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Met hod and Apparatus for Hi gh Speed Determ nation of an

Opt i mum Ve ' Fi xed Codebook 5 Field O The ention

The invent?gﬁﬁyg?z?es to a method and an apparatus for a Pé@%@@%ﬂmébding
algorithm in particular for a code excited linear 10 predictive (CELP)
codi ng al gori tMeth@t| #nd| Apparahesaferulighs Sgleed Detarnifa¥@lnVeE Cén
comuni cations, e. g. between a B%E stafion _. and a nobile station in a
cel lul ar system A net ho&\,\ﬁﬁi}!’“ T 1D 3FH¥etn Gofehrek the steps

of - pre-processi ng a sanpl ed speech s(n) in a signal pre-processor so
as to output at least a noise 15 filtered speech output vector and a
cha®inel noise estimte, nodel paraneter estinmation of the noise

filtered spegc PYPL vecior so as to output a prediction residual
and a | ong ' n, encoding the prediction residual so
as to out put an adaptive codebook vector _including an index of inpulse

20 response functions of a filter and a vector gain, and formatting
t he encoded Wyedotvericiet stelates to a Méeh&ELEndl gorapparaess faandg to

5600 bFTESRUSREANG 2 SUHENRe B RABHL UM ofoB(a (HeADreHReb L el
bp® , _ , el
3o SRR I S e S S RO A T
in two-way voice communications, e. g. between a base station =
and_a_mobile station in a cellular system. A method for a CELP
Valgdrithh”ihCludgs the_steps.Of-bre-prbceésing'a'saﬁﬁléd speech
s{n} in a éignal préfpfocessof'sb as to butput at lea5£ é noisé _
15 }filtered speech output vector and a channel noise estimate,
model parameter estimation of the noise filtéred Speeéh'oﬁtﬁuE 
vector so as to output a prgdiction residual and a long term"
prediction gain; encoding the'prédiction residual so as to
_output_an adaptive codebook vector including an index of impulse
20 response functions of a filter and a vector -gain, and formatting

the encoded speech packets.

 The CELP algorithm was found to provide good speech qualiﬁy"
at intermediate bit rates, that is 4800 or 9600 bps. However,
25 the vector quantization of the excitation signal requires an
extremely high computational effort. Séveral suggestiéns have
been made for speeding up the vector gquantization including the

use of overlapping codebook wvectors.
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use of overl appi ng codebook vectors. Backaround O The
I nvention 5 Code excited |linear predictive (CELP) algorithns are
descri bed bwo®9%4$rathal and B. S. Atal: ,,Inprow ng perfor mangerafuos/noesr

mul ti-pul se LPC coders at low bit rates” in Proc. Int. Conf. Acoust .
Speech, Signal Process. (San Diego), 1984, pp. 1.3.1 - 1.3.4 and by
WB. Kleijn, D. J. Krasinski, and R H Ketchum 10 ,,Fast nethods-for the
CELP speech codin% al gorithmt in | EEE Trans. Acoust., Speech, Signal
Process. , voﬁes§14%#§#QE§QHEyi@¥§n£AQR 1342, 1990. CELP coding al gorit hns
are utilised for processing sanpl ed speech on a subframe by subfrane
basis. The spectral envel ope of the speech signal is described by a
filte®r of V\hr:olaleléxdimed:defrfeiao:i @texdiarte vabt (@BPIE]) adigbgithms! hpear

prediction hni_que,. The coefficients are quantized so that the f||ter-
can dss E&FP?F‘r E’é’t (§+rh[’@[%-h ante By shs Atdler ~dAProNdngeperformande. of

The {11 e cGghhictl GHce e ALLAl WAPhRY AR ANAlLYSEERY- 1ne  cSypLNEST S

pr ocedur of such can e excltation 20 sequ tors is
stored hcoastodelspelechiheiigmiax Rfoddus. (Sarvexlego)pr 2984i Ngpt he: §o$t_

accurate gpeech Is transm_ tted to the receive end of the channel. The
i nput speech A% RY #N-dhrshiligiam. s:[déﬁiasslfr@é‘d-unéﬂdoﬁ t He Ketehwmr side
by $ynt Nebist #Re&UL-NYr th ebﬁ & of h.the ... .
mdgg has geen 25 transrmtteedcsr:lgtery:ﬂéaééﬁj T }28 IS Pow#ﬁd A

