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Field of the I nvention The present invention relates to speech processing.
More 10 particularly, the present invention nelates to a novel and inproved
nmet hod and apparatus for |ocating an optinmal excitation vector in a code
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64 kilobits per second (kbps) is required to achieve a speech quality of
conventional anal og tel ephone. However, through t he use of speech anal ysis,
fol | owed by t hE Fiepd ofrthetinveadiony, transni ssi on, and resynthesis 25 at the
receiver, a significant reduction in the data rate can be achi eved. Devices
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transm ssion ¢ Stantly changi ng to accurately nodel
the tine varying speech signal. Thus, the speech is divided into bl ocks of
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o enmener, o) iR SACKS drektiel 1ferkyt 67 (adtefitifirlg inéthehls WHich"RilRfimfze the
amount of mformatlon sent over the transmission channel while

20 maintaining high- quality in the reconstructed speech. If speech is
transmitted by.simpiy sampling and digitizing, a data rate on the order of 64
kilobits per second (kbps) is required to achieve a speech quality of
conventional analog telephone. However, through the use of speech
analysis, followed by the appropnate coding, transmission, and resynthesis

25 at the receiver, a significant reduction in the data rate can be achieved.

' Devices which employ techniques to compress voiced speech by
extracting parameters that relate to a model of human speech generation are
typically called vocoders. Such devices are composed of an encoder, which
analyzes the incoming speech to extract the relevant parameters, and a

30 decoder, which resynthesizes the speech using the parameters which it .
receives over the transmission channel. The model is constantly changing
to accurately ‘'médel the time varying speech signal. Thus, the speech is
dfviﬂéd into blocks of time, or analysis frames, during which the parameters

| are calculated. The parameters are then updated for each new frame.
35 Of the various classes of speech coders, the Code Excited Linear
| Predictive Coding (CELP), Stochastic Coding, or Vector Excited Speech
| Coding coders are of one class. An example of a coding algorithm of this
particular class is described in the paper "A 4.8 kbps Code Excited Linear

Predictive Coder" by Thomas E. Tremain et al., Proceedings of the Mobile
40 Satellite Conference, 1988. Similarly, examples of other vocoders of this




40 Satellite Conference 1988. Simlarly, exanples of other vocoders of this
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are detailed in U S. Patent No. 5,414,796, entitled "Variabl.e Rate Vocoder"
and assi grwa98/0508hc assi gnee of the present invention and i PCHPSOYISYU] by
reference here| n. The function of the vogoder is to conpress the digitized
speech si gnal into a low bit rate signal by renoving all of the natural
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artlcuar x0|t Jonwa i.ch,caus e _out put ~of t.he | r to
e L he cf o458 resuinEFeRN iRk HERA] KR 1 Htiaied hechME GRlsSigR Agise, Which oo
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al gebr ai ¢ ofcapeechds ias falowsk First, tfm parameters of the LEG filtescare dﬁmmxm
" Fast CELPW%%%@&R& %Qﬁﬁrl@nfs HWHISS ‘reove Ehe %‘!’l‘é't't tersh @dundancy,
Pr oceedi ngs

ril 1987. The useoNa ebrai c .codes 1Is
further di ﬁumedthienvqcaé tragt & termtg' in Ahe speechos eé‘gt AR exritation, pignal,

Codebook ¥1 c\'ﬁ]fs' nﬁbﬁ'@ fto PPET Ailter At 'tHG cﬁ%&édr,% cl\bgéﬁl &rlﬂg]_%‘ the LPCfilter
di scl osure 0 i n orated ef erence. };Fl_ﬁgl RNENT ON
50°C" Ot S it AymBeF, SO IREARES e ROR . S G, i A FARERRGR, ARG o

error neasgefedtingrtihe particulae Eixcitativhcviaveformaghicly eatises the dbatpunofehe
speech VeCtﬂ;C FINEP 18753 clbSesdt Hpfp loXiniationtd Be GRAANSFPEech. Thus, the
. transmitted parameters relate to (1) the LPC filter and (2) an identification of
the codebook excitation vector. :
20 - A promising excitation codebook structure is referred to as an
_ algebralc codebook. The actual structure of algebraic codebooks is well.
‘known in the art and is described in the paper "Fast CELP coding based on
‘Algebraic Codes” by J.P. Adoul, et al., Proceedings of ICASSP, April 6-9, 1987.
The use of algebraic codes is further disclosed in U.S. Patent No. 5,444,816,
25 entitled “Dynamic Codebook for Efficient Speech Coding Based on Algebraic
Codes”, the disclosure of which is incorporated by reference.

