
4 DIGITAL COMMUNICATIONS
TECHNIQUES

This chapter examines the techniques which enable baseband signals to be carried over a distance,
adapting the characteristics of the transmitted signals to the constraints of the satellite communica-
tions channel. Basically these constraints are power and bandwidth. It is shown how those resources
canbe tradedoff against eachother. This is an important aspect of satellite communications as power
impacts both satellite mass and earth station size and bandwidth is constrained by regulations. The
objective is to achieve an optimum trade-off, giving themaximumcapacity atminimumsystemcost.
Figure 4.1 is an excerpt from Figure 1.1 representing the basic communications functions in the

transmitting and receiving earth stations. Similar functions are implemented on board a regen-
erative satellite to communicate with earth stations or other satellites over intersatellite links.
Figure 4.2 provides some insight into Figure 4.1 for digital transmission [BOU-87]. Source

encoding and time division multiplexing are discussed in Section 3.1.1. This chapter discusses the
following typical functions implemented for transmission of digital signals:

—baseband processing or formatting;
—digital modulation and demodulation.
—channel coding and decoding;

Channel coding is presented aftermodulation, as thedependency of bit error rate (BER)upon the
ratio of energyper bit to noise power spectral density (Ec/N0) shouldbediscussedfirst. The chapter
also covers the power–bandwidth trade-off due to channel coding, the established digital
transmission standards (DVB-S and DVB-S2) and concludes with examples.
The typical performance of a digital communications system is measured by the bit error rate

(BER), as introduced in Chapter 3. This chapter indicates how this performance depends on
the radio-frequency link performance expressed by the ratio of the received carrier powerC, to the
noise power spectral density,N0. Chapter 5 introduces the concepts of EIRP andG/T, which appear
in Figure 4.1, and their impact on the C=N0 ratio.

4.1 BASEBAND FORMATTING

4.1.1 Encryption

Encryption is used when it is wished to prevent unauthorised users exploiting, or tampering
with, transmitted messages. It consists of performing an algorithmic operation, in real time,
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Figure 4.1 Basic communications functions in an earth station.

bit-by-bit on the binary stream. The set of parameters that defines the transformation is
called the ‘key’. Although the use of encryption is often associated with military commu-
nications, commercial satellite systems are increasingly induced by their customers to
propose encrypted links for commercial and administrative networks. In fact, due to the
extended coverage of satellites and easy access to them by small stations, eavesdropping and
message falsification are potentially within the reach of a large number of agents of reduced
means.
Figure 4.3 illustrates the principle of encrypted transmission. The encryption and decryption

units operate with a key provided by the key generation units. Acquisition of a common key
implies a secure method of key distribution.
Encryption consists of confidentiality (avoiding exploitation of the message by unauthorised

people) and authenticity (providing protection against modification of the message by an
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intruder). Two techniques are used [TOR-81]:

—Online encryption (stream ciphering)—each bit of the original binary stream (the plain text)
is combined using a simple operation (for example, modulo 2 addition) with each bit of a
generated binary stream (the keystream) produced by a key device. The key device could be, for
example, a pseudorandom sequence generator whose structure is defined by the key.

—Encryption by block (block ciphering)—the original binary stream is transformed into an
encrypted stream block by block according to logic defined by the key.

4.1.2 Scrambling

ITU recommends the use of energy dispersion techniques (ITU-R Rec. S.446) in order to limit
interference between radiocommunications systems sharing the same frequency bands. In digital
transmission, when the bit stream is random, the carrier energy is spread throughout the spectrum
of themodulating signal. By limiting the transmitted EIRPof the satellite, one can remain below the
limit on surface power density at ground level. In contrast, if the bit stream contains a repeated
fixed pattern, lines appear in the spectrum of the modulated carrier and their amplitude can lead
to the limit on surface power density at ground level being exceeded. The principle of energy
dispersion is to generate a modulating bit stream which has random properties regardless of the
structure of the informationbit stream. This operation,which is performedat the transmitter before
modulation, is called scrambling. On reception, the inverse operation, performed after demodula-
tion, is called descrambling.

Figure 4.3 The principle of encrypted transmission.
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Figure 4.4 shows an example of scrambler and descrambler realisation. In the scrambler, each
incoming information bit is combined by modulo 2 addition with each bit generated by a
pseudorandom sequence generator. The pseudorandom sequence generator consists of a shift
registerwith various feedback paths. The descrambler contains the same pseudorandom sequence
generator and, by virtue of the properties of modulo 2 addition, the combination by modulo 2
addition of the bits of the demodulated binary streamwith those of the random sequence provides
recovery of the information content. This implies synchronismof the twopseudorandom sequence
generators. The arrangement of Figure 4.4 automatically ensures synchronism; after r bits
transmitted without error, the r stages of the scrambling and descrambling shift registers are in
the same state. However, an error in one bit produces asmany errors in an interval of r bits as there
are non-zero coefficients ai in the feedbackpaths.An additional advantageprovided by scrambling
is suppression of sequences of logical 0s or 1s which, in NRZ-L coding, can lead to a loss of
synchronisation of the bit-timing recovery circuit and introduce detection errors at the demodu-
lator output as a result of a timing error in the instant of decision (see Figures 4.14 and 4.15). An
example of implementation of scrambling is that used in the DVB-S standard (see Section 4.7).

4.2 DIGITAL MODULATION

Figure 4.5 shows the principle of a modulator. It consists of:

—a symbol generator;
—an encoder or mapper;
—a signal (carrier) generator.

Figure 4.4 (a) A scrambler. (b) A descrambler.
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Thesymbolgenerator generates symbolswithM states,whereM ¼ 2m, fromm consecutivebits of the
input bit stream. The encoder establishes a correspondence between the M states of these symbols
and M possible states of the transmitted carrier. Two types of correspondence can be considered:

— direct mapping—one state of the symbol defines one state of the carrier;
—encoding of transitions (differential encoding)—one state of the symbol defines a transition

between two consecutive states of the carrier.

For a bit rateRc (bit/s) at themodulator input, the signalling rateRs at themodulator output (the
number of changes of state of the carrier per second) is given by:

Rs ¼ Rc=m ¼ Rc=log2 M ðbaudÞ ð4:1Þ

Phase modulation, or phase shift keying (PSK), is particularly well suited to satellite links. In fact,
it has the advantage of a constant envelope and, in comparisonwith frequency shift keying (FSK), it
provides better spectral efficiency (number of bits/s transmitted per unit of radio-frequency
bandwidth—see Section 4.2.7). Depending on the number m of bits per symbol, different M-ary
phase shift keying modulations are considered:

—The simplest form is basic two-state modulation (M¼ 2), called ‘binary phase shift keying’
(BPSK) with standard direct mapping. When differential encoding is considered it is called
‘differentially encoded BPSK’ (DE-BPSK). It is of interest because it enables a simplified
demodulation process (differential demodulation, see Section 4.2.6.1).

— If two consecutive bits are grouped to define the symbol, a four state modulation (M¼ 4) is
defined, called ‘quadrature phase shift keying’ (QPSK) with direct mapping. Differentially
encoded QPSK (DE-QPSK) could be envisioned, but it is not used in practice (except for the
specific case of p/4 QPSK, see Section 4.2.3.2) as differential demodulation displays significant
performancedegradationcompared tostandardcoherentdemodulationwhenM is larger than2.

—Higher-ordermodulations (M¼ 8, 8-PSK;M¼ 16, 16-PSK; etc.) are obtainedwithm¼ 3, 4, etc. bits
per symbol. As the order of the modulation increases, the spectral efficiency increases as the
numberof bitsper symbol.On theotherhand,higher-ordermodulations requiremore energyper
bit (Eb) to get the same bit error rate (BER) at the output of the demodulator (see Section 4.2.6).

With a modulation of high order (M equal to or larger than 16), better performance is achieved by
consideringhybridamplitudeandphase shift keying (APSK).Statesof the carriercorrespond togiven
values of carrier phase and carrier amplitude (two values for 16APSK, three values for 32APSK).

4.2.1 Two-state modulation—BPSK and DE-BPSK

Figure 4.6 shows the structure of a two-state phase modulator. There is no symbol generator since
the binary symbol identifies with the input bit. Let bk be the logical value of a bit at the modulator
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Figure 4.5 The principle of a modulator for digital transmission.
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input in the time interval ½kTc, ðkþ 1ÞTc�. The encoder transforms the input bit bk into amodulating
bit with logical value mk such that:

— for direct mapping (BPSK): mk ¼ bk.
— for differential encoding (DE-BPSK): mk ¼ bk �mk�1, where � represents the ‘exclusive OR’

logical operation.

The channel signal generator is controlled by the bitmkwhich is represented in the time interval
½kTc, ðkþ 1ÞTc� by a voltage vðkTcÞ ¼ �V. The carrier of frequency fc ¼ vc=2p can be expressed
during this interval:

CðtÞ ¼
ffiffiffiffiffiffi
2C

p
cosðvctþ ukÞ ¼ vðkTcÞA cosðvctÞ ðVÞ ð4:2Þ

where C is the modulated carrier power and A the reference carrier amplitude, where uk ¼ �mkp
and �mk is the logical complement of mk: uk ¼ 0 if mk ¼ 1 and uk ¼ p if mk ¼ 0. During this time
interval, the carrier thus exhibits a constant phase state, either 0 or p. The last term of equation (4.2)
shows that this phase modulation can be regarded as suppressed carrier amplitude modulation
with two amplitude states�V (notice that the envelope remains constant). This modulation can be
realised simply, as shown inFigure 4.6, bymultiplication of the reference carrier by the voltage vðtÞ.
Table 4.1 shows the relationship between bk and the carrier phase for the two types of encoding.

4.2.2 Four-state modulation—QPSK

Figure 4.7 shows the configuration of a four-state phase modulator. The symbol generator is a
serial–parallel converter which generates two binary streamsAk and Bk, each of bit rate Rc=2, from
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Figure 4.6 Two-state phase modulator (BPSK).

Table 4.1 Relationship between the bit and the carrier phase in BPSK

(a) Direct encoding

bk Phase

0 p
1 0

(b) Differential encoding

Previous state Present state

bk mk�1 Phase mk Phase

0 0 p 0 p No phase change
1 0 1 0

1 0 p 1 0 Phase change
1 0 0 p
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the input stream of bit rate Rc. The symbol AkBk is a ‘dibit’ which occupies the time interval
½kTs, ðkþ 1ÞTs� equal to Ts ¼ 2Tc or the duration of two bits. The mapper, or encoder, transforms
dibit AkBk into dibit IkQk. As discussed above, only direct mapping is typically considered:

Ik ¼ Ak Qk ¼ Bk ð4:3Þ

The signal generator superposes two carriers in quadrature. These two carriers are amplitude
modulated (with suppressed carrier) by bits Ik and Qk which are represented in the time interval
½kTs, ðkþ 1ÞTs� by voltages vIðkTsÞ ¼ �V and vQðkTsÞ ¼ �V. The expression for the carrier during
the interval ½kTs, ðkþ 1ÞTs� is:

CðtÞ ¼ vIðkTsÞ Affiffiffi
2

p cosðvctÞ�vQðkTsÞ Affiffiffi
2

p sinðvctÞ

¼ AV cosðvctþ ukÞ ðVÞ
ð4:4Þ

where uk ¼ 45�, 135�, 225�, or 315� according to the values of the voltages vIðkTsÞ and vQðkTsÞ.
In Figure 4.8, it can be seen that the carrier can take one of four phase states, each state being
associated with one value of the symbol IkQk. In general, two phase states separated by 90� are
associated with two dibits IkQk which differ by a single bit (Gray code). Hence an error at the
receiver in recognising the phase between two adjacent phases leads to an error in a single bit.
Table 4.2 shows the correspondence between dibit AkBk and the carrier phase.

