SPECI FI CATI ON Speech Encodi ng net hod

Technical Field This invention relates to a speech encodi ng nethod for
encodi ng . short-term prediction resi dual s or paraneters

rept ésenting short-term prediction coefficients of the input speech signal

by vector or matrix quantizati on. Background Art
There are a variety of encoding rmﬁﬁﬁ?%Tf@FT@Pﬁor encodi ng the audio
signal, inclusive of the speech signal ‘and the acoustic signal, by

exploiting statistic properti 8pegbnt R c3ddn@ Hedbdd in the tinme domain and
in the frequency domai n and psychoacoustic characteristics of the human
hearing system These encodi ng Tedhweaewi edroughly classified into
encoding on the time domain, encoding on the frequency.donain and

anal ysi s/ syntTteid s iaveadiinn relatés, tion aulspieckanderxcdingi aethidd) for
si ngl e-band excitation
encoding short-term prediction residuals or parameters
representing short-term prediction coefficients of the input
speech signal by vector or matrix quantization.
Baékground Art

There are a variety of encoding methods knowh for encoding
the audio signal, inclusive of the speech signal and the écoustic_
signal, by exploiting statistic properties of the audio signal
in the time domain and in the frequency domain and psychoacoustic
characteristics of the human heafing system. These encoding
methods may be roughly classified into encoding on the time
domain, encoding on the frequency domain and analysis/ synthesis
encoding. |

If, in multi-band excitation (MBE), single-band excitation
(SBE), harmonic excitation, sub-band coding (SBC), linear
predictive coding (LPC), discrete cosine transform (DCT),
modified DCT (MDCT) or fast Fourier transform (FFT), as examples
of high-efficiency coding for speech signals, various information
data, such as spectral amplitudes or parameters thereof, such as
LSP parameters, o-parameters or k-parameters, are quantized,
scalar quantization has been usually adopted.

If, with such scalar quantization, the bit rate is decreased



(SBE), harnonic excitation, sub-band coding (SBC), |inear predictive coding
(LPC), discrete cosine transform (DCT), nodified DCT (MDCT) or fast Fourier
transforn1(FFT) as exanpl es : of high- efficiency coding for speech signals,
varibus information data, such as spect anplitudes or paraneters

t hereof, such as LSP paraneters, a para ters or k-paraneters, are
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group different data given for encodi ng, such as tinme-domain data,
frequencycitorgi il yasradtided t6g Rﬁﬁi fd £of Féteift @ata NEDvén VESE Oéncodihg,

group such vectors across plural frames, into a matrix, and to effect

vector orsugHrias time-domain data, frequency-domain data or filter

| coefficient data, into a vector, or to group such vectors across,
plural frames, into a matrix, and to effect vector or matrix
quantization, in place of individually quantizing the different
data.

For example, in code excitation linear prediction (CELP)
encoding, LPC residuals are directly quantized by vector or
matrix quantization as time-domain waveform. In addition, the
spectral envelope in MBE encoding is similarly quantized by
vector or matrix quantization.

If the bit rate is decreased further, it becomes infeasible
to use enough bits to quantize parameters specifying the envelope
of the spectrum itself or the LPC residuals, thus deteriorating
the signal quality. |

In view of the foregoing, it is an object of the present
invention to provide a speech encoding method capable of
affording satisfactory quantization characteristics even with a
smaller number of bits.

Disclosure of the Invention

With the speech encoding method according to the present

invention, a first codebook and a second codebook are formed by



quantization, in place of individually quantizing the different data.

For exanple, in code excitation |linear prediction (CELP) encoding, LPC
residuals are directly quantized by vector or matrix quantization as

ti me-domain waveform In addition; the. $pectra| envel ope in MBE encodi ng
is simlarly quantlzed by vector or I X quantlzatlon If the bit

rate 1s AR oreRk (it iRe ekt ?@g%g%yec;igg@hmﬁt fetnt' Prapovolob! yaLhes

quanti ze paraneters specifying t rum I tsel r the
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foregoing, 1t is an object of the present 1invention to provide a speech
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Di scl osurimmit t pdevientsighal . The short-term prediction values are
generated based upon the input speech signal. One of the first
and second codebooks concerning the reference parameter of the
input speeéh signal is selected and the short-term prediction
values are quantized by having reference to the selected codebook
for encoding the input speech signal.

The short-term prediction values are short-term prediction
coefficients or short—term:predictioh errors. The characteristic
parameters include the pitch values of the speech signal, pitch
strength, frame power, voiced/unvoiced discrimination flag and
the gradient of the signal spectrum. The quantization is the
vector quantization or the matrix quantization. The refefence
parameter is the pitch value of the speech signal. One of the
first and sedond codebooks is selected in dependence upon the
magnitude relation between the pitch value of the input spe€ech
signal and a pre-set pitch value.

According +to the present _invention, the short-term
prediction value, generated based upon the input speech signal,
is' quantized by having reference to the selected codebook for
improving the quantization efficiency. .

Brief Description of the'Drawings

Fig.1 is a schematic block diagram showing a speech encoding



Wth the speech encoding nmethod according to the present invention, a
first codebook and a second codebook are forned by

3 assortlng paraneters representing short-term prediction val ues
concerning a reference parameter conprised of one or a conbination of a
plurality of characteristic paraneters of the input speech signal. The
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predi ction values are quantized by haV|ng reference to e selec
codebook jhawsnenewdi ng the i nput speech signal. The short-term
predi ction values are short-termprediction coefficients or short-term

prediction errbig.2The &hdmaiiar iddtdgram for illustrating a smoother that
may be employed for a pitch detection circuit shown in Fig.l.

Fig.3 is a block diagram for illustrating the méthod for
forming a codebook (training method) employed for vector
quantization.

Best Mode for Carrying out the Invention

Preferred embodiments of the present invention will be
hereinafter explained.

Fig.1 is a schematic block diagram showing the constitution
for carrying out the speech encoding method according to the
present invention.

In the presént speech signal encoder, the spéech signals
supplied to an input terminal 11 are supplied to a linear
prediction coding (LPC) analysis circuit 12, a reverse-filtering
circuit 21 and a perceptual weighting filter calculating circuit
23. |

The LPC analysis circuit 12 applies a Hamming window to an
input waveform signal, with a length of the order of 256 samples
of the input waveform signal as a block, and calculates linear
prediction coefficients or a-parameters by the auto—correlation

method. The f{frame period, as a data outputting unit, is

comprised e.g., of 180 samples. If the sampling frequency fs is -



paraneters include the pitch values of the speech signal, pitch strength,
frame power, voiced/unvoiced discrimnation flag and the gradi ent of . the
signal spectrum The quantization is the vector quantization or the matrix
quanti zation. The reference paranmeter i the pitch value of the speech
signal. One of the first and second codebooks is selected in dependence

upon the Jiagn! tgidary el id O VEEH 58S 81 LalaYabyeaninkhe | nput speech

signal and & pre-set’ pitch v According to the present invention
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- signal, is quantized by having reference to the selected codebook for_ .

i mpr ovi Ngsgiel KB G Zo | Pt STESEiGiverting circuit 13 Broefcdessts Doh oo of
t he Draw ngs Fig.1 is a schematic bl ock diagram showi ng a speech

encodi ng 1ine spectral pair (LSP) parameters. ZThd¢vise {kecodeiramstens,
Il lustrative exanple of a device for carrying out the speech encodi ng
met hod acfoumt ngst ditttectpriggent filter coefficients, are converted into
e.g., ten, that is five pairs of, LSP parameters. This
conversion is carried out uéing e.g., the Newton—-Raphson method.
The reason the a¥§arameters'are converted into the LSP parameters
is that the LSP.parameters are superior to the a-parameters in
interpolation characteristics.