' SUMMARY OF THE INVENTION

30 Analys1s by synthesns based CELP coders use a minimum mean

square error measure to match the best synthesxzed speech vector to the

~ target speech vector. _This measure is used to search the codevector

codebook to choose the optlmum vector for the current subframe This

. mean square error measure is typxcally limited to the window over which

35 the excitation codevector is bemg chosen and thus fails to account for the

| _ contnbutlon tl'us codevector wxll make on the next subframe being
searched. _ .

. In the present mvenhon, the wmdow size over whxch the mean

square error measure is muumxzed is extended to account for thls ringing of




codebook .t o choose the optinum vector for the current subfranme. This nean
square error measure is typically limted to the window over which 35 the
excitation codevg&%@r i s being chosen and thus fails to account %}2

contri bution ¥fi? Jevector will make on the next subfrane belﬁé?@ﬁ @ﬁ%‘d
In the present invention, the w ndow size oder which the nean square error

nmeasure is mnimzed is extended to account for this ringing of WO
98/ 05030 the codevector in the current subframe p@tpuggq/qggg@ubfrme The
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stationary for the entire su frame making the autocorrelation matrix of
h(n), ®(i,j), Toeplitz, or stated another way, ®(i,j) = ® ti-<jl. Thus the
present invention turns a 2-D matrix into a 1-D vector and thus reduces
RAM requirements for the codebook search as ‘well ‘as computanonal

20 operatxons

BRIEF DESCRIPTION OF THE DRAWINGS

The features, objects, and advantages of the present invention will
25 become more apparent from the detailed description set forth below when
~ taken in conjunction with the drawings in which like reference characters '
identify correspondingly throughout and wherein:
FIG. 1 is an illustration of the tradmonal apparatus for selecting a
~ code vector in an ACELP coder; .
30 FIG. 2 is a block diagram of the apparatus of the present invention for
selecting a code vector in‘an ACELP coder; and
~ FIG. 3 is a flowchart descrlblng the method for selecting a code vector
in the present invention.

35 DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

FIG. 1 illustrates the traditional apparatus and method used to
perform an algebraic codebook search. Codebook generator 6 includes a



i dentify correspondingly throughout and wherein: FIG 1 is an illustration

of the traditional apparatus for selecting a code vector in an ACELP coder;

30 - FIG 2 is a block diagramof the apparatus of the present

i nventi onwmesiesestect i ng a code vector in an ACELP coder; anBCFUSI7/B5P46 a
fl omchart describing the method for selecting a code vector In the present
i nvention. 35 DETAI LED DESCRI PT|,ON OF THE PREFERRED EMBODI MENTS
FIG- 1 illustrates the traditi.onal apparatus and nmethod used to perform an
al gebr ai gfvé& 26P 2 WhiGOHE PEPorieN® 2tils gddition 30
PCT/ U897/ @%g?lg S | se generator V\:hl ch ﬂes onse t% ltlpé’\ép%@gxf ?%n

- signal, : sigrvadr é(t'ﬁb a dnjtapulse Hirg the tlfbuF@élﬁlﬂnt helntthEpoexemprlaryl n
the exenpl et rfﬁetmdéb%okoéﬁamsoﬁw | i / TaHd Y

n%“d‘* i n%ﬁ?éﬁ Fobty"RhiridEs difd |

sanpl es a t he SSIb iti,ons for the unit

tracks Tdhecpgasib Te msstnmq qrtheanit ¥mp ssw\rerdgz ed intactracks TO to T4
POS't'S)”SalTﬁxowanABLEIbelow .0, 5,10, 15, 20, 25, 30,35 T1

1, 6, 11

T3 3, 8,713, 18, 23, 28,33,38 T4 ' :

