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Field of the Invention The present invention relates to a vector search N
‘met hod f or obt ai ni ng an optimal sound source vector in vector quantizativg ‘
in conpressing to code a audi o signal and an acoustic signal. Description

of the Prior Art Various coding nethods are known for conpressing a audio
signal and an acoustic signal by utilizihg statistic features in the tinme
region and frequency band as well as the hearing sense characteristics.

These codi ng nethods can divided into a tine region coding, a frequency
regi-on codi mgLTIAN ORNEIHYES ITRVENNMTORSI s coding, and the like. As the effective
codi ng nethod for conpressing to encode an audio signal and the |ike, -there
are known a si neVegterafahyshsMetbedng such as harnonic coding and
mul ti band excitation (MBE) coding as well as sub-band coding (SBC), I|inear
predictive coding (LPC), discrete cosine transform (DCT), nodified DCT
(MDCT), fas t Han r intERTYonand the Iike. Wen coding an audio
signal, it 1s possible to predict a present sanple value froma past sanple

val ue, uti | iFdedg folfatthehdneensiancorrel ati on between adj acent sanple

val ues. The

The present invention relates to a vector search method
for obtaining an optimal sound source vector in vector
quantization in compressing to code a audio signal and an

acoustic signal.

D iptio ¢ the Pri ATt

Various coding methods are known for compressing a audio
signal and an acoustic signal by utilizing statistic features
in the time region and frequency band as well as the hearing
sense characteristics. These coding methods can divided into
a time region coding, a frequency region coding, an
analysis—synthesis coding, and the 1like.

As the effective coding method for compressing to enche
an audio signal and the like, there are known a sine wave
analysis coding such as harmonic coding and multiband
excitation (MBE) coding as well as sub-band coding (SBC),
linear predictive coding (LPC), discrete cosine transform
(DCT), modified DCT (MDCT), fast Fourier transform (FFT), and
the like. | |

When coding an audio signal, it is possible to Qredict a
present sample value from a past sample value, utilizing that

there is a correlation between adjacent sample values. The



2 ddaptive predictive coding (APC) utilizes this characteristic and carries
sout a coding of a difference between.a predicted value and an input signal,
i.e., a-prediction residue. In this adaptive prediction coding, an input
signal is fetched in a coding unit in which an audio signal can be regarded
as alnost stationary, for exanple, in a frane unit of 20 nms and a |inear
prediction is carried out according to & prediction coefficient obtained by
the linear prediction coding (LPC), so as to obtain a difference between
the predicted value and the input signal. This difference ~is

quantized aadpbinNg i plaxEstive tdodidghq aApr)editdiliiees ehdkf chaeatterdndic the
quantization step width as auxiliary information, so as to be transmtted
in a frane enflt canekes expl angpddnewpf| apeiffecansn PREVEBRe2eREPEEAtEANear

prediction LP) coding. as representative predictiv j < nmet hod. The
CELP codi ng('ﬁ 88 %\n‘go?gelﬁ?‘é?i %hg %/ftahee'd’ a cpolaeectlo%il%%r gr%%lv%%?lgh an opti nal
noi se is selectefhtPheXPb@aptiVel PRGUidAYG0A Fodidg ,andh | iSpWINPEEN4] NEEX)
is transm tted. In the CELP coding, a closed |oop using the anal ysis by
synt hesi s (AbSrhed dmpl®yedding wedttorimuwhichatdmonavdia wsigpadxiean be
wavef orm thus coding a _sound source ggra ter.
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coding an afgiﬁs and a linear prediction is carried out according to a
prediction coefficient obtained by the linear prediction coding
(LPC), so as to obtain a difference between the predicted value
and the input signal. This difference is quantized and
multiplexed with the prediction coefficient and the
quantization step width as auxiliary information, so as to be
transmitted in a frame unit.

Next, explanation will be given on the code excited linear
prediction (CELP) coding as a representative predictive coding
method.

The CELP coding uses .a noise dictionary called a codebook
from which an optimal noise is selected to express an input-
audio signal and its number (index) is transmitted. In the
CELP coding, a closed loob using the analysis by synthesis
(AbS) is employed for vector quantization of a time axis
waveform, thus coding a sound source parameter.

Fig. 1 is a block diagram showing a configuration of an
essential portion of a coding apparatus for coding an audio
signal by using the CELP. Hereinafter, explahation'will be

given on the CELP coding with reference to the configuration

of this coding apparatus.



sidgnal by using the CELP. Hereinafter, explanation will be given on the
;CELP coding with reference to the conflguratlon of this codi ng appar at us.

"3 An audi o signal supplied froman input ternminal 10 is firstly subjected
to the LPC (linear predictive coding) analysis in an LPC anal yzer 20, and a
prediction coefficient obtained is transmtted to a synthesis filter 30.
Moreover, the prediction coefficient is qlso transmtted to a nultiplexer
130. In the synthesis filter 30, the prediction coefficient fromthe LPC
anal yzer 20 is synthesized with signed vectors supplied from an ‘adaptive

code book 40 andaa RIS COIBNWDKsEPplid Clireml lanbeimeaitai tehimdler 10t isough
anplifiers 50 and 70 and an adder 80. An adder 90 determines a difference
bet ween thefdusitdysi gnbiestippl it fthem LRE i hpimearr mupsictd vendcad ing)
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characteristics of the hearing sense of a human. An error calculator 110
searches a shgnedediction towefificieat bs dBldortinansmit tedietalid fmrldripd exer
wei ght ed by the heari ng sense,

In the synthesis filter 30, the prediction coefficient
from the LPC analyzer 20 is synthesized with signed vectors
supplied from an adaptive code book 40 and a noise codebook 60,
which will be detailed later, through amplifiers 50 and 70 and
an adder 80.

An adder 90 determines a difference between the audio
signal supplied from the input terminal 10 and a prediction
value from the synthesis filter 30, which is transmitted to a
hearing sense weighting block 100.

In the hearing sense weighting block 100, the difference
obtained in the adder 90 is weighted, considering the
characteristics of the hearing sense of a human. An error
calculator 110 searches a signed vector to minimize a
distortion'of the difference weighted by the hearing sense,
i.e., a difference between the prediction value from the
synthesis filter 30 and the input audio signal, and gains of
the amplifier 50 and 70. The result of this search 1is
transmitted as an index to the adaptive codebook 4Q, the noise
codebook 60, and a gain codebook 120 as well as to the

multiplexer 130 so as to be transmitted as a transmission path

sign from an output terminal. 140.



i.e., a difference between the prediction value fromthe synthesis filter
;30 and the input audio signal, and gains of the anplifier 50 and 70.

