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) Speech coding.

@ Speech for transmission over a low bit rate
channel of a telecommunications link is digitally
sampled and subjected to linear predictive coding in
a coder (8). The LPC residual signal is passed
through a weighting filter (18) and the output down
sampled by decimation factor d resulting in d se-
quences of which the maximum energy sequence is
selected for vector quantization. The data output
from the vector quantizer (22) is formed into an
output frame together with an index (s) identifying
gthe selected decimation sequence and the quantized
LPC parameters. The frame transmitted over the
LD telecommunications link {46) is decoded by means
of an inverse vector quantizer (50) which restores
the decimated sequence. An interpolator (52) inter-
) polates zeros to restore an excitation signal for an
LPC synthesis filter (54) from which the voice signal
can be reconstructed.
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SPEECH CODING

The present invention relates to speech coders
and, more particularly, to low bit rate speech cod-
ers. The invention also relates to a method of
coding speech for transmission along a telecom-
munications link.

Speech is a complex analogue waveform. In
order to transmit a speech signal along a digital
telecommunications link, the information contained
in the analogue signal must be reduced to informa-
tion in digital form. This technique is known as
speech coding. In a simple form of coding, the
analogue speech signal is sampled and a digital
representation of the amplitude of the signal at
each sampling point is transmitted along the tele-
communications link. This type of coding is pulse
code modulation (PCM). The quality of sound re-
production using PCM depends on the sampling
rate and also on the number of digits used to
fransmit each sample which determines the
"quantization" or number of discrete amplitude lev-
els that can be distinguished.

Currently, digital telephone networks use 64
Kbis PCM or 32 Kb/s adaptive PCM (ADPCM).
Speech coders requiring 16 Kb/s are proposed for
use in the European mobile radio standard (GSM).
For mobile telecommunications and telecommuni-
cations links involving satellites, for example sai-
ellite to aircraft or satellite to land mobile links, the
bit rate required is crucial if a reasonable number
of channels are to be available for use and if the
system is to be economic.

There is therefore a significant technical prob-
lem represented by the need to achieve good
speech quality while minimising the bit rate neces-
sary for each channel in a telecommunications link.

One possible solution to this problem uses the
technique known as code excited linear predictive
cading (CELP). Algorithms for implementing coders
using CELP for producing high quality speech at
very low bit rates at around 7Kb/s have been
described, for example in an article by M R
Schroeder and B S Atal entitted "Code-Excited
Linear Prediction (CELP): High Quality Speech at
very Low Bit Rates" Proc. of ICASSP-85 pages 937
to 940. The algorithms which have been proposed
to date require extremely complex processing of
the input speech samples in order to produce the
required bits for transmission. For telecommunica-
tions purposes it must be possible to carry out the
encoding and decoding operations in real time. The
existing algorithms require very large quantities of
operations so that if they are to be carried out in
real time, the amount of computing power that
needs to be utilised is excessive for inclusion in,
say, a mobile telephone subscriber's telephone
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equipment, or even for use in a telephone ex-
change if the link between the subscriber and the
exchange is able to have a greater capacity. Some
reductions in bit rate are possible by concentrating
on the base-band informaticn in the speech signal
as originally proposed by the inventors in a paper
entitled "Low bit rate speech coding” IEE Sympo-
sium Digest Radio No. 1987/52 April 1987 pages 1
to 4.

The technical problems addressed by the
present invention are therefore to provide a method
of speech coding and a speech coder which are
capable of operation in real time without requiring
excessive amounts of processing power, and to
provide improved speech quality relative to that
available from existing coders below 7Kb/s.

One of the objects of the present invention is
to produce a speech coder in which an encoder
and a decoder can be implemented on a single
commercially available digital signal processing
chip. The encoders and decoders in accordance
with the invention which will be described are each
capable of implementation in real time using a
DSP-32 floating point chip as manufactured by
AT&T.

Such a single chip implementation is to be
considered as a reasonable amount of processing
power for practical commercial applications. It will
be appreciated that alternative DSP chips may be
used as they become available.

A second object of the present invention is to
improve the digital speech quality significantly be-
low 7Kb/s and o produce good quality at around
4Kb/s.

According to one aspect of the invention, there
is provided a speech coder for encoding an input
speech signal for transmission over a digital chan-
nel of a telecommunications link, comprising
means for sampling the input speech signal to
produce output digital samples,
means for dividing these digital samples into
frames each consisting of a predetermined number
of samples,

a linear predictive filter for inverse fiitering each
frame and producing an output LPC residual signal
for said frame comprising a said predetermined
number of digital samples, and LPC parameters for
said frame, and

baseband extraction means, the speech coder be-
ing characterised by provision of

down-sampling means for extracting from the out-
put of said base-band exiraction means d inter-
leaved sequences, -
means for selecting one of said sequences which
contains the maximum energy content and produc-



3 EP 0 333 425 A2 4

ing an oufput index representing the selected se-
quence,

means for deriving pitch period and pitch gain
indices from the selected sequence,

means for removing long term correlation from the
selected sequence to produce a remainder se-
quence,

means for comparing the remainder sequence with
an identifiable reference sequence, and for deriving
a scale factor from the compared sequences, the
scale factor being defined by a scale factor index
and being representative of the energy in the re-
mainder sequence relative to that in the reference
sequence,

wherein for each frame of the input, an output
frame comprising data representing the LPC pa-
rameters, and for each block, the index of the
selected sequence, and the scale factor, pitch pe-
riod and pitch gain indices and an index represent-
ing said identifiable reference sequence is transmit-
ted over the channel of the telecommunications
fink.

