ALl s 4

. WO 92/06470 co PCT/NL91/00200

10

15

20

25

30

35

Aapui couns
DESCRIPTION

A METHOD OF, AND SYSTEM FOR, CODING ANALOGUE SIGNALS

- Technical Field

The present invention relates to a method of, and system for,
the coding of analogue signals having particular, but not
exclusive, application to a low bit-rate speech coder for use in
telecommunications. The present invention also. relates to a

corresponding method of, and system for, re-synthesising a

perceptually close replica of the analogue signals originally
coded. '

Background Art _

For convenience of description the invention will be described
with reference to a speech codec (coder—decoder) but the invention
is also applicable to the coding and re—synthesising of other typés
of analogue signals, for example video. Digital techniques for the
codihg of speech are growing in popularity for a number of reasons,

‘notably flexibility, cost and robustness to noise. One such
.technique is called Code Excited Linear Prediction (CELP) wherein

the incoming speech signal is sampled, segmented into frames and
encoded using a process which involves comparing it with sequences
taken from a known codebook. The index number of the codebook
sequence that provides the best match to each frame of the incoming
speech is then stored or transmitted together with somé gain and
filter parameters. This type of coder belongs to the class of
analysis by synthesis coders, so named since they synthesise a
large number of possible hatches for the signal to be coded and
then use fomparison techniques to analyse the incoming signal. The
corresponding decoder or re-synthesiser will generally include a
syntheéis section similar to that of the coder.

"Past CELP coding based on algebraic codes" by J-P. Adoul,
P. Mabilleau, M. Delprat and S. ﬁorissette, read at the
International Conference on Acoustics, Speech arid Signal Processing
(ICASSP) 1987, pages 1957-1960 discloses a simple CELP speech
coding system which is described briefly here.
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The output of a source of original speech is fed to a sampling
and segmentation means which quantises the speech at an appropriate
sampling rate such as 8kHz and segments it into frames with a
length of, for example, 5ms. The output of the segmentation means
comprises sampled, segmented speech which is fed 't.o a non—inverting
input of a summer and to a I,irigar Predictive Coder (LPC). The LPC
derives a set of filter coefficients relating to the short term
redundancy in the incoming speech signal. .

A two-dimensional codebook contains K stochastic sequences of

__sa_:_npled white Gaussian noise, each of length N samples. The frames

of sampled speech from the segmentation means also have a length of
N samples. The codebook sequences ai'e referred to as ck(n),

where k is tﬁe codebook index and n is the particular sample number
within a given sequence number k. The selected output sequence
cX(n) is fed to a gain stage having a gain G which gain is

derived mathematically for each block of the sampled speech and
each codebook sequence. - The output of the gain stage is filtered
successively in a long term filter and a short term filter. The
long term filter usually has only one tap and a relatively long
delay that is usually greater than the length of the frames of
sampled speech. The purpose of the long term filter is to impose
some long term order upon the codebook sequence and since the

_frequency- of this long term order is more often than not the pitch

of the speech being synthesised, this filter is also referred to as
the pitch predictor.' The transfer function of the long term filter
is 1/B(z) and the filter coefficient may be derived by an adaptive
loop or by analysis of the incoming speech signal. The short term
filter has much shorter delays but a much larger number of taps
(typically 10 to 20) than the long term filter. The purpose of the
short term filter is to impose some short term order upon the
codebook sequence which results, in.real speech, from the speaker's
vocal tract and so this filter is often referred to as the vocal
tract filter. The transfer function of this filter is 1/A(z) and
the filter coefficients are supplied to the filter by the LPC. The
output of the short term filter is a syhthetic speech signal which
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is fed to an inverting input of the summer; The output of the
summer is an error signal forhed by the difference between the
input speech segment and the filtered codebodk.sequence currently
under test. The error signal is fed to a perceptual weighting
filter to weight the error signal in relation to the way that a
hnmaﬁ ear perceives a speech sigﬁal, so thgt errors in parts of the
frequency spectrum to which the human hearing process is more
sensitive are de—emphasised by the coder. The output of the
perceptual weighting filter is fed to a Mean SQuare Error (MSE)
calculating means to produce a MSE output signal. The MSE means
squares the perceptually weighted error for each sample within a
frame of speech and sums the squared errors over the length of a
frame. All K sequences from the codebook are filtered and compared
with the frame of incoming speech and the MSE means maintains a
record of the codebook sequence and the corresponding gain .
parameter that résult in the lowest mean square error for each
complete frame of incoming speech. The index of the optimum
codebook sequence ck(n), the gain of the gain stage and the

fil;er coefficients represent a synthetic speech signal that can be
reconstructed usiﬂg a corresponding re-synthesis system. Where
these parameters are to be transmitted, the short term filter
coefficients are often encoded as Log Area Ratios (LARs) or Line
Spectrum Frequencies (LSFs) to make them less sensitive to bit
errors caused by noise or interference in the channel.

In a corresponding decoder, or re—synthesis system, the
optimum codebook sequence ck(n) is selected from a codebook and
fed to a gain stage which is also fed with a gain parameter. The
output of, this gain stage is fed to a long term inverse filter
which is also fed with the appropriate coefficients. The output of
the long term inverse filter is fed to a short term inverse filter
which is also fed with apéropriate coefficients. The output of
this short term filter is fed to an optional post filter which may
be included to reduce the effects of quantisation noise. The
output of the post filter is fed to a loudspeaker or to a

‘loudspeaker and amplifier in combination to reproduce the synthetic
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One disadvantage of the CELP coding syster described above is
that the exhaustive search of all the sequences in the codebook and
the double filtering of every sequence prior to the error | _
comparison is very computationally intense. A typical codebook
contains 1024 sequences each of length 40 samples and so the basic
CELP scheme described above is not economically feasible to -
implement in real time.

One proposal to ieduce the computational lead of a CELP coding
system is disclosed in United Kingdom Patent Specification '

2 235 354A (PHB 33579) “Speech Coding System and a Method of
Encoding Speech".

A one dimensional master codebook containing one long
stochastic sequence is used from which sequences are fed to a short
term filter to produce a two dimensional filtered codebook. The
sequences from the master codebook overlap by a fixed amount and
consequently some of the filtering required for each sequence
overlaps with that required for the previous and following sequence

or sequences. This can reduce the complexity of the codebook

sequence filtering c_onsidersbl_y.' With the maximum overlap bet_weén
successive sequences in the master codebook of all but one sample,
4 master codebook of length (K+N-1) will be required, where K is
the number of sequences and N is the length of those sequences. An
overlap betﬁeen successive sequences of all but two samples gives
better results and will require a codebook of length (2K+N-2).
Despite the fact that using a one dimensional codebook allows
a reduction in the complexity of the filtering required by a CELP
analogue gignal coding system, the number of comparisons to be made

‘between the filtered incoming speech and the filtered codebook
sequences is still considerable.

