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ENCODER USI NG THE SAME AND DECODER 5  THEREFOR © BACKGROUND OF THE
| NVENTI ON The present invention relates t& a vector coding met hod
that is used to encode speech, inages and various 10 ot her pieces of
information and is particularly suited to encodi ng of information
that is transmtted over an error- -pnore channel such as a nobile
radi o channel and encodes an input vector through the use of a
plurality of codebooks each conposed of plural representative
vectors. 15 The invention also pertains to a vector encoder using the -
above- nenti oned vector codi ng nethod and a vector decoder for
decodi ng codes encoded by the vector encoder. Met hods t hat have
been proposed to transmt vectors ver nnel s prone to channel
errors are to set 20 representati5EE§§@§6$§H%N anticipation of possible

channel errors and to take into account the channel errors when

| abel i ng repregqu%t'geﬁﬁgcgﬁgéNTigﬁée nmet hods are di sclosed in
Kumazawa, Kasahara an Conmuni cati on of Vector
Quanti zers for VRSTOR EARANE| ¥ETHOB, ENGGRRRUSBIR BFE H¢H 430 DFCODER
El ectroni gs, | mheRrERbRON

BACKGROUND OF E I TION

The present invention relates to a vector coding
method that is'used to encode speech, images and various

10 other pieces of information and is particularly suited to
encoding of information that is transmitted over an error-
prone channel such as a mobile radio channel and encodes
an input vector through the use of a plurality of .
codebooks each composed of plural representative vectors.

15 The invention also pertains to a vector encoder using the
above~-mentioned vector coding method and a vector decoderxr
for decoding codes encoded by the vector encoder.

Methods that have been proposed to transmit wvectors
over channels prone to channel errors are to set

20 representative vectors in anticipation of possible channel
errors and to take into account the channel errors when
labeling representative vectors. These methods are
disclosed in Kumazawa, Kasahara and Namekawa, “"A
Communication of Vector Quantizers for Noisy Channels,*

25 Transactions of the Institute of Electronics, Information
and Communication Engineers of Japan , Vol..Jé7-B, No. 1,
pp. 1-8, 1984, Zeger and Gersho, "Pseudo-Gray Coding,"
IEEE Trans. on Comm., Vol. 38, No. 12, pp. 2147-2158, 1990,
and other literature. These methods hold all

30 representative vectors directly in one codebook, and hence
require large storage capacity for storing the codebook.

As a method that does not need large storage capacity
in transmitting vectors over channels prone to channel

.



and Communi cati-on Engi neers of Japan , ‘Vol. J67-B, No. 1, pp. 1-8,
1984, Zeger and Gersho, "Pseudo-Gay Coding," | EEE Trans. on Comm,
Vol . 38, No. 12, pp. 2147-2158, 1990, and other literature. These

met hods hold all 30 representative vectors directly in one codebook, and
hence require |l arge storage capacity for storing the codebook.

As a nmethod that does not need | arge storadge —capacity in transmtting
vectors over channels prone to channel

- 2- errors, there has been proposed to transmt vectors after
gquanti zing themthrough the use of two structured codebooks. This is
di sclosed in Mriya, "Two-Channel Vector Quantizer Applied to Speech
coding," Transactions 5 of the Institute of Electronics | nf ormati on and
Conmuni cati on Engi neer s ,of J pan, | T87- 106é P, 25 %ﬁ?? a other
literature. Thi$ f%‘o} brgp propo egcﬁ?e

representative qe%ntnznng1them thoobghathenuse ofduee s&nncnuamdge capaC|ty

needed and 10 coddlii8 [ Shif §aal fol Sk Fald Wordlyd N rid chgRhesent at' ve

vectors to Iessen the 1 nfluence of channel errors. hod will be
described with VeFeRRRuantd zergdopisednio1Boeech cq@ing o Hadaqtinns

vectors ofsthe epdehdokss @it Re aiedrronicHef Phebanst dn laaini ng, for
etance: Tn anshshteldhn Riebed 1 B  ApBIndePgeniatye vector

1987 and other literature. This method has two small-
sﬁale codebooks and uses two representative vectors in
combination to reduce the storage capacity needed and

10 transmits two labels indicative of ;he two repreéentative
vectors to lessen the influence of channel errors. This
method will be described with reference to Figs. 1A and 1B.
The representative vectors of the codebooks are generated
beforehand by learning, for instance. In an encoder

15 depicted in Fig. 1A, one representative vector z1j is
fetched from a codebook CBl and one répresentative vector
z25 from a codebook CB2, then they are added together in a-
vector combining part 3 to geﬁerate a vector sum
Yij=z1i+z2j, and the distance, d(X,yij), between the

20 combined representative vector Yij and an input vector X
via an input terminal 4 is calculated, as distortion, in a
distance calculating part 5. A control part 6 controls
representative vector select switches 7 and 8 for the
codebooks CBl and CB2 and searches them for the

25 representative vectors z1j and z24 that minimize the
output d(X,yij) from the distance calculating part 5. The
control part 6 provides, as an encoded outputs to an
output terminal 9, labels i and j of the representative -
vectors z1j and z24 that provides minimum distance.

30 In a decoder shown in Fig. 1B, the control part 6 —_—
controls representative vector select switches 13 and 14
in accordance with the labels i and j in the input code

via an input terminal 11 and reads out representative



z2j from-a codebook CB2, then they are added together in a vector-

conbining part 3 to generate a vector sum Yij=zli+z2], and the

di stance, d(X,yij), between the 20 conbi ned representative vector Yi]
and an input vector X via an input termnal 4 is calculated, as
distortion, in a di stance calculating part 5. A control part 6
controls representative vector seleet3switches 7 and 8 for the
codebooks CBl1 and CB2 and searches them for the 25 representative
vectors zli and z2j that mnimze the output d(X yij) fromthe

di stance calculating part 5. The control part 6 provides, as an
encoded outputs to an - output termnal 9, labels i and j of the
representative vectors zli and z2j that provides m ni mum di stance.- 30

In a decoder shown in Fig. 1B, the contr art 6 trols
represent at i vev‘%g?‘fﬁ e A &R SreR fg(gﬁ?%off CB3 arﬁdn(é%g(:ordance Wi th
the | abel s | andspechivélkyi nhe thde read-outarepreaspotatiévei vetctddsand
reads out repregsen il ye. : : mbini - 3-
vectors zli an.i%Z%ﬁéro Codebooks €83 “an &ﬁﬁtor o ré?ﬁ?gtﬁﬁéF }7Thé t hus
read- out repre3BhPali VRCRLEDIREEA Vvechar Fid =£3i*&2g c WRiichedsi RTaViEetor

conbi gi gggpart td7an outpid MO Uctadiveatan 1y EAdi ¢ddbbodR COB3 S
provi de

and CB4 are i d%ﬁ??@%¥Ut %Eﬁ‘i%r%gf% t%%ted%% \(r‘g%e!. %%%%28%§%e ¥ﬁe
met hod descri bed abDhe methaed pdxtcwifbdd ghoveA iandespect of Figs. 1A and
| 1B saves the storage capacity of the codebooks for storing
the representative vectors and lessens the influence of
10 channel errors by combining the vectors in the decoder
through utilization of the two labels corresponding
thereto.
With this method, however, if an error arises in the
labels during transmission over the channel, then
15 distortion will occur in all elements of the received
vector. According to the circumstances, the error will
cause an abnormally large amount of distortion in the
decoded output. _
Another problem of this method is that the amount of
20 processing required is very large because it involves the
calculation of the distance d(X,yij) for every
combination of representative vectors of the two codebooks
in search for the pair of representative vectors that
minimizes the distance.
25
SUMMARY OF THE INVENTION
An object of the present invention is to provide a
vector coding method that prevents an error in the input
code to the decoder_from'causing serious distortion of its
30 output. I .
Another object of the present invention is to provide
a vector coding method that prevents an error in the input
code to the decoder from causing serious distortion of its



LK
1B saves the storage capacity of the codebooks for storlng t he
representative vectors and | essens the influence of 10 channel errors by
conbining the vectors in the decoder through utilization of the two
| abel s correspondi ng t her et o. Wth this nethod, however, if
an error arises in the | abel s during transm ssion over the channel,
t hen 15 distortion will occur in all elerfents of the received
vector. According to the circunstances, the error wll cause an
abnormal |y | arge anount of distortion in the decoded out put .
Anot her problemof this nethod is that the anmount of 20 processi ng
required is very |large because it involves the cal cul ation of the
di stance d(X,yij) for every conbi nation of representative vectors of

the two codebo@kiput and h P (WA tors
t hat i Pes ond! ReSARLE l-Lghct 16n POY fp AFRLFTRE Bttt
An object of tREIHLESEnt invention is to provide a vect or codi ng

net hod t hat preventan@mh@&rebgéattbﬁ tH@QéresentCfﬁ@éﬂéléﬂ“ié“%ﬁ“ﬁ?bv1de
from causi ng SEFIOU%PdISt tion of its ut p -
obj ect of the fr&§&EROE FREREREntRAL 6mB?%&?%ethe abo%?\ﬂﬁﬁQiOQﬁﬂﬁWﬁft@Ethod

that prevénts amedéngomeithotihe i nput code to the decoder from causing
serious distortion gfihys

another object of the preSent invention is to
provide a vector decoder that decodes a vector encoded by
the vector coding method that serves the above-mentioned
objects.
10 . Apcording to the vector coding method and the encoder
" of the first aspect of the present invention,
representative vectors from respective codebooks are
combined and the distance between the combined
representative vector and the input vector is calculated;
i5 in this instance, the representative vectors to be
combined are those ﬁultiplied by predetermined different
weighting coefficient wvectors, each of which is composed
of the same number of components. At least one of the
components in each weighting coefficient vector assumes a
- 20 maximum value, and the positions of the maximum components
' in the respective weighting coefficient vectors differ
with the codebooks. The multiplication of each
representative vector by the weighting coefficient wvector
is done on the representative vector read out of each
25 codebook, or weighted representative vectors respectively
premultiplied by the weighting coefficient vectors are
prestored in each codebook.
According to the vector coding method and the vector
encoder of a second aspect of the present invention, in .
30 the first aspect, the distribution of the set of weighted
representative vectors multiplied by the weighting
coefficient vectors for each codebook are approximated
with straight lines, then the input vector is projected on



output and permts reduction of the anount of processing required.
Anot her object of the present invention is to provide a vector
encoder that enbodi es the above-nentioned vector 5 codi ng et hod.
Still another object of the present invention is to provi de a vector
decoder that decodes a vector encoded by t he vector codi ng net hod

t hat serves the above-nenti oned . objeéts. 10 - According to the
vect or codi ng nmet hod and t he encoder of the first aspect of the
present inventi.on, representative vectors fromrespective codebooks
are conbi ned and the distance between the conbi ned

representative vector and the input vector is calculated; 15 in this

i nstance, the representative vectors to be conbined are those

mul tiplied by et eLent fdd cient vectors,
each of which ngaecg]o S%rr@l%%i' %Bg %g{i %%%a nu 3'% g%frtpc()inents At Ieast
one of the renﬁﬁﬂﬁmﬁaﬂmyelNeeaenswnrg$sm¢mpnnnnd|Qhaam¢om@@¢@pna§§@nes a

20 maxi mum valniserdidr RACROBbEEBYSK Of e trm@ r@h%@ﬁﬁ%@@ﬁ&éd in
t he respective meughtln coefficient vectors diffe t he
codebooks. The HfiR%S ivenveFtegghot the F%ﬁﬁ%ﬁﬁ&ﬁ%ﬂqqg?qﬂgﬁﬁoFrﬁy t he

wei ghti ng £oef fccmlﬁnted/éﬁi Pairs andi shfdonen®nof Nthe aqunesiaddatviectoract or

' eepect vel yea%zc% Re R RRRiRy HReCOAFE e o B AR < are

prestored in eslediwsh @@kthe Comblned nemxesﬁmgptxvelugqﬁan<m' codi ng
met hod and the vectarnp g thlx%nSQB%EtOf tﬂesﬁfé’éﬂq'@sﬂ?\%n@foﬁ he1Reserh a
i nvention, in 30- the first aspect, the distribution of the set of

wei ght ed 4%ﬁﬂq%ﬁﬂﬁ9£n°9§e§eSPSPgeﬁu+¥F%FY%EF?EﬁtQRQQﬁQRﬂQ|9ﬁ;t e
coefficiemd vectirst forr mxblmdcadpbaek arkee apredeiatdve vectorbhretdai ght

lines, then tfmadgugg ré% tlba r8€885§9 g@b multiplied by weighting
coefficient vectors by multiplying means and the
multiplied weighted representative vectors are combined
into a reconstructed vector; the weighting coefficient
15 vectors are selected in the same fashion as in the first
-aspect of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS
Fig. 1A is a block diagram showing the copfiguration
20 of an encoder embodying a conventional vector coding
method;-
Fig. 1B is a block diagram showing a conventional
decoder for use with the encoder of Fig. 1lA;
Fig. 2A is a block diagram illustrating an example of
25 the encoder embodying the present invention;
Fig. 2B is a block diagram illustrating an embodiment
of the decoder according to the present invention;
Fig. 3A is a graph showing each representative vector
z1i of a codebook CBl;
30 " Fig. 3B is a graph showing a vector obtained by
multiplying each representative vector z1i by a weighting
coefficient vector wi;



- 5- each straight line and a plurality of weighted
representative vectors present around the projection are chosen for
each codebook. The thus chosen wei ghted representative vectors of the
respective codebooks are 5 conbined in pairs and that one of the conbi ned
vectors whi ch has the m ni mum di stance to the input vector is

sel ected as the conbi ned representative vebtor. In a third aspect, the
present invention relates to a decoder for codes encoded into vectors
according to the 10 first or second aspect. The representative vectors
read out of respective codebooks are nultiplied by weighting
coefficient vectors by nultiplying neans and the mul tiplied weighted
representative vectors are conbi ned into a reconstructed vector; the
wei ghting coefficie 15 f | i n
the first aspeﬁgof?’(t:hiéé:lcén\?ée%@{ SRt %%gﬁé@%%%gﬁs%ag% %%CQ%J:
DRAW NGS z2j OF §. cedebeok PBoick dlagran1shomﬁng the configuration 20

of an encoderbﬁnbodyhgg 3D CLHVL NG &p18 | s IREiiry dﬂwﬁdubr %gtaﬂhbhogy ]
Fig. 1Bis a m. s omnn ac nventlona . er for use wt
the” encoder of "L iBIRFAET R AL AASARANS Phcon =&pa§>¥aﬁ1 weiSREr B ng
an exanplé of ZSefflChenenvedE¢remmndylng t he present inventlon

Fig. 2B is a block 9h39f§ﬁ1i£'£S§féﬁﬂfgh&uiﬁaﬂggaﬂﬂigfI hegdecoder

according to the gresent I nvent h showi ng
each represent ¥EFVETvaRE AN erron%ﬁus(gombkaﬁﬂﬂﬁﬁﬂ&qaaﬂn the’ Present

invention;

Fig. 3F is a graph showing examples of a combined
10 vector and an erroneous combined vector in the prior art;
| Fig. 4 is a graph showing a set of weighted

representative vectors and a straight line for
approximation, for explaining the vector coding method of
the present invention; -

15 Fig. 5 is a block diagram illustrating an example of
the encoder of the present invention applied to the CELP

- scheme; ' |

Fig. 6A is a table showing a first codebook with

weighted gain vectors stored therein;
20 Fig. 6B is a table showing_a second codebook with
weighted gain vector stored therein;
' Fig. 7 is a graph showing weighted gain vectors of
Figs. 6A and 6B on a coordinate. system;
Fig. 8 is a block diagram illustrating the encoder of
25 the present invention applied to the quantization of
random excitation vectors;

Fig. 9 is a block diagram illustrating the encoder of
the present invention applied to the quantization of pitch
excitation vectors;

30- Fig. 10 is a block diagram il}pstrating the encoder
of the present invention appliéamto the VSELP scheme;

Fig. 11 is a graph showing segmental SN ratio of
reconstructed speech with respect to a channel error rate



30 Fig. 3Bis a graph showing a vector obt ai ned by nultiplying

each representative vector zli by a weighting coefficient vector wi;

- 6- Fig. 3Cis a graph showi ng each representative vector
Z2j of a codebook CB2; Fig. 3Dis a graph showi ng a vector
obt ai ned by mul ti plying each representative vector z2j by a weighting
5 coefficient vector w2, Fi g~ 3Eis a graph show ng exanpl es of
a conbi ned vector and an erroneous conbined vector in the present

i nventi on; Fig. 3F is a graph showi ng exanpl es of a conbi ned 10
vector and an erroneous conbined vector in the prior art; Fig. 4
Is a graph show ng a set of weighted representative vectors and a
straight line for approxi mation, for explaining the vector coding

net hod of 1ﬁh€h@r55§%§ éf“ﬁgﬂd#Tbnéuﬁaln codelblodk anliStRobgeek di agram
illustrating an exaqyle e encoder of the present invention

applied to theCPge fo fRGROT encoding of gaigg 9§ gntlaBreinnbi@ng a
first codebooksmnth wei ghted gain vectors stored therein; 20

F D o hor i 20l e PIOW Y A SL QAL MRS el an equiSh8BhE 095k Ry eCt Or
5  the MOS of the reconstructed speech with respect to the
channel error rate in the two cases of Fig. 11; and
Fig. 13 is a graph showing the segmental SN ratio of
reconstructed speech with respect to the channel-error
rate in the case of the present invention that uses two
10 weighted gain codebooks for vector encoding 6f the gains

gp and gc in Fig. 5.

DESCRIPTION QOF THE PREFERRED EMBODIMENTS .
In Figs. 2A and 2B there are illustrated in block

15 form an embodiment of the present invention, in which the
parts corresponding to those in Figs; 1A and 1B are
identified by the same reference numerals. In the encoder
of Fig. 2A, multipliers 21 and 22 are provided between the
representative selection switches 7, 8 and the vector

20 combining part 3, by which éomponents of L-dimensional
(where L is an integer equal to or greater than 2)
representative vectors z1i=(21i1., 2z1i2: --... 21in) and
z2§=(2241, %242, .... 22iL) selected from the codebooks
CBl1 and CB2 are multiplied by the corresponding components

25 | of L-dimensional weighting coefficient vectors wi=(wi1.,
w12, ..., Wir) and wa=(w21, w22, ..., W2L), respectively.
At least one of the L components forming each of the
weighting coefficient wvectors wi and w2 assumes a maximum
value and the positions of the maximum components in the

30- respective weighting coefficient vectors wi and wy differ
with the codebooks CB1 and CB2. According to the present
invention, letting the weighting coefficient vectors Wi
and w2 be represented by the following weighting



Fig. 7 is a graph showing weighted gain vectors of Figs. 6A and 6B on

a coordi nate system Fig. 8 is a block diagramillustrating the
encoder of 25 the present invention applied to the quantization of
random exci tation vectors; Fig. 9 is a block diagramillustrating
t he encoder of the present invention applied to the quantization of
pitch excitation vectors; 30 - ﬁig.-lo is a block diagram
illustrating the encoder of the present invention applied to the
VSELP schene; Fig. 11 is a graph showi ng segnental SN ratio of
reconstructed speech with respect to a channel error rate

-7- in the cases of using one gain codebook and two gain

codebooks for vector encoding of gains gp and gc in Fig.