opt i numTrecisor Acouste ,¢ Ejetedd, Slgnﬂﬂ(ﬂrdhESBW b@%lUBSL RecHy §|Yl§@@ '
qual | 1y 02 4 RO GEHE Aot HEST LRI e & thor seBobon BOGRegS ff;e"“
gggl:lt fﬁ% ﬂﬁﬁed-r@‘f)eech drmg m%&%ffs&ﬂ}%aﬁé“ﬁaé %or 'I‘hhmspgctrafpread |
envelope of the speech signal is described by a filter of Wthh o
15 - the coefficients are obtained u51ng the llnear predlctlon _ 3
N technlque The coeff1c1ents are quantlzed so that the filter csn |
. be constructed on both the transmltter and the receiver side.
The fllter coefficients are determined by an analy31s—by-
synthe51s procedure A set of such candldate excitation
.20”'sequences or vectors is stored in a codebook JThe{iDdeX;waﬁhél[;;”:.
vector producing-the mqst accurate speech_ls trensmitted to the
receive end of-the'channel--The.inpUt'Speech on the transmltter_f
side is regained.on the recelver 51de by synthetlc speech that
is generated using the vector of which the index has been

25 transmitted.

The main task is to find an optimum vector in the codebook
which describes most accurately the input speech. Fast vector
quantization and excellent synthetic speech'quality makes the -

30 CELP algorithﬁs attractive for speech coding applicationsﬁ The
implementation of the CELP algorithm in. a spread spectrum
digital system is described in the IS - 127 Standard “Enhanced
Variable Rate Codec, Speech Service Option 3 for Wideband Spread
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digital systemis described in the IS - 127 Standard "Enhanced Vari abl e
Rat e Codec, feech Service Option 3 for Wdeband Spread

2 WO 9/4333%:t r um Di gi tal Systems”, April 19, 1996, SeRET/BH98/0094t7
"Conputation of the al gebraic CELP Fi xed Codebook Contribution". The
codeboo LLi,Sed;] hi rdal,S;q figxe de t an al gebraic
codebooEp%% @ﬁgéégﬁéfugﬁgégﬂga' Ab?l‘l%bérggggfogggghgﬁhg oe{lnum
codevecvabmbntthOalgébthecalgebramdeﬁﬁmk FhaeéCEbEbbodEb©®mtrfbuhmﬁmChed by
m ni m si_ng

d bet ht ed t
speech aRE Fﬁgeb°°QmBFb%f§%°§§ﬁtﬁ é%gg§%g§é%d Eﬁmgf é*e ?ﬂ§§£?$kaé£¥%:book

is 10 3@anGBeHrhY cMByiEbsbRY (RAELPS Bk ructure. where Ck is the
correlation of the inpul se response and the 15 perceptual domain target
signal and E[ER]is the energy or covari ance of the inpul se response of

- the codebook _vect ot . _ ion k., The, codebo vectar is a

series of unif 86&?55 ?lndagﬁ%p§§§éﬁﬁgiﬁ dgyegﬁogpbpogg?a?gg S on in
the codebeelkoardthe AbBlZ.PngcaEboélkpfi@ptsle%tr%h)édcB@Sﬁhﬂnﬁnﬁlgmaothe mean- N
order to determ ne the OEtIﬁUﬂ1a| gebr ai ¢ codebook vect or

correlamqyﬁraddeéﬁéﬁgy“ﬁ 9n§°1§ﬁ601&hEeW@Gﬂbﬁﬁédlhﬁpt speech a@®§§kble
conbi nat i Qng §geg gg%hanqnsbgﬁhe R 3s tEgh?gggg Kl S @

prOthItIVg task n or o Si rpli search, rategles for
Seauomkadﬁmheaub@emsungSan@ nhel tiegns™ as - explalned bel ow ar e used
The pul se signs are pre-set (outside the closed |oop

. where Cy 1s the correlatlon of the 1mpulse ‘response and the . - .
15- perceptual domain target signal and E, is the energy or
covariance of the impulse response of the codebook vector, both
at position k. The codebook vector is a series of unit pulses,
each pulse belng at an appropriate p051t10n in the codebook and
having an approprlately chosen sign. '
20 _

In order to determine the eptimum algebraiq'codebOOk vector
the correlation and energy terms should be_computed for all
possible combinations of pulse positions and signs. This,
however, is a prohibitive task. In order to simplify the search,

25 two strategies for searching the pulse signs and positions as

explained below are used.

The pulse signs are pre-set (eutside'the-closed loop
search) by considering the sign of an appropriate reference
30 . signal. Amplitudes are pre-set by setting the amplitude of a

pulse at a position equal to the sign of the reference signal at
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search) by considering the sign of an appropriate reference 30 signal.

