or more
T channel frequencies (at the appropriate channel rates).  These channels are shared with a number of other
AESs on a demand-assigned basis.  That is, these channels are assigned on a conflict-free basis to individual
AESs by the GES for short periods of time.  The requests for T channel capacity can be made over the
R channel, or over the T channel, if capacity has already been assigned.  The burst mode data channel
characteristics for the T channel have been specified in the SARPs, as has been the slot structure used for its
reservation TDMA protocol.  The functional blocks at the transmit (AES) end of each channel are as follows:

a) data scrambler;

b) FEC encoder;

c) interleaver;

d) preamble and unique word generator; and
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e) modulator.

The functional blocks at the receive end of each T channel are complementary to those at the transmit end.
The complete series of functional blocks form transmit end to receive end is shown in Figure 4-2.

4.4.2 T channel formatT channel format.  The T channel burst length can vary from 2 to 31 signal units.  The
number of columns used in the interleaver varies with the transmission bit rate and the burst length according
to the SARPs.  Each burst includes a special short signal unit, the burst identifier, which ensures that the
originating AES and destination GES are always known.  If a GES receives a burst in which the burst
identifier is lost, absent or indicates a different GES, the GES would discard the burst.

4.4.3 T channel transmit timingT channel transmit timing.  The T channel is also synchronized to the P channel
superframe, but in this case the superframe is subdivided into 1 024 slots of approximately 7.8 milliseconds.
The shortest guard time between the burst of two different AESs is under control of the receiving GES and is
set to approximately 39 milliseconds (5 slots).

4.5 CC CHANNEL CHANNEL

4.5.1 GeneralGeneral.  The C channel is a circuit-mode channel used for digital voice or data
communications.  A C channel can be requested by an AES over the R channel, and assigned by the GES
over the P channel.  The functional blocks at the transmit end of each C channel are as follows:

a) interfaces for primary (e.g. voice) and sub-band channel;

b) primary channel/sub-band channel data multiplexor;

c) data scrambler;

d) FEC encoder (unless it is not used); 

e) interleaver (unless FEC is not used);

f) preamble and unique word generator; and

g) modulator.

The functional blocks at the receive end of each C channel are complementary to those at the transmit end.
The complete series of functional blocks from transmit end to receive end is shown in Figure 4-3.

4.5.1.1 The C channel has been specified at a number of different channel rates: 5.25, 6.0, 10.5,
and 21.0 kbits/s.  The underlying motivation is to allow the evolution of the system to lower channel rates as
voice processing technology improves.  Two of these channel rates, 5.25 and 10.5 kbits/s, do not include
coding.  Potential applications of these uncoded channels include transmitting 4.8 and 9.6 kbits/s vocoded
speech in satellite systems that have limited spectrum but are not power limited.  Alternative applications
could include the use of vocoders that include their own coding, protecting the important bits more than the
others; this could eliminate the need for coding in the channel modem.
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4.5.2 CC channel frame channel frame.  The frame duration at all channel rates is 500 milliseconds.  Carrier
activation (burst mode) based on speech activity is used in the to-aircraft direction.  At each activation, a
preamble and unique word are transmitted to commence the burst, and from then on further unique words
occur every 500 milliseconds.  Thus the phasing of the unique word depends on the instant when activation
commences.  A postamble is sent when there is no voice content in the interleaver block.

4.5.3 Voice activationVoice activation.  In the to-aircraft direction, carrier activation is controlled by an electrical
signal at the C channel interface.  When the C channel is used for voice, this signal is controlled by the voice
encoder.  The voice encoder turns the signal on as soon as it detects voice, but applies a hangover time before
turning the signal off to avoid excessive turn-offs between syllables.  In addition, the forward carrier is
activated by sub-band channel signalling as required.