The LSP parameters from the a to LSP conversion circuit 13
are vector—-quantized by an LSP vector quantizer 14. At this
time, the inter-frame difference may be first found before
carrying out the vector quantization. Alternatively, plural LSP
parameters for plural frames are grouped together for carrying
out the matrix quantization. For this quantization, 20 msec
corresponds to one frame, and the LSP parametefs calculated every
20 msecs are quantized by vector quantization. For carrying out
the vector quantization or matrix quantization, a codebook for
male 15M or a codebook for fema;q 15F is used by switching
between them with a changeover switch 186, in accordance with the
pitch.

A quantization output of the LSP vector quantizer 14, that
is the index of the'LSP_vector quahtization, is provided, and the

quantized LSP vectors are processed by a LSP to a conversion



i nventi on. Fig.2 is acircuit diagramfor illustrating a snoother
that may be enployed for a pitch detection circuit shown in Fig.l.

Fig.3 is a block diagramfor illustrating the method for fornming a
codebook (training nethod) enployed for gector guanti zati on.
Best Mbde for Carrying out the Invention Preferred enbodi nents of the

present ?ﬁﬁgﬁi@nlw'foPecdeé?%ﬁﬁfeﬁﬂa & NP Paraﬁefé@élié the a-

schemat i di agram show ng t'he constitution or carrying out the
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present speech signal encoder, the speech signals "supplied to an input
term nal thle abtitpurP! bed £i9e a IgMeqo @ abibid 81 P diciGculiRC) 1gnal F§l ger
circuit 12, a reverse-filtering circuit 21 and a perceptual weighting
filter cajouffil¢ients refli & pédceptual weighting synthesis filter 31 for

code excitation linear prediction (CELP) encoding are calculated.

An output of a so-called dynamic codebook (pitch codebook,
also called an adaptive codebook) 32 for code excitation linear
prediction (CELP) encoding is supplied to an adder 34 via a
coefficient multiplier 33 designed for multiplying a gain g,. On
the other haﬁd, an output of a so-called stochastic codebook
(noise codebook, also called a probabilistic codebook) is
supplied to the adder 34 via a coefficient'multiplier 36 designed
for multiplying a gain g,. A sum output of the adder 34 is
supplied as an excitation signal to the perceptual weighting

synthesis filter 31. -

In the dynamic codebook 32 are stored past excitation
signals. These excitation signals are read out at a pitch period
and multiplied by the gain g,. The resulting product signal is
summed by the adder 34 to a signal from the stochastic codebook
35 multiplied by the gain g,- The resulting sum signal is used
for exciting the perceptual weighting synthesis filter 31. 1In
addition, the sum output from the adder 34 is fed back to the
dynamic codebook 32 to form a sort of an IIR filter. The

stochastic codebook 35 is configured so that the changeover



The LPC analysis circuit 12 applies a Hamm ng wi ndow to an input waveform
signal, with a length of the order of 256 sanples of the input waveform
signal as a block, and calculates |inear prediction coefficients or

a-paranet'ers by the auto-correlation ne%hod. The frane period, as a
data outputting unit, is conprised e.g., of 160 sanples. |If the sanpling
frequency; ' : i , e
[rane per b GIE 355 switches between the godebook 35M Porpdle Poibf qade
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for conversion to Iine spectral palr_tLSP parameters. That is, the

a- par anetmie, coé PENE @8t dmiBE€ipl YEPsT BB, e36Corivid AIRTES  r@dFe€PIVWEr fgEINENT O
e.g., ten, that is five palrs of, LSP paraneters. Thi s

8,» & controlled responsive to outputs of the gain codebook 37.
An output of the perceptual weighting synthesis filter 31 is
supplied as a subtraction signal to an adder 38. An output
signal of the adder 38 is suppliéd to a waveform distortion
(Euclid distance) minimizing circuit 39. Based upon an output of
the Waveform distortion minimizing circuit 39, signal readout
from the respective codebooks 32, 35 and 37 is controlled for
minimizing an output of the adder 38, that is the weighted
waveform distortion.

In the reverse-filtering circuit 21, the input speech signal
from the input terminal 11 is back-filtered by the a-parameter
from the LPC analysis circuit 12 and supplied to a pitch
detection circuit 22 for pitch detection. The changeover switch'
16 or the changeover éwitch 358 is changed over responsive to the
pitch detection results from the pitch detection circuit 22 for
selective switching between the codebook for male voice and the
codebook for female voice. _

In the perceptual weighting filter calculating circuit 23,
perceptual weighting filter calculation is carried out on the
input speech signal from the input terminal 11 using an output:
of the LPC analysis circuit 12. The resulting perceptual

weighted signal is supplied to an adder 24 which is also fed with



conversion is carried out 'using e.g., the Newton-Raphson nethod. The
reason ‘the a-paranmeters are converted into the LSP paraneters 1is that the
LSP parameters are superior to the a-paraneters in interpolation
characteristics. The LSP paraneters fromthe a to LSP conversion
CIrCUIt 13 are vector- quantized by an LSP vector quantizer At this

time, %ﬂ'Udﬁﬁﬁf P & %éf?eTﬁ Q%o%irs ﬂﬁg}%tﬁﬁcﬁ§ aC§ﬁ§¥fQQ P

t he vector quanti! za ern IVG ura paraneters uraI

frames ardy gfpuped mge&@% f19fp1ﬁ?rf¥%g8ns8‘“c1tﬂb%f€at BhXx ﬁﬁgﬁdﬁ%sonthgor

this quantlzatlon 20 nmsec correspon to one frane, an
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For carrying out the vector quantization or matrix quantization,
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filter response of the previous frame remnant in the perceptual

weighting synthesis filter 31 for producing a signal required as

a new input for a decoder. An output of the adder 24 is supplied

to the adder 38 where an output of the perceptual weighting
synthesis filter 31 is subtracted from the addition output.

In the above-described encoder, assuming that an input

signal from the inputlterminal 11 is x(n), the LPC coefficients,

i.e. a-parameters, are a, and the prediction residuals are

res(n). With the number of orders for analysis of P, 1 £ i £ P.

The input signal x(n) is back-filtered by the reverse-filtering

circuit 21 in accordance with the equation (1):
P
H(z) =1+E aiz™1
i=1

(1)
for finding the prediction residuals(n) in a range e.g., of 0 <
< N-1, where N denotes the number of samples corresponding to
the frame length as an encoding unit. For example, N=160.
Next, in the pitch detection circuit 22, the prediction
residual res(n) obtained from the reverse-filtering circuit 21

is passed through a low-pass filter (LPF) for deriving resl(n).



is the index of the LSP vector quantization, is provided, and the

quanti zed LSP vectors are processed by a LSP to a conversion

6 circuit 17 for conversion of the LSP paraneters to the a- paraneters as
coefficients of the direct type filter. Based upon the output of the LSP
to a conversion circuit 17, filter coefficients of a perceptual weighting
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prediction (CELP) encoding is supp to an adder 34" via a coefficient

mul t1 pl | e, degainar f@ic JRbe1PEYORI Pusicg ol B, (nfn bhe pb§e(nhands an

out put of a so-called stochastic codebook (noise ebook, also called a

pr obabi | icd 1 eurotedobk) aéSordapee i wiithothbeeaddeion4 (2i)a a coefficient
mul tiplier 36 designed

N-i-1

$re0:(1) = Y, resl(n)resl(n+i)
n=0

.(2)

where L, < i <L .
Usually, ‘L, is equal to 20 and L, is equal to 147

approximately. The pitéh as found by tracking the number i which

gives a peak value of the auto-correlation function &__ (i) or

resl
the number i which gives a peak value by suitable processing is
employed as the pitch for the current frame. For example,
assuming that the pitch, more specifically, the pitch lag, of the
k’th frame, is P(k). On the other hand, pitch reliability or

pitch strength is defined by the equation (3):
PI(K) =000, (P(K)) /$re1(0)

(3)

‘That is, the strength of the auto-correlation, normalizéd
by @.,,(0), is defined as above.