4.2.3 Variants of QPSK

In QPSK modulation, the voltages which modulate the two carriers in quadrature change
simultaneously and the carrier can be subjected to a phase change of 180�. In a satellite link that
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Figure 4.8 QPSK constellation.
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includes filters, large phase shifts cause amplitude modulation of the carrier. The non-linearity of
the channel transforms these amplitude variations into phase variations (see Chapter 9) that
degrade the performance of the demodulator. Several variants of QPSK modulation have been
proposed to limit the amplitude of the phase shift.
Furthermore, baseband pulse shaping can be introduced to limit the spectrum width of the

modulating baseband waveform using a filter that smoothes the abrupt time variation of the non-
return to zero (NRZ) rectangular-shaped pulse voltage associated with bits in Figure 4.7.
The most popular variants of QPSK are:

—offset QPSK (OQPSK);
— p=4 QPSK;
—minimum shift keying (MSK).

4.2.3.1 Offset QPSK

With offset QPSK (OQPSK), also called staggered QPSK (SQPSK), the Ik and Qk modulating bit
streams are offset by half a symbol duration, i.e. Ts=2 ¼ Tc, the duration of a bit. The phase of the
carrier changes every bit period but only �90� or 0�. This avoids the possible 180� phase shift
associated with the simultaneous change in the two bits in the modulating dibit with QPSK. It
results in a reduced envelope variation when the modulated carrier is filtered.
The INMARSAT aeronautical service uses Aviation QPSK (A-QPSK). It is equivalent to OQPSK,

but replaces the baseband NRZ modulating voltage of bits Ik and Qk in Figure 4.7 by the response
to an impulse of amplitude V of a raised cosine pulse filter with transfer function Hð fÞ given by
[PRO-01, p. 546]:

Hð fÞ ¼

(
Ts for 0 � j fj � 1�a

2Ts

Ts

2

n
1þ cos pTs

a
ðj f j � 1�a

2Ts
Þ

h io
for 1�a

2Ts
� j f j � 1þa

2Ts

0 for j f j > 1þa

2Ts
ð4:5Þ

where a is the roll-off factor. The selected roll-off factor of A-QPSK is a ¼ 1.

4.2.3.2 p/4 QPSK

This modulation scheme is another approach to avoiding 180� instantaneous phase shifts. It uses
differential encoding. The modulating data Ik and Qk at time k are determined from the incoming
dibits AkBk and the previous modulating dibits Ik�1Qk�1, according to the following transform:

Ik

Qk

 !
¼ cos uk �sin uk

sin uk cos uk

 !
Ik�1

Qk�1

 !

Table 4.2 Relationship between the bit pairAkBk and the
carrier phase in QPSK (direct encoding)

AkBK Phase

00 5p/4
01 3p/4
10 7p/4
11 p/4
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where uk ¼ p=4; 3p=4; �3p=4; �p=4, depending on the incoming dibit AkBk (11, 01, 00, 10). For
example, at instant k�1, the carrier phase is one of the four phases of constellation 1 (Figure 4.9a).
At instant k, the carrier takes one of the possible phase values of constellation 2 (Figure 4.9b).
As the two constellations are shifted with respect to each other by p=4, the possible phase changes
are �p=4 or � 3p=4, as illustrated by the lines in Figure 4.9c indicating the possible phase
transitions starting from a particular phase at instant k�1.

4.2.3.3 Minimum shift keying

This minimum shift keying (MSK) modulation scheme is a special case of OQPSK, replacing the
NRZ rectangular-shaped pulse voltage associated with bits Ik andQk in Figure 4.7 by the response
to an impulse of amplitudeV of a pulse filterwith impulse response hðtÞgiven as follows [GRO-76]:

—For the Ik stream

hðtÞ ¼ cosðpt=2TÞ for 0 � t � T

0 otherwise

(

—For the Qk stream

hðtÞ ¼ sinðpt=2TÞ for 0 � t � T

0 otherwise

(

The carrier phase increases by �DvTc during each bit duration Tc with Dv ¼ p=2Tc, as shown
in Figure 4.10. The phase varies linearly with time during each bit period Tc and is equal to
an integer multiple of p=2 at the end of each bit period. This phase variation translates into a
constant frequency during each bit period,whichmakes themodulation equivalent to a frequency
shift keying (FSK) modulation with two frequencies, fc�1=4Tc and fc þ 1=4Tc, depending on the
incoming bit, where fc is the reference carrier frequency.

To avoid the sharp changes in phase slopes at the end of each bit interval in Figure 4.10,
Gaussian-filtered MSK (GMSK) uses premodulation baseband filtering with a Gaussian-shaped
frequency response. This results in the carrier experiencing p=2 phase steps smoothed in order to
reduce its spectrum width. This technique is used when bandwidth saving is at a premium. The
inconvenience is the generated intersymbol interference as each data bit influences the carrier
phase during a time period exceeding the bit duration (typically 3Tc).

Figure 4.9 QPSK modulation: (a) constellation 1, (b) constellation 2, (c) possible phase transitions on
successive symbols.
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4.2.4 Higher-order PSK and APSK

When combining three consecutive bits to define the symbol, 8PSKmodulation (M¼ 8) is defined
(Figure 4.11b). Higher-order PSK modulation can be considered. However, as the order of the
modulation increases, the phase difference between carrier states decreases and it is required to
increase the amplitude of the carrier to maintain the same distance between carrier plots so as to
obtain the same bit error rate (BER) at output of the demodulator (see Section 4.2.6.3).
Based on the configuration of the quadrature phasemodulatorwhere the radio-frequency signal

generator superposes two carriers in quadrature, one could envision modulating the amplitude
of each carrier using two positive and two negative signal voltages (4-ary amplitude symbol). This
would result in ‘16-quadrature amplitudemodulation’ (16QAM),where carrier plots are organised
in squares (Figure 4.11c). This modulation does not display a constant envelope as there are three
possible values of the carrier amplitude which makes the modulation quite sensitive to non-
linearity of the satellite channel.
Keeping the same number of carrier states (M¼ 16), it is possible to reduce the number of

amplitude values to two (so as to reduce the non-linear impairments) by distributing the carrier
plots on two concentric circles. This modulation is called ‘16-amplitude and phase shift keying’
(16APSK, see Figure 4.12a). If quasi-linear channels are available (thanks to the use of on-board

Figure 4.10 Phase of an MSK-modulated carrier.

Figure 4.11 Some alphabet modulation schemes: (a) QPSK (b) 8-PSK (c) 16-QAM amplitude and phase
modulation where vIðkTsÞ and vQðkTsÞ take values in the domainf�1;�3g.
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linearisers, see Chapter 9), a three-level amplitude keyed carrier could be considered. In combina-
tion with different phase values, this results in the 32APSK modulation (Figure 4.12b).

4.2.5 Spectrum of unfiltered modulated carriers

Figure 4.13 shows the shape of the power spectral density (W/Hz) ofmodulated carriers according
to the modulation schemes, as a function of the normalised frequency. The vertical axis displays
the relative level in decibels (dB) of the power density with respect to the maximum value at the
unmodulated carrier frequency fc. The normalised frequency on the horizontal axis is defined as
the frequency difference between the considered frequency f and the unmodulated carrier
frequency fc with respect to the bit rate modulating the carrier, Rc.
The displayed spectra correspond to unfiltered modulated carriers. There are two concerns: the

width of the main lobe of the spectrum of the modulated carrier, which conditions the required
bandwidth; and the spectral decay of side lobes with frequency, which conditions interference
to adjacent carriers. In this respect, QPSK (M¼ 4,m¼ 2) outperforms BPSK (M¼ 2,m¼ 1) in terms
of spectrum width. As a general rule, the width of the main lobe decreases as a function of the
value of the number m of bits per symbol, which translates into higher spectral efficiency. MSK
shows a faster side lobe decay, at the expense of a larger main lobe width compared to QPSK.
In practice, filtering is implemented at the transmitter and the receiver side, in order to limit the

interference to adjacent out-of-band carriers. The effect of filtering is discussed in Section 4.2.7.

4.2.6 Demodulation

The role of the demodulator is to identify the phase (or phase shift) of the received carrier and to
deduce from it the value of the bits of the transmitted binary stream. Demodulation can be:

—Coherent: The demodulator makes use of a local sinusoidal reference signal having the same
frequency and phase as themodulated wave at the transmitter. The demodulator interprets the
phase of the received carrier by comparing it with the phase of the reference signal. Coherent
demodulation enables the binary stream to be reconstructed for both cases of transmission
encoding—direct (BPSK and QPSK) and differential (DE-BPSK and DE-QPSK).

Figure 4.12 (a) 16APSK and (b) 32APSK modulations.
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—Differential: The demodulator compares the phase of the received carrier for the duration of
transmission of a symbol and its phase for the duration of the preceding symbol. The
demodulator thus detects phase changes. The transmitted information can be recovered only
if it is contained in phase changes; differential demodulation is always associated with differ-
ential encoding on transmission. This type of modulation and demodulation is identified as
differential demodulation (D-BPSK).

The structure of BPSK and QPSK demodulators is examined in the following sections and then
the performance of the various types of modulation and demodulation is compared.

4.2.6.1 Coherent and differential demodulators

(a) Coherent demodulation of BPSK modulation (Figure 4.14a): The received modulated carrier
is proportional to cosðvctþ ukÞ. It is multiplied by the reference carrier cos vct delivered at the
output of the carrier recovery circuit. The result is proportional to cos ð2vctþ ukÞþ cos uk.
The low-pass filter eliminates the component at frequency 2fc ¼ 2vc=2p and outputs a voltage
proportional to cos uk, which is positive or negative depending on whether uk ¼ p or 0.

Figure 4.13 The spectrum of digital carriers.
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The current bit value is decided by comparing the voltage and the zero threshold of the detector
at the bit timing recovered by the bit timing recovery circuit.

(b) Differential demodulation of differentially encoded BPSK (Figure 4.14b): The received
DE-BPSK carrier is fed into a delay line (with a delay equal to the duration of one bit) and
is multiplied by the delayed output of the line. The result of the multiplication, cosðvctþ ukÞ
cosðvctþ uk�1Þ, is filtered by a low-pass filter, the output of which is 1

2
cosðuk�uk�1Þ; the value

of mk is deduced from the sign of cosðuk�uk�1Þ.
(c) Coherent demodulation of QPSK (Figure 4.15): the demodulator is an extension of coherent

demodulation of a BPSK carrier to channels in phase and quadrature.

Figure 4.14 Coherent demodulator for (a) BPSK and (b) DE-BPSK.
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4.2.6.2 Symbol and bit error probabilities

Carrier phase (or phase shift) changes under the influence of noise lead to errors in identification of
the received symbols, hence the received bits. Symbol error probability is the probability of a symbol
being detected in error; bit error probability is the probability of a bit being detected in error.
For two-state modulation, the symbol identifies to the bit. Hence the symbol error probability

(SEP) represents the bit error probability (BEP):

BEP ¼ SEP ð4:6Þ

For four-state modulation, where association of the symbols IkQk with the phase states follows
a Gray code, the bit error probability is given by:

BEP ¼ SEP=2 ð4:7Þ

More generally:

BEP ¼ SEP=log2 M for M � 2 ð4:8Þ

Table 4.3 gives the expressions for the bit error probabilities for the demodulators considered
previously [PRO-01]. Figure 4.16 shows the corresponding bit error probability curves. The
function erfc is the complementary error function defined by:

erfc ðxÞ ¼ ð2= ffiffiffi
p

p Þ
ð1
x
e�u2du ð4:9Þ

A convenient approximation for erfc
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiðEc=N0Þ

p
is ð1= ffiffiffi

p
p Þexpð�Ec=N0ÞffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiðEc=N0Þ

p , when Ec

N0
� 4ð¼ 6 dBÞ:

The ratio Ec=N0 arises in the expression for error probability, where Ec is the energy per channel
bit. This is the product of the power of the received carrier for the duration of one bit, namely
Ec ¼ CTc ¼ C=Rc. Hence:

Ec=N0 ¼ ðC=RcÞ=N0 ¼ ðC=N0Þ=Rc ð4:10Þ

For a transparent satellite link, the value of C=N0 used is the overall link performance ðC=N0ÞT
as derived in Chapter 5. For a regenerative satellite link, the value of C=N0 used is that of either the
uplink or the downlink.

