TI TLE OF THE | NVENTI ON Speech Encodi ng Met hod and Apparat us BACKGROUND OF
THE | NVENTION Field of the Invention This invention relates to a speech
encodi ng nmet hod and apparatus in which an i nput speech signal is divided on
t he bl ock basis and encoded in terns of the resulting block as a unit.
Description of the related Art bit rate of the encoding data can be vari ed.
There have hitherto been known a variety of encodi ng ‘nethods for encoding
an audi o signal (inclusive of speech and acoustic signals) for conpression
by exploiting statistic properties of {he signals in the tinme domain and in
the frequency domai n and psychoacoustic characteristics of the human ear.
The encodi ng nmet hod nmay roughly be classified into tine-domain encodi ng,
frequency domain encoding and analysis/synthesis encoding. Exanples of

t he hi gh- gfjfirct eey THIE Qi vENaA 1 aReech signal s include sinusoidal analysis
encodi ng, such as harnonic encoding, nulti-band excitation (MBE) encodi ng,

sub- band cyierd) ESBCHing iMeshodraadi Apparacosi ng (LPC), discrete cosine

transform(DC? nodi fied DCT (MDCT) and fast Fourier transform (FFT).
Ot her exafbhAEXGROYND OF THE INVENTION .

Field of the Invention

This invention _rela.tes ;o a speech eﬁéddi;ig method and
apparatus in which an input speech signal is divided on the block
basis and encoded in terms of the resulting block as a unit.
Description of the related Art bit rate of the encoding data can be
varied.

There have hitherto been known a variety of encoding methods
“for encoding an audio signal (inclusive of speech and acoustic
signals) for compression by exploiting statistic properties of the
signals in the time domain and in the frequency domain and
psychoacoustic characteristics of the human ear. The encoding
method may roughly be classified into time-domain encoding,
frequency domain encoding and analysis/synthesis encoding.
Examples of the high-efficiency encoding of speech signals include
sinusoidal analysis encoding, such as harmonic encoding, multi-band
excitation (MBE) encoding, sub-band coding (SBC), linear predictive
codi.ng (LPC), discrete cosine transform (DCT), modified DCT
(MDCT) and fast Fourier transform (FFT). Other examples of the
high-efficiency encoding of speech signals include code excited
linear prediction (CELP) encoding by optimum -vector closed loop
search employing a synthesis by analysis method.

In the code excited linear prediction, as an example of the



hi gh-efficiency encodi ng of speech signals include code excited |inear

predi ction (CELP) encoding by opti num vector closed | oop search enpl oying a
synthesis by analysis nmethod. In the code excited linear prediction, as an
exanpl e of the 2 high-efficiency encoding of the speech signals, the
encoding quality is influenced significantly by the properties of the
encoded speech signals. For exanple, there are a variety of configurations
of the speech such that it is difficult to achieve satisfactory encodi ng
for all of the speech including consongnts close to the noise, such as "sa,
shi, su, se and so" or consonants havifig sharp rising portions (steep

ri sing consonants) such as "pa, pi, pu, pe or po". SUMVARY OF THE | NVENTI ON
It is therefore an object of the present invention to provide a speech
encodi ng highheffiarrthcappacading vhaehehypecbt sigaatd) oie warciodisgconiligur ati ons
can be encodeﬁ sati factorlly The speech encoduﬁg met hod and appar at us of
the preseht 'MHYERLE n“ﬁér‘f‘ﬁ?ﬁf‘én%d‘ihfgprﬂpf'éﬁ% thg sae9dedhepeerdt on

dividing ionals. For example, there are a variety of configurations of the
speech such that it is difficult to achieve satisfactory encoding for
all of the speech including consonants close to the noise, such as
‘sa, shi, su, se and so” or consonants having sharp rising portions
(steep rising consonants) such as “pa, pi, pu, pe or po”.
SUMMARY OF THE INVENTION

It is therefore an object of the present invention to provide a
speech encoding method and apparatus whereby the speech of
various configurations can be encoded satisfactorily.

The speech encoding method and apparatus of the present
invention perform encoding in terms of blocks, obtained on dividing
the input speech signals on the time axis, as a unit, and the tine-
domain waveform vector-quantized by a closed loop search of the
optimum vector using a synthesis by analysis method, in which a
codebook for vector quantization obtained on clipping the Gaussian
noise with plural threshold values.

. That is, according to the present invention, a code vector
obtained on vector clipping the Gaussian noise with plural different
threshold values is used for performing vector quantization in order
to cope with various speech configurations.

BRIEF DESCRIPTION OF THE DRAWINGS
Fig.1 is a block diagram showing a basic structure of a speech

signal encoding method and a speech signal encoding apparatus



the input speech signals on the tine axis, as a unit, and the tine- domain
wavef orm vector-quanti zed by a closed | oop search of the optimum vect or
using a synthesis by analysis nmethod, in which a codebook for vector

guanti zati on obtained on clipping the Gaussian noise with plural threshold
val ues. That is, according to the present invention, a code vector obtained
on vector clipping the Gaussian noise with plural different threshold
values is used for perform ng vector quantization in order to cope with
vari ous speech configurations. BRI EF DESCRI PTION OF THE DRAWNGS Fig. 1 is
a bl ock diagram showi ng a basic structure of a speech signal encoding

nmet hod and a speech signal encodi ng apparat us 3 (encoder) for carrying
out the encodi ng nmethod according to the present invention. Fig.2 is a

bl ock di agemewdérwioy carbpisigc witr tité W ofing mpeboll stgoadingecodilng

iPparatus $9§ﬁﬂdﬁhk;ﬂ%§h is a decoding apparatus (decoder) shown in Fig.

Fig.2 is a block diagram showing a basic structure of a speech
signal decoding apparatus (decoder) which is a decoding apparatus
(decoder) shown in Fig.1.

Fig.3 is a block diégram showing a more specified structure of
the speech signal encoder shown in Fig.1.

Fig.4 is a block diagram showing a more detailed structure of
the speech decoder shown ir; Fig.2.

Fig.5 is a block diagram showing a basic structure of an LPC

quantizer.

Fig.6 is a block diagram showing a more detailed structure of

the LPC quantizer.

Fig.7 is a block diagram showing a basic structure of the

vector quantizer.

Fig.8 is a block diagram showing a more detailed structure of

the vector quantizer.

Fig.9 is a block circuit diagram showing a detailed structure

of CELP encoding portion (second encoding unit) of the speech

signal encoder of the present invention.

Fig.10 is a flow chart for illustrating the processing flow in

an arrangement of Fig.9.

Figs.11A and 11B illustrate the Gaussian noise after clipping

at different threshold values.

Fig.12 is a flowchart showing the processing flow at the time



Fig.3 is a block diagram showi ng a nore specified structure of the speech
signal encoder shown in Fig. 1. Fig.4 is a block diagram show ng a nore
detailed structure of the speech decoder shown in Fig.2. Fig.5 is a block
di agram show ng a basic structure of an LPC quantizer. Fig.6 is a block

di agram showi ng a nore detailed structure of the LPC quantizer. Fig.7 is a
bl ock di agram showi ng a basic structure of the vector quantizer. Fig.8 is a
bl ock di agram showi ng a nore detailed structure of the vector quantizer
Fig.9 is a block circuit diagranlshomdqg a detailed structure of CELP
encodi ng portion (second encoding unit) of the speech signal encoder of the
present invention. Fig.10 is a flow chart for illustrating the processing
flowin an arrangenent of Fig.9. Figs. 11A and 11B illustrate the Gaussi an
noi se af tef gehieppiing elie dhhperesdetdvledoledanmihges. Fig. 12 is a flowhart

showi ng the processing flow at the tine

Fig.13 is a block diagram showing a structure of a
transmission side of é’portable terminal employing a speech signal
encoder embodying thé present invention.

Fig.14 is a block di'ag'}'am showing a structure of a receiving
side of the portable terminal employing the speech signal decoder
which is a counterpart device of Fig:13.

Fig.15 is a table showing a output data for the different bit
rates in the speech signal ehcoder of the present invention.
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

Referring to the drawings, preferred embodiments of _the‘
present invention will be explained in detail.

In Fig.1, there is shown in a block diagram a basic structure
of a speech signal_encoder for carrying out the speech encoding
method of the present invention. The speech signal encoder includes
an inverse LPC filter 11, as means for finding short-term prediction
residuals of input speech signals, and a sinusoidal analytic encoder
114 as means for finding sinusoidal analysis encoding parameters
from-the short-term prediction residuals. The speech signal encoder
alsol'includes a vector quantization unit 116 as means for performing
perceptually weighted vector quantization on the sinusoidal analytic
encoding parameters and a second encoding unit 120 as means for
encoding the input speech signal by phase transmission waveform

encoding.

Fig.2 is a block diagram showing a basic structure of a speech



4 of generating the shape codebook by learning. Fig. 13 is a block
diagram showing a structure of a transm ssion side of a portable

term nal enploying a speech signal encoder enbodying the present invention.
Fig.14 is a block diagramshow ng a structure of a receiving side of the
portable term nal enploying the speech signal decoder which is a
counterpart device of Fig.13. Fig. 15 is a table showing a output data for
the different bit rates in the speech signal encoder of the present

i nvention. DETAI LED DESCRI PTI ON OF THEs PREFERRED EMBODI MENTS Referring to
the draw ngs, preferred enbodi nents of the present invention will be
explained in detail. In Fig.1l, there is shown in a bl ock diagrama basic
structure of a speech signal encoder for carrying out the speech encodi ng

method of 4ibasPreenting shlinls [ ARESCHNRIONEa QAUAMBEpAACkLGRS an

I nverse LPCfilter 11, "as nmeans for finding short-termprediction residuals
of 1 nput sepfebé encgdings,appadammss(decaiedilshavwal yhiKigehcFigr3 1514 Biovckeans for

finding sinusoidal analysis encodi ng paraneters

diagram showing a more specified structure of the speech signal
encoder shown in Fig.1 and Fig.4 is a block diagram showing a
more detailed structure of the speech decoder shown in Fig.2.

The structures of the block diagrams of Figs.l to 4 are
explained. |

The basic concept of the speech sighal encoder of Fig.1 is that
the encoder has a first encoding unit 110 for fiﬁding short-term
prediction residuals, such as linear prediction encoding (LPC)
residuals, of the input speech signal for performing sinusoidal
analysis encoding, such as harmonic coding, and a second encoding
unit 120 for encoding the input speech signals by waveform coding
exhibiting phase reproducibility, and that the first encoding units
110, 120 are used for encoding the voiced portion and unvoiced
portion of the input signal, respectively.

The first encoding unit 110 has a constitution of encoding the |
LPC residuals with sinusoidal analytic encoding such as harmonics
encoding or multi-band encoding (MBE). The second encoding unit
120 has a constitution of code excitation linear prediction (CELP)
employing vector quantization by a closed loop search for an
optimum vector employing an analysis by synthesis method.

In the embodiment, the speech signal supplied to the input
terminal 101 .is sent the inverse LPC filter 111 and an LPC

analysis/quantization unit 113 of the first encoding unit 110. The



fromthe short-term prediction residuals. The speech signal encoder also

I ncl udes a vector quantization unit 116 as neans for performng
perceptual |y wei ghted vector quantization on the sinusoidal analytic
encodi ng paraneters and a second encoding unit 120 as neans for encodi ng
the i nput speech signal by phase transm ssion waveformencoding. Fig. 2 is
a bl ock di agram showi ng a basic structure of a speech 5 signal decoding
apparatus (decoder) which is a counterpart device of the encodi ng apparatus .
(decoder) shown in Fig.1l, Fig.3 is a bdock diagram showi ng a nore specified
structure of the speech signal encoder shown in Fig.1 and Fig.4 is a bl ock
di agram showi ng a nore detailed structure of the speech decoder shown in
Fig.2. The structures of the block diagrans of Figs. 1 to 4 are explained.

The basi cL p@NGaRIFFifiehh & bREESD FbanNahe eDPCdanabfsikiquantizatibatuiite encoder

has a first encoding unit 110 for finding short-term prediction residuals,

such as | ihdaor phedsotéalhedrmopdirage¢ePdy sent to the inverse LPC filter
111 for taking out the linear prediction residuals (LPC residuals) of
the input speech signals by the inverse LPC filter 111. From the
LPC analysis/quantization unit 113, a quantization output of the
linear spectral pairs (LSP) is taken out as later explained and sent
to an output terminal 102. The Li’C residuals from the inverse LPC
filter lil are sent to a sinusoidal analysis encoding unit 114. The
sinusoidal analysis encoding unit 114 performs pitch detection,
spectral envelope amplitude calculations and V/UV discrimination by
a voiced (V)/ unvoiced (UV) discrimination unit 115. The spectral
envelope amplitude data from the sinusoidal analysis encoding unit
114 are sent to the vector quantization unit 116. The codebook
index from the vector quantization unit 116, as a vector
quantization output of the spectral envelope, is sent via a switch
117 to an output terminal 103, while an output of the sinusoidal
analysis encoding unit 114 is 'sent via a switch 118 to an output
terminal 104. The V/UV discrimination output from the V/UV
discf'imination unit 115 is sent to an output terminal 105 and to the
switc'-hes 117, 118 as switching control signals. For the voiced (V)
signal, the index and the pitch are selected so as to be taken out at
the output terminals 103, 104.

In the present embodiment, the second encoding unit 120 of

Fig.1 has a code excitation linear prediction (CELP) encoding

configuration, and performs vector quantization of the time-domain



residual s, of the input speech signal for performng sinusoidal analysis
encodi ng, such as harnoni c coding, and a second encoding unit 120 for
encodi ng the input speech signals by waveform codi ng exhibiting phase
reproducibility, and that the first encoding units 110, 120 are used for
encodi ng the voiced portion and unvoi ced portion of the input signal,
respectively. The first encoding unit 110 has a constitution of encoding
the LPC residuals with sinusoidal analytic encoding such as harnonics
encodi ng or nulti-band encoding (MBE). The second encoding unit 120 has a
constitution of code excitation |ineal prediction (CELP) enploying vector
quanti zation by a closed | oop search for an opti mum vector enploying an
anal ysis by synthesis nmethod. In the enbodi nent, the speech signal supplied

et ves o AR "ol LB SR 08 Azt L
coef fi ci entynabeaisnesk thio@mih he hidlC analutpius/ gfantnciati oodebo sk 1131 dis t he
so-called a-paraneter is sent to the inverse LPC filter
synthesized by a weighted synthesis filter 122, the resulting
weighted speech is sent to a subtractor 123 where an error between
the weighted Sﬁeech and the speech signal supplied to the input
terminal 101 and thence passed through a perceptually weighted
filter 125 is taken out and sent to a distance calculation circuit 124
in -6r.c-le_r to perform distance- calcul#iions and a vector which
minimizes the error is searched by the noise codebook 121. This
CELP encoding is used for encoding the unvoiced portion as
described above. The codebook index as the UV data from the noise
codebook 121 is taken out at an output terminal 107 via a switch
127 which is turned on when the results of V/UV discrimination
from the V/UV discrimination unit 115 indicates an unvoiced (UV)
sound.

Fig.2 is a block diagram showing the basic structure of a
speech signal decoder, as a counterpart device of the speech signal
encoder of Fig.1, for carrying out the speech decoding method
according to the present invention.

Referring to Fig.2, a codebook index as a quantization output
of the linear spectral pairs (LSPs) from the output terminal 102 of
Fig.1 is supplied to an input terminal 202. Outputs of the output
terminals 103, 104 and 105 of Fig.1, that is the index data, pitch

and the V/UV discrimination output as the envelope quantization

outputs, are supplied to input terminals 203 to 205, respectively.



111 for taking out the linear prediction residuals (LPC residuals) of the

| nput speech signals by the inverse LPC filter 111. Fromthe LPC

anal ysi s/ quanti zation unit 113, a quantization output of the linear
spectral pairs (LSP) is taken out as |ater explained and sent to an out put
termnal 102. The LPC residuals fromthe inverse LPC filter 111 are sent to
a sinusoidal analysis encoding unit 114. The sinusoi dal anal ysis encodi ng
unit 114 performs pitch detection, spectral envel ope anplitude cal cul ati ons
and V/ WV discrimnation by a voiced (V)/ unvoiced (UV) discrimnation unit
115. The spectral envel ope anplitude dd8ta fromthe sinusoidal analysis
encoding unit 114 are sent to the vector quantization unit 116. The
codebook index from the vector quantization wunit 116, as a vector

quant | 2at g9 fldeRUAAl ot ARPRAL ERL AVGRLORSYathoa AEROYI AL AU B2 117 Lo

an out put term nal e an output of the S|nu50|dal anal ysi s encodi ng
unit 114 bstﬁmtter/mimﬂ 307t ¢h Figdl tto an impuputertrdnal 1207.104. The V/ WV
di scrim nation output from the VVUV discrimnation_ unit 115 is sent to an

output terminafhadsdances dhenauanfizetion autputiofgthe inppt ¢pimipal At ol
signals. For t
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is sent to a voiced speech synthesizer 211. The voiced speech
synthesizer 211 synthesizes the linear prediction encoding (LPC)
residuals of the voi.cehd speech portion by sinusoidal synthesis. The
voiced speech synthesizer 211 is also fed with the pitch and the
V/UV discrimination output from the input terminals 204, 205. The
LPC residuals of the voiged speech from the voiced speech synthesis
unit 211 are sent to an LPC synthesis filter 214. The index data of
the UV data from the input terminal 207 is sent to an unvoiced
sound synthesis unit 220 where reference is had to the noise
codebook for taking out the LPC residuals of the unvoiced portion.
These LPC residuals are also sent to the LPC synthesis filter 214.
In the LPC synthesis filter 214, the LPC residuals of the voiced
porﬁon and the LPC residuals of the unvoiced portion are processed
by LPC synthesis. Alternatively, the LPC residuals of the voided
poft'ion and the LPC residuals of the unvoiced portion summed
together may be processed with LPC synthesis. The LSP index data
from the input terminal 202 is sent to the LPC parameter
reproducing unit 213 where a-parameters of the LPC are taken out
and sent to the LPC synthesis filter 214. The speech signals

synthesized by the LPC synthesis filter 214 are taken out at an



Fig. 1 has a code excitation |linear prediction (CELP) encoding
configuration, and perforns vector quantization of the tinme-domain
wavef orm enpl oyi ng the cl osed-| oop search by the analysis by synthesis
met hod in which an output of a noise codebook 121 is synthesized by a
wei ghted synthesis filter 122, the resulting weighted speech is sent to a
subtractor 123 where an error between the wei ghted speech and the speech
signal supplied to the input termnal 101 and thence passed through a
perceptually weighted filter 125 is taken out and sent to a distance
calculation circuit 124 in order to performdistance cal cul ations and a
vector which mnim zes the error is searched by the noi se codebook 121.
This CELP encoding is used for encoding the unvoiced portion as described

above. The,GRACRAGKina 0K 25 thep e dat 2 k5OMRikhe, NG S@oredeRagled2l is

taken out at an output termnal 107 via a switch 127 which is turned on
when the stesoktse obf VaUpdieshr isigmalt | excddeam shvawdy/ v digel i is nmbwon uni t
115 indi cates an unvoiced (UWV) sound. Fig.2 is a bl ock di agram show ng the
basi ¢ st ré¢erl@ainedyfImy Fig.3, the parts or components similar to those shown

in Fig.1 are denoted by the same reference numerals.