In addition, with the wusual code excitation linear
prediction (CELP) coding, the frame power R (k) is calculated by
the equation (4):

.(4)



for multiplying a gain g[err]. A sumoutput of the adder 34 is supplied as
an excitation signal to the perceptual weighting synthesis filter 31

In the dynam ¢ codebook 32 are stored past excitation signals. These
excitation signals are read out at a pit qp period and nultiplied by the
gain glerr]. The resulting product sign I's sunmed by the adder 34 to a
signal fromthe stochastic codebook 35 nultiplied by the gain g[err]. The
resulting sumsignal is used for exciti;igithe perceptual weighting
synthesis filter 31. In additionRefld= &G€BUt fromthe adder 34 is fed
back to the dynami c codebook 32 to forma %ort of an IIR filter. The

st ochastic codebook 35 is configured so that the changeover '

7 swit chylB&fe sk dehetebetnechrhiie AaMBBeok 35M for nal e voice and the
codebook 35F for fenmle voice to select one of the codebooks. The

coefficient mbe¢pehding Ipon36thevealels o£spbet lp’ﬂ:@l@l Nag BE)), pdkehr]
controll ed responsive to outputs of the gain codebook .
strength Pl1(k) and the frame power R,(k), the quantlzatlon table
for {a;} or the quantization .table formed by converting the a-
parameters into line spectral paifs (LSPs) are changed over
between the codebook for ﬁale voice and the codebook for female
voice. In the embodiment of Fig.1l, the quantization table for
the vector quantizer 14 used for quantizing the LSPs is changed
over between the codebook for male voice 15M and the codebbok for
female voice 15F.
For example, if P, denotes the threshold value of the pitch
lag P(k) used for making distinction between the male voice and

the female voice, and Pl, and R denote respective threshold

oth
values of the pitch strength P1(k) for discriminating pitch
reliability and the frame power R;(k),

(i) a first codebook, e.g., the codebook for male voice 15M, is
used for P(k) 2 P,,, P1(k) > Pl and R (k) > R,,,;

(ii) a second codebook, e.g., the codebook for female voice 15F,

is used for P(k) < P, Pl1(k) > P1, and R (k) > R, ; and

oth ’
(iii) a third codebook is used otherwise.

Although a codebook different from the codebook 35M for male
voice and the codebook 35F for female voice may be employed as

the third codebook, it is also possible to employ the codebook



An out put of the perceptual weighting synthesis filter 31 is supplied as a
subtraction signal to an adder 38. An out put signal of the adder 38 is
supplied to a waveformdistortion (Euclid distance) mnimzing circuit 39.
Based upon an output of the waveformdi,stortion mnimzing circuit 39,
signal readout fromthe respective cod& ooks 32, 35 and 37 is controlled

for m!“3@ﬂi99raﬂ?PHtQUﬁcgfth%h%qg%ﬁéﬁ5oE!§§F!ﬁbfr¥%#ﬁﬁ@h&@?ge“@¥eiﬁém
di stortion. nthe reverse-tiltering circuit 21, e i nput speec
signal fgprd hGodepgbktermnal 11 is back-filtered by the a-paraneter

fromthe LPC analysis circuit 12 and supplied to a pitch detection circuit

22 for pitch depe@cabeve Ih@eghamaeeu%egmnta@hbel%ﬁmﬁlhq1@mr@9§yprb§vwghch
35S i s changed over responsive to the pitch detection results fromthe

.pitch dehec@5pﬁpbgrcu0t723nﬂoR 0§phec(fuplsgbapéing4oedB¢en t he codebook
for male voice and the codebodk for femle voice. - _ In the perceptua
wei ghting filtkltershatiwelpg ctheui to@8books may be changed over by
preserving past n frames of the pitch lags P(k), finding a mean
value of P(k) over these n frames and discriminating the mean
value with the pre-set threshold value P,. It is noted that
these n frames are selected so that P1(k) > P1,, and R, (k) > R ,,.,
that is so that the frames are voiced frames and exhibit high
pitch reliability.
| Still alternatively, the pitch lag P(k) satisfying the above
condition may be supplied to the smoother shown in Fig.2 and the
resulting smoothed output may be discriminated by the threshold
value P, for changing over the codebooks. It is noted that an
output of the smoother of Fig.2 is obtained by multiplying the
input data with 0.2 by a multiplier 41 and summing the resulting
product signal by an adder 44 to an ouﬁput data delayed by one
frame by a delay circuit 42 and multiplied with 0.8 by a
multiplier 43. The output state of the smoother is maintained-
unless the pitch lag P(k), the input data, is supplied.
In combination with the above-described switching, the
codebooks may alsb be changed over depehding upon the voiced/
unvoiced discrimination, the value of the pitch strength Pl(k)

or the value of the frame power R, (k).



perceptual weighting filter calculation is carried out on the input speech
signal fromthe input termnal 11 using an output of the LPC analysis
cireuit 12. The resulting perceptual weighted signal is supplied to an
addet 24 which is also fed with 8 an
-output of a zero input response C|rCU|t]f% as a subtraction signal. The

zer o input resgﬁ?gglsym 'nter25 é“rﬂé’éhzsﬁlﬁ? ofr%?z%ogr@legcﬂ{es%égggﬂ'%%b%ﬁ
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signal for canceling the filter response of the previous frame remant in
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required as a new input for a decoder. An output of the adder 24 is

suppl i ed speethef arldavi t3th il be taveeauit phie ebdébeokef cepidliad wricghianddthe
codebook for female voice. The reason is that, since there is
deviation in the frequency distribution of the formant of the
vowel between the male voice and the female voice, the space
occupied by the vectors to be quantized is decreased, that is,
the vector variance is diminished, by switching between the male
vdice and the female voice especially in the vowel portion, thus
enabling satisfactory training, that is learning.to reduce the
quantization error.

It is also possible to change over the stochastic codebook
in CELP coding in accordance with the above conditions. In the
embodiment of Fig.1l, the changeover switch 35S is changed ovér

- in accordance with the above conditions for selécting one of the
codebook 35M for male voice and the codebook 35F for female voice
as the stochastic codebook 35.

For codebook learning, training data may be assorted under
the same standard as that for eqcpdihg/decoding so that the
training data will be optimized under e.g., the so-called LBG
method. |

That is, referring to Fig.3, signals from a training set 51,
made up of speech signals for training, continuing for e.g8.,

several minutes, are supplied to a line spectral pair (LSP)



synt hesi s filter 31 is subtracted fromthe addition out put-. In the
above- described encoder, assuming that an input signal fromthe input

termnal 11 is x(n), the LPC coefficients, ‘i.e. a-paraneters, are ajerr]
and’the prediction residuals are res(nkq Wth the nunber of orders for
analysis of P, 1 [err] i [err] P. The input signal x(n) is back-filtered

by the re&’ﬂcﬁﬂéti dgerwﬁcus;tr%lz' targil anp% Aar ﬁéi%%%l Wit tings echPéﬂPi‘ gé).:

[err] for finding the prediction resi ua S In a range e.
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the frame |l ength as an encoding unit. For exanple, N=1 Next, in the

pitch detemdiysisi ¢toeti©212t hadprdd o i bo LSBSIc@n&Iemdm(gn)01qtdtmmeﬁsfoﬁm
the reverse-filtering circuit 21 is passed through a | owpass filter (LPF)
for deri Fig.YesWlihle the pitch discriminating circuit 53 is equivalent
| to the back filtering circuit 21 and the pitch detection circuit
22 of Fig.1. The pitch discrimination circuit 53 discriminates
the pitch lag P(k), pitch strength Pl1(k) and the frame power
Pl for

R,(k) by the above-mentioned threshold values P and R

th? th Oth

case classification in accordance with the above conditions (i),
(ii) and (iii). Specifically, discrimination between at least
the male voice under the condition (i) and the female voice under
the condition (ii) suffices. Alternatively, the pitch lag values
P(k) of past n voiced frames with high pitch reliability may be
preserved and a mean.value of the P(k) values of these pn frames
may be found and discriminated by the threshold value P,,. An
output of the smoother of Fig.2 may also be discriminated by the
threshold value P,