Anplitudes are pre-set by setting the anplitude of a pul se at a

posi ti on awoad/i417d7t he sign of the reference signal at PCT/RU98/00041

3 that position. Wth this "new conponents a nodified
correl ati on .a mdi fi.ed ener E a

Havi ng bhégs@?s%ﬁeo‘burxg’eéén%ﬂ? ud¥e” as® %&iﬁi e a oaglf?%& éggrel%tlon

pul se pes&téﬁwu%egéagkﬂéargdyxbyﬁﬂkng1aan&EUIaEQﬂ non- exhaustlve
anal ysi S¥by-synthesi s search téchnique. In this techni que the term
[ERR]is tested for a snmall percentage of posi ti on conbi nati ons using

The posi 11 onteMAROSPARSSE ThE putee AELFIE o Rb1aindf obove the TC

gngns Be I'on pu ses are etermned, the -
"news codehnnlh packer pbsibiubhs aseadesermesedfusing amieffpuoliess, nemeh pul se
being at a "new' position in the codebook. 15 The gai n of
the fi xedheosspyek apadysisreyaeYRERRASE searchryeshpiape. gy, thi

technique the term T,is tested for a small percentage of
position combinations using an iterative “depth-first” tree
search .strategy.

0. e 'f-" *"j';f.-v**ffa““:‘";f;°}ﬁkj{;ﬁg_,;~_

Once the p051t10ns and 51gns of the ‘excitation pulses are'r"
'determlned ‘the “new” codebook vector is built as'a. serles of -
un1t pulses, each pulse be1ng et a-“new”“p051t10n in the'k" E

.".codebook.
' The ‘gain of the fixed codebook vector is determined
-afterwards .by: -
-.gc=§%:’“ .
20 h

Thls fixed codebook sedrch’ algorlthm ‘as proposed in the IS_-

- 127 Standard has the follow1ng dlsadvantages

- "The term.7;=-ﬁL_is a non-linear multidimensional multi- "~
k
25 extremum function. The task of searching for an extremum of this
non-linear multidimensional multi-extremum function is solved in
a combinatorial way that can result in finding a local extremum
rather than a global one, when the available computational

performance is limited.
30
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20 This fixed codebook search al gorithmas proposed in the IS

- 127 St an%ﬁﬂ t he foll owi ng di sadvant ages: The term [err]
is a non- Ilnear nultldlnen5|onal mul ti - 25 extrenum f unciGIRVISAMIL a5k
of searching for an extremum of this non-|inear nultidinmensional

mul ti - ext r emiPing mmtmaﬁisarso‘.}ﬁ/eme minimisia:g:cﬁmiataicmf izl veay thae can

result in findin ather th | obal. one, when the
avai | abl %°%5%’u?‘gt?%‘#1 rrecessn: ?ﬁ ot ﬁﬁf@@ "é‘“%erﬁt °°m ation cycles.

4 Namely, the Thix&@Gudetdsk stfardie réivHdE %&%ﬁdﬁ?ﬁs@do'in' ghyery-time
consum ng_and necessitates a |arge nunber of conputation cycles.

Narel y, L1Ré $ta<@@a€@mme%eaar3ewm eRreh frapddes pastigivgs in eadh?

St k and
Cequi estadah Sa7 crparFESs SPREE LA Ru L RSN AR R Ytk e "
di vi si ono®peg aiIncimdémta aAlgieiicn opesadebabkhat aughmeatsoaphsxibyawfyt he

al gorithm
the complexity of the algorithm.

Thus, there is 2 need for a method and an apparatus for a
10 CELP algorlthm which is faster than the prior art _._:_ o
1mplementatlons and which is less expensive in terms of. “
computational cycles, which however malntalns the maximum

achlevable accuracy

- 15 _ _
'§ummaﬁﬁ-gf The Inven;igg

The underlying problem of the invention is solved basically
by applying the feature laid down in the 1ndependent clalms

20 Preferred embodiments are given in the dependent clalms..

The need for improved efficiency cf a fast multi-pulse
.coding algorithm for speech residuals on frames with a constant
length is met by the present invention. The method'and apperatus
25 according to the present invention as set forth in claim 1 and
claim 8, respectively, provide for a fast convergence.of the‘
algorithm such that the optimum vector may be searched for more

efficiently than with the prior art.

30 The basic idea underlying the invention is the

decomposition of the task of finding an optimum codebook vector

into two sub-tasks:

5
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Thus, there is a need for a nethod and an apparatus for a 10 CELP
algorithmwhich is faster than the prior art I npl enment ati ons and whi ch
is | ess exPpEhHAB7in terns of conput at i onal cycl es, Whi GeiRuRYess
mai nt ai ns the maxi num achi evabl e accuracy. Summary O
The I nvention . n l, i pr nt| I s sol ved
basical | y C%ch%lpaptllo né)-g]ﬁ:elléf $ l}?’igﬂ gggown PR %’Hg ??\ €%l ai ms.
20 -Prefléirst suvdypsli;nents are given in the dependent clalns -
The need for roved efficiency of a fast nulti-pulse codi ng

al gorithmfor® g%% s fudine SRR SARPLR E°§6ﬁ§9§ﬁt for the ggnfimg s et
by the ppgssat (SW&sHd Utaghie method and apparatus 25 according to the
present 1Tnvention as set forth inclaiml and cl ai m 8, respectlvely,
provide for a fast convergence of the ~algorithmsuch that the optinmum

e L gt
of the tasktpé preshmg ﬁnré;&tlldwmswé%%lé ¥8CtRE one tﬂse iﬁg 2ot Itnbge%s

5 cal culation of the anplitude gains tor t
pul ses in the prior art according to the IS-127 Standard.

