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Preface to the second edition

During the space of three short years since the first edition was completed,
satellite systems alongside optical fibres, appear to have become the
catalysts that were needed to speed up the integration process of global
communications services. Now in the early 1990s, trans-Atlantic telephone
calls are equally likely to be routed via satellite or submarine cable. Many
of the established systems have now adopted Application Specific In-
tegrated Circuit (ASIC) technology, with the advantages of improved
reliability and reduced system size and cost, leading to a greater popular-
ity. In spite of this development, discrete component circuits have been
retained in a number of cases, because it is felt that with these it is easier to
explain the principles involved.

In preparing this second edition, the opportunity has been taken not
only to bring the previous work up to date, but also to extend it into the
realms of some of the services that might be introduced before the end of
the 1990s. Some of these proposals look like changing the concept of
personal communications so completely, that saying ‘Open Channel 9’ to a
pocket pen may no longer be science fiction.
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Preface to the first edition

Until the introduction of satellites, communications by electrical and
electronic means developed in a progressive and evolutionary manner.
Now, in a relatively short time span, a new concept of signals delivery has
become available - one that is not only capable of carrying all previous
services, but also provides the means of distributing many new services,
some that could not be supported by previous terrestrial means.

The success of a technological system usually depends upon its financial
and social viability. The system costs ultimately being borne by the end
user, he or she becomes the final arbiter on the success or failure of the
project. It therefore falls upon the desiga engineer to provision an efficient
and effective service. It is then the responsibility of the installation and
service engineer to maintain this good quality of service.

The communications engineering fraternity has a history of providing for
such developments, achieving this by continually updating skills and
knowledge as the technology has developed. Satellite communications
provide a whole new series of problems that will have to be solved by those
responsible for the system support services.

To these personnel the book is offered, either as an aid for the self-
training of practising engineers, or for communications engineering
students following a more formalised training programme such as first
degree, HNC/D or City and Guilds of Londcn courses. Where it is
anticipated that the reader will have some prior knowledge, reference is
made to several standard works for added background information. The
general philosophy has been to provide the reader with a description of how
the systems signal are coded, modulated and demodulated, and processed,
in order to create a good understanding of the way in which the system
functions.

The book contains five chapters of related communications principles,
provided to explain how and why certain system parameters are important.
Also covered are as many actual systems as practicable, the approach in
these chapters being largely based on system/block diagrams. There are two
main reasons for this. Firstly, circuit diagrams for such rapidly developing
technology are soon dated; and secondly, the expansion in the use of
integrated circuits. These are closely related to sub-system blocks and their
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Preface xi

internal circuitry is often irrelevant, particularly from the service aspect.
Engineers called upon to service such systems will be equipped with
manufacturers’ circuit diagrams. This book is intended to give engineers a
thorough understanding of the system operation.

The systems design engineer needs to know how to assemble a cost
effective and efficient system from the various standard units available, and
the advanced student needs to understand similar concepts. For these
people, a number of analyses and design rules have been included.

The design and construction of communications satellites and their
methods of launch have been purposely omitted. These aspects are already
well documented (1), (2).

REFERENCES

(1) Slater, J.N. and Trinogga, L.A. (1986) Satellite Broadcasting Systems.
Chichester: Ellis Horwood Ltd.

(2) Rainger, P., Gregory, D., Harvey, R. and Jennings, A. (1985) Satellite
Broadcasting. London: John Wiley & Sons.
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Chapter 5

Digital Signal Processing

5.1 ANALOGUE AND DIGITAL SIGNALLING COMPARED

Wideband communications applications such as television traditionally use
analogue signal processing, primarily for reasons of bandwidth
conservation and the fact that such systems are well understood. However,
each application tends to become unique in certain ways. When the systems
become concentrated into integrated circuits, these devices are dedicated to
a particular application; relatively few are produced and so their cost is
higher than would be the case for mass-produced devices. When the
analogue signals are converted into digital form for processing and then
back again for such purposes as display, the only dedicated chips are those
associated with the interface between the two types of signal. The digital
signal processing (DSP) area of the system then uses standard digital ICs
that are very much more cost effective.

The increased transmission bandwidth for the digital signal is available
on satellite communications links and this overhead is in any case offset by
the considerable advantages gained by changing to the digital concept. The
systems become more flexible, systems integration can be achieved and
computer control gives rise to the concept of integrated services digital
network (ISDN), where many services can be accommodated with equal
performance.

The principal benefits of digital signal processing can be summarised as
follows:

(1) More appropriate for linking devices that operate in the digital mode.

(2) Provides transmission speeds that are significantly higher than those
commonly achieved with analogue processing.

(3) Provides for improved transmission quality in noisy environments.
The noise effects can be reduced using signal regenerators and by using
error detection/correction techniques.

(4) More compatible with digital switching techniques used for
distribution, and is a natural technique to apply on systems that are
linked by optical fibres.

(5) Encryption/decryption can easily be adopted for security of
information.
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(6) Signal compression techniques (bit rate reduction) can be used to
minimise the transmission bandwidth requirements.

(7) For many applications, time division multiple access (TDMA) can be
used over the satellite link and this is more efficient in the use of the
service than frequency division multiple access (FDMA).

(8) The use of onboard microprocessor-controlled satellite switching
becomes feasible and the signal can be regenerated before
retransmission to improve the received signal quality. If this
improvement is not needed, then regeneration allows smaller antennas
to be used.

5.2 SAMPLING AND QUANTISATION

There are several ways of converting an analogue signal into digital form
and all are effectively based on a sampling technique. It is shown by the
Nyquist theorem that provided a complex analogue signal is sampled at a
rate at least twice that of its highest frequency component, then the original
signal can be reconstructed from these samples without error.

