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Principles of modulation and channel coding
for digital broadcasting for mobile receivers

This article explains the benefits of using a system called Orthogonal Frequency
Division Multiplexing to overcome the adverse effects of severe multipath propagation,
such as occurs in mobile reception. The signal is demodulated with the aid of a Fast

Fourier Transform {technique.

Consideration is given to the digital coding arrangement, and it is concluded that
a concatenation of a convolutional code and a Reed-Solomon code gives excellent

results.

The feasibility of implementing such a system for the domestic market is briefly

discussed.

1. Introduction

The broadcasting channe! for mobile reception
has a particularly hostile {ransmission environment,
simultaneously containing multiple paths, interfer-
ence and impulsive parasitic noise. We will not deal
here with the problem of channel modelling; this
subject has already been treated in {1] and.in other
references [2, 3]. It will simply be taken that the
impulse response of the channel can be represented
as the sum of Dirac pulses having different delays.
Each of these pulses will be subject to a muitiplying
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factor of which the amplitude generally follows a
Rayleigh law and which corresponds to the effect
of local diffraction in the region near the mobile
receiver.

Typically, this pulse train extends over several
microseconds [4, 3], so that the transmission of high
bit-rates (several Mbit/s) is a risky process.

The techniques generally used to resolve this
problem are based on an extension of the duration
of the symbols by increasing the dimension of the
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symbol alphabet. Among these techniques, the most
widely used is that of spectrum-spreading {6, 7],
where the emitted symbols have a wide spectrum
and a narrow autocorrelation function, thus permit-
ting discrimination between the different paths com-
posing the received wave. The principle is to define
an alphabet of M pseudo-random orthogonal se-
quences and to transmit one of these sequences,
which is equivalent to log, M bits of information.
Unfortunately, the constraints of intercorrelation
between different sequences [8] lead to an important
increase in the bandwidth which is far from com-
pensated by the increase in the number of bits
emitted per symbol. That is why the spectral ef-
ficiency of this type of system is always relatively
low. A concrete example can be found in the
domain of digital cellular radiotelephony [9].

Another approach, of which the general philoso-
phy is described in [1], consists in splitting the
information to be transmitted into a large number
of elementary sub-channels each carrying a low
bit-rate. This transforms a highly-selective wide-
band channel into a large number of non-selective
narrow-band channels which are frequency-multi-
plexed (FDM). This allows the problem of inter-
symbol interference to be solved by increasing the
symbol duration in the same ratio as the number
of sub-channels. There remains the problem of
fading, the amplitude of each of the sub-channels
following a Rayleigh law or a Rice-Nakagami law
[10] if there is a direct path.

The use of a coding system adapted to the fading
nature of the channel permits the performance to
be considerably improved. Among the codes which
could be envisaged, convolutional codes are particu-
larly efficient and special attention is paid to them
in this article. Their performance can be further
improved by using concatenated codes [11] where
the convolutional code plays the role of the inner
code. This technique, which was initially. déveloped
for space applications, proves to be particularly
effective in the domain of transmission to mobile
receivers.

In this article, we describe the principles of a
frequency-multiplexing system (FDM) which is par-
ticularly effective from the point of view of the
spectrum, and which is known as OFDM (Orthogo-
nal Frequency Division Multiplexing) {12, 13, 14,
15]. We then describe methods of demoduiation
applying the fast Fourier transform (FFT) to this
type of signal. We then consider the problem of the
optimum decoding of a code associated with OFDM
modulation in a Rayleigh selective channel. Having
presented the performance obtained in these con-
ditions by means of convolution codes or concaten-
ated codes, we analyse these results and draw a
certain number of conclusions concerning the conse-
quences for the source coding. Finally, having
examined the complexity of implementing the dem-
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odulation and decoding arrangements, we consider
the feasibility, in the domestic mass-production
context, of systems based on these principies.

2. OFDM muitiplexing system
2.1. Spectral arrangement

In the applications envisaged for broadcasting to
mobile receivers, the object is usually to receive only
a part of the breadcast information. This is particu-
larly so in the case of digital sound broadcasting,
where it would rarely be useful to receive simulta-
neously more than one sound programme among
the /. programmes emitted.

Moreover, the modulation systems described
hereafter form part of the category of systems
known as wideband; that is to say, where the
product of the available bandwidth W and the
spreading © of the pulse response of the channel is
large compared with unity. In these conditions, it
15 unlikely that fading would simultaneously affect
the whole of the channel.

The two foregoing remarks suggest a frequency
arrangement as shown in Fig. [. Each programme
comprises M carriers spaced uniformly throughout
the allocated band, the L programmes sharing the
available frequency resource. This arrangement al-
lows the carriers associated with a programme to
have the maximum spacing and thus to ensure the
best possible conditions of independence.

=
n
~

10 18 - 26

carrier of programme considered
carrier of ancther programme

Figure 1
Example of the distribution

of carriers for one programme
in the allocated frequency band (L =8, M = 4)

At first sight, it appears natural to consider the
spectra of the N = LM digital carriers as being
separate. A set of M matched filters can then be
used to separate the emitted carriers. However, this
solution has two disadvantages:
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- the fact that the carrier spectra are separate does
not allow the spectrum to be filled uniformly, so
there is a loss of spectral efficiency;

- from a technological point of view, it is difficult
to imagine a set of matched filters as the input
stage of the receiver, especially if M is large.

An alternative soluticn consists in tolerating an
overlapping in the spectra of the emitted signals,
provided that these satisfy certain orthogonality
conditions which guarantee the absence of inter-
symbol interference at the sampling time. These
conditions of orthogonality are a generalization of
the first Nyquist criterion where the frequency
dimension is added to the temporal dimension and
they form the basis of OFDM multiplexing, of
which the general principles are described below.