 10""' _The method accordlng to the “invention permlts to reduce theﬁ7}:{tJ':

multidimensional multi- extremum non-linear task of searchlng for
:cptlmum codlng pulse- p051t10ns of a dlscrete source 51gnal to an .-
.optlmum ‘extremuim search task with a mu‘tldlmen51onal square formi

that is minimised sequentlally for every pulse. This decreases‘

15 essentially.the computation time and provides a higher-cading-- "

accuracy.

At the first stage the optimum codevector gain “gg"is-

determined according to the equation:

20 )
N .
__ EDNE0)
gc_a | .I.=I .. , —
Y i [MN—-i+D)?
=1
~ where x is a source discrete signal (perceptuai‘domain‘
target signal vector),
25 -h is a special function (impulse response of the'fiiter),

a is an experimentally determined weighting coefficient,

and .

N is a subframe_length.

6
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(first stage); conput ati on of the opti num sanple positions for the

codi ng Oéglses (second stage). 5 It should be noted that the
cal cul ati off éﬁjé’ﬂce accordi ng to the present invention RGI/RUA084 t O
the one that is described in the prior art according to the 1S-127

St andar d. 18n oFt;mﬁhevaﬁhéoﬂoecﬁﬁédb@ﬂgﬁé&ﬁ&“&ééﬁfﬂﬁﬂéﬁ% PermM;Ls to
reduce the nultidinmensional nulti-extrenmunm non-linear task-of searching
for eppeRuRebbalAy dpteseinpdsferoar appropl satetfainamione“&l’gaald 40 an
opti mum reh.task wit | di mensional square form . that
is mni ﬁé%éﬁ?é%éﬁ i af yg?o?%vg?gogg%’é%.verﬁ%r ERRSRENE 515 FOTo D BB al | y
t he conpahdt aanimpuesandepporsdesfaahivgight £Agi 8gnthesial AUNR&F “h,” thé

At the first stage_the optimum codevector gain "g" is det er m ned
accordli n§atyet Re“eduiSoReepoobtained. where x is a source

di screte signal (perceptual domain target signal vector), 25 his
a special function (inpulse response of the filter), ais an

experi ment al | ¥ndeher seceddwekghei hhecoefibent £al , searchifibr optimum N is a

subfrane | ength. . _ 6
SUBSTITU?ESSgEE?s(ﬁéLEhﬁGFOdlng pulses is performed. The n code-vector

components at the positions p(j) € {1,...,N, 3 =1 ... n, are
10 sequentially searched for by maximising an estimate function,
F(p(j)), which determines the contribution of the j—thlﬁulse to

- ‘a speech _signal residual:

F(p(3)) = max{2 1d;(p(3)) 1 = gc @(p(j)}, P(IN},

15 _
for p(j) =1, ..., Nand j = 1,...., n,
N
where (1, m) = -.Zh(k—l)-h(k—m), which -is the covariance
: ) . k=max{/ m) ’ ’ K . . .
array of all impulse response functions h of the;fiitef. Here
20

dj+1(i) = dj(i) - .Sign(dj(p(j)) gc (i, p(j'))'_

N . . - . .
where d;, = Zx(k)-h(k—-_i) is the original cross-correlation
k=i )

vector of the impulse response function and the source discrete

25 signal for j = 1.

Brief Description Of The Drawings
30
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An optinmum value for the weighting coefficient "a" is experinmental ly

determ ned for an appropriate function "h" and a . gi ven nunber "n" of

non-zero cHY®BMBor conponents. For n = 8 and an i npul PevREmsmoer of a

wei ghting synthesis filter "hwg" the 5 value a = 2 has been obtai ned.

In the secongjgkageat BeasesUerd i gl ow e L d e APtddPENculaPOSi tions of the

coding pulses is perforned. The n code-vector conponents at the

posi t i oABPREMENEaLipn(¢f. the Njnventign incorpapatinm a paqudenilalr] y searcﬂed

for b an ce P ), whi_ch determ nes the
y lQEE?QgReBF_gh %ﬁ#gbi%mgiiéﬁls rat%éi:édg th

contributfron o Si gnaﬁ 9Ped) dual -

F(p(j)) evadmstiod;[err] -[err] 15 for p(j) =1, ..., Nandj -
. n, N where [err] (1, m = .
[err? which is the covariance : array of all inpulse response functions

h of the filggh HekRogd a block d:a%g]?ar ofdat(cdxﬁ\plht%krg% are(P(])) glerr]

[err] (i, p(])), ere I's the ori gi nal
Cross- commdbmbnmation of the invention.