4, 9, 10, 19 24, 29, 34, 39 In the eYABLEMY enbodinent, one puI se is

provi ded for eachtrackrljgx*(pul se 10 generator 2. Nﬁlt’l S, the nunber of pul ses

in an excitation vector n the exerrpl ary enbodi ment", NSs 5. For each
pul se, p[err], a corresfbnding sign s[err] |30a551[bﬂ5d20,(23,36,35n_se The

sign of the pulse whi c s illustrated by mul i pl £ | ytiplies the
unit i mpul se at p05| tio h“ p[err], by the si gntl(/g‘l 1§ 16S Bl% resul ting
code vector, is gi v’&n by equation (1) -bel awz, 11:51?;322,]27 32,37

T3 . : - 3,8,13,18,23,28,33,38

T4 .4 9, 10,19, 24, 29,.34, 39

L In the exemplary embodlment one pulse is provnded for each track by pulse
‘10 generator-2. Np is the number of puises in an ‘excitation:vector. In the

- exemplary embodiment, Np is 5. For each pulse, pj, a correspondmg sign sj
~ is assigned to the pulse. . The sign of the pulse which is illustrated by
multiplier 4 which multiplies the unit impulse at position, pj, by, the sign

value, si. The resulting code vector, ck, is given by equation (1) below.
. N

= s8G-p) (1)

- i=0

. ... Filter -generat_or 12 generates: the tap values fd_:__ formant filter, h(n), as 'i
is well known in the art and. described in detail in the aforementioned U.S.
20 Patent.No. 5,414,796. Typically, the impulse function, h(n), would be
" computed for M samples where M is the length of the subframe being
- searched, for example 40. o o
The composite filter coefficxents, h(n), are provxded to and stored as
_ two dimensional triangular Toeplitz matrix (H) in memory element 13
25 where the diagonal is h(0) and the lower dxagonals are h(l)..., h(M-l) as

shown below.

h(1) ho 0 - 0 |
H= h(Z) h(l,) h(O).. S U I @)
h(M _1) h(M-2) h(M=3) --- K(0)

6,21, 26,31 2,7, 12,17,22, 27, 32,37

-



Filter generator 12 generates the tap values for formant filter, h(n), as
is well known in the art and described in detail in the aforenmenti oned U.S.
20 Patent No. 5,414 796. Typically, the inpulse function, h(n) I e
conput ed for m%gﬁﬂ?f’@s where Mis the length of the subfrane bepfé\%ﬁs%?sm
searched, for exanple 40. The conposite filter coefficients, h(n), are
provided to and stored as two di nensional triangular Toeplitz matrix (H) in
menory el ement 13 25 where the diagonal is h(0) and the | ower diagonals
are h(1)..., h(M1) as shown below. [err] WO 98/ 05030
PCT/ US97/ 13594 5 Tfihesatalues are previdest by memory 13 to matrix multiplication
rmul tiplication 1 . HiS L Wol | ' '
the corr el at i SN A4  FL g ten, BRI bp & Gatendst fd BIVETAE cobelalifn of
equation (3) ke dmpudser¢sparisenatrix Rin agcordanceowith gquatiomd)helow.i s
then provi@ed to nenory elenment 18 and stored as a two dinensional matrix-
whi ch requires 402 or 1600 10 sitions of nenory for this enbodi nent. The
i nput speech frane qs(im:i};t.ﬂriavﬁhﬂﬁ-d)}e(m | | forriexlj by perceptual wei ghigyng
filter 32 to provide t]he targetniignal, x(n). The design and inpl enentation
of perceptual weighting filter 32 is well known in the art and is descri bed
in detail in the aforenentioned U S. Patent No. 5,414,796. 15 The
sanpl e val ues Tife tesult of gbe corrplation qperationdisvthere provided: to mpelrorynelement
H(n), are proyid MhX Mid Aihedddi I <\ S
cross correl a;iiso%gtglte?%;e%ﬁ thﬁe tardgclgit,l Sl éﬁgﬁagrﬁgﬁ% ‘?’2‘6%5@11‘@%%%?3 ?{1%00
accor danceélOni positions of memory og this emgqc ee val ues from menory el enent
20, d(i), and the cpgepRplt ¥ frafie iR previdedsto 8kd Al i
matrix multipli c,at]_{ on e},Frren 22 . by ﬁi‘ . : tered By ﬁ@-&eb?ual
: weighting filter 32 to provide the target signal, x(n). The design and

implementation of perceptual weighting filter 32 is well known in the art
and is described in detail in the aforementioned U.S. Patent No. 5,414,796.