In the speech signal encoder shown in Fig.3, the speech signals

supplied to the input terminal 101 are filtered by a high-pass filter

109 for removing signals of an unneeded range and thence s.u;i;.)'l-ied'

to an LPC analysis circuit 132 of the LPC analysis/r.u.la.ntization unit

113 and to the inverse LPC filter 111. The LPC analysis circuit

132 of the LPC analysis/ quantization unit 113 applies a Hamming

window, with a length of the input signal waveform on the order of

256 samples as a block, and finds a linear prediction coefficient,

that is a so-called a-parameter, by the self-correlation method. The

framing interval as a data outputting unit is set to approximately

160 samples. If the sampling frequency fs is 8 kHz, for example,

one-frame interval is 20 msec for 160 samples.

The a-parameter from the LPC analysis circuit 132 is sent to

an a-LSP conversion circuit 133 for conversion into line spectra

pair (LSP) parameters. This converts the a-parameter, as found by

direct type filter coefficient, into for example, ten, that is five

pairs of the LSP parameters. This conversion is carried out by, for

example, the Newton-Rhapson method. The reason the a-parameters

are converted into the LSP parameters is that the LSP parameter is

superior in interpolation characteristics to the a-parameters.

The LSP parameters from the a-LSP conversion circuit 133 are



speech signal decoder, as a counterpart device of the speech signal encoder
of Fig.1l, for carrying out the speech decodi ng nethod according to the
present invention. Referring to Fig.2, a codebook index as a quanti zation
output of the linear spectral pairs (LSPs) fromthe output term nal 102 of
Fig.1 is supplied to an input term nal 202. Qutputs of the output termnals
103, 104 and 105 of Fig.1l, that is the index data, pitch and the V/ W

di scrim nation output as the envel ope quantization outputs, are supplied to

i nput termnals 203 to 205, respectivegy. 8 The index data as data for
t he unvoi ced data are supplied fromth& output termnal 107 of Fig.1l to an

I nput term nal 207. The index as the quantization output of the input
termnal 203 is sent to an inverse vector quantization unit 212 for inverse

vector quantization to find a spectral envelope of the LPC residﬁes whi ch
i s sent t@aarivoj PedestRic8nantinehdry 2be IR quanizesi Lid dpdedtP yhtthesi zer
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to collect plural frames in order to perform matrix quantization. In
the present case, two frames (20 msec) of the LSP parameters,
calculated every 20 msec, are collected and processed with matrix
quantization and vector quantization.

The quantized output of the quantizer 134, that is the index
data of the LSP quantization, are taken out at a terminal 102, while
the quantized LSP vector is sent to an LSP interpolation circuit
136.

The LSP interpolation circuit 136 interpolates the LSP vectors,
quantized every 20 msec or 40 msec, in order to provide an eight-
fold rate. That is, the LSP vector is updated every 2.5 msec. The
reason is that, if the residual waveform is processed with the
analysis/synthesis by the harmonic encoding/decoding method, the
envelope of the synthetic waveform presents an extremely sooth
waveform, so that, if the LPC coefficients are changed abruptly
every 20 msec, a foreign noise is likely to be produced. That is, if
the LPC coefficient is changed gradually every 2.5 msec, such
foreign noise may be prevented from occurrence.

For inverse filtering of the input speech using the interpolated
LSP vectors produced every 2.5 msec, the LSP parameters are
converted by an LSP to a conversion circuit 137 into a-parameters
as coefficients of e.g., ten-order direct type filter. An output of the

LSP to a« conversion circuit 137 is sent to the LPC inverse filter



voi ced speech synthesizer 211 is also fed wwth the pitch and the V/ UV
discrimnation output fromthe input termnals 204, 205. The LPC residuals
of the voiced speech fromthe voi ced speech synthesis unit 211 are sent to
an LPC synthesis filter 214. The index data of the UV data fromthe input
termnal 207 is sent to an unvoi ced sound synthesis unit 220 where
reference is had to the noi se codebook for taking out the LPC residuals of
t he unvoi ced portion. These LPC residuals are also sent to the LPC

" synthesis filter 214. In the LPC synthesis filter 214, the LPC residuals of
t he voiced portion and the LPC residuals of the unvoiced portion are
processed by LPC synthesis. Alternatively, the LPC residuals of the voided
portion and the LPC residuals of the unvoiced portion sumed together may

b dwt PC t Is. ;The LSP index,data f t he i tt I nal
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the LPC agg doaheBulpht a\dng ey c@-‘f)atrﬁﬁle!t-gpuﬁa\@lttgesé$exw I2t.8rmédd. e speech
signals synthesized by the LPC synthesis fi'lter 214 are taken out at an
9 output of the inverse LPC filter 111 is sent to an orthogonal
transform circuit 145, such as a DCT circuit, of the sinusoidal
analysis encoding unit 114, such as a harmonic encoding circuit.
The a-parameter from the LPC analysis circuit 132 of the LPC
analysis/quéntization unit 113 is sent to a perceptual weighting
filter calculating circuit 139 where data for perceptual weighting
is found. These weighting data are sent to a perceptual weighting
vector quantizer 116, perceptual weighting filter 125 of the second
encoding unit 120 and the perceptual weighted synthesis filter 122.
The sinusoidal analysis encoding unit 114 of the harmonic
encoding circuit analyzes the output of the inverse LPC filter 111
by a method of harmonic encoding. That is, pitch detection,
calculations of the amplitudes Am of the respective harmonics and
voiced (V)/ unvoiced (UV) discrimination are carried out and the
numbers of the amplitudes Am or the envelopes of the respective
haréfdnics, varied with the pitch, are made constant by dimensional
con“'v‘-t_'.rsion.
In an illustrative example of the sinusoidal analysis encoding
unit 114 shown in Fig.3, commonplace harmonic encoding is used.
In particular, in multi-band excitation (MBE) encoding, it is
assumed in modeling that voiced portions and unvoiced portions are
present in the fre.quency area or band at the same time point (in the

same block or frame). In other harmonic encoding techniques, it is



out put term nal 201. Referring to Fig.3, a nore detailed structure
of a speech signal encoder shown in Fig. 1 is now explained. In Fig.3, the
parts or conponents simlar to those shown in Fig. 1 are denoted by the
sane reference nunerals. In the speech signal encoder shown in Fig.3, the
speech signals supplied to the input termnal 101 are filtered by a

hi gh-pass filter 109 for renoving signals of an unneeded range and thence
supplied to an LPC analysis circuit 132 of the LPC anal ysi s/quantization
unit 113 and to the inverse LPC filter_ 111. The LPC analysis circuit 132
of the LPC anal ysis/ quantization uni t1413 applies a Hanm ng wi ndow, with a
| ength of the input signal waveformon the order of 256 sanples as a bl ock,
and finds a |linear prediction coefficient, that is a so-called a-paraneter,
by the self-correlation nethod. The framng interval as a data outputting
unit is sepiauglndpAasd mhether1¥e spegntedn qre pheck Lpipnrs feyliendy fs is 8

Ho, Tor SR B PRGH AT ThE 0wl d UTRFnI 8, AOBIP AL e Ve
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paranmeters. This converts the a-paraneter, as found by direct type filter

coeffici eMBEi encodiog éxxomlcefne¢dn, that is five pairs of the LSP
par ameters. quecgggg,‘_rl%io%n piitsc‘hcasrerairgg Sg}t %1 fa%rd the zero-crossing
counter 142 of the sinusoidal anal'ysis encoding unit 114 of Fig.3 is
fed wifh the input speecﬂ signal from the input terminal 101 and
with the signal from the high-pass filter (HPF) 109, respectively.
The orthogonal transform circuit- 145 of the sinusoidal analysis
encoding unit 114 is supplied with LPC residuals or linear
prediction residuals from the inverse LPC filter 111. The open loop
pitch search unit 141 takes the LPC residuals of the input signals
to perform relatively rough pitch search by open loop. The extracted
rough pitch data is sent to a fine pitch search unit 146 by closed
loop as later explained. From the open loop pitch search unit 141,
the maximum value of the normalized self correlation r(p), obtained
by normalizing the maximum value of the self-correlation of the LPC
residuals along with the rough pitch data, are taken out along with
the rough pitch data so as to be sent to the V/UV discrimination
unit 115,

The orthogonal transform circuit 145 performs orthogonal
transform, such as discrete Fourier transform (DFT) for converting
the LPC residuals on the time axis into spectral amplitude data on

the frequency axis. An output of the orthogonal transform circuit

145 is sent to the fine pitch search unit 146 and a spectral



exanpl e, the Newt on- Rhapson nethod. The reason the a-paraneters are
converted into the LSP paraneters is that the LSP paraneter is superior in
i nterpol ati on characteristics to the a-paraneters. The LSP paraneters from
the a-LSP conversion circuit 133 are 10 matrix- or vector quantized by
the LSP quantizer 134. It is possible to take a frame-to-frame difference
prior to vector quantization, or to collect plural frames in order to
performmatrix quantization. In the present case, tw frames (20 nsec) of
the LSP paraneters, calculated every 2Q nsec, are collected and processed
with matrix quantization and vector quantization. The quanti zed output of
the quantizer 134, that is the index data of the LSP quantization, are
taken out at a termnal 102, while the quantized LSP vector is sent to an
LSP interpo&gﬁ%gp circugt %QGT The LfP i.nt er olatiog cfrgui5i1§6

i nt er pol at 85 (&' 95puILL bF €, T8liarfti? ‘éﬁl“@\ger‘??ezos”r?sc E3or 228" HEEE 9™n or der
to provideegye@ipght- fold rate. That is, the LSP vector is updated every
2.5 nsec. The

The fine pitch search unit 146 is fed with relatively rough
pitch data extracted by the open loop pitch search upit 141 and with
frequency-domain data obtained by DFT by the -orthﬂogonal transform
unit 145, The fine pitch search unit 146 swings the pitch data by +
several samples, at a rate of 0.2 to 0.5, centered about the 1.'ough
pitch value data, in order to arrive ultimately at the value of the
fine pitch data having an optimum decimal point (floating p.oint).
The analysis by synthesis method is used as the fine search
technique for selecting a pitch so that the power spectrum will be
closest to the power spectrum of the original sound. Pitch data from
the closed-loop fine pitch search unit 146 is sent to an output
terminal 104 via a switch 118.

In the spectral evaluation unit 148, the amplitude of each
harmonics and the spectral envelope as the sum of the harmonics are
evaluated based on the spectral amplitude and the pitch as the
orf‘-h_ogonal transform output of the LPC residuals and sent to the
fine pitch search unit 146, V/UV discrimination unit 115 and the
per-c.eptually weighted vector quantization unit 116.

The V/UV discrimination unit 115 discriminates V/UV of a
frame based on an output of the orthogonal transform circuit 145,
an optimum pitch from the fine pitch search unit 146, spectral
amplitude data from the spectral evaluation unit 148, maximum

value of the normalized self-correlation r(p) from the open loop



reason is that, if the residual waveformis processed with the

anal ysi s/ synthesi s by the harnoni c encodi ng/ decodi ng net hod, the envel ope
of the synthetic waveform presents an extrenely sooth waveform so that, if
the LPC coefficients are changed abruptly every 20 nsec, a foreign noise is
|ikely to be produced. That is, if the LPC coefficient is changed gradually
every 2.5 msec, such foreign noise may be prevented from occurrence. For
inverse filtering of the input speech using the interpolated LSP vectors
produced every 2.5 nsec, the LSP paramg¢ters are converted by an LSP to a
conversion circuit 137 into a-paraneters as coefficients of e.g., ten-order
direct type filter. An output of the LSP to a conversion circuit 137 is
sent to the LPC inverse-filter 11 circuit 111 which then perforns

e e A LR PROINE, PR ISk B, S, PR RETRE
an ort hogoRab-éfodRfi PIcBuatECY YD, IAOad Sitfdh, 2hedb Sl d iy PYisitioRlof PRe =
si nusoi dal anal ysis encoding unit 114, such as a harnonic encoding circuit.

band-based V/UV discrimination for the MBE may also be used as

a condition for V/UV discrimination. A discrimination output of the

V/UV discrimination unit 115 is taken out at an output terminal

105.

An output unit of the spectrum evaluation unit 148 or an input

unit of .the vector quantization unit 116 is provided with a data

number conversion unit (a unit performing a sort of sampling rate

conversion). The data number conversion unit is used for setting the

amplitude data |Am| of an envelope taking into account the fact

that the number of bands split on the frequency axis and the number

of data differ with the pitch. That is, if the effective band is up to

3400 kHz, the effective band can be split into 8 to 63 bands

depending on the pitch. The number of mMX + 1 of the amplitude

data 'lAmI, obtained from band to band, is changed in a range from

8 to 63. Thus the data number conversion unit converts the

ampl-i_tude data of the variable number mMx + 1 to a pre-set number

M of. data, such as 44 data.

.The amplitude data or envelope data of the pre-set number M,

such as 44, from the data number conversion unit, provided at an

output unit of the spectral evaluation unit 148 or at an input unit

of the vector quantization unit 116, are collected in terms of a pre-

set number of data, such as 44 data, as units, by the vector

quantization unit 116, by way of performing weighted vector



The a-paraneter fromthe LPC analysis circuit 132 of the LPC

anal ysi s/quanti zation unit 113 is sent to a perceptual weighting filter
calculating circuit 139 where data for perceptual weighting is found. These
wei ghting data are sent to a perceptual weighting vector quantizer 116,
perceptual weighting filter 125 of the second encoding unit 120 and the
perceptual weighted synthesis filter 1.22. The sinusoidal anal ysis encodi ng
unit 114 of the harnonic encoding circuit analyzes the output of the
inverse LPC filter 111 by a method of garnnnic encodi ng. That is, pitch
detection, calculations of the anplit& es Am of the respective harnonics
and voiced (V)/ unvoiced (UV) discrimnation are carried out and the
nunbers of the anplitudes Am or the envel opes of the respective harnonics,
varied with the pitch, are nade constant by di nensional conversion. In an

i || ustrat d¥entzamgme ToFist weightnissevpipliedrbyl ¢8i autdmdoof ABeumerceptuakhown in

Fi g. 3, commnpl.ace moni ¢ .encodi ng i. de.ln. particular, in nmulti-band
excitati Qr‘l’ve(lﬁlgii‘)%%_eﬁggécﬁ r?&tlc‘fltanlosn e?é%[ﬂhgdf?gﬁ }Bﬁewr)%gx toﬁa{hevgpgglcf’ppeort i ons
and unvoi GegmPeRé i etioRr udisent1 e it hakkheaiensy aaset & 13and afy t he sane

time point (in the sanme block or frane). In other harnonic encoding

t echni queutputiterminal 103. Prior to weighted vector quantization, it is
advisaﬁle to take inter-frame difference using a suitable leakage
coefficient for a vector made up of a pre-set number of data.

The .'§econd encoding unit 120 is explained. The second
encoding unit 120 has a so-called CELP encoding structure and is
used in pa.rt'i'cular for encoding the unvoiced portion of the input
speech signal. In the CELP encoding structure for the unvoiced
portion of the input speech signal, a noise output, corresponding to
the LPC residuals of the unvoiced sound as a representative value
output of the noise codebook, or a so-called stochastic codebook

o121, is sent via a gain control circuit 126 to a perceptually
weighted synthesis filter 122. The weighted synthesis filter 122 LPC
synthesizes the input noise and sends the produced weighted
unvoiced signal to the subtractor 123. The subtractor 123 is fed.
w.it'li""a signal supplied from the input terminal 101 via an high-pass
filt'e}_',r’ (HPF) 109 and perceptually weighted by a perceptual
weighting filter 125. The difference or error between the signal and
the signal from the synthesis filter 122 is taken out. Meanwhile, a
zero input response of the perceptually weighted synthesis filter is
previously subtracted from an output of the perceptual weighting
filter output 125. This error is fed to a distance calculation circuit

124 for calculating the distance. A representative vector value

(RN



12 uni quely judged whether the speech in one block or in one frame is

voi ced or unvoiced. In the follow ng description, a given franme is judged
to be W if the totality of the band is UV, insofar as the MBE encoding is
concerned. The open-loop pitch search unit 141 and the zero-crossing
counter 142 of the sinusoidal analysis encoding unit 114 of Fig.3 is fed
with the input speech signal fromthe input termnal 101 and with the
signal fromthe high-pass filter (HPF) 109, respectively. The orthogonal
transformcircuit 145 of the sinusoidal analysis encoding unit 114 is
supplied with LPC residuals or linear prediction residuals fromthe inverse
LPC filter 111. The open loop pitch search unit 141 takes the LPC residuals
of the input signals to performrelatively rough pitch search by open | oop.
The extrac gﬂgroggh pitch data is sent to a fine thch search gnit 146 by
cl osed | o%b' ePIRUDBIZG 1B eHOdn § e agphed | BopRpi PRISes £QdEROKI t 141,

o mal 1 21 p L Rt Yo APt o PREeRLRL PP g B PR e o
al ong w ttintehid omoaigh v veflorhatednp Ryyingakee eOldlsedlwwp Weddich in turn
employing the an_alys_i,s_bly sfnthesis method.

As data for tlhe unvoiced (UYV) poftion from the second
encoder 120 employing the CELP coding structure, the shape index
of the codebook from the noise codebook 121 and the gain index of
the codebook from the gain circuit 126 are taken out. The shape
index, which is the UV data from the noise codebook 121, and the
gain index, which is the UV data of the gain circuit 126, are sent
via a switch 127g to an output terminal 107g. i

These switches 127s, 127g and the switches 117, 118 are
turned on and off depending on the results of V/UV decision from
the V/UV discrimination unit 115. Specifically, the switches 117,
118 are turned on, if the results of V/UV discrimination of the
speech signal of the frame currently transmitted indicates voiced
(V), while the switches 127s, 127g are turned on if the spee;ch
signal of the frame currently transmitted is unvoiced (UV).

Fig.4 shows a more detailed structure of a speech signal
decoder shown in Fig.2. In Fig.4, the samé numerals are used to
denote the opponents shown in Fig.2.