Figure 5.1(a) depicts the general principle for generating what is
commonly known as pulse code modulation (PCM). The analogue signal is
sampled at very precise intervals of time, to measure its amplitudes. Since
only discrete levels are allowed in a digital signal, each of the amplitudes is
quantised or allocated a value which is the integer part of the sampled value
(i.e. the integer value of the level that the amplitude is just greater than).
These values are then converted into a corresponding binary sequence for
digital processing. For the waveform shown in Fig. 5.1(a), the quantised
and binary codes series would be:

4, 5, 5, 5 5 4, 3, 2, 2, 3 4 ..etc.
100, 101, 101, 101, 101, 100, O11, 010, 010, 011, 100 ...etc.
It will be noted that each of the eight levels shown can be coded using three
bits (23 =8).
Any analogue signal that is reconstructed from such a series will
obviously be an approximation of the original, the difference or error being
referred to as quantisation noise. It is shown in Appendix A4.1 that the

signal-to-quantisation-noise (SQNR) for a dc signal such as video lumi-
nance is given by:

SQNR = (10.8 + 2010gM) dB. 5.1
or:
=(10.8+6n) dB (5.2)

where M =number of sampling levels, and n=number of bits per code
sample. For the example shown in Fig. 5.1(a);
SQNR =(10.8 + 20 log 8) dB=29 dB.
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Fig. 5.1 (a) Sampling an analogue signal. (b) Spectrum of sampled signal.

Equations 5.1 and 5.2 show that quantisation noise can be reduced to any
low level desired by increasing the number of sampling levels and hence the
length of the binary code series. The overhead paid for this is the bandwidth
of the sampled signal, which can be calculated as follows:

2nf,, .3)

where f;, is the maximum frequency component in the signal, and n is the
number of bits per sample.

The process of sampling produces a frequency spectrum similar to that of
amplitude modulation but with an infinite range of harmonics, as depicted
by Fig. 5.1(h). The reconstruction or demodulation circuit must contain a
low-pass filter to separate the baseband component from the harmonics. If
the sampling frequency is not high enough, or the filter cut-off not sharp
enough, interference from the first lower sideband will result. Figure 5.2
shows the effect of using a sampling frequency less than 2f,,, where it is
impossible to distinguish between some of the components of the baseband
and the lower sideband. Such interference is known as aliasing.
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Fig. 5.2 Introduction of aliasing.

5.3 NON-LINEAR QUANTISATION

Reference to Fig. 5.1(a) will show that linear quantisation produces
proportionately more noise with smaller amplitude signals. In addition,
large amplitude signals are better able to mask the effects of noise. This
imbalance can be improved by using a non-linear form of quantisation that
behaves in the same way as companding. Such a characteristic, which is
relatively easy to implement, is shown in Fig. 5.3 and in the European
Standard is referred to as an A-law compander, ‘A’ being a constant
chosen to suite the amplitude distribution on the signal to be processed and
typically equal to 87.6.

The curve has a linear region to handle low-level signals and a logarithmic
region for the larger amplitudes. Using normalised values, the law for this
curve is specified by:

y=Ax/(1+InA) for 0<x=<1/A ;.49
and:
y=(1+InAx)/1+1nA) for 1/A<x=<1 5.5

i

1
5
Q
5
=]
o
[}
b=l
[=]
Q
c
w

: L
(0] 1/A 1
Analogue
input
Fig. 5.3 A-law companding.
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92 Communication Services via Satellite

An alternative compander that finds favour in the North American
standard is the p law device. This is defined by:

y = (log(1 + ux))/(log(l +p)). (0< X <1) (5.6)

Where p is typically equal to 255.

Itis neither truly linear nor logarithmic, but is a good approximation at the
extremes. Whichever device is used at the transmitter, the complementary
device must be used at the receiver to ensure an overall linear response.

In modern systems the compander stage is often incorporated within the
same integrated circuit (IC) as the analogue to digital (A/D) and digital to
analogue (D/A) convertors. These devices are then often referred to as
application specific ICs (ASICs). Since the companding is now carried out
in the digital domain, the two laws become modified as:

A Law: y = 0.18(1 + In(Alx|))sgn(x), for /A < |x| < 1

and y = 0.18(A[x|)sgn(x), for 0 < |x| < I/A (5.7)
u Law: y = 0.181n(1 + p|x|)sgn(x) 5.8)
where x = normalised analogue signal and encoder

input or decoder output.

y = normalised digital signal and encoder output
or decoder input.

A =876

u = 255.

5.4 QUANTISING AC SIGNALS

The methods of sampling and quantising previously described work well for
signals that have a large dc component (such as the luminance signal of
television). However, signals with both positive and negative excursions,
such as audio, need an alternative approach. One possible way involves
using an offset binary technique, where a constant is added to each sampled
value. But in certain cases, such as with audio mixers, where it is necessary
to add signals from different sources, the sum can overflow or exceed
allowable peak values.

The commonly adopted solution involves using the two’s complement
method of representing a binary number. By convention, a leading zero
indicates a positive number, whilst a leading one indicates a negative value.
It will be recalled that the two’s complement of a binary number is formed
by inverting each bit in turn and adding 1. Thus the two’s complement of
01010101 = 10101010 + 1 = 10101011. When reconstructing the analogue
signal from a two’s complement sample, the excess 1 should be removed
before inversion. However, in practice, failure to do so causes such a
minute error that it is often neglected.
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Typically, then, an 8 bit two’s complement code allows for +27 = +128
sampling levels.