The result of this search is transmtted as an index to the adaptive-
codebook 40, the noi se codebook 60, and a gain codebook 120 as well as to
the multiplexer 130 so as to be transmtted as a transm ssion path sign
froman output term nal 140. 4 Thus, gn optimal 'signed vector to express
the input audio signal is selected fromthe adaptive codebook 40 and the
noi se codebook 60, and the optimal gain is determ ned for synthesizing

them It should heuaot8f bpEimd NG iZnRGCTFBBLLONES MRS %g,utzeaaa%i ed
out after the hearing-sense weighting the audio signal supplied fromthe
i nput term redlgeng(, iandeteghedl ot dhe steptilve ncedebanidelfo@ing the beise

heari ng- sense wi_eghted. Next, explanation will be given on the,
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I nput audi o Signa ormed as a [inear sumof a signed vector store
t he adapti vproedebank dén eyl carsigaccuyedtdr her fdaringhsensd @ ighdehgok

60. Here, the indexes of the respective codebooks to express the sound

source vect &he audio signal supplied from the input terminal 10, and
signed vectors. stored in the codebooks may be hearing-sense
wieghted. .

Next, explanation will be given on the aforementioned
adaptive codebook 40, the noise codebook 60, and the gain
codebpok 120.

In the CELP coding, a sound source vector for expressing
an input audio signal is formed as a linear sum of a signed
vector stored in the adaptive codebook_40 and s signed vector
stored in the noise codebook 60. Here, the indexes of the
respective codebooks to express the sound source vector
minimizing the hearing-sense weighted differeﬁcé from the input
signal vector are determined by calculating the output vector
of the synthesis fiiter 30 for all the signed vectors stored
and calculating errors in the error calculator 110.

Moreover, the - gain of +the adaptive codebook 'in the
amplifier 50 and the gain of the noise codebook in the
amplifier 70 are also coded by way of the similar search.

The noise codebook 60 normally contains a series of
vectors of the Gauissian noise with dispersion 1. as the

codebook vectors in number 2 powered by the number of bits.

And normally, a combination of the codebook vectors is selected



m ni m zing the hearing-sense wei ghted difference fromthe input signal
.vector are determ ned by cal culating the output vector of the synthesis
filter 30 for all the signed vectors stored and cal culating errors in the
error cal culator 110. Mdreover, the gain of the adaptive codebook in
the anmplifier 50 and the gain of t-he noise codebook in the anplifier 70 are
al so coded by way of the simlar search.g The noi se codebook 60 nornally
contains a series of vectors of the Gauissian noise with dispersion 1 as

t he codebook vectors in nunber 2 powered by the nunber of bits. And

normal |y, aseordy ngd iminididdecioodbbookrvinnt 065 thessbandedourcé secasrto
m nimze the distortion of the sound source vector obtained by addi ng an
appropri at e opdiainegd by haddirgdeposPrrapmiiade Heiguiat i zBRedH 4PdeBPPKon
when quanti zing the sel ected codebook vectors can be reduced by increasing
t he nunber 3F°gfﬁ§nsions of the codebook. For exanple, the codebook used is
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By using this CELP coding, it is possible to obtain a conparatively high
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codebook of a large nunber of dinensions requires a |arge calculatiqgn,

anmount in tﬂém§9ﬁ?ﬂ%§i%f the codebook. For example, the ode%ooﬂ use8 is
in 40 dimensions and 2 powered by 9 (the number of bits), i.e.,
512 terms.

By using this CELP coding, it is possible to obtain a
comparatively high compression ratio and a p;eferable sound
"quality. However, the use of a codebook of a large number of
dimensions requires a large calculation amount in the synthesis
filter and a large memory amount of the codebook, which makes
difficult a real-time processing. If a high sound quality is
to be assured, a great delay is caused. Moreover, there is
another problem that only one bit error in the code brings
about a complefely different vector reproduced. That is, such
a coding is weak for the sign error.

In order to improve the aforementioned problems of the
CELP coding, the vector sum excited linear prediction (VSELP)
coding is employed. Hereinafter, this VSELP coding will be
explained with reference to Fig. 3 and fig. 3.

Fig. 2 is a block diagram showing a configuration of a
noise codebook used in a coding apparatus for coding an audio
signal by way of the VSELP.

The VSELP coding employs a noise codebook 260 consisting

of a plurality of predetermined basic vectors. Each of the



filter and a |l arge nmenory anount of the codebook, which makes difficult a
Jeal-tinme processing. |f a high sound quality is to be assured, a great
delay is caused. Moreover, there is another problemthat only one bit

error in the code brings about a conpletely different vector reproduced.
That is, such a coding is weak for the sign error. In order to inprove the
af orenenti oned problens of the CELP codkgg, the vector sumexcited |linear
prediction (VSELP) coding is enployed. reinafter, this VSELP coding will
be explained with reference to Fig. 3 and fig. 3. Fig. 2 is a blbck diagram
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si gned vectors As a result carr out a convol ution calculation for
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As a result, by carrying out a convolution calculation for
the M basic vectors and addition and subtraction thereof, it
is possible to obtain a convolution calculation result for all
the noise signed wvectors. Moreover, as only the M basic
vectors should be stored in the noise codebook 280, it is
possible to feduce the memory amount. Besides, it is possible
to enhance the durability for a sign error because the 2" noise
signed vectors created has a redundant configuration which can
be expressed by addition and subtraction of the basic vectors.

Fig. 3 is a block diagram showing a configuration of an
essential portion of a VSELP coding apparatus having the
aforementioned noise codebook. In this VSELP coding apparatus,
the number of noise codebooks which is normally 512 in the
ordinary CELP coding apparatus is reduced to 9, and each of the
signed vectors (basic vectors) is added with a.sign +1 or -1
by a sign adder 365, so that a linear sum of these is obtained
in an adder 370, so as to create 2° = 512 noise signed vectors.

The main feature of the VSELP coding is as has been
described above that a noise signed vector is formed as a
linear sum of basic vectors and that the gain of the adaptive

codebook and the gain of the noise codebook are



I S possible to obtain a convolution calculation result for all the noise
;Signed vectors. Moreover, as only the M basic vectors should be stored
in the noi se codebook 260, it is possible to reduce the nenory anount.
Besides, it is possible to enhance the durability for a sign error because
the 2[err] noise signed vectors created has a redundant configuration which
can be expressed by addition and subtraction of the basic vectors. Fig. 3
is a block diagram showi ng a configuration of an essential portion of a
VSELP codi ng apparatus having the aforenenti oned noi se codebook.*In this

VSELP codi ngretitipa-ahiant itzed agmdaceQf noi se codebooks which is normally 512
in the ordinary CELP coding apparatus is reduced to 9, and each of the
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as a linear sum of basic vectors and that t%e gain of the adaptive codebook
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at once. The basic configuration of such a VSELP coding js a codigg ne%hod
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synthesi s 0%46 thgﬂ &éﬁ%ﬁ&ﬂ“@h %QBEQQE“%réHEany of an input audio signal
and a noise codebook 360 for carrying out a linear prediction
synthesis, so as to select a signed vector and a gain which
minimize the difference from the waveform of the input audio
signal.