In Fig.4, a vector quantization output of the LSP
corresponding to the output terminal 102 of Figs.l and 3, that is
the codebook index, is supplied to an input terminal 202,

The LSP index is sent to he inverse vector quantizer 231 of



the rough pitch data so as to be sent to the VUV discrimnation unit 115.
The orthogonal transformcircuit 145 perforns orthogonal transform such as
di screte Fourier transform (DFT) for converting the LPC residuals on the
time axis into spectral anplitude data on the frequency axis. An output of
t he orthogonal transformcircuit 145 is sent to the fine pitch search unit
146 and a spectral 13 evaluation unit 148 for evaluating the spectral
anplitude or envelope. The fine pitch search unit 146 is fed with
relatively rough pitch data extracted iy the open | oop pitch search unit
141 and with frequency-domain data obtained by DFT by the orthogonal
transformunit 145. The fine pitch search unit 146 swings the pitch data by
[err] several sanples, at a rate of 0.2 to 0.5, centered about the rough

pitch val dat in grder o arrive ultimately at th alue of the fine
pitch dat g%ﬁa%s%g fJét’rr\ Q’pﬁﬁ‘r& %r&%ﬁerpﬁ?‘?fg’ea '%&t‘r‘?\ﬁ gé' nt9.257R@ Bfal ysis

by synt hesingef®d h@dtéls qUaBfized {d'9idd RPeSHAI Ghir (LSP) data which are

then supplied to LSP -interpolation circuits 232, 233 for
interpolation. The resulting interpolated data is converted by the
LSP to a conversion circuits 234, 235 to « par#meters which are
sent to the LPC synthesis filter 214. The LSP interpolation circuit
232 and the LSP to « conversion circuit 234 are designed for
voiced (V) sound, while the LSP interpolation circuit 233 and the
LSP to o conversion circuit 235 are designed for unvoiced (uv)
sound. The LPC synthesis filter 214 separates the LPC synthesis
filter 236 of the voiced speech portion from the LPC synthesis filter
237 of the unvoiced‘ speech portion. That is, LPC coefficient
interpolation is carried out independently for the voiced speech
portion and the unvoiced speech portion for prohibiting ill effects
which might otherwise be produced in the transition portion from
the voiced speech portion to the unvoiced speech portion or vice
versa by interpolation of the LSPs of totally different properties.

To an input terminal 203 of Fig.4 is supplied code index data
cor.r'égponding to the weighted vector quantized spectra envelope Am
corresponding to the output of the terminal 103 of the encoder of
Figs.1 and 3. To an input terminal 204 is supplied pitch data from
the terminal 104 of Figs.l and 3 and, to an input terminal 205 is
supplied V/UV discrimination data from the terminal 105 of Figs.1

and 3.

The vector-quantized index data of the spectral envelope Am

N1



technique for selecting a pitch so that the power spectrumw || be cl osest
to the power spectrumof the original sound. Pitch data fromthe
cl osed-1oop fine pitch search unit 146 is sent to an output term nal 104
via a swtch 118. In the spectral evaluation unit 148, the anplitude of
each harnonics and the spectral envel ope as the sum of the harnonics are
eval uat ed based on the spectral anplitude and the pitch as the orthogonal
transform out put of the LPC residuals and sent to the fine pitch search
unit 146, V/ UV discrimnation unit 115,and the perceptually wei ghted vector
guanti zation unit 116. The V/ WV discrimnation unit 115 discrimnates V/ W
of a frane based on an output of the orthogonal transformcircuit 145, an
optimumpitch fromthe fine pitch search unit 146, spectral anplitude data
fromthe spectral evaluation unit 148, maxi num val ue of the nornalized
sel f-corr dream dhe rippyt freomindk 263ehs Issop to andimpiersh vectochquantizésl and
the zero- lﬁ§%%ng.count value fromthe, zero-crossing counter 142, In

e

addition, 6uHHvaerr>§epﬁgfttqroﬂu&pttﬁéxon where an x‘ctllverse conversion

with respect to the data number conversion is carried out. The
resulting spectral envelope data is sent to a sinusoidal synthesis
circuit 215,

If the inter-frame difference is found prior to vector
quantization of the spectrum during encodi.ng, inter-frame difference
is decoded after inverse vector quantization for producing the
spectral envelope data.

The sinusoidal synthesis circuit 215 is fed with the pitch from
the input terminal 204 and the V/UV discrimination data from the
input terminal 205. From the sinusoidal synthesis circuit 215, LPC
residual data corresponding to the output of the LPC inverse filter
111 shown in Figs.l and 3 are taken out and sent to an adder 218.

The envelop data of the inverse vector quantizer 212 and the
pitch and the V/UV discrimination data from the input terminals
204, 205 are sent to a noise synthesis circuit 216 for noise addition
for the voiced portion (V). An output of the noise synthesis circuit
216 .is sent to an adder 218 via a weighted overlap-add circuit 217.
Specifically, the noise taking into account the fact that, if the
excitation as an input to the LPC synthesis filter of the voiced
sound is produced by sine wave synthesis, stuffed feeling is
produced in the low-pitch sound such as male speech, and the sound
quality is abruptly changed between the voiced sound and the

unvoiced sound thus producing an unnatural hearing feeling, is



band- based V/ UV discrimnation for the MBE may al so be used as a condition
for VW discrimnation. A discrimnation output of the V/ UV discrimnation
unit 115 is taken out at an output term nal 105. An output unit of the
spectrum eval uation unit 148 or an input unit of the vector quantization
unit 116 is provided with a data nunber conversion unit (a unit performng
a sort of sanpling rate conversion). The data nunber conversion unit is
used for setting the anplitude data | Anf of an envel ope taking into account
the fact that the nunmber of bands spl 'bt on the frequency axis and the
nunber of data differ with the pitch.1 That is, if the effective band is up
to 3400 kHz, the effective band can be split into 8 to 63 bands dependi ng
on the pitch. The nunmber of mW + 1 of the anplitude data | Anj, obtai ned
fromband to band, is changed in a range from8 to 63. Thus the data nunber
conver si onedddd tectheevoicednpoatiphi dfidiee ARG rebiduwd sigmiadbl Sunbnbaisenvk + 1
to a pre-set nupber M of da&la, such as 44 data. The anplitude data or

envel ope dHXESoINtOHACEPRIL N e PRIAREIT S SERIC LA With SReeRR tRtfiRBNDer

conver 1 onedh 0 B ABIRUBY oL NE kAT SRR, MIRLH o

in ternms oimalipiiée in a frame or the residual signal level, in connection with
theLPC ;yqt,l.xes‘is'filter input of the voiced spéech portion, that is
excitation,

An‘add output of the adder 218 is sent to a synthesis filter
236 for the iqiced sound of the LPC synthesis filter 214 where LPC
synthesis is carried out to form time waveform data which then is
filtered by a post-filter 238v for the voiced speech and sent to the
adder 239. )

The shape index and the gain index, as UV data from the
output terminals 107s and 107g of Fig.3, are supplied to the input
terminals 207s and 207g of Fig.4, and thence supplied to the
unvoiced speech synthesis unit 220. The shape index from the
terminal 207s is sent to the noise codebook 221 of the unvoiced
speech synthesis unit 220, while the gain index from the terminal
207':g__' is sent to the gain circuit 222. The representative value
output read out from the noise codebook 221 is a noise signal
component corresponding to the LPC residuals of the unvoiced
speech. This becomes a pre-set gain amplitude in the gain circuit
222 and is sent to a windowing circuit 223 so as to be windowed
for smoothing junction to the voiced speech portion.

An output of the windowing circuit 223 is sent to a synthesis

filter 237 for the unvoiced (UV) speech of the LPC synthesis filter



set nunber of data, such as 44 data, as units, by the vector quantization
unit 116, by way of perform ng wei ght ed vect or 15 quantization. This
wei ght is supplied by an output of the perceptual weighting filter
calculation circuit 139. The index of the envelope fromthe vector
gquantizer 116 is taken out by a switch 117 at an output termnal 103. Prior
to wei ghted vector quantization, it is advisable to take inter-frane

di fference using a suitable | eakage coefficient for a vector made up of a
pre-set nunber of data. The second engpding unit 120 is explained. The
second encoding unit 120 has a so-called CELP encoding structure and is
used in particular for encoding the unvoi ced portion of the input speech
signal. In the CELP encoding structure for the unvoiced portion of the

I nput speegh,signal,. a noise output, corresponding to the [PC residuals of
t he unvoi cgg“sgﬁﬁddﬁ‘? Senpe e‘g‘én wthgsis fites i ﬁgtP'W"’t"ﬁ r’fb‘i‘geLEGdebook,

126 10 a pet maeTHoITY ShePmi AT vkl Guedihlr 103 SRR D TR0
filter 122TheCtime waveform data of the unvoiced portion is filtered by a
post-filter for the unvoiced portion before being sent to an adder
239,

In the adder 239, the time waveform signal from the post-filter
for the voiced speech 238v and the time waveform data for the
unvoiced speech portion from theé post-filter 238u for the unvoiced
speech are added to each other and fhe resulting sum data is taken
out at the output terminal 201.

The above-described speech signal encoder can output data of
different bit rates depending on the demanded sound quality. That
is, the output data can be outputted with variable bit rates. For
example, if the low bit rate is 2 kbps and the high bit rate is 6
kbps, the output data is data of the bit rates having the bit rates
shown in Fig.15.

The pitch data from the output terminal 104 is outputted at al
times S.t a bit rate of 8 bits/ 20 msec for the voiced speech, with
the V/UV discrimination output from the output terminal 105 being
at all times 1 bit/ 20 msec. The index for LSP quantization,
outputted from the output terminal 102, is switched between 32
bits/ 40 msec and 48 bits/ 40 msec. On the other hand, the index
during the voiced speech (V) outputted by the output terminal 103

is switched between 15 bits/ 20 msec and 87 bits/ 20 msec. The

index for the unvoiced (UV) outputted from the output terminals



synt hesi zes the input noise and sends the produced wei ghted unvoi ced
signal to the subtractor 123. The subtractor 123 is fed with a signal
supplied fromthe input termnal 101 via an high-pass filter (HPF) 109
and perceptually weighted by a perceptual weighting filter 125. The
difference or error between the signal and the signal fromthe synthesis
filter 122 is taken out. Meanwhile, a zero input response of the
perceptual |y wei ghted synthesis filter is previously subtracted from an
out put of the perceptual weighting fiJ.,ter output 125. This error is fed to
a distance calculation circuit 124 f cal cul ating the distance. A
representative vector val ue 16 which will mnimze the error is searched
in the noi se codebook 121. The above is the summary of the vector

auant 22t 98787y T AORRLRUBLSIEL ST 1R M1 S90S, bR oo o
L C G T T A AL
121 and thenggai fior ddobpafand 120 kbps/ 20 msec for 6 kbps. On the other

hand, the output data for the voiced sound (UV) is 39 bits/ 20 msec

for 2 kbps and 117 kbps/ 20 msec for 6 kbps.

The index for LSP quantization, the index for voiced speech
(V) and the index for the unvoiced speech (UV) are explained later
on in connection with the arrangement of pertinent portions.

Referring to Figs.5 and 6, matrix quantization and vector
quantization in the LSP quantizer 134 are explained in detail.

The a-parameter from the LPC analysis circuit 132 is sent to
an o-LSP circuit 133 for conversion to LSP parameters. If the P-
order LPC analysis is performed in a LPC analysis circuit 132, P
o-parameters are calculated. These P a-parameters are converted
into LSP parameters which are held in a buffer 610.

The buffer 610 outputs 2 frames of LSP parameters. The two
frames of the LSP parameters are matrix-quantized by a matrix
quantizer 620 made up of a first matrix quantizer 620, and a second
ma.t_;fix quantizer 620,. The two frames of the LSP parameters are
matrix-quantized in a first matrix quantizer 620, and the resulting
quantization error is further matrix-quantized in the second matrix
quantizer 620,. The matrix quantization exploits correlation in both
the time axis and in the frequency axis.

The quantization error for two frames from the matrix

quantizer 620, enters a vector quantization unit 640 made up of a



t he codebook fromthe gain circuit 126 are taken out. The shape i ndex,
which is the UV data fromthe noise codebook 121, and the gain index, which
is the UV data of the gain circuit 126, are sent via a switch 127g to an
output term nal 107g. These switches 127s, 127g and the switches 117, 118
are turned on and off depending on the results of V/ UV decision fromthe

V/ WV discrimnation unit 115. Specifically, the swtches 117, 118 are
turned on, if the results of V/ UV discrimnation of the speech signal of
the frame currently transmtted indicates voiced (V), while the switches
127s, 127g are turned on if the speech %isgnal of the frame currently
transmtted is unvoiced (W). Fig.4 shd a nore detailed structure of a
speech signal decoder shown in Fig.2. In Fig.4, the sane nunerals are used
to denote the opponents shown in Fig.2. In Fig.4, a vector quantization
out put offirdteve¢!®P guantespoirdOngnidoatdesondt pextorequdntaterl ®20qf Fihgs. 1 and
3, that is_.the codebook index, is supplied to_.an input term nal 202. The
LSP i ndex TI&¥S&AEIRD GHRRtIRAT §40y et BrrdGulRt PL v QFEIPT quantization

portions 650, 660, while the second vector quantizer 640, is made
up of two vector quantization portions 670, 680. The quantization
error from the matrix quantization unit 620 is quantized on the
frame basis by the by the vector quantization portions 650, 660 of
the first vector quant'izer 640,. The resulting quantization error
vector is further vector-quantized by the vector quantization
portions 670, 680 of the second vector quantizer 640,. The above
described vector quantization exploits correlation along the
frequency axis.

The matrix quantization unit 620, executing the matrix
quantization as described above, includes at le-ast a first matrix
quantizer 620, for performing first matrix quantization step and a
second matrix quantizer 620, for performing second matrix
quantization step for matrix quantizing the quantization error
produced by the first matrix quantization. The vector quantization
uniti.640, executing the vector quantization as described above,
includes at least a first vector quantizer 640, for performing first
vector quantization step and a second vector quantizer 640, for
performing second matrix quantization step for matrix quantizing the
quantization error produced by the first vector quantization.

The matrix quantization and the vector quantization will now

be explained in detail.

The LSP parameters for two frames, stored in the buffer 600,



17 the LSP for the LPC paraneter reproducing unit 213 so as to be inverse
vector quantized to |line spectral pair (LSP) data which are then supplied
to LSP interpolation circuits 232, 233 for interpolation. The
resulting interpolated data is converted by the LSP to a conversion
circuits 234, 235 to a paraneters which are sent to the LPC synthesis
filter 214. The LSP interpolation circuit 232 and the LSP to a conversion
circuit 234 are designed for voiced (V) sound, while the LSP interpolation
circuit 233 and the LSP to a conversi@a circuit 235 are designed for

unvoi ced (UV) sound. The LPC synthesis filter 214 separates the LPC
synthesis filter 236 of the voiced speech portion fromthe LPC synthesis
filter 237 of the unvoiced speech portion. That is, LPC coefficient
interpolatjon,is rried out independently for the voiced speech portion
and the uhWdi tea g@é%dﬂ“ﬁb*ii%ﬁngﬁ°pﬂﬁhf%Ptmﬁﬁﬁﬂ quantizes i difteni ght
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portion to the unvoiced speec Ion vice versa by Interpol ation of
the LSPs GfSR gisrlametdi f{&d@nt62ar apeat wesghtbd Adstahelel chRfuTatialg 4@ of Fig. 4
is supplied code index data corresponding to the weighted vector quantized
spectra ef¢dl &pe findingr thes yorigihngd t dist hecowifptite ofinimom endieal 103 of the

encoder of . . - .
' ‘ The distortion measure dyq, during codebook search by the

first matrix quantizer 620, is given by the equation (1):

1

P
dyoy XX\ = Y o wlti)x, (i) - x,' (D))

=0 (=1

-

..(1)
where X, is the LSP parameter and X, is the quantization value,
with t and i being the numbers of the P-dimension.

The weight w(t, i), in which weight limitation in the frequency

axis and in the time axis is not taken into account, is given by the

equation (2):

W) = ——1 + L
x(ti+l) - ¥t xi) - x(ti-1)

._ .(2)
where x(t, 0) = 0, x(t, p+1) = & regardless of t.-
The weight of the equation (2) is also used for downstream
side matrix quantization and vector quantization.
The calculated weighted distance is sent to a matrix quantizer

MQ, 622 for matrix quantization. An 8-bit index outputted by this

matrix quantization is sent to a signal switcher 690. The



Figs.1 and 3. To an input termnal 204 is supplied pitch data fromthe

termnal 104 of Figs.1l and 3 and, to an input termnal 205 is supplied V/UW
discrimnation data fromthe term nal 105 of Figs.1l and 3. The

vect or-quanti zed i ndex data of the spectral envel ope Am 18 fromthe
I nput termnal 203 is sent to an inverse vector quantizer 212 for inverse
vector quantization where an inverse conversion with respect to the data
nunber conversion is carried out. The resulting spectral envel ope data is
sent to a sinusoidal synthesis circuit 215. If the inter-frame difference
Is found prior to vector quantizati%% of the spectrum during encoding,
inter-frane difference is decoded after inverse vector quantization for
produci ng the spéctral envel ope data. The sinusoidal synthesis circuit 215
is fed with the pitch fromthe input termnal 204 and the V/ W
di scri nmi newdmnzatien Yalom bhenivmput quartizata n 2653 uRrrest e e nsp mustd dal
synthesi S6fi rﬁ'lcj)lrr} t %SLS&’Pgarameters for two frames. A weighted distance
calculating unit 623 sequentially calculates the weighted distance
every two frames so that matrix quantization is carried out in the
matrix quantization unit 622. Also, a quantization value minimizing
the weighted distance is selected. An output of the adder 621 is
sent to an adder 631 of the second matrix :qU'antizer 620,.

Similarly to the first matrix quantizer 620,, the second matrix
quantizer 620, performs matrix quantization. An output of the adder
621 is sent via adder 631 to a weighted distance calculation unit
633 where the minimum weighted distance is calculated.

The distortion measure dyq, during the codebook search by the

second matrix quantizer 620, is given by the equation (3):

0 X X,") = ggww)(xz(t.l) - x, (4D

...(3)
where X, and X, are the quantization error and the quantization
value from the first matrix quantizer 620,, respectively.

The weighted distance is sent to a matrix quantization unit
(MQ,) 632 for matrix quantization. An 8-bit index, outputted by
matrix quantization, is subtracted at the adder 631 from the two-
frame quantization error. The weighted distance calculation unit 633
sequentially calculates the weighted distance using the output of the

adder 631. The quantization value minimizing the weighted distance

is selected. An output of the adder 631 is sent to the adders 651,



resi dual data corresponding to the output of the LPC inverse filter 111
shown in Figs.1l and 3 are taken out and sent to an adder 218. The envel op
data of the inverse vector quantizer 212 and the pitch and the V/ UV
discrimnation data fromthe input termnals 204, 205 are sent to a noise
synthesis circuit 216 for noise addition for the voiced portion (V). An
out put of the noise synthesis circuit 216 is sent to an adder 218 via a
wei ght ed overl ap-add circuit 217. Specifically, the noise taking into
account the fact that, if the excitatggn as an input to the LPC synthesis
filter of the voiced sound is produced by sine wave synthesis, stuffed
feeling is produced in the |lowpitch sound such as mal e speech, and the
sound quality is abruptly changed between the voiced sound and the unvoiced
sound thus rodUC|n an unnatural hearin feelln 19 added to the
voi ced po??f)dhf bhe tff, @‘LP@WSHH&&P@FQ@% s fragpe p ncgf%’@et akes into account

anpl | tudes. of Vi etcFfatlr QuIRERET ERO TR AR e PR RN (1o
resi dual glagfwaby! fele. AR &ﬂ'})’ﬁchfQ'ﬁeV\&M\er 631 is sent frame by frame

to ea:wh of weighted distance calculating units 653, 663 via adders

651, 661 for calculating the minimum weighted distance.