5;
Fig. 12 is a gceplfrshowhbimaesiRds Al 3 tRat2HdSe,Das d&QQoNQ@_ of the
reconstructed speech. with resaﬁFt to the channel error Fate in the

two cases of FrgSRfEFSand-he ues wWigjgwWi2sz is-a YihphisHaR peoRrents

segnental SN r &yi shoth the respemsivelddgboireash of tthe eepeekeh8at e

channel -error vectorEaBgeiﬂuiggefﬁif-Of t he present invention that uses two
00KS

10 weighted gain code vect or encodi ng of the gains gp and
gc in Fig. 5. fwis O e e O
0 wiz 0 - O
5 ' Wy = | 0o - : (1)
- . \ 0
_0 e e 0 wap
[wa1 O R |
0 ‘w22 O - O .
w2 =|: 0 - : (2)
. T . 0
K e 0 war

. the weighting coefficient vectors wy and w2 may preferably
10 be selected so that the sum of the weighting coefficient
matrixes W1 and W2 of the codebooks CBl and CB2 becomes a
constant multiple of the unit matrix as follows:

w1z 0 o+ o 0] [war 0 e e 0T
0 wiz O -+ 0 0 w22 0 -+ O
S T R P E :
. o .. 0
[0+ - 0 wip] [0 o v 0 wap
[1 0 0]
0 1 0
=1 . ilxk (3)
: .0
00 0 1




DESCRI PTI ON OF THE PREFERRED EMBCDI MENTS In Figs. 2A and 2B

there are illustrated in block 15 form an enbodi nent of the present

i nvention, in which the parts corresponding to those in Figs. 1A and
1B are identified by the same reference nunerals. In the encoder

of Fig. 2A, multipliers 21 and 22 are provi ded between the

representative selection swtches 7, 8 ad % e vector 20 conbi ni ng part
3, by which conponents of L-dinensional (where L is an integer equal
to or greater than 2) representative vectors z11=(zji 1, Zii2, ...,
Z1li L) and Z2) =(Z22j, z2j2, ..., z2jL) selected fromthe codebooks
CBl1 and CB2 are nultiplied by the correspondi ng conponents 25 of

L- di mrensi onal wei ghting coefficient vectors wi=(wl1, W2, ..., wilL)

and wW2=(W21, Waghere K i¥W2h) pre&808FhiNEH Yeonstan? heasbrang,ef ;thsal
ng, coefficient vectors wil and w2

conponents formn ,eacg$ot tge wei ght i
assunes a naxi M#R2d- ObFarHEdaRY T%%tt%gy%?%n‘éh%fr??r’éesr%ﬁmecﬁr?ﬁ&ﬁéﬁts in
t he 30- r espexqtii wadwepghbiyngheovéigiot by oeetPiciadt argt st sdivif @hd wy,

110 e, ooy« ang, B (ERRLILRTA LS BLE ompsns g MR 00
the foll o ng Wwaidylkhiengodebooks CB1 and CB2 are searched fog-
coef ficient nmatddpresctadide\Bebbdls NBVE aR® £5fﬁ¥5§ﬂ mininBlZ@RMes, the
val ues. wil, M%is’t’ah’cev%ét%feekhghecoc n?]:r)]fr?ég vector Yi'. and the input
. J
vector X.
_ With such a configuration as described above, for
10 example, when L=2, the representative vectors zi1i and Z25
are expressed by two-dimensional vectors z1i=(z1i1,21i2)
and z24=(2z241,22§2), respectively. Suppose that k=2 and
that the weighting coefficients which satisfy Eg. (3) are
wi=(w11=1.8, w12=0.2) and w2=(w21=0.2, w22=1.8). Assuming
15 that representative vectors z11, 212, ... of the codebook
CBl are distributed substahtially uniformly all over a
plane of a certain two-dimensional range defined by zii1
in the first-dimensional direction and z1i2 in the second-
dimensional direction as shown in Fig. 3A, weighted
20 . representative vectors z1i*' and z12', ..., obtained by
multiplying each representative vector zi1i=(21i1. z1i2) by
the weighting coefficient vector wi=(1.8, 0.2), are
concentrated close to the first-dimensional axis as shown
in Fig. 3B. Similarly, assuming that representative
25 vectors z21, z22, ... of the codebook CB2 are distributed
substantially uniformly all over the plane of a certain
two-dimensional range defined by two axes as depicted in
Fig. 3C, weighted representative vectors, obtained by
multiplying the representative vectors z31, %22, ... by
30 the weighting coefficient vectors w2=(0.2, 1.8), are
concentrated close to the second—dzaggéional axis as shown
in Fig. 3D.



by whi-ch the respective conponents of the representative  vectors are
mul tiplied: [err] the weighting coefficient vectors wl
and w2 may preferably 10 be sel ected so that the sum of the weighting
coefficient matri xes WL and W2 of the codebooks CBl and CB2 becones a

constant multiple of the unit matrix as foll ows: [err]
- 10 -

Suppose, for example, ﬁhat when it is judged at the
transmitting side that the weighted combined vector yij of
the representative vectors z2] and z1ji has the minimum
distortion with respect to the input signal X, the label

5 of the one weighted representative vector z1i becomes Z1i’
becapse of a channel error as shown in Fig. 3E. In this
instance, the combined vector Yij changes to ¥ij' at the
receiving side. There is a possibility that the weighted
representative vector zj1i changes to any other weighted

10 representative vectors‘zli', but since the vector zii has
a Biased distribution; the value of the second-dimensional
component of an error vector, Ay=Ayij-vij'. between the
combined vectors Yij and yij' is relatively sméll, no
matter how much the wvector zjj may change. In contrast to

15 ‘this, in the case where the combined vector is not
multiplied by the weighting coefficient, if the one
representative vector zjji changes to a representative
vector z1ji', combined vectors of these vectors z1ji and
%1i' and the other fepresentative vector z2§ become yij

20 and yij', respectively, as shown in Fig. 3F. Since there
is a likelihood of the representative vector z1i changing
.to any of the representative vectors of the codebook CB1
and since the representative vectors zi1i, z12, ... are
distributed over a wide range, the error vector Ay between

25 the combined vector Yij and the changed combined vector
Yij' is likely to have appreciably large first- and '
second-dimensional components.

In other words, in the example of Fig. 3E, when the
weighted fepresentative vector wizl1i=(w1121i1, wW12z1i2)

30 becomes w1zii'=(w11z1i1', wi22z1i1') because of a channel
" error, distortion is concentrated on the first-dimensional

component wilzlil' to keep down distortion of the second-



-9- where Kis a predeterm ned constant. Vectors wlzli and
wW2z2j, obtained by multiplying the representative vectors zli and z2j
by the weighting coefficient vectors wl and w2, respectively, are
conbined in the vector conbining part 3, 5 and the codebooks CBl1 and CB2
are searched for representative vectp{s_zli and z2j that mininmze the
di stance between the conbined vector Yij and the input vector X

Wth such a configuration as described above, for 10 exanpl e, when L=2,
the representative vectors zli and Z2j are expressed by

t wo- di nensi onal vectors zli=(zlil, z1i2) and z2j=(z2j1,z2j2),
respectively. Suppose that k=2 and that the weighting coeff|C|ents
which satisfy Eq. (3) are wli=(wl1l=1.8, wi2=0.2) and w2=(w21=0. 2,
w22=1. 8). AssuMMmgnsionaﬂhapmpepeesemaEZiwz'Némxoﬂﬁxinﬁlszbztion ief the
codebook e adi at whByted substantially unlforn1y all over a

pl ane of a certain two-dinensional range defined by zlil in the
first-dimensional dFi€ct 2BnidhBstaabes nin elagedirfm an embgddpgatonsl

direction as sft@wwdle@ol‘ieg o@Athéepﬁ@:&@@lt 2 hver ©141eS Giahi \1@ ¥eppboisdz1ll’

and z12' ai L pl each, r resent |ve Y ctor

z1i =(zlil, zllﬁ’ﬁll%%y“:rlll la¥ﬁ%smélﬁﬂ?| %%SEH?cW?%ﬁh E 0.2),
are concemeckoes mhoaadthtﬁeomlthe eh¢mﬂEM(nﬁﬂFmgx|§Aaan§hdnnodes in
Fig. 3B. Siml S ng fhat t y e
of the codebooaﬁ%%f g%eQEbstr %?idé qﬂ?ﬁgglantlalfgggb8 n§ %%8over
the plane of a &% 8§ frhose CBimBnélﬁﬁ%si@nﬁﬁgfa%@e PEE by tmn axes as
depicted in  repreisentdkivievabtefsEPr EseN A VE V¥ EIPHS ofORhal ned by

SPUPRTEC RN NS IR NET IS Tt S A TS
second-dinen5|dﬂKMIaS|asaShehoase withimidi giB3DIn this embodiment,
multipliers 24 and 25 are provided between the switches 13,
14 and the vector combining part 17, by which
representative vectors z1ji and z24 read out of the
15 codebooks CB3 and CB4 are multiplied by the same weighting
coefficient vectors wi and w2 as those used by the
corresponding multipliers 21 and 22 of the Fig. 2A encoder.
The thus multiplied representative vectors wizii and - w2z25
are combined in the vector combining part 17 into the
20 reconstructed vector yi4§. As will be evident form the
above, it is also possible to omit the multipliers 21, 22,
24 and 25 by prestoring in the codebooks CBl, CB3 and CB2,
CB4 in Figs. 2A and 2B weighted representative vectors
obtained by multiplying the representative vectors z1i and
25 Z2j by the weighting coefficient vectors w1 and w2,
respectively.
In the encoder of Fig. 2A, the combined vector Yij.is
determined for every combination of representative
vectors zjj and z2§ prestored in the codebooks CBl and CB2,
30. then the distortion of each combined vectof is calculated
with respect to the input signal vector X, and a decision
is made of which pair of representative vectors z1i and
z2j provides the minimum distortion. With this method,



- 10 - Suppose, for exanple, that when it is judged at the

transmtting side that the weighted conbined vector Yij of t he
representative vectors z21 and zli has the mninmum distortion with
respect to the input signal X, the label 5 of the one weighted
representative vector zli beconmes zli' _ 45 hecause of a channel error as .
showmn in Fig. 3E. In this I nstance, the conbi ned vector Yij changes
to Yij' at the receiving side. There is a possibility that the

wei ght ed - representative vector zli changes to any ot her weighted 10
representative vectors zli', but since the vector zli has a bi ased.
di stribution, the value of the second-di nensi onal conponent of an
error vector, [err]y=[err]yij -Yij', between the conbi ned vectors Yij

and Yij' is relhRWsiEn, &i§ numher of cahewlaticmsy incteadns \siwtaplyslds may

change. In contueslcdderbaks thhSanknchieisassadbers $hk comlped vector s
not mul ti Iled Eﬁ ghtlng coefficient, if the one
represent at i ve VEttor on @ﬁ gBE FLVen ehraserhene which prensalacts -

conbi ned vect orsmajfl uhm&:@meolforepzés:eﬁtwtlve vedtLd:rs and tdiel @heland
represent abive dAGhaf el chECRHT, bk Alorodlth Mive h%e@gog:s;'s;tﬁtegﬁ as shown

in Fig. 3F. Since th ve vector
zli changi ng minimugm a?mst@rtm@ ﬂm@m@s@mr&t Wleer/eiw aredurfinchecheodebook CB1

and since the IEMRRAHIdHNCURE! kst ldna Alénce snéftening tifll LTI bt ed

over a wide range, the error vector Ay between 25 e conbl ned vect or
Yij and the chd& oMt - vect or
Let it be assumed, for example, that the codebooks

i0 CBl and CB2 in Fig. 2A have 8 and 16 representative
vectors, respectively, and that the vectors ziji and Z235
are all two-dimensional. In Fig. 4, eight weighted
representative vectors, obtained by multiplying. the eight
representative vectors z1j of the codebook CBl by the

15 weighting coefficient vector wi=(w11=1.8, w12=0.2), are
indicated by crosses; 16 weighted rep:esentative vectors,
similarly obtained by multiplying the 16 representative
vectors z25 of the codebook CB2 by the weighting
coefficient vectors wy=(w21=0.2, w332=1.8), are indicated

20 - Dby white circles. The input signal vector is indicated by
X, which is composed of a predetermined number of signal
samples of each frame, two samples in this example.

The two-dimensional weighting coefficient vectors wi
and w2 for the two—dimensional-vectors z1i and z25 are

25 determined such that they satisfy Eq. (3);
W11+w21=w12+w22=2 in this example. As depicted in Fig. 4,
the weighted representative vectors marked with the white
circleg and the weighted representative vectors marked
with the crosses are distributed separately on the sides

30 opposite with respect to a straight line of a 45°-gradient
and passing through the origin (0, 0). The following
description will be given on the assumption that there are

stored such weighted representative vectors in the



Yij' is likely to have appreciably large first- and second- di nensi onal
conponents. ~In other words, in the exanple of Fig. 3E, when the
meighted representative vector wlzli=(wllzlil, wl2zli2) 30 becones
Wzli'=(wlzlil", wl2z1li1') because of a channel error, distortion is
concentrated on the first-dimensional -~ 13conmponent wl1z1li1l' to keep down
distortion of the second- . _ di mensi onal conponent

W 2z1i 2, by which distortion is reduced as a whol e. Fig.
2B illustrates in block forman enbodi nent of t he decoder of the
present invention, which is supplied 5 wth the labels i and j and the
wei ghting coefficient vectors wl and w2 fromthe encoder of Fig. 2A
and decodes the code yij. _The decoder has t-he sane codebooks CB3 and
CB4 as those CB?‘%HGO’GBZC?% gng CBA 1in P o2 and imp fhes ERdatinfe CBAc B s
of the l|abels Fignd2p, ofithecHd muliiyplidesd xod2fr @ tahlﬁ chd&letmk&ueBB and

CB4 and conbi nes ...themas s the .case wt hIS
enbodi nent , rrm'HIpPﬁJe sSHEIGy T A%F p‘?%\}’ﬁf%’tbe tg\ﬁl {Ehes
13, 14 awdctbresvétndicavedi by ncheartodses byo ftilsh codebook CBl is

represent §t'Vea¥EEBQ£§aEéH Menzdi s féﬁgr?ytlﬂ{e téhe 18nat gedebggks CB3 and

CB4 are multiplried g t he sane wei % coefficient vectors wl and
w2 as those uséHrﬁilg Reline 27 :ps %ﬁ@’rrﬁﬁfirﬁﬂt‘?}tﬂ‘? drie s f 22 of the

Fi g. 2A encode@istancesTheiihusi gl tip) iwdh /) shueeset ald aveteors W zli and

wez2j respective crosses (or distances in the second-dimensional
éxis direction) is minimum. Likewise, the set of weighted

10 representative vectors (indicated by the white circles) of
the codebook CB2 is approximated with a straight line 28.
The straight line 28 is also determined so that the sum of
distances, D21, D22, ..., D216, between it and the
respective white circles (or distances in the first-

15 dimensional axis direction) is minimum.

The input vector X is projected on the approximating
straight lines 27 and 28 and pluralities of weighted
representative vectors present around the projections are
selected. That is, a calculation is made of the value on

20 the abscissa and hence a first-dimensional value pi1x at
the intersection P71 of a straight line 29 passing through
the input signal vector X and parallel to the
approximating st:aight line 28 and the approximating
straight line 27, then the value P1x and first-dimensional

25 values (values of first components) of the cross-marked
weighted representative wvectors having a wide first-
dimensional distribution are compared, and a predetermined
number of, for example, three, weighted representative
vectors are selected, as a subgroup Hj, in increasing

30 order of the difference between the value pix and the
first-dimensional value of the respective weighted
representative vector. In this way, the weighted
representative wvectors are_pre-selected for the codebook



are conbined in the vector conbining part 17 into the 20 reconstruct ed
vector Yij. As wll be evident formthe above, it is also passible
to omt the nmultipliers 21, 22, 24 and 25 by prestoring in the
codebooks CBl1, CB3 and CB2, CB4 in Figs. 2A and 2B wei ghted
representative vectors obt ai ned by-nulit+plying the representative
vectors zli and 25 z2] by the weighting coefficient vectors wl and w2,
respectively. In the encoder of Fig. 2A, the conbined vector yij
S determ ned for every conbination of representative vectors
zli and z2j prestored in the codebooks CBl1 and CB2, 30 t hen the

di storti-on of each conbi ned vector is cal cul ated wWth respect to the
i nput signal vegt.or deci si o made of. whi ¢ air
representative QUtoéémiiFrgx calcﬁﬁﬁtﬁﬂQMﬁﬁdgggghgfnﬁnyﬁgﬁgd?gtgg?ion.
Wth this nmethaddinate and hence a second-dimensional value pbar at the
however, the n cul.ati-0Qs e ag pl

codebooks CB1 g%g%fﬁgkﬁﬁ%#ég EE 2 sEP&£§E§ f1§Q if)ﬁéégi%? thr&h \MtPF
given of a sckm%ﬁ?%ﬁnﬁﬂgnﬁﬁeﬂ§§tégt§ and pa§®%4¢1rﬁﬁﬂﬁh%;%ﬁPnQ§mm§§é@Batlve

vectors zli ancsedigindine 27dghar Eheeé‘zpﬁbsxmaﬁmﬁ JtaRiRARNhakiev@gvect ors
of the m ni mum, di st orti_on.anon her eby reducin he

conput at i onal %fﬁﬂ gﬁet feé:r?&dﬁgﬁ@@n§ Bret nY?i:) U¢ h2y an TJon tinme.

Let it be assunktitherfsiroredamwplleest habltbe cbdebockd dbmpor(ebBitsgndfCBhe n Fi g.

2A have 8 and %ﬁnﬁﬁpQgﬁﬁﬂ.%thﬁgghted representatlve vectors having a
wide second- dlmen51onal distribution, and a predetermined

10 number of, for example, three, weighted representative
vectors are selected, as a subgroﬁp Ho, in the order of
increasing differences between the value p2y and the
second-dimensional values of the weighted representative
vectors. This is the pre—seiection_of the weighted

15 representative vectors for the codebook CB2.

Only the weighted representative vectors thus pre-
selected from the codebooks CBl and CB2 are searched for a
pair'of weighted representative vectors that provides the
minimum distance between their combined vector and the

20 input signal vector. In this example, since three
weighted representative vectors are pre-selected from each
of the codebooks CBl and CB2, the number of their .
combinations is nine, and hence the number of combined
vectors is nine. When the pre-selection scheme is not

25 adopted, the number of combinations of the weighted

' representative vectors (the number of combined
representative vectors) is 8X16=128, and when the pre-
selection is made, the number of calculations for the
distance to the input signal vector X is reduced down to

30 9/128 of the number of calculations needed when no pre-
selection takes place. In this pre-selection scheme, when
M codebooks are used, the number of dimensions of
representative vectors is also set to M. The M weighting



vectors, respectively, and that the vectors zli and z2j are al

two-di nensional. In Fig. 4, eight weighted representative vectors,
obtained by nultiplying the eight representative vectors z1li of t he
codebook CB1 by the 15 weighting coefficient vector wi=(wll=1.8,

WL2=0.2), are - I ndi cated by crosses: 1% wei ghted representative
vectors, simlarly obtained by nmultiplying the 16 representative
vectors Z2j of the codebook CB2 by the weighting coefficient vectors
w2=(w21=0.2, w22=1.8), are indicated 20 by white circles. The input
signal vector is indicated by X, which is conposed of a predeterm ned
nunber of signal ~ -~ sanples of each frane, two sanples in this exanple.

The tmo-dinensi%n I.weiggtin coefficient vect and w2 for the
t wo- di mensi onal® 5?5%‘8?’? 1Y® szﬁacg’r g"aé@ at g&FéltrrPHEdm%&ﬁmE‘hat t hey
satisfy Eq. (3femponentvad +a2iififedent? cdmiponiehits pexdapba. (fRatdepsct el an
Fig. 4, whesueLabt ehSE SN VS YRALALT TRLKERLW th the white

circles and the wei ghted representative with the
crosses are d|§FPFS§?%Ha§%XﬁH%ﬁQQQF<h¥'¢@@ yiedgbtiog CO@ﬁﬁ@SLeetmvehtoespect

to a straisght ikhae @imendbherid 'éit[p?ﬁis@.&ted more %Bﬁnpﬁﬁél Bgnkprough the

origin (0, 0). ;.The follomﬁng description will be given on the
assunption thaF PHEPLCar e stored such melghted representative vectors
in the Fig. 5 illustrates an embod1menk30f the codlngcﬁd@bQ@kS

CBl and CB2 i nOI?-' ghezérég%lllzgrw%t%a %%gal% to speecﬁ gbdlng g@ft@héhe

multipliers 21 2
ELP (Code-Excited Linear Prediction Coding) system. In

10 the CELP system, as disclosed by M.R. Schroeder and B.S.
Atal in “Code-Excited Linear Prediction (CELP): High-
Quality Speech at Very Low Bit Rates”, Proc. ICASSP’85, pp.
937-940, 1985, for instance, pitch excitation vectors read
out of a pitch excitation source codebook and random

15 excitation vectors read out of a random excitation source
codebook are respectively pfovided with gains and are

~ combined in pairs, then the combined vectors are each fed
as an excitation signal to a synthesis filter to obtain
synthesized speech, then two vectors and two gains

20 tberefor are determined which minimize distortion of the
synthesized speech with respect to input speech, and
labels of these vectors and labels of the gains are
outputted as encoded results of the input speech, together
with the filter coefficients of the synthesis filter. By

25 applying the vector coding method of the present invention
to the encoding of the gains for the two vectors in the
CELP system, it is possible to prevent the occurrence of
gross distortion in the decoded or reconstructed speech by
a channel error in the codes representing the gains.

