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AN EXC ()1

FOR CODING OF AUDIO AND SPEECH SIGNALS
Field of the Invention

The present invention relates to digital coding systems and, in particular,
discloses an arrangement that can be used in very low bitrate compression coding of
audio and speech signals.

: Background Art

Digital speech, wideband speech and low-bandwidth audio compression coding
algorithms have been standardised internationally by various bodies, such as the
Telecommunications Standardisation Sector of International Telecommunication Union
(TU-T) and European Technical Standards Institute. Such speech compression
algorithms are currently being used in the coding of speech or audio signals of 7 kHz
bandwidth and below. Various standardised algorithms which have emerged inciuded
the ITU-T recommendations e.g. G.723, G.729 and G.728. These algorithms are

" usefial for coding of speech signals at the bitrate range of 5.3 kbits/s to 16 kbits/s. The
quality of coded outputs from such algorithms range from communication quality to toll
quality.

While various techniques such as Multipulse, Code Excited Linear Prediction
(CELP), and Multiband Excitation have been used for speech coding, CELP has proven
to be very popular. As a result, different enhancements and features have been added
to the CELP scheme. The ITU-T G.723 standard is highly representative of the present
state of the art. Details are reported in the ITU-T document "Draft Recommendation
G.723- Dual rate speech coder for multimedia telecommunication transmitting at 5.3
kbits/s & 6.3 kbits/s® dated October 14, 1995. |

Figure 3 shows a speech encoder block diagram of the prior art. The coder
first buffers the input consecutive speech samples in which the input signal is sampled .
ar 8000 Hz and converted to a 16 bit linear PCM format. These consecutive input
samples, denoted by §3.1, are buffered into frames of 240 samples by the framer 3.1,
and a further partitioning into two parts of 120 samples each and a subdivision into four
subframes of 60 samples is pcrfbrmnd. The resultant output siglial $3.2 is then passed
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current subframe. Eleven autocorrelation coefficients are then computed from the
windowed signal, and a correction factor follows for the first autocorrelation coefficient
while the remaining coefficients are multiplied by values from a table. Altogether, four
linear predictive coefficient sets are computed for the 240-sample frame. The output
from the LPC amalysis, S3.4, is then quantized using a line spectral pair (LSP)
predictive split vector quantizer 3.4. The resultant three sub-vector output signal §3.5
is then passed through an LSP decoder 3.5, to obtain a decoded LSP vector S3.6.
Linear interpolation, performed by an intespolator 3.6, is execu_tqd on a subframe basis,
‘between a decoded LSP vector and the previous LSP vector. The four interpolated LSP
vectdrsarethenconvenedtoLPCvectors, and a decoded speech signal is obtained
through an LPC synthesis filter, also done within the interpolator.

For each subframe, the unquantized LPC cocfficients signal $3.4, arc used to
construct a formam perceptual weighting filter 3.10, and each high pass filtered input
speech subframe of signal $3.3 is filtered by the constructed filter. The formant
percepnal weighting filter coefficients S3.8 are passed to the impulse response
calculator 3.7. The weighted output speech signal §3.9 of the formant perceptal

. weighting filter 3.10 is passed to a pitch estimate 3.12 and a harmonic noise shaping
filter 3.11. The harmonic noise shaping filter 3.11, provides a mechanism to improve
the quality of the encoded speech. Computation of the noise shaping filter coefficients
$3.10 involve the estimation of the optimum filter gain'from an optimal lag. The noise
shaping filter coefficients §3.10, are passed to the impulse response calculator 3.7. At
the impulse response calculator 3.7, a combination filter is synthesised using the inputs
from the LPC synthesis filier coefficients 3.7, the formant percepum weighting filter
coefficients S$3.8, and the harmonic noise shaping filter coefficients $3.10. . The
cocfficients of the resultant filter $3.11, msavedmanwmoryupdaneumt.?S for
processing a reconstructed excitation sequence. The memory output $3.13 of the
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harmonic noise shaping filter 3.11, producing a resulting target vector $3.17.

For every two subframes, one pitch estimate is performed in the pitch

. estimator 3.12, using the formant perceptually weighted speech signal $3.9. In the
pitch estimator 3.12, an index which maximises a defined cross-correlation factor is
selected as the estimate of the open loop pitch period.

In a pitch predictor 3.13, a fifth order pitch predictor uses the open loop pitch
period indices S3.15 from the pitch estimator 3.12, to determine the closed loop pitch
1ags of subframes 0 and 2. These pitch lags are coded using 7 bits, and for subframes 1
and 3, the closed Joop pitch lag is coded differentially using 2 bits, relative to the pitch
lags of subframes O and 2 respectively. The pitch predictor gains are vector quantized
using two codebooks. These two codebooks have 85 or 170 entries fof the higher
bitrate and 170 entries for the low bitrate. An output §3.19 of the pitch predictor 3.3 is
subtracted from the target vector $3.17, to produce the residual signal §3.20, which is
an input to the MP-MLQ/ACELP module are the pitch predictor lags $3.18, and the
impulse response $3.12, of the impulse response calculator 3.7.

In the MP-MLQ/ACELP module, the quantisation of the residual signal is
performed. MP-MLQ Is used for quantisation at the higher bitrate and ACELP for the
lower bitrate. The quantization process is such that the residual signal is approximated
by an excitation vector consisting of gain factor and pulse position lag indices. These
indices serve as an input $3.21. to the excitation decoder, 3.16. In the excitation
decoder 3.16, the decoding of pulses is performed by first decoding a series of
parameters such as a maximum gain index, position of pulses, grid position, pulse sign
and in the case of high bitrate decoding, the pulse train bit. The pitch predictor lag and
gain vector are decoded in a pitch decoder 3.15, and are used to generate the pitch
contribution §3.23. The pitch contribution $3.23 and the pulse contribution $3.22, are
summed together to form the excitation vector $3.24, which is used to update the
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achieved by passing the signal §3.24 through the filter and the memory of the
combination filter is saved in the memory update module 3.8.

The bit allocations for the coder are used for the LPC indices, adaptive code-
book lags, all the gains, pulse positions, pulse signs and grid index. The total pumber
of bits allocated per frame amount to 192 bits and 158 bits for coding at 6.3 kbit/s and
5.3 kbit/s respectively. The bits are arranged in a defived bitstream syntax for
transmission. |

In the prior art decoder shown in Figure 4, the received bitstream signal is first
analysed and unpacked into the respective signal inputs, namely an input S4.1 for the
LSP decoder 4.1, an input $4.4 for the pitch decoder 4.3, and an input S4.6 for the
excitation decoder 4.4.

For the decoder of Fig. 4, the LSP decoder 4.1, the LSP interpolator 4.2, the

 pitch decoder 4.3, and the excitation decoder 4.4, all operate identically to their
corresponding modules in the encoder of Fig. 3, (i.e. LSP decoder 3.5, interpolator

" 3.6, pitch decoder 3.15 and excitation decoder 3.16 respectively). The output signals
from the decoder modules, namely, $4.2, §4.3, S4.5, S4.7 and S4.8 are similar to
those of 83.6, $3.7, §3.23, §3.22 and §3.24 respectively.

A pitch postfilter 4.5 takes in a complete frame excitation signal $4.8, and
performs the postfiltering on a subframe basis. The pitch postfilter 4.5 serves to
enhance the quality of the synthesized signal. The postfiltered signal $4.9 is fed into a
tenth order LPC synthesis filter 4.6, where a speech signal S4.10, is synthesised. A
formant postfilter 4.7, then performs a conventional ARMA filtering to obtain an.
output $4.11. This signal is gain-scaled in a gain scali:_ig umt 14.8 to obtain the decoder
output vector $4.12. '

Even though the ITU-T G.723 has achieved good communication quality for
speech coding at 5.3 kbit/s and 6.3kbit/s, as a result of increasing demand for lower
bitrate speech coding services, similar or betrer speech and low-bandwidth audio quality
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linear predictive coding techniques thus requires efficient coding of both the LPC filter

parameters and input excitation parameters.
It is also desirable that means to encode the excitation at low bitrates is

provided io penerate a representation that provides an accurate and compact
representation of the excitation for speech syntbesis.

As the excitation part constitutes more than 80 percent of the codec's coding
bits, improvement can be obtained by a more efficient excitation analysis and synthesis
Summary of the Invention

Various aspects of the present invention are defined in the claims appended
hereto. |

Specific embodiments provide a means of further bitrate reduction using a
pitch synchronous concept and classifying the signal into three modes for which
different coding techmiques are applied. It enables the secondary residual to be coded at
a lower bitrate. One of the techniques used to code the secondary residual is the
extended excitation of the previous excitation, which is efficient in reducing the bit rate
for the voiced frame. In order to overcome the over-periodic problem for extended
excitation, a jOlnt optimization of the adaptive codebook and the extended excitation is

used.
Brief Description of the Drawings |
A number of embodiments of the present invention will now be described._IWim
ceference to the drawings in which: | |
Figure 1 shows an illustration of an encoder of the present invention;
Figure 2 shows an illustration of a decoder of the invention; * E

Pigure 3 shows an illustration of an encoder of the prior art;
Figure 4 shows an illustration of a decoder of the prior art;

(98 L 1690 © NOSODUEE ¥ NOSNGS  UOT 9661 ‘a5 2



" For unquant | zed LPC coefficients signal S3.4, are used
to nt perceptual weighting.filter 3.10, and each high
pass speech subframe of signal S3.3 is filtered by the
construct ed f| I ter The formant perceptuag-weighting filter coefficients
S3.8 are passed to the inpul se response calculator 3.7. The wei ghted

out put speech signal__S3.9 of "the formant perceptuyal weighting filter 3.10
i s passed to a pit crFigureiSpshows an ilustration-ofithe desfyationof extended; excitation fromra

3.11. The harnonic n sha ter 3.11, provides a nechanismto
i nprove the qu@FFY‘PE’sé*&ﬁ‘ﬁé‘xc‘@ﬁ%g%&p‘%l . Conput ation of the noise

shaping 11 1er cocf igig ﬁuﬁga&mmﬂw 16 PP e bl B

filter gain'froman o en0|ses
previous ACELP excitation of 8 pulses.