The difference between the quantization error X, and the
quantization error X,' is a matrix of (10 x 2). If the difference is
represented as X, - X, = [x,, k_,_,], the distortion measures dyg,,
dyq: during codebook search by the vector quant.ization units 652,

662 of the first vector quantizer 640, are given by the equations (4)
and (5):

P
iy ) = Lo w0 04) = %3, O

(4)

P
dypfx, %, ") = i);;wcl,i)(xs-,(l,o - x,' (L))
..(5)

-"The weighted distance is sent to a vector quantization VQ, 652
and.é' vector quantization unit VQ, 662 for vector quantization.
Eacﬂ .8-bit index outputted by this vector quantization is sent to the
signal switcher 690. The quantization value is subtracted by the
adders 651, 661 from the input two-frame quantization error vector.
The weighted distance calculating units 653, 663 sequentially
calculate the weighted distance, using the outputs of the adders

651, 661, for selecting the quantization value minimizing the



the LPC synthesis filter input of the voiced speech portion, that is
excitation. An add output of the adder 218 is sent to a synthesis filter
236 for the voiced sound of the LPC synthesis filter 214 where LPC
synthesis is carried out to formtinme waveformdata which then is filtered
by a post-filter 238v for the voiced speech and sent to the adder 239. The
shape index and the gain index, as U/ data fromthe output termnals 107s
and 107g of Fig.3, are supplied to the input term nals 207s and 207g of
Fig.4, and thence supplied to the unvgjced speech synthesis unit 220. The
shape index fromthe termnal 207s is sent to the noi se codebook 221 of the
unvoi ced speech synthesis unit 220, while the gain index fromthe term na
207g is sent to the gain circuit 222. The representative val ue out put read

out fromthe noi se codebook 221 is a noise signal co ent coryespondi ng
to the LP(’!‘?‘&éF%ﬂJaﬂ@tMc%-h@euﬂ\ikﬂ‘b‘éd°§p'é‘§cﬁ.§dgﬁ? sésglegg s?ef ngg 3& gai n

anpl i tude iy o} NG A2 @8?'3%3%]& s?e%%n"angei‘.t%rsgma }i3eR gu@dow ng circuit 223 so
as to be wndowed for snmpothing junction t tPle voi ced’ speech portion. An
out put of the yhpdf¥tddisn rn%ﬂshra?di,qi_,,sdsﬁpauﬁagacaqwdtﬂsissafdhlingrby237 f or
t he unvoiced (UV) speech of the LPC synthesis filter )
the vector quantizers 672, 682 of the second vector quantizer 640,,
for
X4 = X - Xaof
X4z = X33 - X322

are given by the equations (6) and (7):

P
dyposx, » %, = §w(0,z)(x4_l(0,i) - x,_,'(0,))?

..(6)

P
dppfx, » X', ) = izl:w(l,i)(x4_z(l,z') - x ', (LY

AT

These weighted distances are sent to the vector quantizer
(VQ,) 672 and to the vector quantizer (VQ, 682 for vector
quantization. The 8-bit output index data from vector quantization
are:':éﬁbtracted by the adders 671, 681 from the input quantization
erro._'r__-'f.vector for two frames. The weighted distance calculating units
673, 683 sequentially calculate the weighted distances using the
outputs of the adders 671, 681 for selecting the quantization value
minimizing the weighted distances.

During codebook learning, learning is performed by the general
Lloyd algorithm based on the respective distortion measures.

The distortion measures during codebook searching and during



20 214. The data sent to the synthesis filter 237 is processed with LPC
synthesis to becone time waveformdata for the unvoiced portion. The tine
wavef orm data of the unvoiced portion is filtered by a post-filter for the
unvoi ced portion before being sent to an adder 239. In the adder 239, the
time waveformsignal fromthe post-filter for the voiced speech 238v and
the time waveformdata for the unvoi ced speech portion fromthe post-filter
238u for the unvoiced speech are added to each other and the resulting sum
data is taken out at the output term pal 201. The above-descri bed speech

si gnal encoder can output data of different bit rates depending on the
demanded sound quality. That is, the output data can be outputted with

vari abl e bit rates For exanple, if the low bit rate is 2 kbps and the high

bit rate s %he ﬁé talls data of the bit rates having the bit
rates shc}\fvﬁ?ﬁlgF y1 T EQFSH dft'4°From t he output terminal 104 is

outputted at glhe 8-bit index data from the matrix quantization units 622,
632 and the vector quantization units 652, 662, 672 and 682 are
switched by the signal switcher 690 and outputted at an output
terminal 691, .

Specifically, for a low-bit rate, outputs of the first matrix
quantizer 620, carrying out the first matrix quantization step,
second “matrix_ qﬁah;:izer 620, carryihg out the second matrix
quantization st'ep and the first vector quantizer 640, carrying out
the first vector quantization step are taken out, whereas, for a high
bit rate, the output for the low bit rate is summed to an output of
the second vector quantizer 640, carrying out the second vector
quantization step and the resulting sum is taken out.

This outputs an index of 32 bits/ 40 msec and an index of 48
bits/ 40 msec for 2 kbps and 6 kbps, respectively.

The matrix quantization unit 620 and the vector quantization
unit 640 perform weighting limited in the frequency axis and/or the
time axis in conformity to characteristics of the parameters
representing the LPC coefficients.

The weighting limited in the frequency axis in conformity to
characteristics of the LSP parameters is first e_‘xplained. If the

number of orders P = 10, the LSP parameters X(i) are grouped into

L, = {X({)]1 <izs< 2}
L,={X(@{) |3 i < 6}
Ly = {X({) |7 si< 10}



times at a bit rate of 8 bits/ 20 nsec for the voiced speech, wth the V/ W
di scrimnation output fromthe output termnal 105 being at all tinmes 1
bit/ 20 nmsec. The index for LSP quantization, outputted fromthe output
termnal 102, is switched between 32 bits/ 40 nmsec and 48 bits/ 40 nmsec. On
the other hand, the index during the voiced speech (V) outputted by the
output termnal 103 is swtched between 15 bits/ 20 nsec and 87 bits/ 20
nsec. The index for the unvoiced (UV) outputted fromthe output termnals
21 107s and 107g is switched between 11 bits/ 10 nmsec and 23 bits/ 5 nsec.
The output data for the voiced sound ( is 40 bits/ 20 nsec for 2 kbps
and 120 kbps/ 20 nsec for 6 kbps. On the other hand, the output data for
t he voiced sound (UV) is 39 bits/ 20 nsec for 2 kbps and 117 kbps/ 20 nsec
for 6 kbps,.THE N or .LSP quantization, the |n f ol VOi C eech (V)
and the i;?aéxnﬁc?re Fﬁ&ég%sn\%i l(%e‘%l’ g’%@eéﬁa( bﬂﬁm é?%@(’pﬁgi)(trlf(aedwleégfétr‘ggnglpn
connecti onhe ghotipe 1o, BRGENL, Bf 1p8] vk NAIY 199! ttheNdrei gefiagr iikdté® Figs. 5
and 6, matrix quantization and vector

only in the frequency axis is given by the equations (8), (9) and

(10)
w'(i)=-—;@-—><%

..(8)

..(9)

...(10)
The weighting of the respective LSP parameters i's performed
in each group only and such weight is limited by the weighting for
each group.
Looking in the time axis direction, the sum total of the
respective frames is necessarily 1, so that limitation in the time axis
direction is frame-based. The weight limited only in the time axis

direction is given by the equation (11):



guanti zation in the LSP quantizer 134 are explained in detail. The
a-paraneter fromthe LPC analysis circuit 132 is sent to an a-LSP circuit
133 for conversion to LSP paraneters. If the P- order LPC analysis is
performed in a LPC analysis circuit 132, P a-paraneters are cal cul at ed.
These P a-paraneters are converted into LSP paraneters which are held in a
buffer 610. The buffer 610 outputs 2 franes of LSP paraneters. The two
frames of the LSP paraneters are matrix-quantized by a matri x quantizer 620
made up of a first matrix quantizer 62@[err] and a second matri x quanti zer
6202. The two franmes of the LSP paraneters are matrix-quantized in a first
matri x quanti zer 620[err] and the resulting quantization error is further
matri x-quantized in the second matrix quantizer 6202. The matrix

guanti zation exploits correlation in both the tinme axis and in the
frequency axiswVQhS:guanﬂiaation error for two frames fromthe matrix
quanti zer 620[errf enters a vector quantization unit 640 nade up of a 22

first vector quantizeﬂ[ﬁﬁbﬂbﬂr] and a second vector quantizer 640[err].
The =1 +=0

..(11)
where 1 < i < 10 and 0 <t < 1.

By this equation (11), weighting not limited in the frequency
axis direction is carried out between two frames with the frame
numbers of t = 0 and t = 1. This weighting limited only in the time
axis direction is carried out between two frames processed with
matrix quantization.

During learning, the totality of frames used as learning data,
having the total number T, is weighted in accordance with the

equation (12):

w (i) = T ";(i’t)

>3 W)

741 1=0
...(12)

where 1 s i < 10 and 0 st < T

The weighting limited in the frequency axis direction and in
the time axis direction is explained. If the number of orders P = 10,
the LSP parameters X(i, t) are grouped into

L,={X@, t)]1si<2, 0zc<tzs]1)}

L, {X(i,t)|3s.i-56,05tsl}



first vector quantizer 640[err] is made up of two vector quantization
portions 650, 660, while the second vector quantizer 6402 is nade up of two
vect or quanti zation portions 670, 680. The quantization error fromthe
matri x quantization unit 620 is quantized on the frame basis by the by the
vect or quantization portions 650, 660 of the first vector quantizer
640[err]. The resulting quantization error vector is further

vect or-quanti zed by the vector quantization portions 670, 680 of the second
vect or quantizer 6402. The above descnpbed vector quantization exploits
correlation along the frequency axis. The matri x quantization unit 620,
executing the matri x quanti zation as descri bed above, includes at |east a
first matrix quantizer 620[err] for performng first matrix quantization
step and a seceond. 1 uanti z 6202 _f performng second matrix
guanti zati on s?@p fg?hﬁa Jiﬂ %Haﬁt?QIéb%tﬁesqﬁgntization error produced by
the first fomt thoeedWanges dfl Dow, THRI Wad GfgklUARigleZatliforh el dighihg @¥ecuting
the vector quantization as described above, includes at |east a first

vect or quetei sepu@aokor L], 4t Lpeis dfdi g 4ad st/4vetdreow ajghhimigz dimidadst ep and

a second vecgt or antizer 6402 fqr perform second matrix quanti zati on
step for n‘h‘lclP’iBP gﬂﬁﬁf?‘i‘i‘ﬂb“)f ﬁé‘ﬁdéri‘i"f&tpbnt rFSPaHt"cS’duéti})’b @hé“ irst
vector quapygyzation.

w (i) = -—;—1%£5£2-__- x

2 Y wijs)

J=1 3=0

1
4

..(13)

...(14)

...(15)

:By these equations (13) to (15), weighting limited every three
framés in the frequency axis direction and across two frames
processed with matrix quantization is carried out. This is effective
during codebook search and during learning.

During learning, weighting is for the totality of frames of the
entire data. The LSP parameters X(i, t) are grouped into

L, = {X(i, t)] 1 «i<2 0<tzx< T}

L, ={X(@, t)]3 <i<6,0scts T}



The matrix quantization and the vector quantization will now be expl ai ned
in detail. The LSP paraneters for two franmes, stored in the buffer 600,
23 that is a 10x2 matrix, is sent to the first matrix quantizer 620[err].
The first matrix quantizer 620[err] sends LSP paraneters for two frames via
LSP paraneter adder 621 to a wei ghted distance cal culating unit 623 for
finding the weighted di stance of the m ni num val ue. The distortion neasure
d[ err] during codebook search by the first matrix quantizer 620[err] is
given by the equation (1): [err] where X err] is the LSP paraneter and
X[err] is the quantization value, witht and i being the nunbers of the
P- di mensi on. The weight w(t, i), in which weight limtation in the
frequency axis and in the tine axis is not taken into account, is given by
t he equation %?): &err] (2% )
s = {X(1, t)] <is< 10,0 <ts T}

for low, mid and high ranges. If the weighting of the groups L,, L,

and L, is 1/4, % and 1/4, the weighting for the groups L,, L, and

L,, limited only in the frequency axis, is given by the equations

(16), (17) and (18):

w '(i’t) = Jﬁ’.t)— X

...(16)

.(17)

...(18)
'By these equations (16) to (18), weighting can be performed

for three ranges in the frequency axis direction and across the
totality of frames in the time axis direction.

In addition, the matrix quantization unit 620 and the vector
quantization unit 640 perform weighting depending on the magnitude
of changes in the LSP parameters. In V to UV .or UV to V
transition regions, which represent minority frames among the

totality of speech frames, the LSP parameters are changed



where x(t, 0) =0, x(t, p+l) = [err] regardless of t. The weight of the
equation (2) is also used for downstream side matri x quanti zation and
vect or quanti zation. The cal cul ated wei ghted distance is sent to a nmatrix
gquantizer MJerr] 622 for matrix quantization. An 8-bit index outputted by
this matrix quantization is sent to a signal swtcher 690. The

24 quantization value by matrix quantization is subtracted in an adder 621
fromthe LSP paraneters for two frames. A weighted di stance cal cul ating
unit 623 sequentially calculates the ygighted distance every two franes so
that matrix quantization is carried out in the matrix quantization unit
622. Also, a quantization value mnimzing the weighted distance is

sel ected. An output of the adder 621 is sent to an adder 631 of the second
matrix quantizer 620[err]. Simlarly to the first matrix quantizer

620[ err], stswiftermidy dwe riox diffeiensering2be FEALSPRE TRAPOADECqHSHYFSAti on. An

out put of the adder 621 is._sent Via der lto i g di st e
cal cul ati 8Hnaﬁintang§3a§\%eygwte & r’ﬁlfﬁ?rﬁgdre\bitg‘%t evsdeléi%g\?%cgﬁole‘gncg?cgﬁgt ed.
equation (19) may be multiplied by the weighting W'(i, t) for

weighting placing emphasis on the transition regions.

10 '
- wd(f) = g,p:,(i,t) - x, (-1

...(19)
The following equation (20):
wd(f) = g;‘/lxl(i,t) - x,(,t-1)|
...(20)

may be used in place of the equation (19).

Thus the LSP quantization unit 134 executes two-stage matrix
quantization and two-stage vector quantization to render the number
of bits of the output index variable.

The basic structure of the vector quantization unit 116 is
shown in Fig.7, while a more detailed structure of the vector
quantization unit 116 shown in Fig.7 is shown in Fig.8. An
illus:t.fative structure of weighted vector quantization for the
spectral envelope Am in the vector quantization unit 116 is now
explained.

First, in the speech signal encoding device shown in Fig.3, an
illustrative arrangement for data number conversion for providing
a constant number of data of the amplitude of the spectral envelope

on an output side of the spectral evaluating unit 148 or on an input



The distortion neasure d[err] during the codebook search by the second
matri x quanti zer 6202 is given by the equation (3): [err] where X[err] and
X[err] are the quantization error and the quantization value fromthe first
matri x quantizer 620[err], respectively. The weighted distance is sent to a
matrix quantization unit (MX) 632 for matri x quantization. An 8-bit index,
outputted by matrix quantization, is subtracted at the adder 631 fromthe
two- franme quantization error. The wei ghted distance cal culation unit 633
sequentially cal cul ates the wei ghted 83 stance using the output of the adder
631. The quantization value mnimzing the weighted distance is sel ected.
An out put of the adder 631 is sent to the adders 651, 25 661 of the
first vector quantizer 640[err] franme by frame. The first vector quantizer

640[ err] rgs?&éQ{frrﬁhe/%tc%rq;uﬁrﬁtmzaawmmam Ry éx@@eneddn output of the
adder 631 is sent frame by frame to each of weighted di stance cal cul ating
units 653, 663Avivarizdyess mGBhodecmafobe c:a:lmllmgrfgftﬂechndmtm%wht ed
di stance. conversion. In the present embodiment, dummy data interpolating
the values from the last data in a block to the first data in the
block or other pre-set data such as data repeating the last data or
the first data in a block are appended to the amplitude data of one
block of an effective band on the frequency axis for enhancing the
number of data to Ng, amplitude data equal in number to Os times,
such as eight times, are found by Os-fold, such as eight-fold
oversampling of the limited bandwidth type by, for example, an FIR
filter. The ((mMx + 1) x Os amplitude data are linearly interpolated
for expansion to a larger Ny number, such as 2048. This Ny data is
sub-sampled for conversion to the above-mentioned pres-set number
M of data, such as 44 data.

In effect, only data necessary for formulating M data
ultimately required is calculated by oversampling and linear
interpolation without finding the above-mentioned N, data.

‘The vector quantization unit 116 for carrying out weighted
vecto.r quantization of Fig.7 at least includes a first vector
quantization unit 500 for performing the first vector quantization
step and a second vector quantization unit 510 for carrying out the
second vector quantization step for quantizing the quantization error
vector produced during the first vector quantization by the first
vector quantization unit 500. This first vector quantization unit 500

is a so-called first-stage vector quantization unit, while the second



The difference between the quantization error X2 and the quantization error
X2' is amtrix of (10 x 2). If the difference is represented as X err]
Xerr] = [Xerr] x [err]], the distortion nmeasures d[err], d[err] during
codebook search by the vector quantization units 652, 662 of the first
vector quantizer 640[err] are given by the equations (4) and (5): [err]
[err] The weighted distance is sent to a vector quantization VQerr] 652
and a vector quantization unit VQ2 662 for vector quantization. Each 8-bit
i ndex outputted by this vector quantizgtion is sent to the signal swtcher
690. The quantization value is subtracted by the adders 651, 661 fromthe
I nput two-franme quantization error vector. The wei ghted di stance
calculating units 653, 663 sequentially cal culate the weighted distance,
usi ng the outputs of the. adder. , 661, for ,selecti] th u | zation
val ue m ni‘fﬁcz‘}gﬁgqtuﬁguza?%-‘ V\%’?'Shtgié dfsfaﬁg'e‘.’a@%é o%%ép(pu s’%?g?hgggdﬁers 651,
661 are seqiiaft@zation unit.

An output vector x of the spectral evaluation unit 148, that is

envelope data having a pre-set number M, enters an input terminal
501 of the first vector quantization unit 500. This output vector x
is quantized with weighted vector quantization by the vector
quantization unit 502. Thus a shape index outputted by the vector
quantization unit 502 is outputted at an output terminal 503, while
a quantized value x,' is outputted at an output terminal 504 and
sent to adders 505, 513. The adder 505 subtracts the quantized
value x,' from the source vector x to give a multi-order quantization
error vector y.