For the detalled descrlptlon of embodlments accordlng to

T

' the 1nvent10n reference is made to the de51gnat10ns 1n IS 127
‘Standard (Edit version 6, TR—45) MSE is a mean square" error of
15 4dev1atlon of ‘the flxed codebook search target vector, xw,_from
o the fixed. codebook contribution in a subframe, SNR™is the
51gna1-to-n01se ratio, in dB, with the modified (shlfted)
original speech signal s,, used as a processed ‘signal and the
_dlfference between it and the reconstructed with the ald of
.20 - adaptive and fixed codeébooks-consideréd as a n01se, mean SNR 1s_ff;;
an SNR averaged on a speech fragment and computed as a mean SNR .
value for all frames transmitted at.a rate of 9600 bps and at a
rate of 4800 bps, named Rate 1 andVRate'1/2,fre$peCtively:'All
p(j) are distributed over 5 tracks.TO...T4. Three of the tracks
25 are allocated 2 of the 8 non-zero pulses each, two of the'tracks
are allocated 1 of the 8 pulses each. The two'tracks'with 1
pulse each are cyclically adjacent to each other, i. e. track 3
and track 4 may contain 1 pulse each, track 4 and track 0 may

contain 1 pulse each and so on.
30

The general task as it is determined by the fixed codebook

structure according to the IS-127 Standard is formulated for

8
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vect or of the.inpulse response function and the source discrete 25 signal
= 1. Brief Description O The Draw ngs 30

for
7

]

WO 99/41737

i npl ementation of the invention incorporating a particul ar
of an appeexinasi polbdwai eyyvéorort he(Pej m=1. . .@jalanat m0BaindSg. is to bdi Q.

2 shows a bIock_diagram
i nvent | fpund whigh

reference is nade to the designations in |IS-127

codebook sear gfy(g,{ Ay geiin e

a conput er hardware

£ 01) — 8, 2, kS XioAp()))

Figs. la and Ib are flow charts of a park§TRP300041

application

f ] I npl enmentati on of the
atisgiet WMBUSCERT¥ R rying Qut The Invention
For the detailed description of enbodi nents according to

the i nvention

the fixed codebook

Standard (Edit version

6, TR-45): MSE is g nean;eFuare enror of 1%£ deviation of the fixed

contribution in a subfranme

pro

ssed signal and the

under the restrictions as defined by a fixed codebock

structure as well as by the following conditions:

g.>0, o N
0< p(j) s 54, =18,
" p())# pk), Jk=1.8,

G =PUNE0, i <O

10 -

15

20

25

where N is a subframe size.

s[err],

This is a typical task of an extremum search for a

SNR i s~t he signal -to-noise ratio, in dB
with_ the nodified (shifted) original speech signal

used as a

multidimensional function with a complex bohhdéry of the area of *

permissible solutions. The function being minimised is a non-

linear. 9-order function having in general more than one

extremum. The restrictions form a non-lineé}.béﬁndary of the

area of pérmissible'solutibns so that the number of local

extrema is additionally increased and the search for a global

extremum becomes even more complicated. The search for a real

minimum of the MSE of the encoding of a discrete signal obtained

by subtracting the adaptive codebook output from the modified-

(shifted with respect to the RCELP-algorithm) original residual

may thus be unsuccessful.

The first step in the method according to the invention is

the calculation of the ‘gain.

9
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difference between it and the reconstructed with the aid of 20 adaptive
and fixed codebooks consi dered as a noise; nean SNR i s an SNR aver aged
on a speecwq!f%féﬁnt and conputed as a nean SNR val ue f RCTARU9ISfO0GTES
transmtted at a rate of 9600 bps and at a rate of 4800 bps, naned
Rate 1 and Ranhealkdrstesppotiveny. ofl khe inpéh);iaﬁemésgéixbuw@ké)e@f 3
tracks TO . .T4. Three of the tracks 25 are allocated of the 8 non-zero
pul ses ®&ch, two of the tracks are allocated 1 of the 8 pul ses each.
The two tracks with 1 pul se. each are cyclically adjacent to each other,
. e. track 3 and track 4 may contain 1 pul se each, track 4 and track O
may contg@iXl pul se each and so on. 30 The general task as
it is determined by the fixed codebook structure according to the

| S-197 Standard is fornulated for - 8
Rate 1 as follows: A vegtor p(j), j=1..8, and a gain gc is to be found
whi ch sati sfi eyegqu é ; e )
under the resw?]%lrtce{.'l)gns %kdglf)l nlesd tbhf aer#elré'(dg)go?eigog%\lgcg ai%cr:ﬁ% Tre as
well as by the follag cond|t| ns: [err] >0,
O[EFF]FKﬁBqQQ':Iéf ot e w%rasy %%e optimal vFépp]of ge Psktafen go be