2.2. General principies of OFDM

Let | fit be the set of carrier frequencies under
consideration, with:

fk=fo+k/T5 3

where T, represents the time duration of the sym-
bol.

k=0to N-1

A base of elementary signals is then defined as
Vi) with k. = Oto N-1,/ = — > to + x:
Wi kD) = g (& = JTy)

0Lt<T gD =e¢
otherwise: g () =0

Ziwf,t

with:

The signal spectra g (f) mutually overlap, as
illustrated in Fig. 2.

It can easily be seen that the set of signals w; ()
satisfies the orthogonality conditions:

———— carrier of programme considered
carriet of another programme

Figure 2
Signal spectrum g,.
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represents the complex conjugate and i the
modulus of a complex number.

We then postulate a set of complex numbers
{ C i | having values taken from a finite alphabet
and representing the emitted data signal.

The associated OFDM signal can then be written ;
+ o N-1|
x () = E Z Cix Wik
j=—-w k=0
and the decoding rule can be deduced as:

cj,k=%s f X () WDt

— oo

Fig. 3 gives an example of the construction of an
OFDM signal in which the emitted symbols have
their values from an alphabet 1 +1, 1 -1, — 1 +1i,
— 1 —1i (4-phase modulation, 4 PSK). When the
emitted symbols are independent and have equal
probabilities, the corresponding spectral density of
the OFDM signal can easily be calculated. An
example is given in Fig. 4 for the case N=32. It
should be noted that this value is used here only
for clarity of the diagram, and the values envisaged
in practice are considerably higher. It may be noted
that, even if the secondary lcbes have a high
amplitude, their width depends only on 7, and their
relative value therefore decreases as N increases.
The spectrum of an OFDM signal then tends
asymptotically towards an ideal rectangular spec-
trum. In the case of 4 PSK of the different carriers,
the asymptotic spectral efficlency is 2 bits/Hertz.
The OFDM multiplexing technique is thus equiva-
lent to 4 PSK with no roll-off in the temporal
domain.

2.3. Utilisation of a guard interval

In the presence of inter-symbol interference
caused by the transmission channel, the properties
of orthogonality between the signals are no longer
maintained. One can approach asymptotically to-
wards a solution of the problem of channel selectivi-
ty by increasing indefinitely the number of carriers
N. However, this method is limited by the temporal
coherence of the channel (Doppler effect) or simply
by technological limitations of the phase noise of
the oscillators.

Another solution consists in deliberately sacrific-
ing some of the emitted energy to eliminate the
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Figure 3
Example of the construction of an OFDM signal
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Let T’ = T, + A, where £\ is the duration of the
guard interval used. 7, henceforth represents the
duration of the ‘‘useful’” signal and 7, the du-
ration of the *‘ transmitted”’ signal, The ““useful”’
signals ; (f) are then defined by the relation:

Wik (O = g (¢ = jT))
and the transmitted signals by the relation:
Wik =g ¢ - JT)

—At< T g () =™
otherwise ra =0

with : g

Figure 4
Example of the power spectral density
of the OFDM signal
(number of carriers N == 32)

The associated OFDM signal can then be written :

+oo  N-
x() =
j= -0 k=

1
CiW’i k(0
0

) _ from which the decoding rule can be deduced as:
problem of channel selectivity, by preceding each

signal y; ((#) by a guard interval which ‘“ absorbs*’
the inter-symbol interference. With this assumption,
the emitted signal is modified as follows: -
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cj,k=%s f X (@O (D dt

—
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Compared with the original OFDM system
(without a guard interval), the mismatching between
the emitted signals and the pulse response of the
receiving filter corresponds to a loss of 10 log
T°/T,. This loss can in practice be kept below 1
dB. This disadvantage is largely compensated by the
system advantages in a real transmission channel.

2.4. Analysis of the behaviour of an OFDM sys-
tem, with a guard interval, in the presence of
multipath propagation '

The transmission channel « is modelled in accor-
dance with the relation:

x5y =x=n10

where A(?) represents the impulse response of the
channel and ‘‘ «’’denotes the convolution product.
For the purpose of the following anaiysis, it is
sufficient to state that the impulse response A(¢) has
a finite duration T less than /\ and that the channel
varies slowly compared with the duration T°,.

The reader interested in a more-detailed modei-
ling of the channel can refer to various published
material (for example, [2, 3, 10]).

We will describe the channel by a series of
discrete values #,, representing its complex res-
ponse at the frequency f, and at the instant j7T7.
If we consider the time interval [T’ jT ' + T¢],
the received signal no longer depends on the values
of the symbols of the form Cj_,, p>0. The
memory of the channel is less than the guard
interval, so the behaviour is as if the sinusoids
composing the OFDM signal were emitted at an

infinite time previously (see Fig. 5).

|
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Figure 5
OFDM signal with a guard interval A = Tj/4.
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The received signal can then be written :

N-1{
JTIKI<T; + Tyiy (1) = EHj,kcj,kwj,k(r)

k=0

In applying to the received signal y(f) the decod-
ing rule previously indicated, we thus obtain simply
the transmitted C;, modified by a multiplying
factor corresponding to the channel response at the
instant jT’; and at the frequency f :

1 + ca
I{j,k Cj,k = T j )’(f)‘ilfk(f)df

S

In other words, the addition of a guard interval
has totally removed the effects of channel selectivi-
ty. Another consequence of the introduction of the
guard interval is a modification of the spectral
density of the emitted signal. This is illustrated in
Fig. 6, which applies .to the same conditions as
those of Fig. 4, with a guard interval A = T,/4.

dB

Figure &
Example of the power spectral density
of the OFDM signal
with a guard interval A = TJ4
(number of carriers N = 32).

3. Demodulating of the OFDM by a partial
FF¥T

At this stage of the description, the structure of
the OFDM receiver does not differ much from that
of an FDM receiver : for each of the emitted carriers
JSi» a filter matched to the signal g,(¢) is necessary.
Fortunately, the orthogonality of the signals g ()
ailows the number of operations to be carried out
to be considerably reduced. The structure of the
receiver described below is based on the use of an
FFT algorithm. In fact, because the receiver deals
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a priori with only one programme among L, the
algorithm need not be completely executed. This is
why it is convenient to call it a ‘¢ partial FFT .