Detailed Description of the Preferred Embodiments
This coder of the embodiment operates on the principles of linear prediction
analysis-by-synthesis coding and uses different excitation techniques to code the
residual signal. The block diagram of an exemplary encoder is shown in Figure 1.
The encoder operates on blocks (frames) of 240 samples each, which is equal to 30
msec at an 8 kHz sampling rate. An input speech signal S1.1 is first buffered into
frames of240_samples. Each frame is then high-pass filtered to remove the DC
component and then divided into four subframes of 60 samples each, denoted by signal
S51.2. For every subframe, a tenth order linear prediction coder (LPC) filter 1.2 is
computed using the pre-processed signal S1.2. The LPC filter 1.2 for the last subframe
is quantized using a Predictive Split Vector Quantizer (PSVQ) 1.4. The other
subframes of the LSP coefficients are. linearly interpolated. The unquantized LPC
coefficients are used to construct a short term perceptual weighting filter 1.3, which is
used to filter the entire frame and to obtain the perceptually weighted speech signal
S1.5.

thro an LPC S nthe5|s filter, also done within the interpolator.
C%
f|

The open loop pitch period signal $1.7 is computed by a pitch estimator 1.6
using a formant weighted speech signal S1.5 output from the filter 1.3, for every two
subframes (120 samples). The pitch period is searched in the range from 18 to 142
samples.

From this point the speech is processed on a 60 se:nple per subframe basis.

Using a estimated open-loop pitch period signal S1.7 computed by the pitch
eétimator 1.6, a harmonic noise shaping filter 1.7, is constructed. The combination of
the LPC synthesis filter 1.2, the formant perceptual weighting filter 1.3, and the
harmonic noise shaeing filter 1.7 is used to create an impulse response signal S1.9.
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coefflm.mgengageeg.ﬁe 128ddE passed to the inpul se response calculator 3.7. At
t he |rrp calculator 3.7, a conbination filter is synthesised
usi ng t @the LPC synthe5|s filter coefficients S3.7, the

f or mant ghting filter coefficients S3.8, and the harrmnic
noi se shap| ng fllter coefficients S3. 10.-7Mhe coefficients of the
resultant filter S3. 11, are saved in a menory update unit 3.8, for

processing a The impulse response signal S1.9 is then convolved with an excitation s:gn%l $1.13,
and a zero state response signal S1.14, is obtained.

Using the pitch period estimation S1.7, and the impulse response S1.9, an
adaptive codebook excitation S1.21 is computed. In adaptive codebook excitation, a
fifth arder pitch predictor is used. The pitch period is computed as a small differential
value around the open loop pitch estimate. The contribution of the adaptive codebook
$1.14, (when S1.22 is zero) is then subtracted from the initial target vector SI1.12.
Both the pitch period of subframes 1 and 2 and the differential values for subframes 1
and 3 are transmitted to the decoder.

Finally, the secondary residual sigmals are encoded by either a voiécd or
unvoiced excitation module according to the signal classifier’s output. For the voiced
case, a further classification is conducted according to the closed-loop pitch lag, which
determines whetber an algebraic codebook excitation (ACELP) S1.18, or gain-scaled
extended excitation S1.19, is used for encoding this voiced residual accordingly. When
using extended excitation, both the adaptive apd extended excitation are jointly
optimized. For the unvoiced case, a Gaussian stochastic codebook $1.20, is used.

The transmitted information to the receiver includes the LSP vector index,
adaptive codebook lag and tap indices, 1-bit voicedfunvoiced flag, and secondary
excitation information.

The decoder diagram is shown in Figure 2. The decoder operation is also
performed on a frame-by-frame basis. First the quantized LPC indices S2.1, are
decoded, then the decoder constructs the LPC synthesis filter 2.8. Eor every subframe,
both the adaptive codebook excitation indices $2.6 and fixed (secondary) codebook
excitation indices $2.4, are decoded and the decoded excitation is ipput §2.14 1w the
synthesis filter 2.8. For the fixed codebook excitation, the excitation selector selects
the ACELP excitation 2.4, extended excitation 2.5, or stochastic excitation 2.6,
according to a signal mode flag, S2.5. The adaptive postfilter consists of a formant
postfilter 2.9, and a forward-backward pitch postfilter 2.7. The excitation signal,
$2.13, is input to the pitch postfilter 2.7, which in turn is input to the synthesis filter
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explained using Figure 1, Figure 2, Figure 5 and PFigure 6 wlich provide a method for
speech coding to reduce the coding bits for voiced speéch or audio. |
In the encoder of Figure 1 and decoder of Figure 2, the shaded modules depict
additions 1o the prior art. In particular, pre-processes module 1.1 in Figure 1 is the
combination of both the framer 3.1 and high pass filter 3.2 of Figure 3., The LPC
analysis module 1.2 of Figure 1 is similar to module 3.3 in Figure 3. Modules
indicated by literals 1.3, 1.5, 1.6, 1.7 and 1.8 in Figure 1 are the same as the modules
indicated by literals 3.10, 3.7, 3.12, 3.11 and 3.9 in Figure 3. Module indicated by
litecal 1.4 in Figure 1 is the combination of modules indicated by literals 3.4, 3.5 and
3.6 in Figure 3. In Figure 2, the modules denoted by literals 2.1, 2.2, 2.7, 2.8, 2.9
and 2.10 are the same as the modules denoted by literals 4.1, 4.2, 4.5, 4.6, 4.7 and 4.8
respectively. The algebraic codebaok excitation module 1.1 of Figure 1 apd 2.4 in
Figure 2 are similar to the ACELP module 3.14 of Figure 3 and the excitation decoder
module 4.4, in Figure 4.
 Adaptive codebook excitarion module 1.10 of Figure 1 is similar to piich
predictor module 3.13 of Figure 3, however the optimization procedure is slightly
different between them. For the preferred embodiment, the adaptive codebook
. excitation optimization can be joindy conducted with the extended excitation according
to the decision of the mode classifier module 1.9.
The signal mode classifier 1.9 of Figure 1 is input with the open pitch lag
§1.7, from which a a voiced/unvoiced indicator B; (i=0,1,2,3) can be estimated by
analyzing formant perceptial weighted signal S1.5.  The different possible
combinations of voiced and unvoiced decision of each set of consecutive subfrz;mes are
shown in Table 1. In Table 1, V means voiced and U means unvoiced subframes. A
final classification for the entire frame is given. Based on the extended excitation
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and p ag i ndi ces. These indices serve as an input S3.21. to

t he excitation decoder, 3.16. In the exci-tqgati on decoder 3.16, the decoding
of pulses is performed by first decoding a series of paraneters such as a
maxi num gai n i ndex, position of pulses, biéjl position, pulse sign and in
the case of high bitrate decodinq( .the pu setr in bit. The pitch predictor
|l ag and gain vector are decoded ugyq M3 15 and are used to

generate the ptrrcTn

Case 0111213141516 7)8]9]10J11]12]13}14}15
SubframeQ |V |V |VIVIV|IVIVIVIU|UJUJUIUjJUJU]|U
Subframe 1 vivivivyululuiujlviviyivivyiulululuo
Subframe?2 {V(V|U|(U|(V|iV|UjU|V|V|{U|U|V|[V{U]|U
Subframe 3 viujviuiviugjviulviutviuilviuiviu
Frame \AR 2R AR AR ARERIARIERINRERIERIERINRIBEINRI]
classification

\/LY)

After the classification of voiced/unvoiced, a further classification, signal mode
classification, is conducted for the voiced with respect to ¢he pitch lag of subframe 0.
The signal mode classification of the frame consists of three modes. Mode 1 is
agsigned if a frame is voiced and the pitch lag s less than 60 samples. Mode 2 is
assigned if a frame is voiced and the pitch lag is between 60 and 120 samples. Mode 3
is assigned 1f a frame is unvoiced or the pitch lag is greater than 126 samples. A
summary of signal mode classification is shown in Table 2.

Table2
Signal mode classification
Cases ' Signal Mode
Voiced Pitch < 60 (Samples) Mode 1
Voiced * 60 < Pitch < 120 Mode 2
Others (unvoiced & pitch > 120) Mode 3

As soon as the signal classification is finished, the corresponding techniques to
encode the secondary residual signals for each mode are used. The coding techniques
are shown in Table 3. If the currem frame is classified as Mode 1, for instance, the
secondary residuals (target signal S1.12, minus the adaptive codebook contribution) of
subfcames O and 2 are encoded by ACELP techniques 1.11, the secondary residuals of
subframes 1 and 3 are encoded by extended excitation 1.12. At Mode 2, the secondary
residuals of subframes O and 1 are encoded by ACELP techniques, the secondary
residuals of subframes 2 and 3 arc encoded by extended excitation. At Mode 3, the
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will be shown during extended excitation subframes, that there is no requirement to
encode secondary residual parameters as these are derivable from parameters already
coded as joint optimization techniques are used.

Table 3
Techniques for coding the secondary residual at each mode

Signal mode

Subframe 0

Subframe 1

Subframe 2

Subframe 3

Mode 1

ACELP

" Extended

ACELP

Extended

Mode 2

ACELP

ACELP

Extended

Extended

Mode 3

Stochastic

Stochastic

Stochastic

Stochastic

. The secondary residual signal S1.16, after subtracting the adaptive codebook
contribution is coded by the stochastic codebook 1.13, if the signal is classified into
Mode 3. The secondary residual signal is transferred as secondary target vector to the
random codebook excitation module, 1.13. This module performs the quantization of
this vector. The quaotization process is approximately the secondary target vector by
the gain G; scaled version of signal $1.20. The best gain Gy and excitation vector

. $1.20 which can minimize $1.15 are found.