15 The sample values of the target signal, x(n), and values of the
impulse matrix, H(n), are provided to matrix multiplication element 16
which computes the cross correlation between the target signal and the
impulse response in accordance with equation (4) below.

. M . ‘ '
20 d(i)= Ht - x= Y x(i)h(i - j), :for j=0 to M. (4)
=i .
The values from memory' elemg_nf 20, d(i), and the codebook vector
amplitude elements, cj, are provided to matrix multiplication element 22.

which multiplies the codebook vector amplitude elements by the vector
25 d(n) and squares the resulting value in accordance with equation (5) below.

Np-1 2
4 T _
E_,z‘y =[ %Ck(Pi)'d(Pi)) o %)
_ -
30 - = Codebook vector amplitude -elenien,ts, ck, and codebook pulse

positioning vector p are provided to matrix multiplication element 26.
Matrix multiplication element 26 computes the value, Eyy, in accordance

with equation (6) below.

Ni,-l . © Np-1 Np-1 | |
35 Eyy= X.0(piP)+2" 2 cx(pi)ex(p)) (i, Pj) (6)

j=0 i=0 j=i+l




which nmultiplies the codebook vector anplitude el enents by the vector 25
d(n) and squares the resulting value in accordance with equation (5) bel ow.
[err] 30 . Codebook vector anmplitude elenents, c[err], and codebook _
pul se posi W9B/A30/ector p are provided to matrix nul tipli c@dTussziiassdnt
26. Matrix nultiplication elenment 26 corrpgtes the value, Eerr], in
‘accordance with equation (6) below [err] WO 98/ 05030

PCT/ US97/ 13594 6 The val ues of Eyy and (E[err])[err] are provided to

di vider 28, which conputes the valye Tk in accordance wth equation (7)

bel ow. [er rThe vakaes, of Fyy aRdf @xﬁgcarecamgsré teodivides 38, iwbhich soonputes

"¢k, and CO%Q%u@WE%%&bidﬁﬁéqﬁxﬁﬁégﬁétx&‘{VPbEIoQY]' ded to minim zation

el ement ‘30 and t'he codebook vector th maxi m zes e val'ue Tk-is sel ected.
10 -Referring to FI.G 2, the apparatus for sel.ecting the code vector
in the present inverf@ o)‘? is illustrated. In FIG 3, a flowchart descri bing
the opergtional fie

he present invention is illustrated. First g@
bl ock 100, the preserEyyl nvention preconputes the values of.. d(k), can
be corrput ed ahead of time and stored since its values do not change with

the 15 vect sear ched. . The ;speech fra ( IS prOV|ded to
per cept ual dfh?gﬁ? 1&[‘1 ?% Lé@‘%r"aﬁ‘égrtm %ng& g!? 'n?ﬂ The
resul ting t@*dﬂs élae m éep agm ) &6ps t&ﬁ' 0 p c

Lis the l t er
f76| t Thi 30 e>|\</|t endeRefmiﬁgtl rt]ds amaletz théruasst for séiédftin Itﬁe%g%t@& tthe
i.ltering Msanples o e sSp erce 1 ght i ng
flter 76 FREEREITERIAR Roerraled r In AR S, iy Agwikamofcacribing the'
addi ti onal qmnalmma\l/rﬂd)w af the presgntt invention is xlihmka&cl aFmsBﬁﬂtblek 100,
percept ual el %E&qt finVeRtidt: precomputes the values: of d(k), which can be

computed ahead of time and stored since its values do not change with the
15 code vector being searched.: e - : :