In the VSELP coding, a signed vector from the adaptive
codebook expressing the pitch component of an input audio
signal and a signed vector from the noise codebook expressing
the noise component of the input audio signal are both
vector—quantized, so as to simultaneously obtain two optimal
parameters in combination.

In this process, as the basic vector has only the freedom
of being added by +1 or -1 and the vector of the adaptive
codebook is not orthogonal to the basic vector, the cpding
efficiency is lowered if the CELP procedure is employed to
successively determine the vector of the adaptive codebook and
the gain of the noise signed vector. To cope with this, in the
VSELP, the basic vector sign is determined according to a
procedure as follows.

Firstly, the pitch frequency of the input audio signal is

searched to determine a signed vector of the adaptive codebook.



a noi se conponent as the excitation sources. That is, a waveformis
.selected in vector unit froman adaptive codebook 340 which depends on a
pitch frequency of an input audio signal and a noi se codebook 360 for
carrying out a linear prediction synthesis, so as to select a signed vector
and a gain which mnimze the difference fromthe waveform of the input
audio signal. In the VSELP coding, a signed vector fromthe adaptive
codebook expressing the pitch conponent &f an i nput audi o signal and a
signed vector fromthe noi se codebook expressing the noi se conponent of the

i nput audi oNskgNAhATR iRQL Bakeet Péc VR NEd 38 jeTedS thOa Sépadd H1@BYEbYal
obtain two optinmal paraneters in conbination. In this process, as the basic
vector has bal thehe ifgneddoeatohedfigthddedapt ive qrodebaak] amk swcivnenf

t he adaptive codebook is_not orthogonal to the hasi¢ vector, the. codin
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det er m ne tgﬁevggégédo‘;eé-%?ﬂﬁagmé/ﬁnfﬁ%@?/%ﬁep t the gain of the noise

signed vector. To cope w | e basic vector sign is
det er mi ned accorNkxtg, tazcdrdiagedar ehastwold igmed Rectblryg, deberpihed, the
frequency of the input audio signal is searched to determ ne a signed
vect or of t?&ﬂ%ﬁﬁﬂ#ikﬁes@éaébéék.o degermine a combination of a gain § and

a gain vy Which minimizes the difference between the vector
synthesized and the input audio signal. For quantization of
the two gains, a pair of two parameters equally converted is
used. Here, the B corresponds to a long—-term prediction gain
coefficient and the y corresponds to a scalar gain of the
signed Vector. _

Although the calculation amount for the codebook search
in the VSELP coding is reduced than the calculation amount in-
phe CELP coding, it 1is desired to further improve the

processing speed, further reducing the delay.

SUMMARY OF THE INVENTION

It is therefore an object of the present invention to
simply the codebook éearch in the vector quantization when
coding an audio signal or the like, enabling to improve the
vector search speed. |

In order to achieve the aforementioned object, in the
vector search method according to the present invention wherein
among prediction vectors  obtained according to synthetic
vectors obtained by synthesizing a plurality of basic vectors

each multiplied by a factor +1 or -1, such a prediction vector



Next, the noise basic vector is projected to a space orthogonal to the
,signed vector of the adaptive codebook and an inner product with the input
vector is calculated, so as to determ ne the signed vector of the noise
codebook. Next, according to the two signed vectors determ ned, the
codebook is searched to determ ne -a conbination of a gain [err] and a gain
y which mnimzes the difference betweemthe vector synthesized and the

i nput audi o signal. For quantization of the two gains, a pair of two
paraneters equally converted is used. Here, the [err] corresponds to a
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-1, such a prediction vector
obtained from a synthetic vector created according to the Gray
code u is expressed by an intermediate value Gi based on i
adjacent to the Gray code u and a change DGu between them.
Furthermore, the combination of the basic vectors which
makes minimum the difference between the input vector and the
prediction vector or makes maximum an inner product between
them is obtained by using a difference between a change of the
synthetic vector when a predetermined bit position of the Gray
code is changed and a change of the synthetic vector when a
different bit position iS'changed.i
According to the aforementioned vector search method, by
utilizing the characteristic of the Gray code, it is possible
to use a calculation result obtained for carrying out the next

calculation, thus enabling to increase the vector search speed.

R R RAW

Fig. 1 is a block diagram showing a configuration example
of a coding apparatus for explanation of the CELP co@ing.
Fig. 2 is a block diagram showing the configuration of the

noise codebook used in the VSELP coding.



9 i's determined that makes mininuma difference froma given input vector
,or makes maxi mum an i nner product with the given input vector, the
calculation to obtain the difference fromthe input vector or the inner
product with the input vector is carried out by changing the conbinations
of the aforenentioned factors nultiplied for each of the plurality of basic
vectors, according to the Gray code, so f{fat an internediate value G
obtained froma synthetic vector created according to the Gray code u is
expressed by an internediate value G based on i adjacent to the*G'ay code

u and a change D@jigheBweenatbbsek Fiidgt@mMBhowihsca Ceutit tAinaYicdf elxamplasi C
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predi ction vdctéorcagkingaley argtiusuhoan expdenapioduef bee Preedins.

obt ai ned by usi 219, .a diff grence betvvee? a é.b ge%of t he,s nth |c vect or

when a predeternin&d Bi £ Blﬁi PPofi*8PPt Re® g€ He2 5% cé‘h hded %nd a change
of the syntheticpyecta juwhen ﬁdﬂéﬁaqfte@howlhgpgs'ptﬂo(&'édh?rec*&@n&ﬁ@ vRegerdi ng
to the aforenentioned vector search nethod, by utilizing the characteristic
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invention in comparison to the conventional vector search.
Fig. 7 explains the PSI-CELP.
Fig. 8 is a block diagram showing a configuration example

of a coding apparatus for explanation of the PSI-CELP coding.

DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS

Description will now be directed to the vector search
method according to preferred embodiments of the present
invention.

Firstl&,iexplanation will be given on a case of vector
quantization carried out in the aforementioged'VSELP coding
apparatus.