It is an aim of the present invention to reduce the
computation required for each incoming block of analogue signals in
an analysis by synthesis analogue signal coding system.

Disclosure of the Invention '
According to a first aspect of the present invention there is
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' provided an analogue signal coding system comprising sampling means

for obtaining a sampled analogue signal, a master codebook
containing a .plurality of sequences, filtering means for deriving
filtered sequences from the master codebook, decomposing means for
orthogonally decomposing either the sampled analogue signal or the
filtered sequences into orthogonal components, comparing means for
comparing orthogonal components with the sampled analogue signal if
the orthogonal components are derived from the filtered sequences
or for comparing orthogonal components with the®filtered sequences
if the orthogonal components are derived from the sampled analogue
signal, and means for determininz from an output signal of the
comparing means which of the filtered seguences are the most
acceptable in complying with a predetermined criterion.

By orthogonally decomposing either the incoming signal or the
filtered codebook signal prior to comparing them, a substantial
saving in comparison may be achieved. This is due to the fact that
orthogonal comparisons can be made independently of “one another.
Hence if the filtered codebook sequences are orthbgonally-
decomposed, the analogue signal may bé compared with a first set of
sequences and then with a second set of sequences orthogonal to the
first set of sequences. The total effective number of sequences.
which are compared is the product of the number of sequences in
each orthogonal set. This j:ermits a substantial shortening of the
codebook . search. '

Another possibility is to 6rthogonalise (or decompoée into
orthogonal components) the incoming analogue signal prior to.
comparing it with a set of filtered sequences. If the incoming
signals ase decomposed into two orthogonal components then two
comparisons are necessary, if they are decomposed into four
components then four comparisons are necessary and so on.

A single -comparing means may be provided to perfom each
comparison or a smaller number .o'f comparing means may be
multiplexed to perform them. It is not always necessary to compare
the whole length of a codebook sequence with the orthogonalised
incoming signal. A shorter length of sequence may be compared and
the complete sequence may then be formed upon re-synﬁhesis of the

—_—
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The filtered sequences from the master codebook may be stored
before comparison. If they are orthogonalised prior to being
stdred then two or more sets of filtered séquences are stored.
These may then be compared with the sampled incoming signal using
one or more comparing means as described above.

. A third possibility is for both the incoming signal and the
filtered codebook sequence to be orthogonaiised prior to comparison
and this will generally permit a reduced number of comparisons to
be made between the filtered codebook sequences and the incoming

- sequences due to the redundancy in the orthogonalised signals.

According to a second aspect of the present invention ﬁere is
provided a method of encoding an axialogue signal, comprising
sampling an analogue signal, filtering a plurality of sequences
from a master codebook, orthogonally decomposing at least the
sampled signal or the filtered sequencés, comparing the filtered
sequences orthogonally with the sampled analogue signal and
determining which of the filtered sequences are the most acceptable
in complying with a predetermined criterion. .

Various techniques are available for performing the orthogonal
decomposition required by the method of, and system for, coding
analogue signals. A division into even and odd frequency
components is possible, as is a time domain split so that if a
particular sample in a first sequence is non—zero its counterpart
in an orthogonal sequence would be zero and vice versa. Another
possibility is a frequency domain split so that for example a first
set of sequences may com:ain_ lower frequency components and a
second sat of éequences may contain higher frequency components.

The concept of orthogonal comparisons may be extende.d beyond a
pair of comparisonﬁ and further orthogonal splits may be possible.
For example a first orthogonalisation to give two seté of sequences
may be effected using even and odd symmetry over a frame and a
second split to give four sets of sequences may be effected using
even and odd symmetry over half of the frame. Subsequent splits
could also be effected using time or frequency domain splits.

/
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The codebook sequences should be orthogonal after any
necessary filtering processes have been carried out. The filtering
means may be coupled to a filter coefficient determining means
which causes the filtering means to filter the master codebook
sequences in accordance with the characteristics of the incoming
signal. The filter coefficient determining means may include a
linear predictor.

The means for determining the filter coefficients may also
include a long term predicting means for determfning the long term
redundancy in the analogue signal which may comprise an adapt:.ve
loop including a delay. L.

The master codebook may be a one dimensional codebook as
disclosed in the United Kingdom Patent Specification 2 235 354A
mentioned earlier. This will génerally effect a reduction in the

_computational complexity of the filtering.

The comparison means may i:corporate mean square error means
to analyse the differences between the incoming signals ‘and the
filtered codebook iequenees. The filtered codebook sequences may
be fed separately to gain stages prior to being fed to the
comparing means and these gain stages may, for example, have
independently variable gains or alternaﬁively. gains that are equal
in magnitude but variable in polarity.

Incoming signals may be fed to filtering means prior to being
fed to the comparing means to weight these signals in a manner that
emphasises those aspects of these signals which are perceptually of
greater importance upon resynthesis.

The selection of the.mst appropriate two or more sequences
from the fjltered codebook sequences can be made independently, so
that each selection has no effect on any of the others, or
:.nterdependently whi.ch can reduce the data Tate of the coded
signals. .

According to a th.-lrd aspect of the present invention there is
provided a decoding system for obtaining an analogue signal,
comprising a master _codebook containing a plurality of sequences,
filtering means for deriving filtered éequences from the master
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-gynthetic sequences, wherein the analogue signals to be

codebook, decombosing means for orthogonally decomposing the
filtered sequences into sets of orthogonal components and means for
combining a sequence from each of the sets of orthogonal components
in response to an incoming coded- signal to provide a synthesised
replica of a previously coded analogue signal.

. -According to a fourth aspect of the present invention, there
is provided a method of re-synthesising analogue signals, '
cmprising forming at least two orthogonal synthetic sequences from
a single synthetic sequence and combining the at least two
re-synthesised have been coded by a method in accordance with the
second aspect.of the present invention.

The analogue signal coding system and method of encoding
analogue signals according to the first and second aspects of the
present invention are based upon an analysis by synthesis technique

- which involves synthesising a number of possible matches to an

incoming signal and selecting one which is close. As a result, the

. analogue signal re-synthesising system and method of

re-synthesising analogue signals in accordance with the third and
fourth aspects of the present invention have much in common with
their coding system and encoding method counterparts. For example
a typical system to perfom the re—synthesis of analogue signals
will cbmprise -gsynthetic signal branches similar to those of the'
coding system used to encode the original analogue signals followed

- by a post filter to reduce the perceived effects of gquantisation:

noise.