- The speech. frame, s(n) is prov:ded to perceptual wexghtmg filter 76
which generates the target signal, x(n). ‘The resulting target speech segment,
x(n), consists of ‘M+L-1 perceptually weighted samples which are provided
to multiply and accumulate element 78. L is the length of the impulse

- 20 response of perceptual weighting filter 76. This extended length target.
speech vector, x(n), is created by filtering M samples of the speech signal
through the perceptual weighting filter 76 and then_ continuing to let this

 filter ring out for L-1 additional samples whlle a zero mput vector is applied
as input to perceptual wexghtmg filter 76. : .
25 As deseribed previously with respect to filter generator 12, filter
generator 56 computes the filter tap coefficients for the formant filter and
from those coefficients determines the impulse response, h(n). However
filter generator 56 generates a filter response for delays from O to L-1, where
L is the length of the impulse response, 'h(n). It should be noted that
30 though, described in the exemplary embodiment, without a pitch filter the
present invention is equally applicable for cases where there is a pitch filter
- by simple modification of the impulse response as is well known in the art.
The values of h(n) from filter generator 56 are provided to multiply
" and accumulate element 78. ‘Multiply and accumulate element 78 computes
35 the cross correlation of the target sequence, x(n), with the filter impuise
response, h(n), in accordance with equation (8) below.




25, . . As deseribed previously with respect to filter generator 12,
filter generator 56 conputes the filter tap coefficients for the formnt
filter and fr‘g@m coefficients determ nes the inpul se respoRSHUSINIS94
However filter generator 56 generates a filter response for delays fromO
~to L-1, where L is the Iength of the inpulse response, h(n). It should be
not ed that 30 though, described in the exenplary enbodi nent, w thout a
pitch filter the preseng,y-fvention is equally applicable for cases where

there is a pitch f er §yx eoshd heatbM-Rf the i npul se response (8
s well known in t%@artzﬁgﬁella &’en; of h(n) fromfilter generator 56 a(r)é

provided to nmultiply and Accurmul ate el enent 78. Ml ti ply and accumnul at e
el ement 78 conputes 35 the cross correlation of the target sequence, x(n),

\l/)vl E h the f {/\:D t’%rSe/ gongimdrmipesnsn& ,d(in) rare thenzstorediin aremiary elgmeent8o.( 8)
&I Uso7i iy Block 202, the BReSERt JaVEptiop respmehise £, aluse of @

- PCT/ US97/ 13594 7
menory el Sremeegled for theocompatation of Eypypelt is atvthis poinbwherethedsiggest gain
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consequently t err matri x peco vec
[err]. In thdesomena lel?oum' hecayse (m&&(iwn nlrrébeeprssenhiembwment
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i nvention requir e ation count sayi ngs are al s

t he conput at i ai&cast!‘!ﬂ% %"“ £ e PresgRt JRVERKON  fequires o Yl‘){oal Qperagion
the present icowitt smngehﬁevalsaeabcﬁmbdr i1 theecmmmmdnl and osterd BIC thevit-D

t 9) b 15 Ih I d
menory el o HECKSt OYRF e, Akl RS YRIHG pisPent intelions tt, Saluss of @
the traditiorare cmnpnbbd/\&n abcoxﬂancemnthtnq:ﬂlxors(&)rbejemf M2 el enents. In
this enbg§ nent, L=M _

L-1

®(i)= Y h(n)h(n-i) | - (9)

=0

The values of d)(i) are stored in mernbry element 80, which only requires L
memory locations, as opposed to the tradmonal method which requires the

20 storage of M2 elements. In this embodunent, L=M. |
In block 104, the present invention computes the cross correlation
_value Exy. The values of d(k) stored in ‘memory element 80 and the current
codebook vector cj(k) from codebook generator 50 are provided to multiply ;
and accumulate element 62. Multiply and accumulate element 62 computes
25 the cross correlation of the target vector, x(k), and the codebook vector

_ amphtude elements, ci(k) in accordance with equatmn (10).