According 1o the ontput of the classifier 1.9, as shown in Table 2, the residuals
of some subframes are coded by extending the previous ACELP encoded excitations.
A further classification is made according to the pitch period, i.e. Mode } or Mode 2.
The reason for using extended excitation 1.12 is that by forcing the secondary
excitation to have a pitch structure, it is possible to match voiced speech more
accurately. .

The extended excitation of a current subframe S1.19, is obtained by extending
the best excitation of the previous subframe with an interval equal to the current closed
loop pitch, and being scaled by a gaia G, |

An ilustration of the derivation of an extended excitation from a previons
ACELP excitation (c.g. 4 puises) is shown in Figure 5. The solid-linc pulses are the
original ACELP excitation pulses of previous subframe. The broken-line pulses are the
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decoder 4.1, an input S4.4 for the pitch decoder 4.3, and an input S4.6 for
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two subframes' best excitations with multiple intervals of the current closed loop pitch,
and being scaled by a gain G,
" An illustration of the derivation of extended excitation from previous ACELP
excitation (e.g. 8 pulses) is shown in Figure 6. The solid-line pulses are the original
ACELP excitation pulses of previous subframes § and 1. The broken-line pulses are
the extended ones with an interval equal to pitch. | | |
 For the subframe 3, the excitation of subframes 1 and 2 are tegarded as the
previous subframes’ excitation. The same extension techniques which are applied to
subframe 2 to obtain the extended excitation are similarly applied for subframe 3.

In the prior arts, the adaptive codebook excitation and the secondary (ACELP,
extended, or stochastic) excitations are computed sequentially. When the adaptive
excitation is optimized, the effect of the secondary excitation is assumed to be zero.
Thus, after the sccondary excitation is calculated, the adaptive excitation becomes sub-
optimal. The reason for sequential optimisation is that the number of computations is
reduced significantly. "

In the preferred embodiments described herein, for .the subframes with
extended excitations, the secondary excitation is actually decided already except for the
gain levels. Therefore, employing joint optimization does not result in a severe
increase in computation load.

The shape of this extended excitation is almost decided. The shape is only
decided by the closed-loop pitch lag. For example, let G, denote the gain level for the
extended excitation S1.19, S1.7 is the open loop pitch lag, by is the adaptive codebook
gain vector, then the joint mean square estor Ejpyy, is minimized jointly by selecting
G,, the shift of open pitch lag S.l'.7 (also referred as closed loop pitch lag) and &, by
which the adaptive codebook excitation and extended excitation can be determined.
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t he d%@dﬁd’et%@@énﬂé y, S4.2, S4.3, S4.5, S4.7 and S4.8 are sinmlar to
t hose o S3 23 S3. 22. and S3. 24 respectively. A pitch
postfll lln a conplete frame excitation signal S4.8, and
per f or ns ering on a subfranme basis. The pitch postfilter 4.5
serves to enhance the quality of the syni{mesi zed signal. The postfiltered
signal S4.9 is fed into a tenth order LPC synthesis filter 4.6, where a
speech signal S4. 10 synt hesi sed. A formant postfilter 4.7, then
performs a conventi otfaﬂﬂl peRtiad gptimization d waod dastead of jointooptivuzation, the processod s

signal is gain-scajed in nscaling unit 4.8 to obtain the deco
out put vector @?‘Jl ﬁl@ggy EY Wﬁou&ﬁ‘etmﬁ}m‘ @Wfﬁa@“%@ém‘e&e@egood
comruni cati on qual.j f ech co and khit/s, ,.as a
result of incr @58t %%@%ﬁf&: frjo‘rI tive Rodtoiok p'{':ﬁ 1l e Bhe petibdic

: effects. By using this joint scheme, the "vibrating" effect can be avoided.

This present invention uses a more efficient representation of the input
excitation of a Linear Prediction Analysis-by-Synthesis Coder, thereby resulting in the
high quality speech and low-bandwidth audio coding being attainable af total bitrate of
4.8 kbit/s and below. The new excitation coding techniques outlined here are highly
useful for very low bitrate compressijon coding of speech and low-bandwidth audio.

The foregoing describes only a mumber of embodiments of the present

| _ invention and modifications, obvious to those skilled in the art, can be made thereto
without departing from the scope of the present invention.
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bitr |h services, simlar or better spee h and Iowbandwl dth
aUdI’HIﬂH;m i, n ght at bitrates of 4.8 kbit/s Ceﬁo or
mar gi*nalc g increase in algorithmc conpl

Synthesis of high quality speech and | ow bandw dth a Lrat es
using linear predictive coding techni quest%-hus requi res eff| CI ent coding
of both the LPC filter

1. A method of encoding audio or speech signals, said method comprising the
steps of:

a) sampling an input audio or speech signal and grouping said samples
into frames each of an equal number of said samples;

b) passing said frames through a high pass filter to remove any DC
component, thereby producing pre-processed signal frames; |

c) dividing each of said pre-processed signal frames into a number of
subframes of equal size;

d) computing a set of tenth order linear predictive (LP) filter coefficients
onathreesubfrahxewindowccntredoneachsubﬁ'ame; ' '_

€) converting the LP filter coefficients into ﬁnz spectral pair (LSP)

~ coefficients to remove any long-term DC éomponcnt and then vector quantizing the
resultant dc-removed LSP coefficients;

D decoding the quanhzed LSP vectors using a LSP decoder amd
performing linear interpolation between a decoded LSP vector and the previous LSP .
vector to produce 4 interpolated LSP vectors;

€  constructing a formant perceptal weighting filter using said set of LP
coefficients generated for each subframe;

h) filtering cach said subframe of an input frame using -the: perceptual
weighting filter resulting in a perceptually weighted audio or speech frame;

9} computing at least two pitch estimates for every frame, one pitch
estimate being for the first two subframes, and one other pitch estimate for the last two
subframes; _ '

b)) subjecting the formant percepﬁlally weighted frame to harmonic noise
shaping filtering to obtain a tafget vector frame; '

K generating an impulse response filter with component inputs from the
quantized LP filter coefficients, harmonic noise shaping filter cocfficients and the
formant perceptual weighting filter coefficients;

oA
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par nd i nput excitation par anet ers. Th;ssL IS aI o] de§| rable
thaimgi ﬂt&m’the excitation at low bitrates
genel ation that provides an accurate

representation of the excitation for speech synthes t he
excitation part constitutes nore than 80 -psr-cent of the codec s coding
bits, inprovenent can be obtained by a nore efficient excitation anaIyS|s
and synt hesis nethod and codj hg Sunpary of

the Invention Vaﬁ%‘!]@'&&ﬂe’-&@éw respensp fordha,impulse ceappass filler WIER | ned
in the clains &[e)penctied herea&lzero-valuedsampla

m) computing an open-loop pitch period using the formant weighted
speech signal for every two subfmmes; .

m)  using the open-loop pitch period and formant perceptually weighted
speech or voice as inputs to 2 mode classifier to obtain a voiced/unvoiced classification;

o) generating an excitation sigmal using excitation anmalysis for
convolution with the impulse response to produce a 2ero state résponse; and

p) adjusting said target vector frame by subtraction of the zero state
response and the zero input response and feedback of the resultant adjusted target
vector through a least-mean-square algorithm for excitation analysis.

2. A method for decoding audio or speech sigmals encoded according to the
ﬁxethod of claim 1, said decoding method comprising the steps of:

a) decoding linear predictive coder (LPC) indices using an LSP decoder
and LSP interpolation process corresponding to those of the encoding method and
constructing a LPC synthesis filter for each subframe of an input signal;

b) decoding an adaptive codebook excitation and a fixed codebook
excitation and inputting the decoded excitation to the LPC synthesis filter;

) selecting one of an algebraic codebook excitation (ACELP), extended
excitation or stochasﬁ excitation depending on a signal mode flag set;

d) subjecting the decoded excitation vector to a forward-backward pitch
postfilter, the output of which is fed into the LPC synthesis filter; and

e) subjecting the decoded LPC synthesis output to a formant postfilter
and a gain scaling unit to provide a decoded output signal.

3. A signal mode classification method comprising the steps of:

a) subdividing a signal frame into at least four subframes each of an
equal number of samples;
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Specific enbodi ments provide a neans of further bitrate rqﬂggh&pﬁas

pi tCIIt u ncept and cl assifying the signal |nto
whi ¢ ll lmmu]m"ﬂllﬂwnng techni ques are applied. It enables
resi ddal ‘t 0" be" cdded at a lower bitrate. One of the technl

code the secondary residual is the ext endad- excitation of the preV|ous

excitation, which is efficient in reducing the bit rate for the voiced
exei tati on, & of nibopt | ATAIRo ey ARPIAE kPR . A0 i AR ok o
CEATIL A ———_ 1
be descri 'bed W th r(gf er e@ﬁ?sifs'&gttﬂ@s@ﬁﬁ‘ﬂaﬂﬂsas'aﬂ lﬂWél&Q frame when two Or more
of the four subframes are classified as unvoiced, otherwise the signal frame is classified
as voiced;
d) computing a pitch lag of the signal frame;
€) defining two pitch lag thresholds, nl and n2, such that n is less than
n2 and n2 is less than the total number of samples per frame; and
f) designating the signal frame as mode 1 when the frame has been
identified as a voiced frame and the pitch lag is nl1 samples or less;
g designating the frame as mode 2 when the frame has been identified as
a voiced frame and the pich lag is greater than n1 samples but Jess than or equal o 12
samples; or
h) designating the frame as mode 3 when the frame has been identified as
a voiced frame and the pitch lag exceeds n2 samples or when the frame has been
' identified as an unvoiced frame.