[err] p}opdﬁﬁﬂanal to the mean- squared amplitude of 51gnal X, in a

) subframe' The energy of the source dlscrete 51gnal is+ compared P

10 to the trace of the covarlance matrix of the 1mpulse response

-'functlons of the fllter In other words, the summatlon of all

' dlagonal covarlance terms is carrled out so as “to y1eld a galn ::
_ EX
Je* %
. X P l--'.:.-.- "_; . T
15 g =0 ' '
{(H)

This;gain_qalgulation;is-shoWﬂ”in'Fig - la. 'After;pre:'fnii,ﬁ_'flif '

processing of the signal s{n}  in step 101 and estimation of °

model parameters in; step 102 the energy X. of the pre- processed‘
20 speech signal-is calculated in- step 103 In the loop 104 through

109 the diagonal elements of the covariance matrix are_ .

determined. At step 104 a first diagonal element ¢(i,i) is

calculated, namely ¢(l]l). It is stored in a memory for'later;

purposes, step 105. Further, at step 106 the value ¢{i,i) is added
25 to a value A so as to yield eventually the trace of the

covariance matrix:

A=A+ o3,

10 :
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10 where N is a subfrane size. This is a typical task
of an extremum search for a mul tidi mensi onal function with a conpl ex
boundary oVOM# B ea of 15 pernissible solutions. The functRCIARYRS0041
mnimsed is a non- | i near 9-order function having in general nore than
one extreqyy Theraessh i £4 i fspeftQdN dhiaN-ild Rear T DK Yodtqd,Ne he

area of perm ssible solutions so that the nunmber of | ocal extrema iIs
addi t i onpkbgesachraneheandachetectliath ¥t in giusien t20 cadenlenentbecoers

even nore.campli cated.. The I 2 .keal I nLoy the MSE,of the
encodi ng?pcglf’ga o sc,l(;%rngt 5sspg<n§ieaag§]§’lfx§'§5 th%-%ﬁoguﬁltg‘r 5%??%6? h& SR alT iNC/)e :
codebook sgut pHE EROBuLAEiSRAbEi Gtk tradshid tghprdded.espect to the
RCELP- al gorithm original residual may t hus be unsuccessful. 25

The f®rst step in the method according to the invention is the

cal cul ati on of;.the [ : 9
In a first en&ééﬁnﬁﬁ? g?l‘fl%eo]f e TR 1goa3| A0S g dglus of Ayfrom 5.
wher e [ estlpi $06hehengagy of the cedevecthsaLicalcul aic@alccorlighes

words, the optinmal value of g[err] is taken to be proportional to the
mean-squared anplitude of signal x[err] in a subfranme. The energy of the
source discrete signaIXis-conpa&ed
.gcf v——————7¢=a::ﬁz,
10
| - -where o 'is a coefficieﬁt”which'ié"éd be adapted to the
speech residual and A is a mére and tempbrary Subétitutéffor the_':
"trace of the covariance matrix of -the subframe under
'consideration. o o o R
15

A particular'advantage of'the above embodiment is'its
comparatively low computational effort. Although the covariance
" terms. @i, have to be-bomputed foi all‘pulse_positiéns'in”é'_
subframe (N = 53 or 54 in the 1S-127 standard).this'&oes'ndt
20 augment the overall computational.effort since:fhé diagonal -
terms are available for further computations which will bé -

described below.

Other implementations which may be -faster than the above
25 embodiment, however on the expense'of accuracy of thelgain
computation, have been devised and implemented in further

embodiments (not shown) of the invention by the inventors.

It was found by the inventors that satisfying results can
30 already be achieved by an approximation that a particular simple

modification of the first implementation of the method according

11
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10 to the trace of the covariance matrix of the inpul se response

functions of the filter. In other words , the summation of all di agonal
covari ancavoeymMy3tTs carried out so as* to yield a gain PET/RUB/00041
This gain calculation is showmm in Fig. la. After pre- processing of the
si gnal Sé“) 0 G800 A0h 951 1 PR Pk @l for adMAGILRATBACLE! § | Neifd ep 102
t he ener e preprocesse speech signal is calcula ed in step
103. |nfih§tlé1ﬁi@od.ﬂﬂertﬂnrmugres - sa9d foe thegbisdredleesonrseosighal
covariance matrix are. m ned