The LSP data from the LSP calculating circuit 52 are sent
to a training data assorting circuit 54 where the LSP data are
assorted into training data for male voice 55 and into training
data for female voice 56 in dependence upon the'discrimination
output of the pitch discrimination circuit 53. These training
data are supplied to'training processors 57, 58 where training
is carried out in accordance with e.g., the so-called LBG method

for formulating the codebook 35M for male voice and the codebook



9 Such an LPF usually has a cut-off frequency fc of the order of 1 kHz in
the case of the sanpling clock frequency fs of 8 kHz. Next, the
auto-correlation function J[err](n) of resl(n) is <calculated in
accofdance with the equation (2): [err]

(2) where L[err] [err] i <L[err]. déUaIIy, L[err] is equal to 20 and
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nunber I ves a peak val'ue e auto-correlation function
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is enployed as the pitch for the current frane. For exanpl'e, assum ng
that the glgenithRr €o2Pa@icitord|quant iveP! DESikAY, Ihn UIBEE KTidn§! aComm. S

P(k). On the other hand, pitch reliability or
COM-28, pp. 84 to 95, Jan. 1980. Specifically, it is a

technique of designing a locally optimum vector quantizer for an
. information source, whose probabilistic density function has not-
been known, with the aid of a so-called training string.

The cddebook 15M for male voice and the codebook 15F for
female voice, thus formulated, are selected by switching the
changeover switch 16 at the time of vector quantization by the
vector quantizer 14 shown in Fig.l. This chéngeover switch 16
is controlied for switching in dependence upon the results of
discrimination by the pitch detection circuit 22.

The index information, as the quantization output of the
vector quantizer 14, that is the codes of the representative
vectors, are outputted as data to be trénsmitted, while the
quantized LSP data of the output vector is converted by the LSP
to a converting circuit 17 into.u—parameters which are fed to
a perceptual weighing synthesis filter 31. This perceptual
weighing synthesis filter 31 has characteristics 1/A(z) as shown

by the following equation (5):

. (5)



pitch strength is defined by the equation (3): [err] That is, the
strength of the auto-correlation, nornmalized by [err](0), is defined as

above. In addition, with the usual code excitation |linear prediction
- (CELP) coding, the frame power R[err](Khé s calculated by the equation
(4): 10 [err] where k denotes the

[ PomrarBpeRs (z), ERFOds petnensife Vi Reitk ChAsALUSR IR Pl ch
' Among data to be transmitted }n the above-described CELP
encoding, there are the index information for the dynamic
codebook 32 and the stochastic codebook 35, the index information
of the gain codebook 37 and the pitch information of the pitch
detection circuit 22, in addition to the index information of the
representative vectors in the vector quantizer 14. Since the
 pitch values or the index of the dynamic codebook are parameters
inherently required to be transmitted, the quantity of the
transmitted information or the transmission rate is not
increased. However, if the parameters not to be inherently
transmitted, such as the pitch information, is to be used as
reference basis for switching between the codebook for male voice
and that for female voice, it is necessary to transmit separate
code switching information.

It is noted that discrimination between the male voice and
the female voice need not be coincident with the sex of the
speaker provided that the codebook selection has been made under
the same standard as thét for assortment of thé training data.
Thus the appellation of the codebook for male voice and the
codebodk for female voice is merely the appellation for
convenience. In the present embodiment, the codebooks are
changed over depending upon the pitch value by exploiting the
fact that correlation exists between the pitch value and the

shape of the spectral envelope.



for {a[err]} or the quantization table fornmed by converting the a-
paraneters into |line spectral pairs (LSPs) are changed over between the
codebook for male voice and the codebook for fenale -voice. In the

enbodi nent of Fig.1, the quantization ta%le for the vector quantizer 14
used for quantizing the LSPs is changed over between the codebook for male

Plerr] denot esihe PHeceRb: athupRETER N’ pmbt, Hlmltﬁ({frtﬁé GEBer abbre,
di stinct 'é}ﬁbé)&f the 1vlp ?h OSSEhaE‘Gimp%?@n&eérPlﬁl 1t rer%?ﬁ”% %,Erf.- ga@d

Rot h denote respectlve thre val ues e p|t

di scrim npd i g fad Cdls Kebdwere | t vt aidly LAEs b 'BECiReYEne Rt 84 bk, soft%ar?

first codebook, e.g., the codebook for nale voice 15M is used f

[err] Hﬁﬁfdgréﬁ(ﬁélﬁgph[prbaamédRBQ@&WHD éiéﬂé¥fﬂnodéséoﬁ-éﬂsphd) The

codebook, e.g., the codebook for female voice 15F I's used for
Plerr] Fldxkaramﬂ [sirdd codbbodt rolf( band-Bparititingneectioiri aluantmzadlondebook

i s used ot herw se. Al t hough a codebook different fromthe codebook 35M

for mal e the partial codebook such as a codebook for a part of the multi-

stage vector quantization may be switched between plural

codebooks for male voice and for female voice. In addition,

matrix quantization may also be executed in place of vector

quantization by grouping data of plural frames together. In

addition, the speech encoding method according to the present

invention is not limited to the linear prediction coding method

employing code excitation but may also be applied to a variety

of speech encoding methods in which the voiced portion is

synthesized by sine wave synthesis and the non-voiced portion is

synthesized based upon the noise signal. As for the usage, the

present invention is not limited to transmission or

recording/reproduction but may be applied to a variety of usages,

such as pitch converéion speech modification, regular speech
syntheses or noise suppression. .

Industrial Applicability

As will be apparent from the foregoing description, a speech

encoding method according to the present invention provides a

first codebook and a second codebook formed by assorting

parameters representing short-term prediction values concerning



voi ce and the codebook 35F for femal e voice may be enployed as the third
codebook, it is also possible to enploy the codebook - 35M for male
voi ce or the codebook 35F for female voice as the third codebook.

The above threshol d val ues may be exenpl Efled e.g., by Plerr] =45, Pl[err]
= 0.7 and Rerr](k) = (full scale - 40 & ) Alternatlvely, t he

codebooks, "fé’f%ﬁeﬁ@émﬂ&?aﬁi&?/g b¥% oml ?&g%%;dvover tof &' 3@EDiNatitn R Chy

| ags P(k), I ng a nean ue o ese n frames an

di scri m ot mg 1 rﬁ&anchu@hu%e%b*&1bhext>9£~3mée&r§hr@ﬁhqﬂfé V@hPﬁtP[ @péécht
I's noted that these n franmes are selected so that P1(k) > Pl[err

eRE(ﬁIF H E kﬁﬁﬂﬂ The shbet-terfoptsaicthenfvalgss are Vthle@leéehéii%édaﬂdsed
upon an input speech 31gna1 and one of the first and second
codebooks is selected in connection with the reference parameter
of the input speech signal. The short-term prediction values are
encoded by having reference to the selected codebook for encoding
the input speech signal. This improves the quantization
efficiency. For example, the signal quality may be improved
without increasing the transmission bit rate or the transmission
bit rate may be lowered further while suppressing deterioration

in the signal quality.



pitch reliability: Still alternatively, the pitch lag P(k) satisfying
the above conditi oummumtujﬂn ujlm to the snmoother shown in Fig.2 and the
resul ting snoothed ORI y #8lcri m nated by the threshold value
Plerr] for changing over the 'codebooks. , t is noted tha”iﬁﬁséﬁ ]¥ t—of—the
snoot her of Fig.2 is obtained by nultipﬂ?ing the input data wkﬁ ). %?3%
multiplier 41 and summ ng the resulti%QAJmf duct signal .

an out put data delayed by one frane by a delay circuit 42 and nultiplied

with 0.8 py a A”&béé@hiQﬁcééinghﬁ%fﬁ§ﬁugﬂﬁb9§§iﬁ&:the snoot her is

mai ntai ned unless the pitch |ag e input data, is supplied.