The quantization error vector y is sent to a vector
quantization unit 511 in the second vector quantization unit 510,
This. second vector quantization unit 511 is made up of plural
vector quantization units, or two vector quantizers 511,, 511, in
Fig.7. The quantization error vector y is dimensionally split so as
to be quantized by weighted vector quantization in the two vector
quantizers 511,, 511, The shape index outputted by these vector
quantizers 511,, 511, is outputted at output terminals 512, 512,
while the quantized values y,', ¥, are connected in the dimensional
direction and sent to an adder 513. The adder 513 adds the
quantized values .y,', ¥y, to the quantized value X7 to generate a
quantized value x,' which is outputted at an output terminal 514.

Thus, for the low bit rate, an output of the first vector



adders 671, 681 of the second vector quantizer 640[err]. The distortion
nmeasure d[err], d[err] during codebook searching by the vector quantizers
672, 682 of the second vector quantizer 6402, for Xerr] = Xerr] - Xerr]
Xerr] = Xerr] - Xerr] are given by the equations (6) and (7): [err]
[err] These weighted distances are sent to the vector quantizer (V@) 672
and to the vector quantizer (VQ4) 682 for vector quantization. The 8-bit
out put index data fromvector quantization are subtracted by the adders
671, 681 fromthe input quantization ror vector for two franmes. The

wei ght ed di stance cal cul ating units 673, 683 sequentially calculate the
wei ght ed di stances using the outputs of the adders 671, 681 for selecting
the quantization value mnimzing the weighted di stances. During codebook

| earni ng, quaatizafidon stdebiornediiy 48 oveqeiAlizidiondualtdgbbt imbesed on the
respective distortion nmeasures. The distortion nmeasures during codebook
sear chi ng oartd whereas, for the high bit rate, an output of the first vector
quantization step and an output of the second quantization step by
the second quantization unit 510 are outputted.

”Spé'ci.f.ically, the vector quantizer 502 in the first vector
quantization unit 500 in the vector quantization section 116 is of
an L-ord_cr, such as 44-order two-stage structure, as shown in Fig.8.

That is, the.sum of the .output vectors of the 44-order vector
quantization codebook with the codebook s.ize of 32, multiplied with
a gain g;, is used as a quantized value x, of the 44-order spectral
envelope vector x. Thus, as shown in Fig.8, the two codebooks are
CBO and CB1, while the output vectors are s, 5,; where 0 < i and
j < 31. On'the other hand, an output of the gain codebook CB, is
g, where 0 < 1 < 31, where g;is a scalar. An ultimate output x/ is
g (st 54,

The spectral envelope Am obtained by the above MBE analysis
of the LPC residuals and converted into a pre-set order is x. It is
crucial how efficiently x is to be quantized.

"~.:The quantization error energy E is defined by
CE = | W {Hx - Hgl((s0 + 8}
=1 WH {x - {x - gi(se; *+ 3—1;)“2
...(21)
where H denotes characteristics on the freg_uency axis of the LPC
synthesis filter and W a matrix for weighting for representing

characteristics for perceptual weighting on the frequency axis.



27 learning may be of different values. The 8-bit index data fromthe
matri x quanti zation units 622, 632 and the vector quantization units 652,
662, 672 and 682 are switched by the signal switcher 690 and outputted at
an output termnal 691. Specifically, for a lowbit rate, outputs of the
first matrix quantizer 620[err] carrying out the first matrix quantization
step, second matrix quantizer 6202 carrying out the second matrix

guanti zation step and the first vector quantizer 640[err] carrying out the
first vector quantization step are taken out, whereas, for a high bit rate,
the output for the low bit rate is sumred to an output of the second vector
quanti zer 6402 carrying out the second vector quantization step and the
resulting sumis taken out. This outputs an index of 32 bits/ 40 nsec and

an index of 48IDitlsd eparaareteor by khpsraseitd® kPpEPC espelgisisvedfy.thEhe
matri x quantization unit 620 and the vector quantization unit 640 perform
wei ghti ng qunfienédfiame He deeotrthds &i@ #nd/ 6r Pdhahei walugs ofi theednfornity

to char aCt(?;rdesrt,l &?r ngatrﬁ]&e?aagggxtdeerrs corresponding points, are sampled

from the frequency response of the equation (22):

...(22)

For calculations, Os are stuffed next to a string of 1, «;, «,,
...0p to give a string of 1, «,, a,, ...ap 0, 0, ..., O to give e.g.,
256-point data. Then, by 256-point FFT, (r,* + im?) Y% are calculated
for point associated with a range from 0 to n and the reciprocals
of the results are found. These reciprocals are sub-sampled to L
points, such as 44 points, and a matrix is formed having these L
points as diagonal elements:

(1) 0
i = h(2)
0 (L)

A perceptually weighted matrix W is given by the equation
(23)-



representing the LPC coefficients. The weighting limted in the frequency
axis in conformty to characteristics of the LSP paraneters is first

expl ained. |If the nunber of orders P 10, the LSP paraneters X(i) are
grouped into Llerr] = {X(i) |1 [err] i [err] 2} L[err] = {X(i) |3 [err] i
[err] 6} L[err] ={X(i) |7 [err] i [err] 10} 28 for three ranges of |ow,
m d and high ranges. If the weighting of the groups L[err], L[err] and
L[err] is 1/4, [err] and 1/4, the weighting |limted only in the frequency
axis is given by the equations (8), (8 and (10) [err] [err] [err] The

wei ghting of the respective LSP paraneters is performed in each group only
and such weight is Iimted by the weighting for each group.

. ...(23)

where «; is the result of the LPC analysis, and Aa, Ab are constants,
such that Aa = 0.4 and Ab = 0.9,

The matrix W may be calculated from the frequency response
of the above equation (23). For example, FFT is done on 256-point
data of 1, alAb, a2A1b? ... apAb? 0, 0, ..., 0 to find (r’[i] +
Im?(i])¥? for a domain from O to =, where 0 < i < 128. The
frequency response of the denomina.tor is found by 256-point FFT
for a domain from 0 to = for 1, alla, a2).a", ..., apAa? 0, 0, ..,

0 at 128 points to find (re'?[i] + im'?[i])'2 where 0 < i < 128,

The frequency response of the equation 23 may be found by

re®[i] + im*{i}

yre'[i] + im"™(i)

wo[i] =

where 0 < i < 128. This is found for each associated point of, for
example, .the 44-order vector, by the following method. More
precisely, linear interpolation should be used. However, in the
following example, the closest point is used instead.
| .That is,
‘©[i] = ©0 [nint{128i /L)], where 1 < i < L.
In the equation nint(X) is a function which returns a value

closest to X.

As for H, h(1), h(2), ...h(L) are found by a similar method.
That is,



Looking in the time axis direction, the sumtotal of the respective frames
is necessarily 1, so that limtation in the tine axis direction is
frame-based. The weight limted only in the time axis direction is given by
t he equation (11): 29 [err] ...(1 1) where 1 [err] i [err] 10 and O
[err] t [err] 1. By this equation (11), weighting not limted in the
frequency axis direction is carried out between two franmes with the frane
nunbers of t = 0 andt = 1. This weighting limted only in the tinme axis
direction is carried out between two franmes processed with matrix

guanti zation. During |earning, the td?%lity of frames used as | earning
data, having the total nunber T, is weighted in accordance with the
equation (12): [err] where 1 [err] i [err] 10 and O [err] t [err] T

h(1) 0 w(l) 0
gl @ wo| @
0 - h(L) 0 w(L)
A(1w(1) 0
WH = h2)w(2)
0 hIW(L)

...(24)
As another example, H(z)W(z) is first found and the frequency
response is then found for decreasing the number of times of FFT.

That is, the denominator of the equation (25):

HoW@) = — 1]

...(25)



The weighting limted in the frequency axis direction and in the tinme axis
direction is explained. If the nunber of orders P = 10, the LSP paraneters
X(i, t) are grouped into L[err] = {X(i, t)| 1 [err] i [err] 2, 6, O [err] t
[err] 1} L[err] = {X(i, t) | 3 [err] i [err] 6, O [err] t [err] 1} 30
Llerr] = (X(i, t) | 7 [err] i [err] 10, O [err] t [err] 1} for three ranges
of low, md and high ranges. If the weighting of the groups L[err], L[err]
and L[err] is 1/4, [err] and 1/4, the weighting limted only in the
frequency axis is given by the equatizgns (13), (14) and (15): [err] [err]
[err] By these equations (13) to (15), weighting limted every three franes
in the frequency axis direction and across two franmes processed with matri x
quantization is carriged out. This is effective during codebook search and

during | e286ipwnt data, for example, is produced by using a string of 1, B,,

Ba, ..., Bap 0, 0, ..., 0. Then, 256-point FFT is done, with the

frequency response of the amplitude being

rms{i] = yre"[i] + im"[i]

where 0 < i < 128, From this,

whyii] = e+ im?([]

yre"[i] + im"[j]

where 0 < i < 128, This is found for each of corresponding points
of the L-dimensional vector. If the number of points of the FFT is

small, linear interpolation should be used. However, the closest

value is herein is found by:
whi] = whln int(li—g--i)]

where 1 < i < L. If a matrix having these as diagonal elements is

w',
wh(1) 0
- h(2
WI = w ( )
0 wh(L)
...(26)
The equation (26) represents the same matrix as the equation
(24).

Alternatively, |H(exp(jw))W(exp(jw))| may directly be found



During |l earning, weighting is for the totality of frames of the entire
data. The LSP parameters X(i, t) are grouped into L[err] = {X(i, t)| 1
[err] i [err] 2, O [err] t [err] T} L2 = {X(i, t)| 3 [err] i [err] 6, O
[err] t [err] T} 31 L[err] = {X(i, t)| 7 [err] i [err] 10, O [err] t
[err] T} for low, md and high ranges. |If the weighting of the groups
L[err], L[err] and L3 is 1/4, [err] and 1/4, the weighting for the groups
Llerr], L[err] and L3, limted only in the frequency axis, is given by the
equations (16), (17) and (18): [err] ggperr] [err] By these equations (16) to
(18), weighting can be perforned for three ranges in the frequency axis
direction and across the totality of frames in the tine axis direction. In
addition, the matrix quantization unit 620 and the vector quantization unit

640 per f oryg met 10 td it IR EREHNG i A relFe FRIB! HUAEI/LA s0 as to be used

for wh[i]. Still alternatively, an impulse response of the equation
(25) is found a suitable length, such as for 64 points, and FFTed to
find émplitude frequency characteristics which may -then be used for
whii]. ' '

Rewriting the equation (21) using this matrix, that is the
frequency response of the weighted synthesis filter, we obtain the
equation (21):

E=IW'(x- gal(sat s, DI

(2T

The method for learning the shape codebook and the gain
codebook is expldined.

The expected value of the distortion is minimized for all

frames k for which a code vector s0, is selected for CBO. If there

are M such frames, it suffices if

L Sy
= H;Z; I, ¢ - gils, * sy))llz

...(28)
is r.n.inimize_d. In the equation (28), W,', X,, g, and s, denote the
weigﬁting for the k'th frame, an input to the k'th frame, the gain of
the k'th frame and an output of the codebook CB1 for the k'th

frame, respectively.

For minimizing the equation (28),



of changes in the LSP paranmeters. In Vto W or W to V transition regions,
whi ch represent mnority frames anong the totality of speech franes, the
LSP paraneters are changed 32 significantly due to difference in the
frequency response between consonants and vowels. Therefore, the weighting
shown by the equation (19) wmay be multiplied by the weighting W(i, t) for
wei ghting placing enphasis on the transition regions.” 10 [err] The

foll owi ng equation (20): 10 [err] may be used in place of the equation
(19). Thus the LSP quantization unit #34 executes two-stage matrix

guanti zati on and two-stage vector quantization to render the nunber of bits
of the output index variable. The basic structure of the vector

guanti zation unit 116 is

B
——A;Z; {(I); g);(%g*’ ‘:u))Wk 7'W,‘ (xk“ gk(s_oc+ su))}
- 1 M T ' T A T 7 T ,
—;\_,ig {kak W, x- 28’,‘(.50: S”)Wk W, X,
2 ' ,
* & C%i SOW, T, (5, + 5,)
'”“'E W, W, - 28l DWWk,

M=y
+g,,.!TW’TW S + 2g,,.sTW'TW 'iu;+ ngTW 'TW S }

..(29)

' ’ ' 2 : : -
-é—‘: i HE( 28,0, W5, 2, W, W, St B W TWs ) = 0

..(30)

Hence,

M
;(ngi;'TWk'K,‘ - & w,w, 8 = Egk w'w, Soe

so that

M - M
S ={ > &W, TWk,} ) {;ngk'TWk'(x - gksu)}

k=1

.(31)
where () denotes an inverse matrix and W,” denotes a transposed

matrix of W,

Next, gain optimization is considered.



shown in Fig.7, while a nore detailed structure of the vector quantization
unit 116 shown in Fig.7 is showmn in Fig.8 An illustrative structure of

wei ght ed vector quantization for the spectral envelope Amin the vector
guantization unit 116 is now explained. First, in the speech signal
encodi ng device shown in Fig.3, an illustrative arrangenent for data nunber
conversion for providing a constant nunber of data of the anplitude of the
spectral envel ope on an output side of the spectral evaluating unit 148 or
on an i nput 33 side of the vector quantization unit 116 is explained. A
vari ety of nethods nmay be conceived fo#2such data nunber conversion. In the
present enbodi nent, dunmy data interpolating the values fromthe |ast data
in a block to the first data in the block or other pre-set data such as
data repeating e r fi. ta.l bl o %% d ded to

t he anplitude gg?aeionfaesctéﬁﬁejq{)ﬁqggkoé E%ndlcga fré%?il Sghggﬁdngnpt g‘r?‘rggﬁrggcy axi s

for enhangiengctifig thenbedeowodat gic taXf Nie gwiplist gikerdatya equal in number to
Cs times, .

1 Sy v
So T g M 8l 5O
kel
i —lﬂg {&:WleW"IZk— 28X W, W (5 5,)
- & (e SWL T g, su)}
Solving
aJ

1 M
| {"ZETW ITW ‘(. + 8
agc M; kK "(Ok u)

~28(s5,+ SOW W (5, + 50t = 0

we obtain

d M
;Z:Wk’TWk’(QOk*' ,Su) = g;gc(gg;‘_'_ ’SITL)W];’TW'(QOI“*‘ ,s”) |

and

M
Z; xIWk'?Wk'(‘iof su)

. g‘c = pv;
E e s

...(32)
The above equations (31) and (32) give optimum centroid
conditions for the shape s, s,, and the gain gi for 0 < i < 31, that
is an optimum decoder output. Meanwhile, s,;, may be found in the

same way as for g,,.



such as eight tinmes, are found by Gs-fold, such as eight-fold oversanpling
of the imted bandwi dth type by, for exanple, an FIRfilter. The ((mWk +
1) x OCs anplitude data are linearly interpolated for expansion to a | arger
N[ err] nunber, such as 2048. This N err] data is sub-sanpled for conversion
to the above-nentioned pres-set nunber M of data, such as 44 data. In
effect, only data necessary for fornmulating M data ultimately required
is calculated by oversanpling and |inear interpolation w thout finding the
above-nmentioned N err] data. The vectep quantization unit 116 for carrying
out wei ghted vector quantization of Fig.7 at |east includes a first vector
quanti zation unit 500 for performng the first vector quantization step and
a second vector quantization unit 510 for carrying out the second vector

quanti zation s{gp éﬂrimqua%kshm%_tmoqvm,i At ANt RE 'ar¥eChQig Py oduced
during the first vector quantizalion by the first vector quantization unit

500. Thi s cfoinds$tiomedsocomsidetredati on unit 500 is a so-called first-stage
vector quanti Z’%t ieogbg\r/]ietéq\miitlas 52h7e) nggotquing 3tAﬁe distortion measure,
that is s0i and s,;; minimizing the equation E = |[W' (X - gc(s #
au))lz, are found each time the input x and the weight matrix W' are
given, that is on the frame-by-frame basis.
Intrinsically, E is found on the round robin fashion for all
combinations of gl (0 <1 < 31), 55 (0 < i < 31) and ,;; (0 < i < 31),
that is 32x32x32 = 32768, in order to find the set of s, s,; which
will give the minimum value of E. However, since this requires
voluminous calculations, the shape and the gain are sequentially
searched in the present embodiment. Meanwhile, round robin search
is used for the combination of sOi and §,;; There are 32x32 = 1024
combinations for sOi and §,;. In the following description, s, + §,;
are indicated as s, for simplicity.
The above equation (27) becomes E = HW'(L' - glam)|? If, for
further simplicity, xx = W’s and s, = W' 5, we obtain

— 2
E = IXR = ;low'

ke 1P+ lls,‘“[gr x‘r"s*]z - (“‘Tw"w)z

T

...(33)

]
1

...(34)
Therefore, if gl can be made sufficiently accurate, search can

be performed in two steps of



vector quantization unit 5 10 is a so-called second-stage vector

quanti zation unit. An output vector x of the spectral evaluation unit 148,
that is envel ope data having a pre-set nunber M enters an input term nal
501 of the first vector quantization unit 500. This output vector x is
guantized with weighted vector quantization by the vector quantization unit
502. Thus a shape index outputted by the vector quantization unit 502 is
outputted at an output term nal 503, while a quantized value x[err]' is
outputted at an output term nal 504 argh sent to adders 505, 513. The adder
505 subtracts the quantized value x[err]' fromthe source vector x to give
a nulti-order quantization error vector y. The quantization error vector
y is sent to a vector quantization unit 511 in the second vector

guant i zat i(qz dirkh ol SuISERNT YL mpant i zation unit 511 is made up
of plural “véctor quanhtizafion units, or tw vector quantizers 511[err],
S51iferr] in Fig.7. épe quanti zation error vector y is dinensionally split
so as to be quaﬁ%fi d by wei ghted vector quantization in the two vector
guanti zers 511[9”&[% 511[err]. The shape index outputted by these vector
gquanti zers 511[err%, 511[err] is outputted at output termnals 512 [err]
512 [err] while the quantized values y[err]', y[err]' .are connected in the
di mensi onal, 4

(1) searching for g; which is closest to

xTes

w w

s I

J

If the above is rewritten using the original notation,

(1)' searching is made for a set of sOi and s_l-i which will maximize

"W Gy )
||W'(,sm+ ,g_u)llz

and

(2)' searching is made for g, which is closest to

W5, )
i (,gm+ ‘su)lp

...(35)
The above equation (35) represents an optimum encoding
condition (nearest neighbor condition).
Using the conditions (centroid conditions) of the equations
(31) and (32) and the condition of the equation (35), codebooks

(CBO, CB1 and CBg) can be trained simultaneously with the use of



direction and sent to an adder 513. The adder 513 adds the quantized

val ues y[err]', y[err]' to the quantized value x[err] to generate a

guanti zed value x[err]' which is outputted at an output term nal 514. Thus,
for the low bit rate, an output of the first vector 35 quanti zation step
by the first vector quantization unit 500 is taken out, whereas, for the
high bit rate, an output of the first vector quantization step and an

out put of the second quantization step by the second quantization unit 510
are outputted. Specifically, the vectgs quantizer 502 in the first vector
guanti zation unit 500 in the vector quantization section 116 is of an
L-order, such as 44-order two-stage structure, as shown in Fig.8. That is,
the sum of the output vectors of the 44-order vector quantization codebook

with the qadelnehiRidgeRtr ﬁzzemﬂdyral bEbrMER @papn glerr], is used as a
gquanti zed value x[err]" of the 44-0drder spectral envel ope vector x. Thus,

as shown in Filp Shetmstem aobledookst,aWe @BGdaddb B, nowm I0§ athanput put

vectors are sferr where 0 err and ,Ch the ot her
hand, an dbﬂﬁu?sﬁ% Fhe alﬁhébdéboﬁk CE%LﬂF]SPESLt“teJ for W

equations (31), (32) and (35).