30 The input speech signal X fed via an input terminal
34 is sampled with a fixed period and is expressed as a
vector that is provided as a sequence of digital sample
values for each frame period. The input signal vector X



Wth this scheme, the set of weighted representative vectors

(i ndicated by the crosses) of the codebook CBl is 5 approximated with a
straight line 27. That is, the straight line 27 is determ ned so

t hat the sum of di stances, D11, D12, ..., D18, between it and the
respective crosses (or distances in the sddond-di mensi onal axi s
direction) is mninum Likew se, the set of weighted 10 representative
vectors (indicated by the white circles) of t he codebook CB2 is
approximated with a straight [ine 28. The straight line 28 is al so
determ ned so that the sum of di stances, D21, D22, ..., D216, between
It and the respective white circles (or distances in the first- 15

O oSt 0Nl (T VRO 1S Blj0eled co, for. HBGRIRPLLVEELOT X 18
projected on the apprOX|nat|n% B ahd™2

pluralities ofaRisedn a fi r@@@ﬁﬁ&@@@@tvé@t@r@lpiegen@rarb@nder®

proj ections arwhich lirRlre@rdictidl cderFicdlenitkaki-an févﬂ@gﬁ ofrpidre val ue
on 20 t he absci ssa aqg1 ce a first-di nmensiona vaF 1x at t he

i ntersection POt a RS %%ﬁyq|99?f§9°&§§§ﬁn&rﬁhP&G&ht° Calc?%%t¢n$ut

si gnal vettor spemtryareivedoreo phitemeter, appcbxigntuagtsteai ghtaline 28
and the appr oxg;wgtd r.ai l,i t he g#ue P1x._and
first-di mensi ona éZIE.Q:Oev J'lf:els%tﬂ %Equlgfl%ﬂ Eatrttcgﬁﬁoﬁent ofugihgt“ed
cross- marked Valugdisyiietd ase &adgery coeddicientaving aymibesisr st -

di mensi onal difiIddwtiToN aheaCpiBahelxc Pt BoRl §46EEE Edlidbook 3 WHEe Of ,
for exanple, three §§fhted re resentatlve vectors are selected, as a

subgroup HL, i3S G lﬁfQ¥?n SoPde SR LEn¥adPeFe PENYRVEEPTREN t he val ue
plx and Xhe respddtristelgt memtiadmaingy @l € eaenithpitesppetive M@mgdsth@dts

representati veaﬁ@g]taq;elé?faor iﬁ.w?ezftgg_%a%ioghkr%gtors fERresentative

vectors are pre-selecte € co
- 14 - excitation source codebook 43 there are stored sequences

of sample values of various random waveforms respectively
labeled as random-excitation vectors. The pitch-

15 excitation vectors and the random-excitation vectors
s;pred'in the pitch-excitation source codebook 39 and the
random-excitation source codebook 43 are each composed of

' components of the same number as that of samples of one
frame. A selection switch 38 is controlled by the control

20 part 6 to select one of the pitch-excitation vectors in
the pitch-excitation source codebook 39, and the selected
pitch-excitation vector is multiplied by a given gain in a
gain providing part 41, thereafter being applied to the
synthesis filter 37. The difference between synthesized

25 speech Xp from the synthesis filter 37 and the input
speech signal X is calculated by a subtractor 48, and in
the distortion calculating part 5 the difference is used
to calculate distortion D as D=[|X-Xp||2. Similarly, the
other pitch-excitation vectors are sequentially takeh out

30. .from the pitch-excitation source codebook 39 via the
switch 38 _under the control of the control part 6, then
the above-mentioned distortion is calculated for each
pitch-excitation vector, and the pitch-excitation vector



CBl1. Simlarly, a calculation is nmade of a value on the ordi nate and
hence a second-di nensi onal val ue P2y at the I ntersection P2 of a
straight line 31 passing through the i nput signal vector X and
parallel to the approximating 5 straight line 27 and the approxi mating
straight Iine 28, - t hen the second-di¥&nsi onal val ue P2y and second-

di nensi onal val ues (val ues of second conponents) of the white-circled
wei ghted representative vectors having a wi de second- di nensi onal

di stribution, and a predeterm ned 10 nunber of, for exanple, three,

wei ghted representative vectors are séelected, as a subgroup H2, in the
order of I ncreasing differences between the val ue P2y and the

second-di rens! ggaLuahuRsadh DS JE A oL RISIROLEL | Wexe | od€CUOTsle THT S

is the pre-selection o represe CRCT Ve vectors
codebook CB2. random-excigption Heeq;tmrghtwneéorl@sehtemfandomeezcguat:hee pre-

sel ected from kbareadebgeksoBis ayl %&f&§%&%%ﬂ £OoLwRtch 42 RAKr of

wei ght ed represgﬁ%atlve vectors that provides the m ni nrum di_st ance
between their EBRBLALEAVE¥JrILYRN (IR En 2 gfdd PEOYASEngebREE. 46t n this

exanpl e, &i ncethereafter bé&h@hf@dd trcerareeeme&t l47e wheetahs i8r speembehedt ed
from each e ooks, CB1 a 2 t he .nunber
Lonpi rations 1 &3, £h8°aFREER0 e ot " hiaTieh FectlE fare pa

ni ne. \Wen theepqceteéllent sbgnal reectars Fn.ot ThE excadepied, si¢mahundetonf
conbi nati ons 0% Egepﬁﬁbﬂﬁéﬁdto the & 1?%9%??%J¥§§V%9t§55 EEQE pgrber  of

conbi ned . @resentatlve vect or's e pre-
selection is nﬁyé‘ hegézrdnbeeeehr and diisat Bédssorsionhwith resl%l?%‘f— R eth® the

i nput si gmal veaepak Xpeechegli@ﬁ@ll d_{.yvnsitnm%&ly c%llJaZﬁanedt heLﬂlz@tbﬁée of

bre-selection SeRBnELSERERTOR' £5 e, RIS Ca Ardegachnazy bhBept chet®

di mensi ons of remainipgr rsrdomtexel eatiar srecs:oaisso.rse:het caMioiﬁhe M

vei ghting excitation source codebook 43 and the random excitation
vector of the minimum distortion is determined.

15 . After the selection of the pitch excitation vector
and the random excitation vector as mentioned above, gains
gp and gc of the gain providing parts 41 and 46 are so
determined as to minimize the distortion as described
hereafter. In gain coebooks CBl and CB2 there are stored

20 gain vectors z1ji (where i=1, ..., a) and z25§ (where
j=1, ..., b), respectively. The gain vectors z1j and z2j
are each composed of two components and expreSSed as
z1i=(z1i1. 2z1i2) and z24=(z241. z2j2). respectively. The
gain vectors zii and z2§ taken out of the gain codebooks

25 CBl and CB2 are multiplied by weighting coefficient
vectors wi=(wil, wi12) and w2=(w21, w22) by multipliers 21
and 22, respectively, from which weighted gain vectors
yi=(yi1, yi2) and yj=(yji. vj2) are provided. Here,

Yil=21i1wll, Yi2=z1i2wl2, Yj1=22j1w2l., Yj2=22j2W22 (4)

30 In a vector combining part 3 the weighted gain vectors yji

' and yj are combined into a combined gain vector G=(gp. 9c¢)
which is composed of such components as follows:

gp=Yilty¥j1., Jc=Yi2+yj2 (5)



- 15 - coefficient vectors each have at |east one maxi num
conponent at a different conponent position (that is, in a di fferent
di mension), and by multiplying the representative vector by the

wei ghting coefficient vector, 5 that dinension is enphasized nore than
t he ot her di nensi ons. Frgl85-illustrates an enbodi nent of
t he codi ng net hod of the present invention-applied to speech coding
-of the CELP (Code-Excited Linear Prediction Coding) system In 10
the CELP system as disclosed by MR Schroeder and B. S. Atal in
"Code- Exci ted Linear Prediction (CELP): H gh- Qual ity Speech at Very
Low Bit Rates", Proc. | CASSP 85, pp. 937-940, 1985, for instance,

pitch excitati ahevettQtSah8adecond cortneds %&%%ﬁf% o3 L BQUECS e

codebook and random 15  “excitation Vectors r 4 1andsm extrfat i on
source cdeBoYRCEPE FeldpecRyveldedrasy i Hatsthiand geicendagaiaseto

combi ned in paithe, ghianptbeieondi pes yept Ay e, st died the a,r@sa:@@d .
speech,

excitation signal a nthesis _filter, to obtain synt hesi ze

t hen two vecto?% gﬁgtﬁagygégﬁspﬁﬁph SAHFA AT HSE R SPnRed thsi ER2APRI ni ze
di stortior® of tkeitationsyathesirdfspeate witdch esddation Bpukcepeech,
and | abeleggrbobRes8 YRSt 2005 : the gai r

out putted as encodeg results 0€E€he |ﬁ%ﬁ?sé%ggiJfg%égggﬁgr%O%ebooﬁi#ﬁ'the
filter coefficr&FPECELVERE.synthesis filter. By 25 applying the vector

coding method of thehprgsesh &XVEMtth vectod G ldle £RCMeNGaphiokne gains
for the two Ve%&%&%akgokhsector gcCr muitiplied by the gains gp and C
o] R
10 in the gain providing parts 41 and 46, respectively, are
added together by the adder 47 and the added output is fed
as an excitation vector'E=ngp+gcCR to the synthesis
filter 37 to synthesize speech X. The difference between
the synthesized speech X and the input speech signal X is
15 calculated by the subtréctor 48 and the difference is
provided to the distortion calculating part 5, wherein
D=||Xx-X||2 is calculated as the distortion of the
synthesized speech X with respect to the input speech
signal X. The control part 6 controls the selection
20 switches 7 and 8 to control the selection of the gain
vectors of the gain codebooks CBl and CB2, and the
selected gain vectors z1i and z2§ are multiplied by the
different.weighting coefficient vectors w1 and w2 by the
multipliers 21 and 22, respectively, thereafter being
25 .provided to the vector combining part 3; The weighting
coefficient vectors wi and w2 are two-dimensional vectors
that satisfy Eq. (3), and the two elements of each vector
differ from each other. The gain vectors of the codebooks
CBl and CB2 are selected so that they minimize the
3Q distortion which is calculated in the distortion
calculating part 5. Upon selection of the gain vectors
- that minimize the distortion, gain labels indicating the
selected gain vectors of the gain codebooks CBl and CB2,



CELP system it is possible to prevent the occurrence of gr oss
distortion in the decoded or reconstructed speech by a channel error
in the codes representing the gains. 30 The i nput speech signal X
fed via an input term nal 34 is sanpled with a fixed period and is
expressed as a vector that is provi d& -as a sequence of digital
sanpl e val ues for each frame period. The input signal vector X

- 16 - of every frane is subjected to, for exanple, an LPC
analysis in a filter-coefficient determning part 35, from whi ch

| i near predictive coefficients are provided. The | i near predictive
coefficients are used to calculate a 5 spectrum envel ope paraneter,

which s quantizgt d i catind e efaeblisgebAUANLRA DA Indfy and

t he quantlzed ue 1s set as t ter coefficient of a synthesis
filter 37. | ne%chiatelreisatan of e &d teddersdicagdonhspurce codgbeokt or ed

gegrencef OftSffﬂﬁﬁﬂ\E?éﬂ¥hdﬁomﬁé%ﬁfﬁdﬂio%psou&%%p%%Ebﬁabkt@Qnaét€¥ﬂ?ned

ifferent pitc p ri od..conponent s itch excitation

vectors. Ina? ribe én%ﬁﬁ&ﬁQﬂﬁ%%m?ngoﬂfﬁﬁﬂtdﬁ%ﬂﬁﬁﬁ H@ré ZF@rstored

sequences5 coaff:sraremte setl ues wife \@ymithies irsaifddroera et alrmsoﬁepnecéavel y

| abel ed as randongexcidation, Vtesctoq‘.r %he Q%FQ{ %% Jc%hm ﬁ?‘i' kat k9§ mV/§CLOrs
ore t H cita

and the randomexcitation vec ch="éx tron
sour ce codebooko®® QuHPUHelng ParﬁwﬁﬁyanreXC|tat|on source codebook 43 are

each conposed of  1n cHOMPRACH erfodifentdMB N MIQto2EibRAE sOf sanpl es of

one calculated for every combination of gain vectors selected

10 from the gain codebooks CBl and CB2 so as to determined
the pair of gain vectors that provides the minimum
distortion. As referred to previously with respect to Fig.
4, however, the paif of gain wvectors, which provides the
minimum distortion, may also be determined by pre-

15 selecting pluralities of candidates of gain vectors =zi1i
and z2j and calculating the distortion for every
combination of such pre-selected gain vectors in the case
where they are combined with the pitch excitation vector
Cp and the random excitation vector Cr. In this instance,

20 as is the case with Fig. 4, weighted gain codebooks CB1l'
and CBZ' are prepared, for example, as Tables I and II as
shown in Figs. 6A and 6B, by precalculating weighted gain

vectors _
_ ¥1i=21iwl=(21i1wil, z1i2w12)=(¥1il.¥1i2)
25 y2j=z2jw2=(22j1w21, 2z2j2w22)=(Y¥2jl, ¥2j2)

which are the products of the gain vectors ziji and z25 of
the gain codebooks CBl and CB2 and the weighting
coefficient vectors wi=(wil, wi2) and w2=(w21,w22), and
the codebooks CBl' and CB2' are used as substitutes for

30. the codebooks CBl and CB2 in Fig. 5 and the multipliers

' are left out. As-in the case of Fig. 4, all two-

dimensional weighted vectors yii of the weighted gain
codebook CBl' are plotted as points on a two-dimensional



frame. A selection switch 38 is controlled by the control 20 part 6. to

sel ect one of the pitch-excitation vectors in the pitch-excitation
source codebook 39, and the sel ected pitch-excitation vector is
multiplied by a given gain in a gaigvproviding part 41, thereafter
being applied to the synthesis filt 37. The difference between
synt hesi zed 25 speech Xp fromthe synthesis filter 37 and the input
speech signal X is calculated by a subtractor 48, and in t he
distortion calculating part 5 the difference is used to calculate
distortion Das D=//X-Xp//2. Simlarly, the ot her pitch-excitation
vectors are sequentially taken out 30 fromthe pitch-excitation source

codebook 39 vi @cbR@inate sp¥tékiaB8intideitddhdc WA cokcllbe eankigl part
LI ot ot SRR BOREFA TR P AL SHOLA o 5 SR ko
- 17 - . }s poécaheuhavednivy ditsd andilwd icsf detesstmisedreblext, one of the
oo L SRIEELD! o 8 R AR ARGty ypSolEcene,
gain in adgai nwa?—swaiingaia@r@ocg@?o% CRherags tdioWeachgst eginssapnabber 47
wherein it is eqdbaiREnsional OcédedPid Aty AREHE ReMiRialked: BYCidrit&n
vector into an .. excitgtig sé al vector E. .The exchtati n sigﬁgl
vector B CATEME: MBAFTY" t hROY R USRI (ResF 2 G1GERSTatS
synt hesi zed speeobpand stshdpsimts iim mrddalmszastd thy tthe h@thodnpfit speech
signal is simhaly gahgyggged. Li kew se,
10 As is the case with the Fig. 5 example, the §ains of
tﬁe gain providing parts 41 and 46 are set arbitrary and
the pitch excitation vector Cp that provides the minimum
distortion is determined, which is followed by the
determination of the random excitation vector CR that
15  provides the minimum distortion. Next, the output i? from
the synthesis filter 37 is measured when only the pitch
excitation vector Cp is applied thereto as an excitation
signal with the gains g§=1 and ge=0. Likewise, the output
ﬁR from the synthesis filter 37 is measured when only the
20 random excitation vector Cr is applied thereto as an
excitation signal with the gains gp=0.and gc=1. Since the
synthesized speech output X from the synthesis filter 37,
which is provided when the vectors Cp and Cr selected
from the codebooks 39 and 43 are multiplied by the gains
25 gp and gc, respectively, is expressed as X =gp5i p+gcf(R,
the distortion D of the synthesized speech X with respect
to the input speech signal X is given by the following
equation:
D=||[X-gp X p-gc XRl2
30 - =XtX+gp2 Xpt Xp+gc? XREXR
‘ -2gpXERp-2gc Rt Xp-2gpgc Xpt KR (6)
where b indicates a transposition. By partially
differentiating the above equation by the gains gp and gc¢



such distortion is also calculated for each of the other remai ni ng
random excitation vectors in the random excitation source codebook 43
~and the random excitation vector of the minimumdistortion is

determ ned. 15 After the selection qf the pitch excitation vector

and the random excitation vector as nenti drted above, gains gp and gc
of the gain providing parts 41 and 46 are so determned as to mnim ze
the distortion as described hereafter. In gain coebooks CBl1 and CB2
there are stored 20 gain vectors zli (where i=1, ...., a) and z2] (where
j=1, ..., b), respectively. The gain vectors zli and z2j are each
conposed of two conponents and expressed as zli=(zlil, Z1i2) and
z2j=(2z2j 1, z2j@, owﬁsﬂe(ﬂﬂd&i Whichh@iinimiz@atheVaek0bStZbh BNGeRZ] taken
out of the galg £ debooks . CBl and 2 are nultiplied by weighting
coefficient WA SHASAPE, 3RE2PP (w21, w22) by multipliers 21

and 22, respectlveIQD/a‘glpomZ%DCﬂﬂtm@l ghizediggl-ﬁg\éeqt‘bxa [err] (7} [err]
30 In a vector c ng rg.833th vectors Yi and Yj
St e sl 2 2

are conbined into |ne garn whi ch I's" conposed
of such Cénpongh@geaghqcﬁqqﬁ&;thpeers a downward convex function with

- 18 - respect to each of the gains gp and gc as is evident from
Eqg. (6), the gains gp and gc that minimize the distortion
D are values when dD/dgp=0 and 9dD/dgc=0. Hence, we have

_ gpfiptﬁp—gc}’iptf{R=f{tip (9)
10 —gciptﬁR+gciRtiR=§(tiR (10)
from Egs. (7) and (8), respectively. From the following
equation, .
XptXp -RptRy 9p XtXp
_ = (11)
15 , -ﬁptﬁR iRtﬁR gdec ﬁtﬁR

the gains gp and g¢ that satisfy Egs. (9) and (10)
simultaneously are expressed as follows:

~ ~ ~ ~ _1 ~ ”~
9p XptXp -XptXgr XtXxp
20 . = (12)
gc -XptXr XRtXr XERr |

Expanding Eq(12), the gains gp and gc are given by the
following equations, respectively:
25 gp=k{ KRt Xr- Xt Xp+ Rpt g Rt XR) (13)
ge=k{XptRp Rt X+ Xpt Xp- Xt Xp) - (14)
where k=1/(XptXp XrtXr-2XptXR). The pair of gains {gp.
gcl thus obtained is the combination of gains that
. minimizes the distortion D. This pair is plotted as the
30 optimum gain vector as indicated by a point Pg in Fig. 7
‘and straight lines parallel to the straight lines Ly and
L1 are drawn from the point Pg, determining their



The first and second conponents gp and gc of the conbined gai n vector
G are provided as first and second gains to the gain providing parts
41 and 46, wherein they are used to multiply the pitch excitation
vector Cp and the random 5 . excitation ctor CR fromthe pitch
excitation source codebook 39 and tfi€ random excitation source
codebook 46, respectively. ' The pitch excitation vector
gpCp and the random excitation vector gcCR nultiplied by the gains gp
and CR 10 in the gain providing parts 41 and 46, respectively, are
added together by the adder 47 and the added output is fed as an
excitation vector E=gpCp+gcCR to the synthesis filter 37 to

synt hesi ze spémmhrkecthendiPiea&@cezb@iwmeﬁhe llneilna,&ynihgﬁiZRd speech X

the oi fer ncdreeiicy 85kelabied ot YR AT iort< Wiaadmd piets *

wher ei n omEAnRER Vﬁéuﬁ‘f psecelese atedthke phindiRr eud (aelta‘cttelde

synt hesi zed speeEh theWebBeb8SREER] O&Q@lé PUhSREeE] rig. sA%I Al Xy The

control part 6 cqQntrols_ the selection sw tches 7 and 8°to control t he

sel ecti o of t"’hélﬁéltnsubgmu?ect%‘fms’-]f)’fﬂtyf’re gy RV rEdddBo 6s wepghtrd eBdn and

Ej h]gef sel mr@amﬂ&e%?is #hi2Rwhadé abecivdd ivwliwss fay:et Reose |
ifferent weighti nt _vec |ers

21 and 22, reg%ec gﬁ? r%ﬁ?t%?'{% %‘gﬂ%‘“ %g% %/%%%"%%‘ %({a

conbi ni ng par tIISSTfPM@ wai §hg|- ngB) to f@nefm@emdegr@m and W2 are-

two- di nensi onal Ve(iho'i:ﬁls casel hﬁfe&é’% ﬁfli’n{@ nimer &1k tunﬁg%ﬁ%he ng'[‘et s of

each vector differ from each aln vectors books
CB1 and ‘82 ar"@cé:é’lréct(éarsﬁxﬁﬁa%et hEQuHi From 782 :H% Bovithyixasmagtotanhi ch is

cal cul at ed i n thkee pdiiatorhi and elgh@agﬁtbﬁ\ai'aﬁgepﬂitwﬁtl'll Ligmpe&ﬂi nga it@ie Of }]he
gain vectors m_ni ni i stortion, gain.labels.. |cat|ngt e
sel ected gain vegtorgsofr?h§e§3f% %oﬂ%bﬁﬂ%@ %ﬁﬁ g. f istan

from the points P; and P2, Another method 1s to select
weighted gain vectors that lie within predetermined

15 distances dj and d2 from the points P1i and P3,
respectively. Alternatively, since eight vectors yiji are
prestored in the codebook CBl', mean values of i=n-th and
i=(n+4)th ones of the gain components y1i2 are calculated
for n=1, 2, 3, 4, respectively, and the thus obtained

20 values are set as threshold values Thi, Th2, Th3 and Thyg.
If the ordinate value pjc at the intersection P71 is
P1cSThi, then (i=1, ..., 4)th weighted gain vectors are
selected, and if Thp<pie<Thp+1 where n=1, 2, 3, 4, then

_ - (i=n+1, ..., n+4)th weighted gain vectors are selected.