4, | A mulii-mode excitation coding method compnsmg the steps of:

a) selection of onme of three excitation modes, namely, algebraic
ka excitation (ACELP), extended excitation and stochastic excitation, based on
the mode decigion of 2 voiced/unvoiced signal mode classification;

b) performing a further classification of said frame when said frame is
classified as a voiced frame, said further classification being performed according to the
pitch lag which determines whether an ACELP or gain-scaled extended excitation is
used for encoding the voiced residual;

o) repeating the ACELP excitation of the previous subframe at an
interval of pitch for a voiced frame; and

d) wsing a joiot optimization of adaptive codebook excitation and
extended excitation to optimize the speech or audio quality attained.
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ure 1 shows an illustration of an encoder of the present ,hanﬁletlon

Fl gu“l‘l‘ﬁ'lﬂ““ﬂll”"lustrat|on of a decoder of the invention; et Has Been Replaced
Fi gu ustration of an encoder of the prior art“‘”ﬂ ,"”“”l”"
- 6- |gure "4 shows an illustration of a decoder of t

Figure 5 shows an illustration of the derfi¥ati on of extended excitation

froma

5. A stochastic excltation coding method comprising the steps of:

a) partitioning a signal frame into four subframes each having a residual
signal; |

b) coding the residual signal of each subframe after adaptive codebook
coding by treating the residual signal as a secondary target vector input 10 a stochastic
codebook excitation module; |

) obtaining a best gain and excitation vector for each subframe by
minimizing a least mean square error signal;

d) linearly quantizing the gain of the initial subframe according to a
predetermined mumber of levels, the gains of the subsequent three subframes being
dlﬁ‘erennally encoded using a lesser number of levels; and

e) sequcntmlly optimizing the shape vector for cach of these quantmd
gain levels.

6. An extended excitation coding method for coding of a voiced signal, said
method comprising the steps of:

a) checking the pitch period of said voiced signal, wherein said voiced
signal is classified as mode 1 if the pitch period is less than or equal to one-guarter of
the samples in & frame, or is classified as mode 2 if the pitch petiod exceeds one-
quarter of the samples but less than or equal to half of the total number of samples per
frame;

b) identifying the best excitation vector of the previous subframe when
the signal is classified as of mode 1, wherein the fixed excitation of the current
subframe being composed by extension of the previous excitation at multiples of current
subframe's pitch interval,

c) identifying the best vectors of the two subframes, subframe 0 and
subframe 1, when the signal is classified as of mode 2, the fixed excitation of subframe
2 being obrained by extension of the previous excitation at the current subframe's pitch
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previous ACELP excitation of 4 pul ses; and Fi gumsg,eg,hgy\geegﬂe laced

A&Jﬂ"ﬁﬂl"ﬂ“lﬁﬂ“ mll geglu?/gtelson of .ext ended exci t?)te![ glnl fe(rjo m

Pr efer red "Enfodf nent s This coder of the enmbodine

principles of linear prediction analysis-isy-synthesis codi ng and uses
different excitation techniques to code the residual signal. The bl ock
di agram of an exerrpl ary encaoder, is sho in_Figure 1. The encgder %(Perat es

on bl ocks (fratftesyalsnd M@s&m@g%afcwb e 3 I qbtained by |a cogresponds

kHz sanpling gate. | a llsflrst buffered into

frames of 240 g @Miﬁ@g?@fﬂmh ﬂﬁgh pass filtered to renove the

DC conponent  and the&} di V'&L‘iﬂfﬁ&t thunal gain levels for the extended fixed excitations
through a sequential optimisation procedure.

t he
t he

7. A method for joint optimization for adaptive and extended excitation of audio
or speech signals, said method comprising the steps of:

a) sequentially computing an adaptive codebook excitation and a
secondary excitation, and

b) performing joint optimization only when the secondary excitation is by
extended excitation, said joint optimization including defining a joint mean square
error, wherein the optimized gain level for extended excitation, pitch lag and adaptive
codebook gain vector can be obrained such as fo minimise the said joint mean square

€xxor.

8. A method according to claim 7, wherein the secondary excitation comprises
one of algebraic codebook excitation, extended excitation or stochastic excitation.

9. A transmission syntax for a codebook encoded signal decoder, said symtax
comprising LSP vector index, adaptive codebook Iag and tap indices, a voiced/unvoiced |
flag and secondary excitation information.

A
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four subfranmes of 60 sanpl es each, denoted by signal Sl1.2. For ev
subfranme, a tenth order linear prediction coder (LPC), filter lE,I HaSBee"Repla ed

conput ed using the pre-processed signal S1.2. The LPC filter 1 "m
| ast subfrane is quantized using a Predictive Split Vector Qua

(PSVQ 1.4. The other subframes of the LSPAScoefficients are linearly

I nterpol ated. The unquanti zed LPC coefficients are used to construct a

short term perceptual weighting filtem%ich is used to filter the
entire frane and to obtain the percep i ght ed speech signal Sl1.5.

The open loop pitch period signal Sl.7 is conputed by a pitch estimator 1.6
using a formant wei ght o ' Wter 1.3, for
every two subfranes (@ﬂ@#Wﬂ%%%WW%@ d inthe

range from18 to 142 pop CODING OF AUDIO AND SPEECH SIGNALS

This disclosure presents a multi-mode CELP coder (Fig. 1) which exploits a pitch
synchronous concept for bitrate reduction. By classifying the signal into three modes,
different coding techniques may be applied to code the secondary residual (§1.16). The
coding techniques are algebraic codebook excited linear prediction (1.11), extended
(1.12) and stochastic (1.13) excitation coding. Among these three coding techniques
for the secondary residual (S1.16), the extended excitation (1.12) of the previous
eﬁcitation is important for reduction of bitrate requirements during voiced frames.
While the bitrate is reduced by extended excitation (1.12), the speech or audio quality
can be maintained at a high level through using joint optimization of the adaptive
codebook (1.10) and the extended excitation (1.12). The computational load only
increases marginally for this joint optimization process. . .

Fig. 1
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por” subi Fromthis point the speech is processed Or’l‘hsSﬁ&tﬁa@ JneReplaced
per subfranme basis. . ﬁ :

Usi ng a estinmated open-1oop pitc 1

signal S1.7 computed by the pitch estimator 1.6, a harnonic | “MHI“ UIHII
filter 1.7, is constructed. The conbination of the LPC synth

1.2, the formant perceptual weighti né? ilter 1.3, and the .harnonic noise
shaping filter 1.7 is used to create an inpul se response signal S1.9. The

11 |
o $1.2
Prc- F
g Processing
X14

pmmman

1.9

—vesen
s

Figure I Block diagram of the speech encader for current invention
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-7 - inpulse response signal S1.9 is then.convol ved w th arrhiskdet 9dsiBedn Replaced
signal S1.13, and a zero state response signal Sl1.14, is obt

Using the pitch period estimation S1.7, and the inpul se respoﬁm

adaptive codebook excitation S1.21 iggconputed. In adaptive cod
excitation, a fifth order pitch predictor is used. The pitch period is

conputed as a small differential value around the open |oop pitch
estimate. The confti bution of mhe adaptive codebook S1. 14, (when S 1.22

is zero) is ' aghe fhe initialsagarget vector S1. 12. Both
the pitch p%> d & slbfra s"s!a |
subf r ames Ryoaden r ' . _

Figwre 2. Block diagram of the specch decoder for cutrent invention
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Finally, the secondary residual signals are-encoded by ei t,I_tﬂgrSheaeﬂ}fac;iB%&q{epr od
unvoi ced excitation nodule according:to the signal classifi il B r
the voiced case, a further classification is conducted accﬁmﬂ !l ﬂlm

cl osed-1oop pitch Iag, which determ nes whether an al gebra b
excitation (ACELP) S1.18, or gain-scaPé® extended excitation S1. 19, is
used for encoding this voiced residual accordingly. Wien using extended

excitation, both the adaptive and extended excitation are jointly
optim zed. For the unvoiced case, a Gaussian stochastic codebook S1.20, is

used. The transmtted information to the regeiver igcludes the LSP
vector index, adaptive codegook | ag_and tap_ indicesy; 1-bit Yoiced/unvoiced
flag, and secondary excitatgon injormationg g } 2 : 8
. s I 1S 1L
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The decoder diagramis shown in Figure 2. The decoder oper ati op ct3aSBeen R

laced
perfornmed on a frame-by-fra-me basis. First the quantized LPC Tﬂﬁ ? 7
are decoded, then the decoder constructs the LPC synthesis fil “ﬂﬂﬂﬂﬂ}m ||
every subfranme, both the adaptive codebook excitation indices '
fi xed (secondary) codebook excitationﬁhpdices S2.4, are decoded and the
decoded excitation is input S2.14 to the synthesis filter 2.8. For the
fi xed codebook excitation, the excitation selector selects the ACELP
excitation 2.4, extended excitation 2.5, or stochastic excitation 2.6,
according to a signal node fjlag, S2.5. The adaptiJe postfilter consists of

a formant postfilter 2.9, anfd a forward{backward gitch postfilter 2.7. The
excitation signal, S2.13, islinpgt to th 4
@
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-8- pitch postfilter 2.7, which in turn is input to the synt %ﬁiSiiee’;ﬁAstB%énRTlaced

2.8 whose output S2.15, is input to the formant postfilter 2.9 '
scaling unit 2.10, maintains the. energy at the input |evel of }mllﬂmm””" II
postfilter 2.9. Qperation of t preferred enbodi nents

present invention can now be expl aine sing Figure 1, Figure 2, Figure 5
and Figure 6 whch provide a nethod for speech coding to reduce the coding
bits for voiced speech or audio.
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.
In the encoder of Flgure 1 and decoder of Figure 2, the sha d

depict additions to the prior art. In particular, pre-proces
in Figure 1 is the- conbination of .both the framer 3.1 and hlE'ﬁﬂ "'l
3.2 of Figure 3. The LPC analysis nodule 1.2 of Figure 1 is

module 3.3 in Figure 3. Mdules indica6f by literals 1.3, 1.5, 1.6, 1.7
and 1.8 in Figure 1 are the sane as the nodules indicated by literals
3.10, 3.7 3.12, 3.11 and 3.9 in Figure 3. Mdule indicated by literal 1.4
in Figure 1 is the conbination of nodules indicated by literals 3.4, 3.5

and 3.6 in Figure 3. In Figure 2, the nodul es denoted by literals 2.1,
2.2, 2.7, 2.8, 2.9 and 2.10 are the __sane as.the nopdul es-denei-eqd by

literals 4.1, 4.2, 4.5, 4.6, 4.7 arjd¥4.8 respectively. .. The al ggbraic
codebook excitation nodule 1.11 of Figqu 1 and 2. 471N ithe 2 lare
ef 79—
{i )
g
| Eoje—] 7
é g
7]
B | g ©
§§_ ~~~~~ e +
b | e
¢ %- . e @
z : -
| i
i 2 |&— |3
§ B @
B ] S
Be =2
B S PN
i : i Sy
o ? T o
9 .-m“..-g....g
T Y S o
f 3
g 28
& BF -
» w g ®
=
= . oanee 550

82/92 ‘¢ 2690 oN B NOSNO¥EL ¥ NOSAAS - 22:91 9661 "dag 07



tI'y conducrety
of bkhe-nnde classifi
of Figure 1 is inpu

the gdaptive codel _ (
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Figure 3, however
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to the deci sion
1.9

voi ced/ unvot-eed i-ndi CAaROR CODING(OF AUDE) ANDSPEECHSIGNAES by anal yzi ng

f or mant per cept ual
conbi nati ons of voiced

wei ght ed si gnal

Field of the Invention

S1.5. The different possible

The present invention relates to digital coding systems and, in particular,
discloses an arrangement that can be used in very low bitrate compression coding' of
audio and speech signals.