3.1. Sampled representation of the received signal

Before any processing, it is necessary to convert
the continuous signal ¥(f} into a train of samples.
We are then interested in the time interval [0, T}],
bearing in mind that the channel memory is assum-
ed to be absorbed by the guard interval. The index
7 is thus implicitly equal to 0 and will be omitted
in the rest of this chapter, so as to simplify the
notation. The received signal y(¢) is then written as:

N-1
0<1< Ty = Y H Ge™™
£=0

Let us put 7= T/N

This signal is translated by means of a local
oscillator to the frequency f, + 1/27. The corre-
sponding complex signal thus obtained can be writ-
ten :

Nl
J)=e ™7 Z‘q C, eF™INT
«
k=0

Then, in sampling the signal () at a frequency
J.=1/T:

L~~~

—_ 1)“

[et us put: y, = Re

J(nTy and Yy = H, Cy

N—1
sO that: Yy = ! EYkeZinkn/N
k=0

Zl

1 y.} thus appears as the inverse discrete Fourler

transform (IDFT) of {¥,} where:

N-1

Yk = Z y _e-linnk/N
n

n=0

To avoid any problem of aliasing, the sampling
frequency f, should be more than twice the maxi-
mum frequency of the signal y(¢). This requirement
is theoretically satisfied by choosing f. = 1/T.
Nevertheless, to take account of (filtering
constraints, it is in practice necessary to limit the
number of carriers effectively emitted to a number
N which is strictly less than N (see Fig. 7).

3.2. Processing by means of partial FFT

The calculation of the values Y, supposes the
carrying out of a DFT over N complex points in
a time less than T, There are various algorithms
permitting the efficient generation of a DFT known
generically by the term ‘‘FFT” (Fast Fourier
Transform).

Let us now consider the transmission of L pro-

No1 . grammes each having M carriers (N = LM), among
FaTy = (=" EH C. oZmkn/N which only_N’ are actgally emitted (N = LA). In
- k >k the following discussion, among the set of N
r Nyquist limit i
f fo+1/2T f+1/T
1 \
| | |
1 J b
l
— omitted carrier
virtual carrier
Figure 7

Reduction of the number of carriers effectively emitted with respect to the Nyquist imit

N =32 N
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carriers we will not distinguish the virtual carriers
of the carriers actually emitted. As the receiver has
to deal only with M carriers among the N emitted,
the basic idea behind the simplifications described
below is not to carry out sequentially the FFT
followed by programme selection, but, instead, to
combine them so as to use the programme selection
as a procedure for decimating the FFT.

We will adopt the usual conventions by putting
(see in particular [16]):

= 2in/N
W =

and by representing the multiplication of a complex
number by in the form of a graph:

A X =AWk

>

as well as representing a DFT over two complex
points by the graph

A X=A+8B

© N A LN - O

2% Y S A

The calculation of the DFT:

N-1
Y = Z}’ank

n=40
can be broken down as follows:
k=Lr+s s=0to L -1 r=0toM -1
n=M+m 1=0toL ~1 m=0toM-1

Each programme is associated with a particular
value of s and corresponds to M carriers spaced by
1/MT. :

The following result is obtained:

M—1

L-1
Ys,r = E WLmr Wms Eyl,m WMsl
m=0 =0

s.m

The usual procedure consists in calculating the
gs.m by M DFT over L points. To the extent that
we are interested only in one value of s, the
calculation of the g, only represents N complex
multiplications (of which some may be trivial). To
this, it is necessary to add M multiplications by the
‘“twiddle factors’” W™, then a DFT over M points.

o 5

by 15
va@ 25

e |

n

\ 21

2 6
2 16
E 2

: /

14

<

<

Figure 8

: /
2

x{0) X (o)
25 x{1) X{)
26 x{2) X{2)
7 x {3) X{3)
28 x {4) X(4)
20 DFT

5 points
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;\\§

Example of a partial FFT
(L =5M-= 6
The points which are
actually calculated are
enclosed by a heavy line

OFT
3 points
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Figure 9
Example of a partial FFT
(L =8 M= 4
Decimation in
frequency (DIF)
algorithm
The points which are
actually calecutated are

enclosed by a heavy line
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The latter operation can be done by means of an
FFT, if M can be factorised. Fig. & gives an ex-
ample for L =5 and M = 6.

Most of the FFT algorithms are based on values
of N which are powers of 2. This allows the use of
highly repetitive structures based on elementary
operators called ‘‘ butterflies >’ (for example, of the
type radix 2 or radix 4), and which are well adapted
for cabled implementations.

The decimation procedure described above can
obviously be extended to these cases. One example
is given in Fig. 9 for L = 8 and M = 4, based on
an algorithm known as decimation in frequency
(DIF). The algorithm uses a butterfly of the form:

A X=A+B
Wk
8 Y=(4-B)W*

Another variant consists in using an algorithm for
decimation in time, for which the graph is finally
nothing other than the preceding graph inversed. A
similar decimation procedure is then applied to it
(see Fig. 10). The algorithm then uses a butterfly of
the form:

A X =4 + BWk

B Y=A ~ BW*

While these two algorithms are equivalent in the
case of a complete FFT, that is with N/2 log,N
operators of the butterfly type having one complex
multiplication and two additions, they are no longer
so in the case of a partial FFT. In this case, the
algorithm for decimation in time (DIT) starts by
trivial multiplications by 1 or —! during the two
first stages of butterflies, while in the case of the
algorithm for decimation in frequency, the trivial
multiplications constitute the latter stages of the
FFT.