I n conbi nat i ongahé Pat hig AedMee §lasdrd itk SMordRitetm gh@di@%%bpbhgeaau?ﬁ}elso

be changed over dependi ng upon the voiced/ unvoice ' [

di scrim nati on,

val ue of ameimputhspeeehgsbgihlk) or the value of the frame power

Rerr]tio- ‘providing a first codebook and a second codebook formed by
assorting parameters representing said values relating short-term
.prediction in relation to a reference parameter and producing
‘data based upon the assorted parameters, said reference parameter
comprised of one or a combination 'of_ a plurality of
characteristic parameters of the input speech signal;

selecting one of the first and second codebooks in relation
to said reference parameter pf said input speech_signal; and
quantizing said values relating_short—term prediction by

referring to the selected codebook for encoding said input speech
signal.
2. The speech encoding methdd as claimed in claim 1 wherein
said values relating short-term prediction are shortFtérm
prediction coefficients.
3. The speech encoding method as claimed in claim 1 wherein.
said valués relating short-term prediction are short-term
prediction errors.
4, The speech encoding method as claimed in claim 1 wherein
said characteristic parameters are the pitch value of a speech

signal, ©pitch strength, frame power, a voiced/unvoiced

discrimination flag and the gradient of the signal spectrum.
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12 In this manner, the nean value of the pitch is extracted fromthe
stabl e \pitch section and discrimnationis made as to -whether or not the

i nput speech is the male speech or the fenale speech for s € '
t he- codebook for nale voice and the gbook for femal e vdlﬁeb e o
is that, since there is deviation in t frequency dlstrlbutionRS?L4

f or mant ther &?%e@ﬁt %Bd&?&? T o' £€ gi‘gn‘hg 1‘fﬁ"fewhé!981{1h

space OCCUpI e e vec OI’S be quanti ze ecrease that Ts

vect or Vaéé?d‘%l@eé“f@fﬁﬁ 1s1?dr*§¥\téf&i'15‘ﬂeé’féﬁf@ﬂ ahe V@éeorﬂ h8At2gdgt he

femal e voice especially 1n the vowel portion, enabl i ng sa |sfactory
training,fdhadnésdlw@r thegihput edpeechhgigdanti zation error. IS
al so possible to change over the stochastic codebook in CELP codlng in
accordancg. W tThé hspebolie enerdinizontotiol tde ceabmddngmt oXfaim o1 ! whekein
changeover switch 35S is changed over

said values relating short-term prediction are matrix-quantized

for encoding the input speech signal.

7. The speech encoding method as claimed in claim 1 wherein
said reference parameter is the pitch value of the speech signal
and wherein one of the first codebook and the second codebook is
selected depending upon the magnitude relation of the pitch value

of the input speech signal and a pre-set pitch value.

N LT —
' W




in accordance with the above conditions for selecting one of the codebook
35M for mal e voice and the codebook 35F for fenmale voice as the stochastic
codebook 35. For codebook | earning, training data nay be assorted

under the sanme standard as that for engqdi ng/ decodi ng sptiEtthe -

training data will be optim zed under e(.ég. , the so-call edTﬁggHgﬁge%é%i?EhN
That is, referring to Fig.3, signaIsAhg A%Ttraining set
speech signals for training, continuing for e.g., several mnutes, are

supplied to apddesRact ik %F@rcééé*axcitation linear prediction Q%ELEEP

13 calculating circuit 52 and a pitch discrimnating circuit 53. L
cal cul atigyf inig CUdr S@xafp By ¥3paPhmESePsdare! RRAKEMC ot pism Stigé I Eaplit 12
and the a to LSP converting circuit 13 of . '

speech signal by a linear prediction coding (LPC) analysis

circuit 12. The a-parameters are then converted by an a-
parameter to LSP converting circuit 13 iﬁto linear spectral pair
(LSP) parameters and a vector of these line spectral pair (LSP)
parameters is vector—quantized by a quantizer 14. The changeover
switch 16 is controlled depending upon the pitch value detected
by a pitch detection circuit 22 for éelecting and using one of
the codebook 15M for male voice and the codebook 15F for female
voice for improving duantization' characteristics without

increasing the transmission bit rate.
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Fig.1, while t he pitch discriminating circuit 53 is equivalent to the back
fllterlng circuit 21 and the pitch detection circuit 22 of Fig.l. The
pitch discrimnation circuit 53 discrimnates the pitch lag P(k), pitch
strength Pl (k) and the frame power R[err](k) by the above-nentioned
threshold values P[err]' Pl[err] and Rl err] for case classification in
accordance wth the above conditions (i), (ii) and (iii). Specifically,

di scrim nation between at |east the male voice under the condition. (i) and
the femal e voice under the condition (ii) suffices. Alternatively, the
pitch lag values P(k) of past n voiced frames with high pitch reliability
may be preserved and a nean value of the P(k) values of these n franes

may be found a crimnated by the threshold value P[err]. An output
of the snnohﬁe ig.2 may al so be discrimnated by the threshold val ue
Plerr]. ' L$P data fromthe L RL&FIculating CireNit [5Z arg pent to
a training détgggs rting circuit @y d the LSP data L,Qassorged into
trai ning data | e voice 55 an@ _g'( rai ni ng s> :
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data for female voice 56 in dependence upon the discrimnation output of
the pitch discrimnation circuit 53. These training data are supplied to
training processors 57, 58 where training is carried out in accordance
with e. g., the so- cal l ed LBG method for- fornulatlng t he codebook 35M for
mal e voi ce and the codebook 14 35F for
femal e voice. The LBG nethod is a nethod for codebook training proposed in
Linde, Y., Buzo, A and Gay, RM, "An Algorithmfor vector Quantizer
Design”, in |IEEE Trans. Comnm, COW28, pp. 84 to 95, Jan. 1980.

Specifically, it is a technique of designing a locally optinmm vector
quantizer for an information source, whose probabilistic density function
has not been known, with thegaid of-ggso-called training string. The
codebook 15M for mal e voige and the codebook 15F for
INPUT O b ~0 OUTPUT
(.'
Z'1
FIG.2
53
Z
PITCH
S [ T|DISCRIMINATION & 54
Z_ - ' D
TRAINING - LSP = TRAINING DATA -
SET CALCULATION DISTRIBUTION
{
. a2 56
55 | Z
N TRAINING TRAINING
DATA FOR DATA FOR
MALE VOICE FEMALE VOICE
58
57 /
] _ TRAINING TRAINING
PROCESSING PROCESSING
(LBG) (LBG)
15M y /ISF
CODEBOOK FOR - CODEBOOK FOR
N MALE VOICE FEMALE VOICE

FIG.3



. femal e voi ce, thos fornmotated, —are—sel ected by switching the changeover -
switch-16 at the tllm,lmm mmmﬂ tization by the vector quantizer 14

-.shown in Fig.l. Thi E uﬂ ch 16 is controlled for switeching in ‘!
dependence upon the *reSul ts f Sdi*crinination by the pitch—getee TN
circuit 22. The index information, jas the quantizati nTBE P(]Eé-% l

'vector quantizer 14, that is the codes of the representatile. .\ ?ﬁ . :

outputted as data to be transmtted, ghitMsthe quantized LSP data of the

out put vector is converted by the LSP to a converting circuit 17 into

a- par amretgaimwi CA & €e éig tericbd ith g lBARicldlompeiigingy synthesis filter 31.

This perceptual weighing synthesis filter 31 has characteristics 1/A(z) as
shown by thesholrltewenry egpratiionibh): meams] for . generating short—term

prediction coefficients based on input speech‘signals;

a plurality of codebooks formed by assorting parameters
specifyiﬁg the short—-term prediction coefficients with respect to
reference parameters, salid reference parameters being the
combination of one or more of a plurality of characteri_stic
parameters of speech signals;

selection means for selecting one of said codebooks in
relation to said reference parameters of said input speech signals;
and

quantization means for quantizing said short-term prediction
coefficients by referring to the codebook selected by said
selection‘means; wherein the improvement resides in that

an excitation signal is optimized using a quantiied.value from
said quantization means.