ExY = ici(Pk)'d(Pk) o " o : (10)

k=0

30 The value of Exy is then provided to squaring means 64 which computes
the square of Exy. '

In block 106, the present invention computes the value of the
autocorrelation of the synthesized speech, Eyy. The codebook vector
amplitude elements cj(k) and cj(k) are prowded from codebook generator 50

35 to multiply and accumulate element 70. In addition, the values of @ }i-j!
are provided to multiply and accumulate element 70 from memory element
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I n bl ock 104, the present invention conputes the cross correlation val ue
Exy. The val ues of d(k) stored in nenory el enent 80 and the current
codebook. vector c[err] (k) from codebook generator 50 are pr.ovided to -
mul tiply wiodsmsn3amul ate el ement 62. Miultiply and accunul at @CIYUSIBAISNE2
conputes 25 the cross correlation of the target vector, x(k), and the
codebook vector anplitude elenents,.ci(k8 in accordance with equation (10).
[err] (10) 30 The value of Exy is then provided to squaring means 64 which
conput es t&e. san}tepm aﬂudy accummlate elementhZ0omphites thenvabue givient i
- the val ue of é § gﬁ P@I ation of the synthesized speech. The codebook

- vector aut B t|l i on of the synthesi zed speech, Eyy. The codebook vect or

anplitude elenments ci(k) and cj (k) are provided from codebook generator 50
35 to nultiply.? MNmccunul ate el ement. 70. I'n addi ti on, ~the values of Berr]
are provided to IEq;J(p,)ang(pi()dﬂml-ap,& el ement 70 from nermory el eme(il
WD 98/ 05030 * j=0j=i+1 - PCT/ US97/ 13594 8 60.
Mul ti pl ¥ and accunul ate el enent 70 conputes the val ue given in -equation

(11) below. [er 5 The val ue co d by, mul tiply and accumul ate peans 70
i's provi de?!'lleovml]!vlet compittedobym tipf and accumuiate mgans 7 9yis proyided to

IIL\)/lre(r)nC)“rJCt elcreman %éplrosrdes ﬁéerivar?ﬂldédlst i)naltilﬂ(géatB?ml[t| I? r 75 c%gfwhere
it syrrul tﬂb‘ﬂltﬁglq;s 73 BPRY q\lf‘éPUf]“e"s(eré E)Pkg %,‘lmFF% rrulptl plier 75 is
prlow ded to a ﬁ@ﬂéfﬁbr mlém:énts ro?i%esTgheMubr ofnd(@)ao waltipliere75
val ue ich is e i.Qn
val e S, WRER i SsdmiifiaReaely he alk N2 Y phGants froph e et 95

source ®an be B a ne r|ng
equation ( p2ovided ke apsecord inputof isammier V4 qThei snm(f@bxmsurrtmer 74 is the

value Eyy which is gnven by equatxon (12) below

 Np Np o
E,y =Np . D(0)+2- 2 ch(p,) cx(p;)- ¢|p, p,l | (12)
i=0 j=i+1

15 _ e
| An appreciation of the savings of computational resource can be attained by
comparing equation (12) of the present invention with equation (6) of the
~ traditional search method This savmgs results from’ faster addressing of a
" 1-D matrix (& I pi-pj|) over a 2-D access of <l>(p1,p]), from less adds required .
20 for Eyy computatlon (for the exemplary embodnment equation (6) takes 15
R adds wl'ule equatlon (12) takes 11 assummg ck(px) are )ust lor-1 sxgn terms),
"and from the 1360 Ram locatlon savmgs smce ¢(1,1) does not need to be .
stored ' i
"In block 108, the present uwentxon computes the value of (Exy)z/ Eyy.
25 The value of Eyy from summing element 74 is provxded to a first input of
divider 66. The value of (Exy)2 is prowded from squaring means 64 is
provided to the second input of divider 66. Divider 66 then computes the

quotient given in equation (13) below.