In the case of a partial FFT, the algorithm for
decimation in time is thus much more favourable
than the algorithm for decimation in frequency, as
shown in the table below.

It may be noted that the ratio of the number of
non-trivial multiplications for each processed point,
which is a measure of the necessary computing
power, varies between 0.3 and 0.45 for the DIT
algorithm.

Compared with classical wide-band modulation
with digital filtering at the receiver, this result is
extremely favourable. In other words, the partial
FFT permits one to obtain the benefits of a wide-
band OFDM approach while limiting the computing
power to a value comparable with that necessary in
a narrow-band modulation scheme.

4. A posteriori maximum likelihood decoding
in OFDM

4.1. The need for chamnel coding

The OFDM system in suppressing the effects of
channel selectivity, leads us to a Rayleigh or a
Rice-Nakagami model of the channel if there is a
direct path. The values Yjy from the partial FFT
permit us to find the emitted symbols C; , by using
the relationship:

Cy= Yj,k
P H

where H y is the channel response at the frequency
Jx and at the instant j7T’..

In the absence of noise, the emitted symbols can
be recognized without error, and the phenomena of
residual error-ratio caused by channel selectivity,
such as those described in {1], disappear. However,
the decrease of error-ratio as a function of the ratio
E, /N, is extremely slow in a Rayleigh channel. This
characteristic has often been considered as inherent
in a transmission channel for mobile receivers, in
particular for narrow-band radiotelephony systems.
To gass in such a system from an error-ratio of
1072 to 107° in 2 PSK with coherent demodu-
lation, the £,/N, ratic must be increased by 30 dB!
This implies the need for large operational security
margins and also a high resistance to errors of the

Number of non-trivial complex multiplications
for a partial FFT with L = 16

J
N = 236 stz | 1024 2048 4096
B
|
DIT 80 176 i 384 832 1792
DIF 236 528 4 (088 2240 1608
|

176
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coding source. As an example, it is common to see
sound-coding systems for radiotelephony at
16 k/bits specified up to an error-ratio of 1072, In
other words, the coding source in this situation
must compensate for the absence of a channel
coding system.

The approach described below results from a
completely different philosophy, where the
functions of source coding and channel coding are
clearly separated. Instead of ‘‘progressive degrad-
ation’’ of the source coding system, we have a
channel coding system which is ‘‘virtually error-
free”’. We shall see that this approach allows the
necessary operational margins to be considerably
reduced, while freeing the coding source systems
from any constraint with regard to error sensitivity.

4.2. Weighting of the symbols C;

We assume that the emitted symbols C;, are
related by a code the nature of which it is not
necessary to define at this stage of the analysis. The
channel is modelled by the relation:

Yik = Hi G + Nik
where V; , is a complex Gaussian noise with:

Njx = Mjx + WNgjx

and E(Ny " = E(Ngi)* = iy
where E(.) represents the mathematical expectancy.

The criterion of @ posteriori maximum probability

consists in maximizing with respect to [C;,} and

under the code constraint the probability density :
(1Yt b G

Let us then maximize the expression:

Mle “ Y- Hhkcj‘kﬂhzﬂik
k

j

or its Neperian logarithm:

Y v

~H , C;llPr26%,

If, in the applications considered below, the
emitted symbols C;  have a constant modulus, this
is equivalent to rnaxmuzmg

Y'Y Re(v B Cr/ o)
i k
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where Re(.) represents the real part of a complex
number.

4.3. Application to 2 PSK and 4 PSK modulation

We will now assume that the carriers multiplexed
in OFDM are 2PSK or 4PSK modulated. Let us
put:

Cj,k = Aj,k + iBj,k
Wlth. Aj,k = :f:].
and B, =0 in 2PSK or =1 in 4PSK

The maximum likelihood decoding consists in
maximizing with respect to all of the series of values
Aj and B of the code:

Vi HYy Yy Hy
Z E % ( )Aj,k+ Im < G'?k Bj,k

The real and imaginary parts of Y;;, H* k/a’J K
appear as weightings of the bits A, and whére
applicable, B; K (in 4 PSK), which have to be taken
into account in maximum likelihood decoding to
calculate the branch parameters in the Viterbi de-

coder matched to the given code.

The calculation of these weightings makes it
necessary to know the variance of the noise O'J « and
the channel response A .

The analysis of the noise is particularly simple
with an OFDM system. It is sufficient to interrupt
the signal during a time interval of duration 7
to make a spectral analysis of the noise. Note that
it is not necessary that the noise be white. In
particular, if the signal is affected by a narrow-band
interferer, the weighting has the effect of * delet-
ing’* the corresponding carriers in the same way as
fading of these same carriers. This property is
specific to the OFDM system, and thus rends it
extremely attractive for channels which are highly
disturbed by noise or industrial interference.

The arrangement for recovering the carrier used
in coherent demodulation provides us directly with
an estimation of Hj, =p;, &%¥ or at least of
@; k- If the modulus p; y is not known, it is necessa-
ry to replace in the calculation of the parameters
the expression :

Y, H¥ /ol

—iﬁp',k
Yixe

by the expression: Y,

We may note that this simplified weighting,
which is sub-optimum in a Rayleigh channel, is
optimum in a Gaussian channel, where p; , and sz,k
are constant.
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5. Performance of the codes in a Rayleigh
channel

5.1. Criteria for choosing the codes

The channel mode! which we are seeking to match
to the coding system has two essentiel particular-
ities :

- The modulus p; affecting the emitted symbols
follows a Rayleigh law. From this point of view,
the main interest of the convolutional codes is
that taking this weighting into account does not
cause a significant increase in the complexity of
the decoding. Another alternative consists in util-
izing codes in short blocks which can be decoded
by a soft decision. However, for a given
complexity they have an inferior performance
compared with convolutional codes*. In both
cases, it is necessary to ensure the maximum
independence between the received samples.