The baseband extraction means may comprise
a weighting filter which amplifies a low frequency
pitch component of the LPC residual signal and
reduces the amplitude of higher frequency compo-
nents of the LPC residual signal and said samples
of the LPC residual signals are divided into blocks
before being passed through the filter or alter-
natively the baseband extraction means may effect
multipulse linear predictive analysis-by-synthesis
whereby said baseband is obtained by minimizing
an error between input speech signals and artifi-
cially reconstructed speech signals.

In a preferred embodiment of the invention the
means for comparing may include a vector quan-
tizer for matching the remainder sequence with the
most closely resembling one of a plurality of vec-
tors stored in a codebook, each stored vector being
a ramdom sequence having a Gaussian distribution
and being identifiable by a unique index, and the
output frame includes data representing the index
of the selected vector.

By appropriate selection of the order of the
LPC filter, which determines the number of param-
eters that need to be fransmitted for each frame,
the number of biocks in a frame, the block size, the
decimation factor and the total number of vectors
in the vector codebook and possibly other vari-
ables, the amount of data to be transmitted for
each frame can be controlled in such a way as to
select a bit rate in the range 2.4 Kb/s to 9.6 Kb/s
which produces acceptable speech quality.

The technique of LPC filtering is already known
and for a fuiler description of the technique the
reader is referred to: "Linear Prediction: A tutorial
review" by J. Makhou! in Proc. IEEE, Vol-63, Pages
561-580, 1975. In most current implementations of
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LPC designed for use at low bit rates the LPC
parameters to be fransmitted are usually scaler
quantized and may be transformed into line spec-
tral pairs (see: "Line spectrum pair (LSP) and
speech data compression” by F.K. Soong and B.H.
Juang in ICASSP-84 pages 1.10.1 to 1.10.4). In a
preferred embodiment of the present invention a
Gaussian codebook vector quantization technique
is employed which allows even lower bit rates to
be achieved without reduction in speech quality.
This type of vector quantization may be used after
the LPC parameters have been transformed into
line spectral pairs.

Vector quantization is also a standard tech-
nique and reference may be made for example to:
"Vector quantization” by R.M. Gray in IEEE ASSP .
Magazine, Vol-1 pp4-29, 1984. However, the em-
bodiment of vector quantization using a Gaussian
codebook and a scale factor as described more
fully in the accompanying specific description is
believed to be novel. The advantage of the pro-
posed configuration is in the use of an analysis-by-
synthesis procedure based around a pitch synthe-
sis filter to select the optimum sequence from the
Gaussian codebook and to compute its optimum
scale factor.

The weighting filter is preferably a digital finite
impulse response filter which has a gain-frequency
characteristic which places emphasis on the large
pulses in the signal represented by the input sam-
ples representing the LPC residual signal. These
pulses occur periodically at a frequency corre-
sponding to the underlying pitch of the voice sig-
nal. While the amplitude of these large pulses is
relatively increased, the amplitude of the higher
frequency components which contain proportion-
ately less information is reduced. A typical filter
characteristic is shown in Fig. 2. The purpose of
the weighting filter is to produce near-optimal ex-
citation pulses as in the Multi-Pulse LPC proposed
by P. Kroon et al in "Regular pulse excitation - A
novel approach to effective and efficient muliti-pulse
coding of speech” IEEE Trans, ASSP-34 pp 1054-
1063, 1986.

Further improvements in the speech quality
can be produced if a pitch filter is used to remove
from the LPC residual signal a signal representing
the pitch pulses. The parameters of such a pifch
filter are preferably set by analysing the original
LPG residual signal and a pitch filter memory. The
pitch filter is placed in a feedback loop in which
data for transmission over the telecommunications
link is fed to a decoder which carries out the
inverse operations of the described coding vector
quantizer and decimation to reproduce an LPC
excitation signal, which is fed via the pitch filter and
subtracted from the actual LPC residual signal so
as to enhance the effect of the weighting filter and
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place more emphasis on the base band component
of the speech signal. Using such a pitch filter in a
feedback loop, the weighting filter, down-sampling
and vector quantization steps effectively result in a
minimisation of the difference between the output
of the vector quantizer and the input to the weigh-
ting filter. When such a pitch filter is in use, the
data to be transmitted along the telecommunica-
tions link includes pitch data relating to the pitch
amplitude and period of the feedback pitch filter.
Exira bits are required for the transmission of this
information and if it is necessary to keep the trans-
mission rate constant, the bit rate occupied by the
data output from the vector quantizer operating on
the selected down-sampled sequence can be com-
mensurately reduced without any reduction in the
speech quality because there is now less informa-
tion in the signal subject to vector quantization.
This pitch filter is able to operate in this manner
because of the gain frequency characteristic of the
weighting filter and the equivalent resuits would not
be produced if a plain low-pass filter were used
instead.