For ac signals, the RMS signal to quantisation ratio is more applicable.
For this case, Appendix A4.1 shows that the SQNR is given by:

(1.76 + 6.02n) dB. (5.9)

5.5 PULSE SPECTRA

Figure 5.4(a) shows a single rectangular pulse of amplitude V and time
duration t. Such a pulse can be analysed by transforming it into a
mathematical model in the frequency domain. In the time domain, the pulse
is defined by:

f(t) = V for |t| < t/2 and
f(t) = O for |t| > t/2.

Transformation to the frequency domain by the Fourier transform:
F(w) = (Vt sin(wt/2))/wt/2) (5.10)

where w = 2xf the angular velocity.

A section of the spectrum for equation 5.10 is shown in Fig. 5.4(b), and
this is described generally as a sin x/x function. Figure 5.4(c) shows a series
of such pulses which is typical of the situation at a receiver. As the zero
crossings of the tails occur at the bit cell centres, the energy in the tails tends
to be self-cancelling. This is particularly true if the receiver clock circuit is
accurately timed. Weak synchronism between the receiver clock and the bit
stream will lead to decision errors by the detector circuit, a situation which
is often made worse by a relatively long string of zeros.

If the pulse stream were filtered before processing, some of the HF energy
would have been removed and the tails of the spectrum would have less
significance.

5.6 BASEBAND CODE FORMATS

The errors affecting data services via satellite communication links are
chiefly characterised by added white noise and an overall propagation delay
that is in the order of 250 mS. The noise leads to the concept of a bit error
rate (BER), whilst delay variation creates timing and synchronism
problems, which in turn lead to further bit errors. As satellite transponders
tend to be power rather than bandwidth limited, Shannon’s channel
capacity rule becomes important.

C = B log,(1+S/N) bits/sec (5.11)
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Fig. 5.4 A rectangular pulse and its spectrum.

where C = channel capacity, B = bandwidth, and S/N = S/N ratio.

The balance between bandwidth and S/N ratio can be used to good effect
to maximise the channel capacity for an acceptable bit error rate suitable for
the particular service.

Binary code formats are designed to insert extra bits into the data stream
on a regular basis, in order to take advantage of this trade-off. A few of the
many ways of achieving this are shown in Fig. 5.5, the aim being to
minimise the number of consecutive similar bits in the transmitted data
stream. The receiver detector clock circuit can then be synchronised to a
greater number of signal transitions and so improve its timing. An extra
advantage may accrue because some formats have no dc component in their
power spectrum, a feature that reduces the low frequency response
requirement of the receiver and allows ac coupling circuits to be used.
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Fig. 5.5 Some baseband code formats.

All the commonly adopted code formats can be generated and decoded
using dedicated integrated circuits (ICs), the codes generally being produced
from non-return-to-zero (NRZ) basic codes. The return-to-zero (RTZ)
format is little used, as its half-width pulses represent an energy/bit penalty.

Codes of the nBmB type are often used to convert n bits/symbol into m
bits/symbol (m>n), ensuring that, on average the number of ones and
zeros being transmitted are equal.

The bi-phase series of formats for which the basic Manchester code
shown in Fig. 5.5(c) is representative has the following features. A signal
transition occurs at each bit cell centre, so that a zero is represented by 01
and a one by 10. This ensures that there are never more than two identical
bits in series. Another variant of this is the code mark inversion (CMI)
format, where 0 = 01 and 1 = 00, or 11 alternatively. Although bi-phase
codes have a 50% redundancy and double the transmission bandwidth,
there is no dc component in the power spectrum as depicted by Fig. 5.6.

The Miller format, shown for comparison purposes in Fig. 5.5(d), is not
usually used for transmission purposes. It finds favour in the magnetic
storage media. A one is represented by a transition at mid-symbol and a
zero by no transition. Except for two consecutive zeros when an extra
transition is introduced at the end of the first zero, the Miller code has
similar properties to the NRZ code (see section 1.9).

The duo-binary code is a bi-polar, full-pulse-width code, as shown by
Fig. 5.5(e). It has a bit repetition rate that is half the frequency of the
original signal. Zero is represented by 0 volts and one by +V. The V
polarity is unchanged if the one follows an even number of zeros and
reversed if it follows an odd number.
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Fig. 5.6 Power spectrum of some code formats.

The more efficient codes use the least redundancy and there is, in general,
a trade-off between the complexity of balancing the number of consecutive
similar bits and the added redundancy.

The increase in bit rate that these codes produce represents a power
penalty. For example, using a 3B4B format involves a bit rate increase by a
factor of 4/3 which in turn requires a power increase of about 1.25 dB.

A simple form of error monitoring/detection takes the form of counting
the running average of the number of ones and zeros. Any variation outside
some predetermined bounds can be used to signal an error situation. With
added redundancy, error detection/correction can be provided using parity
checks or Hamming codes.

5.7 DATA ERROR CONTROL (FORWARD ERROR CORRECTION)

When data errors are detected in a bit stream, there are various corrective
measures that can be applied. The actual method used often depends upon
the source of the original data signal. For instance, had the source been
analogue in form, then one of the error concealment techniques might be
applicable. This possibility includes:

(1) Ignore the error and treat it as a zero level signal.
(2) Repeat the last known correct value.
(3) Interpolate between two known correct values.

This latter method is really only suitable where a significant amount of data
storage is available at the receiver, to allow time to regenerate the analogue
signal after processing. In other cases there is the possibility of requesting a
repeat transmission when errors have been detected. However, in general
this is wasteful of both time and frequency spectrum.
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The ASCII code (American Standard Code for Information Interchange)
is a commonly used method of representing alphanumeric characters in a
digital system. This 7 bit code allows for 27 = 128 different alphabetic,
numeric and control characters. The commonly used word length is 8 bits (1
byte), so that space is available for one extra redundant bit.