- The modulus p; , is highly correlated with respect
to the index j (temporal coherence related to the
Doppler spectrum) and the index & (frequency
coherence related to the impulse response of the
channel A()). This correlation tends to create, in
the absence of coding, groups of errors. This
second property leads us towards codes which are
capable of correcting bursts of errors. The codes
having these properties are of the algebraic type
and do not permit the use of soft decision with
a ‘‘reasonable’’ complexity.

These two properties thus lead to relatively con-
tradictory indications for choosing the codes. How-
ever, we may note that Reed-Solomon codes allow
these two properties to be exploited simultaneously
by associating an interfeaving system matched to the
length of the code symbols and a system for deleting
the affected symbols in the case of a deep fade [17].
Nevertheless, this ‘“all or nothing’’* weighting is far
from being the optimum.

A relatively exhaustive analysis of the possible
options leads one to consider convolutional codes
as being the best possible choice as long as the
necessary conditions of independence can be ensur-
ed. With this assumption, the decoder emphasizes
the weighting of the received samples and deliber-
ately masks the statistics in grouped errors,
although these potentially constitute a source of
complementary information.

* Note, however, that the parity bit codes of the type (9,8)
for example, give a good performance/compliexity ratio,
while the soft decision decoding is trivial (a trellis with two
nodes).

178

5.2, Use of an interleaving arrangement

We will now consider the use of convolutional
codes processed by soft decision. The necessary
conditions of independence are assured by an inter-
leaving arrangement. This interleaving is done in
two dimensions :

- interleaving in time, which is very useful for
mobile reception, even at slow speed. This inter-
leaving can be very deep (several hundreds of
milliseconds), because the constraints at the level
of processing delay in the receiver are much less
severe in digital sound broadcasting than in
radictelephony;

- frequency interleaving, which is essential for fixed
reception or ‘‘stationary mobile’’. Note that with
OFDM the number of carriers per programme can
be very large. In fact, the real independence of
these carriers depends in particular on the product
of the bandwidth used W and the standard
deviation of the distribution of the delays., From
this point of view, the existence of multiple paths
can be considered as an advantage.

Paradoxically, the most critical case, which
causes the two systems indicated above to fail, is
that of a stationary mobile in a situation where
there is a single path with total diffraction leading
to a deep fade throughout all the band. In practice,
this situation may correspond to the case of a
vehicle stationary in a forest.

5.3. Performance of the convolutional codes

The convolutional codes considered in the follow-
ing simulations have the common characteristic of
a constraint length K = 7 and their efficiency varies
from Ya to Y2 [18,19] for conventional codes and
from 2/ to 84 for punctured codes [20,21]. Their
detailed description is given in Annex 1.

Fig. 11 gives the performances obtained by these
different codes for a Gaussian channel. As a refer-
ence, the error-rate curve in the absence of coding
is represented by a dotted line.

The two following figures give the performances
of the same codes in a Rayleigh channel, based on
the assumption that the interleaving arrangement
effectively guarantees the conditions of indepen-
dence required by the Viterbi decoder. Fig. /2 gives
the performance obtained with a weighting matched
to the Gaussian channel {sub-optimum weighting),
while Fig. I3 gives the same results with an opti-
mum weighting. The difference is about 1 dB.
Subsequently, only the case of optimum weighting
will be considered.
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Bit error-ratio performance of convolutional codes
in a Rayleigh channel (sub-optimum weighting)
with coherent demodulaticn
The letter indicates the respective convolutional code
(see Annex 1)
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Figure 11 (left)

Bit error-ratio performance of convoiutional codes
in a Gaussian channel with coherent demodulation
The letter indicates the respective convolutional code
(see Annex 1)
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Figure 13
Bit error-ratio performance of convoliutional codes
in a Rayleigh channel (optimum weighting)
© with coherent demodulation
The letter indicates the respective convolutionai code
(see Annex 1)

5.4, Use of concatenated codes (convolution +
Reed-Solomon)

Concatenated codes were introduced by Forney
[11]. One of the most effective techniques, which
has been used for planetary missions {22,23], is the
combination of an internal convolutional code and
an external Reed-Solomon code, as shown in the
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Figure 14
Principle of concatenated codes

schematic diagram of Fig. /4. The second disinter-
leaving arrangement (as well as the interleaving
system associated with the emission) has the object
of cutting the bursts of errors at the output of the
Viterbi decoder into symbols which are compatible
with the Reed-Solomon decoder and of interleaving
them in such a way as to guarantee the optimum
conditions of independence for the latter decoder.

Reed-Solomon codes have the general form
(nky=(2 -1, 2 - 1 ~ 2r) where ¢ represents the
number of corrected symbols having j bits. For the
following simulations, we have taken j = 8 with
n = 253.

Gaussian channel

Here we consider a family of concatenated codes
based on an internal convolutional code chosen
from those given in Annex 1, and an external
Reed-Solomon code with a variable correction capa-
city £. R will designate the overal efficiency of the
code, that is the product of the efficiency of the
convolutional code and that of the Reed-Solomon
code (1-22/255).

Fig. 15a gives the ratio E,/N, required for an
error ratio of 10~% (a virtually error-free channel)
as a function of the total efficiency R. It must be
emphasized that E, is defined as the ratio of the
total transmitted power to. the useful bit-rate, and
therefore takes into account the power used in the
redundancy bits. Each curve corresponds to a given
convolution code and to different values of the
correction capacity of the associated Reed-Solomon
code. The analysis of the envelope of this set of
curves shows that there exists, for each convolution-
al code, an optimum zone for the choice of the
correction capacity of the external associated Reed-
Solomon code. Outside this zone, it is better io
choose a concatenated code of the same efficiency
based on another convolutional code. Moreover,
for the convolutional codes A, B, C, D, E, the
envelope of the set of curves presents local minima
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which it would be useless to pass, because increasing
the correction capacity beyond this limit has then
the effect of increasing the necessary ratio E,/N,.
Fig. I5b gives the ratio E,/N, for an error ratio
for 10~% as a function of the correction capacity
¢t of the Reed-Solomon code. The broken lines give
the optimum zone defined in accordance with the
above considerations. For each convoluticnal code,
we have selected within this zone a particular
concatenated code of which the characteristics are
given in the Annex. These codes are represented by
circles in Fig. /5b. It may be noted for example that
the concatenated code C, used by the NASA,
permits an error ratio of 1072 to be attained for
a ratio Ey/N, of 2.5 dB. Fig. I5c gives the error-
rate performance of these concatenated codes as a
function of the ratio E,/N,.