Claim 2. The spéech encoding device as claimed in claim 1 wherein
said characteristic parameters include a pltch value of speech
signals, pitch strength, frame ' power, a v01ce/unv01ced
discrimination flag and the gradient of the signal spectrum.
Claim 3. The speech encoding device as claimed in claim 1 wherein
said quantization means vector—quantizes said short—term prediction
coefficients.

Claim 4. The speech encoding device as claimed in claim 1 wherein

This Sheet Has Been Replac
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15 where W z) tua wei ghti ng charac
to betransmtt m@ scrlbed GEERS 1EED
i ndex informati oR codeboa

35, the index |nformat|on of the gai n codgbe

information of the pitch detection cirguit 22 in additio
I nformation of the representative vectOrs in the vect or quantlz r 14.

Since theaj@ididhtMiFa4onChebe hdtd8%-ghah0zEyNaNiLC sﬁ@ﬁl%begﬁ%&d}%ﬁi&t ers
inherently required to be transmtted, the quantity of the transnitted

I nformat te8sPicidetd ransmssion rate is not increased. However, if the
paraneters not to be inherently transmtted, such as the pitch
i nf or mat CoAim i &. I Thd spath ahcoddh@r a8o@cbasasSciaimed i hé Ngibel weairetime

codebook for male voice and that for female voice, it is necessary to
t ransm t ssbgaref ererngsl @ axvintettieirnd si af piehi ealue of spéecls sigmedi s, hataid
di scrim nation between the male voice and
selection means selects one of said codebooks responsive to the
relative magnitude of the pitch value of said input speech signals
and said pre-set pitch value.
Claim 6. The speech encoding device as claimed in claim 1 wherein
sald codebooks include a codebook for a male voice and a codebook
for a female voice.
Claim 7. A speech encoding method comprising:
generating short—-term prediction coefficients based on input
speech signals;
providing a 'plurality of codebooks formed  by assorting
parameters specifying the short—term prediction coefficients with
respect to reference parameters, said reference parameters being
the combination of one or more of characteristic parameters of
speech signals;
selecting one of said codebooks iﬁ relation to said reference
parameters of saidlinput'speech signals;
guantizing said short-term prediction coefficiénts by
referring to the selected codebook; and
optimizing an excitatioﬁ signal using a quantized value of

said short—-term prediction coefficients.

Claim 8. The speech encoding method as claimed in claim 7 wherein

This Sheet Has Been Replaced




the femal e voi ceJ‘“ﬂnmlM“Hill M“lt' dent with the sex of the speaker
provided that th on has been made under th HEER
as that for assort’me §t 6f The traini ng data. Thus the appell
codebook for nale voice and the codebook for female voic Z frer ety
the appellation for convenience. 0 the present enbodinent, the
‘codebooks are changed over dependi ng upon the pitch value by exploiting
t he factsatlraatcmwﬂeammce@a&teanethvsee{h&hﬁiepl&CBlvahuaaand tdre spdeqre of
t he spectral envel ope. The
present isiematlisgn i piteh | istidearkthy t heraheve p@fgrodi mant 5voi3ééhmgrhl@@d:h
conponent of the arrangenent of Fig.1 is stated as hardware, it may al so
be i npl eddstcedminasionf £hageanr tiye agraksient o fSdhealsligdadi gpeakramgnal
processor (DSP). The

Claim 9. The speech encoding method as claimed in claim 7 wherein

said short—-term prediction coefficients are vector-quantized for
encoding the input speech signals.

Claim 10. The speech encoding method as claimed in claim 7 wherein
éaid short-term prediction coefficients are matrix—-quantized for
encoding the input speech signals.

Claim 11. The speech encoding method as claimed in claim 7 wherein
said reference parameter is a pitch value of speech signals and
wherein one of said codebooks is selected reéponsive to the
relative magnitude of the pitch value of said input speech signals
and said pre—sét pitch value.

Claim 12. The speech encoding method_as claimed in claim 7 wherein
said codebooks include a codebook for a male voice and a codebook
for a female voice.

Claim 13. A speech encoding device comprising:

short—-term prediction means for generating Short—term
prediction coefficients based on input speech signals;

a first plurality of codebooks formed by assorting parameters
specifying the short-term prediction coefficients with respect to
reference parameters, said reference parameters being the
combination of one or more of characteristic parameters of speech

signals;
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| ow-range side c 00k of ﬂﬁgﬂiﬁgm‘tti ng vector quantization or the

parti al* codebook ngmﬁ for a part of the nmulti- stage vector
quanti zation may b " pl ural codebooks for_nal e voice and

for' femal'e voice. In"addition, matrix quantization nay al|STHISCSHRESIRERRMD
pl ace of vector quantization by groupi gg data of plural franesggmﬁmer.j
In addition, the speech encodi ng nmethod according to the present

invention is peiebtibhethdahd Neoki NGAIe Y i8H ChheN &0disRe aTetd@sbosP! QWi N9

. code excitation but may al so be applied to a variety of speech encoding
net hods 8144 dD toheaiai 66fe R dd ParkmetE¥St HEdA 1BYusi SPedElY & iPUIRGS] S
and the non-voiced portion is synthesized based upon the noise signal. As
for the as@ge, the present invention is not limted to

transm ssion or recording/reproduction but may be applied to a variety of
usages, suchgasnpizeticxomeeans dorspaenhigbdgf sebd i shngr t-egurnarp repgdediion
synt heses or noi se suppression. I ndustri al

Appl i cabeébefyicients by referring to the codebook selected by said

selection means;

a second 'plurality of codebooks formed on the basis of
training data assorted with respect to reference parameters, said
reference parameters being the- combination of one or more of
characteristic parameters of speech signals, one of said second
plurality of codebooks being selected as the codebook of the first
plurality of codebooks is selected by said selectioh means; and

synthesis means for synthesizing, on the basis of the
quantized value from said quantization means, an excitation signal
related to outputting of the selected codebook of said second
plurality of codebooks:

said excitation signal being optimized responsive to an output
of said synthesis means.

Claim 14. The speech encoding device as claimed in claim 1
wherein said characteristic parameters include a pitch value of
speech signals, pitch strength, framé power, a voice/unvoiced
discrimination flag and the gradient of the signal spectrum.
Claim 15. The speech encoding device as claimed in claim 13 wherein
said quantization means vector—-quantizes said short-term prediction

coefficients.

. This Sheet Has Been Replaced
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As w | l. be appare oregoi ng description, a speech encoding
nmet hod accor di ng " HH' I“"‘vent lon provides a fir codebook and a
second, codebook f of g paraneters represent| musHLE =

predlctlon val ues concer ni ng HAﬁBEFN
reference paraneter conprised of one or ga combi nation of
characteristic parameters of the input speech signal. The short term
predi cti gla¥al LES M spBeBhIBREs M deraed alPOleAkbd RUL1SPACEH Wid¥ N and
one of the first and second codebooks is selected in connection with the
ref er enceapar quid@i iiza tdlont Meahs Phd ¢t SPER}IVANEE §BA| sa il shIa-telrmr Bred Bl idn on
val ues are encoded by having reference to the sel ected codebook for
encodi ngcokelie¢iciaptis. speech signal. This inproves the quantization
efficiency. For exanple, the signal quality nmay be inproved '