Alternatively, the weighting W', used for p'erceptual weighting
at the time of vector quantization by the vector quantizer 116, is
defined by the above equation (26). However, the weighting W'
taking into account the temporal masking can also be found by
finding the current weighting W' in which past W' has been taken
into account.

The values of wh(l), wh(2), ..., wh(L) in the above equation
(26), as found at the time n, that is at the n'th frame, are indicated
as whn(l), whn(2), ..., whn(L), respectively.

If the weights at time n, taking past values into account, are
defined as An(i), where 1 < i < L,

An(i) = XA, (i) + (1 - A) whn(i), (whn(i) < A, ,(i))
whn(i), (whn(i) > A_,())

It

where A may be set to, for example, A = 0.2. In An(i), with 1 < i
< L, thus found, a matrix having such An(i) as diagonal elements
may be used as the above weighting.

The shape index values 5, §,, obtained by the weighted vector
quantization in this manner, are outputted at output terminals 520,
522, respectively, while the gain index gl is outputted at an output
terminal 521. Also, the quantized value x,' is outputted at the

output terminal 504, while being sent to the adder 505.



glerr], where O [err] 1 [err] 31, where g[err] is a scalar. An ultimte
output x[err] is g[err] (s[err] + s[err]). The spectral envel ope Am
obt ai ned by the above MBE anal ysis of the LPC residuals and converted into
a pre-set order is x. It is crucial how efficiently x is to be quantized.
The quantization error energy Eis defined by E=| W {Hx - Hgl ((s[err] +
sferr])}|[err] =] WH{x - {x - g[err](s[err] + s[err])}|[err] where H
denotes characteristics on the frequency axis of the LPC synthesis filter
and Wa matrix for weighting for repré&senting characteristics for

per ceptual weighting on the frequency axis. 36 If the a-paraneter by the
results of LPC analysis of the current frame is denoted as [err] (1 [err]

i [err] P), the values of the L- order, for exanple, 44-order corresponding

points, are sppplidielr oM sh%?réét?%%ngb{aﬁﬁ§99“§§1u%f fidie ﬁﬂu%é@ﬂ}a(??)
[err] For calculations, Os are stuffed next to a string of 1, [err]

envelope vector x to generate a quantization error vector y.
Specifically, this quantization error vector y is sent to the vector
quantization unit S11 so as to be dimensionally split and quantized
by vector quantizers 511, to Sll,\vith weighted vector quantization.

The second vector quantization unit 510 uses a larger number
of bits than the first vector quantization unit 500. Consequently, the
memory capacity of the codebook and the processing volume
(complexity) for codebook searching are increased significantly.
Thus it becomes impossible to carry out vector quantization with
the 44-order which is the same as that of the first vector
quantization unit 500. Therefore, the vector quantization unit 511
in the second vector quantization unit 510 is made up of plural
vector quantizers and the input quantized values are dimensionally
split into plural low-dimensional vectors for performing weighted
vector quantization.

The relation between the quantized values y, to 1-,,. used in the
vecto'_x" quantizers 511, to 511, the number of dimensions and the

number of bits are shown in the following Table 2.



...ap to give a string of 1, [err], ...[err], O, O, ..., Oto give e g.,
256- poi nt data. Then, by 256-point FFT, (r[err] + inferr]) [err] are

cal cul ated for point associated with a range fromO to [err] and the
reciprocals of the results are found. These reciprocals are sub-sanpled to
L points, such as 44 points, and a matrix is fornmed having these L points
as diagonal elenents: [err] A perceptually weighted matrix Wis given by
the equation (23): [err] 37 where [err] is the result of the LPC
analysis, and [err], [err] are consta#its, such that [err] = 0.4 and [err] =
0.9. The matrix Wmay be cal culated fromthe frequency response of the
above equation (23). For exanple, FFT is done on 256-point data of 1, [err]
[err] ... [err] O, O, ..., Oto find (r[err][i] + Inferr][i]) [err] for a
domain from O to [err], where O [BAB|LE Zerr] 128. The frequency response

of the denom nator is found by 256-point FFT
quantized value dimension number of bits
Yo 4 10
v, 41‘ 10
Y 4 10
2 . 4 10
Y L 4 9
¥, | 8 8
¥s 8 8
¥q 8 7

The index values Id,, to Id,,; outputted from the vector
quantizers 511, to Sil, are outputted at out.put terminals 523, to
523,. The sum of bits of these index data is 72. |

If a value obtained by connecting the output quantized values
Yo' to y. 6f the vector quantizers 511 ,to 511 ,in the dimensional
direction is y', the quantized values y' and x0' are summed by the

adder 513 to give a quantized value x,'. Therefore, the quantized

value X,' is represented by
%' =X +y
=x-yty
That is, the ultimate quantization error vector is Yy -y
If the quantized value x,' from the second vector quantizer 510

is to be decoded, the speech signal decoding apparatus is not in

need of the quantized value x,' from the first quantization unit 500.



for a domain from O to [err] for 1, [err] [err] ..., [err] O, O,..., O at
128 points to find (re[err][i] + imerr][i]) [err], where O [err] i [err]
128. The frequency response of the equation 23 may be found by [err] where
O [err] i [err] 128. This is found for each associated point of, for
exanpl e, the 44-order vector, by the follow ng nethod. Mre precisely,

| inear interpolation should be used. However, in the foll ow ng exanpl e,
the closest point is used instead. That is, [err][i] =[err] [nint{ 128i
/L)], where 1 [err] i [err] L. In theé8equation nint(X) is a function which
returns a value closest to X. As for H h(1), h(2), ...h(L) are found by a
simlar nethod. That is, 38 [err] As another exanple, H(z)Wz) is first
found and the frequency response is then found for decreasing the nunber of

times of ﬁ%-cvever, it is in need of index data from the first quantization unit ’

500 and the second quantization unit 510.

The learning method and code book search i'n the vector
quantization section 511 will be hereinafter explained.

As for the learning method, %he quantization error vector y is
divided into eight low-order vectors y, to y, using the weight W',
as shown in Table 2. If the weight W' is a matrix having 44-point
sub-sampled values as diagonal elements:

wh(1) 0
wh(2)

0 wh(44)

...(36)

the weight W' is split into the following eight matrices:

wh(1) 0
W,/ = -
0 wh(4)
S A S
w, =
0 wh(8)
wh(9) 0
W, = .

0 wh(12)



That is, the denomi nator of the equation (25): [err] is expanded to [err]
39 256-point data, for exanple, is produced by using a string of 1, [err],
[err], ..., [err] O, O, ..., 0. Then, 256-point FFT is done, with the
frequency response of the anplitude being [err] where O [err] i [err] 128.
From this, [err] where O [err] i [err] 128. This is found for each of
correspondi ng points of the L-dinensional vector. |If the nunber of points

of the FFT is small, linear interpolation should be used. However, the
cl osest value is herein is found by: Jerr] where 1 [err] i [err] L. If a
mat ri x havi ng these as di agonal el€ments is W,
wh(13) 0 . ’
W, = :
0 wh(16)
i 3
wh(17) 0
Wy = :
{ 0 wh(20)
wh(21) 0
0 wh(28)
wh(29) 0
Wy = : .
0 wh(36)
wh(37) 0
-
0 wh(44)

y and W', thus split in low dimensions, are termed Y; and ,

where 1 < i < 8, respectively.
The distortion measure E is defined as
E = jw' (¥:- 9I°
.37



[err] The equation (26) represents the same matrix as the equation (24).
Alternatively, |H(exp(j[err]))Wexp(j[err]))| may directly be found 40
fromthe equation (25) with respect to [err] = i/L[err] so as to be used
for wh[i]. Still alternatively, an inpul se response of the equation (25) is
found a suitable length, such as for 64 points, and FFTed to find anplitude
frequency characteristics which nay then be used for wh[i]. Rewiting the
equation (21) using this matrix, that is the frequency response of the

wei ghted synthesis filter, we obtain {he equation (21): E = |W(x -
glerr]((s[err] + s[err]))|[err] The nethod for |earning the shape codebook
and the gain codebook is explained. The expected value of the distortion is
mnimzed for all frames k for which a code vector sO[err] is selected for
CBO. If thereThe codebook vector s is the result of quantization of y;. Such .

code vector of the codebook minimizing the distortion measure E is
searched. |

In the codebook learning, further weighting is done using the
general Lloyd algorithm (GLA). The optimum centroid condition for
learning is first explained. If there are M input vectors y which
have selected the code vector s as optimum quantization result, and
the training data is y,, the expected value of distortion J is given
by the equation (38) minimizing the center of distortion on

weighting with respect to all frames k:

1 M
J ==Y,y - P
ME ¥, )
1 Ty o
7\2&01!:" WS W, (-9

1 M ’ 2 14 !
- g YIW W,y - W, ™W,'s

+ STWTW,'s
...(38)

2

1 -l ’ ’ ’ r .
588w s - o

Solving, we obtain

M M
;X: W, W, = ; sSTWTWY

Taking transposed values of both sides, we obtain



are Msuch franmes, it suffices if [err] is minimzed. In the equation (28),
Werr]', Xerr], g[err] and s[err] denote the weighting for the k'th frane,
an input to the k'th frame, the gain of the k'th frane and an out put of the
codebook CBl1 for the k'th frane, respectively. For mnimzing the equation
(28), 41 [err] ...(30) Hence, [err] so that [err] where [err] denotes
an inverse matrix and Werr] denotes a transposed matrix of Werr]. Next,
gain optim zation is considered.

51

M M
?_J: WleWklxk =D WS W,'s
= k=1

Therefore,
M \tM
k=1 k=1

...(39)
In the above equation (39), s is an optimum representative
vector and represents an optimum centroid condition.
As for the optimum encoding condition, it suffices to search
for s minimizing the value of Jw' (¥; - 5)1% ) during searching
need not be the same as ' during learning and may be noﬁ-

weighted matrix:

By constituting the vector quantization unit 116 in the speech
signal encoder by two-stage vector quantization units, it becomes
possible to render the number of output index bits var'iable.

The second encoding unit 120 employing the above-mentioned
CELP encoder constitution of the present invention, is comprised of
multi-stage vector quantization processors as shown in Fig.9. These
multi-stage vector quantization processors are formed as two-stage

encoding units 120,, 120, in the embodiment of Fig.9, in which an



42 The expected value of the distortion concerning the k'th franme sel ecting
the code word gc of the gain is given by: [err] Solving [err] we obtain
[err] and [err] The above equations (31) and (32) give optinmum centroid
conditions for the shape s[err], s[err], and the gain gi for O [err] i [er]
31, that is an optinmm decoder output. Meanwhile, s[err] may be found in

the sane way as for sf[err]. 43 The opti mum encodi ng condition, that is
t he nearest nei ghbor

52

arrangement for coping with the transmission bit rate of 6 kbps in
case the transmission bit rate can be switqhed between e.g., 2 kbps
and 6 kbps, is shown. In addition, the shape and gain index output
can be switched between 23 bits/ 5 msec and 15 bits/ 5 msec. The
processing flow in the arrangeme’ht of Fig.9 is shown in Fig.10,
Referring to Fig.9, an LPC analysis circuit 302 of Fig.9
corresponds to the LPC analysis circuit 132 shown in Fig.3, while
an LSP parameter quantization circuit 303 corresponds to the
constitution from the & to LSP conversion circuit 133 to the LSP
to o conversion circuit 137 of Fig.3 and a perceptually weighted
filter 304 corresponds to the perceptual weighting filter calculation
circuit 139 and the perceptually weighted filter 125 of Fig.3.
Therefore, in Fig.9, an output which is the same as thét of the LSP
to & conversion cir.cuit 137 of fhe first encoding unit 113 of Fig.3
is supplied to a terminal 305, while an output which is the same as
the output of the perceptually weighted filter calculation circuit 139
of Fig.3 is supplied to a terminal 307 and an output which is the
same as the output of the perceptually weighted filter 125 of Fig.3
is supplied to a terminal 306. However, in distinction from the
perceptually weighted filter 125, the perceptually weighted filter
304 of Fig.9 generates the perceptually weighed signal, that is the
same signal as the output of the perceptually weighted filter 125 of
Fig.3, using the input speech data and pre-quantization a-parameter,
instead of using an output of the LSP-a conversion circuit 137.

In the two-stage second encoding units 120, and 120, shown



condition, is considered. The above equation (27) for finding the
distortion nmeasure, that is sOi and s[err] mnimzing the equation E = |W
(X - gc(s [err] s[err]))]|[err], are found each tine the input x and the
wei ght matrix W are given, that is on the frane-by-frane basis.
Intrinsically, Eis found on the round robin fashion for all conbinations
of gl (0 [err] 1 [err] 31), s[err] (O [err] i [err] 31) and [err] (O [err]
i [err] 31), that is 32x32x32 = 32768, in order to find the set of s[err],
s[err] which will give the mninmm %alue of E However, since this
requi res vol um nous cal cul ations, the shape and the gain are sequentially
searched in the present enbodi nent. Meanwhile, round robin search is used

for the cogplnatlon of sOi andlbgfrr There are 32x32 = 10.24 conbi nati ons
for sO &hd18[%rsybtraptansed jHahidAg aescasperidoty t8petyytractosi@dr] are

ot el oget Shd e LGNS Higy UREATUTY. RS 5,
[err] we:ebnee iktandd alddlaeidd digsdik Tb@rsmﬂ% 31 f1ngladamohe fde
sufficiently accurate, search can be perforned n two steps of

gain circuits 311 321 correspond to the gain circuit 126 of Fig.3,

while stochastic codebooks 310,"320 and gain codebooks 315, 325

correspond to the noise codebook 121 of Fig.3. .

In the constitution of Fig.9, the LPC analysis circuit 302 at
step S1 of Fig.10 splits input speech data x supplied from a
terminal 301 into frames as described above to perform LPC analysis
in order to find an a-parameter. The LSP parameter quantization
circuit 303 converts the a-parameter from the LPC analysis circuit
302 into LSP parameters to quantize the LSP parameters. The
quantized LSP parameters are interpolated and converted into «-
parameters. The LSP parameter- quantization circuit 303 generates
an LPC synthesis filter function 1/H (z). from the ca-parameters
converted from the quantized LSP parameters, that is the quantized
LSP parameters, and sends the generated LPC synthesis filter
function 1/H (z) to a perceptually weighted synthesis filter 312 of
the first-stage second encoding unit 120, via terminal 305,

The perceptual weighting filter 304 finds data for perceptual
weighting, which is the same as that produced by the perceptually
weighting filter calculation circuit 139 of Fig.3, from the «a-
parameter from the LPC analysis circuit 302, that is pre-

quantization a-parameter. These weighting data are supplied via

terminal 307 to the perceptually weighting synthesis filter 312 of



44 (1) searching for s[err] which will maxim ze [err] and (1) searching for
glerr] which is closest to [err] If the above is rewitten using the
original notation, (1)' searching is made for a set of sG and s[err] which
will maximze [err] and (2)' searching is made for g, which is closest to
[err] The above equation (35) represents an optinmm encoding condition
(nearest nei ghbor condition). Using the conditions (centroid conditions) of
the equations (31) and (32) and the condition of the equation (35),
codebooks (CBO, CB1 and CBg) can be rained sinultaneously with the use of

the first-stage second encoding unit 120,. The perceptual weighting ,'
filter 304 generates the perceptually weighted signal, which is the

same signal as that outputted by the perceptually weighted filter

125 of Fig.3, from the input speech data and the pre-quantization
a-parameter, as shown at step *S2 in Fig.10. That is, the LPC
synthesis filter function W (z) is first generated from the pre-
quantization a-parameter. The filter function W(z) thus generated

is applied to the input speech data x to generate Xk which is
supplied as the perceptually weighted signal via terminal 306 to the
subtractor 303 of the first-stage second encoding unit 120,.

In the first-stage second encoding unit 120,, a representative
value output of the stochastic codebook 310 of the 9-bit shape
index output is sent to the gain circuit 311 which then multiplies
the representative output from the stochastic codebook 310 with the
gain (scalar) from the gain codebook 315 of the 6-bit gain index
output. The representative value output, multiplied with the gain by
the gain circuit 311, is sent to the perceptually weighted synthesis
filter 312 with 1/A(z) = (1/H(z))*W(z). The weighting synthesis
filter 312 sends the 1/A(z) zero-input response output to the
subtractor 313, as indicated at step S3 of Fig.10. The subtractor
313 performs subtraction on the zero-input response output of the
perceptually weighting synthesis filter 312 and the perceptually
weighted signal Xk from the perceptual weighting filter 304 and the
resulting difference or error is taken out as a reference vector .

During searching at the first-stage second encoding unit 120,, this



45 the so-called generalized Lloyd algorithm (G.A). In the present

enbodi nent, W divided by a normof an input x is used as W. That is, W/
| x| is substituted for W in the equations (31), (32) and (35).

Al ternatively, the weighting W, used for perceptual weighting at the tine
of vector quantization by th.e vector quantizer 116, is defined by the
above equation (26). However, the weighting W taking into account the
tenporal masking can al so be found by finding the current weighting W in
whi ch past W has been taken into accgmunt. The val ues of wh(1), wh(2),
wh(L) in the above equation (26), as found at the tine n, that is at the
nth frame, are indicated as whn(1), whn(2), ..., whn(L), respectively. If
the weights at tine n, taking past values into account, are defined as

An(i), V\hﬁéﬁrln[zerﬂcdor[ %rH s'entAtQ)('(the ?{s‘?ﬁ]i@ie{arl]:ﬁla)u %(&rcu{t ?ﬁk) whn(i),

(whn(i) [err] Alerr]( = > Alerr where [err] may be
set to, fwmeee(ahpldastimer]s zalcwlatddr aAd(ihe, skapd viciar B_]and tRerdaih, thus

found, a nater,having such An(i) as diagonal elenents
g minimizing the quantization error energy E are searched, as shown

at step S4 in Fig.10. Here, 1/A(z) is in the zero state. That is, if
the shape vectof's in tH¥ codebdok synthesized with 1/A(z) in the
zero state is s,,,, the shape vector s and the gain g minimizing the
equation (40): - |
i .
E = X () go,nlf*
..(40)

are searched.