Background Art

Digital speech, wideband speech and low-bandwidth audio compression coding
algorithms haye been standardised internationally by various bodies, such as the
Telecommunications Standardisation Sector of International Telecommunication Union
(ITU-T) and European Technical Standards Institute. Such speech compression
algorithms are currently being used in the coding of speech or audio signals of 7 kHz
bandwf ' Jand below. Various standardised algorithms which have emerged included
the ITU-T recommendations e.g. G.723, G.729 and G.728. These algorithms are useful
for coding of speech signals at the bitrate range of 5.3 kbits/s to 16 kbits/s. The quality
of coded outputs from such algorithms range from communication quality to toll quality.

While various techniques such as Multipulse, Code Excited Linear Prediction
(CELP), and Multiband Excitation have been used for speech coding, CELP has proven
to be very popular. As a result, different enhancements and features have been added to
the CELP scheme. The ITU-T G.723 standard is highly representative of the present
state of the art. Details are reported in the ITU-T document "Draft Recommendation
G.723- DUEII'L. rate speech coder for multimedia telecommunication transmitting at 5.3
kbits/s & 63 kbits/s" dated October 14, 1995. |

Figure 3 shows a speech encoder block diagram of the prior art. The coder first
buffers the inbut consecutive speech samples in which the input signal is sampled at 8000
Hz and converted to a 16 bit linear PCM format. These consecutive input samples,
denoted by S3.1, are buffered into frames of 240 samples by the framer 3.1, and a

further partitioning into two parts of 120 samples each and a subdivision into four

subframes of 60 samples is performed. The resultant output signal S3.2 is then passed



and-unvoi-ced-deci-si-on- of each set of consecutive subfiREREACEMENThSHEET

—

Table 1. In Table 1, V neans voiced and U neans unvdi g A
final classification for the entire framejis h t he
extended excitation strategy being used, only franeq w

I dentified as voiced and which al so has a majority off W $ may

be cl assified as voiced franes. -2-

into a high pass filter 3.2, whereby the dc. component is removed. The filtered output
signal S3.3, is subjected to a tenth order linear predictive (LP) analysis. In the LP
analysis, a hamming window is first applied to a 180-samp1e window centred on a
current subframe. Eleven autocorrelation coefficients are then computed from the
windowed signal, and a correction factor follows for the first autocorrelation coefficient
while the remaining coefficients are multiplied by values from a table. Altogether, four
linear predictive coefficient sets are computed for the 240-sample frame. The output
from the LPC analysis, S3.4, is then quantized using a line spectral pair (LSP) predictive
split vector quantizer 3.4. The resultant three sub-vector output signal S3.5 is then
passed through an LSP decoder 3.5, to obtain a decoded LSP vector S3.6. Linear
interpolation, performed by an interpolator 3.6, is executed on a subframe- basis,- .
between a decoded LSP vector and the previous LSP vector. The four interpolated LSP
vectors are then converted to LPC vectors, and a decoded speech’ signal is obtained
through an LPC synthesis filter, also done within the interpolator.

For each subframe, the unquantized LPC coefficients signal S3.4, are used to
construct a formant perceptual weighting filter 3.10, and each high pass filtered input
speech subframe of signal S3.3 is filtered by the constructed filter. The formant
perceptual weighting filter coefficients S3.8 are passed to the impulse response calculator
3.7. The weighted output speech signal 83.9 of the formant perceptual weighting filter
3.10 is passed to a pitch estimate 3.12 and a harmonic noise shaping filter 3.11. The
harmonic noise shaping filter 3.11, provides a mechanism to improve the quality of the
enééded speech. Computation.of the noise shaping filter coefficients S3.10 involve the
estimation of the optimum filter gain from an optimal lag. The noise shaping filter
coefficients S3.10, are passed to the impulse response calculator 3.7. At the impulse
response calculator 3.7, a combination filter is synthesised using the inputs from the LPC
synthesis filter coefficients S3.7, the formant perceptual weighting filter coefficients
S$3.8, and the harmonic noise shaping filter coefficients S3.10. The coefficients of the

resultant filter S3.11, are saved in a memory update unit 3.8, for processing a
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passed to a zero input response module 3.9, for computing the output of the combination
filter when the input signal is all zero-valued samples. The output zero-input response
S3.14, is then subtracted from an output S3.16 of the harmonic noise shaping filter 3.11,
producing a resulting target vector S3.17.

For every two subframes, one pitch estimate is performed in the pitch estimator
3.12, using the formant perceptually weighted speech signal S3.9. In the pitch estimator
3.12, an index which maximises a defined cfoss-correlation factor is selected as the
estimate of the open loop pitch period.

In a pitch predictor 3.13, a fifth order pitch predictor uses the open loop pitch
period indices S3.15 from the pitch estimator 3.12, to determine the closed loop pitch. .
lags of subframes 0 and 2. These pitch lags are coded using 7 bits, and for subframes 1
and 3, the closed loop pitch lag is coded differentially using 2 bits, relative to the pitch
lags of subframes 0 and 2 respectively. The pitch predictor gains are vector quantized
using two codebooks. These two codebooks have 85 or 170 entries for the higher bitrate
and 170 entries for the low bitrate. An output S3.19 of the pitch predictor 3.3 is
subtracted from the target vector $3.17, to produce the residual signal S3.20, which is
an input to the MP-MLQ/ACELP module are the pitch predictor lags S3.18, and the
impulse response S3.12, of the impulse response calculator 3.7.

In the MP-MLQ/ACELP module, the quantisation of the residual signal is
performed. MP-MLQ is used for quantisation at the higher bitrate and ACELP for the
lower bitrate. The quantization process is such that the residual signal is approximated
by an excitation vector consisting of gain factor and pulse position lag indices. These
indices serve as an input S3.21. to the excitation decoder, 3.16. In the excitation
decoder 3.16, the decoding of pulses is performed by first decoding a series of
parameters such as a maximum gain index, position of pulses, grid position, pulse sign
and in the case of high bitrate decoding, the pulse train bit. The pitch predictor lag and

gain vector are decoded in a pitch decoder 3.15, and are used to generate the pitch
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by passing the signal $3.24 through the filter and the memory of the combination filter is
saved in the memory update module 3.8.

The bit allocations for the coder are used for the LPC indices, adaptive code-
book lags, all the gains, pulse positions, pulse signs and grid index. The total number of
bits allocated per frame amount to 192 bits and 158 bits for coding at 6.3 kbit/s and 5.3
kbit/s respectively. The bits are arranged in a defined bitstream syntax for transmission.

In the prior art decoder shown in Figure 4, the received bitstream signal is first

analysed and unpacked into the respective signal inputs, namely an input S4.1 for the.

LSP decoder 4.1, an input S4.4 for the pitch decoder 4.3, and an input S4.6 for the
excitation decoder 4.4.

For the decoder of Fig. 4, the LSP decoder 4.1, the LSP interpolator 4.2, the
pitch decoder 4.3, and the excitation decoder 4.4, all operate identically to their
corresponding modules in the encoder of Fig. 3, (i.e. LSP decoder 3.5, interpolator 3.6,
pitch decoder 3.15 and excitation decoder 3.16 respectively). The output signals from
the decoder modules, namely, S4.2, $4.3, S4.5, S4.7 and S4.8 are similar to those of
$3.6, §3.7, §3.23, $3.22 and $3.24 respectively. |

A pitch postfilter 4.5 takes in a complete frame excitation signal S4.8, and
performs the postfiltering on a subframe basis. The pitch postfilter 4.5 serves to enhance
the.-quality of the synthesized signal. The postfiltered signal $4.9 is fed into a tenth
order LPC synthesis filter 4.6, where a speech signal S4.10, is synthesised. A formant
postfilter 4.7, then performs a conventional ARMA filtering to obtain an output S4.11.
This signal is gain-scaled in a gain scaling unit 4.8 to obtain the decoder output vector
S4.12.

Even though the ITU-T G.723 has achieved good communication quality for

speech coding at 5.3 kbit/s and 6.3kbit/s, as a result of increasing demand for lower
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is sought at bitrates of 4.8 kbit/s and below, with no or marginal corresponding increase
in algorithmic complexity.

Synthesis of high quality speech and low-bandwidth audio at low bitrates using
linear predictive coding techniques thus requires efficient coding of both the LPC filter
parameters and input excitation parameters.

It is also desirable that means to encode the excitation at low bitrates is provided
to generate a representation that provides an accurate and compact representation of the
excitation for speech synthesis.