At 1 d | .
[err] isand the PubfEame 1?EﬁmPy [%ﬁ?}“?%vgéfgfb 9ﬁv%%ﬁgﬂég ?g%hgafgfnt

purposesgbstep?%gg?%?g éh I §°9$9155@%\“E¢§§45”rj Lsoﬂdgnq 185 to a.-

val ue A : ntual race of covari ancé matri x:
A= Qf (Thié first term of the covarlance matrix ié “expanded” by

multiplication with N, the subframe length, and is then compared
to the mean squared scurce signal X. The gain can thus be

written:

';:Xri': “i.;J“z *n f ”i;~ : ;-.:i oo ?,-ﬂ,'_ ;?;;3;f3;QM;1}1j o

e )

53  ) w1th o belng a p*oportlonal coeff1c1ent Wlth thls
'1mplementatlon the caiculatlon of dlagonal elements 1s reduced
‘to only one. The adVQntageﬂof this embodlment is that the

15 calculation of all the other covarlance_terms in the subframe_is'

-obsolete.

In a further one - of these’ embodlments (not shown) of.the l

" invention the gain is expressed by the 51mp1e equation:

20
- .XZ
8 SO\
where o0 is a.constant coefficient and N is the'subfréme
length. However, this approach-is only admissible for
25 X?>>F,.(g;P,n) - But this precondition holds in most of the

sampled speech residuals. An analysis of the gaih as evaluated
by this approach shows that a high accuracy of the approximation

is achievable.

12
SUBSTITUTE SHEET (RULE 26)



This iteration is repeated until i = N . In other words, - process
branches b siep 104 in order to cal cul ate the next s long .
as i< N angﬁ£X|@s the loop at step 107 when i= N and the£§t#%%wgpﬁbn of
the trace is conpleted. 5. Wth the value of X fromstep 103 and

t he val ue of Anfamother sirmnleﬂrﬁlﬁutmteicgai tnedf ghmodey adeoinventdbauliat ed
according to [err reais a coefflﬁlent which is to be

adapted &8 ?ﬁ%“mell EB%%CW? e%’rﬁ%‘élp‘%ﬂﬁe AIEine 4P & P&nPdrary substitute

for the foH@E?oRf M@sogv@rfﬁf@@ pRisé Xi O a thei p W ARt the g,
con5|dera?|on A particular advantage of the above enbodi nént is

its cahpalatnvelySimmﬁcdpr@EsronbheeT&tm% OﬁuQAuQHQHEGHetbevaPtQNtb
ternms_err have e, uted. for all_pul 0si ti ons

(N C85 gpaga AR 1 GBEAERIAGA B TRY P EeEE bl S0y Bere aHI%BSerar)
conput at heeahaﬁém&htél 86€otifie. ITREOASEording eFdFattich dMAiItHAR @afier further
conputations which wll be descri bed bel ow. O her

i npl emencalcohstibnchmphgmertabserrishahvemedrbove 25 enbodi ment, however,
on the expense of accuracy of the gain conput ati on, have been devi sed
and inplemented in further enbodi nents (not shown) of the invention by
the i nventors. * It was found by the inventors that satisfying
resul t's ‘can 3@, a#aeg,quE@ «Achi eved by an approxi mation-that a particul ar

si npl e nDdlflcatlondof the first. |nplenentat|on of the nethod accordi ng

11 10
where: g.; is the gain g. for i- th pulse, k is the number of

“pulses for the gc determlnatlon, a is the welghtlng coeff1c1ent

of the first pulse.

15 The influence of the first pulse on the SNR has
experimentally been investigéted with different speech signals
and numbers of pulses. It was found by the inventors.that a
number of k = 8 pulses would give the best results. The MSE
could be reduced'to 30%. '

20 |

In order to improve the accuracy of the de;ermiﬁation,of_'

the gain g. over the last embodiment, the influence of the
cevariance of the impulse response functions is taken into
account. The corresponding implmentation relies on the weighted

25 first puise and the mean-squared amplitude X? of the signal in a

subframe:
g. =a-g,+b-JJX*/N,

30 where a, b are weighting coefficients and g.,; is the first
pulse amplitude. The advantage of this embodiment is its low

computational complexity with a high degree of accuracy of the

13 .
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to the invention can be realised for determnation of g[err]: the first
enbodi nent relies - save for the discrete source signal and t he subfrane
| ength - eQ@P@%?V@Ty on the covariance of the first di agBaEMRUNSON41 N
the covariance matrix, i. e. on [err](l,1). 5 This first termof the
covari anggifBkhngel shiexpasdadtabyon ofNuhei pbiaaiante Wbt herd impR13ebf ranme
length, and is then conpared to:the mean squared source signal X The
gai n canreARSNEe funcippgeheads g different optlmlse?eeeqs of

with J[err pLopQLt 0 | i npl enent ation
t he calcuﬁgf?gﬁ OP%§|%g§ﬁg be?é%eﬁggg?ggrg %38§V59a§ﬂ%§%%]y one. The
advantage of this enbodinent .is that the 15 calculation of all the