4.5.3.1 The channel unit starts a new burst immediately after the “active” state is signalled.  When
the “not active” state is signalled, the channel unit continues transmission for a period and then drops the
carrier.  In the case of channels with FEC and an interleaver, the channel unit completes transmission of the
current interleaver block, plus another complete interleaver block, which ends with a postamble to terminate
the C channel carrier burst.  In the case of channels with no FEC or interleaver, the channel unit continues
transmission for 20 milliseconds.  For both cases, during this period the required bits are taken from the
primary channel interface as usual.

4.5.3.2 The same timing rules apply to the corresponding control signal from the sub-band signalling
channel equipment.

4.5.3.3 In the from-aircraft direction, the carrier is transmitted continuously during the call regardless
of speech activity.  The start of the transmission is the same as for the forward direction, with a preamble and
unique word transmitted at the beginning, followed by further unique words at 500 millisecond intervals.  

4.5.4 DataData activation activation.  The capability to use the C channel for data other than vocoded speech is
not required for safety applications.  However, the C channel may be used for the transmission of data by
non-safety services and some details of its operation are included here. In the to-aircraft direction the forward
carrier is operated in burst mode for circuit-mode data transfer.  Circuit 109 (CF) as defined in CCITT
Recommendation V.24 (termed DCD in EIA RS-232C), from the GES voice band modem controls the
activation interface of the C channel.  The interface is initially activated when the call enters data mode, which
is indicated by the circuit 109 transition to ON state.  The interface normally remains activated until
deactivation of data mode by the AES.  If the circuit 109 changes to the OFF state indicating loss of received
carrier from the far-end modem, the transmit circuit mode interface unit finishes sending the contents of the
plesiochronous buffer and then changes to “not active”.  The C channel activation interface is reactivated again
when (if) the circuit 109 changes to the ON state.

4.5.5 InterleaverInterleaver size size.  In any data transmission system where interleaving is required to randomize
the errors, the interleaver size is always a trade-off between the delay incurred and its effectiveness at
randomizing the errors.  The interleaver blocksize for the 21 kbits/s C channel is 384 bits, which corresponds
to 192 information bits.  This 192 bits is the frame size (20 milliseconds) of most 9.6 kbits/s vocoders.  This
direct mapping between vocoder frames and interleaver buffers minimizes the delay caused by interleaving and
its effect on voice communications.  The resulting over-all transmission delay is around 30 milliseconds (rising
to 50 milliseconds at the lowest channel rate).  To match the number of interleaver bits to the required
number of channel bits, a small number of “dummy” bits are included in the frame just after the framing bits.
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4.5.5.1 The delay at the transmitter arising from the interleaver depends on the relationship between
the voice frame and the interleaver size.  The full de-interleaver delay of around 20 milliseconds will be
experienced at the receiving end.

4.5.6 VoiceVoice channel delay channel delay.  To maintain voice circuit quality, the CCITT recommends that the
end-to-end delay should be limited to 440 milliseconds or less.  Given that the nominal satellite delay is 270
milliseconds, the voice processing system delay should not exceed 65 milliseconds.  This assumes that the
terrestrial network is allotted 40 milliseconds of delay, and the modem and RF subsystems are allotted 65
milliseconds of delay.  It is to be noted that with current voice processing algorithms, the processing delay
tends to increase as the vocoder rate decreases.  Consequently, this end-to-end delay objective may be difficult
to meet with low-rate vocoders, e.g. 2.4 and 4.8 kbits/s.

4.5.7 Sub-band C channelSub-band C channel.  The data transferred by the sub-band C channel includes control and
signalling for the call set-up of the C channel, continuity checks, and power control.  In each frame, the first
24 half-octets of the sub-band C channel are combined to form a standard length 96-bit signal unit.
Successive groups of 24 half-octets are combined in the same way, if available.  The 25th data field of the last
voice/data block in the frame is discarded.  When the C channel is activated, and there are no other signal
units to be sent, fill-in signal units are sent.
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Figure 4-1. P channel functional blocksFigure 4-1. P channel functional blocks



4-9

Figure 4-2. R and T channel functional blocksFigure 4-2. R and T channel functional blocks
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Figure 4-3. C channel functional blocksFigure 4-3. C channel functional blocks
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