Even and Odd Parity

A single-error detection code of n binary digits is produced by placing n—1
information or message bits in the first n— 1 positions. The nth position is
then filled with a 0 or a 1 (the parity bit), so that the entire code word (or
code vector) contains an even number of ones. If such a code word is
received over a noisy link and found to contain an odd number of ones,
then an obvious error has occurred. Alternatively, a system might use odd
parity, where the nth bit is such that the code word will contain an odd
number of ones. In either case, a parity check at the receiver will detect
when an odd number of errors has occurred. The effects of all even
numbers of errors is self-cancelling, so these will pass undetected. The even
or odd parity bits can be generated or checked, using Exclusive OR or
Exclusive NOR logic respectively.

Such an arrangement of bits is described as an (n,k) code, n bits long and
containing k bits of information. It thus follows that there are n—k = ¢
parity or protection bits in the code word. The set of 2k possible code words
is described as a block code. It may also be described as a linear code if the
set of code words form a sub-space (part) of the vector-space (entirety) of
all possible code words.

Hamming Codes

Error correcting codes have been devised and are named after R.W.
Hamming (1), the originator of much of the early work on error control.
For a code word of length n bits, it is possible to identify n ways in which a
single error can occur. Including the possibility of no error, there must be
n+ 1 different code patterns to be recognised.

Hamming showed that the number of parity bits ¢ required for a single
error correcting code was given by:

c=logy(n+1)or2e=n+1 (5.12)

(Hamming also defined a ‘perfect’ code for the case where 2¢c = (n+1).)
Figure 5.7(a) shows how the message is expanded with redundant check
bits. These are usually interleaved with the message bits and placed in
positions 20, 21, 23, etc. in the encoded bit pattern. The mechanics of the
encoding and decoding process is explained in Table 5.1 for a (7,4) block
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(a)
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Fig. 5.7 Hamming code formats (a) SEC; (b) SEC/DED.

code (block length n = 7, message length K = 4, parity bits ¢ = 3). The
message bits to be transmitted (0011) are placed in the 3rd, 5th, 6th and 7th
positions respectively. The three parity checks are carried out, to determine
the values (0 or 1) to be placed in positions 1, 2 and 4. In general, the xth
parity check bit is given by the sum modulo 2 of all the information bits,
where there is a 1 in the xth binary position. The code word to be
transmitted is thus 1000011. If this is now received over a noisy link as
1000001, there is an error in the 6th position. The receiver decoder again
carries out the three parity checks and generates the following results:

Ist check ..... 0
2nd check ..... 1
3rd check ..... 1

The reverse of the series is called the syndrome (syndrome being a medical
term for the symptoms of a disease) and this points to the bit in error (110
= 6). Correction is simply achieved by inverting the bit in error. An all
correct transmission would have yielded an all-zero syndrome.

By adding an overall parity (O/P) check bit as shown in Fig. 5.7(b), the
single-error correction capability is extended to double-error detection, the
error patterns being indicated by the following conditions:

(1) No errors — zero syndrome and overall parity satisfied.

(2) Single error (correctable) — non-zero syndrome and overall parity fails.

(3) Double errors (non-correctable) — non-zero syndrome and overall
parity is satisfied.
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Table 5.1

(Binary) 001 010 o011 100 101 110 111
Position (€0 T ) B ) T C B ) I (Y R )

P P M P M M M
Check 1 . . . U
Check 2 ] U] U .
Check 3 ° . . .
Message 0 0 1 1
Parity bits 1 0 0
Transmitted
Code word 1 0 0 0 0 1 1
Received
Code word 1 0 0 0 0 0 1
Recheck of parity 0 1 1 (reverse bit order)

Syndrome = 110 = 6

Error in position 6. Invert bit 6 to correct error.

Maximum likelihood Decoding

The distance between any two n symbol code words is defined as the
number of positions of bit difference. The minimum distance d between
any valid code words is the minimum number of bit changes necessary to
convert one code word into another. For the correction of all combinations
of t or fewer errors, the minimum distance must be at least 2t + 1, thus
ensuring that if t errors occur then the received code vector will be nearer to
the one transmitted than any other (i.e. d = 2t + 1).

This concept leads to a simple method of error correction. If a code word
is detected as being in error, the decoder checks the distance between the
received vector and all valid code words and selects the one exhibiting the
minimum number of errors.

Cyclic Codes

In certain transmission systems, the channel noise causes errors to occur not
just randomly but in clusters or bursts. A sub-class of the linear block codes
valuable in combatting this problem is the group of cyclic codes. These have
a form such that if a code vector such as 0110 is a valid code word, then so
are all its cyclic translates such as 1100, 1001, 0011, etc. which are obtained
by shifting the binary sequence one bit at a time to left or right. These codes
can easily be encoded or decoded using ICs based on feed-back shift
registers.

The cyclic redundancy checking (CRC) error detection concept is most
effectively described in algebraic form using modulo 2 arithmetic. The basic
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rules are that 1 + 1 =0 and 1= — 1, so that addition does not involve a carry
and produces the same result as subtraction.

Message and redundant check bits are expressed by the use of
polynomials in terms of a dummy variable X, the lowest-order term X0,
representing the least significant bit (LSB) and the highest-order term Xn the
most significant bit (MSB). Since the terms range from X0 to Xn, there will
be n+ 1 bits in the message. The coefficients of the terms of the polynomial
indicate whether a particular bit is 0 or 1. For example, the 5 bit message
stream 11010 would be represented by:

1.X4+1.X34+0.X2+ 1.X1+0.X00r X4+ X3+ X

The data stream is written with the MSB on the left when this is
transmitted first. The degree of a polynomial is the power of the highest-
order term, which in this example is 4.