According to another aspect of the invention,
there is provided a speech coder for decoding
speech encoded with the encoder in accordance
with said first aspect, the coder comprising means
for separating from a received frame the scale
factor index, and the data representing the LPC
parameters,
means for cutputting into a pitch synthesis filter a
sequence corresponding to said identifiable se-
quence scaled by said scale factor,
an interpolator for receiving said output sequence
and said selected sequence index and interpolating
zeros at appropriate positions in order to produce
an LPC excitation signal, and
an LPC synthesis filter for receiving said excitation
signal and said data representing the LPC param-
eters and for restoring therefrom a sequence of
digital samples representing the input speech sig-
nal.

In a preferred embodiment the outputting
means may comprise an inverse vector quantizer
including a codebook corresponding fo the
codebook in the vector quantizer of the encoder,
and the inverse vector quantizer receives said
unique index and the scale factor index and out-
puts in response thereto, as the output sequence, a
corresponding sequence scaled by said scale fac-
tor.

Some embodiments of speech encoders and
decoders in accordance with the present invention
incorporating the novel algorithm will now be de-
scribed, by way of example only, with reference to
the accompanying diagrammatic drawings, in
which:
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Figure 1 is a block diagram of a first em-
bodiment of a speech encoder;

Figure 2 is a frequency-gain characteristic of
the weighting filter used in the encoder of Figure 1;

Figure 3 is a block diagram of a speech
decoder for use with the encoder of Figure 1;

Figure 4 is a block diagram of the vector
quantizer used in the embodiment of Figure 1 and
Figure §;

Figure 5 is a block digram of a second
embodiment of a speech encoder using a pitch
filter;

Figure 6 is a block diagram of a decoder for
use with the encoder of Figure 5;

Figure 7 is a block diagram of a vector
quantizer for quantizing the LPC parameters for
transmission in either of the embodiments; and

Figure 8 is a diagram illustrating the frame
structure of information to be transmitted.

It will be appreciated that the encoders and
decoders described hereinafter are implemented as
software instructions carried out in a digital signal
processor such as the DSP-32 chip referred to
previously. The blocks shown in the drawings are
intended merely to facilitate explanation of the
functions of each of the processing steps carried
out, rather than to indicate discrete components in
the speech coder.

A speech channel of a telecommunications link
using a speech coder requires an encoder at the
voice signal input end and a decoder at the recep-
tion end. Therefore the speech coder associated
with one end of the telecommunications link re-
quires both an encoder and a decoder, which may
be connected to separate channels in the case of a
duplex link or the same channel in the case of a
simplex link. In the first embodiment of the inven-
tion the encoder is diagrammatically illustrated in
Figure 1 and the corresponding decoder is shown
in Figure 3. Both the encoder and decoder may be
implemented using the same digital signal proces-
sor.

Referring initially to Figure 1, the analogue
speech signal input on line 2 of the encoder has a
complex waveform (W) exhibiting, inter alia, rela-
tively large amplitude pulses P, known as "pitch
pulses”, which are a characteristic of analogue
speech signals.

The analogue speech signal is input on line 2
to a speech sampler 4 which samples the analogue
speech signal and produces a series of digital
samples. When a DSP-32 chip is employed to
implement the encoder, this has the capability for
direct interfacing of an 8-bit encoder capable of
sampling eight thousand times a second.

The output samples are divided into frames of,
for example, 200 8-bit samples each, and the en-
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coder is effective to translate the samples in each
frame into a number of quantization indices which
represent the input waveform but consist of rela-
tively few bits, thereby facilitaiing a low bit rate.
The frame size may be adjusted to suit the final bit
rate required.

The digital samples in each frame are first
input to a linear predictive filter (LPC) 6. Linear
predictive filtering is a known technique and so the
processing of the input samples will not be de-
scribed in detail. However, in general terms, a
linear predictive filter of order k will attempt to
establish a linear relationship between each input
sample and the k preceding samples. Therefore, if
the i input sarﬁple is represented as aand the
LPC parameters as by, then -

The LPC parameters b; are computed in a
processing circuit 12 for each input digital sample
a. The LPC parameters b; derived for all the sam-
ples in the current frame are then fed to a param-
eter quantizer 16 which generates quantization in-
dices therefrom, and these indices are routed on
line 10 to a frame-forming circuit 44. The quantiza-
tion indices are also routed to a inverse quantizer
15 which re-generates the parameters b, though
the original and the re-generated parameters by will
not be identical due to the effect of processing the
signals in the quantizer 16 and the inverse quan-
tizer 15.

The re-generated LPC parameters b; are
passed to an LPC inverse filter 14 which gerTerates
a further sample ¢; representing the difference be-
tween the corresponding input sample & and a
predicted value thereof, evaluated using the re-
generated parameters by. Thus,

k
€& = & - Zéj 84-3°

j=1

The samples ¢; constitute an LPC residual sig-
nal, there being as many samples ¢; as there are
input samples a;. -

The LPC residual signal generated at the out-
put of linear predictive filter 6 is then subjected to
further quantization, as will now be described.