Rayleigh Channel

Figs 16a, b and ¢ give the same results as in Figs
15a, b and c, but for a Rayleigh channel. It may
be noted that the concatenated code C permits an
error ratio of 107 to be attained for a ratio E,/N,
of 4.5 dB. The difference between a Gaussian chan-
nel and a Rayleigh channel is therefore reduced to
2 dB.

5.5. Utilisation of concatenated codes (convolution
+ CSRS)

Although the concatenated codes previously de-
scribed offer remarkable performance, their imple-
mentation in the context of the mass production
domestic market is difficult because of the complex-
ity of decoding the Reed-Solomon codes. An alter-
native solution consists in utilising CSRS codes
(cyclotomaticaily shortened Reed-Solomon)
[24,25,26] which are, like the Reed-Solomon codes,
at a maximum distance separable (d,, =
n— 4k +1). The essential interest of these
codes is that they do not require processing
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Figure 16
Performance of concatenated codes
(convolution plus Reed-Solomony)
in a Rayleigh channel with coherent demodulation

a) Ratio E /IN,, necessary for an error-ratio of 10°°, as a
function of the overall efficiency R.

b) Ratio E,/N,, necessary for an error-ratio of 1079, as a
function of the correction capacity (t) of the Reed-Solo-
mon code.

c) Bit error-ratio as a function of the ratio E/N,.

The letter indicates the convolutional code used as the
internal code or respective concatenated code
(see Annex 1)
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Figure 17
Performance of concatenated codes
(convelution plus CSRS)
in a Gaussian channel with coherent demodulation

a) Ratio E,/N,, necessary for an error-ratio of 1072, as a
function of the overall efficiency A.

b) Ratic E/N,, necessary for an error-ratio of 10~°, as a
function of the correction capacity (f) of the CSRS code.

c) Bit error-ratio as a function of the ratio E,/N,.

The letter indicates the convoiutional code used as the
internal code or respective concatenated code
(see Annex 1)
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Galois field extension GF (2%), but only over GF (2).
The implementation of the decoding is considerably
simplified. The codes considered below have the
form (n, n — 2¢), where ¢ is the number of corrected
symbols of j bits. For the simulations described
hereafter, we have taken j = 12 et n = 336.

Gaussian channel

The results obtained with convolutional codes
concatenated with CSRS codes are given in Figs 17a
and b for the same conditions as for Figs /5a and
b for the Reed-Solomon codes. The results are very
similar to those previously obtained. In the same
way, we have selected a certain number of concaten-
ated codes of which the characterisitics are given in
detail in the Annex. These codes are represented by
circles in Fig. 17b, and their performance with
respect to error ratio is given in Fig. I7c.

Rayleigh channel

Figs 18a, b and ¢ give the same results as in Figs
17a, b and ¢, but for a Rayleigh channel.

Note that the convolutional code C concatenated
with a CSRS code (336, 288) has the same perfor-
mance as the ““NASA’”’ code, but its implemen-
tation is simpler.

5.6. Soft decision with differential demodulation

The simuliations so far presented are based on the
assumption of an optimum weighting of the receiv-
ed samples, and consequently on coherent demo-
dulation of the OFDM signal. The results show that
a virtually error-free channel can be obtained with
a ratio E,/N, of 4.5 dB when utilising the concaten-
ated code C (either starting from a Reed-Solomon
code or from a CSRS code). In terms of E/N, (£
designating the energy per transmitted bit, instead
of per useful bit), the corresponding value is less
by 1 dB. Considering that this is an average value,
this means that, in terms of the instantaneous value
this ratio can become highly negative.

It can easily be seen that coherent demodulation
in these conditions is particularly difficult. Taking
account both of the problems of locking out of the
carrier recovery loop and also of the error made in
its estimation, it can reasonably be expected that
there is a significant degradation in the perfor-
mance.

Differential demodulation is an alternative sol-
ution, of which the essential interest resides in the
very great simplicity of its implementation and its
absence of inertia after a deep fade. The price to
be paid is evidently a degradation in performance,
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which nevertheless remains acceptable, and which is
in reality minimal if account is taken of the practi-
cal limitations of coherent demodulation.

We have seen in Section 4.2 that the optimum
demodulation of a code using symbols with a
constant modulus is equivalent to maximising with
respect to Cj

Z ZRe( Y, HE CEe /a7
ik
Differential demodulation consists in using for

the row j a simplified estimator from the channel
deduced from row j — 1:

H = YJ’Vl,k
b Ciix

Case of 2 PSK

A differential coding system is defined by the
relationship :

¢ = ik
b i1k

Wlth Cj,k = aj’k + fbj,k’ ajyk = =+ l and bj,k =0
The weighting of the bit a; , to be used at the
level of the Viterbi decoder then becomes:

Y?
Re (#};)
_]k

Case of 4 PSK

The differential coding system described prev-
iously is not applicable in 4 PSK, because the
symbols ¢; ¢ thus defined have values 1, i, — 1, — 1,
that is, a different alphabet from that of the
symbols C; . Nevertheless, we can easily adapt the
procedure to this case by modifying the differential

coding system by putting :

Cop (L4
Cj,k = Cj,k( )
j—1,k

with Cj,k = aj,k + jbj,k N
aj,k = +1 and bj,k = =1

The weightings of the bits a; , and b; , to be used
at the level of the Viterbi decoder then become
respectively :

Y., Y¥ Y . Y*
Re [ Yik .J‘I-k) 41 ( ik Yo Lk
( (1-Dat, ) T\ 1-Dei,
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5.7. Performance of the codes with differential
demodulation

To illustrate the performance obtained with differ-
ential demodulation, we have taken the example of
the convolutional code C with efficiency 1/2 and of
its concatenated version with a CSRS code (336,
288).