Although s and g minimizing the quantization error energy E
may be full-searched, the following method may be used for

reducing the amount of calculations.

The first method is to search the shape vector s minimizing E,

defined by the following equation (41):

N-1

> r(m)s,,(m)
E‘ - n=o
N-1

Y, Spu)’

n=0 )
..(41)
From s obtained by the first method, the ideal gain is as shown

by the equation (42):



may be used as the above wei ghting. The shape index values s[err], s[err],
obt ai ned by the wei ghted vector quantization in this manner, are outputted
at output termnals 520, 522, respectively, while the gain index gl is
outputted at an output termnal 521. Also, the quantized value x[err]' is
outputted at the output term nal 504, while being sent to the adder 505.
46 The adder 505 subtracts the quantized value fromthe spectral envel ope
vector x to generate a quantization error vector y. Specifically, this
guanti zation error vector y is sent tgg the vector quantization unit 511 so
as to be dinensionally split and quantized by vector quantizers 511[err] to
511[err] with weighted vector quantization. The second vector quantization
unit 510 uses a | arger nunber of bits than the first vector quantization
unit 500. Consequeni-{y, the nmenory capacity of the codebook and the ,
processi ng vol une (Zbdﬁbgﬁwﬁy) for codebook searching are increased
significantly épﬂsuLL_hecnnes i npossible to carry out vector quantization
with the 44- org mﬁ&?h ? the sane as that of the first vector

3

..(42)
Therefore, as the second method, such g minimizing the equation
(43):

Eg = (8rer - 8)°

..(43)
is searched. Since E is a quadratic function of g, such g
minimizing Eg minimizes E.

From s and g obtained by the first and second methods, the
quantization error vector e can be calculated by the following
equation (44):

€ T L- BSuyn

..(44)

This is quantized as a reference of the second-stage secor;d
encoding unit 120, as in the first stage. |

That is, the signal supplied to the terminals 305 and 307 are
directly supplied from the perceptually weighted synthesis filter 312
of the first-stage second encoding unit 120, to a perceptually
weighted synthesis filter 322 of the second stage second encoding
unit 120,. The quantization error vector e found by the first-stage
second encoding unit 120, is supplied to a subtractor 323 of the

second-stage second encoding unit 120,.



quantization unit 500. Therefore, the vector quantization unit 511 in the
second vector quantization unit 510 is nmade up of plural vector quantizers
and the input quantized values are dinmensionally split into plural

| ow di mensi onal vectors for perform ng wei ghted vector quantization. The
relati on between the quantized values y[err] to y[err], used in the vector
quanti zers 511[err] to 511[err], the nunber of dinensions and the nunber of

bits are shown in the follow ng Table 2. 47 TABLE 2 quantized val ue

di mensi on nunber of bits 3 err] 4

10 y 4 10 y[err]

10 y[err] 4 10 y[err]

4 9 wlerr] ... 8 . 8
y[err] At step S5 of Fig.10, processing similar to ghat performgd in .

the first stage occurs in the second-stage second encoding unit
120,. That is, a representative value output from the stochastic
codebook 320 of the 5-bit shape index output is sent to the gain
circuit 321 where the representative value output of the codebook
320 is multiplied with the gain from the gain codebook 325 of the
3-bit gain index output. An output of the weighted synthesis filter
322 is sent.to the subtractor 323 where a difference between the
output of the perceptually weighted synthesis filter 322 and the
first-stage quantization error vector e is found. This difference is
sent to a distance calculation circuit 324 for distance calculation in
order to search the shape vector s and the gain g minimizing the
quantization error energy E.

The shape index output of the stochastic codebook 310 and the
gain ihdex output of the gain codebook 315 of the first-stage
second encoding unit 120, and the index output of the stochastic
codebook 320 and the index output of the gain codebook 325 of the
second-stage second encoding unit 120, are sent to an index output
switching circuit 330. If 23 bits are outputted from the second
encoding unit 120, the index data of the stochastic codebooks 310,
320 and the gain codebooks 315, 325 of the first-stage and second-
stage second encoding units 120,, 120, are summed and outputted.
If 15 bits are outputted, the index data of the stochastic codebook

310 and the gain codebook 315 of the first-stage second encoding

unit 120, are outputted.



ylerr] 8 7 The index values Id[err]
to ld[err] outputted from the vector quantizers 511[err] to 511[err] are
outputted at output terminals 523 [err] to 523[err]. The sum of bits of
these index data is 72. |If a value obtained by connecting the output

guanti zed values y[err] to y[err] of the vector quantizers 511[err] to
511[err] in the dinensional direction is y[err], the quantized val ues y'
and x0' are sunmed by the adder 513 to give a quantized value x[err]".
Therefore, the quantized val ue x[err%gi s represented by [err] That is, the
ultimate quanti zation error vector i¥y' - y. If the quantized val ue
x[err]' fromthe second vector quantizer 510 is to be decoded, the speech
si gnal decodi ng apparatus is not in need of the quantized value x[err]’
fromthe firsThguditezastiaon imithem0Qipdated8 folowevkulating serrn-impad of i ndex
data fromthe first quantization unit 500 and the second quantization unit
510. The TE8RPASHP HBUAORS AREYodd HS®kSSearch in the vector

In the present embodiment, the number of index bits of the
second-stage second encoding unit 120, is as small as 5 for the
shape vector, while that for the’gain is as small as 3. If suitable
shape and gain are not present in this case in the codebook, the
quantization error is likely to be increased, instead of being
decreased.

Although 0 may be provided in the gain for preventing such
defect, there are only three bits for the gain. if one of these is set
to 0, the quantizer performance is significantly deteriorated. In this
consideration, all-0 vector is provided for the shape vector to which
a larger number of bits have been allocated. The above-mentioned
search is performed, with the exclusion of the all-zero vector, and
the all-zero vector is selected if the quantization error has
ultimately been increased. The gain is arbitrary. This makes it
possible to prevent the quantization error from being increased in
the second-stage second encoding unit 120,.

Although the two-stage arrangement has been described above,
the number of stages may be larger than 2. In such case, if the
vector quantization by the first-stage closed-loop search has come
to a close, quantization of the N'th stage, where 2 < N, is carried
out with the quantization error of the (N-1)st stage as a reference
input, and the quantization error of the of the N'th stage is used as

a reference input to the (N+1)st stage.



quanti zation section 511 will be hereinafter explained. As for the |earning
nmet hod, the quantization error vector y is divided into eight |ow order
vectors y[err] to y[err], using the weight W, as shown in Table 2. If the
weight W is a matrix having 44-poi nt sub-sanpl ed val ues as di agonal
elenments: [err] the weight W is split into the follow ng eight nmatrices:
[err] 49 [err] y and W, thus split in |low dinmensions, are terned Y[err]
and wWerr]', where 1 [err] i [err] 8, _respectively. The distortion neasure
Eis defined as E = |[werr]' ([err] -°%)|[err] 50

It is seen from Figs.9 and 10 that, by employing multi-stage .
vector quantizers _for the second encoding unit, the amount of
calculations is decreased as compared to éhat with the use of a
straight vector quantization with the same number of bits or with
the use of a conjugate codebook. In particular, in CELP encoding
in which vector quantization of the-time-axis.waveform employing
the closed-loop search by the  analysis by synthesis method, a
smaller number of times of search ‘operations is crucial. In addition,
the number of bits can be easﬂy switched by switching between
employing both 1ndex outputs of the two-stage second encoding
units 120,, 120, and employing only the output of the first-stage
second encoding unit 120, without employing the output of the
second-stage second encoding unit 120,. If the index outputs of the
first-stage and second-stage second encoding units 120,, 120, are
combined and outputted, the decoder can easily cope with the
configuration by selecting one of the index outputs. That is, That
is, the decoder can easily.cope with the configuration by decoding
the parameter encoded with e.g., 6 kbps using a decoder operating
at 2 kbps. In addition, if zero-vector is contained in the shape
codebook of the second-stage second encoding unit 120,, it becomes
possible to prevent the quantization error from being increased with
lesser deterioration in performance than if 0 is added to the gain.

The code vector of the stochastic codebook, for example, can
be generated by clipping the so-called Gaussian noise. Specifically,

the codebook may be generated by generating the Gaussian noise,



The codebook vector s is the result of quantization of y[err]. Such code
vector of the codebook mnimzing the distortion neasure E is searched.

t he codebook | earning, further weighting is done using the general LI oyd
algorithm (GA). The optinmumcentroid condition for learning is first
explained. If there are Minput vectors y which have sel ected the code
vector s as optinmum quantization result, and the training data is y[err],

t he expected value of distortion J is given by the equation (38) mnimzing
the center of distortion on weighting ébtl1 respect to all franmes k: [err]

...(38) [err] Solving, we obtain M M [err] Taking transposed
val ues of both sides, we obtain 51

In

clipping the Gaussian noise with a suitable threshold value and
normalizing the clipped Gaussian noise.

However, there are -a variety of types in the speech. For
example, the Gaussian noise can cope with speech of consonant
sounds close to noise, such as ®sa, shi, su, se and so", while the
Gaussian noise cannot cope with the speech of acutely rising
consonants, such as "pa, pi, pu, pe and po"l. ‘According to the
present invention, the Gaussian noise is applied to some of the cdde
vectors, while the remaining portion of the code vectors is dealt
with by learning, so that both the consonants having sharply rising
consonant sounds and the consonant sounds close to the noise can
be coped with. If, for example, the threshold value is increased,
such vector is obtained which has several larger peaks, whereas, if
the threshold value is decreased, the code vector is approximate to
the Gaussian noise. Thus, by increasing the variation in the clipping
threshold value, it becomes possible to cope with consonants having
sharp rising portions, such as "pa, pi, pu, pe and po" or consonants
close to noise, such as "sa, shi, su, se and so", thereby increasing
clarity. Fig.lll shows the appearance of the Gaussian noise and the
clipped noise by a solid line and by a broken line, respectively.
Figs.11A and 11B show the noise with the clipping threshold value
equal to 1.0, that is with a larger threshold value, and the noise
with the clipping threshold value equal to 0.4, that is with a smaller
threshold value. It is seen from Figs.11A and 11B that, if the

threshold value is selected to be larger, there is obtained a vector



[err] Therefore, [err] ...(39) In the above equation (39), s is an optinmm
representative vector and represents an optinmum centroid condition. As for
t he opti mum encodi ng condition, it suffices to search for s mnimzing the
value of [err] during searching need not be the sane as [err] during

| earning and may be non- weighted matrix: [err] By constituting the vector
quanti zation unit 116 in the speech signal encoder by two-stage vector
guanti zation units, it becones possighe to render the nunmber of output

i ndex bits variable. The second encoding unit 120 enpl oying the

above- nenti oned CELP encoder constitution of the present invention, is
conprised of multi-stage vector quantization processors as shown in Fig.9.

These nul|ti:stage ve?t r %uantiﬁation processors age formed as two-stage
encodi ng"aNi & ID4G'8 ri)a,’g 50P&RFS: i WRER Senbldifedfr o¥h g vaIus niswhi chan

selected to a smaller value, the noise approaches to the Gaussian
noise itself.

For realizing this, an initial codebook is prepared by clipping
the Gaussian noise and a suitable number of non-learning code
vectors are set. The non-learning code vectors are selected in the
order of the increasing variance value for coping with consonants
close to the noise, such as "sa, shi, su, se and so". The vectors
found by learning use the LBG algorithm for learning. The encoding
under the nearest neighbor condition uses both the fixed code vector
and the code vector obtained on learning. In the centroid condition,
only the code vector set for lea'rning is updated. Thus the code
vector set for learning can cope with sharply rising consonants,
such as "pa, pi, pu, pe and po".

An optimum gain may be learned for these code vectors by
usual learning.

Fig.12 shows the processing flow for the constitution of the
codebook by clipping the Gaussian noise.

In Fig.12, the number of times of learning n is set to n = 0 at
step S10 for initialization. With an error D, = «, the maximum
number of times of learning n,, is set and a threshold value €
setting the learning end condition is set. |

At the next step S11, the initial codebook by clipping the
Gaussian noise is generated. At step S12, part of the code vectors

is fixed as non-learning code vectors.



52 arrangenent for coping wwth the transmssion bit rate of 6 kbps in case
the transm ssion bit rate can be swtched between e.g., 2 kbps and 6 kbps,
is shown. In addition, the shape and gain index output can be swtched
between 23 bits/ 5 nmsec and 15 bits/ 5 nsec. The processing flowin the
arrangenment of Fig.9 is shown in Fig.10. Referring to Fig.9, an LPC
analysis circuit 302 of Fig.9 corresponds to the LPC analysis circuit 132
shown in Fig.3, while an LSP paranmeter quantization circuit 303 corresponds
to the constitution fromthe a to LSP6Zonversion circuit 133 to the LSP to
[err] conversion circuit 137 of Fig.3 and a perceptually weighted filter
304 corresponds to the perceptual weighting filter calculation circuit 139
and the perce uaIIy wei ghted filter 125 of Fig.3. Therefore, in Fig.9, an
out put whi ch ?‘3 e Y a8 ePhat! bf e dine ip 4086nAdP8i dheciabewiet 137 of

the first, cﬂ&ls t ist e I;.183“9f {l:%]ge&";o slssgplpl tdedtOA e%t%{qg%qgl 05, while

an out put e sane das e 'oat put of” 't he per dht ed

filter cejlu(zitgeatt iion(Djcuin /139, &f Fige3nis §up lifeehd Or eyl €11 '?%S 307 and
an output which is the sane as the output of 'the perceptual |y wei ghted

filter 125rasfesmingg 3si terauippiteéd If aha tesulk nal NIDG6 prélowesieg, tiamsfiést i ncti on

fromthe to step S16. 3

At step S16, the code vectors not used for encoding are
processe_d. At the next step S17, the code books are updated. At
step SIS., the number of times of learning n is incremented before
returning to step S13.

The above-described signal encoding and signal decoding
apparatus may be used as a speech codebook employed in, for
example, a portable communiéation terminal or a portable telephone
set shown in fig.14.

Fig.13 shows a transmitting side of a portable terminal
employing a speech encoding unit 160 configured as shown in Figs.1
and 3. The speech signals collected by a microphone 161 are
amplified by an amplifier 162 and converted by an analog/digital
(A/D) converter 163 into digital signals which are sent to the
speech encoding unit 160 configured as shown in Figs.1 and 3. The
digital signals from the A/D converter 163 are supplied to the input
terminal 101. The speech encoding unit 160 performs encoding as
explained in connection with Figs.1 and 3. Output signals of output
terminals of Figs.1 and 2 are sent as output signals of the speech
encoding unit 160 to a transmission channel encoding unit 164

which then performs channel coding on the supplied signals. Output



perceptual |y weighted filter 125, the perceptually weighted filter 304 of
Fig.9 generates the perceptually weighed signal, that is the sane signal as
the out put of the perceptually weighted filter 125 of Fig.3, using the

i nput speech data and pre-quanti zation a-paraneter, instead of using an

out put of the LSP-a conversion circuit 137. In the two-stage second
encodi ng units 120[err] and 120[err], shown 53 in"Fig.9, subtractors 313
and 323 correspond to the subtractor 123 of Fig.3, while the distance
calculation circuits 314, 324 correspgend to the distance cal cul ation
circuit 124 of Fig.3. In addition, the gain circuits 311, 321 correspond to
the gain circuit 126 of Fig.3, while stochastic codebooks 310, 320 and gain
codebooks 315, 325 correspond to the noi se codebook 121 of Fig.3. In the
consti t usigmlefofFile 9ransheiskRG ahahyel encioding tuB02l @ aseepeBltofa Fi g. 10
splits input speech data x supplied froma term nal 301 intg frames as
descri bed diqth GBEFYISr hPPPEOnmmPYulation pddhenses SHEPHAat DA RNEt er .

The LSP et aHFL ©f ¢ SUGK 1285 A0 Alf 8 (SPR) SOk 8: s AfiPrgmatzer from

ysi's Ci
amplifier 167.

Fig.14 shows a reception side of a portable terminal employing
a speech decoding unit 260 configured as shown in Fig.4. The
speech signals received by the antenna 261 of Fig.14 are amplified
an RF amplifier 262 and sent via an analog/digital (A/D) converter
263 to a demodulation circuit 264, from which demodulated signal
are sent to a transmission channel decoding unit 265. An output
signal of the decoding unit 265 is supplied to a speech decoding
unit 260 configured as shown in Figs.2 and 4. The speech decoding
unit 260 decodes the signals as explained in connection with Figs.2
and 4. An output signal at an output terminal 201 of Figs.2 and 4
is sent as a signal of the speech decoding unit 260 to a
digital/analog (D/A) converter 266. An analog speech signals from
the D/A converter 266 is sent to a speaker 268.

The present invention is not limited to the above-described
embodiments. For example, the configuration of the speech synthesis
side (encoder) or the speech synthesis side (decoder), so far
described as a hardware, can also be realized by a software program
using a so-called digital signal processor (DSP). Also, data of
plural frames may be collected together and quantized by matrix
quantization instead of by vector quantization. Moreover, the speech

encoding method or a corresponding speech decoding method may



302 into LSP paraneters to quantize the LSP paraneters. The quanti zed LSP
paraneters are interpolated and converted into a- paraneters. The LSP
parameter quantization circuit 303 generates an LPC synthesis filter
function 1/H (z). from the a-paraneters converted fromthe quantized LSP
paraneters, that is the quantized LSP paraneters, and sends the generated
LPC synthesis filter function 1/H (z) to a perceptually weighted synthesis
filter 312 of the first-stage second encoding unit 120[err] via term nal
305. The perceptual weighting filter 4 finds data for perceptual

wei ghting, which is the sane as that oduced by the perceptually weighting
filter calculation circuit 139 of Fig.3, fromthe [err]- paraneter from
the LPC analysis circuit 302, that is pre- quantization a-paraneter
These weidjiPi B§ anphedr osupplyi d@ vhe trReeritnalnsoesismnahpsisemespedal |y -

wei ghting, synthesis filter 312 of .. 54 the. first-stage second, encodi ng
uni t 120%&? e rﬁgltéébpﬁ ale’\‘/\‘ié!tﬁﬂf’!"ndjefsiclrfbedr32bb{f’vgee%°e‘ftat 8Ot AR 2
per cept ua 4y eyl W?Q%éé&{‘a!s?lnmﬁgldrﬁalﬂ'& SHBhBUINAu s hbatipQueputted by
the perceptually weighted filter

synthesizing voided portions of the speech by sinusoidal synthesis

and synthesizing the unvoiced *speech portions based on noise
signals. The application may also be applied to wise fields of
application. That is, the present invention is not limited to
transmission or recording/reproduction but also mat .be applied to

pitch conversion, speed medication r noise suppression.