Table 4.3 Expressions for bit error probabilities (BEP)

Type of modulation–demodulation Bit error probability

Coherent demodulation:
Direct encoding:
BPSK ð1=2Þ erfc ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiðEc=N0Þ

p
QPSK ð1=2Þ erfc ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiðEc=N0Þ

p
Differential encoding:
DE-BPSK erfc

ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiðEc=N0Þ
p

DE-QPSK erfc
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiðEc=N0Þ

p
Differential demodulation

(differential encoding only):
D-BPSK ð1=2Þ exp ð�Ec=N0Þ
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4.2.6.3 Bit error rate (BER)

The bit error rate (BER) measures the performance of the demodulator by counting the number of
bits in error, n, in a stream of N received bits:

BER ¼ n=N

TheBERconstitutes anestimate of the bit error probability (BEP).A level of confidence is associated
with this estimate, as follows:

BEP ¼ BER� kð ffiffiffi
n

p Þ=N

A63% level of confidence is obtained for k ¼ 1 and a 95% level of confidence for k ¼ 2. For instance,
if n ¼ 100 errors are observed within a run of N ¼ 105 bits, the BEP is 10�3 � 10�4 with a 63%
confidence level.

Figure 4.16 Theoretical bit error probability (BEP).
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Performance objectives stipulate a given bit error rate (Section 3.2), from which the required
value of Ec=N0 is determined. Table 4.4 indicates the theoretical values of Ec=N0 necessary to
achieve a given bit error probability BEP for each type of modulation and demodulation.
The figures in brackets indicate the difference between the value of Ec=N0 for the modulation/
demodulation type considered and the value obtained with BPSK or QPSK.
It can be seen that differentially encoded modulation requires a higher E=N0 value, which

translates into a higher C=N0 requirement to achieve a given bit error probability. However, as the
information is conveyed in the phase shift between two successive signals, there is no need to
recover the exact reference phase of the carrier. With coherent demodulation, this avoids the need
to resolve the reference carrier phase ambiguity introduced by the carrier recovery circuit as
a result of taking the frequency at the output of the squaring device in Figure 4.14a and dividing
it by 2. With direct encoding, the ambiguity is resolved by preamble insertion of a known bit
sequence (thepreamble) at the transmit side andpreambledetection at the receive side,which adds
to the complexity of the transmission scheme. Differential demodulation avoids the need for
recovery of the reference carrier, which makes the demodulator simple but degrades its perfor-
mance with respect to coherent demodulation.
As a result of the demodulator implementation, the value of BER is higher than the theoretical

BEP, as given by the values in Table 4.4. In order to obtain the required BER, one has to increase
by some quantity the value of Ec=N0, obtained from the expressions in Table 4.4. This quantity is
the demodulator implementation degradation. Depending on the technology and the considered
BER, the degradation ranges from 0.5 dB for simple BPSK modulation to a few dB for high-order
modulations (M¼ 16 or 32) that are sensitive to channel non-linearity and synchronisation
errors.

4.2.7 Modulation spectral efficiency

Modulation spectral efficiency can be defined as the ratio of the transmitted bit rate Rc to the
bandwidth occupied by the carrier. The bandwidth occupied by the carrier depends on the
spectrum of the modulated carrier and the filtering it undergoes.
The spectra displayed in Figure 4.13 correspond to unfiltered modulated carriers. In practice,

filtering is implemented at the transmitter and the receiver side, in order to limit the interference
to adjacent out-of-band carriers. However, such filtering introduces intersymbol interference (ISI)
[PRO-01, pp. 536–537], which degrades the BER performance compared to the above theoretical
results. For rectangular pulse shaping, as used in BPSK and QPSK, ISI-free transmission can be
achieved using a rectangular bandpass filter (a ‘brick wall’ filter) which corresponds to the
minimum required carrier bandwidth. This bandwidth (the Nyquist bandwidth) is equal to
1=Ts the inverse of the signal or symbol duration Ts. This is not implemented in practice, as a
filter with sharp transitions in the frequency domain is not realisable. Also the slow decay in the

Table 4.4 Theoretical values of Ec=N0 to achieve a given bit error probability (Ec ¼ energy per channel
bit, N0 ¼ noise spectral density). D ¼ difference in Ec=N0 relative to B-PSK and Q-PSK

BEP BPSK QPSK
DE-BPSK (D)
DE-QPSK D-BPSK (D) D-QPSK (D)

10�3 6.8 dB 7.4 dB (0.6 dB) 7.9 dB (1.1 dB) 9.2 dB (2.4 dB)
10�4 8.4 dB 8.8 dB (0.4 dB) 9.3 dB (0.9 dB) 10.7 dB (2.3 dB)
10�5 9.6 dB 9.9 dB (0.3 dB) 10.3 dB (0.7 dB) 11.9 dB (2.3 dB)
10�6 10.5 dB 10.8 dB (0.3 dB) 11.2 dB (0.7 dB) 12.8 dB (2.3 dB)
10�7 11.3 dB 11.5 dB (0.2 dB) 11.9 dB (0.6 dB) 13.6 dB (2.3 dB)
10�8 12.0 dB 12.2 dB (0.2 dB) 12.5 dB (0.5 dB) 14.3 dB (2.3 dB)
10�9 12.6 dB 12.8 dB (0.2 dB) 13.0 dB (0.4 dB) 14.9 dB (2.3 dB)
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time domain response translates any timing error by the clock recovery circuit of the receiver into
erroneous decisions in the detection process and these are detrimental to the BER performance.
ISI-free transmissions can be achieved with specific filters displaying smoother transitions in

the frequency domain, such as the raised cosine filter introduced by equation (4.5). A larger
bandwidth is then required, depending on the value of the roll-off factor a. For a raised cosine filter
with roll-off factor a, the bandwidth B occupied by the carrier is then:

B ¼ ð1þaÞ=Ts ðHzÞ ð4:11aÞ

Therefore the spectral efficiency G for an M-ary modulation scheme is:

G ¼ Rc

B
¼ RcTs=ð1þaÞ ¼ log2 M=ð1þaÞ ðbit s�1 Hz�1Þ ð4:11bÞ

where m ¼ log2M is the number of bits per symbol.

—With a roll-off factor a ¼ 0:35, the required bandwidth is 1:35=Ts, and the spectral efficiency
is G ¼ 0:7 bit s�1 Hz�1 for BPSK, G ¼ 1:5 bit s�1 Hz�1 for QPSK, G¼ 2.2 for 8PSK, etc.

Filtering is implemented at both ends of the link. If the channel is linear, theory indicates that the
overall filtering should be split evenly between the transmitter and the receiver filters. A satellite
channel is usually non-linear, as a result of the non-linear characteristics of the power amplifiers
in the earth stations and on board the satellite. The above filtering approach no longer provides
ISI-free transmission. Furthermore, the non-linear channel introduces spectrum spreading of the
filtered modulated carrier, which increases the adjacent channel interference (ACI). Backing off
the amplifier operating point is a way to reduce the spectrum spreading at the expense of carrier
power reduction.
Thenoisepower introduced into the receiver is givenbyN ¼ N0BN,whereBN is the receivernoise

bandwidth. For a Nyquist filter, the noise bandwidth is equal to 1=Ts, independent of the roll-off
factor a. In practice, the noise bandwidth of the implemented filter exhibits some dependency on
roll-off. It is then convenient to consider that the noise bandwidth of the receiver is equal to the
carrier bandwidth, i.e. BN ¼ B, as given by equation (4.11a).

4.3 CHANNEL CODING

Figure 4.17 illustrates the principle of channel encoding. It has the objective of adding, to
the information bits, redundant bits, which are used at the receiver to detect and correct errors

Figure 4.17 The principle of channel encoding.
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[PRO-01]. This technique is called forward error correction (FEC). The code rate is defined as:

r ¼ n=ðnþ rÞ ð4:12aÞ

where r is the number of redundant bits added for n information bits.
The bit rate at the encoder input is Rb. At the output, it is greater and is equal to Rc. Hence:

Rc ¼ Rb=r ðbit=sÞ ð4:12bÞ

4.3.1 Block encoding and convolutional encoding

Two encoding techniques are used: block encoding and convolutional encoding:

—Block encoding: The encoder associates r bits of redundancywith each block of n information bits;
each block is coded independently of the others. The code bits are generated by linear
combination of the information bits of the corresponding block. Cyclic codes are most used,
particularly the codes of Reed–Solomon (RS) and Bose, Chaudhari and Hocquenghem (BCH)
for which every code word is a multiple of a generating polynomial.

—Convolutional encoding: ðnþ rÞ bits are generated by the encoder from the ðN�1Þ preceding
packets of n bits of information; the product Nðnþ rÞ defines the constraint length of the code.
The encoder consists of shift registers and adders of the ‘exclusive OR’ type.

The choice between block encoding and convolutional encoding is dictated by the types of error
that are expected at theoutput of thedemodulator. Thedistribution of errorsdepends on thenature
of noise and propagation impairments encountered on the satellite link. Under stable propagation
conditions and Gaussian noise, errors occur randomly and convolutional encoding is most
commonly used. Under fading conditions, errors occur mostly in bursts; compared with con-
volutional coding, block encoding is less sensitive to bursts of errors, so block encoding is preferred
under fading conditions.

4.3.2 Channel decoding

With forward error correction (FEC), the decoder uses the redundancy introduced at the encoder
in order to detect and correct errors. Various possibilities are available for decoding block and
convolutional codes.With block cyclic codes, one of the conventionalmethods uses the calculation
and processing of syndromes resulting from division of the received block by the generating
polynomial; this is zero if the transmission is error free. For convolutional codes, the best
performance is obtained with the Viterbi decoding algorithm [VIT-79].
At the decoder input, the bit rate is Rc and the bit error probability is (BEP)in. At the output, the

information rate is again Rb, which was that at the encoder input. Because of the error correction
provided by the decoder, the bit error probability (BEP)out is lower than at the input. Figure 4.18
depicts an example of the relation between (BEP)out and (BEP)in. The value of (BEP)in is given as
a function of Ec=N0, according to the modulation/demodulation type, by one of the curves of
Figure 4.16. By combining this curve with the curve of Figure 4.18 for the encoding/decoding
scheme considered, the curves of Figure 4.19 can be established. These curves establish the
performance of the modulation and encoding system.
Notice that the bit error probability is expressed as a function of Eb=N0, where Eb represents

the energy per information bit; that is, the amount of power accumulated from the carrier over the
duration of the considered information bit. As the carrier power is C, and the duration of the
information bit is Tb ¼ 1=Rb, where Rb is the information bit rate, then Eb is equal to C=Rb.
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Eb=N0 relates toEc=N0,whereEc is the energyper coded bitmodulating the carrier (bits at output
of channel encoder and input to channel decoder) as follows:

Eb=N0 ¼ Ec=N0�10 log r ðdBÞ ð4:13Þ

where r is the code rate defined by equation (4.12a). The decoding gain Gcod is defined as the
difference in decibels (dB) at the considered value of bit error probability (BEP) between the
required values of Eb=N0 with and without coding, assuming equal information bit rate Rb.
Table 4.5 indicates typical values of decoding gain for a BEP equal to 10�6 considering standard
Viterbi decodingof a convolutionally encodedbit stream. Theuse of turbo codes as per the iterative
design of the decoder [BER-93], brings larger values of the decoding gain. Another efficient FEC
schememakes use of low density parity check (LDPC) block codes. Combinedwith an outer coder
and interleaving in a concatenated coding structure (see Section 4.3.3), the performances are about
0.7 dB to 1dB from the Shannon channel capacity limit (BER < 10�5 for Eb=N0 ¼ 0:7 dB).

4.3.3 Concatenated encoding

Block encoding and convolutional encoding can be combined in a ‘concatenated encoding scheme’
(Figure 4.20). The layout incorporates an outer block encoder, followed by an inner encoder. At
the receiving end, the inner decoder corrects errors at the output of the demodulator. The outer
decoder is able to correct the occasional bursts of errors generated by the inner decoder’s decoding
algorithm, which produces such bursts of errors whenever the number of errors in the incoming
bit stream oversteps the correcting capability of the algorithm. The performance of concatenated
encoding is improved while using simple outer coders by implementing interleaving and
deinterleaving between the outer and inner coders.
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Figure 4.18 The relationship between the bit error probability (BEP)out at the output of an error-correcting
decoder and the bit error probability at the input (BEP)in.
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Concatenated encoding has been retained for the DVB-S standard [EN-300-421]. The outer block
encoder is an RS (204, 188) encoder where 16 redundancy bytes are added to each input block of
188 bytes yielding output blocks of 204 bytes (code rate r¼ 188/204). The inner encoder is a
convolutional codewithfivedifferent code rates (1/2, 2/3, 3/4, 5/6 and7/8). TheDVB-S2 standard
also makes use of concatenated encoding, but using two block codes: BCH for the outer code and
low density parity check (LDPC) for the inner code (see Section 4.8).