25 Similarly, since the number of wvectors Y25 stored in the
codebook CB2' is 16, mean values of (j=m)th and (j=m+8)th
ones of gain components y2ji are calculated for m=1, ...,
8, respectively, and the wvalues thus obtained are set as
threshold values Thy, ..., Thg. If the abscissa value p2p

30 at the intersection P2 is p2p<Thi, (=1, ..., 8)th

’ weighted gain vectors are selected, and if Thm<p2pSThm+l
where m=1, ..., 8, (j=m+1l, ..., m+8)th vectors are



- 19 - | abel s indicating the excitation vector and the random
excitation vector of the pitch excitation source codebook 39 and the
random exci tati on source codebook 43 determ ned as described
previously and | abel indicating the filter % coefficient set in the
synthesis filter 37 are outputted, as®®ncoded results of the I nput
speech signal X, froma code outputting part 49. In the Fig.
5 enbodi nent, the distortion is cal cul ated for every comnbination of
gain vectors selected 10 fromthe gain codebooks CBl1 and CB2 so as to

det erm ned the pair of gain vectors that provides the m ni num
distortion. As referred to previously with respect to Fig. 4, however,
the pair of gasaleetédrs Iwwﬁjschll%bolbbégibtl.beto useM/arbas dbsheF ti on, may

al so be deter r selecting pluralities of candidates of gain
vectors zli nkgf%%gy%g ﬁ%&&P%&ﬂ(ﬂﬂ ating the distortion for every

conbi nati on of suchApdessEimniqnjwﬂil1bﬁe@ﬁmmm.bﬁ'mhﬁidaaaother mbehedt hey
are conbi ned “b?hpfgeséiééﬁhﬁﬁ“ﬁéﬁﬁfdﬁléga f”%ectorsCEr%ﬂpthgecgﬁgg8gks

excitation vect or S I nstance IS the case Wt
wei ght ed gdain %Eﬂé%'bk‘ésm the afoparmepriones sraporimatisg é%ﬁﬁpgbt as

Tables | and Ill.:.ﬁés L1 aﬁ@qy\m bdbdd @ 0 MRARB J¥Y 1REetakeuhabsNg At

wei ghted gain ors i ch are t he products of_ the gain
vectors z1i and* % f’ Ebé§ﬁﬁ§q1 éﬁﬁ%ﬁg néd1 Xphd ScBeashy et when
wei ghti ng opbef thelgntclvemxccnrtsaumm( wkkbtorl Dp drdm/\BhewpiteR?), and

t he codebooks £Bdi té{@bﬁigb t r .30 t he codebooks
CBl1 and 2 in F|b and t “f&feq:qu’?‘ 3PSl tp'ilo%de(a althe

exc1tat10n s1gnal vector BE to the synthesis filter 37,
with the gain vectors set to gp=1 and gc¢=0. Similarly,
the synthesized speeéh signal X¢ is measured when only the
random excitation vector Cr from the random excitation
source codebook 43 is provided as the excitation signal

15 vector E, with the gain vectors set to gp=0"and gc=1. For
the pre-selection of the gain vectors stored. in the gain
codebook CBl a value D1(1) is calculated for every i as

follows:
D1(1)--IIX—W112111X1=II2 . (15)
20 Then, a predetermined number of, for example, three gain

vectors are pre-selected from the gain codebook CBl in
increasing order of the value D1(i): For the pre-
selection of the gain vectors stored in the gain codebook
CB2, a value D2(j) is similarly calculated for evéry j as

25 follows: .

D2 (§) =|[X-w11z2§2Rcl? (16)

Then, a predetermined number of, - for example, three gain
vectors are pre-selected from the gain codebook CB2 in
increasing order of the value D2(j). Only for the

30 triplets of gain vectors z1i and z2§ thus pre-selected

' from the codebooks CBl1 and CB2, a value D(i, j) is

calculated as follows:

D(i, j)=|IX-(w11z1i1+w1221i2) Xp



are left out. As in the case of Fig. 4, all two- di nensi onal wei ght ed

vectors Yli of the weighted gain codebook CB1' are plotted as points
on a two-di nensi onal : - 20 -

coordi nate system as indicated by bl ack CI {Ips in Fig. 7 and a
straight line L[err] closest to the group 0f such points S
precal cul ated by the nethod of | east squares. "Simlarly, al

t wo- di nensi onal wei ghted vectors Y2 of the 5 weighted gain codebook CB2'
are plotted as points on the t wo- di nensi onal coordi nate system as

I ndi cated by white circles in Fig. 7 and a straight line L2 closest to
t he group of such points is precal cul ated by the nethod of | east
squares. 10 As is the caSwiydijAqudﬁjg) cB%anpl7e, the gains of
the gain provi diag pg_lr %ﬁdd'% g %1 t:l“faer lQ)lalruae”é %ngrovn.de&hgsp' tch
excitation vector V|des di rtion

det er m ned, V\/nle@ﬁoFi§df eREBWES - bﬁ‘hlhiemethOGdéﬂ-éprrpﬁmF-éﬁ peduglelommedHm

excitation vectge %bheatiénal%%f@aéwqwﬂw distortion. Next, the
out put [eE{] from he synthesis filter. 37 is %%9%§red when only the

pi tch exci tati BhLVBELES tRus, R apkarhst & R geiPaV PEROTS
signal wth th&hgai asegpeleandd gorrd. byt ideeni Reom tihe ikt and seXBnéirom t he

synt hesi s filt%ﬁbﬁzohﬁ 9§E£8gt¥¢§¥#1 ﬁétgéaf%éﬁd'f%@dg”hgxg' §t|on vect or

CR is applied thereto ion Sl Wi Th arns gp=0 and
gc=l. Since th@elghteéyg@h@svgé@os@e@m mnqoutdex h‘na)mlmmusydtthégrsmnl ter

37, from the input speech signal X, that is, an optimum pair

10 of first and second gains gp and gc is thus determined and
combined. Then, labels, which represent the pair of pitch
excitation vector and random excitation vector determined
previously and the combined gain vector (gp, gc). that is,
a label of the pitch excitation vector in the pitch

15 excitation source codebook 39, label of the random
excitation vector in the random excitation source codebook
43, labels of the gain veéctors in the weighted gain
codebooks CBl' and CB2' (or gain codebooks CBl and CB2)
and a label produced by quantizing the filter coefficient

20 are outputted as encoded results of the input speech
vector X. _

At any rate, the multiplication of the weighting
coefficient vectors wi and w3 by-the multipliers 21 and 22
begins to bring about the effect of preventing a channel

25 error from seriously distorting the decoded output when
the ratio of corresponding components, for example, wi]
and w21 of the weighting coefficient vectors exceeds a
value 2:1. Even if the ratio is set to 10:1 or more,
however, the distortion by the channel error cannot

30 appreciably be improved or suppressed; on the contrary,

' the decoded output is rather distorted seriously when no

channel error arises, that is, when the channel is normal.



whi ch”i's provi ded when the vectors Cp and CR sel ect ed fromthe
codebooks 39 and 43 are nultiplied by the gains 25 gp and gc,

respectively, is expressed as X =gpX p+gc[err]R the distortion D of

t he synthesized speech [err] with respect to the i nput speech signal X
I's given by the follow ng equat i on: [err] . where t indicates a
transposition. By partially di ff eren€Pari ng the above equation by the
gains gp and gc - 21 - to obtain
t hose which minimze the distortion D, the foll ow ng equations are

obt ai ned: [err] 5 Since the distortion Dis a dowward convex function
wth respect to each of the gains gp and gc as is evident from Eq.
(6), the gains gp and gc that mnimze the distortion D are val ues when

[err] and [err]. HaRCeneWeiBaVE embodiment, the weighting coefficient
vectors, the weighted_gain vectors and the combined gain
vector have all been described to be two-dimensional
vectors with a view to providing gains to the excitation

5 vectors read out ffom both of the pitch excitation source
codebook 39 and the random excitation source codebook 43.
In the CELP system, however, there are cases where
pluralities of pitch excitation source codebooks and
random. excitation source codebooks (which will hereinafter

10 be referred to Simply as excitation source codebooks) are
provided and excitation vectors read out of the excitation
codebooks are respectively multiplied by gains and
combined into the excitation signal vector E. In general,
according to the present invention, when M excitation gain

15 codebooks are used, M gain codebooks (or weighted gain
codebooks) are Qrepared'té provide gains to M excitation
vectors and the combined gain vector, the weighting
coefficient vectors and the weighted gain vectors are all
set to M—dimensional vectors accordingly.

20 . In the Fig. 5 embodiment, the random excitation
source codebook 43 may be formed by a plurality of
codebooks. For example, as shown in Fig. 8, the random
excitation source codebook 43 is formed by two codebooks
43a and 43b; in this instance, one random excitation

25 - vector is selected from either of the codebooks 43a and
43b and the thus selected random excitation vectors are
multiplied by weighting coefficient vectors wgry and wrp by
weighting coefficient multipliers 5la and 51b,
respectively. The weighting coefficient vectors wry and

30 WRa are selected such that they bear the same relationship
as that between the weighting coefficient vectors wy and
wy described previously with reference to Fig. 2A. The
outputs from the multipliers 5la and S1lb are combined in a



fromEgs. (7) and (8),'respectively. From the fol |l ow ng equati on

[err] the gains gp and gc that satisfy Egs. (9) and (10)

si mul t aneously are expressed as foll ows: [err] Expandi ng Eq(12),
the gains gp and gc are given by the foll owi ng equations, respectively:
where k=1/([err]). The pair of gains {gp, gc} thus obtained is the
conbi nation of gains that mnimzes-ti2s distortion D. This pair is
plotted as the 30 optimum gain vector as indicated by a point Po in Fig.
7 and straight lines parallel to the straight lines L2 and Llerr]
are drawn fromthe point Po, determ ning their

- 22 -

random vector combining part 52 and the combined output is
provided, as the random excitation vector selected from
the random excitation source codebook 43 in Fig. 5, to
the gain providing part 46. As described previously with

5 respect to Fig. 5, random excitation vectors are selected
from the random excitation source codebooks 43a and 43b
under the control of the control part 6 in such a manner
that the distortion of the synthesized speech signal X
from the input speech signal X becomes minimum.

10 As is the case with the encoding of the random
excitation vector, the present invention is also
applicable to the encoding of the pitch excitation vector
in the configuration of Fig. 5. That is to say, as shown
in Fig. 9, the pitch excitation source codebook is formed

15 by two codebooks 39a and 39b; one pitch excitation wvector

- selected from either of the codebooks 39a and 39b, then
they are multiplied by weighting coefficient vectors wpa
and wpp by weighting coefficient multipliers 53a and 53b,
respectively, then these multiplied outputs are combined

20 in a pitch excitation vector combining part 54, and the
combined output is provided, as the pitch excitation
vector selected from the pitch excitation source vector
codebook 43 in Fig. 5, to the multiplier 41. The _
weighting coefficient vectors wpa and wpp that are set in

25 the multipliers 53a and 53b are determined in the same
fashion as the weighting coefficient vectors wi and wz in
Fig. 2A. .

The present invention can be applied to the guantization
in the filter coefficient quantizing part shown in Fig. S

39;m“~by configuring the filter coefficient quantizing part 36
in the same manner as depicted in Fig. 2A. That is,
representative spectrum envelope vectors are prestored in
the codebooks CB1 and CB2 in Fig. 2A, then one



i ntersections P[err] and P[err] with the lines L[err] and L[err]. A
plurality of weighted gain vectors Yli=(ylil, Y1li2) whose ordi nate
values are close to the point P[err] are sel ected fromthe codebook
CBl1l' (Table I shown in Fig. 6A) to form 5 a first subgroup. simlarly,
a plurality of weighted gain vectors [err]2j=([err]2j1, Y2j2) whose
absci ssa val ues are cl ose to the poiat P2 are selected fromthe
codebook CB2 (Table Il shown in Fig. 6B) to forma second subgroup.
In this case, predeterm ned nunbers of weighted gain 10 vectors (for
exanple, four fromTable | with respect to the point P[err] and eight
fromTable Il with respect to the point Plerr]) are selected in

i ncreasi ng order of distance fron1the points P[err] and P[err].

Anot her nethod_is to sel ect htedfggln vectors_that Iie within

pr edet er m ned f%presﬁ?E?E&ﬁ%£§RﬁQ£q?F-§HH%& e Vertom eRéepbEAL EXBPerr] and
Plerr], eéshertofetlye Aldeards \oHEly ansl OB disghtilvéplbed bitithee

nes of the galh co%%onef%% FEFD Helhetng SBeERifiing yeopbfyug) 1l

respectively, 8R8 Yhe ahdstlobtrailtehli@®d vectloras aare combiaedt hneshel d
val ues Thiserr] veIEE,frémeirrﬁl{ rﬂa&n@ Th&‘ﬁé] {* resentéle\tréesg%éjﬁﬂ?fﬂe vaI ue

Plc at the |ntersegt|on err| %
wei ght ed .gai n FEYELPREaY cor t@ﬁﬁ(ﬁﬁﬁa§e¥%ﬁqu=f?ﬁﬁkﬁpé<? ﬁ¢P°ﬂh§r€B% 1
2, 3, 4, then and CB2ianelsearcheddrt la woiniited ign nfveeb@éseﬁtetﬁeéect ed.

25 Simlarl f ve S Y2 din_the

codebook CB2' )‘ége%{]&rﬁméﬁ&%%%e% fﬁtl}aﬁ & (lj%t g‘)et ARttt Ghes of
gain conponent§l¥2FnCﬁrbetm¢anQthr1dmmhmﬂbd vector and 8her éspetti vel y,
and the val ues s?@k!ﬁr@lht 8hiperhgd eve'?:_‘ft‘:toraSfrom thet @'1@%@9' dovkyesedplerr],

..., Thlerr]. t he, apsci ssa value he intersection P[err] S
p2p<Th[err], (Petermining)part 3 F\M gﬁ:t ed gal n vectors are sel ected, and

i f ThﬁKp2p<Thn%1 The V@Eférfﬁﬁﬁlng method jcnthe preseﬁt8ihbeM§§bﬁr§sare
applicable to the VSELP system as well. Fig. 10
illustrates the principal parts of its emboaiment. In

15 this instance, the random excitation source codebook 43 in
Fig. 5 is formed by a number of basic vector codebooks 433
to 43n'in each of which there is stored one random
excitation vector. The random excitation vectors read out
of the basic vector codebooks 437 to 43p are polarized

20 positive or negative in polarity control parts 561 to 56p
and the polarity- controlled random excitation vectofs are
multlplled by weighting coefficient vectors wrl to wWrn by
weighting coefficient multipliers 571 to 57n. The

. multiplied outputs are added together by an adder 58 and

25 the added output is provided as the random excitation
vector to the multiplier 46 in Fig. 5. The polarity
control parts 561 to 56p are individually controlled by
the control part 6 in Fig. 5 so that the distortion of the
synthesized speech signal from the input speech signal is

30 minimized. In other words, each pair of basic vector
codebook 433 (where i=1, 2, ..., n) and polarity control
part 56j constitutes one random excitation source codebook
and one of two positive and negative random excitation



L 237 selected. It is also possible to use various other

sel ecti ng net hods. A description will be given of still another
met hod of pre-selecting candi dates of vectors fromthe codebooks 5
wi t hout using the afore-nentioned approximating straight - lines L[err]
and L[err] based on the nethod of |east squares. At first, the

synt hesi zed speech signal Xp is neasured 2Ben only the pitch
excitation vector (Jerr] fromthe pitch excitation source codebook 39
is provided as the 10 excitation signal vector Eto the synthesis filter
37, with the gain vectors set to g[err]=1 and g[err]=0. Simlarly,
the synt hesi zed speech signal X err] is nmeasured when only the random
excitation vector CR fromthe random excitation source codebook 43 is
provi ded as the XC|tat|on si gn vect or ain, vg&tors set

P glerr] o anepers Lo-gp12clad e pne St Ritt ne Th WesEbEGPE
stored in the cga&ﬁficientcw&eluomk R, ta wgh uet I]:l(le)wergh:tzadrthI at ed for every

i as foll f1c1ent mu1thBiibr&0s7 T@gn57 %d%é$r0n1 Yper of,

for exanple, three gain gigors Al & pr e- sB a|n
codebook CB1 j§pme rel@ﬁ%0@§§#§ga§rEbatobetW@eWth% Wﬁ%ﬁhﬁ%ﬂg For the pre-

sel ections of tdwefEidl SHRCKRLE 0T50EEFetPed NEo ggtévﬁ@\ﬁl@i&?%uh redgdat &o/al ue
D2(j) is S|n1lafly cal cul ated for every | 5 f ol [err] .