In the waveform coding and analysis—synthesis systen,
instead of quantizing respective sample values of a waveform
and spectrum envelope parameters, a plurality of values in
combination (vector) are expressed as a whole with a single
sign. Such a quantization method 1is <called vector
quantization. In the coding by way of waveform vector
‘quantization, a waveform after sampled is cut out for a

predetermined time interval as a coding unit and a wavefornm



Fig. 2 is a block diagram show ng the configuration of the noi se codebook
.used in the VSELP codi ng. 10 Fig. 3 is a block diagramshow ng a
configuration exanple of a coding apparatus for explanation of the VSELP
coding. Fig. 4 shows an exanple of the binary Gay code. Fig. 5is a

fl omchart showi ng a procedure of the vector search method according to the
present invention. Fig. 6 shows a cal cullati on anount and a nenory wite
anount in the vector search nmethod according to the present invention in
conmparison to the conventional vector search. Fig. 7 explains the PSI-CELP

Fig. 8 is apidtaelndiaging SoVini@ raatonsi gxprdsuy dyaapkengie as i@t nFor
apparatus for explanation of the PS|-CELP coding. DETAILED DESCRI PTI ON OF
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codi ng and anal ysi s-synthesis system instead of quantizing respective
sanpl e val uesdefboakwavef orm and spectrum envel ope parameters, a plurality
of values in For an audio signal waveform, a comparison is made with
each of the parameters stored in the codebook for the
respective time intervals and a sign of the waveform having
the highest similarity is used to express the waveform of the
interval. Thus; various input sounds are expressed with a
limited number of patterns. Consequently, appropriate patterns
to minimize the entire distortion should be stored in the
codebook, considering the pattern distribution and the like.

The vector quantization can be a highly effective coding
based on the facts that the pétterns to be realized have
various specialties such that a correlation can be seen between
sample points in a certain interval of an audio waveform and
the sample points are smoothly connected.

Next, explanation will given on the vector search for
searching a signed vector which minimizes the difference
between an input vector and a synthesized vector formed from
an optimal combination of a plurality of vectors selected from
the codebook.

Firstly, it is assumed that p (n) is an input audio signal
weighted with hearing sense and q’, (n) (1 < m < M) is a basic

vector orthogonal to a long-term prediction vector weighted

with hearing sense.



conbi nation (vector) are expressed as a whole with a single sign. Such
a quantization nethod is called vector quantization. In the coding
by way of waveform vector quantization, a waveformafter sanpled is cut
out for a predetermned tinme interval as a coding unit and a waveform
pattern during the interval is expressed by a single sign. For this,
various waveform patterns are stored in nenory in advance and a sign is
added to them The correspondence betwed@ the sign and the patterns (signed
vector) is indicated by a codebook. For an audi o signal waveforny a

conmpari son i s nadExpyddsieacti10f gives pai aifmiar $rodacedof nthéeigpaeboaktdor
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the codebookep€DiiSire o] Nenl BR Mé@rﬂhéjlaﬁ%{ egabﬁn(ﬁmdmaiafmﬁm ketheT hgheet or
guanti zati on can be a ngh ly effective coding based on the facts that the
patterns to peodeat i ketiwveenethar sgushepéced! tveesosuandt Hdte & nport evext §am
can be seen between sanple points in a certain interval of an audio
maveformaﬂuP??ﬂF%ﬁuﬂﬁ¥9ﬂﬁﬂrns are snoot hly connected. Next, explanation

w1 given on the vegi Al F4N Hofdd that the combination 8;; is -1 if the

"bit j of the sign word i is 0, and 1 if the bit j of the sign

word i is 1 (0 < i < 2" -1, 1 < m < M).

[Expression 1]

o-o

N-1 M , 2
Y 6, g.(mp(n)
=0 m=

1
‘N1 M , 2
2 e!mqm(n)
=0 \ m=

-~ Max. ... (1)

The denominator of the Expression (1) can be developed to

obtain Expression (2).

[Expression 2]

=
]

M , N-1 M ,
2} ) Bmeqqm(n)qi(n EZ (n) ... (2)

n=0 j=2 m=1 n=0 m=1

71

1]
<o



searching a signed vector which ninimzes the difference between an input
vector and a synthesized vector forned froman optimal conbination of a
‘plurality of vectors selected fromthe codebook. Firstly, it is assuned
that p (n) is an input audio signal weighted with hearing sense and q' m (n)
(1 [err] m[err] M is a basic vector orthogonal to a |long-term prediction
vector weighted with hearing sense. 12 Expression (1) gives an inner
product of the input vector and the synthgsized vector forned by a

conbi nation of a plurality of vectors sel'ected fromthe codebooks That is,
by obtaining [erigerahi ghygrkesid e E%Péﬁ%? Qi drbssSTRK THM addiea iv¥i@hable
product between the synthesized vector and the input vector becones

maxi mum |t Dghogd verbeon Bxdressdtont Het )camiei dattiroducedr] is -1 if the bit j
of the sign wordi is O, and 1 if the bit j of the sign wordi is 1 (0
[err] 1 [err] 2[err] -1, 1 [err] m[err] M. [Expression 1] [err] The

denom nat or : sion (1) can be devel oped to obtain Expression
(2). [Expres[(sﬁlcxgﬁl&% | er(r;aj%

N-1

R, =2) q,(p() . (3)
n=0
N

D= 4y, g, (n) g, () ... (4)
n=0

These variables R, and D,; are introduced into Expression

(1) to obtain Expression (5).

[Expression 4]

el (5)
1 M j-1 1 M
—Z: z elmei[‘ij+ _z Dmm
2 772 m=1 4,.:1

Here, a variable C;, given by Expression (6) and a variable

G, given by Expression (7) are further introduced.



13 Here, a variable R err] given by Expression (3) and a variable Derr]
given by Expression (4) are introduced. [Expression 3] [err] [err] These
variables Rlerr] and Dierr] are introduced into Expression (1) to obtain
Expression (5). [Expression 4] [err] Here, a variable Cerr] given by
Expression (6) and a variable Jerr] given by Expression (7) are further

i ntroduced. 14 [Expression 5] [err] By using these variables (Jerr] and
Jerr], Expression (1) can be rewittenjgnto Expression (8). That is, by
obtaining the variables Cerr] and Jerr] to naxim ze the Expression (8),
it is possiHBxdressdlon réelxi rum t he correl ati on between the synthesi zed
vector and the input vector. Cerr]/{Jerr] - Mx.