Brief Description of the Drawings
The present invention will now be explained and described, by

~ way of example, with reference to the accompanying drawings,

wherein:
Figure 1 is a block schematic diagram of an analogue signal

coding system employ:’.hg a2 one dimensional codebook, an

orthogonalising means, two orthogonal filtered codebooks and
error measurement means, '

Figure 2 is a block schematic diagram of an analogue signal
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decoding system suitable for use with the coding system shown in
Figure 1, '
Figure 3 is a block schematic diagram of an analogue signal

. coding system in which only the incoming speech is orthogonally

decomposed, _ _
Figure 4 is in block schematic diagram of an analogue signal

decoding system suitable for use with the coding system shown in

Figure 3,

Figure 5 is a block schematic diagram of an apalogue signal
coding system employing a one dimensional codebook and four two —
dimensional orthogonal codebooks, _

Figure 6 is a set of sequences to hel;i to describe the
operation of the system of Figure S, _

Figure 7 is h block schematic diagram of an analogue signal
decoding system suitable for use with the coding system of
Figure 5, . :

‘Figure 8 is a set of sequences to help to describe-the
operation of the system of Figure 7,

Figure 9 shows five equations, numbered (1) to (5), relating
to the operation of the coding system shown in Figure 1 with
independent codebook gains, and '

Figure 10 shows a further six equations, numbered (6), (7),
(72), (7b), (8) and (9) relating to the operation of the coding
system shown in Figure 1 with the codebook gains equal.

In the figures corresponding features have been identified
using the same reference mumerals.
Modes for Carrying Out the Invention _

Figure,l shows a practical analogue signal coding system
embodying both a one dimensional master codebook and a pair of
orthogonal filtered codebooks. A source of an original analogue
signal, shown here as a m‘.crophone 20, has an output which is
coupled to a framing and quantisation means 22 which digitises the
analogue signal and segments it into 5 ms frames and 20 ms blocks.
Each block of the digitised analogue signal is fed to and analysed
b_y a Linear Predictive Coder_"_('LPC) 24 which derives a set of short
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term filter coefficients aj. These filter coefficients are
stored or transmitted, dependiné on the application of the coding
system, because they will be required to regenerate a replica of
the original analogue signal using a corresponding re-—synthesiser.
The sampled analogue signal is also fed from the framing means 22
to a short.term filter 34 having a.transfer function of A(z) and

‘the output of this filter is fed to a short term inverse filter 36

having a transfer function of 1/A(z/7). The output of a one
dimensional codebook 40 is fed to one input of #n inverse filter 42
having a transfer function of 1/A(z/7). A second input of the
filter 42 is supplied with the short term filter coefficients aj
determined by the linear predictive analysis. 7 is a perceptual
weighting coefficient, chosen to be around 0.65, which appears in
this transfer function as a consequence of moving the perceptual
weighting filter from the output of the coding system as described
by J-P Adoul et.al. in the previously cited reference. The output
of the filter 42 is fed to an orthogonalising means 68 which splits
each filtered codebook sequence into odd and even sequénces. This
is achieved by taking a codebook sequence of N samples and
reversing the sequence in time. The odd sequence is equal to half
of the codebook sequence minus half of the reversed sequence and
the even sequence is equal to half of the codebook sequence plus
half of the reversed sequence. If a sequence x(n) comprises N
components and xeo(n) and x5(n) are the even and odd sequences
respectively resulting from the orthogonalisation:

x(n) =  xg(n) + xo(n)
the even sequence is given by

[x(n) + x(N-n+1)]
2. ’

and the odd seguence is given by

[x(n) - x(N-n+1)]
2

Xe(n) =

Xo(n) =
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The odd filtered sequences are stored in a 2—-dimensional codebook
70 and the even filtered sequences are stored in another
2-dimensional codebook 72. In this example, codebooks 70 and 72

. each contain 32 sequences although this number may be varied to

suit the application. The selected output sequenee-ci(n) from
the odd codebook 70 is fed to a gain stage 74 having a gain G,
and whose output is fed to an inverting input of a summer 78. The
selected output sequence ci(n) from the even codebook 72 is fed
t6 a gain stage 76 having a gain G, and whose ofitput is fed to an
inverting input of a summer 80. | ' -

Filtered input speech is fed from the output of .the filter 36
to a non-inverting input of a summer 38, the output of which summer
is an error signal El(n). The error signal El(n) is also fed to an
orthogonalising means 66 that separates it into even e(n) and odd
o(n) component sequences as described above. The odd output o(n)
of the means 66 is fed to a non—-inverting input of the summer 78.
The even output e(n) of the means 66 is fed to a non—inverting
input of the summer 80. The output of the summer 78 is then fed to
an MSE analysis means 79 which has an output comprising an odd
codebook error signal Eo. The output of the summer 80 is fed to an
MSE analysis means 81 which has an output comprising an even
codebook error signal Ee. The outputs Eo,Ee of the means 79,81 are
fed to a selection means 83. _

The outputs of the gain stages 74 and 76 are summed in a
summer 82, the output of which summer is fed to a non-inverting
input of a summer 46. The output of the summer 46 is fed to a

tapped delay line 48 whose delay is defined by a parameter (or

pitch predictor index) d. The output of the tapped delay line :s
fed to a gain stage 50 having a gain (or pitch predictor gain) b.
The output of the gain stage 50 is fed to a non—-inverting input o.f
the summer 46 and to an inverting input of the summer 38. Although
depicted separately, the summers 46 and 82 could be replaced by a
single summer w:.th at least three non—inverting inputs. '

In operation the coding system uses LPC 24 to determine the
short term filter coefficients aj and the one dimensional
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codebook sequences are filtered by the weighted short term inverse
filter 42. Two separate filf.ered codebooks are then produced by
decomposition using the orthogonalising means 68 and are shown here
as two dimensional codebooks 70,72. The error signal sequences
El(n) are orthogonalised by.the means 66 snd then compared with the
odd and even synthetic sequences. Equation (1) in Figure 9
expresses the overall error compariion where E = Eo + Ee and N is
the length of the codebook sequences. El(n) is divided into o(n)
and e(n) by the orthogonalisation means 66 and the odd and even
sequence comparisons are made independently. The odd comparison is
performed in the summer 78 and the result is subjected to mean
square error analysis in a means 79. These two operations are
expressed in equation (2) of Figure 9. Note that the range of the
summation performed by the MSE means has been halved. This saving
in processing is due to t".he symmetry of the sequences being
compared. The first (or second) half of an odd or even sequence

“can be determined from the second (or first) half of that

sequence. Since both the codebook sequence and the analogue signal
sequence have been orthogonalised into odd and even sequences only
half of each sequence need be compared with each other.