Claim 17. The speech encoding device as claimed in claim 13 wherein

said reference parameter is a pitch value of speéch signals and
wherein said selection means selects one of said first plurality
of codebooks responsive to the relative magnitude of the pitch
value of'said input speech signals and said pre—-set pitch value.
Claim 18. The speech encoding device as claimed in claim 13 wherein
each of said first plurality of codebooké and said second plurality
of codebooks includes a codebook for a male voice and a codebook
for a female voice.
Claim 19. A speech encoding method comprising:

generating short—-term pfediction coefficients based on input
speech signals;

providing a first plurality of codebooks formed by assorting
parameters specifying the short-term prediction coefficients with
respect to reference parameters, said refefence parameters being
the combination of one or more of characteristic parameters of
speech signals;

selecting one of said first plurality of codebooks in relation
to said reference parameters of said input speech signals;

guantizing said short—-term prediction coefficients by
referring to the selected codebook:

providing a second plurality of codebooks formed on the basis

-
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W t hout |ncrea5|ng_Lhe_LLansnLSSLQn_blt rate or the transmssion bit rate

may be Iomered fur ssing deterioration int signal
quality, . mll l li" M“) - CLAIMS O |aTHISISHEATSDOEEEEN
encodlng devi ce co resi hort term prediction nmeans for REPLACED

generating short-term predlctlon coeff|C|ents based on i nput Speech
si gnal s; a plurality of codebooks forned by assorting paraneters

speci fyi Bg- 1 19190 defaM SNRAItEld i tFOHdIfd AN o W fe FRFREPatdeters,

ref erence paraneters, said reference paraneters being conprised of one or

conbi nat kaid ofe fie Pénid @l pd yarf t GIRABRGNGT tHEI Gombination of one or more of
characteristic parameters of Speech signals, one of said second
plurality of codebooks being selected with selection of the
codebook of the first plurality of codebooks; and synthesizing,
on the basis of the quantiéed value of said short—term prediction
coefficients, an excitation signal related to outputting of the
selected codebook of said second plurality of codebooks for
optimizing said excitation signal.
Claim 20. The speech encoding method as claimed in claim 19 wherein
said characteristic parameters include a pitch value of speech
signals, pitch strength, frame power, a voice/unvoiced
discrimination flag and the gradient of the signal spectrum.
Claim 21. The speech encoding method as claimed in claim 19 wherein
said short—-term prediction coefficients are vector—quantized for
encoding the input speech signals.
Claim 22. The speech encoding method as claimed in claim 19 wherein
said short—term prediction coefficients are matrix—quantized for
encoding the input speech signals.
Claim 23. The speech encoding method as claimed in clgim 19 Wherein
said reference parameter is a pitch value of speech signals and
wherein one of said first plurality of codebooks is selected
responsive to the relative magnitude of the pitch value of said
input speech signals and said pre-set pitch value.

Claim 24. The speech encoding method as claimed in claim 19 wherein

Th1s Sheet Has Been Replaced -
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_____________________ .
paraneters of the input sp sel ection neans for selecting
one of "sai d codebooks |n iﬁi ‘ H‘““‘ ef erence paraneter_of said

i nput .speech signals; Zat | on means for
short-term prediction coeff|C|ents by referring to the

quantT s BEESAHA
codebook e &ekB

CFEEN

by said selection neans; wherein the ignmprovenment resides in that
an excitation signal is optim zed using a quantized value from said

quanti zabheh dRaEid fiPkai Pldraliy dreeoklcBo6REl £t daiidc eeasna! piwgl i ty

claim1 wherein said characteristic paranmeters include

a pitch val ue of

speech o%i gbdkbookpi inbludes rengdbdiebook rtore a pmabs ,voice amd ce/endebadd

discrimnation flag and the gradi ent of the signal spectrum

speech efoodanfiemale ceobseclained in claim 1l wherein sai d quanti zation

means vector-quantizes said short-term prediction coefficients.

4. The speech encoding device as clainmed in claim1 wherein

This Sheet Has Been R

T~

Claim3. The

Clam




19 said quantization | X-quanti zes said short L0 i OtLiEgh
coefficients. Caim STIB[];U i iHmjl ng device as cl aﬁ" “’{B{‘iﬁg}' ?@
wherein said characteristig "% s a pitch val uelof

: ( _ speech SJ; aljs,
said selection neans selecting one of said codebooks r sponﬂi‘fwéPRo?g&
rel ati ve magnitude of the pitch value of3said input spegch signals__anda

pre-set pitch value. Caim6. The sp ncodi ng devic S clainmed in
GERIM

claim1l wherein said codebooks inclu odebook for al nal e_voi.ce—afe

codebook ofor, a female Vol GReoathd! ddVicd HRRRGR 18RI ng Nt hod

conpri si ng:

short-term prediction means for generating short-term
prediction coefficients based on input speech signals;

a plurality of codebooks formed by assorting parameters
specifying the short-term prediction cﬁefficients with respect to

reference parameters, said reference parameters being

comprised of one or combination of a plurality of characteristic

parameters of the input speech signals;

selection means for selecting one of said codebooks in
relation to said reference parémeter of said input speech signals;
and

quantization means for quantizing said short-term prediction
coefficients by referring to the codebook selected by said
selection means; wherein the improvément resides in that

an excitation signal is optimized using a quantized value from
said quantization means.
Claim 2. The speech encoding device as claimed in claim 1 whérein
said characteriétic parameters include a pitch value of speech
signals, pitch strength, frame  power, a voice/unvoiced
discrimination flag and the gradient of the signal spectrum.
Claim 3. The speech encoding device as claimed in claim 1 wherein
said quantization means vector—quantizes said short-term prediction

coefficients.

Claim 4. The speech encoding device as claimed in claim 1 wherein
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Jy assorting
par aneters specifying the short-ter predlctlon coef ficients sgtApR 98B PECE

to reference paraneter , said reference paraneters being conprlsed of bng
or a conbination of a pIuraIity of char teristic par a efr-s—of—the—iTpu
speech sign sel ecti ng .one of S@ cQ o ai d

referencég'%pgpﬁﬂﬁﬁiﬁﬁfqyfmgﬁfﬁ el §5eec §;§%§P 8Kt hdi ugh Zzing said
short - tenégé¥&qgaghkgn coefficients by referring to the selected codebook;

and optim zing an excitation signal using a quantized val ue of

sai d shordrdigl .prgdi §peh CafddiGige@levice £hathafned him syledoh lewbede iny

met hod as clainmed in claim7 wherein

said characteristic parameter is a pitch value of speech signals, said

selection means selecting one of said codebooks responsive to a
relative magnitude of the pitch value of said input_speech signals
and 3 pre-set pitch value. |
Cleim 6. The speech encoding device as claimed in claim 1 wherein
said codebooks include a codebook for a male yoice and a codebook
for a female voice.
Claim 7. A speech encoding method comprising:

generating short—term prediction coefficients based on input
speech signals;

providing a plurality of codebooks formed by assorting
parameters specifying the short—term prediction coefficients with

respect to reference parameter , said reference parameters being
comprised of one or a combination of a plurality of characteristic

parameters of the input speech signals;
selecting one of said codebooks in relation to said reference
parameters of said input speech signals;

quantizing said short—term prediction coefficients by

referring to the selected codebook; and

optimizing an excitation signal using a quantized value of

said short-term prediction coefficients.

Claim 8. The speech encoding method as claimed in claim 7 wherein
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{1 tparaneter 1s a pitch value of speech

signal s a'&‘isc%ﬁiﬁwl&{'efl%fg %2idd thedehagksn i SoSHlRCisa@naeSpeBEL¥EMI 0 a

rel ati ve magnitude of the pitch value of said input speech signals

and

pre-set pidigimvel UPhe speech encoding method as claimed in claim 7 wherein

said short—term prediction coefficients are vector-quantized for
encoding the input speech signals.
Claim 10. The speech encoding method as claimed in claim 7 wherein

said short—term prediction coefficients are matrix—quantized for

- -

encoding the input speech signals.

Claim 11. The speech encoding method as claimed in claim 7 wherein
said characteristicparameter is a pitch value of speech signals and
wherein one of said codebooks is selected responsive to a
relative magnitude of the pitch value of said input speech signals
and a pre-set piﬁch value.