As the excitation part constitutes more than 80 percent of the codec's coding
bits, improvement can be obtained by a more efficient excitation analysis and. synthesis. .
method and coding. |

Summary of the Invention '

Various aspects of the present invention are defined in the claims appended
hereto.

Specific embodiments provide a means of further bitrate reduction using a pitch
synchronous 'concept and classifying the signal into three modes for which different
coding techniques are applied. It enables the secondary residual to be coded at a lower
bitrate. One of the techniques used to code the secondary residual is the extended
excitation of the previous excitation, which is efficient in reducing the bit rate for the
voiced frame. In order to overcome the over-periodic problem for extended excitation, a
joihf optimization of the adaptive codebook and the extended excitation is used.

Brief Description of the Drawings

A number of embodiments of the present invention will now be described with
reference to the drawings in which:

Figure 1 shows an illustration of an encoder of the present invention;

Figure 2 shows an illustration of a decoder of the invention;

Figure 3 shows an illustration of an encoder of the prior art;
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previous ACELP excitation of 4 pulses; and

Figure 6 shows an illustration of the derivation of extended excitation from a
previous ACELP excitation of 8 pulses.

Detailed Description of the Preferred Embodiments

This coder of the embodiment operates on the principles of linear prediction
analysis—by—synthesis coding and uses different excitation techniques to code the residual
signal. The block diagram of an exémplary encoder is shown in Figure 1. The encoder
operates on blocks (frames) of 240 samples each, which is equal to 30 msec at an 8 kHz
sampling rate. An input speech signal S1.1 is first buffered into frames of 240 samples..
Each frame is then high-pass filtered to remove the DC component and then divided into
four subframes of 60 samples each, denoted by signal S1.2. For every subframe, a tenth
order linear prediction coder (LPC) filter 1.2 is computed using the pre-processed signal
S1.2. The LPC filter 1.2 for the last subframe is quantized using a Predictive Split
Vector Quantizer (PSVQ) 1.4. The other subframes of the LSP coefficients are linearly
interpolated. ~The unquantized LPC coefficients are used to construct a short term
perceptual weighting filter 1.3, which is used to filter the entire frame and to obtain the
perceptually weighted speech signal S1.5.

The open loop pitch period signal S1.7 is computed by a pitch estimator 1.6
using a formant weighted speech signal S1.5 output from the filter 1.3, for every two
subframes (120 samples). The pitch period is searched in the range from 18 to 142
samples.

From this point the speech is processed on a 60 sample per subframe basis.

Using a estimated open-loop pitch period signal S1.7 computed by the pitch
estimator 1.6, a harmonic noise shaping filter 1.7, is constructed. The combination of
the LPC synthesis filter 1.2, the formant perceptual weighting filter 1.3, and the

harmonic noise shaping filter 1.7 is used to create an impulse response signal S1.9. The
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Using the pitch period estimation S1.7, and the impulse response S$1.9, an

adaptive codebook excitation S1.21 is computed. In adaptive codebook excitation, a
fifth order pitch predictor is used. The pitch period is computed as a small differential
value around the open loop pitch estimate. The contribution of the adaptive codebook
S1.14, (when S1.22 is zero) is then subtracted from the initial target vector S1.12. Both
the pitch period of subframes 1 and 2 and the differential values for subframes 1 and 3
are transmitted to the decoder.

Finally, the secondary residual signals are encoded by either a voiced or
unvoiced excitation modulé according to the signal classifier's output. For the voiced
case, a further classification is conducted according to the closed-loop pitch lag, which
determines whether an algebraic codebook excitation (ACELP) S1.18, or gain-scaled
extended excitation S1.19, is used for encoding this voiced residual accordingly. When
using extended excitation, both the adaptive and extended excitation are jointly
optimized. For the unvoiced case, a Gaussian stochastic codebook S1.20, is used.

The transmitted information to the receiver includes the LSP vector index,
adaptive codebook lag and tap indices, 1-bit voiced/unvoiced flag, and secondary
excitation information.

The decoder diagram is shown in Figure 2. The decoder operation is also
performed on a frame-by-frame basis. First the quantized LPC indices S2.1, are
deébded, then the decoder constructs the LPC synthesis filter 2.8. For every subframe,
both the adaptive codebook excitation indices S2.6 and fixed (secondary) codebook
excitation indices S2.4, are decoded and the decoded excitation is input S2.14 to the
synthesis filter 2.8. For the fixed codebook excitation, the excitation selector selects the
ACELP excitation 2.4, extended excitation 2.5, or stochastic excitation 2.6, according to
a signal mode flag, S2.5. The adaptive postfilter consists of a formant postfilter 2.9,

and a forward-backward pitch postfilter 2.7. The excitation signal, s2. 13, is input to the
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is input to the formant postfilter 2.9. A gain scaling unit 2.10, maintains the energy at
the input level of the formant postfilter 2.9.

Operation of the preferred embodiments of the present invention can now be
explained using Figure 1, Figure 2, Figure 5 and Figure 6 whch provide a method for
speech coding to reduce the coding bits for voiced speech or audio.

In the encoder of Figure 1 and decoder of Figure 2, the shaded modules depict
additions to the prior art. In particular, pre-processes module 1.1 in Figure 1 is the
combination of both the framer 3.1 and high pass filter 3.2 of Figure 3. The LPC
analysis module 1.2 of Figure 1 is similar to module 3.3 in Figure 3. Modules indicated
by literals 1.3, 1.5, 1.6, 1.7 and 1.8 in Figure 1 are the same as the modules indicated.
by literals 3.10, 3.7, 3.12, 3.11 énd 3.9 in Figure 3. Module indicated by literal 1.4 in
Figure 1 is the combination of modules indicated by literals 3.4, 3.5 and 3.6 in Figure 3.
In Figure 2, the modules denoted by literals 2.1, 2.2, 2.7, 2.8, 2.9 and 2.10 are the
same as the modules denoted by literals 4.1, 4.2, 4.5, 4.6, 4.7 and 4.8 respectively.
The algebraic codebook excitation module 1.11 of Figure 1 and 2.4 in Figure 2 are
similar to the ACELP module 3.14 of Figure 3 and the excitation decoder module 4.4,
in Figure 4.

Adaptive codebook excitation module 1.10 of.Figure 1 is similar to pitch
predictor module 3.13 of Figure 3, however the optimization procedure is slightly
different between them. For the preferred embodiment, the adaptive codebook
exéitation_ optimization can be jointly conducted with the extended excitation according
to the decigion of the mode classifier module 1.9.

The signal mode classifier 1.9 of Figure 1 is input with the open pitch lag S1.7,
from which a a voiced/unvoiced indicator B; (i=0,1,2,3) can be estimated by analyzing
formant perceptual weighted signal S1.5. The different possible combinations of voiced
and unvoiced decision of each set of consecutive subframes are shown in Table 1. In

Table 1, V means voiced and U means unvoiced subframes. A final classification for
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After the classification of voiced/unvoiced, a further classification, signal mode
classification, is conducted for the voiced with respect to the pitch lag of subframe 0.
The signal mode classification of the frame consists of three modes. Mode 1 is assigned
if a frame is voiced and the pitch lag is less than 60 samples. Mode 2 is assigned if a
frame is voiced and the pitch lag is between 60 and 120 samples. Mode 3 is assigned if
a frame is unvoiced or the pitch lag is greater than 120 samples. A summary of signal

mode classification is shown in Table 2.

Table 2
Signal mode classification
Cases Signal Mode
Voiced Pitch < 60 (Samples) Mode 1
Voiced 60 < Pitch < 120 Mode 2
Others (unvoiced & pitch > 120) Mode 3

As soon as the signal classification is finished, the corresponding techniques to
encode the secondary residual signals for each mode are used. The coding techniques
are shown in Table 3. If the current frame is classified as Mode 1, for instance, the
secondary residuals (target signal S1.12, minus the adaptive codebook contribution) of
subframes 0 and 2 are encoded by ACELP techniques 1.11, the secondary residuals of
subframes 1 and 3 are encoded by extended excitation 1.12. At Mode 2, the secondary

residuals of subframes 0 and 1 are encoded by ACELP techniques, the secondary
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secondary residual parameters as these are derivable from parameters already coded as
joint optimization techniques are used.

Table 3
Techniques for coding the secondary residual at each mode

Signal mode | Subframe 0 Subframe 1 Subframe 2 Subframe 3

Mode 1 ACELP Extended ACELP Extended
Mode 2 ACELP . ACELP Extended Extended
Mode 3 Stochastic Stochastic Stochastic Stochastic

The secondary residual signal S1.16, after subtractiné the adaptive codebook
contribution is coded by the stochastic codebook 1.13, if the signal is classified into
Mode 3. The secondary residual signal is transferred as secondary target vector to the
random codebook excitation module, 1.13. This module performs the quantization of
this vector. The quantization process is approximately the secondary target vector by the
gain G scaléd version of signal 51.20. The best gain G; and excitation vector $1.20
which can minimize S1.15 are found.

According to the output of the classifier 1.9, as shown in Table 2, the residuals
of some subframes are coded by extending the previous ACELP encoded excitations. A
further classification is made according to the pitch period, i.e. Mode 1 or Mode 2. The
reaéon for using extended excitation 1.12 is that by forcing the secondary excitation to
have a pitch structure, it is possible to match voiced speech more accurately.

The extended excitation of a current subframe S1.19, is obtained by extending
the best excitation of the previous subframe with an interval equal to the current closed
loop pitch, and being scaled by a gain G,.

An illustration of the derivation of an extended excitation from a previous

ACELP excitation (e.g. 4 puises) is shown in Figure 5. The solid-line pulses are the
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original ACELP excitation pulses of previous subframe. The broken-line pulses are the
extended ones with an interval equal to pitch. The intervals between any two identically
numbered pulses are equal to current subframe's pitch.