In order to find the optimum odd sequence .gain Go, the
expression in equation (2) is partially differentiated to __give
6Eo/6Go and the result of setting (6Eo/éGo) = 0 is shown in
equation (3) of Figure 9. By substituting equation (3) into
equation (2) the minimum value of Eo is defined in terms of the odd
filtered sequence o(n) and the codebook sequence and is shown in
equation (4) of Figure 9. The even comparison is performed in the
summer 80 gnd the result is subjected to mean square error analysis

"in the means 81. By a similar series of steps to those applied to

the odd comparison, the minimum value of Ee can be derived and is
shown in equation (5) of Figure 9. The two codebooks 70,72 are
searched independently and the codebook output sequences ci(n),
ci(n) and gains Go,Ge are selected by the means 83 so that Eo and
Ee each have their respective minimum values.

Minimising the values of Eo and Ee in equations (4) and (5)
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respectively entails maximising the value of the quotient term
after the minus signs in these equations. This maximisation may be
performed by calculating and storing the value of the guotient for
the first codebook entry and replacing that stored value with any
larger values which are calculated from subseguent codebook
sequences. This results in a number of compgriscms to determine if
an inequality of the following type is true.

>y ,

where y2/z represents the largest quotient term of the equation

which has been found so far in the search and w?/x represents the

quotient term corresponding to the codebook entry currently under
consideration. Since it is generally preferable to perform
multiplications rather than divisions this comparison may be
rearranged to be: '

wl.z D -x.y2

' However, since the terms w and y require to be .squared, two

multiplications have to be performed for each side of the
inequality for every cbmpari:on.' To simplify this comparison there
are two possible ways to eliminate the denominator of the quotient
term from the comparison. The first is to assume that the
denominator of the guotient terms is constant, regardless of the
sequence number under consideration. The comparison may then be
simplified to w2 > y2, and since w and .y are never negative
tow 3> y. While this assumption will not be valid in all cases,
subjective tests with human speech have shown no noticeable
deterioration in the quality of the subsequently reproduced speech.
The second way to eliminate the denominator terms from the
comparison is to scale the values of the sequences in the
sub-codebooks so that the sum of the squares of the values over the
length of each sequence (which is what the denominator of the
quotient term represents) are equal. For example the sum of the
squares of the samples from a sequence from each of a first
sub—codebook and a second sub—codebook are calculated and a
scaling factor for the samples in the second sub—codebook is equal
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to the square root of the quotient comprised of the first sum

of squares divided by the second sum of squares. '
Returning to figure 1, the outputs of the two gain stages

74,76 are also summed and the resulting signal is used to provide

the input to the pitch predictor, which comprises the summer 46,

the tapped delay line 48, the gain stage 50, the summer 38 and a

‘means (not shown) of selecting a tapped delay line parameter 4 and

a pitch gain b so that the error signal El(n) is a minimum. In

" this coding system, a pair of orthogonal codebdboks provide a total

combination of K stochastic sequences when each codebook contains
only ./i sequences. Thus the use of two orthogonal codebooks
provides a reduction in the computational complexity of the
codebook search by a factor of JK/2. For example, if the
equivalent non—-orthogonal codebook was 1024 sequences long, each of
the orthogonal filtered godebooks would be 32 sequences long and so
a search of just 64 sequences would be requi.red.

The effective number of codebook sequences with which the
filtered analogue signal is compared may be dbu_bled by also
comparing the inverted codebook sequences with the filtered

analogue signal.- Thus for the same codebook sequence diversity the

size of the codebooks may be halved.

It is possible to omit the orthogonalisation means 66 and
apply the error signal El(n) to the summers 78 and 80 directly.
Since the comparison with odd and even sequences will automatically
reject those components in the signal El(n) which are even and odd
respectively, the orthogonalisation of the signal El(n) is not
required. If the means 66 is omitted the com;‘iarison between the
codebook and analogue signal sequences should be made over the
whole length of the sequences, the half 1ength sequence comparison
described will not be adequate. :

It is possible to omit the sub—codebooks 70,72 and compare the

| filtered codebook sequences with the filtered incoming signal as

soon as the codebook sequences have been orthogonalised.
'Figure 2 shows a system for re—synthésising speech signals
that have been encoded using the system shown in Figure 1 and '
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elements of the system that are the same as those shown in that
Figure are denoted by the same reference numerals. The output of a
one dimensional codebook 40 and the coefficients aj are fed to a-
weighted short term inverse filter 42 having a transfer function of
1/A(z/7). The output of the filter 42 is fed to an orthogonalising
means 68 which separates the filtered codebook sequences into an
odd and an even sequence over the length of a codebook sequence.
odd sequences are stored in a filtered codebook 70 and even
;equmces are stored in a filtered codebook 72.° The output
sequence ci(n) is selected from the codebook 70 and is fed to a
gain stage 74 having a gain of Go. The output sequence cd(n) is
selected from the codebook 72 and is fed to a gain stage 76 having

a gain of Ge. The outputs of the gain stages 74 and 76 are both

fed to non—-inverting inputs of a summer 64 whose output is fed to a
non-inverting input of a summer 46. - The output of the summer 46 is
fed to a tapped delay line 48 having a delay defined by a parameter
d. The output of the delay line is fed to a gain stage 50 having a
gain of b. The output of the gain stage is fed to a non—inverting
input of the summer 46. In ‘addition to being fed to ‘the tapped
delay line 48, the output of the summer 46 is fed together with the
coefficients a; to a ueightéd short term filter 36 having a
transfer function of A(z/7). The output of the filter 36 togethér
with the coefficients a; are fed to a short term inverse filter

37 having a transfer function of 1/A(z). The output of the filter
37 is fed to an optional post filter 30 and then to a loudspeaker
32 or to an amplifier and loudspeaker in combination. .

The re—synthesis system is fed with the codebook sequence
numbers i.j, the gains Go,Ge, the short term filter coefficients
aj and the pitch predictor paraileters d,b from a coding system
such as the one shown in Figure 1. The amplified codebook
sequences from each of the gain stages are summed and then fed
successively to long term and short term filters. The long term
filter comprising the summer 46, the tapped delay line 48 and the
gain stage 50 adds the long term or pitch redundancy and the two
short term filters 36,37 add the short term redundancy that was
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removed from the analogue signals by the _coding system. The post
filter 30 can be included in order to reduce the perceived effects
of quantisation noise.

The analogue signal coding system shown in P:Lgure 1 includes
two orthogonalisation means 66,68 for orthogonalising the filtered
incoming signal and the filtered codebook sequences, respectively.