(16) Therf *% [%Pédet erm ned nunber of, for exanpl e, three gain
vectors are pre-selrctwdd if b@nmhergabadcﬁﬂabwkewasd:ﬂiptionigt'a‘re&asi ng

order of the Al QSAl Hbe LY LOE1 L1915 enk/Lahgh ko110

zli and z2j thus pre-sel ect
source codebook 43 in Fig. 5 may also be substituted with

10 the basic vector codebooks 431 to 43p and the polarity
~ control parts 5671 to 56p in Fig. 10. The same goes for
the codebooks 43a and 43b in Fig. 8. The pitch excitation
source codebook 39 ih Fig. 5 may also be formed by what is
called an adaptive codebook which adaptively generates the
15 pitch excitation vector from the pitch period obtained by
analyzing the input speech signal and the excitation
signal vector E of the previous frame. This adaptive
codebook can be used as the pitch excitation source
codebook 39 when the configuration of Fig. 8 or 10 is
20 employed as a substitute for the random excitation source
codebook 43. Furthermore, the present invention is also
applicable to an arbitrary combination of the vector
coding of the power of a speech signal, the vector coding
of a spectrum envelope parameter, the vector coding of a
25 pitch excitation source codebook and the vector coding of
a random excitation source codebook.
As described previously, the multipliers 21 and 22 in
Fig. 2A may be omitted by prestoring, as the
representative vectors, weighted representative vectors
30 wizli and w2z24 obtained by multiplying..the representative
vectors in the codebooks CBl and CB2 by the weighting
coefficient vectors wi and wp. Similarly, the multipliers
24-and 25 in Fig. 2B may be omitted by prestoring the



fromthe codebooks CBL and CB2, a value D(i, j) is cal cul ated as

follows: [err] - 24 -

[err] Then, i and j that minimze the value are provided as

encoded outputs. This nmethod al so permts reduction of t he
conput ati onal conplexity involved. 5 Al'l pairs of thus pre-selected
wei ghted gain vectors that are select®d one by one fromthe first and
second subgroups, respectively, are searched for a pair of

wei ghted gain vectors that provide the m ninmumdistortion

fromthe

i nput speech signal X that is, an optimumpair 10 of first and second
gains gp and gc is thus detern1ned and conbi ned. Then, | abels, which
represent the pair of pitch excitation vector and random excitation

vector determpgdyhted réﬁfé%gﬁeaﬁﬁv%ﬂ%'Eﬂﬁm%pquﬂedaga'az¥gCt9ﬁ cgkerr],

glerr]), that is 1tch citat

in the pltch

15 exci t at i SRIeBeRkS BHSFHICEY Ileé?é’ac':dﬁ’et e rBh8OMD the Big ttion
vector in the élﬁbd@iﬂt%) tieHd thlfiﬁlgil(i%r(‘so(iﬂbgeﬂﬁ zz may48e baketeaobyt he

gain vectors ip ht e
dodebooks oo Brertebnnd Wled gain u<3OEH AL, 52 gpifh ForRgoehE PR o
coefficiebt 20and @B2. outpitiged asaadcedeuooesuhESmnltipblen@u51apeEﬁh

vector X

and 53a and 53b may be omitted by prestoring weighted

vectors in the codebooks 43a, 43b and 39%a, 39b.
“While in the above representative vectors read out of two

codebooks are vector-combined, the present invention is

10 also applicable to a system wherein representative vectors

read out of three or more codebooks are vector-combined.:

Moreover, the Fig. 5 embodiment of the présent invention

has been described as being applied to the coding of the

input speech signal, but it is needless to say that the
15 invention is applicable to the encoding of ordinary

acoustic signals as well as to the encoding of the speech

‘signal.

Next, a description will be given of characteristics

that are obtained in the cases of applying conventional

20 tgchniques and the present invention to the vector coding

of the gains gp and g¢ in the CELP speech coding shown in

Fig. 5.

(a) A first conventional technigue substitutes the
two gain codebooks .CB1 and CB2 in Fig:. 5 with one gain
25 codebook which specifies one two-dimensional gain vector
by seven-bit label and has 27=128 labels. The one
component of the two-dimensional vector read out of the

gain codebook is used as the gain gp for the pitch

excitation vector and the other element as the gain gc for

30 .the random excitation vector.

(B) A second conventional technique uses the two gain
codebooks CBl and CB2 shown in Fig. 5 but does not use the
weighting coefficient vectors. The codebook CBl prestores



At any rate, the nultiplication of the weighting coefficient vectors
wWerr] and wWerr] by the multipliers 21 and 22 begins to bring about
the effect of preventing a channel 25 error fromseriously distorting

t he decoded out put when the ratio of correspondi ng conponents, for
exanple, wWerr] and werr] of the weighting coefficient vectors
exceeds a value 2:1. Even if the raBilo-is set to 10:1 or nore,
however, the distortion by the channel error cannot 30 -appreci ably be

i nproved or suppressed; on the contrary, t he decoded out put is rather
di storted seriously when no channel error arises, that is, when the
channel is normal. _ - 25 -

In the Fig. 5 enbodinent the meighting coef ficient vectors, the

wei ght ed gain vectors .o ﬁ- lLned.g ﬁ % htE all been
described to bg ?W%Ibl &PenSl°n9écY8F§°ﬁftﬁaS vPew e'kbrjo’iliding gai ns
to the excitat$E¢FlEledd%cﬁom§rﬁeablcuﬂabebn1bnﬂhtbé codelppok CRXci t ati on

sour ce COEEDOOK SA N sihg 4r %moaaﬁéﬁg&ehwnvée%fs &éyei%b&pw&h

In the CELP system however, there are cases_where luralities
pi tch excitatioh SRRFEERDRIbGoKOUENRLt labelandBie e‘k%‘ittod-ﬁ e lssinece

codebookss (whi €homi the he,iceldw‘elb%kw rekpetefiobl9l hoeStSFbInes Exestation
source codebookgg ar e .provi ded. and exc#%at o] vectors reaqé‘ﬁg of the

excitation O OR egﬁggﬂPﬁgl PFrp PEACBY GaFRe!
conbi ned into the ecmbinad orectiogndls ueeﬁoasEthbnggenegpland the other

élement as the gain gc¢.
(C) In the example of the present invention applied

10 to the encoding of gain vectors in Fig. 5, the gain
vectors read out of the gain codebooks CBl and CB2 in the
above-mentioned case (B) are multiplied by the weighting
coefficient vectors wi=(1.8, 0.2) and w2=(0.2, 1.8) and
then added together into a combined vector. The gain

i5 codebooks CBl' and CB2', which store weighted gain vectors
obtained by multiplying the gain vectors read out of the
two codebooks CBl and CB2 by the weighting coefficient
vectors wi and w2, respectively, are the same as those in
Figs. 6A and 6B.

20 _ In Fig. 11 thére are indicated, by the curves All and
Bll, measured results of the segmental SN ratio of
reconstructed speech to the error rate when a channel
error occurred in the gain labels in the encoded outputs
of speech by the configurations of Cases (A) and (B) in

25 Fig. 5. The segmental SN ratio is obtained by measuring
the SN ratio of each frame for several minutes and
averaging the measured wvalues. The use of two codebooks
(curve Bll) attains a more excellent segmental SN ratio to
the channel error than in the case of using one codebook

30 {(curve Al1l). .

In Fig. 12 there are shown, by curves Al2 and Bl2,
equivalent Q values converted from mean opinion scores of
24 ordinary people about the reconstructed speech with



according to the present invention, when Mexcitation gain 15 codebooks
are used, Mgain codebooks (or weighted gain codebooks) are prepared
to provide gains to Mexcitation vectors and the conbined gain
vector, the weighting coefficient vectors and the weighted gain
vectors are all set to Mdinensional vectors accordingly. 20

In the Fig. 5 enbodiment, the random exci t3kt ion source codebook 43
may be formed by a plurality of codebooks. For exanple, as shown in
Fig. 8, the random excitation source codebook 43 is fornmed by two
codebooks 43a and 43b; in this instance, one randomexcitation 25
vector is selected fromeither of the codebooks 43a and 43b and the
t hus sel ected random excitati on vectors are nultiplied by wei ghting
coefficient ve ¥WRao afisk t .g | ltipliers
51a and 51b, Eégbé?espectlvgﬁgﬂqﬁ% errorﬁ??%g %ge %é%g g%% g%s{ err]Ra
and 30 [errFRE gree sef diied 1§-uch--§ha§ @ﬁé?elbéafr@he’ﬁ'lsgmelzr:eltéﬁ o¥eshi p

as that betweebft bﬁoV\&b@@bdacﬂéb G.%efﬁr*eﬁfleQ@bl\ée(ﬁrgfnS tWEae{rilawﬁBﬂnt of tMéerr]

descri bed preV| with reference to Fig, 2 uts fron1the
mul tipliers 51a8§38¥%1%r5?ﬁ i g |Ne3 1£7the Bho cases *Shéi

- 26 - 5 11 doramdomre&nﬂxncmﬁﬁdm nnnghpartsﬁZranﬂothbar@obemeﬁtbuIput
I's provi dggdy @sed by, &y t el ected from t he
randon1eXC|tat|onys%u?ceﬁ%ode 00k %bh% E%%u§§§58ﬁ1§ the gain prOV|d|ng

part 46. As descri bB¥I prddi Tesisy vt fhe curve C13, measured values of
the segmental SN ratio of reconstructed speech to the

channel error rate in the Case (C) as in the case of Fig.

10 - 11, the curve Bll in the Case (B) being shown for
comparison use. Apparently, the SN ratio of the
reconstructed speech to the channel error rate in the case
of the present invention is better than in the prior art.
In view of the fact that the difference between the SN

15 ratios shown in Figs. 11 and 12 exerts a great influence
on the equivalent Q value, it is expected that the present
invention, which uses two weighted codebooks, improves the
equivalent Q value more than in the case of using two
unweighted codebooks.

20 : As described above, according to the present
invention, in the case of encoding vectors through the use
of a plurality (M) of codebooks each having L-dimensional
vectors, L-dimensional weighting coefficient vectors
wi, ... , wM for the codebooks are selected so that the

25 sum of weighting coefficient matrixes Wi, ..., WM, each
having components of the weighting coefficient vectors as
diagonal elements, becomes a constant multiple of the unit
matrix. As the result of this, the vector distribution of
each codebook is deviated or biased by the L weighting

30 coefficient vectors in such a manner that the individual
vectors approach different coordinate axes of the L-
dimensional coordinate system (that is, compress component
values of othgr dimensions). 1In the case where a signal



5 respect to Fig. 5, randomexcitation vectors are sel ected from
t he random excitati on source codebooks 43a and 43b under the control
of the control part 6 in such a nanner that the distortion of the
synt hesi zed speech signal [err] fromthe input speech signal X
becones m ni rum 10 As is the case with the encoding of the random
excitation vector, the present inventior B8 al so applicable to the
encodi ng of the pitch excitation vector in the configuration of Fig.
5. That is to say, as shown in Fig. 9, the pitch excitation source
codebook is fornmed 15 by two codebooks 39a and 39b; one pitch excitation
vect or selected fromeither of the codebooks 39a and 39b, then

they are multiplied by weighting coefficient vectors [err]Pa and

err] by weighti N fticient,nul ers 53a_and 53
rgspeLtizelqut I Oﬁgge Xﬁ%tpﬁFFeﬂkog?ﬁ tgeﬁ?gbﬁgnﬁ?ﬁgﬁriofOr $3C% pit ch
excitation vecm@bbookbunlagmpanErSuo midimnhee the dtshbrhédhcamﬁnnhés

provided, as thgdi t%ff Xe! h%bﬁ@go%ks cé{gfé%%ﬁﬁhﬁgt ed éﬁﬁ%éi?rtxl r}

excitation source \vector ler 41.
The vei GiRgfdcdsats F’@FéﬁFSvéE?oF’éa%F’é%F]'-eﬁﬂdlﬁl[ %Frfr{?%tmé@ér%et in
25 . t hes mﬁlt tigy leecraﬁpi%a aﬁdoﬁgfoﬂr@héelﬁbélﬁedutmnﬁ]h@q:ﬁﬁgﬁlssJ.clazr; é@gﬂ;l on
as e weighti c i ci ent vectors err].an r in . Fig. :
The present |n3%%t|8ﬁn§ 5ée Afpf-Fel %%S%hélﬁngr&gaﬁi%ﬂ_err°r H g%%
filter coeffi coendigadetxisgdparttibownfi onéi giménsdfon by tangégupung the
filter coeffi Qﬁ&aQHQQ&%ZhﬂgtﬂérEoggdlnate 5Q15h81§éggfgﬁngfraff ghgi cted

in Fig. 2A That IS, representative spectrum enve e vectors are
prestored in ©other dimeasdepsorseceImareseed: i Ahej GTroR of hehe oplesolute
- 27 - 10 value of the combined vector does not become so large.

Hence, the application of the present invention to the
encoding of speech signals is effective in suppressing
abnormalities that result from channel errors.

Furthermore, according to the present invention, a

15 plurality of weighted vectors of each codebook are pre-
selected for input signal vectors and the distortion by
éncoding is calculated with respect to such pre-selected
weighted vectors alone--this appreciably reduces the
amount of calculations involved in the encoding and speeds

20 up the encoding. _

The present invention is also applicable to what is
called a CELP or VSELP speech coding scheme, in which case
the invention can be applied to the vector coding of
spectrum envelope parameters, the wvector coding of power

25 and the vector coding of each codebook individually or
simultaneously.

It will be apparent that many modifications and
variations may be effected without departing from the

scope of the novel concepts of the present invention.
30 '



fepiesentative spectrum envel ope vector selected from ei ther of the
codebooks CB1 and CB2 is nultiplied by the correspondi ng one of the
wei ghting coefficient vectors wWerr] and werr], and the multiplied
vectors are conbined in the 5 vector conbining part 3. The
representative spectrum envel ope vectors that are selected fromthe
codebooks CBl and CB2 are searched f3 -a conbinpation of
representative spectrum envel ope vectors that provide the m ni num

di stance between their conbi ned vector and the input

envel ope vector fromthe filter coefficient det mmmlmgnlninmmm( Fig.
5). The vector coding nethod of the present *i nbentidn i’s *
applicable to the VSELP systemas well. Fig. 10 illustrates the
principal parts of its enbodinent. In 15 this instance, the random
excitation source codebook 43 in Fig. 5is formed by a nunber of
basi ¢ vect or cHBRBobRsCUBIMED |IS: to 43n in each of which there is

sto&ed ?ne rando][n tl. a ﬁé@rﬂé&tc%f)rbﬁ&ﬁigfg- fﬁh% @d%Fezsgi [&akbeehveﬁéors
read ou 0 e _basic vector codebqoks err] .to r ar e

pol ari zed 20 “pBs?P i%ecﬂéebﬂékﬁi?ﬁ¥ ﬁﬁﬂqgrPtFlHGHhFGV Bgriggéﬁidto 56n
and the pol ari rgpresenvative reactoypLexd ttdid cameeaumberab€ dimensfvhii plied
by wei ghting c ey ecto ] o.Jerr] i ghtiRQ
coefficient nu??%al$e§§£%¥[%§r%ﬁ§%§%¥ﬂ%§h%; t%hgr gqeg¥ﬁﬁlFPBP¥gd %%%%uts
are added t ogeMpeho@ycemprbeing Stherste2® of:the added output is provided as

the random excitati @8) selec¥fitd Waild Adpi-dBelciapline A8 tbRsFbe By JHE
polarity contro| .parts_561 to 56n"are individually controlled by

the control paffoB FAEiY. e3Pt the distortion of the .
synt hesi zed speech $bpnahlfimlyine saipltrappesehtsitivel veetdds, &ashn zed.

I n other words aglL. of S|.£ Meac dehoo i e lLzl, 2,
..., n) and poFS??‘?€?‘§oﬁ%‘?‘§|°‘?‘§. o sﬁgﬁ %{Sé"[oéirerkﬁogg%ﬁs_?)g’t g‘t égegé\eé’gfé%la%
excitation souwedgibiergoerefficienthdantonst afivtheosiamey aumhdrnedati ve

random exci t at j9Rlensions as those of said representative vectors to

generate M weighted representative vectors, said M
weighting coefficient vectors each having at least one
maximum component in a different diménsion;

(c) adding all of said M weighted representative

. vectors to generate a combined representative vector;
. (d) caléulating the distance between said input
vector and said combined representative vector;

(e) repeating said steps (a), (b), (c) and (d) to -
search for and determine said combined representative
vector which has the minimum distance between it and said
input signal vector; and

(f) encoding and. outputting labels attached to said
representative vectors of said codebooks which provided
said combined representative vector of said minimum
distance. |

2. A method of encoding an input vector through the
use of M codebooks each having a plurality of labeled
representative vectors of the same number of dimensions,
said M being an integer equal to or greater than 2, said
method comprising the steps of:



- 28 - vectors is selected by t he- contr ol part 6. The weighting

coefficient vectors [err]RL to [err]Rn of the weighting coefficient
multipliers 57[err] to 57[err] are set to bear the sanme relationship
as that between the weighting 5 coefficient vectors referred to
previously with respect to Fig. 2A

fromthe description given above mkrﬁ4reference

random exci tation source codebook 43 in Fig. 5 m,gmlgiu Bu"
substituted with 10 t he basic vector codebooks 43[err

the polarity control parts 56[err] to 56[err] in Fig. 10. The sane
goes for t he codebooks 43a and 43b in Fig. 8. The pitch excitation
source codebook 39 in Fig. 5 nay al so be fornmed by what is called an

adaptive codebook Wh%&)h acg 1& o ng%g%{egggéa{:kj\?e 1‘?ecto:pé L C&cﬁ{cééféé@éh

vector fromthe pitc ana Speech
signal and the ER@mt%R¢(ﬂf said Mngd&boobétobYEMoWeL%@tEm§v¢ ¥ekert This

adaptive e@e@pekofashé)esa&rée%u%e&heoplaﬁkeﬁfdﬁsﬂa&rth%@ér OF said
codebook 39 when the configuration of Fig ed as a

8 or 10 s
substitute for TRRFISERIGHIR&MeatoFs §6u§ééd 'y °°d%]88%15%0‘k°4§° ‘T%}%/t%r%re,

the present inventuss ¢S wididthted reppBehtablieet Ve8bods pidnidirdecariimiaig on

coding o oM oSSR i e SR ARFEF TP nE At T BB L of a 25

pi tch excitatiovetguted mepsdrssitadicde Fectersor resdeagivély, said Mandom

excitation sourgge; SREHEPAerficient vectors each having at least one
maximum component in a different dimension;

(b) projecting said input wvector on said M straight
lines on an M-dimensional coordinate system and pre-
selecting pluraiities of weighted representative vectors
adjacent or close to said projections, respectively, to
form M subgroups; ,

(c) selecting weighted representative vectors from
said M subgroups and adding them to obtain a combined
representative vector; -

{(d) calculating the distance between said combined
representative vector and said input vector:;

_ (e) repeating said steps (c¢) and (d) for each
combination of weighted representative vectors of said M
subgroups to calculate said distance; and.