Claim 12. The speech encoding method as claimed in claim 7 wherein

said codebooks include a codebook for a male voice and a codebook

for a female voice.
Claim 13. A speech encoding device comprising:

short-term prediction means for generating short—~term
prediction coefficients based on input speech signals;

a first plurality of codebooks formed by assorting parameters

specifying the short—term prediction coefficients with respect to

reference parameters, said reference parameter comprised of

one or a combination of a plurality of characteristic parameters of

the input speech signals;
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21 sghgction neans for selecting one of said codebooks in

quantization means for quantizing said short-term prediction
coefficients by referring to the codebook selected by said
selection means;

a second plurality of codebooks formed on the basis of
training data assorted with respect fo reference parameters, said
reference parameters being comprised of one or a combination of
a plurality of characteristic parameters of the input speech signals,. one of
said second plurality of codebooks being selected as the codebook of the first
plurality of codebooks is selected by said selection means; and

synthesis means fér synthesizing, on the basis of the
quantized value from said quantization means, an excitation signal
related to outputting'of the selected codebook of said second

plurality of codebooks:

said excitation signal being optimized responsive to an output

of said synthesis means.

Claim 14. The speech encoding device as claimed in claim 13 wherein

said quantization means vector—quantizes said short-term prediction

coefficients.
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codebooks 1's selecte sal d sel ection neans; and synthesis neans
for syntheggégtdiedty .t he basis of the quanti zed val ue fromsaid
guanti zati on nmeans, an excitation signal related to outputting of the
sel ect ed codiabhaek a‘hesapde&emddlpkuda‘kndey asf ctatledbdisclaim 13 wheirgin
excitation signal being optimzed responsive to an out put
said characteric parameter is a pitch value of speech signals and
wherein said selection means selects one of said first plurality
of cbdebooks responsive to g relative magnitude of the pitch
value of said input speech signals and a pre—-set pitch value.
Claim 17 . The speech encoding device as claimed ip claim 13 wherein
each of said first plurality of codebooks and said second plurality
of codebooks includes a codebook for a male voice and a codebook
for a female voice.
Claim 18. A speech encoding method comprising:
generating short—-term prediction coefficients based on input
speech signals;
providing a first plurality of codebooks formed by assorting

parameters specifying the short-term prediction coefficients with

respect to reference parameters, said reference parameter comprised

of one or a combination of a plurality of characteristic parameters

of the input speech signals;
selecting one of said first plurality of codebooks in relation
to said reference parameters of said input speech signals;

quantizing said short—term prediction coefficients Dby

referring to the selected codebook:

providing a second plurality of codebooks formed on the basis
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plurality of

codebooks being selected with selection of the

codebook of the first plurality of codebooks; and synthesizing,

on the basis of the quantized value of said short-term prediction

coefficients, an excitation signal related to outputting of the

selected codebook of said second plurality of codebooks for

optimizing said excitation signal.

Claim 19. Tbe speech encoding method as claimed in claim 19 wherein

said characteristic parameters include a pitch value of speech

signals, pitch strength, frame power, a voice/unvoiced

discrimination flag and the'gradient of the signal spectrum.
Claim 20. The speech encoding method as claimed in claim 189 wherein
said short—-term prediction coefficients are vector—quantized for
encoding the input speech signals.

C;ahnZl. The speech encoding method as claimed in claim 18 wherein

said short—term prediction coefficients are matrix—quantized for
encoding the input speech signals.

Claim 22 . The speech encoding method as claimed in claim 19 wherein

said reference parameter is a pitch value of speech signals and

wherein one of said first plurality of codebooks is selected

responsive to a relative magnitude of the pitch value of said

input speech signals and g pre—-set pitch value.

Claim 23. The speech encoding method as claimed in claim 18 wherein

;\
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codebooks includes a codebook for a male voice and a code Al e
voice. Claim18. A speech encodi ng nmet hod conpri sing:
short-term-predi ction coefficients ‘baseg4on input spee¢
providing a first plurality of codebooks forned by assor#gi

speci fyi ngeade ofhspidt &inatprdyrel i bh tosrrrbreft s‘“‘ﬂ #Fid
reference ara ter sai d referenc ter conpri £ qn §
conbi nat i ohf of°%e tb‘?‘ﬂ‘rsal’f’t ugfescﬁafﬁgfg gt 2r p%\r“élgg e‘?oslce oa?‘dt %e%lo(railet?t%k

speech S|gpals glecting one of said first plurality of codebooks

1
in relatioh’ %(f%ﬂﬁ(f reﬁerence paranmeters of said input speech signals;
guanti zing said short-term prediction coefficients by referring to the

sel ect ed codebook: provi di ng-a second plurality of codebooks forned

0 A
T



23 of training data assorted with respect to referencg B
ref erence- paraneters conorised of .one or conbination of
characteristic paraneters of the input speech signals,

plurality of codebooks being selected\Mfglselection off tthe codebook g¢f
the first plurality of codebooks; and synthesizing, dn 'S of th
quanti zed val ue of said short SPEEFHyESGODENGnMETHOPS i cilents, an exci
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related to outputting of the ABSEBACEd codebook o1~ 5aid second

plurality of Resleboeksting thet cotei sgcddiat ienciltiaxeeon pateghit tiom ECELRY.
The speech encoding nethod as clained in claim18 wherein said L
char act eydcing, phormexemp lienclardaans ters vareetakespesdh from the inpu

speech signal by a linear prediction coding (LPC) analysis
circuit 12. The a-parameters are then converted by an o-
parameter to LSP converting circuit 13 into linear spectral pair

(LSP) parameters and a vector of these line spectral pair (LSP)

_parameters is vector-quantized by a quantizer 14. The changeover

switch 16 is controlled depending upon the pitch value detected
by a pitch detection circuit 22 for selecting and using one of
the codebook 15M for male voice and the codebook 15F for female
voice for improving quantization characteristics without

increasing the transmission bit rate.
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speech encoding nethdd as & aisned in claim 18 wherein saidjfs or24tAqy
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signals. Caim2l. The speech encodi ng¢4ret hod as cl ai med i ;
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encodi ng the input speech signals. Clainm22 . The speech encodi ng
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of speech signals and wherein one of said first plurality of codebooks
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" said characteristic parameter is a pitch value of speech signals and
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wherein said selection means selects one of said first plurality
of codebooks responsive to a relative magnifude of the pitch
value of said input speech signals and a pre-set pitch value.

Claim 17 . The speech encoding device as claimed in claim 13 wherein
each of sald first plurality of codebooks and said second plurality

of codebooks includes a codebook for a male voice and a codebook

for a female voice.
Claim 18. A speech encoding method comprising:

generating short—term prediction coefficients based on input

speech signals;
providing a first plurality of codebooks formed by assorting
parameters specifying the short—-term prediction coefficients with

respect to reference parameters, said reference parametfer comprised

of one or a combination of a plurality of characteristic parameters

.of the input speech signals;

selecting one of said first plurality of codebooks in relation
to said reference parameters of said input speech signals;

quantizing said short—-term prediction coefficients by

referring to the selected codebook:

providing ‘a second plurality of codebooks formed on the basis
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of training data assorted with respect to referencelp

said reference parameters comprised of one or combination osﬁaa*p‘lﬁr“"é"ﬁ’iﬂ:}—rg;.
characteristic parameters of the input speech signals, one of said second

plurality of codebooks being selected with selection of the

codebook of the first plurality of codebooks; and ' synthesizing,

on the basis of the quantized valué of said short—-term prediction

coefficients, an excitation signal related to outputting of the

selected codebook of said second plurality of codebooks for

optimizing said excitation signal.

Claim 19. The speech encoding method as claimed in claim 18 wherein

said characteristic parameters include a pitch value of speech

signals, pitch strength, frame power, a voice/unvoiced

discrimination flag and the gradient of the signal spectrum
Claim 20.. The speech encoding method as claimed in claim 18 wherein

said short-term prediction coefficients are vector—quantized for
encoding the input speech signals.

C;ain121. The speech encoding method as claimed in claim 18 wherein

said short—term prediction coefficients are matrix—quantized for
encoding the input speech signals.

Claim 22 . The speech encoding method as claimed in claim 18 wherein

said reference parameter is a pitch value of speech signals and

wherein one of said first plurality of codebooks is selected
responsive to a relative magnitude of the pitch value of said

input speech signals and 3z pre—-set pitch value.

Claim 23. The speech encoding method as claimed in claim 18 wherein