Each frame of samples of the LPC residual
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signal is divided into blocks. The frame repre-
sented in Figure 8 has been divided into four
blocks which, in this example, would each contain
50 samples. In the filtering approach, as distinct
from the multi-pulse method, each of these blocks
is then fed separately into a weighting filter which
is part of a processing circuit 18, shown in Figure
1. The weighting filter is a finite impulse response
digital filter with, for example, 11 taps. The coeffi-
cients of the filler are such as to define a
frequency-gain characteristic as shown in Figure 2,
which is basically a low pass filter characteristic,
but has important distinctions. As illustrated, low
frequencies (below about 1 kHz) are subject to a
positive gain which decays rapidly beyond 1 kHz.
The purpose of this characteristic is to emphasise
the relatively low frequency, periodic pulses of the
voice signal which contain the most information
and to diminish the significance of the higher fre-
quency, intermediate parts of the signal much of
which represents noise.

The blocks are each filtered separately. For an
11 tap filter to which the samples of successive
blocks are fed continuously, the first five output
samples and the last five output samples must be
discarded. Therefore the number of output samples
in the filtered block corresponds to the number of
output samples in the input block.

The output samples from the filter for each
block are then down-sampled by a decimation fac-
tor d in order to produce d decimated (interleaved)
sequences. Typical values of d are 3 or 4 though
higher values may be used for lower bit rate chan-
nels. The decimation factor is also partially deter-
mined by the block size, since each decimated
sequence should be of equal length. Processing
block 18 is also effective to select one of the
decimated sequences of each block by comparing
the total energy contents of the sequences and
selecting the sequence having the maximum en-
ergy. The energy of a sequence is determined by
summing the squares of each of its constituent
samples. An index s identifies the selected se-
quence and this index is also passed to the frame-
forming circuit 44 on line 20.

The selected sequence is fed from processing
block 18 to a vector quantizer 22 which is illus-
frated in more detail in Figure 4. The concept of
vector quantization is not novel per se but the
particular characteristics of the vector quantizer
which will now be described are considered to be
unique in the present combination.

The input on line 24 to the vector quantizer is a
signal consisting of a series of the selected deci-
mated sequences derived from successive blocks.

The input signal for the current block (i.e. the
selected decimated sequence for that block), and
the existing contenis of the memory 27 of a pitch
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synthesis filter 28 are fed to a control processor 26.
As will be described hereinaiter, memory 27 con-
tains a data sequence derived from the selected
sequences of the immediately preceding frame,
and control processor 26 compares the sequences
input thereto to obtain pitch indices p, h represent-
ing the pitch period and the pitch gain Tespectively
of the decimated sequence in the current block.
The pitch period index p represents the number of
shifts (relative to a datum position) that have to be
performed in order to reach the position of maxi-
mum correlation of the current decimated se-
quence input on line 24 and the sequence stored in
memory 27, and this shift usually represents the
time interval between neighbouring pitch pulses P
{shown in the waveform W).

As many as five bits may be needed in order
to adequately define the pitch period of the deci-
mated sequence selected from the first block in
each frame, this sequence being compared with
the stored sequence at 32 (i.e. 2°) different relative
positions. The same number of bits could be used
to define the pitch periods of the sequences se-
lected from the remaining blocks in each frame.
However, since the pitch period varies by only a
smail amount from block-to-block, fewer bits may
be used to define the indices p and h for the
remaining blocks. - -

in an example, the sequence selected from
esach remaining block in a frame could be cor-
related with the stored sequence at only eight (i.e.
23y different relative positions, distributed to either
side of the pitch pulse already located by analysis
of the sequence selected from the first block of the
frame.

The piich gain (represented by index h) is
calculated as the ratio of the cross-correlation of
the selected input sequence and the pitch filter
memory (at the position of maximum cotrelation)
normalised with respect to the block energy of the
contents of the pitch filter memory.

The pitch indices p,h generated in this manner
are output from the control processor 26 to the
pitch synthesis filter 28 and also to the frame-
forming circuit 44.

Having evaluated the pitch indices p,h for the
current decimated sequence, this sequence is then
subjected to vector quantization. This involves
comparing the pattern of the current, selected se-
quence with the pattern of each of a number of
reference sequences or vectors stored in a Gaus-
sian codebock 38 in order to determine which of
these reference sequences it most closely resem-
bles, the selected reference sequence being repre-
sented by a unique index f.

However, before vector quantization is carried
out, the memory response of pitch synthesis filter
28 (which would detract from the effectiveness of
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the maiching procedure) is subtracted from the
current sequence input on line 24. To that end, the
contents of the memory 27 of the pitch synthesis
filter 28 are transferred on line 25 to the memory
31 of an otherwise identical auxiliary pitch synthe-
sis filter 29 which is used to compute the pitch
synthesis filter memory response. The pitch syn-
thesis filter 29, which is an infinite impulse re-
sponse filter, is clocked with a zero input to find its
memory response which is then output on line 33.
This memory response is fed into a subtractor 35
together with the current input sequence on line 24,
thereby to produce a difference or reference signal
on line 37 at the output of the subtractor. This
setting of the pitch synthesis filter 28 is carried out
initially for each block to be processed. The zero
input pitch filter response is subtracted from the
input signal in order to reduce the mean-squared
error during the subsequent matching operation
which is designed io identifS/ which one of a plural-
ity of vectors stored in Gaussian codebook 38 most
closely matches the input signal on line 37.