(13)

8
:'" L"a’

The quotlent value from dwtder 66 is provided to minimization
element 66. In block 110 nf the all vectors ¢k have rot been tested the flow

: moves back to block 104 and the next ‘code vector is tested as described
'35 above. If alt vectors have been tested then, in block 112, minimization




tradi ti onal search nethod. This savings results fromfaster addressing of a
I-Dmtrix ([err]) over a 2-D access of [err], fromless adds required 20
for Eyy CoMp Ui 9saizedol OF the exenpl ary enbodi ment equation (6) 3’%’1‘%94/5359
adds while equation (12) takes 11 assunming c[err](p[err]) are just 1 or -
sign terns), and fromthe 1360 Ram | ocati ongsavings since [err](i,j) does
not need to be stored. In block 108, the present invention conputes the

val ue of (FE| eelreh)élw 68/ sdlects] the2Code vecsoal which Festilts] inl tRENAaRTThGen /AU Yf
74 is provide flrst i nput of divider 66. The value of (Exy)[err] is
provided fro uar| ° means 64 is pr ovided to the second input of divider

66.. Divider 66 thdheprpvions description oft the \p&'&fenedqembo@lin(elﬁi 1beﬂ>ﬂw:ded

(13) The quot f ed to m |mza

i otent o6, 1 B3t 48y ﬁ%??#&“!é’f i iR skt oriiiake of. o€ B skdent vention.
the flow nSve'fhbazaenmws mhodificationarto these rmnbodﬁﬂentswmr be &eﬁéﬂyfﬁbﬁ@r t to

d bed 35 fested.t | otk 112,

mef] ﬂnl th on ﬁ%%@%%éﬁ%ﬁﬁr inﬁ%e %%%'lncef:»r?ncxppes dehneg ﬁgrem may be
PCT/ US97/ 1359%appliedete othes embodiments: withoute the ruseh iof hthiee $nvéntive fd&xlty
maxi mum val u ]/ The Vs tio

preferred enbeg |§eﬁ§élé}£ﬁr\r} eg’a?g']ognaﬁl (ﬁiﬁyfnggﬁggﬁsc'ﬁ Iq?eedﬂ t?ﬁ %Qr the
to make or usembed Ombﬁﬁlb UtBS torke ageonsied thelnfidest saope tonsdibren
embodi menyg kuhme m& kw&ﬂ%_l he art, and the
generic principles d?l nel r?er el n may eﬁggé(al ﬁb% g.[ e'rl{ enbodi rrent S

w thout the use of the inventive faculty. Thus, the present invention is
not i ntended IQLAINII mted to the enmbodi nents shown herein but is to be
accorded the wi dest scope consistent 10 wth the principles and novel
features disclosed herein. | CLAIM WD 98/ 05030

PCT/ US97/ 13594



10 CLAI M5 1. In a linear prediction coder to provide synthesized speech
in 2 which short termand | ong termredundancies by a filter. neans having L .
taps wherein said filter neans has an i npul se response, h(n) are renoved 4

froma frﬁmsm_fmbl digitized speech sanples resulting in a PCTIUSAZN3ISAMV ef or m
of N sanples, a method for encoding said residual waveform6—usingk

codebook vector, c[err], conprising: cofyolving atar et

sai d inpul se response, h(n) to 8 .provide a first convbl HM’ “! i" ’””m
autocorrel ating an i mpul se response KIMS"”GV ein saigd

response matrix is a lower triangular toeplitz matrix Wlth di agonal (05

-where h(0) is the zeroth:inpuse response val ue and.the | ower dlagonals 12
h(1), , h(L- 1)1 and Imsrl«méhrs reliction esder sp e _1de|tsgmthe$md0 eech in

O, e rda?t%?aﬁ“eteﬂdm?%ﬁeﬂ Sl By A5 SRS kg £

i WDULSG r Qgﬁ? Qﬂi’erﬁm shid Filtersmiednsdusban I«mpnlserm,sp@{\ee,r h(rt) arecmmieved .
synt hesi ze spee aut o t