To generate the code for transmission, three polynomials are used: the
message polynomial k(P), a generator polynomial G(P) which is selected
from a group of primitive polynomials to produce the desired
characteristics of block length and error detection/correction capability,
and a parity check polynomial c(P). The coded word length n = k + c, as
for block codes.

During encoding, k(P) is first loaded into a shift register and then
multiplied by Xc¢ to move the message c bits to the left, thus making room
for ¢ parity bits. The shifted polynomial is then divided by the generator
polynomial to produce a remainder that forms the parity check polynomial
c(P). .

(k(P).Xn-%)/G(P) = Q(P) + c(P) (5.13)

where Q(P) is a quotient polynomial and c(P) the remainder which is then
loaded into the remaining shift register cells.

The transmitted code vectors for a (7,4) cyclic code (k =4,c=3) using the
generator polynomial of X3+ X+ 1 are formed as shown by the following
example:

Message code = 1101, k(P)=X3+X2+1,
k(P).Xc=(X3+ X2+ 1)X3,
=X6+ X5+ X3. Now divide by G(P).

X3+ X+ X6+ XS+ X3(X3+ X2+ X+ 1
X6+ X4+ X3
X5+ X4
X5+ X3+ X2
X4+ X3+ X2
X4+ X2+ X
X3+ X
X3+X+1
1 = REMAINDER
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X6+ X5+ X3+ 1 therefore divides exactly by G(P), and so forms the
transmitted polynomial 1101001. The first four bits 1101 are the original
k(P) whilst the remaining three bits 001 are c(P), the parity polynomial. The
full list of the 2k = 16 code words are shown in Table 5.2.

If a code word T(P) is transmitted, and received without error, T(P)
divides exactly by G(P), leaving a zero remainder. The last ¢ bits are then
stripped off to leave the original message code. If, however, an error
occurs, then division leaves a remainder polynomial that forms the
syndrome. There is a one-to-one relationship between this and the error
pattern, so that correctable errors can be inverted by logic circuits within the
decoder.

The effectiveness of cyclic codes depends largely upon the generator
polynomial. For a polynomial of degree n, the decoder is generally capable
of detecting/correcting error burst of n or less bits (some errors outside of
this bound may be detectable), and odd numbers of random errors. A
further advantage in cases where speed is not important is that CRC can
operate with microprocessor-based coding, where the system characteristics
can be reprogrammed.

Table 5.2
Message vector Parity vector
0000 000
0001 011
0010 110
0011 101
0100 111
0101 100
0110 001
0111 010
1000 . 101
1001 110
1010 011
1011 000
1100 010
1101 001
1110 100

1111 111

Golay Codes

These are a sub-set of cyclic codes. The (23,12) versions using 11 parity bits
are capable of correcting any combination of three random errors
(including a burst of three) in a block of 23 bits. The codes are based on the
generator polynomials:
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G|(P) = X1 +X104+X6+X5+X4+X2+1 and
Gy(P) = X4+ X9+ X7+ X6+ X5+ X +1

both of which are factors of X23+ 1. Encoding and decoding can be
accomplished using ICs based on 11 bit feedback shift registers.

Bose-Chaudhuri-Hocquenghem (BCH) Codes

This very important sub-set of cyclic codes is widely used for the control of
random errors. For any positive integers m and t, such that t <2m-1 codes
exist with the following parameters:

Block length n = 2m—1

Parity bits ¢ =n—-k=mt
minimum distance d =2t +1

which are capable of correcting t or less errors in a block n=2m — 1 bits. The
generator polynomials used must be at least of degree mt. In general, the
number of check bits ¢ is almost mt, but if t is less than 5 then ¢ = mt.

Values for n, k and t have been tabulated (2) for various polynomials. For
example, when m=5, n=31, k=26, c=S5, tis equal to 1, but when m=35,
n=31, k=11, ¢=20, t rises to 5.

BCH codes can be processed either by digital logic circuits or by digital
computer. The hardware solution is faster but the computer is of course
more flexible.

Reed-Solomon Codes

These are a sub-set of BCH codes, which correct any combination of t or
fewer errors and require no more than 2t parity bits. The parameters are
n—k=c=2tand d =2t + 1. As with all cyclic codes, a generator polynomial
is used for encoding, and the decoder again produces a syndrome that
identifies the error pattern.

Two Dimensional Reed-Solomon Codes

These have been devised so that an inner code can be used to correct burst
errors of a few bytes length, whilst the outer code can correct very long
bursts. In one such code, the data is organised into a matrix of 600
bytes X 30 rows. The first or outer code is then used to add 2 check bytes
to each of the columns to create 32 rows. Each row is then divided into 10
blocks of 60 bytes and the second or inner code is used to add 4 check bytes
to each block of 60 bytes to give an array of 640 bytes X 32 rows. The inner
code is able to correct all single byte errors and tag all errors that are longer
than this. The outer code can correct 2 inner code blocks of 60 bytes each,
provided that they are tagged when passed to the decoder. It can therefore
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correct 120 bytes. However, since the inner code is interleaved to a depth
of 10 bytes, the outer code, when using the inner code tags, can correct an
error up to 1200 bytes long.

Interleaved or Interlaced Codes

This is a simple but powerful way of dealing with either random or burst
errors. Any cyclically coded (n,k) set of vectors can be used to produce a
new code (an,ak), by loading coded vectors from the original code into a
matrix of n columns and « rows and then transmitting the bits column by
column. The transmission sequence is then an interleaved or interlaced
code, with an interleaving factor of «. If a burst of errors « or less in length
occurs, there will only be one error in each affected word of the original
code. As a lower bound, if the original code corrects t or fewer errors, the
interleaved code will correct any combination of t bursts each of length o or
less.