4.3.4 Interleaving

Interleaving is a way to improve the performance of convolutional encoding with respect to
bursts of errors. It consists of ordering the encoded bits before transmission so that bursts of
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Figure 4.19 The performance of a modulation and coding system; the definition of decoding gain.

Table 4.5 Typical values of decoding gain

Code rate r Eb=N0 required for BEP ¼ 10�6 Decoding gain

1 10.5 dB 0dB
7/8 6.9 dB 3.6 dB
3/4 5.9 dB 4.6 dB
2/3 5.5 dB 5.0 dB
1/2 5.0 dB 5.5 dB
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errors are randomised when the bits are reordered before decoding at the receiving end. Inter-
leaving is alsousedwith concatenated coding todistribute bursts of errors as theoutput of the inner
decoder over different code blocks (see Section 4.3.3). Two interleaving techniques are used:

—Block interleaving (Figure 4.21a): bits are organised in blocks of N bits which are sequentially
laid down in the B rows of an (N, B) memory array and read out for transmission from the N
columns in blocks of B bits. A burst of errors spanning N bits affects only one bit in each
transmitted block. This technique introduces a delay approximately equal to 2NB bits duration.

—Convolutional interleaving (Figure 4.21b): bits are organised in blocks of N bits. The ith bit
ði ¼ 1; 2; . . . ;NÞ in each block is delayed by ði�1ÞNJ time units through an ði�1ÞJ stage shift
register clocked once every N bit times, where J ¼ B=N. A time unit thus corresponds to the
transmission of a block ofN bits. The output bits are serialised for transmission. At the receiving
end, groups of N bits are reblocked and the ith bit in each block is delayed by ðN�iÞNJ time
units through an ðN�iÞJ stage shift register. This technique introduces a constant delay of
ðN�1ÞJ time units, equal to NðN�1ÞJ ¼ ðN�1ÞB bit duration. The delay is therefore about half
the delay introduced by an (N, B) block interleaver.

4.4 CHANNEL CODING AND THE POWER–BANDWIDTH
TRADE-OFF

4.4.1 Coding with variable bandwidth

Coding allows bandwidth to be exchanged for power, so the link performance can be optimised
with respect to cost. This is paramount in the design of a link. Consider a satellite link which
conveys an information bit rate Rb ¼ 2:048Mbit=s using BPSK with spectral efficiency
G ¼ 0:7 bit s�1 Hz�1. The objective bit error rate is BER ¼ 10�6.

(a) Without coding ðr ¼ 1Þ

The transmitted bit rate is Rc ¼ Rb ¼ 2:048Mbit=s
The bandwidth used is Bnocod ¼ Rc=G ¼ 2:048=0:7 ¼ 2:9MHz

Figure 4.20 Concatenated encoding scheme as used for the DVB-S standard.
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The theoretical required value forEb=N0 (not taking into account implementation degradation)
is given in Table 4.5 and equals ðEb=N0Þ ¼ 10:5 dB. The required value of C=N0 is:

ðC=N0Þnocod ¼ ðEb=N0ÞnocodRb ¼ 10:5 dBþ 63:1 dBbit=s ¼ 73:6 dBHz

This corresponds to the required value for the overall (from transmit earth station to receive
earth station) link performance ðC=N0ÞT for a transparent satellite (with no on-board demo-
dulation), or the relevant uplink ðC=N0ÞU or downlink ðC=N0ÞD performance for a regenerative
satellite.

(b) With coding ðr < 1Þ

Assume for instance r ¼ 7=8
The transmitted bit rate is Rc ¼ Rb=r ¼ 2:048=ð7=8Þ ¼ 2:34Mbit=s
The bandwidth used is Bcod ¼ Rc=G ¼ 2:34=0:7 ¼ 3:34MHz

Figure4.21 Interleaving techniques: (a) block interleaving (shadedboxes representbits thatwouldbe errorred
without interleaving during a burst of N consecutive errors); (b) convolutional interleaving.
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The theoretical required value forEb=N0 (not taking into account implementation degradation)
depends on the code rate r as indicated by Table 4.5. With r ¼ 7=8 the required Eb=N0 is
ðEb=N0Þcod ¼ 6:9 dB. The required value of C=N0 is:

ðC=N0Þcod ¼ ðEb=N0ÞcodRb ¼ 6:9 dBþ 63:1 dBbit=s ¼ 70 dBHz

Table 4.6 displays the above results along with those obtained for different code rates.
Depending on the selected code rate, one observes a reduction in the required value of
C=N0; this corresponds to a lower power requirement and an expansion in the required
bandwidth. The reduction DC=N0 is equal to the decoding gain:

DC=N0 ¼ ðEb=N0Þnocod�ðEb=N0Þcod ¼ Gcod ðdBÞ

The reduction in the required Eb=N0, which translates to an equal reduction in the required
carrier power C, is paid for by an increase in the required bandwidth used on the satellite link.
In fact, it is necessary to transmit a bit rate Rc which is greater than the information bit rate Rb,
and, according to equation (4.17), the bandwidth used is B ¼ RcG ¼ Rb=r G: The bandwidth
expansion is:

DB ¼ 10 log Bcod�10 log Bnocod ¼ �10 log r ðdBÞ

Figure 4.22 illustrates the variation of the requirements upon C=N0 and B as a function of
the code rate r. As the code rate decreases, less power is demanded but more bandwidth is
required.

4.4.2 Coding with constant bandwidth

Codingwith constant bandwidth is performedwhen a given bandwidth is allocated to a given link.
Coding is introduced without changing the carrier bandwidth B and therefore at a constant
transmitted rate Rc. Consequently, the information bit rate Rb must be reduced.
Without coding, the transmitted bit rate Rc is constrained by the allocated bandwidth B.

Assuming Bnocod ¼ 2:9MHz, the transmitted bit rate is Rc ¼ ðRbÞnocod ¼ GB ¼ 2:048Mbit=s. The
required value of C=N0 is given by:

ðC=N0Þnocod ¼ ðEb=N0ÞnocodðRbÞnocod ¼ 10:5 dBþ 63:1 dBbit=s ¼ 73:6 dBHz

With coding, the transmitted bit rate Rc remains constant whatever the code rate r, and the
information bit rate Rb varies as ðRbÞcod ¼ rRc. The required value of C=N0 is:

ðC=N0Þcod ¼ ðEb=N0ÞcodðRbÞcod

Table 4.6 Impact of coding for variable bandwidth: object BER ¼ 10�6, BPSKmodulation

Code rate r
Typical required
Eb=N0 (dB)

Required C=N0

(dBHz)
Required
bandwidth (MHz)

1 10.5 73.6 2.9
7/8 6.9 70.0 3.3
3/4 5.9 69.0 3.9
2/3 5.5 68.6 4.4
1/2 5.0 68.1 5.9
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The reduction DC=N0 is given by:

DC=N0 ¼ ðC=N0Þnocod�ðC=N0Þcod
¼ ½ðEb=N0Þnocod�ðEb=N0Þcod��10 log r

¼ Gcod�10 log r ðdBÞ

The reduction is equal to thedecoding gainplus�10 log r (a positive gain indB)which results from
the reduction in the information bit rate.
Table 4.7 displays calculated values of the C=N0 reduction DC=N0 for different code rates. These

values do not take into account the implementation degradation. Depending on the selected code
rate, one observes a reduction in the required value of C=N0.
Comparing Tables 4.6 and 4.7, one observes a higher reduction in C=N0 for the constant

bandwidth case, as a result of reducing the information bit rate. This C=N0 reduction can be used,

Figure 4.22 As the code rate decreases, less power is demanded but more bandwidth is required.

Table 4.7 Impact of coding for constant bandwidth: objective BER ¼ 10�6, BPSK modulation

Code rate r
Typical decoding
gain (dB) �10 log r ðdBÞ

C=N0 reduction
DðC=N0Þ

1 0.0 0.0 0.0
7/8 3.6 0.6 4.2
3/4 4.6 1.3 5.9
2/3 5.0 1.8 6.8
1/2 5.5 3.0 8.5
1/3 6.0 4.8 10.8
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for instance, to combat temporary link degradation due to rain, at the expense of a temporary
information capacity reduction on the considered link. Another application is adjusting the power
requirement on the link to specific requirements for the transmit and receive equipment.

4.4.3 Example: Downlink coding with on-board regeneration

The concept of regenerative payloadwas introduced in Chapter 1. The availability of binary digits
on board the satellite offers several opportunities. The payload implementation is discussed in
Chapter 9.As the uplink and thedownlink canuse differentmodulation and coding formats, error-
correcting coding can be used on either the up- or downlink. For the downlink, the encoder is
located onboard the satellite and is activated by telecommand (an order sent froman earth station).
The link thusbenefits from thedecodinggainbut, on theother hand, the transmission rate increases
by a factor equal to the inverse of the coding ratio. This implies that the downlink is limited in
power but not in bandwidth. If the link is limited in bandwidth, the transmission ratemust be kept
constant and, consequently, the information rate must be reduced (and, therefore, the capacity of
that link). This reduction of throughput provides a margin on ðC=N0ÞD which is added to that
provided by the decoding gain as explained in the previous section.
Let ðC=N0Þ1 and ðC=N0Þ2 be the values of ðC=N0ÞD without andwith coding respectively. Hence:

ðC=N0Þ1 ¼ ðEb=N0Þ1Rb1

where Rb1, the information rate, is equal to the rate Rc which modulates the carrier,

ðC=N0Þ2 ¼ ðEb=N0Þ2Rb2

where

Rb2 ¼ rRc:

The margin realised above (in dB) is thus equal to:

Margin ¼ DðC=N0ÞD
¼ ðC=N0Þ1�ðC=N0Þ2
¼ ½ðEb=N0Þ1�ðEb=N0Þ2��10 logr

¼ Decoding gainþ gain provided by rate reduction:

For example, consider the use of a code with coding rate r ¼ 1=3 and a decoding gain of 5 dB;
at constant bandwidth, a margin on the required value of ðC=N0ÞD of 10 dB is obtained. The price
to be paid is a reduction of 2/3 in the information rate and hence a reduction in the capacity of
this downlink. This margin of 10dB can be used, for example, to compensate for temporary
degradation due to rain for links at 20GHz (see Section 5.8).

4.4.4 Conclusion

Figure 4.23 shows the information bit rate Rb as a function of C=N0 at a constant bit error rate.
Each curve in Figure 4.23 corresponds to a given transmission scheme, one with no coding and
another with FEC. The segments ab and cd correspond to power-limited link operation. Any
increase in Rb requires an increase in C=N0. Once Rb ¼ Rbmax, the whole available bandwidth Ba

is utilised and any increase in C=N0 generates power margin but no further increase in the
information bit rate; the link is now bandwidth limited.
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Going from a to c illustrates implementing coding with variable bandwidth at a constant
information bit rate. The reduction in C=N0 from the no-coding scheme to the coding scheme
is equal to the decoding gainGcod. The utilised bandwidth expands fromRb=G toRb=Gr. The carrier
power is reduced whereas the occupied bandwidth is increased. This means exchanging power
for bandwidth.
Going from b to d illustrates implementing coding with constant bandwidth. The reduction

in C=N0 from the no-coding scheme to the coding scheme is now equal to the sum of the decoding
gain and �10 log r.
Finally, going from a to d illustrates a case where the information bit rate can be increased at

constant C=N0, under the condition that the uncoded link is not bandwidth limited.