Syt hedk - dompac e, of N iifea BhecK samples TESAMAR! JLE' EiaRR)
convol ut i %amrﬁ'ﬂbﬂ Noshhcpdks,vaecmet}md (foprennadhngZSaxd residuat owavefornon
E[err] and sekect ﬁm accordance with said cross
correl & nc lﬁ gglged speech :aut:ocorrel ation,
E[err]. 2. Tmmm!ﬂhmg af tatgat mgnaflux(m)arambﬁprd smrgﬂsaeregpgpseoh(n)z to

gener atd L. coefficients; generating a second set of
filter oé erﬁé%h?ﬁélccﬂ{lehhbﬁnbl n{ ng said f| rst set of filter

coefficients arahtegprrelatiBgdan dMpRise FeSRONSEMAtTI%eAY hereinpsaigd (!@B!-HFG
| pul Sfy ! GR8pRASe miaftlx i-a lowe fﬁi’ix‘i‘?ﬁﬂa@f tdeplits dhattik! Wdth Cdlilsgbkﬁll

wei ght | ng where A@LIs FRaFEroR SPRHIGE "epane, VRLEe argh the Towdr Hxagonals

12 h(1),....h(L-1) and wherein said impulse response autcorrelation is computed
in accordance with the equation:

14
L-1
®(i)= Y h(n)h(n-i);
n=0
16

autocorrelating said synthesized speech in accordance with said
18 autocorrelation of said impulse response matrix and said codebook vectors,
ck to provide a synthesized speech autocorrelation, Eyy; '
20 cross correlating said synthesized speech and said target speech in
accordance with said first convolution and said codebook vectors to provide
22 a cross correlation Exy; and
selecting a codebook vector in accordance with said cross correlation,
24 Exy,and said synthesized speech autocorrelation, Eyy.

| 2. The method of Claim 1 further comprising the steps of:

2 generating a first set of filter coefficients;
generating a second set of filter coefficients;
4 combining said first set of filter coefficients and said second set of

filter coefficients to provide said impulse response, h(n).

3.  The method of Claim 1 further comprising:
2 receiving said input frame of N digitized samples; and
‘perceptual weighting said input frame to provide said target signal.
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The method of claim1 Wnﬂlm mnﬂlu“mgﬂﬁl f convolving said 2 target signal
and said mpu*]vﬁﬁsyogﬁgons accordance w th the  epptkeifiasds

[err] 5. The met hod of “Clai m 1 further conprising the step of storlng 2
sai d inmpul se response autcorrelatlon in a nﬂinry of L menory |ocations. 6.
The met hod of d ai rein_sai of cross corrglating 2 sai .
synt hesi zed speech % e UH 1 wherewy said step &f fopyelving said
t he equati @n: taﬁl'g[eels:gnaﬂ alrtt!alsaldzlﬁmpulset osesis ﬂaf ofedi ithactortiAficé WitR!the
signal and thg 1“ ulse 8 response. 7. The method of Claim1 wherein step
of -aut ocorr el 58 H§ aid 2 synthesized speech is perforned in accordance
with the equation: [err] 4 8. The nethod of Claim 1 wherein said step

of selecting a 2 codeboalkLvector conprises the steps of: for each code

vector, cl[err], squin)ag nyh(ve jExfor rt=0 to M-1.di vi di ng conmputed val ue of
Eyy by said square of Exyf or each code vector, c[err]; and 6

sel ecting the code vector which nmaxinm zes the quotlent of Eyy and the
square of Eferr]. 9. The nethod' of Caim1l wherein said codebook

vect or s, clerr], as 2 SPhehethdd of CRIMA T Farthér cahptisiRB e steB 6P Sifring
ormt- 2 said impulse response autcorrelation in a memory of L memory locations.

6. The method of Claim 1 wherein said step of cross correlating
2 said synthesized speech and said target speech is performed in accordance
with the equation:

Np '
Exy = zci(Pk)’d(pk):
k=0

where d(k) is the cross correlation of the target signal and the impulse
8 response. |

7. The method of Claim 1 wherein step of autocorrelating said .
2 synthesized speech is performed in accordance with the equation:

| N NP
' Eyy =Np-0(0)+2-3, Srcylp) ) 01p, .

i=0 jsi+l

8. The method of Claxm 1 wherein said step of selecting a
2 codebook vector comprises the steps of:
for each code vector, ck, squaring the value Exy;

4 dividing computed value of Eyy by said square of Exy for each code
vector, ck; and :

6 selecting the code vector which maximizes the quohent of Eyy and
the square of Exy

9. The method' of Claim 1 wherein said codebook vectors, ck, are
2 selected in accordance with an algebraic codebook format. '