125 of Fig.3, fromthe input speech data and the pre-quantization
[err]-paraneter, as shown at step S2 in Fig.10. That is, the LPC synthesis
filter function W(z) is first generated fromthe pre- quantization
a-paranmeter. The filter function Wz) thus generated is applied to the

i nput speech data x to generate Xk which is supplied as the perceptually
wei ghted signal via termnal 306 to the subtractor 303 of the first-stage
second encoding unit 120[err]. In the first-stage second encodi ng unit
120[err], a representative val ue oth# of the stochastic codebook 310 of
the 9-bit shape index output is sent to the gain circuit 311 which then
multiplies the representative output fromthe stochastic codebook 310 with
t he gainfﬁ;calar) fromthe gain codebook 315 of the 6-bit gain index

out put . esentative value output, nultiplied with the gain by tHe

3“8‘![2 (]:_'/ L\Ed"l)agm %1/ I—%{ 3;? tegc Q?n%eerflgﬁpc%&qlolrydlv\\ﬁhmg St ?t‘{mhe..?ieécﬁi | ter 312

ng synthesis filter 312 sends the
1/ A(z) z&fignkhpsh mspmsee ORilsPWhtd Ob Ik s st aGtsoraril 3en@sdingditat ed at
step S3 of Fig.10. The subtractor 313 perfornms subtraction on the
zer o- inpumsnéspgnssn@bxpamuuﬁsmhw perceptually wei ghti ng synthesis filter

312 and the perceptu t ed SI Xk fronlthe rceptu ightin
Piitar 308 andn G 4 ag] 11RO bV T BantE M PO ® e TeaRR T aht CgstE O MY

ref erencelo\{)epCtsQarLl?réﬂ ‘an optimum vector using an analysis by synthesis
wherein a codebook generated by clipping the Gaussian noise at a
plurality of threshold values is used as a codebook for said vector
quantization.
Claim 2. The speech signal encoding method as claimed in claim
1 wherein the codebook for said vector quantization is made up of
a code vector generated on clipping said Gaussian noise and a
codebook vector obtained by learning using the codebook vector
generated by clipping the Gaussian noise as initial values
Claim 3. A speech encoding apparatus for dividing an input speech
signal on the time axis into blocks as units and encoding the
resulting signal, comprising:

encoding means for vector-quantizing a time-domain closed

loop search of an optimum vector using an analysis by synthesis
method wherein a codebook generated by clipping the Gaussian
noise at a plurality of threshold values is used as a codebook.for
said vector quantization.
Claim 4. The speech signal encoding apparatus as claimed in claim
3 wherein the codebook for vector quantization is made up of a

code vector generated on clipping said Gaussian noisc and a

DR



During searching at the first-stage second encoding unit 120[err], this

55 reference vector r is sent to the distance calculating circuit 314 where
the distance is cal culated and the shape vector s and the gain g mnimzing
the quantization error energy E are searched, as shown at step S4 in
Fig.10. Here, 1/A(z) is in the zero state. That is, if the shape vector s
in the codebook synthesized with 1/A(z) in the zero state is s[err] the
shape vector s and the gain g mnimzing the equation (40): [err] are
searched. Although s and g m nim zi ngeghe quanti zation error energy E may
be full-searched, the follow ng nethod may be used for reducing the anount
of calculations. The first nmethod is to search the shape vector s

L R St eI AP SRR (42 codeiab s ot i

generated by clipping the Gaussian noise as initial values
Claim 5. A portable radio terminal apparatus comprising:

amplifier means for amplifying an input speech signal;

A/D conversion means for A/D converting the resulting
amplified signal;

speech encoding means for speech-encoding an output of said
A/D' convert_i-ng .means;

transmission path encoding means for channel-decoding said
encod.ed signal; and

modulation means for amplifying a signal from said D/A
converting means and for supplying the amplified signal to an
antenna;

said speech encoding means further comprising

encoding means for vector-quantizing a time-domain closed
loop search of an optimum vector using an analysis by synthesis
method wherein a codebook generated by clipping the Gaussian

noise at a plurality of threshold values is used as a codebook for

said vector quantization.
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by the equation (42): 56 [err] Therefore, as the second nethod, such g
mnimzing the equation (43): Eg = (g[err] - g)[err] is searched. Since E
is a quadratic function of g, such g mnimzing Eg mnimzes E. Froms
and g obtained by the first and second nethods, the quantization error
vector e can be calculated by the following equation (44): e =r - g[err]
This is quantized as a reference of the second-stage second encodi ng unit
1202 as in the first stage. That is, the signal supplied to the termnals
305 and 307 are directly supplied froméZhe perceptually wei ghted synthesis
filter 312 of the first-%@g@@@gﬁ%mmwﬁm@@[err] to a

i Ifte

er cept ual | i ted synt hesi s r 322 of the second stage second
gncod}ong wels YRWf ed sy g

An encoding apparatus in which an input speech signal is
divided on the block basis and encoded in terms of the resulting
block as a unit. The éﬁcoding apparatus includes an encoding unit
120 for performing CELP -encodi_ﬁg having a noise codebook 121
is made up of a code vector generated on clipping said Gaussian
noise and a codebook vector obtained by learning using the
codebook. vector generated by clipping the Gaussian noise as initial
values. The encoding apparatus enables optimum encoding for a

variety of speech configurations.

Figure 1



unit 1202. The quanti zation error vector e found by the first-stage second
encoding unit 120[err] is supplied to a subtractor 323 of the second-stage
second encodi ng unit 120[err]. 57 At step S5 of Fig. 10, processing
simlar to that performed in the first stage occurs in the second-stage
second encodi ng unit 1202. That is, a representative value output fromthe
stochasti c codebook 320 of the 5-bit shape index output is sent to the gain
circuit 321 where the representative value output of the codebook 320 is
multiplied with the gain fromthe gailhlcodebook 325 of the 3-bit gain index
out put. An output of the weighted synthesis filter 322 is sent. to the
subtractor 323 where a difference between the output of the perceptually
wei ghted synthesis filter 322 and the first-stage quantization error vector
e is found. This d;jference is sent to a distance calculation circuit 324
for distance cal cui§ation in order t search the shape vector s and the gain
g mnimzing the ggantization errorcg@ergy E. The shape |n&g3 out put of the
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gai n i ndex output of the gain codebook 315 of the first-stage second
encoding unit 120[err] and the index output of the stochastic codebook 320
and the index output of the gain codebook 325 of the second-stage second
encodi ng unit 1202 are sent to an index output switching circuit 330. If 23
bits are outputted fromthe second encoding unit 120, the index data of the
st ochasti c codebooks 310, 320 and the gain codebooks 315, 325 of the
first-stage and second- stage second encoding units 120[err], 120[err] are
summed and outputted. If 15 bits arezgg%putted, the index data of the .
stochasti c codebook 310 and the gain ebook 315 of the first-stage second
encodi ng unit 120[err] are outputted. 58 The filter state is then
updat ed for cal culating zero-input response output as shown at step S6. In
t he present enbodi ment, the nunber of index bits of the second-stage second
encoding unit 120[err] is as small as 5 for the shape vector, while that

for the gain is as small as 3. If suitable shape and gain are not present
in this case in the codebook, the gFA
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guanti zation error is likely to be increased, instead of being decreased.
Al though 0 may be provided in the gain for preventing such defect, there
are only three bits for the gain if one of these is set to 0, the quanti zer
performance is significantly deteriorated. In this consideration, all-0
vector is provided for the shape vector to which a |arger nunber of bits
have been all ocated. The above-nenti oned search is perfornmed, with the
exclusion of the all-zero vector, and the all-zero vector is selected if
the quantization error has ultimat& been increased. The gain is
arbitrary. This nmakes it possible to prevemt the quantization error from

being increased in the second-stage secondgg?coding uni t & rr] Al t hough
t he two-stage arrangegfent hassbeen dexcri

above, the n§ stages
may be | arger than Zﬁﬂln suchgcase, i the%iéctor quanti t he
first- stagenclos§§—+ﬁ9p se ha§§ce Wa cl ose, qua @f t he
N th stage, FMMeré‘Z berr] N s c | @dvQutAwith the qu at onaerror of
the (N-1)st stage.as aYeferey ' ’OOEL_ ,Qe quanti za | efr o of the
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59 It

Is seen fromFigs.9 and 10 that,
quanti zers for the second encodi ng unit,

by enpl oying multi-stage vector
t he anobunt of calculations is

decreased as conpared to that with the use of a straight vector
guanti zation with the sanme nunber of bits or with the use of a conjugate

codebook.

In particular,

in CELP encoding in which vector quantization of

the tinme-axis waveform enpl oyi ng the cl osed-|1 oop search by the anal ysis by
synt hesi s net hod,

cruci al .

encodi ng units 120[err],
first-stage second encoding unit 120[err]gy

a smal |l er
I n additi on,

nunber of times of search operations is

the nunber of bits can be easily switched by
swi t chi ng between enpl oyi ng both i#ad@x outputs of the two-stage second

t he second-stage second encoding unit 1

first-stage and second-stage secong €

e.g.,
zer o-vect or

N 120[err],
conbi ned and outputted, the decodéﬁ‘cqﬁg sily th the
by sel ecting one of the index outpﬁhs.o t is|O s, the
easily cope with the configuration by o di ng { Mt par anet er
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codebook of the second-stage second encoding unit 120[err], it becones
possible to prevent the quantization error frombeing increased with | esser
deterioration in performance than if 0 is added to the gain. The code
vector of the stochastic codebook, for exanple, can be generated by
clipping the so-called Gaussi an noise. Specifically, the codebook may be
generated by generating the Gaussi an noi se, 60 clipping the Gaussi an
noise with a suitable threshold value and normalizing the clipped Gaussi an
noi se. However, there are a variety of types in the speech. For exanpl e,

t he Gaussi an noi se can cope with speech of consonant sounds cl ose to noise,
such as sa, shi, su, se and so", while the Gaussi an noi se cannot cope with
t he speech of acutely rising consondtts, such as "pa, pi, pu, pe and po".
According to the present invention, the Gaussian noise is applied to sdne
of the code vectors, while the remaining portion of the code vectors is
dealt with by learning, so that both the consonants having sharply rising
consonant sounds and the consonant sounds close to the noise can

.......................................................................................

3 /620
TRIX 6201 |

MA :
QUANTIZATION ;
\ i
MATRIX 6202 §
QUANTIZATION :
64Q? ------ : r 650 r ,\-—/660 E
640 VECTOR |/ VECTOR i
\ ; QUANTIZATION QUANTIZATION ;
____________________________________________ |
:: VECTOR VECTOR
6402 | QUANTIZATION QUANTIZATION
o 670 680

.......................................................................................



be coped with. If, for exanple, the threshold value is increased, such
vector is obtained which has several |arger peaks, whereas, if the
threshol d value is decreased, the code vector is approximate to the
Gaussi an noi se. Thus, by increasing the variation in the clipping threshold
val ue, it becones possible to cope wth consonants having sharp rising
portions, such as "pa, pi, pu, pe and po" or consonants close to noi se,
such as "sa, shi, su, se and so", thereby increasing clarity. Fig.1ll shows
t he appearance of the Gaussian noise and the clipped noise by a solid |ine
and by a broken line, respectively. g&gs.llA and 11B show the noise with
the clipping threshold val ue equaIQ/ 1.0, that is with a larger threshold
val ue, and the noi se w810t he clipping threshold value equal to 0.4, that
is with a smaller threShold value. It is seen from Figs. 11A and 11B

that, if the thresh Ig¢¥géye is selected to be |arger, tZQPQ i s gltyai ned a
vect or 61 havi ng & | | arger peaks, whereas, if, old val ue
i s sel ected to a snaienvaluer-the'noi'se approaches.fto NBBAGaussLén noi se

itself. | l Y+ go7 o SWITCHER
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For realizing this, an initial codebook is prepared by clipping the
Gaussi an noi se and a suitable nunber of non-learning code vectors are set.
The non-| earning code vectors are selected in the order of the increasing
variance val ue for coping with consonants close to the noise, such as "sa,
shi, su, se and so". The vectors found by | earning use the LBG al gorithm
for learning. The encodi ng under the nearest nei ghbor condition uses both
the fixed code vector and the code vector obtained on learning. In the
centroid condition, only the code vector set for learning is updated. Thus
the code vector set for |learning can cope with sharply rising consonants,
such as "pa, pi, pu, pe and po". An optinmumgain nay be |earned for these
code vectors by usual |earning. Fig/4l2 shows the processing flow for the
constitution of the codebook by clipping the Gaussian noise. In Fig.12,” the
nunber of tines of learning nis set ton =0 at step S10 for
initialization. Wth an error Derr] = [err], the maxi num nunber of tines
of learning n[err] is set and a threshold value [err] setting the |earning
end condition is set. At the next step S11, the initial codebook by
clipping the Gaussian noise is generated. At step S%goopart of the code

vectors 3 __________________________ '.,' ___________
502 INDEX
s VE(l:TOR Xg' 504 503
X QUANTIZATION -2 <
T T 2y
511 1 5114 INDEX_}
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VECTOR VECTOR | INDEX_
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¥y 5121 y2
513
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is fixed as non-|earning code vectors. 62 At the next step S13, encoding
is done sing the above codebook. At step S14, the error is calculated. At
step S15, it is judged if (Derr] - Derr]/ Derr] <J[err], or n =n [err]
If the result is YES, processing is termnated. If the result is NO
processing transfers to step S16. At step S16, the code vectors not used
for encoding are processed. At the next step S17, the code books are
updated. At step S18, the nunber of tiqfs of learning n is increnented
before returning to step S13. The ab8¢Lt descri bed si gnal encodi ng and

si gnal decodi ng apparatus nmay be used as a speech codebook enpl oyed in, fof
exanpl e, a portable communication termnal or a portable tel ephone set
shown in fig.14. Fig. 13 shows a transnmtting side of a portable term nal
enpl oyi ng a speech encoding unit 160 configured as shown in Figs.1l and 3.
The speech signals collected by a m crophone 161 are
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anplified by an anplifier 162 and converted by an anal og/digital (A/ D)
converter 163 into digital signals which are sent to the speech encoding
unit 160 configured as shown in Figs.1l and 3. The digital signals fromthe
Al D tonverter 163 are supplied to the input termnal 101. The speech
encoding unit 160 perforns encoding as explained in connection with Figs.1
and 3. Qutput signals of output termnals of Figs. 1 and 2 are sent as

out put signals of the speech encoding unit 160 to a transm ssion channel
encodi ng unit 164 which then perforng/¥hannel coding on the supplied
signal s. Qutput 63 signals of the transnission channel encoding unit 164
are sent to a nodulation circuit 165 for nodul ati on and thence supplied to
an antenna 168 via a digital/anakog (DA converter 166 and an RF anplifier
167. Fig.14 shows a reception sige f a portable term nal enploying a

speech decodi ng unit 260 configugg&oas shown in Fig. 4. The speech signals
received by the antenna 261 of F %;&]are agpllfﬁéd an|RF anplifier 262 and
sent via an anal og/digital (A/D)< verier .ug
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263 to a denodul ation circuit 264, from which denodul ated signal are sent
to a transm ssion channel decoding unit 265. An output signal of the
decoding unit 265 is supplied to a speech decoding unit 260 configured as
shown in Figs.2 and 4. The speech decoding unit 260 decodes the signals as
expl ained in connection with Figs.2 and 4. An output signal at an output
termnal 201 of Figs.2 and 4 is sent as a signal of the speech decoding
unit 260 to a digital/analog (D A), converter 266. An anal og speech
signals fromthe DJA converter 266 t8/Xent to a speaker 268. The present
invention is not limted to the above-described enbodi nents. For exanpl e,
the configuration of the speech synthesis side (encoder) or the speech

synt hesi s side (decoder), so far described as a hardware, can al so be
realized by a software programusing a so-called digital signal processor
(DSP). Also, data of plural frames may be coll ected together and quantized
by matrix quantization instead of by vector quantization. Mreover, the
speech encodi ng nethod or a corresponding speech decodi ng nethod nmay 64

INPUT SPEECH r——’
i

PERCEPPTUALLY S2
WEIGHTED FILTERING ——

I

ZERO INPUT RESPONSE S3
SUBTRACTION —

SECOND
FIRST-STAGE ENCDER
SECOND
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UPDATE FILTER STATE | —S6

l

L ——S54
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al so be applied not only to the speech synthesis/analysis nethod enpl oyi ng
mul ti-band excitation described above but also to a variety of speech
synt hesi s/ analysis methods such as those synthesizing voided portions
of the speech by sinusoidal synthesis and synthesizing the unvoi ced speech
portions based on noise signals. The application nmay al so be applied to

w se fields of application. That is, the present inventionis not limted
to transm ssion or recording/reproduction but also mat be applied to pitch
conversion, speed nedication r noi se gyppression. 65 CLAIMS Caiml. A

speech encodi ng nmethod for dividing an i nput speech signal on the tinme axis
into blocks as units and encoding the resulting signal, conprising: an
encodi ng step of vector-quantizing by a time-donain closed | oop search of
an optimum vector using an analysis by synthesis wherein a codebook

generated by clipping the Gaussian noise at a plurality of threshold val ues
is used as a codebook for said vector

3
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guanti zation. Claim2. The speech signal encoding nethod as clainmed in
claim1 wherein the codebook for said vector quantization is nmade up of a
code vector generated on clipping said Gaussi an noi se and a codebook vector
obt di ned by | earning using the codebook vector generated by clipping the
Gaussi an noise as initial values Caim3. A speech encoding apparatus for
dividing an i nput speech signal on the tine axis into blocks as units and
encodi ng the resulting signal, conprising: encoding neans for
vector-quantizing a tinme-domain cl os&¥l4oop search of an opti mum vector
usi ng an anal ysis by synthesis nethod wherein a codebook generated by
clipping the Gaussian noise at a plurality of threshold values is used as a
codebook for said vector quantization. Claim4. The speech signal encoding
apparatus as clainmed in claim3 wherein the codebook for vector

guanti zation is nade up o ,

Gaussi an noi se and a 60

r=0, Dg=cc 10
Nmax=MAX NUMBER OF B
TIMES OF LEARNING
£=THRESHOLD VALUE

Y
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CODE BOOK BY . S11
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ENCODE 513
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END
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codebook vector obtained by |earning using the codebook vector generated by
clipping the Gaussian noise as initial values Claim5. A portable radio
term nal apparatus conprising: anplifier neans for anplifying an input
speech signal; A/ D conversion neans for A/ D converting the resulting
anplified signal; speech encoding neans for speech-encodi ng an out put of
said A/D converting neans; transm ssion path encodi ng neans for
channel - decodi ng sai d encoded signal; and nodul ati on nmeans for anplifying a
signal fromsaid D/A converting neapsy1and for supplying the anplified
signal to an antenna; said speech encodi ng neans further conprising
encodi ng neans for vector-quantizing a tine-domain closed | oop search of an
opti mum vector using an analysis by synthesis nmethod wherein a codebook
generated by clipping the Gaussian noise at a plurality of threshold val ues
is used as a codebook for said vector quantization.

162 163 160 164 165
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