. When the filtered incoming analogue signils are orthogonalised into

odd and even functions by .a means 66 only half length incoming and
codebook sequences need to be compared. A full length sequence can
be constructed from an arbitrary half length codebook sequence and,
furthermore, both an odd and an even full length sequence can be
constructed froﬁ any half length sequence. Consequently it is not

_ necessary for the half J_.ength codebook sequences to have been
. derived from full length codebook seguences by orthogonalisation.
.The same set of half length sequences can thus be compared with

both the odd and even hilf length filtered incoming signal

sequences. - Taking a half length sequence represented by

+.c(n) for n=1 to N/2
the odd and even full sequences are given by

citn) =e(n) 2 forn =1 to N/2
ci(n) = —c(N-n+1) for n = [(N/2)+1] to N
and - ¢ci(n) = e(n) . for n = 1 to N/2

ci(n) = c(N-n+1) for n = [(N/2)+1] to N
respectively and these full length sequences are constructed 'upon
re—-synthesis of the analogue signal.

Alternatively a different set of half length codebook
sequences may be used for the odd and even comparisons which may be
considered as altering ci(n) in the above equations, thus:

ci(n) = c'(n) - for n = 1 to N/2

ci(n) = ¢'(N~(n-1)) for n = [(N/2)+1] to N
where c' represents a different codebook from c or a different
section in the same codebobk. '

Whether the same set or a different set of half length
sequences are used, the codebook sequences no longer need to be
orthogonalised and so the orthogonalisation means 68 can be
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eliminated. If both of the sub-codebooks are to contain the samé
set of half length sequences there is no need to duplicate the
sub-codebooks and there are simplifications possible in the
calculations of the error terms in the equations (4) and (5).
Since the two denominator terms in these equations will be equal a
reduction in the computation is possible. '

An analogue signal coding system which uses a single
sub—codebook containing half-length seguences is shown in Figure
3. T7The arrangement is identical with that shown 4n Figure 1 with
the following exceptions. The output of the filter 42 is fed to a
single sub-codebook, shown as a two—~dimensional codebook 71. The
sequences stored in the codebook 71 are half length sequences and
have been filtered in accordance with the incoming analogue signal'
as previously described. The ith sequence in the sub-codebook 71
is fed to a gain stage 74 having a gain Go. The output of the gain
stage 74 is fed to an inverting input to a summer 78 and to a full
length sequence generator 75. The generator 75 derives a full
length odd sequence from the half length sequence-at the output of
the gain stage 74. The output of the generator 75 is fed to a
non-inverting input to a summer 82. The jth sequence in
the sub-codebook 71 is fed to a gain stage 76 having a gain of Ge.
The output of the gain stage 76 is fed to an inverting input to a
summer 80 and to a full length sequence generator 77. The
generator 77 derives a full length even sequence from the half
length sequence of the output of the gain stage 76. The output of
the generator 77 is fed to a nonrinverting input to the summer 82.
The generators 75,77 are required to ensﬁre the correct opératioh
of the long,term predictor and their operation is described
subsequently with reference to Figure 4. The remainder of the
system is identical to that of Figure 1.

In operation one half of the odd sequence and one half of the
even sequence derived by the orthogonalisation means 66 for each
frame of incoming analogue signals'is compared with the scaled half
length sequences sto;ed in the sub-codebook 71 in ;he means 78,80.
While the sub-codebook 71 is searched for appropfiate matching half

T S

heet Has Been Replqced

T \lll\\ A




10

]

%5

92/06470 . PCT/NL91/00200

18

length sequences, i and j may be equal to one another and each
increase from 1 to the length of the codebook.

Alternatively the means 76,80 and 81 could be eliminated and
the optimum half length sequence could be determined for both the
odd and even filtered incoming sequences by using one gain stage,
comparator and Mean Square Error means mltip;exed between the
orthogonalised incoming sequences. The orthogonal outputs of the

means 66 would be supplied alternately to the single comparator' 78

so that both odd and even outputs of the means 66vare compared with
each half length sequence from the sub codebook. As for the -
embodiment shown in Figure 1, two separate codebook indices i,j are
derived. .

Filtered sequences of any length may be obtained from the
master codebook. If, for example, a full length séquence is
obtained, two half length sequences which are different to one
another may be selected and used for comparison with the incoming
signal, although no advantage in so doing has been detected for
speech. Where one half length sequence is used for both
comparisons it can be derived by filtering only a half length
sequence f_rom the master codebook. The half length sequence need
not be derived or selected from a filtered full length '
sequence. i

In addition to not requir:‘.ng ‘the orthogonalisation of the
codebook sequences, using equal half length sequences for both the
odd and even sequence comparisons permits a further simplification
in the determination of Eo and Ee as shown in equations (4) and (5)
in Figure 9. Since

N/2 . N/2 .
L [cim)]2 = } [ci(n)]2 when i = j,
n=1 n=1

the number of calculations to determine the values of the
denominators in equations (4) and (5) is halved. This can also be
considered as a halving of the number of calculations required to
determine the denominator of the term in eguation (8) in Figure 10
which will be discussed later.
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A re-synthesis system corresponding to the coding system of

- Figure 3 is shown in Figure 4. This system is identical to that

shown in Figure 2 with the 'except;ion that the orthogonalisation
means 68 has been replaced by an orthogonal sequence generator 90.
The gain values Go,Ge, short term filter parameters aj, long term
filter parameters d,b and codebook indices i,j are supplied to the
system as in the previously described embodiment. The contents of
the master codebook 40 are fed to a short term filter 42 and the
output of this filter is fed to the orthogonal dequence generator
90. This generator operates to convert filtered codebook half
length sequences c(n) for n=1 to N/2 to odd and even full length
sequences: |

ci(n) = c(n) " forn=1 to N/2
ci(n) = —c(N-n+1) for n = [(N/2)+1] to N
and eJn) = c(n) forn=1 to N/2

ci(n) = c(N-ntl) forn = [(N/2)+1] to N
which sequences are stored in the sub—codebooks 70,72
respectively. The generﬁtors 75,77 (Figure 3) operate in the
same manner as the generator 90. The relevant full length
sequences for each ffame of the incoming speech are selected and
fed to the gain stages 74,76, the outputs of these gain stages are -
summed and filtered through long and short term filters as before
to provide the output of the system, for example to a loudspeaker
32. ' ' '

The construction of both the odd and even full length
sequences for every filtered sequencé from the master codebook is
not strictly necessary and -a single codebook containing half lengi:h
sequences ®ay be used as in the coding system shown in Figure 3.
The full length sequences to be fed to the gain stages 74,76 can be
constructed in accordance with the equations above after the

. relevant half length sequences are selected from the slave

codebook.