With its memory 27 now set to zero, the pitch
synthesis filter 28 is fed with different sequences
from the Gaussian codebook 38. These sequences,
together with the pitch data, are used to generate
output signals which are routed to a further sub-
tractor 32 on line 30, the other input to subtractor
32 being the difference, or reference signal on line
37. The output from subiractor 32 is therefore a
difference signal representing the mismatch be-
tween the two inputs to the subtractor. This mis-
match or "error" for sach successive vector input
to the pitch synthesis filter 28 is computed by
summing the squares of the sample values in an
error computing processor 34. The error for each
successive signal is fed back to the control proces-
sor 26 and the error processor also produces an
output signal on line 36 to indicate that the error
computation is complete for that input signal.

The number of different pattern sequences or
vectors stored in Gaussian codebook 38 deter-
mines the accuracy of quantization. The purpose of
the vector quantizer is to determine which of the
vectors stored in the codebook most closely re-
sembles the pattern (but not necessarily the mag-
nitude) of the selected decimated sequence which
is input to the vector quantizer. Once the closest
vector from the Gaussian codebook 38 has been
identified by the vector quantizer, the entire deci-
mated sequence can be represented by the index f
of this vector, the analysed pitch characteristics h.p
and a scale factor g, the derivation of which is now
described. -

Each of the vectors in Gaussian codebook 38
is a random sequence which has a zero mean
Gaussian energy distribution and a normalized en-
ergy content. Because of this, each signal output
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from the Gaussian codebook is multiplied, in a
multiplication circuit 40 by the optimal scale factor
g which is computed by control processor 26 from
the energy contents of the signals on lines 37 and
. 30. The optimal scale factor g is given by the
cross-correlation of the signals on lines 37 and 30
divided by the energy of the signal on line 30. The
signal on line 30 is first computed with g set at 1.
An aim of the scale factor calculation is to reduce
the scale factor towards zero if the input sequence
mainly contains noise and there is no significant
correlation between the signal on line 37 and the
signal on line 30.

In general, the energy in the input sequence on
line 37 fluctuates over a relatively wide range, and
so as many as 5 or 6 bits may be needed to define
scale factor g. However, the number of bits can be
reduced significantly by further normalising the
scale factor (before coding) with respect to the
energy in pitch filter memory 28, and this leads to
a further reduction in the bit rate of the speech
coder.

When the best vector has been selected from
Gaussian codebook 38 and its optimum scale fac-
tor g computed, the memory 27 of the pitch syn-
thesis filter 28 is updated as follows in readiness
for processing the next block. The original contents
of memory 27, which were transferred to memory
31, are retumed to memory 27 and the selected
vector from the Gaussian codebock 38 is scaled by
the optimum scale factor g and input to the pitch
synthesis filter 28. When the process of clocking
the filter finishes (after clocking the required num-
ber of times depending on the number of elements
in each vector in the Gaussian codebook) the resul-
tant contents of the memory 27 are retained for
processing the next block.

The output from the vector quantizer 22 is fed
on line 42 to the frame forming circuit 44 which
also receives inputs from the quantizer 16 of the
linear predictive filter 8 and from the decimation
processor 18. The frame forming circuit assembles
this input data into a predetermined standard for-
mat for transmission over the channel 46.

As illustrated diagrammatically in Figure 8, it
will be appreciated that for each input frame of
digital samples, there is data from the parameter
quantizer 16 of the linear predictive filter to be
transmitted, and for each bilock into which the
frame is divided, a sequence index s and output
data from the vector quantizer, that is pitch data h,
p, index f and scale factor g must be transmitted.
Bits for synchronisation purposes with the decoder
and for identifying successive frames may also
need to be added.

The index f, which represenis the selected
vector from the Gaussian codebook 38, may con-
sist of as many as 8 or 9 bits, depending on the
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accuracy of the quantization.

In an alternative embodiment of the invention,
the reference patiern is derived from the memory
response of the auxiliary pitch synthesis filter 29,
and the corresponding index may then be defined
using fewer bits, lsading to a reduced bit rate.

The reference pattern is derived from the
memory response of pitch filter 29 by means of an
alternative circuit, shown generally at 47, which is
used in place of the Gaussian codebook 38. The
reference pattern is generated by suitably clipping
the memory response using a clipping circuit 48.

The decoder illustrated in Figure 3 essentiaily
carries out the inverse of each of the operations
carried out in the described encoder working on
the basis of the data transmitted over the channel
48, This data is first fed to a frame decoder 48
which extracts the various items of data transmit-
ted. The data generated by the vector quantizer 22
in the encoder are fed to an inverse vector quan-
tizer 50 which contains a memory storing identical
vectors to those stored in the Gaussian codebook
38. The index f generated by the encoder deter-
mines which of these stored sequences is read out
and multiplied by the scale factor g. If circuit 47 is
used in the encoder instead of the Gaussian
codebook 38, then the memory of the inverse
quantizer 50 would contain a corresponding vector
derived from the memory response of the pitch
filter. The pitch parameters h and p are used fo
control a pitch synthesis filter corresponding to
filter 28 of the vector quantizer in the encoder, and
this adds in the pitch pulse components. Therefore
the output of the inverse vector quantizer 50 is a
representation of the decimated sequence which
was fed to the vector quantizer in the encoder.
Zeros must be interpolated into this decimated
sequence in order to produce an LPC excitation
signal which corresponds {o a representation of the
LPC residual signal. The frame decoder supplies to
an interpolation processor 52 the sequence index s
so that d - 1 zeros may be interpolated between
successive samples of the sequence and an appro-
priate number of zeros interpolated at the begin-
ning and end in order to place the samples of the
decimated sequence in their correct positions in
the excitation signal. The output of the interpolation
processor 52 is then fed to an LPC synthesis filter
54. This filter receives control inputs from the
frame decoder representing the quantized param-
eters and, in a known manner, uses the excitation
signal to produce a representation of the original
digital samples. Since the LPC parameters have
been quantized, an inverse quantization must first
be carried out (as occurred in circuit 15 of the
encoder in Figure 1), before the LPC synthesis
filter can operate to restore the original speech
samples. These samples are then fed out via a
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digital-to-analogue converter 56 to reproduce an
analogue signal corresponding to the voice signal
originaily input on fine 2.