(8) .
c,=1Y 6., ... (8)
2hl=l
IM -1 1 M _
Gi = —.EE euneq‘Dr;cj+_ZDmm ... (7)
2j=2 m=1 4m=1

By using these variables C; and G,, Expression (1) can be
rewritten into Expression (8). That is, by obtaining the
variables C, and G, to maximize the Expression (8), it is
possible to make maximum the correlation between the

synthesized vector and the input vector.
Clz/Gi - MaX. (8)

By the way, if there is a-sign word u which is different
from the sign word i only in the bit position v, and if C;, and

G; are known, then C, and G, can be expressed by Expressions (9)

and (10).

[Expression 6]

(9)

Cu = C,+0_ R,

Q
"

v-1 M )
s Gl+§: euieuijv+ Z eujeuijv .« o (10)
J=1

Jev+1



By the way, if there is a sign word u which is different fromthe sign word
i only in the bit position v, and if (ferr] and Jerr] are known, then
Cerr] and Jerr] can be expressed by Expressions (9) and (10). [Expression
6] [err] 15 By utilizing this and by converting the sign word i by using
the binary Gray code, it is possible to calculate with a high efficiency
the optinmal conbination of a plurality of signed vectors selected fromthe
codebook. Note that the Gray code will B® detailed |later. The Expression
(10) can be rewitten into Expression (11) if [err]Jerr] is assuned to be

a change from GEyriti0ifing [ EHpseandony’lconterl ingr @het 4 g3i grombryl by of
the binary Gray code differs fromthe sign word i only in the bit position
V. The signugbng the dbiters Gram ¢oke pritedi$ npossiplewnte cabeilate whkhbit

other than the.bjt sition v, .Now,_,.if w ig.assuned.to t-he
aforenent 1 oheBiBR <BadeieBRy " the Srginst”camiit b et el Bfr ity of
[el ai‘ I onshi pj Sle EVTARDTs0Lel dted A rdif 1HY AdARBobLOM KHEe EXRE €SEHhONG ) -
err _
code will be detailed later.
The Expression (10) can be rewritten into Expression (11)

if AG, is assumed to be a change from G; to Gu.

[Expression 7]

vl M
AG, =>.6,6,D,+3 6,6,D, ... (1)
s=1 Fev+1
Here, the sign word u’ of the binary Gray code differs
from the sign word i only in the bit position V. The sign word
u’ differs from the preceding sign word u only in one bit other
than the bit position v.
| Now, if w 1is assumed to be the aforementioned bit
position, the sign of 6,, is reversed and the relationship of

Expression (12) can be obtained from the Expression (11).
AG,. = —-AG, + 26,8, D., (12)

From this, it is possible to use the Expression (11) to
obtain the change AG, when the bit position V has changed
firstly in the binary Gray code and the Expression (12) to
obtain the change at the same bit position V after that, thus

enhancing the vector search speed.



Fromthis, it is possible to use the Expression (11) to obtain the change
lerr]derr] when the bit position V has changed firstly in the binary G ay
code and the Expression (12) to obtain the change at the same bit position
V after that, thus enhancing the vector search speed. 16 Fig. 4 shows
the binary Gay code when M= 4. ‘As shown here, the Gray code is a kind of
cyclic code in which two adjacent sign rds differ fromeach other only in
one bit. Here, if an attention is paid the bit position V = 3, for
exanpl e, the value is changed when N changes from3 to 4 as indicated by a
ref erence nuner aFig254asthosserthd dhiangys Graymcbliet wheR ¥s= 4di c Asecdhloywna
reference nuneral 426. That is, if the Gay code when N = 4 is conpared to
the Gray co@@Tfenthe =G13y cREeosy %H%‘Feﬁée G%i¢lie 9nde win virBigh two

14910, gt ShseiEpek o R R T 5 e e

-1, [err] = 1, Here]l if lan[£ttdntion Mgni onl Zhe [‘rﬁr‘d position & E] 35 1,

[err] = [err] =1 (13) Fromthis and the Expression (11), thefollovvlng
can be obt alfﬁé‘d expymieN the velaer ig ehapged shep N ehepBesr from 3 to 4
[err]D[err] Lerr cEr‘J;}

ndi a reference numeral 425 and when N changes from

11 to 12 as ihdiéatéd by a reference numeral 426. That is, if
the Gray code when N = 4 is compared to the Gray code when N
= 12, the oﬁly difference in the bit w (W = 4), excluding the
bit v (V = 3).

Here, if it is assumed that the Gray code when N = 4 is

u, and the Gray code when N = 12 is u’, then

When N = 4: 6, = -1, 8, = 1, 6, = 1, 8, = -1
WI].enN=12 eul— 1, e“z"l, eu3=-'1, eu4=1
(13)

From this and the Expression (11), the following can be

obtained.

When N = 4: AG, = 6, {6,D,s + 0,,D,; + 6,D,,}
12: AG,. = 8,5 {0,.:D;3 + 8,:3Dp3 + 6,:,Dysl
(14)

When N

As has been described above, because the bit pqsition \Y
= 1 and 2 are with an identical sign and the bit position V =

3 and 4 are with different signs, the following are satisfied.



Wien N = 12: J[err]derr] = [err] [[err]Dlerr] + [err]Derr] + [err]Derr]}
(14) As has been described above, because the bit position V=1 and 2 are
with an identical sign and the bit position V = 3 and 4 are with different-
signs, the follow ng are satisfied. 17 [err] That is, the Expression
(15a) can be sinplified into the Expression (15b). Fig. 5is a flowhart
showi ng the aforenenti oned procedure of the vector 'search nmethod according
to the present invention. Firstly, in sl@p ST1, the variable Rerr] is
calculated fromthe Expression (3), and the variable Derr], fromthe

Expression (4). he,steps T, b he+vab,abte(@ eyp l)is cedLul ated fromthe
Expression (6), and the variable Jerr], fromthe Expression (7). In step
ST3, derr] (1 [err] ¥ s r{8uPu - 6)eD:s v Hduilate@8Balud he Expression (9).

In step ST4, the bit V-1 1s cglcyulated. In step ST5, the ch anmount
[err]d err] of G[err]"vwl%(‘lh 4 ?é‘@é]“aﬁ bit V firstly changes ?ggﬁél cul at ed

fromthe Expression (11). In step ST6, the [err]Jerr] when the remaining
bit V changes is calculated fromthe Expression (12). In step ST7, the bit
Vis set to V + That is, the Expression (15a) can be simplified into the

Expression (15b).

Fig. 5 is a flowchart showing the aforementioned procedure
of the vector search method according to the present invention.

Firstly, in step ST1, the variable R, is calculated from
the Expression (3), and the variable D,;, from the Expression
(4).

In step ST2, the wvariable C, is calculated from the
Expression (6), and the variable G,, from the Expression (7).

In step ST3, C; (1 < i < 2M -1 ) is calculated from the
Expression (9).