The analogue signal coding systems shown in Figures 1 and 3
require two gain parameters for each frameé of the incoming signal

and in a situation when the bit rate for transmission or storage is
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critical this may be unacceptablé. " The number of bits required to
represent the gain parameters i_nay increase significantly with
respect to a coding system having only a single codebook and gain
stage. Since these two gain parameters represent related signals
there will be some degree of correlation between them and so it may
be possible to represent one gain relative to the other and obtain
a slight saving in the mumber of bits required.

The systems shown previously may be used without extra bits
being required to represent a second codebook g#in by requiring
that the two gains are equal (i.e. Go = Ge), or even better that .
their magnitudes are equal and their signs can be positive or
negative. The latter case will incur a penalty of only one Bit
over a single codebook coding system. The gain values are
transmitted as a sign for ea_'ch selected codebook sequence and a
single magnitude applying to both codebook sequences.

This can be achieved in at least three ways:-

(1) Calculate the total mean square error (Eo + Ee) for each
possible pair of -codebook sequences, subject to the constraints
that IGol = |Ge| and that the MSE is minimised. This gives the
optimum codebook indices (i,j), the magnitude of gain (G = |Go| =
|Gel) and the signs of Go and Ge, si = G_oI|Gol =% 1 and
si = Ge/ |Gel = %], Pirstly the combined error E2 is calculated
as shown in Equation (6) of Figure 10. The magnitude G of the
gains Ge and Go is calculated using equation (7) of Figure 10. In
equation (7) s! must be chosen so that it is of the same sign as
the sum of the products of o(n) and ci(n) over a whole frame
length (or half a frame length :lti the case of symmetrical
sequences), Similarly sj must be chosen to have the same sign as
the sum of the products of e(n) and ci(n). These constraints
upon the values of si and sj are to prevent the values of Go
and Ge being negative and are summarised in inequalities (7a) and
(7b), respectively, of Figure 10.

Combining equations (6) and (7) gives equation (8) and values
of i and j are selected that cause the error E2 in equation (8) of
Figure 10 to be a minimum.
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The two codebook sequences can be combined to form a composite
codebook entry c(n) using equation (9) of Figure 10, in which
equation a value of G is calculated from eguation (7).  This

composite codebook entry is then fed to the summer 82 (Figure 3).

(2) Search each codebook separately for the sequences giving
minimum values of Eo and Ee respectively, without constraint on the
values of Go and Ge. Then, using this pair of codebook
sequences, calculate the magnitude of G such that G - |Go% - |Ge‘,
together with the signs of Go and Ge, to minimige the total MSE
which is equal to (Eo + Ee). : . -

The first step is to find the codebook entry,- t:hat is the
value of i which results in the minimum value of Eo in equation
(2) and the codebook entry, that is the value of j which gives the
minimum value of Ee in the orthogonal equivalent of equation (2).
The gain Go is given by equation (3) and the gain Ge is given by
the orthogonal equivalent of equation (3). Then the signs si and
si of the gains Go and Ge can be determined from inequalities
(7a),(7b) and the magnitude G of the two gains can be determined
from equation (7) as before. Finally a composite codebook entry
c(n) is determined as before using equation (9). This second
method gives sub—optimum values for codebook indices (i,j), the
magnitude of the gains (G = lGoI - IGe')'and the signs of Go and Ge
(si = GoI|Go| and s = Gel|Ge| respectively) but with much ]._ess
computational complexity than the first alternative. In a
practical coding system used for coding human speech tihere is
virtually no perceived difference between the two apbroaches.

(3) The method (2) can be modified to give better results as
follows. ‘.l;he at least two .sequences from each codebook which
result in the lowest values of error signal are selected using
equations (4),(5) giving, for example, two pairs of codebook
indices, (i;,iz), (j1,J2). The total error resulting from
each of the four possible combinations of these sequences
(i31,31), (i2,32), (i1,32), (i2,31) are then
calculated by -adding the values of Ee and Eo in each case and the
pair of sequences which results in the lowest error are chosen.

Sheet Has Been Replaced

HI||I|| Mt




e ————— ——— }

w0 92/06470 - PCT/NL91/00200

22

The method then proceeds as above from the calculation of the gains
Go and Ge. This procedure could also include quantisation of the
" gain value within the search without a great increase in |
computational complexity. This quantisation entails setting the
values of the gains Go and Ge to one of the possible output values
which the coding system permits pridr té the calculation of the
error signals Eo and Ee and should yield better results when, for
l oo example, one of the gain valués originally calculated is especially
distant from one of the available quantised valyes. More than two
¢  Sequences could be selected from each codebook and more than two
codebooks could be used. '

s  These changes would have no impact on the decoders or
re-synthesisers shown in Figures 2 and 4 which function as
described previously. ' - _

" '* Figure 5’shows a coding system derived from that shown in
- 4 -. -Figurel but which employs ‘four orthogonal codebooks.- A source of
:* original speech 20, a framing and quantisation means 22, a Linear
" Prediction Coefficient (LPC) generitor 24, a short term filter 34
and a short term inverse filter 36 are arranged as in the coding
9p =~ System shown in Figure 1 and function in the same mammer. The
output of the filter 36 is fed to a non—inverting input of a summer
38, the output of which summer comprises an error signal El(n).
The output of a one dimensional codebook 40 is fed to a short term
inverse filter 42 having a transfer function of 1/a(z/v). This
2 filter is fed with the short term filter coefficients aj derived
by the LPC means 24. The output of the filter 42 is fed to an
orthogonalisation means 68 which has four outputs which can be
regarded as two pairs of outputs and which are all fed to separate
two dimensional codebooks 70a, 70b, 70c, 70d. The sequence number
30 i from the codebook 70a is fed to a gain stage 74a whose output is
fed to a non—inverting input of a summer 82 and to the inverting
input of a summer 78a. The output of 'the summer 78a is fed to a
MSE means 28a whose output is an error signal Ea. The seﬁuence '
number p from the codebook 70b is fed to a gain stage 74b _
whose output is fed to a non—inverting input of the summer 82 and
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to an inverting input of a summer 78b. The output of the summer
78b is fed to a MSE means 28b whose output is an error signal Eb.
The sequence number j from the codebook 70c is fed to a gain stage
74c whose output is fed to a non—inverting input of the summer 82
and to an inverting input of a summer 78c. The output of the
summer 78c is fed to a MSE means 28¢c whose output is an error
signal Ec. The sequence number q is fed from the codebook 70d to a
gain stage 74d whose output is fed to a non—inverting input of the
summer 82 and to an inverting input of a summer+78d. The cutput of
the summer 78d is fed to a MSE means 28d whose output is an erFor
signal Ed. The output signals Ea,Eb,Ec,Ed from the four MSE means
28a,28b,28¢c,28d are fed to a selection means 83.