In practice the LPC synthesis filter 54 in the
decoder does not have an "ideal" memory re-
sponse, and this tends to detract from the quality
of the processed signals. In order to alleviate this
problem, the memory response of filter 54 may be
subtracted from the digital samples at the output of
sampler 4 of the encoder, before these samples
are fed to the linear predictive inverse filter 6. To
that end, an additional improvement may be ob-
tained if the LPC synthesis filter 54 is clocked from
time-to-time (once per frame, say) with a zero
input, and the zero input memory response of the
filter is passed to the memory 80 of an identical
LPC synthesis filter 81, the output of which is
connected to one input of a subtraction circuit 82
which interconnects the speech sampler 4 and the
coder 6 of the encoder (Figure 1). Filter 81 is also
clocked with a zero input and by this means the
zero input memory response of filter 81, which is
the same as that of filter 54 in the decoder, is
subtracted by subtraction circuit 82 from the input
digital samples produced by the speech sampler 4.

The encoder shown in Figure 5 is similar to
that ifllustrated in Figure 1. However, in this em-
bodiment an additional feedback loop comprising a
decoder and interpolation processor 60 and a pitch
filter 62 is included. The output of the pitch filter 62
is fed to a subtractor 64 connected to receive the
LPC residual signal from the inverse 14 filter of the
linear predictor 6. The decoder and interpolation
processor generates from the output frame for
transmission a representation of the excitation sig-
nal which in the decoder proper would be fed to
the LPC synthesis filter. However, in this feedback
loop it is fed to the pitch filter 62 which removes
from it the pitch pulses so that the output of
subtractor 64 which is fed to the weighting filter
and decimation processor 18 contains a less sig-
nificant contribution from the pitch pulses. The pa-
rameters of the pitch filter 62, that is the pitch gain
q and pitch period r are determined by analysing
the LPC residual signal output from filler 14 in a
processor not shown. The contents of a memory of
the piich filler may also be used in the analysis.
This pitch data must also be transmitted over the
channel 46 and is therefore also supplied to the
frame former 44. The piich data g, r may be
updated for each block, each frame or even less
frequently depending on the bit rate constraints.
However, because there is less information now
present in the signal which is fed to the vector
quantizer, the number of bits required for transmit-
ting its output data may be reduced. In particular,
the size of the Qaussian codebook may be re-
stricted.
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The decoder for use in conjunction with the
encoder of Figure 5 is illustrated diagrammatically
in Figure 6. It is essentially identical to the decoder
described with reference to Figure 3 except that
the output from the interpolator 52 is not fed di-
rectly to the LPC synthesis filter but is first fed
through a pitch synthesis filter 88 which is con-
trolled by the pitch gain g and the pitch period r
transmitted over the channel 46. This pitch synthe-
sis filter restores to the excitation signal a series of
pitch pulses corresponding to those identified in
the originally encoded LPC residual signal. In this
way the interpolated zeros are to some exient
overwritten by contributions from the pitch synthe-
sis filter. This results in much smoother quality,
because the high frequency distortion created by
the spectral folding of the interpolation is largely
eliminated. The effectiveness of this pitch filter
feedback loop in the encoder is dependent upon
the presence of the particular frequency- gain char-
acteristic in the weighting filter of the encoder as
described previously with reference to Figure 1. It
will be noted that separate sets of pitch filter pa-
rameters together with their filter memories are
calculated in this embodiment both directly from
the LPC residual signal, which is outside the
baseband, and from the baseband output of the
weighting filter and decimation processor 18. This
results in much betier prediction performance than
an ordinary pitch filter and higher levels of stability
at all times.

In the foregoing, the method of quantizing the
LPC parameters in the quantizer 16 has not been
discussed in detail. It is possible to use any scaler
quantizer or vector quantizer already proposed for
this purpose but the novel quantizer iilustrated in
Figure 7 is found to be particularly effective for low
bit rate applications.

The input on line 68 to this quantizer is the
parameters after having been transformed in a pro-
cessor {not shown) into the line spectral pairs do-
main using transforms as described in the litera-
ture. A transformation into some other domain
which will enable correlation or matching of
similarities between the transformed LPC param-
eter vectors and vectors stored in a codebook may
also be used. The input is a sequence of k values,
where k is the order of the linear predictTve filter,
for exaﬁple k = 10 is a typical value. A new input
sequence is_generated for each frame of input
digital samples. Each input sequence is fed to a
control processor 70 and to a first codebook 72.
The control processor 70 analyses an error signal
on line 74 produced after maiching in the first
codebook and with every sequence or vector of a
second codebook 76 to compute a scale factor w.
This scale factor w performs the same function as
the scale factor g_—used in the previously decribed
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vector quantizer. The codsbocok 72 is a first in first
out (FIFO) memory store. The vectors generated
for storage in this codebook are derived from pre-
viously received sequences as will be described in
more detail later.