In step ST4, the bit V-1 is calculated.

In step STS5, the change amount AG, of G, when a certain bit
V firstly changes is calculated from the Expression (11).

In step ST6, the AG, when the remaining bit V changes is
calculated from the Expression (12).

In step ST7, the bit V is set to V + 1.

In step ST8, it is determined whether the V is equal to
or less than M. If V is equal to or less than M, control is
returned to step ST5 to repeat the aforementioned procedure.
On the other hand, if V is greater than'M, control is passed
to step ST6. |

In step ST9, G, = G, + AG, (wherein 1 < u < 2M -1) is



In step ST8, it is deternined whether the Vis equal to or less than M |f
Vis equal to or less than M control is returned to step ST5 to repeat the
af orenenti oned pirocedure. On the other hand, if Vis greater than M =
control 'is passed to step ST6. In step ST9, Jerr] = derr] + [err]Jerr]
(wherein 1 [err] u [err] 2M-1) is 18 cal cul ated, conpleting the vector
search. Fig. 6 shows the Jerr] cal cul atgon processing anount obtai ned by

t he vector. search nmethod according to the present invention in conparison
to the processing of the conventional vector search nethod. Fig.”6A shows
the conpari S8Acuéstrd.i aompiehinBGethefveaten| ae2vel- for nul tiplication.

Mor eover, Fig. 6B.sho t he nparisan results_in the. nunber qof .

cal cul ations forgf‘ﬁé égﬁd%}cf“fso%?lgn _‘s‘if@tcr‘%}c?tscllgﬁ’. PEPSRPT HeS 1% tog,t_aﬁlegan
be seen thepgf tREt véHBEr asedit® MekR6HCAEESTdite tHIMIR! pRbsealtCihabheReni S
reduced. Moreover, Fig. 6C shows the conparison result in the nunber of

witing tinégs iosmpardsmny.tdhiber psokesslhiogs afhathe heonvebtiondl wettog
times into nmenory is jngcreased twice in conparison to the conventi onal
vector sear ER2RERNBAEPEgardi ess of the Mvalue. Next, explanation will be

given on the veckpr SQA’ Ghows the comparison result in the number of
calculations for multiplication. Moreo?er, Fig. 6B shows the
comparison results in the number of calculations for the
addition and subtraction. From these results, it can be seen
the effect that as the M increases, the number of calculations
is reduced.

Moreover, Fig. 6C shows the comparison result in the
number of writing times into memory. This result shows that
the number of writing times into memory is increased twice in
comparison to the conventional vector search method, regardless
of the M value.

Next, explanation will be given on the.véctor search
method according to an embodiment of the present invention
employed in the vector quantization in the PSI-CELP coding.

The PSI-CELP (pitch synchronous innovation CELP) coding
is a highly effective audio coding for obtaining an improved
sound quality'for the.sound—éxisting'portion by periodicity
processing of signed vectors from the noise codebook with a
pitch periodicity (pitch lag) of the adaptive codebook.

Fig. 7 schematically shows the periodicity proce§sing of
the pitch of a signed vector from the noise codebook. In the

aforementioned CELP coding, adaptive codebook is wused for



met’hod according to an enbodi nent of the present invention enployed in the
_vector quantization in the PSI-CELP coding. The PSI-CELP (pitch synchronous
i nnovation CELP)- coding is a highly effective audio coding for obtaining an
i nproved sound quality for the sound-existing portion by periodicity
processing of signed vectors fromthe noise codebook with a pitch
periodicity (pitch lag) of the adaptive codebook. Fig. 7 schematically
shows the periodicity processing of theipitch of a signed vector fromthe
noi se codebook. In the aforenentioned CELP codi ng, adaptive codebook is

used for = epkbeelivéelyyeRW¥PEESEhPJaANaddbOsSEARR c6ADA 8hhEJa BpPLI oL C
pi tch conponent. However, when the bit rate is lowered to the order of 4
kbs, the nupbtehofonparendssi fowdvenr when shendidorete &sdieyereddterthsed

and it beconeg inpgss e to sufficiently e ess the aydio _signal

cont ai ni ng ‘&raEFi 83:i c‘-1 prPEh 5§ﬁp6‘r‘t‘@h’[erwi‘¥ﬁ1 %ﬂés a855f5988058§b0 TR 10
cope Wi th thhgrcbn &0@iEe! 1SFLECEPLh 080 SHHL M ¢! NGe PUA& QhpblgidhEneds
vector fromthe noi se codebook I's subjected to periodicity processing. This
enables to saffieiehylgxpkprésshehaududisi Gignadondaitiingne perpediedipe t ch
conponent whi ch cannot be sufficiently expressed by the adaptive codebook
al one. | Pl s empRNeRE o¢l th Hehe %&%?thﬁJCQﬁﬁhﬂﬂk l2d@rel. represents a

ot e o cont PoRESEOpR"ith M B PAUPEST-cELS cddihe® Ys¥eh 1A AT
pitch of the signed vector from the noise codeboock is subjected
to ﬁeriodicity processing. This enables to accurately express
the audio signal containing a periodic pitch component which
cannot be sufficiently expressed by the adaptive codebook
alone. It should be noted that the lag (pitch lag) L
represents a pitch cycle expressed in the number of samples.

Fig. 8 is a block diagram showing a configuration example
of an essential portion of a PSI-CELP coding apparatus.
Hereinafter, explanation will be given on this PSI-CELP coding
with reference to Fig. 8.

The PSI-CELP coding is characterized by carrying out the
pitch periodicity processing of the noise codebook. This
periodicity processing is to deform an audio signal by taking
out only a pitch periodic component which is a basic cycle of
the audio signal so as to be repeated.

An audio signal supplied from an input terminal 710 is
firstly subjected to a linear prediction analysis in a linear
prediction analyzer 720 and a prediction coefficient obtained
is fed to a linear prediction synthesis filter 730. In the

synthesis filter 730 the prediction coefficient from the LPC



of an essential portion of a PSI-CELP codi ng apparatus. Hereinafter,
explanation will be given on this PSI-CELP coding with reference to Fig. 8.
The PSI-CELP coding is characterized by carrying out the pitch periodicCity
processi'ng of the noise codebook. This periodicity processing is to
deform an audi o signal by taking out only a pitch periodic conponent which
Is a basic cycle of the audio signal so as to be repeated. An audi o signal
supplied froman input terminal 710 is f0rstly subjected to a |inear
prediction analysis in a linear prediction analyzer 720 and a prediction
coef fi ci ent anblpzerd726 fedimthedizedawigphediighiedn veghbiressuppilliedrf780. |n