The extended excitation of subframe 2 is obtained by extending the previous two
subframes' best excitations with multiple intervals of the current closed loop pitch, and
being scaled by a gain G,. |

An illustration of the derivation of extended excitation from previous ACELP
excitation (e.g. 8 pulses) is shown in Figﬁre 6. The solid-line pulses are the original
ACELP excitation pulses of previous subframes 0 and 1. The broken-line pulses are the
extended ones with an interval equal to pitch.

For the subframe 3, the excitation of subframes 1 and 2 are regarded.as the
ﬁrevious subframes' excitation. The same extension techniques which are applied to
subframe 2 to obtain the extended excitation are similarly applied for subframe 3.

In the prior arts, the adaptive codebook excitation and the secondary (ACELP,
extended, or stochastic) excitations are computed sequentially. When the adaptive
excitation is optimized, the effect of the secondary excitation is assumed to be zero.
Thus, after the secondary excitation is calculated, the adaptive excitation becomes sub-
optimal. The reason for sequential optimisation is that the number of computations is
reduced significantly.

In the preferred embodiments described herein, for the subframes with extended
excitations, the secondary excitation is actually decided already except for the gain
levéls. Therefore, employing joint optimization does not result in a severe increase in
computation load.

The shape of this extended excitation is almost decided. The shape is only
decided by the closed-loop pitch lag. For example, let G, denote the gain level for the
extended excitation S1.19, S1.7 is the open loop pitch lag, by is the adaptive codebook

gain vector, then the joint mean square error E;y;y,, is minimized jointly by selecting G,,
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previous excitation by the interval of adaptive codebook pitch lag amplifies the periodic
effects. By using this joint scheme, the "vibrating" effect can be avoided.

This present invention uses a more efficient representation of the input
excitation of a Linear Prediction Analysis-by—Synthesis Coder, thereby resulting in the
high quality speech and low-bandwidth audio coding being attainable at total bitrate of
4.8 kbit/s and below. The new excitation coding techniques outlined here are highly
useful for very low bitrate compression coding of speech and low-bandwidth audio.

The foregoing describes only a number of embodiments of the present invention
and modifications, obvious to those skilled in the art, can be made thereto without

departing from the scope of the present invention.
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L. A method of encoding audio or speech signals, said method comprising the steps
of:

a) sampling an input audio or speech signal and grouping said samples

into frames each of an equal number of said samples;

b) passing said frames through a high pass filter to remove any DC
component, thereby producing pre-processed signal frames;

c) dividing each of said pre-processed signal frames into a number of
subframes of equal size; |

d) computing a set of tenth order linear predictive (LP) filter coefficients
on a three subframe window centred on each subframe;

e) converting the LP filter coefficients into line spectral pair (LSP)
coefficients to remove any long-term DC component and then vector quantizing the
resultant dc-removed LSP coefficients;

1) decoding the quantized LSP wvectors using a LSP decoder and
performing linear interpolation between a decoded LSP vector and the previous LSP
vector to produce 4 interpolated LSP vectors;

g) constructing a formant perceptual weighting filter using said set of LP
coefficients generated for each subframe;

h) filtering each said subframe of an input frame using the perceptual
weighting filter resulting in a perceptually weighted audio or speech frame;

i i) computing at least two pitch estimates for every frame, one pitch
estimate being for the first two subframes, and one other pitch estimate for the last two
subframes;

) subjecting the formant perceptually weighted frame to harmonic noise

shaping filtering to obtain a target vector frame;

|REPLACEMENT SHEET
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quantized LP filter coefficients, harmonic noise shaping filter coefficients and the
formant perceptual weighting filter coefficients;

) establishing a zero input response for the impulse response filter when
the input signals are all zero-valued samples;

m) computing an open-loop pitch period using the formant weighted speech
signal for every two subframes; _

n) using the open-loop pitch period and formant perceptually weighted
speech or voice as inputs to a mode classifier to obtain a voiced/unvoiced classification;

o) . generating an excitation signal using excitation analysis for convolution

with the impulse response to produce a zero state response; and

p) adjusting said target vector frame by subtraction of the zero state

' response and the zero input response and feedback of the resultant adjusted target vector

through a least-mean-square algorithm for excitation analysis.

2. A method for decoding audio or speech signals encoded according to the method
of claim 1, séid decoding method comprising the steps of:

a) decoding linear predictive coder (LPC) indices using an LSP decoder
and LSP interpolation process corresponding to those of the encoding method and
constructing a LPC synthesis filter for each subframe of an input signal;

‘ b) decoding an adaptive codebook excitation and a- fixed codebook
excitation and inputting thé decoded excitation to the LPC synthesis filter;

c) selecting one of an algebraic codebook excitation (ACELP), extended
excitation or stochastic excitation depending on a signal mode flag set;

d) subjecting the decoded excitation vector to a forward-backward pitch
postfilter, the output of which is fed into the LPC synthesis filter; and

e) subjécting the decoded LPC synthesis output to a formant postfilter and

a gain scaling unit to provide a decoded output signal.

resul tant dc-renpved



per f or i n ation bet we d/ect or and the
previ ous I@l !I ni oduce 4 |nter ctors; g)
construct cept ual weig |ng sai d set of LP
coefficients generated for each subfrarre

sai d subfranme of an input frane using the percept uaI ﬁ%%"h&f HAEt
resulting in a perceptually wei ghted audi'® or speech fﬁ

conputing at least two pitch estimates for every frane, one pitch estlnate
being for the first two subfranes, and one other pitch estimate for the

| ast two subfranes; - 1) subj ecting the formant perceptual ly
wei ght ed f e 10y Q@ngpﬁln'oﬁe Bfbsification method comprising the steps of:
a) subdividing a signal frame into at least four subframes each of an equal

number of samples;

b) analysing the amplitude of samples in each said subframe and
classifying the subframe as voiced or unvoiced according to a threshold criteria;

) classifying the signal frame as an unvoiced frame when two or more of
the four subframes are classified as unvoiced, otherwise the signal frame is classified as
voiced;

d) computing a pitch lag of the signal frame;

e) defining two pitch lag thresholds, nl and n2, such that nl is less than
n2 and n2 is less than the total number of samples per frame; and

f) designating the signal frame as mode 1 when the frame has been
identified as a voiced frame and the pitch lag is nl samples or less;

g) designating the frame as mode 2 when the frame has been identified as
a voiced frame and the pitch lag is greater than nl samples but less than or equal to n2
samples; or

h) designating the frame as mode 3 when the frame has been identified as
a voiced frame and the pitch lag exceeds n2 samples or when the frame has been

identified as an unvoiced frame.

4, '. A multi-mode excitation coding method comprising the steps of:

a) selection of one of three excitation modes, namely, algebraic codebook
excitation (ACELP), extended excitation and stochastic excitation, based on the mode
decision of a voiced/unvoiced signal mode classification;

b) performing a further classification of said frame when said frame is

classified as a voiced frame, said further classification being performed according to the
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shapin

-15 T‘“uml“ !“ﬁ t’! liiEeneratl ng l I ponse_fl |ter with conponent
i nput s ed LP filt s, haTAENSAE A6 m ng
filter coeff|C|ents and the formant perceptual weighting M& 3
coefficients; 1) establishing a zero inp h qOr t e

| npul se response filter when the input'-si‘gnals are all zero-val ued
sanpl es;

pitch lag which determines whether an ACELP or gain-scaled extended excitation is used
for encoding the voiced residual;

c) repeating the ACELP excitation of the previous subframe at an interval
of pitch for a voiced frame; and

d) using a joint optimization of adaptive codebook excitation and extended

excitation to optimize the speech or audio quality attained.

5. A stochastic excitation coding method comprising the steps of:

a) partitioning a signal frame into four subframes each having a residual
signal;

b) coding the residual signal of each subframe after adaptive codebook
coding by treating the residual signal as a secondary target \;ector input to a stochastic
codebook excitation module; ' i

©) obtaining a best gain and excitation vector for each subframe by
minimizing a least mean square error signal;

d) linearly quantizing the gain of the initial subframe according to a
predetermined number of levels, the gains of the subsequent three subframes being
differentially encoded using a lesser number of levels; and

e sequentially optimizing the shape vector for each of these quantized

gain levels.

6. .. An extended excitation coding method for coding of a voiced signal, said
method comprising the steps of:

a) checking the pitch period of said voiced signal, wherein said voiced
signal is classified as mode 1 if the pitch period is less than or equal to one-quarter of the
samples in a frame, or is classified as mode 2 if the pitch period exceeds one-quarter of

the samples but less than or equal to half of the total number of samples per frame;
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perio ceptual |y or Vof pfcag HEEJTLP#AS

mode cl assi f | er to obtain a voi ced/ unvoi ced classifidati on BEE 7
generating an excitation signal using excitation anallysis 1R§P AlEBvol ut i on
with the inpul se response to produce a zéo state response and
adjusting said target vector frane by subtraction of the zero state
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aceor ai ng oisEhis siaifE! 87 O e £ 9eth BERG-RRIRE BiPBRjbRES

steps of: being composed by extension of the previous excitation at multiples of current

p)

subframe's pitch interval;

c) identifying the best vectors of the two subframes, subframe 0 and
subframe 1, when the signal is classified as of mode 2, the fixed excitation of subframe 2
being obtained by extension of the previous excitation at the current subframe's pitch
interval and the fixed excitation of subfreme 3 is obtained by a corresponding procedure
by operating on subframe 1 and subframe 2; and

d) identifying optimal gain levels for the extended fixed excitations

through a sequential optimisation procedure.

i 7. A method for joint optimization for adaptive and extended excitation of audio or
speech signals, said method comprising the steps of:
a) sequentially computing an adaptive codebook excitation and a
secondary excitation, and
b) | performing joint optimization only when the secondary excitation is by
extended excitation, said joint optimization including defining a joint mean square error,
wherein the optimized gain level for extended excitation, pitch lag and adaptive
codebook gain vector can be obtained such as to minimise the said joint mean square

crror.

8. A method according to claim 7, wherein the secondary excitation comprises one

of algebraic codebook excitation, extended excitation or stochastic excitation.