4.5 CODED MODULATION

The previous sections consider modulation and error correction in the transmitter as two
separate processes. As the transmitter encoder adds redundancy bits, the transmitted bit rate
Rc is higher than the information bit rate Rb and this requires a larger carrier bandwidth.
Using conventional QPSK, transmission of high bit rates such as 140 and 155Mbit/s over typical
72MHz satellite transponders is not feasible. A higher spectral efficiency could be obtained
using modulations with larger alphabet such as 8-PSK and 16-QAM (see Figure 4.11). The
transmitted symbol sk at instant kTs is a complex element from the signal constellation,
sk ¼ vIðkTsÞþ jvQðkTsÞ. The multilevel/phase modulated transmitted carrier vCt in the
time interval ½kTs; ðkþ 1ÞTs� is CðtÞ ¼ vIðkTsÞ cosðvCtÞ�vQðKTsÞsinðvCtÞ. Equivalently
CðtÞ ¼ AcosðvCtþ ukÞ, given sk ¼ VexpðjukÞ, and uk ¼ ð2mk þ 1Þp=M, where mk ¼ 0; . . . ; ðM�1Þ.
However, thesemodulation schemes require a higher Eb=N0 for the required bit error rate (BER)

compared to QPSK, hence more power on the link. This could be compensated for by using FEC
coding. However, if the code is selected independently of the modulation, the overall power–
bandwidth trade-off does not show a significant advantage over uncoded QPSK. Moreover,
modulations with large alphabet, particularly QAM modulation, suffer from the non-linear
characteristic of the satellite channel.

Figure 4.23 Information rate as a function of C=N0 at constant bit error rate.
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Coded modulation is a technique where FEC and modulation, instead of being performed in
two separate steps, aremerged into oneprocess. Redundancy is achieved not by adding redundant
bits as in the schemes described above, but by expanding the alphabet of the modulation with
respect to common schemes such as BPSK and QPSK. Thus, to transmit n information bits per
symbol duration Ts, a modulation based on an enlarged alphabet of M ¼ 2m ¼ 2nþ 1 symbols is
used. Therefore n ¼ m�1 bits are transmitted per symbol instead of m and this technique results
in a modulated carrier with slightly less spectral efficiency than M-PSK modulation, but a
significant reduction in Eb=N0 for the required bit error rate (BER). For instance, coded 8-PSK
can offer up to 6dB reduction in Eb=N0 compared to uncoded QPSK, for the same theoretical
spectral efficiency (2 bit s�1Hz�1) [UNG-82].
Coded modulation conveys a sequence fskg where sk is a symbol from an M-ary alphabet at

instant kTs. All sequences are part of a specific set designed so that theminimumdistance between
all pairs of two sequences, called the free distance dfree, is as large as possible in order to reduce the
error probability; dfree is defined by:

d2free ¼ min
fskg„fs0kg

X
k

d2ðsk; s0kÞ
" #

where dðsk; s0kÞ is the Euclidean distance between symbols sk and s0k.
Best performance in terms of asymptotic coding gain Gcodð1Þ (coding gain when Eb=N0 !1)

is achieved with maximum dfree and the smallest average number Nfree of sequences at this
distance.
The asymptotic coding gain is usually calculated with reference to an uncoded modulation

which transmits the same average number of information bits per symbol duration Ts. Denoting
by dunc the minimum distance between all pairs of two symbols of the uncoded modulation, the
asymptotic coding gain is given by:

Gcodð1Þ ¼ 10 log
d2free=Ecod

d2unc=Eunc

� �
ðdBÞ

where Ecod and Eunc are the average signal energies of the coded and the uncoded schemes
respectively. The ratio Eunc=Ecod represents the loss due to the alphabet expansion caused by the
enlarged redundant signal set of the codedmodulation [FOR-84] and is less than or equal to 1.With
PSK schemes, it is equal to 1 as all signals are of equal energy on a circle.
When Nfree increases, the coding gain reduces. A rule of thumb states that every factor of 2

increase in Nfree reduces the coding gain by about 0.2 dB.
There are two main classes of coded modulation:

— trellis coded modulation (TCM) where convolutional encoding is implemented;
— block coded modulation (BCM) using block encoding.

Further implementations include multilevel trellis coded modulation (MLTCM) and trellis coded
modulation using a multidimensional signal set (multi-D TCM).

4.5.1 Trellis coded modulation

With trellis coded modulation (TCM), the set of sequences fskg represents all the allowed paths of
a trellis. In such a trellis, the nodes represent the encoder states and a branch between two states
corresponds to one symbol. Symbols are assigned to each branch of the trellis according to rules
proposed by Ungerboeck [UNG-87]. The first step consists of partitioning the signal constellation.
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Figure 4.24 considers 8-PSK (m ¼ nþ 1 ¼ 3) coded modulation, an appropriate choice for the
satellite channel; the partitioning entails smaller subsets with maximally increasing intrasubset
distances diþ 1 � di. Each partition is two-way.
The second step is to assignM-ary symbols or subsets obtained from the set partitioning, to each

branch of the trellis in a way that maximises the free distance dfree. Figure 4.25 shows the
corresponding trellis, where s0, s1, s2, and s3 represent the four possible encoder states. With
convolutional encoding, the number of encoder states is 2K 	 1 where K is the constraint length of
the code. Each figure associated with a branch identifies a symbol in the 8-PSK constellation.
Branches originating from or merging in a given state are labelled with symbols from the first
level (B0 and B1 in Figure 4.24) of the two-way partitioning tree. For example, the alphabet
f0, 2, 4, 6g is associated with branches which originate from states s0 or s2, and branches merging
in states s0 or s2. Parallel branches (branches originating from and terminating at the same state)
are associated with symbols from the second step of the set partitioning (i.e. Ci, i ¼ 0 to 3, in
Figure 4.24).
The trellis distance dtr is the minimal distance between two paths originating from and merging

in a given state, apart from parallel branches (and therefore incorporating more than one branch).
In Figure 4.25, the path indicated by a dashed line (branches 2,1,2) is at the trellis distance from the
path (branches 0,0,0). According to the set partitioning of Figure 4.24, d2tr ¼ d21 þ d20 þ d21 ¼ 4:586.
The distance dtr is greater than the distance d2 between two parallel branches, since d22 ¼ 4:0.
Thus d2free ¼ min ðd22, d2trÞ ¼ 4; d2free is twice the square of the minimal distance of uncoded QPSK
(where d2unc ¼ 2) and the asymptotic coding gain is gdB ¼ 3 dB.

Figure 4.24 Set partitioning of an 8-PSK signal constellation which maximises intraset distances di.
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To evaluate the performance upper bound for practical values of Eb=N0 (which are less than
those pertaining to the asymptotic coding gain), onemust compute the distance distribution of the
code, which is not linear [BIG-84; ZEH-87].
The configuration of a TCM encoder is illustrated in Figure 4.26, where ~n information bits (from

b1 to b~n) are encoded using a binary convolutional encoder and n�~n information bits (from b~nþ 1

to bn) are left uncoded. The code rate of the convolutional encoder is ~n=ð~nþ 1Þ and the code rate
of the TCM is n=ðnþ 1Þ.

The set partitioning tree of Figure 4.24 is labelled by the encoder outputs z0 to z~n (here ~n ¼ 1).
These ~nþ 1 ¼ 2 output bits determine one of the 2~nþ 1 ¼ 22 ¼ 4 subsets up to the corresponding
level ~nþ 1 ¼ 2 in the set partitioning tree. The ~n�n ¼ 1 uncoded bits (z~nþ 1 to zn i.e. z3) determine
one of the 2n�~n ¼ 2 symbols of this subset and condition the parallel branches in the trellis. The
mapping between the 8-PSK symbols and the encoder outputs z0 to zn is given as a table inset to
Figure 4.24. The identification of the subset of the last level is made more secure using error
protection provided by the convolutional encoding.

Figure 4.25 Trellis associated with the four-state 8-PSK TCM of Figure 4.24.

Figure 4.26 The usual implementation of a TCM encoder.
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In the four-state trellis of Figure 4.25:

— ~n ¼ 1
The number of partitioning levels is 2.
The binary encoder has code rate ~n=ð~nþ 1Þ ¼ 1

2
.

— n ¼ 2
The parallel branches are determined by the uncoded bit z2.
The TCM rate is n=ðnþ 1Þ ¼ 2=3.

If one assumes that the spectral efficiency of 8-PSK is 3 bit s�1Hz�1 (maximum theoretical value),
the overall spectral efficiency is 2 bit s�1Hz�1. Compared to uncoded QPSK, this TCM scheme has
equal theoretical spectral efficiency, but offers a potential power saving of 3 dB (as d2free is twice that
of QPSK, resulting in 3dB asymptotic coding gain).

4.5.2 Block coded modulation

With block coded modulation (BCM), the transmitted set of sequences fskg of L symbols of an
M-ary signal set is obtained from binary block encoders. The bits that differentiate the nearest
symbols in the mapping process are protected by the most powerful error-correcting code.
Figure 4.27 takes an 8-PSK modulation, where M ¼ 2m ¼ 8ðm ¼ nþ 1 ¼ 3Þ and illustrates a
multilevel construction associated with the set partitioning tree of Figure 4.24 [IMA-77; POT-
89]. This construction forms a binary array of nþ 1 rows and L columns. Each column labels a
symbol from an 8-ary signal set. A sequence of bits zi at the ith level of the 8-PSK partitioning tree is
a code word of Ci. Hence the modulation entails a set of nþ 1 binary block codes Ci, each with its
own code rate (~ni=L), and with minimal Hamming distance di � diþ 1, i ¼ 0, . . . ,n, in such a way
that bits zi are better protected than bits ziþ 1. The normalised information bit rate, in bits/Ts (where
Ts is the symbol duration), of the coded modulation is:

h ¼
X
i

~ni=L ðbits=TsÞ

According to the set partitioning distances of Figure 4.24, the free distance for the 8-PSK BCM is:

d2free ¼ minfd0 
 d20; d1 
 d21; d2 
 d22g

Figure 4.27 A block coded 8-PSK with a multilevel construction (lsb ¼ least significant bit, msb ¼ most
significant bit).
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4.5.3 Decoding coded modulation

Decoding is based on the maximum likelihood (ML) where the Euclidean distances between the
received noisy sequence and the set of allowed sequences in the trellis are computed.
TCM is soft decoded using the Viterbi algorithm [VIT-79], which implements anML trellis search

technique [FOR-73]. This technique identifies the closest sequence to the observed one.Generally, the
complexity grows exponentially with the number of states in the trellis. Commonly used binary
convolutional encoders are at rate 1/2. Higher rate codes are derived by a puncturing technique
[CAI-79], applied to the rate 1/2 code. The trellis of the latter is used to decode punctured codes.
Decoding BCM involves distance computationwith each of the 2

P
i~ni codewords. Since the trellis

structure ofBCMisnot straightforward,MLdecoding appears to beprohibitively complex andgrows
exponentially with

P
i~ni, which is usually large. An alternative approach is to apply ML to each

constituent code Ci separately, in a cascaded structure, as shown in Figure 4.28, where fykg is the
received code word corrupted by noise. This multistage decoding [CAL-89] is made possible by the
multilevel construction of the code. However, the decoder suffers from stage-to-stage error propaga-
tion. For values of Eb=N0 high enough (typically 7dB), the decoder performance nearsML decoding.
For lowerEb=N0, thenumberofnearestneighboursusing the suboptimal strategybecomes larger than
thenumber computed theoretically in the caseofML,and this results ina largerdegradation [SAY-86].

4.5.4 Multilevel trellis coded modulation

The multilevel construction of block coded modulation allows simple multistage decoding with
satisfactory performance.Hencemultilevel construction appears of practical interest to implement
efficient codes. This construction also offers the possibility of using available binary coding and
decoding circuits (pragmatic codes). On the other hand, the trellis structure is well adapted to ML
Viterbi soft decoding. The use of convolutional codes with the multilevel construction benefits
from both advantages.
Multilevel trellis coded modulation (MLTCM) achieves significant practical decoding gain

(2–3dB at BER ¼ 10�5) with appealing spectral efficiency (about 2 bit/s�1Hz�1) and lowdecoding
complexity [WU-92; KAS-90]. The research area is still open in MLTCM, especially in improving
the multistage decoding process through the choice of codes and the associated soft decoding
circuits with a proper trade-off between performance and complexity.
A class of coding/decoding technique, called turbo-codes as per the iterative design of the

decoder [BER-93] (also known as parallel concatenation codes), performs near channel capacity
(BER < 10�5 for Eb=N0 ¼ 0:7 dB) with simple constituent codes. The iterative decoding process
of turbo-code decoding fits well in the multistage decoding of MLTCM [ISA-00], which then
benefits from the high decoding gain of turbo-codes. Turbo trellis coded modulations are also
considered [BEN-96].