Gaussian channel

Fig. 19 illustrates the performance of the convol-
utional code C in a Gaussian channel with differen-
tial demodulation for 2 PSK and 4 PSK. As a
reference, the performances of 2 PSK and 4 PSK
without coding and with differential or coherent
demodulation are recailled. It may be noted that the
coding brings 2 PSK and 4 PSK more or less equal
with differential demodulation, while in the absence
of coding, 2 PSK has a definite advantage.

Fig. 20 illustrates the performance of the concat-
enated code in a Gaussian channel for the same
conditions. Here again, 2 PSK and 4 PSK offer
comparable performances. In these two cases, the

BER

Figure 19
Comparison of the bit error-ratio performances
of the convolutional code C in a Gaussian channei,
for coherent and differential demodulation
(2 PSK, 4 PSK)

C: convolutional or concatenated code (see Annex 1)
O: no coding

Xd, : differential demoduiation (2 PSK)

Xd,: differential demodulation (4 PSK)
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Figure 20

Comparison of the bit error-ratio performances of the
concatenated code C (convolution plus CSRS) in a
Gaussian channel, for coherent and differential -
demeduiation (2 PSK, 4 PSK)

(Notation as in Fig. 19)

price to be paid for the simplicity of differential
demodulation is about 3 dB, compared with co-
herent demodulation.

Rayleigh channel

Fig. 21 illustrates the performance of the convol-
utional code C in a Rayleigh channel with differen-
tial demodulation of 2 PSK and 4 PSK. As a
reference, the performances of 2 PSK and 4 PSK
without coding and with differential or coherent
demodulation are recalled. Fig. 22 gives the same
results for the concatenated code. In these two
cases, the degradation caused by differential demo-
dulation compared with coherent demodulation is
about 3 dB.

6. Analysis of the resulits

All the results explained above bring out clearly
the interest of a system combining OFDM muitipiex-
ing and coding. Compared with other known sys-
tems for digital broadcasting towards mobile receiv-
ers, the essential advantages of this approach con-
sist in the following.
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Comparison of the bit error-ratio performances of the
concatenated code C (convolution pius CSRS) in a
Rayleigh channel, for coherent and differential
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(Notation as in Fig. 19)

No. 224 - AUGUST 1987

Figure 21

Comparison of the bit error-ratio performances of the
concatenated code C in a Rayleigh channel, for coher-
ent and differential demodulation (2 PSK, 4 PSK)

{Notation as in Fig. 19)

6.1. The spectral efficiency

This results principally from the use of OFDM
which, associated with 4 PSK, permits a spectral
efficiency of 2 bits/Hertz to be approached asymp-
totically. This is of course the basic efficiency,
which must be corrected by the efficiency of the
associated code. In practice, the most interesting
codes are the concatenated codes from type C to
type H, of which the efficiencies lie between 0.4 and
0.8, and the spectral efficiency lies between 0.8 and
1.6 bits/Hertz. This variety of usable codes permits
the choice of a compromise between spectral ef-
ficiency and power efficiency, which is the best
adapted to the particular situation. But, whatever
may be the choice of code, the efficiency obtained
is much higher than that which can be obtained by
normal spread-spectrum techniques. Fundamental-
ly, this is because, with OFDM, the waveforms are
emitted in parallel, whilst in spread-spectrum tech-
niques, a single waveform from the available alpha-
bet is emitted.

6.2. Power efficiency

This depends principally on the coding arrange-
ment. The more powerful the coding arrangement
the smaller becomes the difference separating the
Rayleigh channel and the Gaussian channel. For
example, by using a concatenated code of type C,

~and taking account of the corresponding spectral

efficiency, it is seen that with coherent demodu-
lation the performance with respect to values of
E /N, is around 3 dB from the Shannon limit in
a Gaussian channel and around 5 dB in a selective
Rayleigh channel. This can be taken as the state of
the art.

Note that OFDM plays an essential role in the
correct functioning of the coding system. On one
hand, this technique permits an optimum weighting
of the samples at the decoding level, which is not
the case for other techniques used to combat
multiple-path propagation, such as equalisation
with feedback decision or spectrum spreading. On
the other hand, the wide-band character of the
multiplex guarantees the independence necessary for
the good operation of the decoder, even in the case
of a stationary mobile receiver.

The respective roles played by the convolutional
code and the Reed-Sclomon or CSRS code are very
different. The convolutional code in a sense ‘‘inte-
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grates”’ different Rayleigh laws along its trellis thus
making the performance tend towards that obtained
with the same code in a Gaussian channel. The
Reed-Solomon or CSRS code achieves the same
objective and gives to the error-ratio curve the
shape of a ‘““wall”’ near the Shannon limit. More-
over, the structure itseif of the errors changes, since
it becomes a matter of ‘‘erroneous blocks” and
these are detected in a quasi-certain manner. But,
above all, it leads us to abandon even the concept
of error ratio, the system swinging from perfect
operation to non-operation in less than 1 dB.

7. Consequences on the source-coding

problems

Apart from an analysis of the technical perfor-
mance, it is important to draw from the results
certain information on the overall design of a digital
transmission system, inciuding the probiems of
source coding.

7.1. Error protection and source coding

The systems of source coding are usually based
on a number of more-or-less implicit assumptions
regarding the nature of the transmission channel.
The most widespread assumption is that the channel
is binary symmetrical where the errors appear in a
random way; the degradation with respect to the
noise is then certainly abrupt compared with the
case of an analogue system, but there is nevertheless
a certain progression in the degradation.