(£) determining labels in said M codebooks which
correspond to said weighted representative vectors of the
combination that was minimum in said distance, and
outputting said labels as encoded results of said input
signal vector. '

3. A method of encoding an input vector through the
use of M codebooks each having a plurality of labeled
representative vectors of the same number of dimensions, .
said M being an integer equal to or greater than 2, said
method comprising the steps of:



As destcri bed previously, the multipliers 21 and 22 in Fig. 2A may be
omtted by prestoring, as the representative vectors, weighted

representative vectors 30 [err]1[err]li and [err]2[err]?2] obtained by
mul tiplying the representative vectors in th ooks CBl1 and CB2

by the weighting coefficient vectors werr] an ' 'Ii‘lyh
the nultipliers 24 and 25 in Fig.-2B5may be Ont! Fm“ “ “mé ng the
]

- 29 - wei ghted representative vectors [e erw and* w2z 2]
in the - codebooks CB3 and CB4, respectively. Also inthe Fig. 5

enbodi nent, the nultipliers 21 and 22 nmay be omtted by prestoring
wei ghted gain vectors in the gain codebooks CB1 5 and CB2. In Figs. 8
and 9, too, the nultipliers 5l1la, 51b and 53a and 53b nmay be om-tted
by prestoring wei ghted vectors in the codebgoks 43a, 43Rk and 39a,
390, Wi e | r120nETE08PET RELPE KR FOESY cRIR BB R hAV e

codebooks ar e wasigghdredc arebireeentabhéveresendrs noletdioed ilsy Iul tiglwing
applicable to e| esen 1V, read out of
three or nnreI%%§% Sﬁﬁéwgﬁg &§8F§?§c§§b%%%§_§ gg&ég%%?%d$@ﬁf the Fig. 5
embodi ment of RARIHEFEREd wedahtdng coeffhabenkevederty i vbdhs Inmag
applied to t henain®OGiResions abNBHbsEPELCEa B8 URebredethtdtive needl ess

to say that the 15 i nyention,is applicable to the encodi ng of ordinary
acouoti ¢ o gnifectRFSeisRid M o Bt ERBCOPRBTOPL ORE Spatehs Sden .
at least one maximum component in a different dimension;
' (b) selecting representative vectors one by one from
said M weighted codebooks; _

(c) adding all of said M weighted representative
codebooks to generate a combined repiesentative vector;
| (d) calculating the distance between said input
vector and said combined representative vector;

(e) repeating said steps (b), (c) and (d) to éearch
for and determine said combined representativé vector
which has the minimum distance between it and said input
vector; and '

(f) encoding and outputting labels
attached fo representative vectors of said codebooks whicﬁ
provided said combined representative vectors of said
minimum distance. _

-4. A method of encoding an input vector through the
use of M codebooks eaqh having a plurality of labeled
representative vectors of the same number of dimensions,
said M being an integer equal to or greater than 2, said
method comprising the steps of:

(a) multiplying representative vectors of said M
codebooks by M weighting coefficient vectors of the same

- number of dimensions as those of said representative
vectors to obtain an M groups of weighted representative
vectors, said M weighting coefficient vectors each having

at least one maximum component in a different dimension;



LS

Next, a description wll be given of characteristics that are
obtained in the cases of applying conventional 20 techni ques and the
present invention to the vector coding of the gains g[err] and g[err]
in the CELP speech coding shown in Fi g. 5

conventional technique substitutes the aln codebooks CBl1 and CB2

in Fig. 5 with one gain 25 codebook whB&h- spemﬂe;!nlml“m"“ﬂmnu anaI
gai n vector by seven-bit |abel and has 2[err]=1

conponent of the two-dinensional vector read out of the - galn codebook
I's used as the gain gp for the pitch excitation vector and the other

el emrent as the gain g[err] for 30 t he random excitation vector.
(B) A second conventional technique uses the two gain codebooks CBl

and CB2 shown in Fig, gBe%&m%eza?nﬁt sUEi6RE lines ¥EL WBIAGGRAITST ent

vectors. The codebook

- 30 - said ﬁJQQQ§H§ oteWeLohfBddr ARRSFBRBRLIER tWRSE@ach of which is
speci fied by addpera-iRidiy; abel and t he codebook CB2 prestores
therein 2[err] two-dinensi.onal, vectors,each of whi ECILIed by

 Tour-bit | abel | T PERUGFL B SpLaiTRIE Yoot n it stoane
respectivel y, ldmescambiame¥-ditrensionaloneotdbrndt eesgsoeml armddrered vect or

the one el eMeeee ing pILSIGRTNLNGE YEEALehScU3Rls BTt ROV LN the

ot her
adjacent or close to sald pro;ectlons, respectively, to

form M subgroups;

(d) selecting weighted representative vectors from
said M subgroups, respectively, and adding them to obtain
a combined representative vector;

(e) calculating'the distance between said combined
representtive vector and said input wvector;

- (f) repeating said steps (d) and (e) for each
combinaiton of weighted representative vectors of said M
subgroups to calculate said distance; and

(g) determining labels in said M .codebooks which
correspond to said weighted representative vectors of the
combination which was minimum in said distance, and
outputting said labels as encoded results of said input
vector. |

5. The method of claim 1, 2, 3, or 4 wherein said M
weighting coefficient vectors are selected so that the sum
of M diagonal matrixes using components of said weighting
coefficient vectors as their'diagoﬁal elements becomes a
constant multiple of the unit matrix.

6. The method of claim 2 or 4 wherein said subgroup
determining steps includes a step of selecting a
predetermined number of said weighted representative
vectors closest to the position of projection of said
input wvector on each of said M straight lines.

' 7. The method of claim 2 or 4 wherein said subgoup
determining step includes a step of selecting said



(© In the exanple of the present invention applied 10 to the encoding
of gain vectors in Fig. 5 the gain vectors read out of the

codebooks CBl1 and CB2 in the above-nenti oned ca € nultiplied
by the wei ghting coefficient vectors werr]=(1.8 2,
1.8) and t hen added together into a conbined v M\g i“““g‘

codebooks CB1' and CB2', which store weighi®d gain vg " abthlned
by multiplying the gain vectors read out of the two codebooks CB1 and
CB2 by the weighting coefficient vectors werr] and werr],
respectively, are the sanme as those in Figs. 6A and 6B. 20 In
Fig. 11 there are indicated, by the curves Al and B11l, neasured
results of the segnental SN ratio of reconstructed speech to the
error rate whe n t b nyghe
encoded output%quﬁgga ?ggrese?F%gﬁﬁ%ég%%%Fr V;P oﬁgtg C%égsg%iséan% (B)
in 25 Fig % Pr?ﬁétgéﬁh%ﬁ@aﬁlS%@nQﬁ|ﬁ¥qm;&$@t@9ﬁé@199 faRupiagtion t he

SN ratio of eadf shalBELihPhHt SPYEEGH Bnhdbes 8Rdsaid M S¥WeL{AgHNA {hes measur ed
val ues. The use of %mo godebook at tai ns nore excel | ent

cyrve
segnental SN ratio e meghs c%%rﬁ?é’r ("‘érzr&rt &%ﬁ‘er"ﬁlflhes@ége of using one
codebook 30 repuegatdkliye vectors andIShﬂa§$w1h21hheceeﬁf£c$énmn by

curves A2 and iors are S8 VAL SHla QuiAliiss cgpueted i aryRan. Akl on

scores of ordrnary-pe FecShstractd spee
- 31 - coefficient vectors each have at least one maximum

component in a different dimension to make said dimension
an emphasized dimension, ¥ threshold values are
predetermined on the basis of the element values of said

" emphasized dimensions over the entire range defined by
maximum and minimum components of said emphasized
dimensions of all of said M weighted representative vector
corresponding to said codebooks, by which component values
of said emphasized dimensioqs of said M weighting
coefficient vectors are split into F+1'regions, and a
plurality of said weighted representative vectors are
assigned to each of said regions, F being an integer equal
to or greater than 1; and said subgroup determining step
is a step of comparing values in said emphasized
deminsions of said input vector projected on said M
straight lines, respectively, with said threshold wvalues
to determine the regions to which said values in said
emphasized dimensions belong, and selecting said weighted
representative vectors belonging to said determined
regions to form said subgroups.

9. A method of encoding the vector of an input
acoustic signal through the use of M excitation source
codebooks each having a plurality of labeled excitation
vectors, said M being an integer equal to or greatet than
2, said method comprising the steps of:

{(a) calculating spectrum envelope parameters of said
vector of said input acoustic signal, quantizing said



respect to the channel error rate of the gain labels in the case of

Fig. 11. As is evident fromFig. 12, the use of two codebooks is
preferable fromthe viewpoint of the channel error rate, and even if
the two cases shown in Fig. 5 11 do not greatly diff ] i

rati o characteristic, they greatly differ psycho-acoustical

Fig. 13 shows, by the curve Cl13, neasured 3sl-ues of \m“ m"ﬂ“ﬁﬂﬁzm&a
rati o of reconstructed speech to the channel er

(C© as in the case of Fig. 10 11, the curve Bll in the® Case (B) bei ng
shown for conparison use. Apparently, the SN ratio of the
reconstructed speech to the channel error rate in the case of the

present invention is better than in the prior art. In view of the
fact that the dlff(ﬁrence beiween the SN 1 ratiqs shown in Fkg 11 and
h ge

12 exerts a gr ERECFAPTUERYR OPe Pargmg se(ﬁ’idvaﬁeé:rﬁm@ 7af-Ge TP 8xpect ed
that the preseparametersnaenfibrer woef isies tsvw fivel ghheuesmdeﬁmdker,

| nproves t he gy §aig&lrggé3& @eogh%aewéﬁ%r%ma% MS' ng t wo

unwei ght ed codeboogks. above, accordin
present CHFARRESAN FPLYPR %@Qﬁk%rﬁmcﬁhﬁ}'— Esters ionr é’tfgﬁnt he use

of a pl Ufa"Waﬁ:M.stﬁ.c%ﬂ@b&P@yr%bi@éﬁ lsdidrensicpRalis £ilte¥eCkbfn
L- di nensi onal tlnaFcoeff|CJent vectors qﬁLerr]l , [err]lw for

t he codebooks §Fé SPRBE AU tHarS iR s 1s igimiZedi ght i ng coef fi ci ent
matri xes V\[err] {c) ¥erectingambe ga:Ln wentoyy fram ereht ®foM ghdn

wei ghting coef f Ie Ogg%cﬁegggﬁshﬁlng ar’raq ;@ o elrg%% gf%?.ﬁ%ﬁsio#

constant nul ti e Uuni Ge resu
vector distri b@1a|1§nV§ptors, each codebook i s deviated or bi ased by the L

wei ghting 30 coef(hbcmamﬁlﬁwix% Ssd 1l Sgicth S dEY stdwcttelae £ ‘éh‘i'dm

vectors approach different coordinate axes of, the di nensi onal
coordi nate systeSRtPhSP F§°°]E%n1bYe‘°§§“E%ﬁﬁJ"cﬁ'@?&ned M‘@?&}et‘j’e"sméllalot her
di mensi ons). | weibhtdiagecvbefichent Gedtors, respectively, to generate M

weighted gain vectors, said M weighting coefficient
vectors each having at least one maximum component in a
different dimension;

_ (e) adding all of said M weighted gain vecfors to
obtain a combined gain ‘'vector, and defining first tc M-th
components of said combined gain vector as first to M-th
gains; . '

(f) providing said first to M-th gains to said M
determined excitation vectors, respectively;

(g) adding said M gain-provided excitation vectors
and exciting said synthesis filter by said added output to -
generate a synthesized acoustic signal;

(h) calculating distortion of said synthesized
acoustic signal from said input acoustic signal;

(1) repeating said steps (c) to (h) for every
combination of resepctive gain vectors of said M gain
codebooks to search for and determine M gain vectors that
minimize said distortion, and obtaining M gain labels
corresponding to said M gain vectors; and

{(j) outputting, as at least one part of encoded
results of said input acoustic signal, said M gain labels



S 3277 T i § encoded by a pair of sech‘meighted vectors for each

codebook in a manner to mnimze the distortion and the | abel s of the
M codebooks corresponding to the wei ghting coefficient vectors are
transmtted, if an error occurs, 5 for exanple, in one of the |abels
during transm ssion over - the channel there +e—a—pese+b+#+ey—ehat an
error in the coordi nat e-axi s di e dinension is

since errors in the coordinate-axis d| rectlon of aI il“ﬂla“"l lll ﬂ“l}tﬂ“l

di rensi ons are conpressed, the error of the absol ut he
conbi ned vector does not becone so |arge. ance the appllcatlon of
the present invention to the encodi ng of speech signals is effective
i n suppressing abnornmalities that result from channel errors.

Furt her nore, agsor ég)t&)é%}%) %FWH)'%%Eth%nia%eﬁgcggpggial'ty of

wei ghted vectors of eac are I nput si gna
vectors and th%X@1§4%WQn(ﬂpd§b00ks Ohﬂmymﬁdu}m sadsl stent dB¥)with respect to

such pre-selected 19, A\@s‘éem@daf/wﬁr@ 5y vte@teraeer 8ai #hpbytreduces
t he anount of calculatlons |nvoﬁ¥ed in the encoq |ng and speeds 20

up the encodi nycoustic signak S MR CtoH 1S¥CAF&518BpFPEEEPe t o
what is cadi¢ecbles CEé.thcrra\)siSﬂ_I% ;@pﬁﬁ@h@dm‘g lebkeed, ekpivhktdébncase

the inventi on 6a0c8es 208l 18% 10 4P HEUReckllNg 4l co on GSESELEUR,

envel ope paraneféers,” the vector ¢ SF5wer € vectora%oding
of each codebodk $¢q7d¢1\mm¢ycmprlsmg thlmwil y. It will

be apparent that mapy) nogh &beatiRp s en@iRd PaSaRYePe BEf 858
wi t hout departin fron1 he scope ofunhe novel  concepts % th e present
i nvention. 30 Vector of sa1d input acoustlc signal, quantlzlng said
spectrum envelope parameters and setting said quantized
parameters as filter coefficients of a synthesis fiiter;
(b) selecting M excitation vectors from said M
excitation source codebooks, respectively, so that
distortion of synthesized speech by said synthesis filter,
from said input acoustic signal, is minimized; '
(c) providing_first to M-th gains to said M
determined excitation vectors, respectively, adding them
to generate an excitation signal vector for excitation of
said synthesis filterto generate said synthesized acoustic
signal and, for each combination of said excitation
vectors, searching for optimum values of said first to M-
th gains which minimize said distortion of said
synthesized acoustic signal from said input acoustic
signal;
(d}) multiplying respective gain vectors of M gain
codebooks each having a plurfality of labeled M-
dimensional gain vectors by M predetermined M-dimensional
weighting coefficient vectors for said M gain codebooks to
obtain M groups of weighted gain vectors, and determining
M straight lines for approximating said M groups of
weighted gain vectors, said M weighting coefficient
vectors each having at least one maximum component in a
different dimension;



- 33 -7 VWHAT IS CLAIMED | S: 1. A nethod of encoding an input
vector through the use of M codebooks each having a plurality of | abeled
representative vectors of the same nunber of dinmension, said M being an

i nteger equal to or greater than 2, said nethod conprising the steps of:

(a) selecting said representative vectors one by one from salid-M-eedebooks;
(b) multiplying said representative vector40 =each selected fromone of said
M codebooks, by M predeterm ned wei ghting coeffici egl‘“mmnl!ml!ﬂmtsame
nunber of dinmensions as those of said representativ rate M
wei ghted representative vectors, said Mweighting coeffi‘ci.ént vectors each
havi ng at | east one maxi num conponent in a different dinension,; (c)
adding all of said Mweighted representative vectors to generate a conbi ned
representative vectaqr, . al cul ating e dis t R i d i nput
vector and said co F&eBrPasggéﬁﬁt%t‘??/cgé?/xé'ct%?q‘;‘podse& %%g)%a?gp\égt %ﬁ%ﬁsai d
steps (a), (b) figsr &edMc8h caiseareh $ard 3hctimtiaht ddnesi gncenbMned
representati ve Me@hah onBhCBobaaihlife NE PRI i anpeebebyespihd ARdhysai d

I nput signal vect,or; and L ] )
said M gropups pluralities of weighted gain vectors

adjacent or close to said projections to form M subgroup;

(£) selecting said weighted representative wvectors
one by one from said M subgroups, adding them to obtain an
M-dimensional combined gain vector, and defining first to
M-th gain components of said combined gain vector as first
to M-th'gains;

(g) multiplying said M excitation vectors, determined
in step (b), by said first to M-th gain components of said
combined gain vector, respectively, and adding them to
generate an excitation signal wvector;

(h) applving said excitation sinal vector, generated
in said step (g), to said synthesis filter to synthesize
an acoustic signal and calcualting distortion of said
acoustic signal from said input acoustic signal;

(i) repeating'said steps (f)., (g) and (h) for every
combination of weighted representative vectors of said M
-subgroups to calculate said distortion, and determining
gain labels in said M codebooks which correspond to said
combination of weighted gain vectors which was minimum in
said distortion; and |

(J) outputting labels of said M excitation vectors
and said gain labels as at least one part of encoded
results of said vector of said input acoustic vector.

11. A method of encoding the vector of an input
acoustic. signal through the use of M excitation source
codebooks each having a plurality of labeled excitation
vectors, said M being an integer equal to or greater than
2{ said method comprising the steps of



(f) encoding and outputting | abels attached to said representative vectors
of sai d codebooks which provided said conbi ned representative vector of
said m ni mum di st ance. 2. A nethod of encoding an input vector through
t he use of M codebooks each having a plurality of |abeled representative

vectors of the sane nunber of di nensions, iald Nlbelngam+44n4%gﬁ_4xuwu_io

or greater than 2, said. nethod conprising-the steps

(a) multiplying representative vectors, each sel ect ed gm H J"M‘ﬂ"cmr/l
codebooks, by M weighting coefficient vectors of the s

dlnen5|ons as those of said representative vectors of sai d M cod®bobks’ t o
obtain an M groups of weighted representative vectors, and determ ning M
straight lines for approximting said M groups of melghted representative

vectors, respectivela) csaﬁldilxaMt‘&’%'ggQFégtEQﬁf éh%fabevls&wﬁét@@@m@%m at
| east one maxi num co nent_in a ferent dinension, b) projecting

sai d i nput vecY®r-%n |§?H9:$HP§FgﬁF°P§Hé§ SLIBAL M TRARFEF BRI ST di nat e
system and pr espsetaot i grgrgllogiealpiairbaetet swahghtedtingr esbdt @hanvel yedt or s

adj acent or ol seal A AP 04 £ELLO0Se e £ORGEII VB Ve AhARIIRL AURLUPS:

(c) selecting representari ve Vectors
(b) selecting said excitation vectors one by one from

said M excitation source codebooks so that distortion of a
synthesized acoustic signal by said synthesis filter, from
said input acoustic signal, is minimized;

{c) pregenerating M weighted gain codebooks each
_having M groups of labeled weighted gain vectors obtained
by multiplying M—dimensional gain vectors of M gain
codebooks by M predetermined M-dimensional weighting
coefficient vectors, resepctively, said M weighting
coefficient vectors each having at least one maximum
component in a different dimension;

(a) sélecting representative weighted gain vectors
one by one from said M weighted codebooks;

(e) adding all of said M weighted gain vectors to
generate a combined gain vector, and defining first to M-
th components of said combined gain vector as first to M-
th gains;

(f) providing said first to M-th gains to said M
excitation vectors, resepctively;

(g) adding said M gain-provided excitation vectors,
and exciting said synthesis filter by said added output to
generate a synthesized acoustic signal;

(h) calculating distortion of said synthesized
acoustic signal from said input acoustic signal;

{1) repeating said steps (d) to (h) for every
combination of said weighted gain vectors of said M
weighted codebooks to search for and determine M weighted

gain vectors which minimize said distrortion, and



said M subgroups and adding themto obtain a conbined representative

vect or; (d) calculating the distance between said conbi ned
representative vector and said i nput vector; (e) repeating said steps
(c) and (d) for each conbination of weighted representative vectors of said
M subgroups to cal cul ate said di stance; a (f) determning |abels in

sai d M codebooks which correspond to said ighted re ors
of the conbination that was mninumin said distance, ﬂlmflllm"mmamal d

| abel s as encoded results of said input signal vector. "A fret hod of
encodi ng an input vector through the use of M codebooks each haV|ng a
plurality of |abeled representative vectors of the same nunber of

di rensions, said Mbeing an integer equal to or greater than 2, said nethod
conpri sing thektiadpdnef M labels corresponding tbasaRbegeneighted ddiwei ght ed
codebooks eachepa¥;n W%Vghted representative vectors obtained by

mul tiplyi ng ﬁ%egghtgp e vectors of said M codebooks by M predeterm ned
wei ghti ng coeff|C|dnﬂ vetpbotsing,t ae santeasunbee pbrdi ofnenoemdeds t hose of
22 o CPLESPnsiits KACLALR (8BL0 NEBRLODL R95R08) | LaLET YERLEL Sopach

having at |east one maxi mum conponent 1n a I Mensi on
said M weighted gain codebooks obtaired in said step (i)

and labels of said M excitation codebooks obtained in said
step (b).