Decoding C0

Decoding C1

Decoding C2

Delay

Delay

Delay

Delay

Delay
{yk}

Figure 4.28 Multistage decoding for block coded 8-PSK.
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4.5.5 TCM using a multidimensional signal set

Coded modulation is also considered with a multidimensional signal set (multi-D TCM). A
candidate scheme for satellite communications is the one generated from L 8-PSK signal sets and
is denoted L
 8PSK. Themulti-D signal is obtained by sending L consecutive signals of the 8-PSK
signal set. The structure of multi-D TCM is the same as depicted in Figure 4.26. The encoder of
overall rate n=ðnþ 1Þ is combined with an L
MPSK signal set, thus the average number of
information bits per 2D symbol isn=Lbits per symbol. Partitioning the signal set requires particular
attention; efficient methods are described in [PIE-90; WEI-89]. In addition, the mapping process
involves modulo-M adders and depends tightly on the set partitioning.
Multi-D 8-PSK TCM displays advantages compared to conventional 2D 8-PSK TCM [PIE-90]:

—flexibility in achieving a variety of fractional average number of information bits per symbol
duration Ts;

— insensitivity to discrete phase rotations of the signal set;
— suitability for use as inner codes in a concatenated coding scheme due to their symbol-oriented

nature;
—higher decoding speed as the decoder decodes n bits at each decision step of the algorithm,

given that the encoder rate in amulti-D TCM is larger than for 2DTCM (with nup to 15 for some
multi-D codes).

Multi-D 8-PSK trellis codes have been investigated for high-rate telemetry as inner codes in a
concatenated scheme and have been proposed for the satellite news-gathering (SNG) service in
connection with provision of digital video broadcasting (DVB) services.

4.5.6 Performance of coded modulations

Figure 4.29 presents the bit error rate (BER) versus Eb=N0 obtained from simulations for different
types of coded modulations with spectral efficiency equal to that of uncoded QPSK, shown here
for reference. The illustrated modulations of similar complexity are four-state trellis coded 8-PSK
modulation (TCM), block coded 8-PSK modulation (BCM), multilevel trellis coded 8-PSK mod-
ulation (MLTCM) and six-dimensional 8-PSK trellis coded modulation (6D TCM). The perfor-
mance ofMLTCM considers interstage interleaving, which prevents stage-to-stage propagation of
errors in the decoding process of Figure 4.28.
The decoding gain at BER ¼ 10�5 is between 2.5 dB and 3.5 dB with respect to uncoded QPSK.

This provides potential power savings on the satellite link.Multilevel andmultidimensional coded
modulations can also be thought of as a means to provide increased spectral efficiency (up to 20%
more) with reduced or no power saving.

4.6 END-TO-END ERROR CONTROL

The above techniques for error control offer quasi-error-free (QEF) transmission (BER < 10�10) at
the expense of power or bandwidth. QEF transmission can also be achieved by using a different
technique based on end-to-end error control, implying retransmission of information identified
as being corrupted at the receiving end at the expense of a variable delivery delay. This is called
automatic repeat request (ARQ). Due to the variable delay, this technique applies particularly to
data packet transmission. The decoder detects errors but does not correct them: a retransmission
request is sent to the transmitter. It is, therefore, necessary to provide a return channel. This can be
a satellite or terrestrial channel. The use of error detecting codes requires the ability to control the
source throughput and results in a variable delivery delay. These disadvantages are compensated
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for by the simplicity of decoder realisation, thepossibility of adapting to varying error statistics and
low error rates.
Three basic techniques are employed [BHA-81; MAR-95] (see Figure 4.30):

— retransmission with stop and wait or reception acknowledgement (ARQ Stop-and-wait);
—continuous retransmission (Go-Back-N ARQ);
—selective retransmission (Selective-repeat ARQ).

The performance is measured in terms of efficiency, expressed as the ratio of the mean number
of information bits transmitted in a given time interval to the total number of bits which could be
transmitted during the same time.
Consider a digital satellite link with a capacity of R ¼ 48 kbit=s. The round-trip return time is

taken to be TRT ¼ 600ms. The bit error rate is BER ¼ 10�4. Transmission is in blocks of
n ¼ 1000 bits.
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Figure 4.30 Error detection with retransmission: (a) ARQ Stop-and-wait, (b) Go-Back-N ARQ and
(c) Selective-repeat ARQ.
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Figure 4.29 Performance of modulations with equal spectral efficiency. For a given BER, the difference
between the required value of Eb=N0 for unencoded QPSK and the required value for the coded modulation
scheme (the decoding gain) indicates potential power saving at constant bandwidth utilisation.
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The block error probability is PB ¼ 1�ð1�BEPÞn ¼ 1�expð�nBEPÞ for nBEP � 1, hence
PB ¼ 0:1. From [MAR-95], assuming that any error is detected:

—efficiency in ARQ-SW: h ¼ nð1�PBÞ=RTRT ¼ 0:03
—efficiency in ARQ-GB (N): h ¼ nð1�PBÞ=½nð1�PBÞþRTRTPB� ¼ 0:2
—efficiency in ARQ-SR: h ¼ 1�PB ¼ 0:9

The increase in efficiency from one technique to another is accompanied by an increase in the
complexity of the equipment.

4.7 DIGITAL VIDEO BROADCASTING VIA SATELLITE (DVB-S)

The European Telecommunications Institute (ETSI) is a non-profit organisation that creates
standards for different areas of telecommunications. A standardised radio interface enables a
mass market for consumer reception devices. Having inmind themany past issues resulting from
the different analogue TV standards and its multiple variations, most of the actors (broadcasters,
service providers, operators, equipment and chipsmanufacturers, etc.) worked together at the end
of the 1980s to define a digital video broadcasting (DVB) standard. This standard has been broken
down into different versions depending on the specific properties of the transmission channel
which conditions the physical layer characteristics: DVB-T for terrestrial digital TV, DVB-C for
cable, DVB-S for satellite. Later standards have been introduced: DVB-RCS for the return channel,
DVB-S2 (the second generation of DVB-S), DVB-H for handheld terminals, DVB-SH for satellite
handheld terminals, etc.
This section provides a brief introduction to the DVB-S system based on [EN-300-421]. The

DVB-S system provides direct-to-home (DTH) services for consumer integrated receiver decoders
(IRD), as well as collective antenna systems (satellite master antenna television—SMATV) and
cable television head-end stations. The overview covers the physical layer that comprises
adaptation, framing, coding, interleaving and modulation, and discusses error performance
requirements to achieve quality of service (QoS) targets.
Although the DVB-S standard was designed initially for satellite digital television services,

the physical layer of the DVB-S can carry streams of packetised data of any kind. Mass-market
production, and the availability of different equipment and related building blocks, makes the
standard appealing for a lot of applications other than the transmission of TV signals, such as
Internet traffic.

4.7.1 Transmission system

The transmission system consists of the functional block of equipment to transport baseband TV
signals in the format of the MPEG-2 transport stream over the satellite channel. The transmission
system carries out the following processes on the data stream:

— transport multiplex adaptation and randomisation for energy dispersal;
—outer coding (i.e. Reed–Solomon);
— convolutional interleaving;
— inner coding (i.e. punctured convolutional code);
—baseband shaping for modulation;
—modulation.

Digital satellite TV services have to be delivered to home terminals with rather small antennas
(around 0.6m) which translate typically into a power-limited downlink. To achieve a high power
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efficiency without excessively penalising the spectrum efficiency, the DVB-S uses QPSK modula-
tion and the concatenation of convolutional and RS codes. The convolutional code can be
configured flexibly, allowing the optimisation of the system performance for a given satellite
transponder bandwidth.
DVB-S is directly compatible withMPEG-2 coded TV signals (defined by ISO/IECDIS 13818-1).

The modem transmission frame is synchronous with the MPEG-2 multiplex transport packets.
If the received signal is above the considered threshold for the carrier-to-noise power ratio, C/N,
the FEC technique can provide a quasi-error-free (QEF) quality target. The QEF means BER less
than 10�10 to 10�11 at the input of the MPEG-2 demultiplexer.

4.7.1.1 Input stream scrambling

The DVB-S input stream is the MPEG-2 transport stream (MPEG-TS) from the transport multi-
plexer. The packet length of the MPEG-TS is 188 bytes. This includes one sync-word byte (i.e.
47HEX). The processing order at the transmitting side starts from the most significant bit (MSB).
In order to comply with ITU-R Radio Regulations and to ensure adequate binary transitions,

the data of the input MPEG-2 multiplex is randomised in accordance with the configuration
depicted in Figure 4.31.
The polynomial for the pseudorandom binary sequence (PRBS) generator is defined as:

1þX14 þX15

Loading the sequence 100101010000000 into the PRBS registers is initiated at the start of every
eight transport packets. To provide an initialisation signal for the descrambler, the MPEG-2 sync
byte of thefirst transport packet in agroupof eightpackets is bit-wise inverted from47HEX toB8HEX.
This process is referred to as ‘transport multiplex adaptation’.
The first bit at the output of the PRBS generator is applied to the first bit (i.e.MSB) of the first byte

following the inverted MPEG-2 sync byte (i.e. B8HEX). To aid other synchronisation functions,
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Digital Video Broadcasting via Satellite (DVB-S) 149



during the MPEG-2 sync bytes of the subsequent seven transport packets, the PRBS generation
continues but its output is disabled, leaving these bytes unrandomised. Thus, the period of the
PRBS sequence is 1503 bytes.
The randomisation process is also active when the modulator input bit stream is non-existent,

or when it is non-compliant with the MPEG-2 transport stream format (i.e. 1 sync byte þ 187
packet bytes). This is to avoid the emission of an unmodulated carrier from the modulator, as
energy concentrated on the carrier frequency can cause interference with neighbouring
satellites.

4.7.1.2 Reed–Solomon outer coding, interleaving and framing

The framing organisation is based on the input packet structure shown in Figure 4.32a. The
Reed–Solomon RS(204, 188, T¼ 8) shortened code, from the original RS(255, 239, T¼ 8) code, is
applied to each randomised transport packet (188 bytes) of Figure 4.32b to generate an error
protected packet (see Figure 4.32c). Reed–Solomon is applied to the packet sync byte, either non-
inverted (i.e. 47HEX) or inverted (i.e. B8HEX).
The code generator polynomial is:

gðxÞ ¼ ðxþ l0Þðxþ l1Þðxþ l2Þ . . . :ðxþ l15Þ; where l ¼ 02HEX

187 bytes
Sync
1 byte

(a) MPEG-2 transport multiplexing (MUX) packet

(b) Randomised transport packets: Sync bytes and randomised sequence R.

(c) Reed-Solomon RS(204, 188, T=8) error protected packet

(d) Interleaved frames with interleaving depth of I = 12 bytes

Note: Sync1 is not randomised complemented sync byte;
Sync-n is not randomised sync byte, where n = 2, 3, ..., 8.

PRBB period = 1503 bytes

Sync1

Sync
1 byte

Sync1
 or
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R
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Figure 4.32 Framing structure.
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The field generator polynomial is:

pðxÞ ¼ x8 þ x4 þ x3 þ x2 þ 1

The shortened Reed–Solomon code is implemented by adding 51 bytes, all set to zero, before the
informationbytes at the input of a (255,239) encoder.After theRS codingprocedure thesenull bytes
are discarded.
Following the conceptual scheme of Figure 4.33, convolutional interleaving with depth I¼ 12

is applied to the error protected packets (see Figure 4.32c). This produces an interleaved frame
(see Figure 4.32d).
The interleaved frame consists of overlapping error protected packets and is delimited by

inverted or non-inverted MPEG-2 sync bytes (preserving the periodicity of 204 bytes).
The interleaver consists of I¼ 12 branches, cyclically connected to the input byte stream by the

input switch. Each branch is a first-in–first-out (FIFO) shift register, with depth (Mj) cells (where
M¼ 17¼N/I,N¼ 204 (error protected frame length), I¼ 12 (interleaving depth) and j is the branch
index). The cells of the FIFO contain 1 byte and the input and output switches are synchronised.
For synchronisation purposes, the sync bytes and the inverted sync bytes are always routed in
branch 0 of the interleaver (corresponding to a null delay).
The deinterleaver is similar, in principle, to the interleaver, but the branch indexes are reversed

(i.e. j¼ 0 corresponds to the largest delay). The deinterleaver synchronisation is carried out by
routeing the first recognised sync byte in the 0 branch.