Because the original code was cyclic, so will be the interleaved one. If the
original generator polynomial had been G(X), the generator of the new code
would be G(X*). Therefore the interleaved code can also be encoded and
decoded in a similar manner to cyclic codes.

An extension of the interleaving technique is used in certain special cases.
This involves the generation of two Reed-Solomon codes from the data, and
then cross-interleaving the coded bit patterns before transmission. Provided
that the encoder and decoder are synchronised, relatively very long burst
errors become correctable as well as single random errors.

Convolution Codes

These codes, used for the control of burst errors, are produced by the
complex process of convolution of the message stream with a generator
matrix. Unlike cyclic codes, where the parity bits for any given block are
contained within that block, the parity bits within a block of convolution
code check the message bits in previous blocks as well. The range of blocks
over which the check bits are operative is defined as the constraint length m
for the code (a block code might be described as a convolution code for
m = 1), the parity bits formed on the current block being dependent upon
the message bits in the previous m—1 blocks. The code structure as
transmitted is represented by Fig. 5.8(a) and has the following parameters:

Block length =n
Message bits per block = k
Parity bits per block c
Constraint length ng = m blocks = mn bits
Message bits within ny = k; = mk bits
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(a)
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Fig. 5.8 Convolution codes (a) Code structure; (b) decoding search tree,

Parity bits within ny = ¢; = mc bits.
For convolution codes, n and k are normally small integers, often less
than 5.

The encoder consists essentially of feedback shift registers and EX OR
logic. For decoding, there are two strategies that can be used. Logic or
algebraic decoding is restricted to the constraint length. This uses an
encoder plus logic circuit to recalculate the parity bits and invert any
correctable bits in error. The alternative is probabalistic decoding, where
the decoder must be able to store more than m blocks. The sequential
decoder then makes its decision on one block, based on more than m—1
previous blocks. The decoding follows a predetermined algorithm through a
tree structure such as is shown by Fig. 5.8(b). When the decoder detects an
error, it backtracks to the previous node and accepts the alternative branch.
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Viterbi Decoding Algorithm (5)

The decoder calculates the distance function between each received code
word and all the others in the code book. The word that meets the minimum
distance requirement is selected as the most likely one to have been
transmitted and is therefore often described as the survivor. The decoder
stores the survivors and the associated distances to enable a tree search to
proceed in the manner of Fig. 5.8(b). Since decoding represents an iteritive
process, the decoder can readily be fabricated on an ASIC to handle most
of the standard convolution code formats.

Punctured Codes (8)

At higher data rates, Viterbi/Trellis decoding becomes more complex and
hence more costly. Punctured convolution codes can achieve higher data
rates without this penalty. The technique operates by selectively and
periodically removing bits from the encoder output effectively to raise the
code rate.

In practice, the output from an adaptive convolutional encoder is passed
through an analogue gate circuit in blocks of parallel bits. The switching
action of the gates is controlled by the puncture matrix, which defines the
characteristics of the specific error protection for the bits in an information
block.

The puncture matrix has to be available at the receiver decoder either as
a hardware element or in software. The decoder then treats the punctured
code in the same way as erased bits so that these do not affect the decoder
decision making.

5.8 PSEUDO-RANDOM BINARY SEQUENCES (PRBS) (PSEUDO
NOISE (PN))

For a series of binary digits to be in random order, each symbol must occur
by chance and not be dependent upon any previous symbol. Over a long
period, the number of occurrences of ones (n;) and zeros (ng) should be the
same. In a similar way, runs of 2, 3 or more of each symbol should be equi-
probable. Such sequences can be generated using shift registers, as indicated
by Fig. 5.9, where the logic state of the switches controls the feedback
paths, through modulo-2 adders placed between the serial shift register
input and output, the state of the switches being set according to a
characteristic polynomial. Assuming a 4 bit register with the switches set,
S;=S,=1, and S,=S,_,=0 (1001), then irrespective of the initial states of
the shift register cells, the binary pattern shown in Table 5.3 will be
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produced. The bit pattern b, is the required sequence (010,110,010,
001,111), generated on a periodic and cyclic basis. Selecting a new
characteristic polynomial will create a new sequence.

Table 5.3
I I, Iy T4 b,
State 1 1 1 1 1 0
2 0 1 1 1 1
3 1 0 1 1 0
4 0 1 0 1 1
5 1 0 1 0 1
6 1 1 0 1 0
7 0 1 1 0 0
8 0 0 1 1 1
9 1 0 0 1 0
10 0 1 0 0 0
11 0 0 1 0 0
12 0 0 0 1 1
13 1 0 0 0 1
14 1 1 0 0 1
15 1 1 1 0 1

There are 2n possible states for the shift register cells, but the all-zero
combination is not valid as this would bring the generator to a halt.
Therefore the length of a sequence is 20— 1, the period of repetition being
independent of the initial conditions.

bn

s, O)s; s,

(® = Modulo -2 adders
Fig. 5.9 Pseudo-random binary sequence generator.
It can be shown for these sequences that ny=2n-1 and ng=2n-1-1, so
that if n is large then the sequence has near-random properties. A maximal

length sequence is usually described as an m-sequence and finds many uses
in communications systems.
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Because of the pseudo-random properties, PRSBs can be used:

(1) As repeatable noise sources for testing digital systems.

(2) To add redundancy to a transmitted data stream, by coding logic 1 as
the m-sequence and its inverse as logic 0.

(3) Added to the data stream as shown by Fig. 5.10, to act as a key to
ensure secure data.