9. A transmission syntax for a codebook encoded signal decoder, said syntax
comprising LSP vector index, adaptive codebook lag and tap indices, a voiced/unvoiced

flag and secondary excitation information. REP LACEMENT SHEET
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a)* Ma(?:afng [T hear predictive coder (LPC) indices using an LSP decoder
and LSP interpolation process corresponding to those of the encodi ng net hod
and constructing a LPC synthesis filter for each subframe of an input

si gnal ; b) decodi ng an adaptive codebook excitation and a
fi xed codebook excitation and inputting the decoded excitation to the LPC
synthesis filter; c) sel ectin one of an al gebrai c codebook

excitation (ACELP), extended excitation or stochastic excitation dependi ng
on a signal node f| &N EXCITATION ANALYSIS ANBSANNTHESIS METHOR J
excitation vector to a _forward-backward ﬁi?tCh postfilter, the output of
which is fed into the FOR CORRNGIQFAURK) ANRSPEECH SIGNALS subj ect i ng

t he decoded hesis output to a formant postfilter and a gain scaling
unit to pr o@ﬁgrgkgﬁcoded out put signal .

This disclosure presents a multi-mode CELP coder (Fig. 1) which exploits a pitch
synchronous concept f-or bitrate reduction. By classifying the signal into three modes,
different coding techniques may be applied to code the secondary residual (S1.16). The
coding techniques are algebraic codebook excited linear prediction (1.11), extended
(1.12) and stochastic (1.13) excitation coding. Among these three coding techniques for
the secondary residual (S1.16), the extended excitation (1.12) of the previous excitation
is  important for reduction of bitrate requirements during voiced frames. While the
bitrate is reduced by extended excitation (1.12), the speech or audio quality can be
maintained at a high level through using joint optimization of the adaptive codebook
(1.10) and the extended excitation (1.12). The computational load only increases

marginally for this joint optimization process.

Fig. 1
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16 3. A multi-npde excitation coding nethod based on a signal
classification criteria conprising the steps of: (a) subdividing a
signal frane into at |east four subframes each of an equal nunber of
sanples; (b) analysing the anplitude of sanples in each said subfrane and

classifying the subfranme as voiced or unvoi ced according to a
threshold criteria; (c) classifying the signal frame as an unvoi ced frane
when two or nore of the four subfranmes are classified as unvoi ced,

otherwi se the signal frame is classified a6

1.1 L6
u §iL2 e
., e - S1.7
Pre- 5 Pitch PR
Processing ] Estimator o

i

Figure 1 Block diagram of the speech encoder for current invention




vai cedp _(d) _computing a pitch lag of the signal frame; (e) selection of
one of three excitation nodes, nanely, al gebraic codebook excitation
(ACELP), extended excitation and stochastic excitation, based on the node
deci sion of "a voi ced/ unvoi ced signal node of step (c); (f) performng a
further classification of said frame when said frame is classified as a

voi ced frame, said further classification being performed according to the

pitch | ag obtained in step d) and whi det ermi nes whet her an ACELP
or gain scaled extended excitation iS used for encoding the voiced
residual; (9) repeating the ACELP excitation of the previous subfranme at
an interval
£ 29
28 - Fr
' Synthesis
R e TR Filter
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Figure 2. Block diagram of the speech decoder for errent invention




a.voi ced frane; .and _(h) _using a joint optimzation of adaptive codebook
excitation and extended excitation to optim ze the speech or audio
quality attained. 4. A stochastic excitation coding nmethod conpri sing
the steps of: (a) partitioning a signal frame into four subfranmes each
having a residual signal; (b) coding the residual signal of each subfrane
after adaptive codebook coding by tr84&ing the residual signal as a
secondary target vector input to a stochastic codebook excitation nodul e;
(c) obtaining a best gain and excitation vector for each subfrane by

m ni m zing a | east REPLACEMENT SHEETS
SG nean square error signal; : o ©
8 e B B ?;/ 8
o ] ra 1 s
/ /3 / ‘i v § 5
; ;
£ gl (3l )l 5 1L
:
2 i

// ® /'

é / o )
3 [ :
& o i

» 5_'_,..-/
: P o
5 /
= »
8 i 2
=] EpS 8 ‘
% 28| = s
§ g /= /
4 a— 2
- . 1
§- = gﬁr""’
CQ 8.'ﬂ
g il L
R .
T 2
s £ < s
] 3
—_— ] ;
@ ,////
o4 p
-]

- 62E8’

1spooeg
nd

"e -
si'e

\
19p008Q
w3

4

/

N
22¢es -4

9LE s




17 (dy Tinearty quant+zi-ng the gain of the initial subfranme according to a
predeterm ned- nunber of |evels, the gains of the subsequent three
subframes being differentially encoded using a |esser nunber of |evels;
and (e) sequentially optim zing the shape vector for each of these
guanti zed gain levels. 5. An extended excitation coding nethod for
coding of a voiced signal, said nethod/6conprising the steps of:
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(a) checking the pitch_period of said voiced signal, wherein said voiced
signal is classified as node 1 if the pitch period is |ess than or equal
to one-quarter of the sanples in a frane, or is classified as node 2 if
the pitch period exceeds one-quarter of the sanples but |ess than or equal
to half of the total nunber of sanples per franme; (b) identifying the best
excitation vector of the previou§y§ubfrane when the signal is «classified:
as of node 1, wherein the fixed itation of the current subfrane being
conposed by extension of the previous excitation at multiples of current
subframe's pitch interval; (c) identifying the best vectors of the two

subfranes, subfrane 0 and subfrane_iT__meuL4¢m+é+gﬂa+—ﬁs classified as of
node 2, the fixed excitation at tlhef current subffanqé;
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pitch interval and the fixed excitation of subfrane 3 is obtained by a
correspondi ng procedure by operating on subframe 1 and subfranme 2; and
(d) identifying optinmal gain |levels for the extended fixed excitations
through a -sequential optimsation procedure. 6. A net hod for joint
optim zation for adaptive and extended excitation of audio or speech
signals, said nethod conprising thgssteps of: (a) sequentially conputing
an adapti ve codebook excitation and a secondary excitation, and (b)
perform ng joint optimzation only when the secondary excitation is by

extended excitation, said joint optimzation including defining a joint
mean square error, wherein
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3 TLiof5¥-8
t He opsti m zed ga REM NI Sc;a ﬂr’lr‘l ed excitati ﬂmw)ml‘ﬂ‘“‘LWﬂm adaptive
codebook gain vaci or can be obthiped such as aid joint -
mean square erro 2 1JAN 999, | Al net hod according t'o & ai*m 7, wherein the
secondary exci ta%un conpri ses ohe|lof al gebrai c codebook excitation,
ext ended excitatilon or stochastic gxcitat'Pon

3. A multi-mode excitation coding method based on a signal classification criteria

comprising the steps of:

(a) subdividing a signal frame into at least four subframes each of an equal number of
samples;

(b) analysing the amplitude of samples in each said subframe and classifying the
subframe as voiced or unvoiced according to a threshold criteria;

(¢) classifying the signal frame as an unvoiced frame when two or more of the four
subframes aré classified as unvoiced, otherwise the signal frame is classified as
voiced;

(d) computing a pitch lag of the signal frame;

(e) selection of one of three excitation modes, namely, algebraic codebook excitation
(ACELP), extended excitation and stochastic excitation, based on the mode
decision of a voicéd/unvoiced signal mode of step (c);

(f) performing a further classification of said frame when S;lid frame is classified as a
voiced frame, said further classification being performed according to the pitch lag
obtained in step d) and which determines whether an ACELP or gain scaled
extended excitation is used for encoding the voiced residual;

(g) repeating the ACELP excitation of the previous subframe at an interval of pitch for
a voiced frame; and '

(h) using a joint optimization of adaptive codebook excitation and extended excitation
to optimize the speech or audio quality attained.

4. A stochastic excitation coding method comprising the steps of:

(@) partitioning a signal frame into four subframes each having a residual signal;

(b) coding thg_e residual signal of each subframe after adaptive codebook coding by

treating the resi(;ual signal as a secondary target vector input to a stochastic codebook

excitation module;

(c) obtaining a best gain and excitation vector for each subframe by minimizing a least
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(d) linearly quantizing the gain of the initial subframe according to a predetermined

number of levels, the gains of the subsequent three subframes being differentially
encoded using a lesser number of levels; and

(¢) sequentially optimizing the shape vector for each of these quantized gain levels.

5. An extended excitation coding method for coding of a voiced signal, said method
comprising the steps of:

(a) checking the pitch period of said voiced signal, wherein said voiced signal is
classified as mode 1 if the pitch period is less than or equal to one-quarter of the samples
in a frame, or is classified as mode 2 if the pitch period exceeds one-quarter of the
samples but less than or equal to half of the total number of samples per frame;

(b) identifying the best excitation vector of the previous subframe when the signal is
classified as of mode 1, wherein the fixed excitation of the current subframe being
composed by exteﬁsion of the previous excitation at multiples of current subframe's pitch
interval; i

(¢) identifying the best vectors of the two subframes, subframe 0 and subframe 1,
when the signal is classified as of mode 2, the fixed excitation at the current subframe's
pitch interval and the fixed excitation of subframe 3 is obtained by a corresponding
procedure by operating on subframe 1 and subframe 2; and

(d) identifying optimal gain levels for the extended fixed excitations through a
sequential optimisation procedure. |

6. A method for joint optimization for adaptive and extended excitation of audio or
speech signals, said method comprising the steps of: |

.(a) sequentially computing an adaptive codebook excitation and a secondary excitation,
and

(b) performing joint optimization only when the secondary excitation is by extended
excitation, said joint optimization including defining a joint mean square error, wherein
the optimized gain level for extended excitation, pitch lag and adaptive codebook gain

vector can be obtained such as to minimise the said joint mean square error.
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7. A method according to claim 7, wherein the secondary excitation comprises one of

algebraic codebook excitation, extended excitation or stochastic excitation.
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