This modelling in fact corresponds to that of a
modulation system where there is no channel cod-
ing. In these conditions, the natural tendency is to
devote a part of the available bit-rate to protection
against errors of the coded signal.

The results that we have shown demonstrate that
the available bit-rate must not be considered as an
untouchable parameter but, on the contrary, the
bit-rate, spectral efficiency and power efficiency can
be mutually exchanged. Moreover, it is imperative
that most of the redundancy be situated at a level
very near the modulation to permit ¢ posterior:
maximum likelihood decoding. In the preceding
examples, the convolutional codes should be consid-
ered as a means of creating waveforms which are
efficient in terms of the minimum distance rather
than a redundancy at the binary level.

We have observed that the search for solutions
near the Shannon limit leads us to extremely abrupt
error-ratio curves. In these conditions, an error-pro-
tection system at the level of the source coding can
be effective only in the transition region, thus giving
a maximum gain of a few tenths of a decibel. The
redundancy thus consumed would be better utilized
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in exchanging it for power efficiency by means of
a modification of the channel coding system.

It can therefore be stated that the search for an
optimum solution at the level of channel coding and
modulation leads us to abandon any error pro-
tection at the level of the source coding. If the
transmission channel has two states — perfect
operation or non operation — any correction strate-
gy is doomed to failure and has no effect other than
uselessly consuming bit-rate.

7.2. Progressive degradation or a virtually error-
free chanmel

Many engineers seek to reproduce with digital
systems a behaviour of the analogue type, in optim-
izing the source coding algorithm such that it is as
tolerant as possible to transmission errors. In fact,
it is generally considered that a system with progres-
sive degradation allows us to provide a service
which is degraded, but nevertheless usable, down to
levels where, with a system having a threshold, the
service would be totally interrupted.

The analysis of the preceding curves (see in
particular Fig. 22, curves C and O) show that, on
the contrary, an efficient coding system not only
permits the transmission of data virtually without
error up to very high noise levels, but it also
provides that the point of cross-over with the
performance of a system without coding is situated
at a value of error-ratio (about 10~ 1) for which a
service is interrupted irrespective of the source-
coding system. Progressive degradation therefore
results in transmitting a degraded signal only where
it could be transmitted in a perfect manner. This
is why it is necessary to abandon the idea of a
““ progressive degradation” and to tend towards a
“yvirtually error-free channel’’ near the Shannon
limit,

7.3. Considerations concerning the ISO layer model

An essential consequence of introducing channel
coding is thus a complete separation between the
source-coding functions and the modulation. The
source-coding system is limited toc its primary
function, that is to say, to exploit the redundancies
of the signal and the physiclogical and psychosen-
sorial properties so as to reduce the data rate to be
transmitted without having to take account of the
problem of error behaviour. For its part, the
modulation system and the channel coding ensure
error-free transmission of the information coming
from the source coding down to a threshold as near
as possible to the Shannoen limit, without having to
take account of the nature of the information
transmitted.
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This transparency permits us to completely res-
pect the ISO layer model, thus avoiding special-
ization of the transmission channel.

8. Conclusions

The technique of OFDM multiplexing with a
guard interval permits the problem of multipath
reception in digital broadcasting to mobile receivers
to be resolved. Moreover, the spectral efficiency
thus obtained approaches asymptotically
2 bits/Hertz (ignoring channel coding and the
guard interval) in the case of 4 PSK carriers.

In terms of complexity, the analysis shows that
processing of the OFDM by a partial FFT demands
only a relatively low computing power. In fact, the
only really difficult question is that of the technical
feasibility of a system of coherent demodulation
offering a satisfactory complexity/performance com-
promise. From this point of view, the good perfor-
mance obtained with differential demodulation, of
which the implementation is extremely simple, pro-
vides a particularly useful reference element.

While OFDM provides a solution with respect to
channel selectivity, it does not by any means over-
come fading. This property of the transmission
channel clearly indicates the need for a system of -
channel coding.

Associated with an appropriate interleaving sys-
tem, the convolutional codes guarantee in this
context excellent performance for a reasonable de-
coding complexity (64-state Viterbi decoder, in the
examples chosen). Concatenation with a Reed-Solo-
mon code improves the performance yet further.
Nevertheless, the complexity of implementing de-
coding of Reed-Solomon codes leads us to reject
this solution. We propose to use instead CSRS
codes, which have comparable properties while
offering a greater decoding simplicity.

The principles of modulation and channel coding
explained above permit the definition of a digital
sound broadcasting system having a performance
with respect to E,/N, and spectral efficiency close
to the Shannon limit. Analysis of the complexity of
the demodulation and associated decoding functions
leads to the conclusion that the corresponding
receivers in a domestic mass-production context are
feasible.

Convolution code RS.EOde’ CSBE code,
j=8 =12
Type of
code Polynominal :
Efficiency generatars (n,k) (n,k)
ANNEX 1 A 174 111,135,167,173 (255,211 (336,276)
. . B 173 107,135,161 255215 336,280
The convolution codes used in ( ) ( )
the simulations are described in the C 1/2 133,171 (255,223)* {336,288)
table opposite. They correspond to
the best possible choices among all b 23 135,163 (253.231) (336,300)
the codes described in references E /4 | 127,165,117,173 (255,231 (336,304)
(18, 19, 20, 21]. The corresponding )
concatenated codes are obtained by F 4/5 i 133,171 (253.235) \ (336,308)
aSSOCiating with each convolution G 3/6 133,171 (255,235) i (336 312)
code the Reed-Solomon or CSRS
code of the same line. H 6/7 133,171 (255,235) (336,312
1 7/8 133,171 (255,239 (336,316)
J 8/9 133,171 (255,243) (326,320
6] no coding no coding

*  Code used by the NASA
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