(a)

Data (A) 1 0 (o] 1 0 0 1 1
:)'?eay? . 1 1 1 1 0 1 0 1
Secure bit
stream 0 1 1 o 0 1 ! 0
[] 1 1
A

A + B (Mod-2)

B

Fig. 5.10 Addition (Modulo-2) of data and m-sequence.

The major difficulties caused by 2 and 3 are synchronism and a reduced
data rate.

Gold Code Sequences (6)

These represent a family of pseudo random sequences that were defined by
R. Gold in 1967 as having a low cross correlation between each other. As
such they can occupy the same signalling channel without producing
destructive interference. Because of these properties, Gold codes find
applications in code division multiple access (CDMA) or spread spectrum
multiple access (SSMA) systems. Each code sequence is produced from a
pair of PRBS generators each with n stages by Modulo-2 addition. If all the
2" + 1 Gold sequences of period 2" — 1 are concatenated, the resulting
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sequence period becomes (2" + 1)(2" — 1) = 2" — 1, the same as would
be generated by a shift register with 2n cells.

5.9 BIT RATE REDUCTION/BANDWIDTH CONSERVATION

Pulse Code Modulation

The International Telegraph and Telephone Consultative Committee’s
(CCITT) standard for pulse code modulation (PCM), as used on telephony
channels, operates at a sample frequency of 8 KHz and uses 8 bits per
sample (7 bits representing level plus 1 sign bit to represent polarity). The
transmitted bit rate is thus 8 x 8 KHz = 64 Kb/sec. In order to minimise
the bandwidth required, quaternary phase shift keying (QPSK) is used.
Unlike bi-phase PSK, where each phase inversion represents a bit of
information, QPSK uses four phase shifts as follows:

0° = 00,
90° = 01,
180° = 11,
270° = 10,

so that each phase now represents 2 bits, thus doubling the information
content without the increased bandwidth penalty. However, the phase
separation between each code symbol is halved relative to bi-phase PSK,
which leads to a 3 dB S/N ratio loss, and so companding is used.

Further bandwidth compression can be achieved by using an extension
of QPSK. A system known as 16QAM is in operation in which each of the
8 phases separated by 45° can be amplitude modulated to one of two levels.
This provides 16 vectors, each one representing 1 or 16 different code
patterns each of 4 bits. The bit rate is thus now increased by a factor of 4
without invoking a bandwidth penalty, but at the expense of S/N ratio.

Telephony by PCM is transmitted over satellite links, either by time
division multiple access (TDMA) systems, or over digital data channels
using the single channel per carrier (SCPC) concept.

PCM can be used for other services such as high quality music or
television, but with these wider bandwidth signals the effects of bit errors
can be a problem. With PCM, the effect of a single bit in error depends
upon its weighting. Whilst an error in the LSB will probably pass unnoticed,
an MSB in error is likely to have a significant effect. Using companded
PCM on music channels can cause the noise level to vary audibly as the
signal level changes.
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Delta Modulation

Alternatively, delta modulation (DM) may be used, where the audio signal
is simply coded by 1 bit, positive or negative, based upon whether a signal
sample is greater or less than the previous value. Because only 1 bit per
sample needs to be transmitted, the sampling rate can be increased
significantly. This reduces quantisation noise, simplifies the receiver anti-
aliasing filter and at the same time reduces the bandwidth required relative
to standard PCM. A 1 bit error simply produces a step of the wrong polarity
in the output signal, which then retains its correct general shape as shown in
Fig. 5.11. Such errors are then likely to pass unnoticed.

An overload effect can occur (also shown in Fig. 5.11) when the input
signal amplitude changes by a greater than quantising step size during the
sampling intervals, but this chiefly affects large-amplitude, high-frequency
signal components, which in audio occur relatively infrequently.

Overload
region

Fig. 5.11 Delta modulation, bit error and overload.
Differential PCM (DPCM)

If the pattern of an analogue signal is known up to some point in time, then
because of the correlation between successive values, it is possible to draw
certain inferences about future behaviour. This can be achieved by a
predictive or extrapolation process.

In predictive coding systems the signal is sampled at regular intervals, but
as each sample time approaches the probable value of the next sample is
predicted. The difference between the prediction and the actual value is
coded as for PCM and transmitted. The receiver must make the same
prediction and add the same correction. Figurz 5.12(a) shows the basic
principles of such a system. However, since the two predictors operate on
slightly different signals, this leads to some errors. The system shown in Fig.
5.12(b) is an improvement. Both predictors work on decoded signals and if
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no noise were added in the transmission

channel, both would yield identical

results. In the system illustrated in Fig. 5.12(c), the predictor is replaced by
an integrator/LPF, so making better use of the previous sample value
because of the removal of the ripple due to sampling.

Although the predictions made under any system must contain errors, the
advantages claimed for DPCM can be explained as follows.

‘In standard PCM, no prediction is made; or in other words, the next
predicted value is zero. Since an approximate prediction is better than no

Channel
[—e=-----—w Decoder —e O/P

Channel
-----= Decoder ——e O/P

(a)
/P Encoder
Predictor
(b)
I/P +X 1 Encoder
+ X+ Decoder
Predictor
{c)
/P t Encoder

Channel
------s Decoder ——e O/P

Filter Decoder

Fig. 5.12 Predictive coding (a) basic
(¢) integrator/filter version.

principle; (b) improved version;

prediction at all and because of the good correlation between successive
samples, DPCM must lead to a better S/N ratio as well as a reduced

bandwidth.’
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Adaptive Systems

Both DM and DPCM systems can give better results if the quantisation step
size is made to vary in accordance with the time varying amplitude of the
input signal. Such adaptive circuits give a significant improvement in audio
quality and behave as companded systems. In addition, pre-emphasis and
de-emphasis can be applied to the analogue signals before encoding and
after decoding to further improve the S/N ratio.