12. A method of encoding the vector of an input
acoustic signal through the use of M excitation source
codebooks each having a plurality of labeled excitation

vectofs, said M being an integer equal to or greater than
2, said method comprising the steps of:
(a) calculating spectgrum envelope parameters of said
' vector of said input acoustic signal, quantizing said
spectrum envelope parameters and setting said quantized
parameters as filter coefficients of a synthesis filter;

(b) selectign said excitation vectors one by one from
said M excitation source codebooks so that distortion of a
synthesized acoustic signal by said synthesis filter, from
said input acoustic signal, is minimized;

(c) providing first to M-th gains to said selected M
~excitation vectors, adding them to generate an excitation
signal vector, and searching for and detefmining optimum
values of said first to M-th gains such that distortion of
a synthesized acoustic signal from said snthesis filter
excited by said excitation signal vector, from said input

" acoustic signal, is minimized; '

(d) pregenerating M weighted codebooks each having M
groups of labeled gain vectors obtained by multiplying M-
dimensional gain vectors of M gain codebooks by M
Bféaﬁermined M-dimensional weighting coefficient vectors,
résepctively, said M weighting coefficient vectors each
having at least one maximum component in a different



(b) selecting
codebooks;

representative vectors one by one from said M weighted
(c) adding all of said Mweighted representative

codebooks to generate a conbined representative vector; (d)

search for and determ ne said conbined representativ

cal cul ating the di stance between said input vectorbgﬂgﬁ§ng,cgnbkﬁed‘”

representative vector; (e) repeath% said ste , (c) an to
g -

t he m ni mum di stance between it and said input vectoﬁ““& e

L

encodi ng and outputting | abels attached to representattve véctors of said
codebooks which provided said conbi ned representative vectors of said

m ni nrum di st ance.

use of M codebooks each having a plurality of |abeled representative

vectors of thedimemsiembendfdatierminiagsM ssaadghtbeings afioxr nt eger equal

or greater th

bd . et ri.si.ng <t he. : )
mul tiplyi ng r%@%ﬁj%%brgve%%o%ggfohgasi gfhlpgééégggogéi%yvﬁ%%(%ht I ng
coefficient_ve%?%?%ﬁ%ﬁVQ1K¥sanp nunber of dimensions as those of said
representative vect sy dibfdiing an Mc@b@UPSoRbo¥eHILE €8k { &6 tive

vectors, said

maxi mum conpon

wej ghting .coefficient vectors each_having at 1east one
HEST o, M1 ais « Sefis FofEXaight 1ines on an M-

dimensional coordiante system, and pre-selecting from said
M groups pluralities of weighted gain vectors adjacent or
close to said projections to form M subgroups;

(£) selecting said weighted gain vectors one by one
from said M subgruops, adding them to obtain an M-
dimensional combined gain vector, and defining first to M-
th gain components of said combined gain vector as first
to M-th gains, -

(g) multiplying said M excitation vectors, deterined
in said step (b), by said first to M—th'gain components of
said combined gain-vector; and adding them to generate an
excitation signal vector;

(h) applying said excitation signal vector to said
synthesis filter to6 synthesize an acoustic signal, and

'calculating its distortion from said input acoustic

signal; _

(i) repeating said steps (f), (g) and (h) for every
combination of weighted representative vectors of said M
subgroups to calculate said distortion, and searching for
and determining gain labels in said M codebooks which
correspond to weighted gain vectors of the combination
which was minimum in said distortion; and

{j) outputting labels of said M determined excitation
vectors and said determined gain labels as at least one
part of encoded results of said vector of said input
acoustic signal vector.

13. The method of claims 9, 10, 11, or 12 wherein
said M weighting coeffic¢ient vectors are selected so that

4. A nethod of encoding an input vector through the

to



(b) determining Mstraight lines for approximating said M groups of

wei ghted representative vector, respectively; (c) projecting said

i nput vector on said Mstraight lines on an Mdinensional coordi nate system
and pre- selecting pluralities of weighted representative vectors adjacent
or close to said projections, respectively,,to form

; )
sel ecting wei ghted representative vectors fromsaid M subaro
respectively, and adding themto obtain a conbined repmﬁmmﬁmﬂ;wmw
: and

(e) calculating the distance between said conbined rep

said i nput vector; (f) repeating said steps (d) and (e) for each
conbi nai ton 'of wei ghted representative vectors of said M subgroups to
cal cul ate sai d distance; and (g) determning |labels in said M

codebooks mhicpheosumsginIdiagnnaiymatgﬁmaﬁ uepngs entpbnentsecfossiaf Mt he
conbi nat i on wWhizg a¥esn i & dirér&ab%c@'oiisa%%egﬁg:@ngﬁ!t Bﬁﬁéﬁéﬂgssﬁégo&%’e' S
r . The nmethod of clarm1, 2,

as encoded resul'tS of Saird iInput vector. [
3, or 4 whereift SaPEtMWeMYHIME fefthiecveyvit PesEd®s are sel ected so that

the sumof N di agonald. Moié in@hdésidid caairPNeNbLs b BkdevRi 8ALANY
coefficient ve

tors as their .di.,agonal el.enents becones a_constapt nultiple
of the unit mePPPYotB determinitedtep (PEINGER 3 SFR RRereiRCiRd
subgroup det er predagesimed nundardes sadtewedbhteldeghingvacpoedetikosesed
nunber of said Lgat I3 t Qrs _C t Sj.kion of
proj ection of EQ?EH?ﬁ%ﬁ?{gg%fgﬁpgﬁ%QE%ﬁXS%Igg?& b%???%?gﬁ?ﬁggﬁgg.bk 7.
The method of &RafnfPree W Whdteigeissi d osulsgddpMdsteriohtngineesp i ncl udes a

step of sel ectiBgp&atively.

_ 15. The method of claim 10 or 12 wherein said
subgroup detetermining step includes a step of selecting
said weighted gain vectors lying within the range of a
.predetérmined distance from the poéition of projection of
a vector, composed of said said first to M-th gains, on
said M straight lines, respectively.

16. The method of claim 10 or 12 wherein: letting

said dimension corresponding to the maximum component of

- said each weighting coefficient vector be defiend as an
emphasized dimension, F threshold values are predetermined
over the entire range defined by maximum and minimum
values of said components in said emphasized dimensions of
all of said weighted gain vectors corresponding to each of
said gain codebooks, on the basis of the component wvalues
in said emphasized dimensions, by which the component
values in said emphasized dimensions of said weighted gain
vectors are split into F+1 regions, and a plurality of
said weighted gain wvectors are assigned to each of said
regions,.said F being an integer equal to or greater than
1; and said subgroup determining step is a step of
comparing values in said emphasized dimensions of a vector
composed of said optimum first to M-th gain;mgﬁa projected
on said M straight lines, respectively, with said
threshold values to determine the regions to whcih said



- 37 - wei ghted representative vectors lying within the range of a
predeterm ned di stance fromthe position of projection of said input
vector on each of said Mstraight |ines. 8. The method of claim2 or
4 wherein: said represntative vectors and said ew hting coefficient
vectors are each an Mdinmensional vector; 48aild M wei ghtinrg——coefficient

vectors each have at | east one maxi num conponent in a on
to nmake said dinension an enphasized di nension, F thr i‘“&%“‘“g‘\ﬁm‘
predeterm ned on the basis of the el enent values of sa| asmnzed

di rensi ons over the entire range defined by maxi num and m ni mum conponents
of said enphasized dinensions of all of said Mweighted representative
vector corresponding to said codebooks, by which conponent values of said.

enphasi zed di FERBPBRBLoVasLPY m\/\eagﬂtemghaebeedlmmsm drslane spid t
into F+1 regi @&&ecamagasahar@éigutéé §§iH YELEUOE 8 Il ERE SN AL Wl HPCL Or'S

are assigned to each of said reglons F bei.ng an integer equal to or
greater than PEtERRLBEAqTEgbgRoED ﬁ%?@rﬁ?h@nﬁuggéﬁuP% a step of conparing
val ues in said enphisi aadefestasi 668 @ﬁc&dtﬂglﬂﬁ@tv&&ﬁaﬁﬂoﬁﬂahfxﬂﬁut<3n said

M straight i e e h_sald hre h al ues tq determne the
regions to Wn%g%naﬁ' gB‘ESFg}éSL?{% 1\é\ga‘%d grr%h%% 78 ?j gYn%‘éF:s‘fo esb%gf o‘ng and _
sel ecting sai §OMer§ELBg:representati ve vectors bel onging to said deternined

regions to fornlsaMdcgaggbeﬂgseach hav?ngphnEiQPglfé efEofing ddie vector of

an input acoustic S|gnal hrough the Use of M excl tation source codebooks
each havi ng a*fPuPIPPE§tave YBeFetSexcitation vectors, said M being an

i nteger equal to omufréplgingh@Bans for multiplyhing representative
vectors selected from said M codebooks by M predeterined
but different weighting coefficient vectors to generate
weighted representative vectors, said M being an intéger
equal to or greater than 2 and said M weighting
coefficient vectors each having at least one maximum
component in a different dimension; )

' a vector combining part for adding said M weighted

. vectors to generate a combined representative vector;

a distance calculating part for calculating the
distance between said combined reprsentive vector from
said vector combining part and said input vector; and

a control part for operating said vector combining
part and said distance calculating part while changing the
selection of weighted representative wvectors from said M
weighted codebooks, for determining a combination of
weighted representative vectors of said M codebooks which
minimizes said distance, and for outputting their
corresponding labels as encoded results of the vector of
said input signal.

18. An encoder for encoding the vector of an input
signal through the use of a plurality of codebooks,
comprising:

M weighted representative codebooks each having M
groups of weighted representative vectors generated by



2, said nethod conprising the steps of: (a) calculating spectrum
envel ope paraneters of said vector of said input acoustic signal,
guanti zi ng said spectrum envel ope paranmeters and setting’
said quanti zed paraneters as filter coefficients of a—synthesis filter;

(b) selecting Mexcitation vectors fromsaigl M excitatj oks
so that distortion of an acoustic signal synthesized bummm"@m ﬂ .
C

filter, fromsaid input acoustic signal, is mnimzed;, « ¢ wselsecti ng
one gain vector fromeach of Mgain codebooks each having a plurality of
| abel ed M di nensi onal gain vectors; (d) multiplying said gain vectors

sel ected fromsaid M gain codebooks by M predeterm ned M di nensi onal
wei ghting coefficient vectors, respectively, to generate M weighted gain
vectors, said MWELBRYLRG EeRFeseneAtivRciettermaf MaorrYPat P¥elst one

nexi num conpon@iffepeatdivki ghedhg Md@NSi Ment vecdDs,a8dspactliled,, said M
wei ghted gai n vectors.to obtaipn a conbi ne ain vector, and defining first
to Mth conpon&At§ gfb§é’f18 ?:Bnb’i‘%%‘%?@a‘?qll%e%t%r°%§rﬁart§tr gaﬁ#%haﬁ i ns;
(f) providing said WeightingMo&f fiadient oresstiak Medettehavied excileasion
vectors, reSpe%hEVﬁE%imum component in a different dimension;

a vector combining part for adding M weighted wvectors
respectively selectred from sald M weithed codebooks to
generate a combined representative vector;

a distance calculating part for calculating the
distance between said combined representative vector from
said vector combining part and the vector of said input
signal; and

a conrol part for operating said vector combining
part and said distance calculaitng aprt while changing the
selection of weighted representative vectors from said M
weighted codebooks, for determining a combination of
weighted representative wvectors of said M weighted
codebooks which minimizes said distance, and for
outputting their corresponding labels as encoded results
of the vector of said input signal.

19. The encoder of claim 17 or 18 wherein said M
weighting coefficient vectors are determined so that the
sum of M diagonal matrixes using, as their diagonal
elements, components of said M weighting coefficient
vectors becomes a constant multiple of the unit matrix.

20. The encoder of claim 17 or 18 wherein said
control part includes means which detemines M straight
lines closest to said M groups of weighted representative

. vectors, respectively, pre-selects from said M weighted
representative codebooks, as subgroups, pluralities of
weighted rebresentative vectors adjacent or close to the
points of projection of the vector of said input signal on
said M straight lines, controls said distance calculating



(g) adding said Mgain-provided excitation vectors and exciting said
synthesis filter by said added output to generate a synthesized acoustic

si gnal ; (h) calculating distortion of said synthesized acoustic signal
fromsaid i nput acoustic signal; (1) repeating said steps (c) to (h)
for every conbination of resepctive gain ygctors of sard Mgarn codebooks

to search for and determne Mgain vectors that mnim
and obtaining Mgain | abels corresponding to said M g mll gl ! Tmi ulr
M

(j) outputting, as at |east one part of encoded results oc sai dwi nput=
acoustic signal, said Mgain |abels :

39 - obtained in said step (i) and the labels of said excitation
codebooks obtained in said step (b). 10. A nethod of encoding the

vector of an B#FkH t&c@@épuéasegmidtchwpq heorsevesty Mosedinggdioon ofoMr ce

codebooks eachvdiatited @eprutahtdyiwd \bé’é)@dzeéﬂ Sorcdddd CE}o&&ﬁCsfaQaSM said M
being an i uaI to grﬁgreater th aid nethoq%conp sing the

nt e
steps of: %u(b G uPRH t%’ﬁ%’c‘f?%rﬁ \&‘? §Q| d vector
of said input raa@mstemasﬁgeavecqcbmtwmm rsmﬂnﬁzmtsraim en\stlaope .par anet er s

and setting sald quant hred RARANELEL Sedodlld nd SEIIIE] TE SuPlurguiynt hesi s
ilter; (b) selec exci i DN Vectors T rom sai

acoustic 51gnal through the use of a plurlalty of

codebooks, comprising:

M excitation source codebooks each having a plurality
of excitation vectors, said M being an integer equal to or
greater than 2;

first to M-th gain providing parts for multiplying
said M excitation vectors from said M excitation source
codebooks by first to M~-th gains, respectively;

an adding part for adding said M gain-provided
excitation vectors from said first to M-th gain providing
parts to generate an excitation signal vector;

filter coefficient generating means which analyzes
said input acoustic signal to obtain parameters _
representing its spectrum envelope and quantizes said
parameters to generate filter coefficients;

a synthesis filter which has said filter coefficients
set therein and is excited by said excitation signal
vector to synthesize an acoustic signal;

distortion calculéting means for calcualting the
difference between said input acoustic signal and said
synthesized acoustic signal and for calcualting from said
differfence the distortion of ‘said synthesized acoustic
signal from said input acoustic signal;

M gain codebooks each having a plurality of labeled
M-dimensional gain vectors;

multiplying means for multiplying gain vectors
respectively selected from said M gain codebooks by M
- predetermined M-dimensional weighting coefficient vectors



excitation source codebooks, respectively, so that distortion of
synt hesi zed speech by said synthesis filter, fromsaid i nput acoustic
signal, is mnimzed;. (c) providing first to Mth gains to said M

determ ned excitation vectors, respectively, adding themto generate an_

excitation signal vector for excitation_ofygsaid synthesis filterto generate
sai d synthesized acoustic signal and, for each conbl naH , ﬂﬂ“ﬂmmn
excitation vectors, searching for optlnun1values of sa

gains which mnimze said distortion of said synthesized acoustlc S|gnal
fromsaid i nput acoustic signal; (d) multiplying respective gain
vectors of M gain codebooks each having a plurfality of |abeled M

di mensi onal gain vectors by M predeterm ned M dinmensional weighting
coefficient vést gienergitesaedoktgdi gadodubobRy st osabdaMnweigholps of

wei ght ed gain d(%ﬁfqrc'ien%“Q‘e@%h%%%Hbﬂgh%ikgabﬁhﬁ.ehbeeéné OhaARRERX1 Mati ng
said M groups of wei hted ain _vectors, said M weighting coefficient

vectors each IR BhEeKBRENBATEBRIGRENt in a different

di nensi on; a vector comblnlpg part for addlng said M weiglield

Projecting 2 Vestolechaliosed ah saLd QRTUTLRLILLO MilldRkngas gn o0l d

M st rai ght es on an nsiona Bord-Aate systeny an -sel ecting
from vector and for setting first to M-th components of said

combined gain vector as first to M-th gains in said first
to M-th gain providing parts, respectively; and

control means for controlling the selection of said M
excitation vectors from said M excitation source codebooks,
for determining a combination of said M excitation vectors
which minimizes said distortion of said synthesized
acoustic signal from said input acoustic signal, for
calculating said distortion by calculating means for every
combination of gain vectors repectively selected from said
M gain codeboocks to determine a combination of M gain
vectors which minimizes said distortion, and for
outputting labels of said M gain codbooks corresponding to
said M determined gain vectors and labels corresponding to
said M deterined excitation vectors as at least one part
of encoded results of said input acoustic signal.

22. An encloder for encoding the vector of an input
acoustic signal through the use of a plurality of
cpdebooks, comprising:

M excitation source codebooks each having a plurality
of excitation vectors, said M being an integer egqual to or
greater than 2; ,

first to M-th gain providing parts for'multiplyhing
said M excitation vectors from said M excitation source
codebooks, respectvedly;

an adding part for adding said M pain-provided
excitation vectors from said first to M~-th gain providing

parts to generate an excitation signal vector:;



said Mgropups pluralities of weighted gain vectors adjacent or close to
said projections to form M subgroup; (f) selecting said weighted
representative vectors one by one fromsaid M subgroups, adding themto
obtain an M di nensi onal conbined gain vector, and defining first to Mth
gai n conponents of said conbined gain vect as first to Mth gains;

(g) multiplying said Mexcitation vectors, determ ned sai d
first to Mth gain conponents of said conbined gain vimﬂ“mm_@mmm Y,
-and addi ng themto generate an excitation signal vector; ¢ * h)* appl yi ng
said excitation sinal vector, generated in said step (g), to said synthesis
filter to synthesize an acoustic signal and calcualting distortion of said
acoustic signal fromsaid i nput acoustic signal; (i) repeating said
steps (f), (g) and Ch}ténrceeéfyctenﬁﬂgenenating\maagbtwhichpaaakaasive
vectors of sal @a%SHHSEQUQ tfé" Lgh?&f Ridb %%g{a%fh teg@d determining
gain |l abels in said Mcod e s whi C correspon& sal d conbi nati on of

wei ght ed gai n F@BFSFgr‘%F@hl%sSWCFﬁ%QW%]fQRP dinsk guepsAzegngaid (j)

Futputtlng |ab@h$aﬁétéggdtbﬂQ@?éiéﬁ%(ﬁhlﬁﬁﬁ(Hdéﬁﬁﬂéﬁéﬁtg,galn | abel s as at
east one part of encoded, resulis. of s t or | Nnput __acoust |
vector. 117 A RosKBEnEF Tt ok THER drtsade L RpRoRE Bt REES
si gnal throughseltethesredfi dhéxisteatciored dy caichdstkdlesieackipagailng a

plurality of | C r | 5 Dej g an integer equal to
or greater thaﬁ}%glt8 k3 %ﬁ%ﬁ%&lyg%& éccbéﬁldc Sl
- 41 - - dlstortlon calculatlng means whlch calculates the

difference between said input acoustic signal and said
synthesized acoustic signal and calculates from said
difference the distortion of said synthesized acoustic
signal from sid input acoustic signal;

M weighted gain codebooks each having M groups of
weighted gain vectors generated by multiplying M groups of
M-dimensional gain vectors by M-dimensional weighting
coefficient vectors, said M weigting coefficient vectors
each having at least one maximum component in a different
dimension;

a vector combing part which adds M weighted vectors
respectively selected from said M weighted codebooks to
generate a combined representative vector and sets first
to M-th components of said combined gain vector as first
to M-th gains in said first to M-th gain providing parts,
respectively; and

control means which controls the selection of said M
excitation vectors from said M excitation source codebooks,
determines a combination of said M excitation vectors
which minimizes said distortion of said synthesized
acoustic signal from said input acoustic signal, obtains
by calculating means said distortion for each combination
of weighted gain vectors selected from said M weighted
gain codebooks, determines a combination of M weighted
gain vectors which minimizes said distortion, and outpus



(a) calcualting spectrum envel ope paraneters of said vector of said input
acoustic signal, quantizing said spectrum envel ope paraneters and setting
said quanti zed paraneters as filter coefficients of a synthesis filter

(b) selecting said excitation vectors one by one fromsaid M excitation
sour ce codebooks so that distortion of a synthesized acoustic signal by
said synthesis filter, fromsaid input ac&9stic sigmat—s—minimzed;

(c) pregenerating Mweighted gain codebooks each haV| mﬂr’i@rou s of | abeled

wei ghted gain vectors obtained by multiplying Mdine "!@mmmuﬁrs of

M gai n codebooks by M predeterm ned M di nensi onal
vectors, resepctively, said Mweighting coeff|C|ent vectors each %aV|ng at
| east one maxi mum conponent in a different di mension; (d) selecting
representati velaa@éﬂﬂto%d s%.@.H”FﬁV%%?.BEEegn%Ia?M egae 5RY S@b i MBS Sk o
codebooks; (e) ding a galn vectors to generate
a conbi ned gaJ$P%ﬁu%(§et%%m§nG§fWﬁﬂﬁgtﬁﬂrgﬁlﬂoVﬁFtPﬁsc%ﬂ%ohéﬁ?%sof sai d

conbi ned gai n swetepod@ikigh $o balw Mt BeflarRShed excif:étl@diz@V‘irélti:tE'@r§aéﬁl first

to Mth gains to said M excit n _vectors vely;: . g) adding
sai d M gai n- pravitEe e X8 ReFbn ho eEPSPéedaﬁﬁsBiEE hg%#d”%?ﬁ\?ﬁ(\esi s filter
by said added annqanld(sugaaérate a synthesi zed acoustic signal; (h)

cal cul ating d|stortzi-son(.r_@])e Sl gd§¥n8@e§ié§ﬂ ggog?dfg éhgﬁél?féggagﬁld I nput

acousti c si gnal sal or ever
conbi nat i on ofWeight i gmeéélgaentv@étcépgswr@asa frhe gﬁ?eﬁh@éd'é%ownto

search for andgat elidgtmalyl wRitghked gaiRgVeRboESmpBhEeALH Hf NEZLaswi d
di strortion, and,
weighting coeffcient vectors as their diagonal elements
becomes a constant multiple of the unit matrix.