The input sequence is matched with each of
the stored vectors in turn and, by a process of
least squares minimisation conducted by the con-
trol processor, the index t of the vector which most
closely matches the iant sequence is generated.
The vector V, so identified is output from the
codebook 72 to a subtractor 74 which also receives
the actual input sequence. The output from the
subtractor 74 is therefore an error signal represent-
ing the difference between the input sequence and
the most closely matched vector of the codebook
72. This error signal is fed to the control processor
and to a second Gaussian codebook 76. The vec-
tors stored in the codebook 76 are each normalised
random sequences with a Gaussian distribution and
zero mean. This codebook 76 is therefore of the
same type as the codebook 38 used in the pre-
viously described vector quantizer of Figure 4. Un-
der the control of the control processor 70, the
index u of the vector in the codebook 76 which
most closely matches the input error signal is de-
termined by a least squares minimisation tech-
nique. The selected vector Vy is then output to a
multiplier 78 where it is multiplied with the optimal
scale factor w producing a sequence wV, which is
added in an adder 79 to the vector V, selected
from the first codebook 72. The output of the adder
79 is then placed into the codebook 72 displacing
the oldest previously stored vector. The contents of
the codebook 72 are thersfore being continuously
updated so that the effectiveness of this codebook
continuously increases while the input voice signal
has characteristics of the same speaker. With this
method of parameter quantization, the ouiputs for
transmission over the channel 46 link are the two
indices t, u and the optimal scale factor w.

With normal scaler quantization of ‘the param-
oters of a tenth order linear predictive coder, 40
bits per frame would normally be required whereas
with this method of vector quantization, equivalent
or improved speech quality can be produced with
20 bits per frame with 13 bits allocated to the
indices t(5) and u(8) and 7 bits allocated to the
scale factor w. These values are given as a typical
exampie only and may be varied in dependence
upon other constraints in the system.

Claims
1. A speech coder for encoding an input

speech signal for transmission over a digital chan-
nel of a telecommunications link, comprising
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means for sampling the input speech signal to
produce output digital samples,

means for dividing these digital samples into
frames each consisting of a predetermined number
of samples,

a linear predictive filter for inverse filtering each
frame and producing an output LPC residual signal
for said frame comprising a said predetermined
number of digital samples, and LPC parameters for
said frame, and

baseband extraction means, the speech coder be-
ing characterised by provision of

down-sampling means for exiracting from the out-
put of said baseband exiraction means d inter-
leaved sequences, -
means for selecting one of said sequences which
contains the maximum energy content and produc-
ing an output index representing the selected se-
quence,

means for deriving pitch period and piich gain
indices from the selected sequence,

means for removing long term correlation from the
selected sequence to produce a remainder se-
quence,

means for comparing the remainder sequence with
an identifiable reference sequence, and for deriving
a scale factor from the compared ssquences, the
scale factor being defined by a scale factor index
and being representative of the energy in the re-
mainder sequence relative fo that in the reference
sequence,

wherein for each frame of the input, an output
frame comprising data representing the LPC pa-
rameters, and for each block, the index of the
selected sequence, and the scale factor, pitch pe-
riod and pitch gain indices and an index represent-
ing said identifiable reference sequence is transmit-
ted over the channel of the telecommunications
link.

2. A speech coder as claimed in claim 1,
wherein the baseband extraction means comprises
a weighting filter which amplifies a low frequency
pitch component of the LPC residual signal and
reduces the amplitude of higher frequency compo-
nents of the LPC residual signal and said samples
of the LPC residual signals are divided into blocks
before being passed through the filter.

3. A speech coder as claimed in claim 1,
wherein the baseband extraction means effects
multipulse linear predictive analysis-by-synthesis
whereby said baseband is obtained by minimizing
an error between input speech signals and artifi-
cially reconstructed speech signals.

4. A speech coder as claimed in any one of
claims 1 to 3, wherein the means for comparing
includes a vector quantizer for matching the re-
mainder sequence with the most closely resem-
bling one of a plurality of vectors stored in a
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codebook, each stored vector being a random se-
quence having a Gaussian distribution and being
identifiable by a unique index, and the output frame
includes data representing the index of the se-
lected vector.

5. A speech coder as claimed in any one of
claims 1 to 3, wherein the means for comparing
includes a pitch synthesis filter, and the reference
sequence is derived from the memory response of
the pitch synthesis filter.

8. A speech coder as claimed in any one of
claims 1 to 5, further comprising means for pro-
cessing the LPC residual signal in order to extract
pitch data relating to the period and amplitude of
the pitch pulses,

a pitch filter for receiving said pitch data, said pitch
filter having an input and an output and being
operative to remove from any input signal, pitch
pulses characterised by the pitch data,

a subtracter connected to receive the LPC residual
signal and an output from said pitch filter and
produce an output representing the difference sig-
nal for extraction of a baseband signal by said
baseband exiraction means,

a decoder for deriving from the output of the en-
coder a decoded LPC excitation signal and apply-
ing said signal to said input of the pitch filter, the
pitch data being transmitted over the channel.