4.7.1.3 Inner convolutional coding

DVB-S allows for a range of punctured convolutional codes, based on a rate 1/2 convolutional code
with constraint length K¼ 7. This allows selection of the most appropriate level of error correction
for agiven service data rate. It allows convolutional codingwith code rates of 1/2, 2/3, 3/4, 5/6 and
7/8. Table 4.8 gives the definition of punctured convolutional code.

4.7.1.4 Baseband shaping and modulation

DVB-S employs conventional Gray-coded QPSK modulation with direct mapping (no differ-
ential coding). Prior to modulation, the I and Q signals (mathematically represented by a
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succession of Dirac delta functions spaced by the symbol duration Ts¼ 1/Rs, with appro-
priate sign) is square root raised cosine filtered. The value of 0.35 is selected as the roll-off
factor.

4.7.2 Error performance requirements

Table 4.9 gives the modem BER versus Eb/N0 performance requirements. The figures of Eb/N0

refer to the useful bit rate before RS coding and include amodem implementationmargin of 0.8 dB
and thenoise bandwidth increasedue to the outer code (10 log 188/204¼ 0.36 dB).Quasi-error-free
(QEF)means less than oneuncorrected error event per hour, corresponding to BER¼ 10�10 to 10�11

at the input of the MPEG-2 demultiplexer.

4.8 SECOND GENERATION DVB-S

The DVB-S standard uses QPSK modulation and concatenated convolutional and Reed–Solomon
channel coding. It has been adopted by most satellite operators worldwide for television and data
broadcasting services. Digital satellite transmission technology has evolved significantly in several
areas since the first publication of theDVB-S standard in 1994.Without going into toomany details
of the standard, this section provides a brief summary of DVB-S2’s new technology, transmission
system architecture and performance.

Table 4.9 BER versus Eb/N0 performance requirements

Inner code rate

Required Eb/N0 for
BER¼ 2
 10�4 after Viterbi
QEF after Reed–Solomon

1/2 4.5
2/3 5.0
3/4 5.5
5/6 6.0
7/8 6.4

Table 4.8 Punctured code definition. Original code: K¼ 7; G1 (X)¼ 171OCT; G2 (Y)¼ 133OCT

P

Code rate X Y I Q dfree

1/2 1 1 X1 Y1 10
2/3 1 0 1 1 X1 Y2 Y3 Y1 X3 Y4 6
3/4 1 0 1 1 1 0 X1 Y2 Y1 X3 5
5/6 1 0 1 0 1 1 1 0 1 0 X1 Y2 Y4 Y1 X3 X5 4
7/8 1 0 0 0 1 0 1 1 1 1 1 0 1 0 X1 Y2 Y4 Y6 Y1 Y3 X5 X7 3

1¼ transmitted bit
0¼non-transmitted bit
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4.8.1 New technology in DVB-S2

DVB-S2 makes use of the new developments in technology and future applications of broadband
satellite applications. The main features can be summarised as the following:

—new channel coding schemes to achieve a capacity gain in the order of 30%;
—variable codingandmodulation (VCM) toprovidedifferent levels of errorprotection todifferent

service components (e.g. SDTV and HDTV, audio, multimedia);
—extended flexibility to cope with other input data formats (such as multiple transport streams

or generic data formats in addition to the single MPEG transport stream (MPEG-TS) in DVB-S)
without significant complexity increase.

In the case of interactive and point-to-point applications, the VCM functionality is combined with
the use of return channels to achieve adaptive coding and modulation (ACM). This technique
provides dynamic link adaptation to propagation conditions, targeting each individual receiving
terminal. ACM systems promise satellite capacity gains ofmore than 30%. Such gains are achieved
by informing the satellite uplink station of the channel condition (e.g. the value of carrier power-
to-noise and interference power ratio, C/N þ I) of each receiving terminal via the satellite or
terrestrial return channels.
DVB-S2 makes use of new technology in the following functions:

—stream adapter, suitable for operationwith single andmultiple input streams of various formats
(packetised or continuous);

— forward error correction based on LDPC codes concatenated with BCH codes, allowing QEF
operation at about 0.7 dB to 1 dB from the Shannon limit;

—a wide range of code rates (from 1/4 up to 9/10);
— four constellations (QPSK, 8PSK, 16APSK, 32APSK), ranging in spectrum efficiency from

2 bits�1 Hz�1 to 5 bits�1 Hz�1, optimised for operation over non-linear transponders;
— three spectrum shapes with roll-off factors 0.35, 0.25 and 0.20;
—ACM functionality, optimising channel coding and modulation on a frame-by-frame basis.

DVB-S2 has also been designed to support a wide range of broadband satellite applications
including:

—Broadcast Services (BS): Digital multi-programme television (TV) and high definition television
(HDTV) for primary and secondary distribution in the Fixed Satellite Service (FSS) and the
Broadcast Satellite Service (BSS) bands. BS has two modes: non-backwards-compatible broad-
cast services (NBC-BS) allows exploitation of the full benefit of theDVB-S2 but is not compatible
with DVB-S; backwards-compatible broadcast services (BC-BS) is backwards-compatible with
DVB-S to give time for migration from DVB-S to DVB-S2.

— Interactive Services (IS): Data services including Internet access for providing interactive services
to consumer integrated receiver decoders (IRD) and to personal computers, where DVB-S2’s
forward path supersedes the current DVB-S for interactive systems. The return path can be
implemented using various DVB interactive systems, such as DVB-RCS (EN-301-790), DVB-
RCP (ETS-300-801), DVB-RCG (EN-301-195), and DVB-RCC (ES-200-800).

—Digital TV Contribution and Satellite News Gathering (DTVC/DSNG): Temporary and occasional
transmission with short notice of television or sound for broadcasting purposes, using
portable or transportable uplink earth stations. Digital television contribution applications
by satellite consist of point-to-point or point-to-multipoint transmissions, connecting fixed or
transportable uplink and receiving stations. They are not intended for reception by the general
public.

Second Generation DVB-S 153



—Professional Services (PS): Data content distribution/trunking and other professional applica-
tions for point-to-point or point-to-multipoint, including interactive services to professional
head-ends,which re-distribute services over othermedia. Servicesmaybe transported in (single
or multiple) generic stream format.

Digital transmissions via satellite are affected by power and bandwidth limitations. DVB-S2
helps to overcome these limits by making use of transmission modes (FEC coding and modula-
tions), giving different trade-offs between power and spectrum efficiency.
For some specific applications (e.g. broadcasting), modulation techniques, such as QPSK and

8PSK with their quasi-constant envelope, are appropriate for operation with saturated satellite
power amplifiers (in a single carrier per transponder configuration). When higher power margins
are available, spectrumefficiency canbe further increased to reduce bit delivery cost. In these cases,
16APSK and 32APSK can also operate in single carrier mode close to satellite HPA saturation if
linearisation by pre-distortion techniques is implemented.
DVB-S2 is compatible with MPEG-2 and MPEG-4 coded TV services (ISO/IEC 13818-1), with a

transport stream packet multiplex. All service components are time division multiplexed (TDM)
on a single digital carrier.

4.8.2 Transmission system architecture

The DVB-S2 system consists of a number of functional blocks of equipment performing the
adaptation of the baseband digital signals from the output of one or more MPEG transport stream
multiplexers (ISO/IEC 13818-1) or one or more generic data sources to the satellite channel
characteristics. Data servicesmay be transported in transport stream format according to (EN-301-
192) (e.g. using multi-protocol encapsulation (MPE)) or generic stream (GS) format.
DVB-S2 provides aQEF quality target of ‘less than one uncorrected error event per transmission

hour at the level of a 5Mbit/s single TV service decoder’, approximately corresponding to a
transport stream packet error ratio (PER) of less than 10�7 before de-multiplexer.
Figure 4.34 illustrates the following function blocks in a DVB-S2 system:

—Mode adaptation is application dependent. It provides the following function blocks:
– input stream interfacing;
– input stream synchronisation (optional);
– null-packet deletion (for ACM and Transport Stream input format only), CRC-8 coding for
error detection at packet level in the receiver (for packetised input streams only);

– merging of input streams (for Multiple Input Stream modes only) and slicing into Data
Fields;

– appending a BaseBand Header in front of the data field, to notify the receiver of the input
stream format and mode adaptation type. Note that the MPEG multiplex transport packets
may be asynchronously mapped to the baseband frames (BB frames).

— Stream adaptation has two functions:
– padding to complete a BB frame;
– BB frame scrambling.

— FEC encoding is carried out by two coding functions and one interleaving function:
– BCH outer codes;
– LDPC inner codes (rates 1/4, 1/3, 2/5, 1/2, 3/5, 2/3, 3/4, 4/5, 5/6, 8/9, 9/10);
– interleaving applied to FEC coded bits for 8PSK, 16APSK and 32APSK.

—Mappingmaps the bit stream of the FEC into QPSK, 8PSK, 16APSK and 32APSK constellations
depending on the application area. Gray mapping of constellations is used for QPSK and
8PSK.
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—Physical layer (PL) framing is used for synchronisation with the FEC frames, to provide the
following functions:
– PL scrambling for energy dispersal;
– dummy PLFRAME insertion for when no useful data is ready to be sent on the channel;
– PL signalling and pilot symbol insertion (optional).

—Baseband Filtering and Quadrature Modulation shapes the signal spectrum (squared-root raised
cosine, roll-off factor a¼ 0.35, 0.25 or 0.20) and generates the RF signal.

4.8.3 Error performance

The error performance is described to meet the QEF requirements. Table 4.10 illustrates the
error performanceprovided in theDVB-S2 standard, as a function of the ratio of the average energy
per transmitted symbol, Es, to the noise power spectral density N0 (Es/N0, expressed in dB). The
performance is obtained by computer simulation, assuming perfect carrier and synchronisation
recovery, no phase noise.

Table 4.10 Es/N0 quasi-error-free performance (PER¼ 10�7)

Mode Spectral efficiency
Ideal Es/N0 (dB) for
FECFRAME length 64 800

QPSK 1/4 0.49 �2.35
QPSK 1/3 0.66 �1.24
QPSK 2/5 0.79 �0.30
QPSK 1/2 0.99 1.00
QPSK 3/5 1.19 2.23
QPSK 2/3 1.32 3.10
QPSK 3/4 1.49 4.03
QPSK 4/5 1.59 4.68
QPSK 5/6 1.65 5.18
QPSK 8/9 1.77 6.20
QPSK 9/10 1.79 6.42
8PSK 3/5 1.78 5.50
8PSK 2/3 1.98 6.62
8PSK 3/4 2.23 7.91
8PSK 5/6 2.48 9.35
8PSK 8/9 2.65 10.69
8PSK 9/10 2.68 10.98
16APSK 2/3 2.64 8.97
16APSK 3/4 2.97 10.21
16APSK 4/5 3.17 11.03
16APSK 5/6 3.30 11.61
16APSK 8/9 3.52 12.89
16APSK 9/10 3.57 13.13
32APSK 3/4 3.70 12.73
32APSK 4/5 3.95 13.64
32APSK 5/6 4.12 14.28
32APSK 8/9 4.40 15.69
32APSK 9/10 4.45 16.05

NOTE: Given the system spectral efficiency Gtot, the ratio between the energy per information bit and single
sided noise power spectral density Eb/N0¼Es/N0� 10log10(Gtot).
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The standard also suggests that, for short FEC frames (FECFRAME), an additional degradation
of 0.2 dB to 0.3 dB has to be taken into account; for calculating link budgets, specific satellite
channel impairments should be taken into account. Spectral efficiencies (per unit symbol rate) are
computed for normal FEC frame length and no pilots.