the synthesis filter 730 the prediction coefficjent fronltheﬁbPC 0
anal yzer 728% 8daphivRGoaad §40i gRE nkRe sadebggksi 860+ 4 anaﬁ‘aagﬂve

codebook 649,300 B9L 8¢, CQHELRRP; PROxs T AN AL LREREE ALY 7dod

anplifiers and an ad he noi se signed vector fromthe

noi se codebook 68Kk irso e/ asilgieds Mlertliond firoamtB2 hasse vedtboskbgea sel ector
655 and nultiplied by a factor +1 or -1 by a sign adder 657. The noise
si gned vect ¥echort spleedepy frra Bacthasiel vectorsahy theselemerr v&23 ofndr om

pr edet or m rBAL ESP T by % AaSkRp 110 “o0vs8 ALeR AR dRT ed botphEe |

adder 780. gjgned vector multiplied by the factor +1 or -1 and the signed
vector from the adaptive codebook 640 are selected by a
selector 652 and added with a predetermined gain g0 by the
amplifier 650 so as to be supplied to the adder 780.

On the other hand, the noise signed vectors from the noise
codeﬁooks 760 and 761 are selected respectively from 16 basic
vectors by selectors 755 and 756 and subjected to pitch
periodicity processing by pitch cyclers 750 and 751, after
which they are multiplied by a factor +1 or -1 by sign adders
740 and 741 so as to be supplied to an adder 765. After this,
they are given a predetermined gain g, in the amplifier 770 and
supplied to the adder 780.

The signed vectors which have been given a gain
respectively by the amplifiers 650 and 770 are added in the
adder 780 and supplied to the 1linear prediction synthesis
filter 730.

In an adder 790, a difference is obtained between the
audio signal supplied from the input terminal 710 and the
prediction value from the linear prediction synthesis filter
730.

In a hearing sense weighting distortion minimizer 800, the



On the other hand, the noise signed vectors fromthe noi se codebooks 760
and 761 are selected respectively from 16 basic vectors by selectors 755
and . 756 and subjected to pitch periodicity processing by pitch cyclers 750
and 751, after which they are nultiplied by a factor +1 or -1 by sign
adders 740 and 741 so as to be supplied to an adder 765. After this, they
are given a predétermned gain g[err] in the anplifier 770 and supplied to
t he adder 780. The signed vectors whi ch2have been given a gain respectively
by the anplifiers 650 and 770 are added in the adder 780 -and supplied to
the linear prigddrldnde DTS vy Ith a@r 17N A jec¥ed & odinflagiiapCe
is obtained between the audio signal supplied fromthe input termnal 710
and t he prediegtseon waigktingm t henbideaingr edihet | dmumamt hbsasihgl t sensg0.
In a hearing sense weighting distortion mnimzer 800, the 21 _di fference
obt ai ned by %%15%6:51'5 sEBFeéﬂéJetrSnﬁéarW?fgg%%eW1%i Ghei hgaring
consi der ingsdifae, Mpren, BeQiighda SR FNBRACkETdatl Care albErfliAbe" €BCC
wei ghted with the hearing sense, i.e., a signhed vector and a galn are

det erm ned minimikEl Zedf fiéféwéenerref ey tvasinegie tyediradiost ivenvealfeemf rom

the linear prediction synthesis filter 730 and the input audio
the linear prediction synthesis filter 730 and the input audio

signal. The results are transmitted as an index to the
aaaptive codebook 640, the noise codebooks 660, 760, and 761,
and outputted as a transmission path sign.

By the way, in the LSP middle band second stage
quat;zation, the Expression (16) gives a Euclid distance
between the synthesized.vector made from a combihation of a
plurality of vectors selected from codebooks and the input
middle band LSP error vector. That is, this calculation is
carried out by obtaining a pair 6(k, i) which minimizes the
Euclid distance D(k)? given by the Expression (16), wherein it

is assumed that 0 < k < MM — 1 and 0 < i < 7.

[Expression 8]

7 2

7
D@ = )| lspe(k, =) O(k, ))Cpopy,(i, 1)

j=0 =0

(16)

This Expression (16) is developed into Expression (17) as

follows.



si gnal . The results are transmtted as an index to the adaptive codebook
640, the noise codebooks 660, 760, and 761, and outputted as a transm ssion
path sign. By the way, in the LSP m ddl e band second stage quatization, the
Expression (16) gives a Euclid distance between the synthesized vector nade
froma conbination of a plurality of vectors selected from codebooks and
the input mddle band LSP error vector. ,.That is, this calculation is
carried out by obtaining a pair [err](k, 1) which mnimzes the Euclid

di stance D(k)[err] given by the Expression (16), wherein it is assuned that

0 [err] k [egdptddsioh @d O [err] i [err] 7. [Expression 8] [err] This

Expression (16) is devel oped into Expression (17) as foll ows. 22
[ Expression 9] [err] Here, a variable R(k, i) (o <k <MM- i, 0<1<7)
gi ven by Expression (18) and a variabBle D (¥, m (0 <i, m< 7 ) given by
Expression (19) are D@’roadudae(k, jExp)eog, e(k, 9) € Jsp).01, Hhe Expressi on
(17), the first termof the right side J=0 '
7 7 7 '
23" Y 6k 08k m)Y. Cronoll NCoamatm, p - (17
=0 m=(+1 J=0
7 7
+2.Y Comalh, 1)
=0 =0

Here, a variable R{k, ii (o <k <MM-3i, 0 <1< 7) given
by Expression (18) and a variable D (i, m) (0 < i, m < 7 )

given by Expression (19) are introduced.

[Expression 10]

- 7
Rk, ) = 2 Ispe(k, /)Cpopprs(is 1) ... (18)
J=0
7
DG, m) = 43 C, ooty NCpoprs(t, 1) Do (19)
J=0

In the Expression (17), the first term of the right side
is always constant and accordingly can be ignored. By
substituting the aforementioned wvariables R and D, it is
necessary to obtain 6(k, i) which satisfies the relationship

defined by Expression (20) as follows.



is always constant and accordingly can be ignored. By substituting
the aforenentioned variables Rand D, it is necessary to obtain [err](Kk,
i) which satisfies the relationship defined by Expression (20) as follows.
23 [ Expression 11] [err] Here, a variable CJerr] given by Expression (21)
and a variable (Jerr] given by Expression (22) are further introduced
(wherein O [err] | [err] 2[err] -1). [Expression 12] [err] The _
aforenentioned variables CI and G are 2ptroduced into the Expression (20)
to obtain the following. -2*Clerr] + Jerr] - Mn. (23)
That is, it [ExpR@sSiikhe 119 M nim ze the error by obtaining the variables
Cerr] and Jerr] which rminimze the Expression (23). In the aforenentioned
vector search in the 'PSI-CELP coding system Expressions (21) and (22) have
identical forms as the, 24 Expressjons (9) and (10) in the aforenentioned
vector search -Y. 0k OR(E, D+2Y 3 6 HO(k, m)DC, m)

=0 2 4=0 m=t+1 ... {20)
7 _

13 b@, 1) ~ Min.
=0

Here, a variable C; given by Expression (21) and a
variable G, given by Expression (22) are further introduced

(wherein 0 < I < 2% -1).