7. A speech coder for decoding speech en-
coded with the coder according to any one of
claims 1 to 6, comprising means for separating
from a received frame the scale factor index, and
the data representing the LPC parameters,
means for outputting to a pitch synthesis filter a
sequence corresponding to said identifiable se-
quence scaled by said scale factor,
an interpolator for receiving said output sequence
and said selected sequence index and interpolating
zeros at appropriate positions in order to produce
an LPC excitation signal, and
an LPC synthesis filter for receiving said excitation
signai and said data representing the LPC param-
eters and for restoring therefrom a sequence of
digital samples representing the input speech sig-
nal.

8. A speech coder as claimed in claim 5 for
decoding speech encoded with the encoder ac-
cording to claim 4, wherein the outputting means
comprises an inverse vector quantiser including a
codebook corresponding to the codebook in the
vector quantizer of the encoder, and the inverse
vector quantizer receives said unique index and the
scale factor and outputs in response thereto, as the
output sequence, a corresponding sequence scaled
by said scale factor.

9. A ceder as claimed in claim 7 or claim 8 for
use with an encoder as claimed in claim 6, wherein
said separating means extracts from a received
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frame the pitch data and further comprises a pitch
synthesis filter connected between the output of
said interpolator and the input to the LPC synthesis
filter, said pitch synthesis filter receiving said pitch
data and restoring into said output of the interpola-
tor pitch pulses having the period and amplitude
represented by said pitch data.

10. A speech encoder as claimed in any one of
claims 7 to 9 including means for subtracting the
memory response of the LPC synthesis filter in the
decoder from the digital samples produced at the
output of the sampling means of the encoder.

11. A speech coder comprising an encoder as
claimed in any one of claims 1 to 6, and further
comprising a vector quantizer for quantizing the
LPC parameters prior to transmission over the
channel.

12. A baseband code-excited linear predictive
coder in which the LPC residual signal is divided
into blocks which are separately passed through a
baseband exiraction means, down-sampled and
vector quantized.



EP 0 333 425 A2

- . _
1o |
| SFZUNVID | |
| HILINVAVE | |
_ |
| /
5 | ¢ A
| [ Nz
| SUFLINVI | | | SISTHINAS
| _ NI | | | | AdoWW _NosS
_ , _
L _ J_ ! _L
9y | _ 7
| e sazuneno |\ | MO || STe | ITTWYS
e 40193/ oniHaEM | ) | o7 | HIF3dS
g 8
/ _N\ o’ | w | v/
— | g ——— — Il_
0z’ /

W

Q\Q d
M



GAIN (dB)

15

104

~104
g5
-20-
-25-

..30...

EP 0 333 425 A2

|
|
|
!
|
l
|
!

50

T

100 150 20

FREQUENCY (x15.625 Hz)

Fig.2

2%0'\ 300

4KHz



EP 0 333 425 A2

170l R Y757V <
V4 Qn\ SL_( N2 | | | SISHHINAS [ oi3z €€
o L e/ ) i 1 \
7 vy Rz
—
. " g AW [N
Y008 3007 <
4307
NVISSIVI | SISTHINAS [ 82
oc” 07 Hllld =
\. 5 KON N
2 LE oz
| ST e le
oe” S JLNdWo?
e~ 76 S
| 1
b 24
DUIND e
f
7 A ?
-
£by
. 7S[ aH
5[ gaamor | . &3 05{ &3ziInwno) %
\ HANA y
——IND0TVNY OLf~=— m\mu% S\ Ao ot s N.N%m%m
WIOoId .. RESEL
—=t— AYOWIW I IS _
08 AHOWIW QL

i




EP 0 333 425 A2

914

e

1

« J'b

e Yo 4l H3L7H ! HIZLINYVID _
SISTHINAS
IND0TYNY QL ﬁ% SISTHINAS fe—et 1Y OGN ~—] 22193 %gqm%q o
L vy Hlld ] ISUINI "
/08 AMOWIW Q =7 997 257 057 8%
95
S @n\ HIZLINVIIO
TN )
18,
09, 29, — Y307
, : SISTHINAS
VIO 2171 TRl | [TV X7
WV : | HLId 7S
10090 2UNdWO) AHOWIN e
. WO
L\& * L~ U Q%
v I
NOLLYWIIIT LT
SN0 Szunvno| - [N STTWVS
IRl J0L9n HLH ISLINI HITdS =
; ONUHIEM | I | dT ; \
95 I of 5’




EP 0 333 425 A2

70

f,u
CONTROL s
= /75
R ~ PO 7
\ -
4 \( GAUSSIAN
7%
|
VU
BOOK 1 |f—L— Oyt
FIFO " ¢
]
72/ 79 wV,
ol
Fig. 7
FRAME | OF DIGITAL INPUT VOICE SAMPLES
BLOCK 1 BLOCK 2 BLOCK 3 BLOCK 4
SEQUENCE LPC
SEQUENCE INDEX PARAMETERS
2 bits
VECTOR QUANTIZER VECTOR QUANTIZER

INDEX . GAIN FACTOR

PITCH FACTOR , PITCH PERIOD

Y

{

INDICES . GAIN FACTOR

f

OUTPUT FRAME

Fig. 8




	bibliography
	description
	claims
	drawings