4.9 CONCLUSION

This section concludes this chapter by giving examples fromdigital transmission of telephony and
broadcasting of television.

4.9.1 Digital transmission of telephony

Let Rb be the bit rate associated with a telephone channel. It is assumed for simplicity that
transmission ofn telephone channels at a rateRb also requires transmission of signalling occupying
5% of the multiplex capacity. This multiplex is transmitted after encoding at a rate Rc and this rate
modulates the QPSK carrier which thus occupies a bandwidth B ¼ 36MHz, corresponding to the
typical bandwidth of a satellite channel.
Hence:

—bit rate of one telephone channel: Rb (bit/s)
—multiplex capacity: R (bit/s)
—number of telephone channels: n ¼ R=ð1:05RbÞ
—bit rate of modulating binary stream: Rc ¼ R=r, where r is the code rate
—bandwidth used: B ¼ Rc=G, where G is the spectral efficiency of QPSK modulation

(G= 1.5 bit s�1Hz�1).

In total, the number of telephone channels is given by:

n ¼ Br G=ð1:05RbÞ

Furthermore, the required value of C=N0 and C=N is given by:

C=N0 ¼ ðEb=N0ÞR ¼ ðEb=N0Þ 
 r GB ðHzÞ
C=N ¼ ðC=N0Þ 
 1=B

where the value of Eb=N0 is obtained fromTable 4.5 in accordance with the chosen coding scheme.
Table 4.11 indicates the results for Rb ¼ 64 kbit/s.

Table 4.11 Required values of C=N0 and C=N in accordance with the capacity of a digital telephone
multiplex of 64 kbit/s telephone channels with carrier occupying a bandwidth of 36MHz

Coding ratio r

Number of telephone
channels n C=N0 ðdBHzÞ C=N ðdBÞ

1 804 87.8 12.3
7/8 703 83.6 8.1
3/4 603 82.0 6.4
2/3 536 81.1 5.5
1/2 402 79.3 3.8
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The results from Table 4.11 are shown in Figure 4.35, represented as TDM/QPSK curves.
The figure extends the comparison to other transmission schemes: an analogue frequency
modulation scheme with frequency multiplexing of analogue telephone channels (FDM/FM),
companded frequency modulation (FDM/CFM) offering a near two-fold increase in capacity,
and a scheme with digital speech interpolation (DSI/TDM/QPSK), a technique which takes
advantage of the telephony voice activity factor (Section 3.1.1) and is discussed in Section
8.6.2. With digital transmission, an additional factor of 2 in capacity is obtained by combining
low rate encoding (LRE), 32 kbit/s instead of 64 kbit/s, and DSI [CAM-76]. This is imple-
mented using standard digital circuit multiplication equipment (DCME), which is presented
in Section 8.6.3.

Figure 4.35 Comparison of analogue and digital transmission of a telephonemultiplex by a carrier occupying
a bandwidth of 36MHz. TDM/QPSK: source coding at 64 kbit=s, digital time divisionmultiplexing, four-state
phase modulation with direct encoding and coherent demodulation. FDM/FM: frequency division multi-
plexing, frequencymodulation. DSI/TDM/QPSK: source coding 64 kbit=s, digital speech interpolation, digital
time division multiplexing, four-state phase modulation with direct encoding and coherent demodulation.
FDM/CFM: companding, frequency division multiplexing, frequency modulation. LRE/DSI/TDM/QPSK:
source coding at 32 kbit=s, digital speech interpolation, digital time division multiplexing, four-state phase
modulation with direct encoding and coherent demodulation.
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4.9.2 Digital broadcasting of television

Transmissions of digital multi-programme TV services use satellites in both the fixed satellite
service (FSS) and the broadcast satellite service (BSS) bands. Satellite channel bandwidth of 27MHz
or 36MHz are typical.
Consider broadcastingMPEG-2-coded television using theDVB-S standard [EN-300-421]. The

carrier conveys a time division multiplex of several television programmes. QPSK modulation
and concatenated coding (Section 4.3.3 and 4.7.1.2) is based on convolutional code with code
rate r and a (204,188) Reed–Solomon code. Spectral efficiency of the QPSK modulation is
1.56 bit s�1Hz�1 and the corresponding transmitted bit rate, given the used bandwidth
B ¼ 27 MHz, is equal to:

Rc ¼ 1:56
 27MHz ¼ 42:1Mbit=s

The information bit rate should take into account the respective code rate of the inner convolution
code (code rate r) and outer RS code (code rate 188/204), i.e.

Rb ¼ ðr 
 188=204ÞRc ðbit=sÞ

For illustration, consider these two values of r:

when r ¼ 7=8, then Rb ¼ 34Mbit=s
when r ¼ 1=2, then Rb ¼ 19:4Mbit=s

The MPEG-2 format allows the broadcaster to select in a flexible way the compression ratio
according to the programme content and the subjective quality of the programme as perceived by
customers. Typically, the resulting programme information bit rate requires from1.5 to 6Mbit/s.
Assuming that a television programme requires about 3.8Mbit/s, the satellite can broadcast
from 5 to 9 television programmes, depending on the selected code rate r.
TheMPEG-2 decoder requires QEF transmission (i.e. a BER of about 10�10 to 10�11) at the output

of the outer RS decoder. This corresponds to a BER at the output of the inner (Viterbi) decoder no
higher than 2
 10�4, as stated in [EN-300-421]. The theoretical required value forEb=N0 (not taking
into account implementation degradation) without inner decoding would be ðEb=N0Þnocod ¼
7:6 dB. The decoding gain Gcod provided by the inner convolutional coding scheme, typically
Gcod ¼ 2 dB for r ¼ 7=8 and Gcod ¼ 3:9 dB for r ¼ 1=2, means that the required Eb=N0 value,
ðEb=N0Þcod, is:

ðEb=N0Þcod ¼ ðEb=N0Þnocod�Gcod ¼ 7:6�2 ¼ 5:6 dB for r ¼ 7=8

7:6�3:9 ¼ 3:7 dB for r ¼ 1=2

�

In practice, an implementation degradation (about 0.8 dB, see Table 4.9) should be taken into
account. The required value for C=N0 is:

C=N0ðdBHzÞ ¼ ðEb=N0ÞcodðdBÞþ 10 logRb

¼ 6:4þ 10 log 34Mbit=s ¼ 81:7 dBHz for r ¼ 7=8

4:5þ 10 log 19:4Mbit=s ¼ 77:4 dBHz for r ¼ 1=2

�

This illustrates the impact of coding with constant bandwidth and variable code rate, which
translates into power reduction at the expense of capacity reduction depending on the selected
code rate, as discussed in Section 4.4.
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All DVB technologies use the same MPEG-2 transport streams but with different transmission
technologies. This chapter haspresented techniques forDVBover satellite and standards including
the original standard for digital satellite broadcasting, DVB-S, and its succeeding generation,
DVB-S2.
Chapter 5discusses how to set up the requiredvalue of the carrier power-to-noise power spectral

density, C/N0, whose required value is conditioned, as shown in this chapter, by the required
baseband signal quality, Eb/N0, and the information bit rate Rb.

REFERENCES

[BEN-96] S. Benedetto, D. Divsalar, G. Montorsi and F. Pollara (1996) Parallel concatenated trellis coded
modulation, Proceedings of the International Conference on Communications, pp. 974–978.

[BER-93] C. Berrou,A.Glavieux andP. Thitimajshima (1993)Near Shannon limit error-correcting coding
and decoding: Turbo-codes (1), Proceedings of the IEEE International Conference on Communications,
Geneva, Switzerland, May, pp. 1064–1070.

[BHA-81] V.K. Bhargava, D. Hacoun, R. Matyas and P. Nuspl (1981)Digital Communications by Satellite,
John Wiley & Sons, Ltd.

[BIG-84] E. Biglieri (1984) High-level modulation and coding for nonlinear satellite channels, IEEE
Transactions on Communications, 32, pp. 616–626.

[BOU-87] M. Bousquet and G. Maral (1987) Digital communications: satellite systems, Systems and
Control Encyclopedia, pp. 1050–1057.

[CAI-79] J.B. Cain, G.C. Clark Jr and J.M.Geist (1979) Punctured convolutional codes of rate ðn�1Þ=n and
simplified maximum likelihood decoding, IEEE Transactions on Information Theory, 25,pp. 97–100.

[CAL-89] A.R. Calderbank (1989) Multilevel codes and multistage decoding, IEEE Transactions on
Communications, 37, pp. 222–229.

[CAM-76] S.J. Campanella (1976) Digital speech interpolation, COMSAT Technical Review, 6(1), Spring.
[EN-300-421] ETSI (1997) EN 300 421, Digital Video Broadcasting (DVB); Framing structure, channel

coding and modulation for 11/12 GHz satellite services, European Telecommunications Standards
Institute.

[EN-301-790] ETSI (2009) EN 301 790, Digital Video Broadcasting (DVB); Interaction channel for satellite
distribution systems, European Telecommunications Standards Institute.

[FOR-73] G.D. Forney Jr (1973) The Viterbi algorithm, IEEE Proceedings, 61(3), pp. 268–278.
[FOR-84] G.D. Forney Jr, R.G. Gallager, G.R. Lang, F.M. Longstaff and S.U. Qureshi (1984) Efficient

modulation for band-limited channels, IEEE Journal on Selected Areas in Communications, 2(5),
pp. 632–647.

[GRO-76] S. Gronomeyer, A. McBride (1976) MSK and offset QPSK modulation, IEEE Transactions on
Communications, COM-24(8), pp. 809–820.

[IMA-77] H. Imai and S. Hirakawa (1977) A newmultilevel codingmethod using error correcting codes,
IEEE Transactions on Information Theory, 23, pp. 371–377.

[ISA-00] M. Isaka and H. Imai (2000) Design and iterative decoding of multilevel modulation codes,
Proceedings of the 2nd International Symposium on Turbo Codes and Related Topics, Sept., pp. 193–196.

[KAS-90] T. Kasami, T. Takata, T. Fujiwara and S. Lin (1990) A concatenated coded modulation scheme
for error control, IEEE Transactions on Communications, 38, pp. 752–763.

[MAR-95] G. Maral (1995) VSAT Networks, John Wiley & Sons, Ltd.
[PIE-90] S.S. Pietrobon, R.H. Deng, A. Lafanechere, G. Ungerboeck and D.J. Costello Jr (1990) Trellis

coded multidimensional phase modulation, IEEE Transactions on Information Theory, 36, pp. 63–89.
[POT-89] G.J. Pottie and D.P. Taylor (1989) Multilevel codes based on partitioning, IEEE Transactions on

Information Theory, 35, pp. 87–98.
[PRO-01] J.G. Proakis (2001) Digital Communications, 4th edition, McGraw-Hill.
[SAY-86] S.I. Sayegh (1986) A class of optimum block codes in signal space, IEEE Transactions on

Communications, 34, pp. 1043–1045.
[TOR-81] D.J. Torrier (1981) Principles of Military Communications Systems, Artech House.
[UNG-82] G. Ungerboeck (1982) Channel coding with multilevel/phase signals, IEEE Transactions on

Information Theory, 28, pp. 55–67.

160 Digital Communications Techniques



[UNG-87] G. Ungerboeck (1987) Trellis-coded modulation with redundant signal sets, Parts I and II,
IEEE Communications Magazine, 25, pp. 5–20.

[VIT-79] A.J. Viterbi and J.K. Omura (1979) Principles of Digital Communication and Coding, New York:
McGraw-Hill.

[WEI-89] L.F. Wei (1989) Rotationally invariant trellis-coded modulations with multidimensional M-
PSK, IEEE Journal on Selected Areas in Communications, 7, pp. 1281–1295.

[WU-92] J.Wu, D.J. Costello Jr and L.C. Perez (1992) Onmultilevel trellisM-PSK codes, Proceedings of the
IEEE International Symposium on Information Theory ’92.

[ZEH-87] E. Zehavi and J.K.Wolf (1987) On performance evaluation of trellis codes, IEEE Transactions on
Information Theory, 33, pp. 196–202.

References 161