. The output of the summer 38 is fed to a second
orthogonalisation means 66 which has four outputs and operates in
an analogous manner to the orthogonalising means 68. The four
outputs of the means 66 are each fed to a non—inverting input of
the corresponding summers 78a, 78b, 78¢c or 78d. The output of the
summer 82 is fed to a non—-inverting input of a summer 46. The
output of the summer 46 is fed to a tapped delay line 48 whose
outpuﬁ, at a delay d, is fed to a gain stage 50 hav:.ng a gain b.
The outpﬁt of the gain stage 50 is fed to an inverting input of the
summer 38 and to a non—inverting input of the summer 46.

The orthogonalisation means 66,68 may perform the
orthogonalisation of a single sequence i_:ito four mutually
orthogonal sequences in a number of ways; If a first
orthogonalisation is performed upon the 'sequence to provide odd and

.even segquences, each of these sequences may then be orthogonalised

in the timg or frequency domains. Time domain orthogonalisation
comprises making a first sequence having a number of zero and
non—zero members and a second 'gequence comprising a number of zero
and non-zero members. Where a member of the first sequence is
non—-zero the corresponding meﬁber of the sék:ond_ sequence must be
zero and vice versa. The rule that orthogonal sequences must
multiply to zerc is thus obeyed. Frequency domain
orthogonalisation comprises making a pair of sequences which
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contain signals from separate frequency bands, for example a first
sequence containing lower freguency components and a second
sequence containing higher frequency components.

Alternatively the means 66,68 may perform an odd and even
orthogona’li#ation over a complete sequence length followed by
further odd and even orthogonalisations over half of a sequence
length. This may be better understood by reference to Figures 6(a)
to 6(h) where the orthogonalisation of a 20 member sequence is
depicted in a sign only format for ease of understhnding. Firstly
an original sequence {(a) is taken and a time reversed version (bT .
is formed. An even sequence (c) is formed by the addition of (b)
to (a), the divisions by two of the summed sequences being omitted
for the purposes of this éxample.' An odd sequence (d) is formed by
the subtraction of (b) from (a), the division by two again being
ignored. The first half of the even sequence (c) is then taken and
a time reversed version is formed. The addition of the first half
of sequence (c) and its time reversed version provides the first
half of the sequence (e). The second half of the sequence (c) is
similarly added to its time reversed version to obtain the second
half of the sequence (e). The sequence (e) represents an even
orthogonaiisation followed by an even orthogonalisation. The time
reversed version of the first half of sequence (c) is subtracted
from the first half of sequence (c) to give the first half of
sequence (f). The second half of sequence (f) is derived in the
same manner from the second half of the sequence (¢c). The sequence
(£) represents an even orthogonalisation followed by an odd
orthogonalisation. The sequences (g) and (h) are derived from the
sequence (d)eas the sequences (e) and (f) are derived from the
sequence (¢). Sequence (g) represents an odd orthogonilisation
followed by an even orthogonalisation and sequence (h) represents
an odd orthogonalisation followed by an odd orthogonalisation. All
of the sequences (e), (f), (g) and (h) are mutually orthogonal,
that is to say that the product of any one with any other over its

whole length is zero. This mutual orthogonality permits the four

comparisons shown in the coding system of Figure 5 to be made
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independently of each other. In a practical system the maénitudes
of the gains of the gain stages 74a,74b,74c,74d are constrained to
be equal and are shown here as all being equal to G.

The coding system shown in Figure 5 may be modified to remove
the orthogonalisation of the codebook sequences by only comparing &
filtered quarter length sequence from the master codebook with the
odd and even orthogonalised filtered analogue signals. The set of
filtered codebook quarter length sequences may be different for
each of the orthogonal comparisons or it may be she same.

Sequences are selected for each of the four orthogonal compiris'é'ns
and the index numbers i,p,j,q are transmitted or stored. If the
quarter length sequences are the same a simplification in the
determination of the sequence number chosen from the codebook may
be effected as described above.

Figure 7 shows a corresponding decoder or re-synthesis system
for use with the coder of Figure 5. The output of a one
dimensional codebook 40 is fed to a short term inverse filter 42
having a transfer function of 1/A(z/7). The output of the filter
42 is fed to an orthogonalising means 68 which has four separate
outputs each of which is fed to one of four two dimensional
codebooks 70a,70b,70c and 70d. - The sequence number i from the
codebook 70a, the sequence number p from the codebook 70b, the
sequence number j from the codebook 70c and the sequence number q
from the codebook 70d are all fed to separate non—inverting inputs
of a sﬁmer 86. The output of the summer 86 is fed to a gain stage
12 which is also fed with a gain parameter G. The output of the
gain stage 12 is fed to a non—inverting input of a summer 46. The '
outpui: of the summer 46 is fed to a tapped delay line 48 which is
also fed with a delay parameter d. The output of the tapped delay
line 48 is fed to a gain stage 50 which is also fed with a gain
parameter b. The output of the gain s age 50 is fed to a
hon-inverting input of a summer 46. The output of the summer 46 is
also fed to a short term filter 36 having a transfer function of
A(z/7). The output of the filter 36 is fed to a short term inverse
filter 37 having a transfer function of 1/A(z). The output of the
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filter 37 is féd to a loudspeaker 32 or to an amplifier and
loudspeaker in combination. The three short term filters 42, 36

and 37 are all fed with the short term filter parameters aj

originally derived by the LPC means 24 (Figure 5).

In operation the decoder shown in Figure 7 is fed with the
codebook indices i,p,j,q, the gain parameter G, the pitch predictor
parameters d,b and the short term filter parameters a;. The four
orthogonal codebook sequences are added together and after
amplification and filtering, are fed to an output means, in this
case a loudspeaker. -

In order to make the system of Figure 7 compatible with that
of Figure 5 when the latter has been modified to compare only one
quarter length filtered codebook sequence with each of the
orthogonalised analogue signal, the system of Figure 7 has an
orthogonal sequence generator 90 (Figure 4) substituted for the
orthogonalisation means 68. The orthogonal sequence generator

.functions as follows to generate four orthogonal full length

sequences from a single guarter length sequence.

The orthogonal sequence generator first produces half length
odd and even sequences and then uses each of these two sequences to
produce odd and even full length sequences. Figure 8 illustrates
this procedure for a quarter length sequence (a) having five
members which is shown only in a sign format for simplicity. By
producing a time reversed version of the quarter length sequence
(a) and adding it to the end of sequence (a), a half length even
sequence (b) is produced.. By producing a time reversed version of
the sequence (b) and adding it to the end of sequence (b), a full
length sequence (c) is produced. The sequence (c) is eﬁu}valent to
a full length sequence which has been orthogonalised to give a full
length even sequence and then orthogonalised to give an even _
sequence over each half of a sequence length. A time reversed,
inverted version of the sequence (b) is added to the end of the
sequence (b) to provide a full length sequence (d). The sequence
(d) is equivalent to a full length sequencé which has been
orthogonalised to give a full length odd sequence and then
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orthogonalised to give a even sequence over each half of a sequence
length.