24. The encoder of claim 21 or 22 wherein said
control means includes means which: determines M sraight
lines closest to weighﬁed gain vectors of said M groups,
respectively; when said M excitation vectors are being
determined, controls said first to M-th gains to determine
their optimum values which minimize said distortion; pre-
selects, as subgroups, from weighted gain vectors of said
M groups a plurality of weighted gain vectors adjacent or
close to the points of projection of a vector, composed of
said optimum first to M-th gains, on said M straight lines,
respectively; and controls said.distortion calculating
means to calculate said distortion for each combination of
M weighted gain vectors respectively selected from said M
subgroups and determines a combination of weighted gain
vectors which minimizes said distortion.

'~ 25. A decoder for decoding an inputted code by
referring to a plurality of codebooks, comprising:

M codebooks each having a plurality of labeled
representative vectors, said M being'an integer equal to
or greater than 2; o

multiplying means which selects representative
vectors corresponding to respective labels in said input
code from the corresponding ones of said codebooks and



-42- obtaining M| abels corresponding to said M wei ghted gain
vectors; and (j) outputting, as at |east one part of encoded results
of said input acoustic signal, said M| abels of said Mweighted gain
codebooks obtained in said step (i) and | abels of said Mexcitation
codebooks obtained in said step (b). ._A nethod of encoding the
vector of an input acoustic signal through’the use of Mexcitation source

codebooks each having a plurality of |abeled excitat

being an integer equal to or greater than 2, said Wlﬂﬂmmﬂml mlﬂa

steps of: (a) cal cul ating spectgrun1enve|ope parane%er% sal vecto
of said input acoustic signal, quantizing said spectrum envel ope paraneters
and setting said quantized paranmeters as-filter coefficients of a synthesis
filter; (myISépé¢ESQsa$didékanédeuépnesennanﬁyanvedmprmn@wfMbn1said M
excitation sou 0 [ acoustic

si gnal by saldﬁggnﬁg P egéF?gb££$¢0n1smtﬁ éykégﬁékﬁﬁgigfgiéﬁgF ﬁP

m ni mi zed:; codebogksvtidi agnerate Monmqhtaggmﬁpn@ema&ly@l er@tcé@rm,

exci tation veckAals, adding thenlto generate an excitation signal vector,
and searching for and determ nin timum v Iu s of said first to Mth

gai ns such that di sPoVEFbRT ?o%\b %e%a}rz‘éd" FIPIGREFh F2 4 ¥m sai d
snthesis filtewedghteddrbpresente£ixivé atecivrs gittlo \ee Ueronstirainted d | nput
acoustic signabeckgrgininized;-

wherein said M weighting coefficient vectors each has
at least one maximum component in a different dimension.

26. A decoder for decoding an inputted code by
referring to a plurality of codebooks, comprising:

M weighted codebooks each having a plurality of
labeled weighted representative vectors, said M being an
integer equal to or greater than 2; and

a vector combining part which selects from said M
weighted codebooks weighted representative vectors
corresponding to M labels in said input code and combines’
them into a reconstructed vector;

wherein said M weighting coefficient vectors each
have at least one maximum component in a different
dimension.

27. The decoder of claim 25 or 26, wherein sald M
weighting coefficient vectors are selected so tht the sum
of M diagonal matrixes using components of said M
weighting coefficient Vectors as their diagonal elements
become a constant multiple of the unit matrix.



(d) pregenerating M weighted codebooks each having M groups of |abel ed gain
vectors obtained by nultiplying M dinensional gain vectors of Mgain
codebooks by M predterm ned Mdinmensional weighting coefficient vectors,
resepctively, said Mweighting coefficient vectors each having at |east one
maxi mum conponent in a different - 43 -
di nensi on, and determ ning M straight Ilne% for apprOX|nat|ng said M groups
of weighted gain vectors, respectively; (e) projecting a vector,
conposed of said optimumfirst to Mth gains, said Mstraight [ines on an
M di nmensi onal coordi ante system and pre-selecting fromsaid M groups
pluralities of weighted gain vectors adjacent or close to said projections

to fornlwlsubgroups (f) selectlng said wei ghted gain vectors one by
one from sai d MBSTIRNQTOPS $URE 0 obtain an M di nensi onal conbi ned
gain vector, and defy r@%ehhgﬁivé%%tég gggl SRTANC A Yer32dC 2iBined
gain vector as first sal eXC|tat|on

vectors, detenqﬂﬂthWk§aﬁﬁls@éé B3, t@smﬁﬁxyquenan tipddied &¥nponent s
of said conbi n%:@ﬁt&n\ée%bgrffléﬂgn@d@éé@oﬁh% e PIRLIA @ndN sBxel hakbed
signal vecg ors of dlmﬁan)s:l.ogpl \él nghggcle do Xé:lllet artelp?rnesseI rclaatllvvee(\:rtecc):rtotr% %al d
multipliers 21 and 22, whereby weighted representative
vectors zjjwi and z2jw2 are generated. These weighted
representative vectors are vector combined by a combining
part 3 into a combined vector ¥ij, and a combination of
10 the representative vectors is seleced by a control part in
such a manner as to minimize the distance between the
combined vector ¥ij and an input vector X. The weighting
coefficient vectors wi and w2 each have a maximum
component in a different dimension and are selected so
15 that the sum of diagonal matrixes Wi and W2 using
components of the weighting coefficient vectors as their
diagonal elements becomes a constant multiple of the unit
matrix. '



synthesis filter to synthesize an acoustic signal, and calculating its
distortion fromsaid i nput acoustic signal; (i) repeating said steps
(f), (g) and (h) for every conbination of weighted representative vectors
of said M subgroups to calculate said distortion, and searching for and
determ ning gain |labels in said M codebooks which correspond to wei ghted
gain vectors of the conbination which was mnimumin said distortion; and
(j) outputting |abels of said Mdeterm ned excitation vectors and said
determi ned gain Iabels as at |east one part of encoded results of said

vector of said aél c signal vector. 13. The nethod of clains
9, 10, 11, or mei id Mweighting coefficient vectors are sel ected
so t hat - 44 - the sum of M

di agonal matrixes usi @gBdOGQIDEIBGOM said M wei ghting coefficient vectors

as di agonal el enentsiecones a constant nul ti ple of the udit matrix.
14. The met hod of {crarmriq or 12 erein sai d subgroup gfetern ning step
i ncl udes a step off Selectl det erined nunber of spid weighted gain
vectors closest td the pogi ection of a vectpy, conposed of said
first to Mth gains, an sgid M; | i nes, respectipely.
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15. The nethod of claim 10 or 12 wherein said subgroup detetermining step

i ncludes a step of selecting said weighted gain vectors lying within the
range of a predetermi ned distance fromthe position of projection of a
vector, conposed of said said first to Mth gains, on said M strai ght

| i nes, respectively. 16. The method of claim 10 or 12 wherein: letting
sai d di nension correspondi ng to the maxi mum conponent of said each

wei ghting coefficient vector be defiend as an enphasi zed di nension, F

t hreshol d values are predeternmi ned over the-entire range defined by maxi mum
and m ni nu es of said conponents in said enphasized di nensi ons of al

of said wei gal x%gtors correspondi ng to each of said gain codebooks,
on the basi nent val ues in .said enphasized di nensi ons, by

whi ch t he conpone al i, d enphasi zed di nensions of said melghted
gain vectors are @B)( d&égﬁoﬁkegl ons, and a plurality of said weighted

gain vectors ned to each of said regions, said F bQQng an i nteger
equal to or grleater—tHan 1; and sai d 2q¢bgnoupTdeterm nin tep is a step of
conmparing val UES TTT S thenphasi z i mensi ons of a vectof conposed of said
optimum first fo MTH jgain gt W .e£eed on said Mstraight |ines,
respectively, Wth said thr€shol dl valaes fo determine the Xegi ons to whcih
said ' 7 -4b -3 conponent values in said
enphasi zed di nensters—pel cfng, and / ' 5
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sel ecting said weighted gain vectors bel onging tos said determ ned region
to formsaid subgroups. 17. An encoder for encoding the vector of an
i nput signal through the use of a plurality of codebooks, conprising:

M codebooks each having a plurality of |abeled representative vectors;

mul tiplying nmeans for nultiplyhing representative vectors selected from
said Mcodebooks by M predeterined but different weighting coefficient

vectors t at i ghted representati KG;O . id M being an
i nt eger eEfG), (B ater than 2 and saﬁ |5B§ coefficient vectors

each having_at | east one ,maxi num conponent iLn .a different dinension; a
vect or conb%]i ng part for adding said Mvveig: d vectors to generate a
conbi ned re sentative vector; a distghde cal culating part for

cal cul ating e d¥stance bg g en sai d conbi g}:c reprsentive vector fromsaid
vector conbimijng part a¥d safd i nput vectortdgnd a control part for

operating s&d vector conbining part and sa% di stance cal cul ating part

whi | e changichd t he sel ec%ton of weighted regdgsentative vectors fromsaid M
wei ght ed codelooks, Yermini ng a conbi Ratji on of wei ght ed 212

repr esent at imd vect ors of _saZ@BM codebooks ifch minini z@s 'sai d di s? te,

and for out }S)‘t!ttlpg their correspondl ng | abef¥ Jas encoded r uIt
vector of said input xsi gnal . 18. An encoder for™ engodl g tthe vec
an input signag through the use Qf a plurality] of ¥odebook

M wei ght ed representative codebooks each havi ng-M groups, of
represent at i ve-véet dEMEMSIGNd by st DIMET\\A@%
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mul tiplying representative vectors of Mgroups by Mdifferent weighting
coefficient vectors, respectively, said Mbeing an integer equal to or
greater than 2 and said weighting coefficient vectors each having at | east

one maxi mum conponent in a different dinension; a vector conbining
part for adding M weighted vectors respectively selectred fromsaid M
wei t hed codebooks to generate a conbi ned representative vector; a

di stance cal culating part for calculating the distance between said

conbi ned representative Vector fromsaid vector conbining part and the
vector of said input signal; and a conrol part for operating said
vector conbining part -and said di stance cal culaitng aprt while changing the
sel ection of weighted representative vectors fromsaid M weighted
codebooks, for determ ning a conbination of weighted representative vectors
of said M weighted codebooks which m nimzes said distance, and for
outputting their corresponding | abels as encoded results of the vector of
said input si 419. The encoder of claim 17 or 18 wherein said M
wei ghti ng coef¥i éi vdctors are determ ned so that the sum of M diagonal
matri xes using, as their diagonal elenents, conponents of said M weighting
coefficient vectors becones a constant nultiple of the unit matri x.

20. The encoder of claim 17 or 18 wherein said control part includes neans
whi ch det em nes M Sty-eagh } OS€ o—S-e-a—Mrgretps—ef—weieh [9
representative vect respgctively, pre-selects jromsaid M weighied
representative-codebooks, asf subgroups, pluralitigs of weighted
representative vecto i &r close to the pdinpOof projectiop of the
vector of said input on said Mstraight |igpes, controls said
di stance cal cul ati agt

NV}

>nd DIMENSION

st DIMENSION



- 47 - part to calculate said distance for every conbination of M
wei ght ed representative vectors selected fromsaid M subgroups, and
determ nes the conbinati on of weighted representative vectors which

m ni m zes sai d di stance. 21. An encoder for encoding the vector of an
i nput acoustic signal through the use of -a plurlaity of codebooks,
conpri si ng: M excitation source codebooks each having a plurality of

excitation vectors, said Mbeing an integer equal to or greater than 2;
first to Mth gain providing parts for nmultiplying said Mexcitation
vectors fromsaid Mexcitation source codebooks by first to Mth gapns,
respectively; an addi part for adding said M gain-provided
excitation vectors froms first to Mth gain providing par tfo gendrate
an excitation signal vector;. filter coefficient generati g Jeanvhi
anal yzes sai d i nput acousgzsi gnal to obtain paraneters repreSerntiln@.ifts
spectrum envel ope and qua es said paraneters t6? generat® filtdr3

coefficients; a synthhgsis filter which has Q}Xdiiltﬁ fffi
set therein and is excite said excitation signal vgctqr (o ze
an acoustic signgl; ~  distortion cal clatingyle _s.lf_gr_c%cu t he
di fference betmae;;csalg(l nput aco.ustl c siy all - ang Ealg o __1|
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synt hesi zed acoustic signal and for calcualting fromsaid differfence the
distortion of said synthesized acoustic signal fromsaid i nput acoustic

si gnal ; M gai n codebooks each having a plurality of | abeled

M di nensi onal gain vectors; mul tiplying neans for nultiplying gain
vectors respectively selected fromsaid M gain codebooks by M predeterm ned
M di mensi onal wei ghting coefficient vectors

- 48 - to generate weighted gain vectors, said Mweighting
coefficient vectors each having at |east one maxi mum conponent in a

different di rrenEcl@ @mector conbi ning part for adding said M
wei ghted gai n vectiow8st rate an M di nensional conbi ned gain vector and
for setting first to Mth tsg % Rbi rgain vector as first
to Mth gains in said firsfﬁﬁ‘o% h g 953; Sﬁ ngdg rts, respectively; and
control neans for cdTrolTjing tNE Selection ol sal d Mexciratrion vectors
fromsaid Mexcitati on_Lsource coc}’qbpoks for deternyniigng a corbi nati on of
said M excitation veetors éll At 1Z€sS—S -tt-stort+on—of—qai d

f

synt hesi zed acoustid silgndl @R 1iGput aco@st1|85@§n‘hl flor

cal cul ating said di stor% i an by, o3 gquF tgng neang, %6@’3@' conbl nation of
gai n vectors replectfvely |sel ected from sai d M gain~ codebooks |t o determi ne
a conbi nation of M %ai D velct s vhilch 78 ni nilzesOs& U3di 2@rti dn, and for

4 0.003516 0.659780
5 | 0117258 1.134277
6 0.197901 1.214512
7 0.021772 1.801288
8 0,163457 3.315700

FIG. 6B

TABLEL CODEBOOK CB2'

] Y2i1 Y2i2

1 |- 0.050466 0.244769

2| 0121711 0.000010

3| 0313871 . 0.072399

4 | 0375977 0.292399

5 0.493870 ' 0.593410

6 | 0.556641 0.064087

7| 0.645363 0.362118

8 | 0.706138 - 0.146110

9 | 0.809357 0.397579 _
10 | 0.866379 0.199087
11 0.923602 0.599938

12 | 0.925376 1.742757

13 0.942028 . 0.029027

14 | 0,983459 0.414166

15 1,055892 | 0.227186

16 1.158039 0.724592




outputting |l abels of said M gain codbooks corresponding to said M

determ ned gain vectors and | abels corresponding to said M deterined
excitation vectors as at |east one part of encoded results of said input
acoustic signal. 22. An encl oder for encoding the vector of an input
acoustic signal through the use of a plurality of codebooks, conprising:

M excitation source codebooks each having a plurality of excitation
vectors, said Mbeing an integer equal to or greater than 2; first to
Mth gain providing parts for nmultiplyhing said Mexcitation vectors from
said Mexcitation source codebooks, respectvedly; an adding part for
addi ng said M pai n-.provided excitation vectors fromsaid first to Mth gain

providing parts to generate an excitation signal vector;
- filter coefficient generating neans which anal yzes said

- 49
i nput acoustic siFﬁjL 0 obfain paranmeters representing its spectrum
envel ope and quanti 8ai d paraneters to generate filter coefficients;
a synthesis filter which has said filter coefficients set therein and is

excited by said excitation signal vector to synthesize an acoustic signal;

di stortion cal cul atijng ne?ns whi ch cal cul ates the
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di fference between said i nput acoustic signal and said synthesized acoustic
signal and calculates fromsaid difference the distortion of said

synt hesi zed acoustic signal fromsid i nput acoustic signal; M wei ght ed
gai n codebooks each having M groups of weighted gain vectors generated by
mul tiplying Mgroups of Mdinensional gain vectors by Mdinensional

wei ghting coefficient vectors, said Mweigting coefficient vectors each
havi ng at | east one naxi num conmponent in a different dinension; a
vector conbing part which adds M wei ghted vectors respectively sel ected
fromsaid V\Fwal@'t (l\algodebooks to generate a conbi ned representative vector
and sets fi conponents of said conbined gain vector as first to
Mth gains in said first to Mth gain providing parts, respectively; and
control neans whﬂcBCbontrol s the selection of said Mexcitation vectors

from sai d M eyettatqon source codebooks, determines a conbination of said M
excitation vegtors Vm ch mnimzeg @al d distortion of said synthesized
acoustic signg stic signal, obtains by calculating
means sai d dis ) on_of weighted gain vectors
sel ected fromjsaitd f ot n codeboos determ nes a conbi nation of M
wei ght ed gai n jveet of i it mzes said d| st®22i on, and out pus
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| abel s of said M weighted gain codebooks corresponding to said M detern ned
wei ghted gain vectors and | abels corresponding to said M determ ned
excitaiton vectors as at |east one part of encoded results of said inpupt
acoustic signal. 23. The encoder of claim?21 or 22 wherein said M
wei ghting coefficient vectors are selected so that the sumof M di agonal
matri xes using the conponents of said Mweighting coeffcient vectors as
t heir di agonal el enments becones a constant nultiple of the unit matrix.
24. The encoder of claim 21 or 22 wherein said control neans includes neans
whi ch: determ nes Msraight lines closest to weighted gain vectors of said
M groups, respectively; when said Mexcitation vectors are being
determ ned, controls said first to Mth gains to determi ne their optinm
val ues which mnimze said distortion;, pre- selegts, as subgroups, g om
wei ghted gain vectors:-of said Mgroups a plural &y of weighted gain vectors
adj acent or close to the points of projection of_a vector, conpose f said
optimumfirst t th gains, on said M straighf Jli nes, respectivel yO and
controls said ortion calculating neans to | cul ate said disto&&ﬂon
for each conbi n®t™on of Mwei ghted gain vectorp<tespectively selectst from
said M subgroups and determ nes a conbi natdepn wei ghted gain vect@rs

3 er for decoding anfC|

which mnimze id distortion. 25. de
i nputted code g&;zeferring to a plurality of\ cpdebooks, conprising: 1 M
X esentative vectors, kaid M

codebooks each paving a plurality of |abel ed

being an integ qual tp or greater than ['t1 plyl ng nkans mh,ch
sel ects representative vectors corre i 0 respective labpls in paid
i nput code fromthe corrgespondin codebooks and :
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nultlplles sai d sel eced representatlve vectors by Mweighting coefficient
vectors’ predeterined for said M codebooks to generate M wei ghted
representative vectors; and a vector conbining part which conbines
said M wei ght ed representative vectors into a reconstructed vector;
wherein said M weighting coefficient vectors each has at |east one maxi mum

conponent in a different dinension. 26. A decoder for decoding an

i nputted code. eferring to a plurality of codebooks, conpri sing: M
wei ght ed cod égs having a plurality of |abeled meighted
representatl said M bei ng an integer equal to or greater than 2;
and a vector conblni art which selects fromsaid M weighted
codebooks wei ghted reggesentlati ve vectors corresponding tp Mlabels in said
i nput code and combi nas t her a_reconstructed vector; wherein said
M wei ghti ng coefficie@E vp@tors eac | east one maki mum conponent in

a different dinension 27. The dec of claim25 of 26, wherein said
M wei ghti ng coeff|C|eé% vectlors are sel ect o tht the spm of M di agonal
matri xes using conponggE Bff said M wei B ent| vectors as their

di agonal el enents bec a dqonstant mnul I e unit jratrix.
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