Sub-Nyquist Sampling

In certain special cases, alternate sampled values are suppressed, so that
sampling effectively takes place at half the normal frequency. At the
receiver, the missing samples can be replaced by interpolation or predictive
coding. The overall effect reduces the bandwidth required by a factor of 2.
However, this concept requires the use of a very stable sampling frequency
and accurate receiver filtering, plus the extra circuitry for interpolation.

5.10 QUADRATURE MIRROR FILTERS AND SUB-BAND CODING
6&7)

It has been shown that to avoid aliasing when digitally processing an
analogue signal, the sampling frequency must be at least twice that of the
highest frequency component in the complex wave. If aliasing occurs then
the original signal cannot normally be extracted (filtered) from the
complex spectrum of the sampled signal.

In any wideband signal, many of the frequencies in the band are only
rarely present. A good example of this is the television image, where much
of the background remains unchanged from frame to frame and with only
relatively small areas of movement. By dividing (filtering) the broad
spectrum into narrower sub-bands, it will be found that many of these will
contain only occasional information. If these sub-bands are sampled, then
by using a variable length coding such as Huffman, which allocates the
shortest code words to those values that have the highest occurance
probability (the stationary areas of the image), a useful bandwidth
compression can be achieved.

Quadrature mirror filters (QMF) are basically multi-rate digital filters so
that the sampling frequency is not constant throughout the system. Fig.
5.13 shows the basic principle involved with the system containing de-
cimators which down sample the signal and interpolators that provide
complimentary up sampling.

If a decimator has the digital sequence X(n) as input, it will produce an
output Y(n) = X(Mn), where M is an integer that represents the down
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Digital Signal Processing 113

sampling ratio. If M = 2, then Y(n) will consist of every second sample.
The decimator thus produces a compression in the time domain. In a
practical system, before the signal is decimated, it will first be bandwidth
limited to reduce the effects of aliasing using a decimation filter. At the
receiver, the M-fold interpolator will replace the missing M-1 values
between adjacent samples. If M = 2, then the interpolator will either
average successive values or insert zeros. The effect being a compliment-
ary expansion in the time domain.

The concept is closely related to sub-band coding. As indicated in Fig.
5.13, the input sequence X(n) is divided into separate channels using low
and high pass filters with a response of Hj(z) and Hy(z) before down
sampling. This signal is then coded for transmission in any suitable
manner, before being processed in a complementary manner at the
receiver. Higher orders of filter can be produced by further sub-dividing
each channel with low and high pass filters. It will be clear from the
comments on sub-band coding that some of these channels may contain
long strings of zeros, thus allowing significant bit rate reductions to be
achieved. The combined response of decimator and interpolator can give
rise to aliasing in the frequency domain, but the synthesis filters with
response of F (z) and Fy(z) remove this from the respective channels. In a
correctly designed system, the recombined output sequence X(n) will be a
perfect reconstruction of the input X(n), even under noisy transmission
conditions.

The name quadrature mirror filter, derives from the fact that the
response of the filter Hy (z) is a mirror image of that of Hy(z) with respect
to the normalised frequency m/2, which is a quarter of the sampling
frequency.

5.11 TRANSFORM CODING (See also Chapter 6, H. 261 Codecs)

This technique, which is commonly used for image signal transmission, is a
two step process. First a linear transform is performed on the original
image by splitting the space into N X N blocks of picture elements or pixels.
The amplitude coefficient of each pixel is then mapped on to a transform
space for coding and transmission. The discrete cosine transform (DCT)
which is related to the discrete and fast fourier transforms (DFT and FFT)
is almost universally adopted. This method is faster because it requires the
calculation of fewer coefficients and is more compatible with digital signal
processing (DSP) ICs than other transform methods. When used with
suitable coding the DCT provides for a high degree of image data
compression. This transform technique thus finds applications in video-
phones, tele/video conferencing, colour fax systems, interactive video
discs, and high-definition colour imaging.
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Each block of pixel data is transformed using a two dimensional matrix
operation in the following manner:

[T] = [C].[D].[C]T where

[T] is the transformed block,

[C] is the basis of the DCT matrix,
[D] is the original data block and
[C]T is the transpose of [C].

The DCT coefficients are calculated from the relationship
N-1 N-1
_ 4C(w)C(v) .
F(u.v) = N2 ZO ,:20 f(i,j) CosA CosB.

The inverse transform relationship used at the receiver is given by:

N-1 N-1

f(i,)) = ; VZO C(u)C(v)F(u,v) CosA CosB
where A = @+ Dpm -;;)p.‘n' and B = ——(2j ;;)Vﬁ
In both cases:
ijanduv=0,1,2....N — 1(N being the block size),

1,j are the spatial coordinates in the original image plane,

u,v are the corresponding coordinates in the transform plane,
C(u) = C(v) = 1/V2 foru=v =0and
Cluy=C(v)=1foru=v#0

Such transforms are readily performed within dedicated ICs. The high
degree of image data compression available arises not from the transform
itself. But due to the fact that many of the transformed coefficients are very
small or zero, indicating little block to block variation. In addition, many
of the remaining coefficients can be transmitted with lower precision
without significantly affecting the received image quality. Since only a
relatively few values need to be transmitted, any form of variable or run
length coding can be used to advantage.

Depending upon the system requirements, a standard TV image can be
reduced to a bit rate as low 64 kbit/s, but 2 Mbit/s is necessary to provide
an acceptable quality of colour image.
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