A time reversed inverted version of the sequence (a) is added
to the end of the sequence (a) to give the half length sequence
(e). By adding a time reversed version of the sequence (e) to the
end of that sequence a full length sequehce (f) is produced. The
sequence (f) is equivalent to a full length sequence which has been -
orthogonalised to give a full length even sequence and then
orthogonalised to give an odﬂ sequence over ‘each half of a segquence
length. By adding a time reversed inverted version of the sequence
(e) to the end of that sequence a full length sequence (g) is
produced. The sequence (g) is equivalent to a full length sequence
which has been orthogonalised to give a full length odd sequence
and then orthogonalised to give an odd sequence over each half of a
sequence length.

These four filtered sequences (c),(d),(f),(g) are then fed to
the slave codebooks 70a,70b,70c,70d (Figure 7) and the
re—synthesiser then operates as described above.

The orthogonal codebooks required to fully realise the
reduction in length of the codebook search can be constructed in a
number of different ways provided that the equation

Y (cB1 x cB2) = 0
is satisfied, where CBl is any sequence in the first codebook and
CB2 is any sequence in the second codebook. Possible alternatives
to the odd and even function split described above are a time
domain split or a frequency domain Qplit. Using a time domain
split, for example, CBl could contain random samples for the first
half of thg codebook, that is the first N/2 samples in each

sequence and zero samples thereafter and CB2 could contain zero

samples for the first half of the codebook, that is the first N/2
samples and random samples thereafter. ' A frequency domain split
could, for example, be achieved by using a low pass and a high pass
filter to generate a low frequency codebook and a high frequency
codebook. :

It is also possible for an analogue signal coding system
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to have an odd nuniber of orthogonal codebooks. For example a first
split of the codebook sequences into high and low frequency
components could be followed by a further split into odd and even
frequency components in the higher frequency branch.

For any eoﬁbination of coding and re—-synthesising .systems to
function correctly, the c&debooks in the two systems must contain
the same sequences. . |

-From reading the present disclosure other modifications will
be apparent to persons skill_ed in the art. Sucheodifications may
involve other features_ which are already known in the design,
manufacture and use of analogue signal coding systems and component

_ parts thereof and which may be used instead of or in addition to
. features already described herein. Although claims have been

formulated in this application to particular combinations of
features, it should be understood that the scope of the disclosure
of the present application also includes any novel feature or any
novel combination of features disclosed herein either explicitly or
implicitly or any generalisation thereof, whether or not it relates
to the same invention as presently claimed in any claim and whether
or not it mitigates any or all of the same technical problems as
does the present invention. "I'he applicants hereby give notice t;hat_:
new claims may be formulated to such features and/or combinations
of such features during the prosecution of the present application
or of any further application derived therefrom.
Industrial Applicability _

The present invention is applicable to a range of systems
using analogue signal coding and decoding, for example, digital
mobile radip and cellular telephones.

—_—
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1. An analogue signal cbding system comprising sampling nieans
for obtaining a sampled analogue signal, a master codebook
containing a plurality of sequences, filtering means for dériving
filtered sequences from the master codebook, decomposing means for
orthogonally decomposing either the sampled analogue signal or the
filtered sequences into orthogonal components, comparing means for
comparing orthogonal components with the sampled analogue signal if
the orthogonal components are derived from the filtered sequences or
for comparing orthogonal comi:onents with the filtered sequences—if
the orthogonal components are derived from the sampled analogue
signal, and means for detefmining from an outpi:t signal of the
comparing means which of the filtered sequences are the most
acceptable in complying with a predetermined criterion.

2. A system as claimed in Claim 1, further comprising storage

means for storing filtered sequences.

3. A system as claimed in Claim 1 or 2, further comprising
further decomposing means for decomposing the sampled analogue
signal into orthogonal components if the orthogonal components from
the first decomposing means are derived from the filtered sequences
or for decomposing the filtered sequences into orthogonal compo:iem:s
if the orthogonal components from the first decomposing means are .
derived from the sampled analogue signal.

4. An analogue signal coding system comprising sampling means
for obtaining a sampled analogue signal, a master codebook '
containing a plurality of sequences, filtering means for deriving
filtered sequences from the master codebook, decomposing means for
orthogonallg decomposing t._he filtered sequences into at leﬁst two
slave codebooks each containing a plurality of sequences, at least
two comparing means each for comparing the sampled analogue signal
with the sequences from a respective one of the_ slave codebooks and
means for determining from output signals of the comparing means
which of the filtered sequences from the slave codebooks aré the
most acceptable in complying with a predetermined criterion.

5. A method of encoding an analogue signal, comprising
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sampling an analogue s:‘.gnai, filtering a plurality of sequences
from a master codebook, orthogonally decomposing at least the
sampled signal or the filtered sequences, comparing the filtered
seqguences orthogonally with the sampled analogue signal and
determining which of the filtered sequences are the most acceptable
in complying with a predetermined criterion.

6. A method as claimed in Claim 5, wherein half length
filtered sequences are comparé.d with half length segments of the
sampled analogue signal. . L

7. A method as claimed in Claim 5 or Claim 6, wherein thé&
filtered sequences are orthogonalised and sets of sequences
orthogonal to one another are stored separately.

8. An analysis by synthesis method of encoding analogue
signals, comprising deriving at least two sets of orthogonal
synthetic codebook sequences from a single set of codebook
sequences, comparing a segment of an analogue signal to be encoded
with the at least two sets of synthetic codebook sequences and
determining those sequences from the synthetic sets of sequences
which provide an optimum match for the segment of the incoming
analogue signals,

9. A decoding system for obta:.m.ng an analogue signal,
comprising a master codebook containing a plurality of sequences,
filtering means for deriving filt.ergd sequences from the master
codebook, decomposing means for orthogonally decomposing the
filtered sequences into sets of orthogonal components and means for
combining a sequence from each of the sets of orthogonal components
in response to an incoming coded signal to provide a synthesised
replica of, a previously coded analogue signal.

10. A method of re-synthesising analogue signals, comprising
fom.ing at least two orthogonal synthetic sequences from a single
synthetic sequence and combining the at least two synthetic '
sequences, wherein the analogue 'signals to be re—synthesised have
been coded by a method in accordance with any one of Claims 5, 6 or
8. _ : _
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