[Expression 12]

1 7
C, = =) Ok DR, 1) (21)
=0
1 LA 1 7
G, ==Y ¥ Ok 0O% m)DG, my+—Y DG, --- (22)
=0 m=i+1 - =0

The aforementioned variables CI,énd GI are introduced into

the Expression (20) to obtain the following.
-2%C; + G, — Min. | (23)

That is, it is possible to minimize the error by obtaining the
variables C; and G; which minimize the Expression (23).
In the aforementioned vector search in the PSI-CELP coding

system, Expressions (21) and (22) have identical forms as the



in the VSELP codi ng. Consequently, the aforenentioned vector search nethod
.according to the present invention can also be applied to the PSI-CELP,
enhancing the vector search speed. The vector search nmethod according to
the present invention, utilizing the Gay code characteristic, uses a
result of a calculation which has been conplete, for carrying out the next
calculation, thus enabling to sinplify the cal cul ation of the synthesized
vector and increase-the vector search sgéed. 25 WHAT IS CLAIMED IS 1. A
vector search nethod in which a difference error between a prediction
vector and g&ipireRdlionect(@n imadcdhoyl ahednen afoedmeanedyneédavec08bi sabrons of
factors respectively multiplied by a plurality of basic vectors are changed
accordi ng t ént khe FIELR el ingher diansaquemtdve dihgt efogepentionptaraetoby

cal cul ation _of a.synthetic vector creatged according to_a.sign. wof f the
& ay code | SoRRRRoLBLHoD, SakSFRERF LS, ahe DAraenl TpkPafiBh Epiatss 80

cal cul ationaghi 8y 8bNeht CPYPCERLP ¢ St Stk HEE OFKHE REdtQ 11k AHAC @l ed.ON
word i different fromsaid sign word u only 1n a predetermined bit position

v and a change [Ehe] Gectdr cadeanclt ednadbhad i laictiorginige Goaythedepresent
characteristic, and said [err] err% is used %g express a,change AGQu

bet ween an LRVEREEORat MUizd NG ' the cFFAVnCILE afBRREFLET IRt WO d 4SS n?

result of a calculation which has been complete, for carrying
out the next calculation, thus enabling to simplify the
calculation of the synthesized vector and increase the vector

search speed.



sai d Gray code_and an jnternediate value GQu' according to an adjacent sign
word u' different fronlsaid sign word i' only in a predeterm ned bit
position v. edet hod as clainmed in Claim1l, wherein said

prediction vect hrough a prediction s
synt hesi zi ng sai ctor and a vector bas

EHlﬁnSHEEiI'aHAS HEENd
source signal. 3. A vector sear ch netho%sas clai medj i n CIREPAGED wher i n
26 said sign word u' in said Gray code differs fro STy only

in one bit g uding the predetermned bit position vy and said
change AGU" Tr5*% sum of said charige AGu al ready obt ai ned
according to saig signy¥egdru s@faréﬁ' qle@'h‘%)ﬂ i ewidich 2a didlir3leeRBR P RIMRAN
sai d change [err]dJ err] and said . A vector search nmethod as clai ned
in daiml, hdtmeennatbeedabtubmtvmrtdm :mduamzmmhte vidtfer drec e dletudededsai d

prediction vector and said |ngut vector is a calculation to determ ne such
a synt heti c WecfHF fr%m‘%tﬁ Btc cRRRINAL It &F Li2SYRTheHiCARRS Wasily

vectors for IS FRA0Rg | oOfp i fa T ey 410 bIE TRKEROIBXI SN 30, AY

product wi t Asai I'nput vec?or I'nner product "T's” expresse
using two vabbabhaﬁgotoamﬁeccragscsaal(3 whose value I s made maxi num

2. A vector search method as claimed in Claim 1, wherein
an intermediate value Gu obtained by calculation of a synthetic
vector c;eated acco:ding to a sign word u of the Gray code is
expressed by an intermediate value Gi obtained by a calculation
of a'synthetic vector created according to an adjacent sign
word i different from said sign word u only in a predetermined
bit position v and a change AGu calculated by utilizing the
Gray code characteristic, and

said AGu is used to express a change AGu’ beﬁween an
intermediate value Gi; according to another sign word i’ in
said Gray code and an intermediate value Gu’ according to an
adiacent sign word u’ different from said sign word i’ only in

a predetermined bit position v.

3. A vector search method as claimed in Claim 2, wherein
said 'prediction vector 1is created through a prediction
synthesis filter by synthesizing said synthetic vector and a

vector based on a past sound source signal.

4. A vector search method as claimed in Claim 2, wherein

_

RN O R



5. A vector sear hod as clainmed in daiml1, wherein the calculation to
.mnimze the difference between said prediction vector and said input
vector is a calcu MMﬂth&hm latddne such synthetic.vector from synthetic

vectors created by aS| c vectors for -W’T t he
G ay code that mak g ! uclid distance fr S% ﬁb\?ggﬁté and
said Euclid distance |s expre d by a gﬂﬁ1of two variab and

which sumis mnimzed.
said sign word u’ in said Gray code differs from said sign word

.ﬁ only in one bit position w excluding the predetermined bit
position v, and

said change AGu’ is expressed as a sum of said change AGu
already obtained according to said sign word u of said Gray

code and a difference between said change AGu and said AGu’

5. A.vector search method as claimed in Claim 2, wherein
the calculation to minimize the difference between said
prediction vector and said input vector is a calculation to
determine such a synthetic vector from synthetic vectors
_creaﬁed by synthesizing basic vectors for the sign word i of
the Gray code that makes maximum an inner product with said
input vector, and

said inner product is expressed, by using two variables

Ci and Gi, as Ci2/Gi, whose value is made maximum.

6. A vector search method as claimed in Claim 2, wherein
the calculation to minimize the differenée between said
prediction vector and said input vector is a calculation to
determine such synthetic wvector from synthetic vectors created
by synthesizing basic vectors for the sign word i of the Gray
code that makes minimum an Euclid distance from said input
vector, and

said Euclid distance 1is expressed by a sum of two

variables Ci and Gi, which sum is minimized.
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