ot hér _covariance terns_i.n the subfra i bsol e In a
further one of* Fﬁ@?@raéﬁBSdﬁﬂéiY§ an? §ﬁ8ﬁﬁ) 39°Fh5hms shows giGedd enhe
gain is %éQMQQ%erQVaﬁﬂetﬁe”HESVQQQibeEthﬁg However the fgigdiere a is a
constant coefficient and I s the subfranme lengt h. However, this
approachalgoankwma@#ﬁ§§sbtétﬁ§rtb25laXQeSE Fempptaunonhlsetfaxnmuﬁﬂn on

hol ds- i n _nost

Ied spee n_anal ysis of the
gain as &FASK: édEhe abﬁye 5pﬁP8§¢hggﬁ%m§ gﬁakﬁﬁ ébﬁ%g%%c 48 of the
appr0X|m@M¢ﬂlse response functlon covariance into account, requlre

10 additional computatlonal effort"However, thls is compensated‘by
' . the fact that a part of the calculated terms is needed for the

vector search anyway, th= -will be explalned below So the_

. computatlonal effort is cnly Shlfted from the vector search to

the gain computatlon and would not 1ncrease dramatlcally due to“

15 the fact that a part of tne results of the galn computatlon 1s_.f’1r;j'

also avallable for the vector search

Having completed the évaluation of the gain the method

proceeds at ,A" in Fig. la with flndlng the optlmum vector

20 {p(3); F = 1, Z, "8}, wbere 8 is the max1mum,number of vector R

components in the I5-127 system

' This search is performed in a-particular embodiment_of'thex":$'
method by a sequential variant of the multi-pulse coding method
25 . for the excitation residual. Under consideration of the diagonal
terms in the covariance matrix only the function which is to be

minimised can be written in the form:

¥ d; (p() -
F(g,.;p(j))=min () - | Jj=1.8,
(g:P(7) Pl [.Zq (0 (P[P(j);P(j)]:l j=1.8

30

14
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i s achi evabl e. 12

SUBSTI TUTE SHEET ( RULE 26) I n anot her inplenentation%énot
shown) of WR&MHFeéntion it is assumed that the first pul £&T up
to 70% of information. Thus the first pulse is a nmain candidate for the
glerr] cal cul ation. Since, however, the value of g[err] exceeds the
optimal 5 vaktuerei fd,(#(jhp= dgze;(ﬂ)nh(dr op(iheifi tbe paokselehhign forethell ses
are -taken into account. Theerartcording relation of this gain cal cul ati on
i npl enent ati on istﬁivenéﬁ : 10 _ where: err] is the gain gc for
i -th pulR¥S%PRSIRE R Zf of pul ses for the gc deternmination, ais
the wei ghting coefficient ¥of the first pul se. 15 The i nfluence
of the.first and SE(pO)IME)SNRDE — p()exhikr P} al $ ytiheesovawbande o wit h
di fferent speech signals t=atid nunbers of pulses. It was found by the
inventors that. a .nunbe k = 8 pul ses woul d give the best results.
The MBE the QﬂﬁﬁﬁjqﬁfﬁFégﬁbéégﬁd 30% 20 In order to inprove the
accumacy of the determ nation of the gain g[err] over the last

enbodi ment, the influence of the .covariance of the inpul se_response
functions is Thekeaigmid the pedeenP.(IThé ScOrEdaGnBYnGPenBARBRER P on rel i es
on the weighted 25 first pul se and the nean-squared anplitude X2 of the
signal in a subf rane:

Sign(p(j)) = Sign(d ;((/)))

10 In a next step the cgossfcorrg;ation vector, -dj, is‘i, -
| corrected on the basis of'p(j-i), which'was de?efmined_’f*
previously:
dfil=d|[i]-g. Sign(p(j =) di; p(j—D), . i=1..N,
15 . , ) _
where g. is the gain that was determined in the gain
~calculation sequence above. By sequentially repeating the -
calculation_procedufe of the laét'threé equations'the puIse :
position p(j) is optimised before proceeding with thé'pulée

20 position p(j+l).

The implementation of this procedure is shown in Fig. 1b.

The above task

y 4> (p())) ] |
25 . F(2.; p(/) = mi 2()m—dttd ) 528,
(8.: P(/) r;(xgx[f_:,x Q) Y j=1.1

is equivalent to finding the maximum of the function

15
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[err] 30 where a, b are weighting coefficients and [err] is the

first ul se anplitude. The advantage of this enbodinent is its |ow
conput ati QP”%Hﬁﬁlexity with a high degree of accuracy of PR&RU98/0004]

13 o gain since the consideration of the covariance of the

I mpul se response_f tions, | § yto_different, optjmsed sets of
coefficients pgﬁ()ﬁb fo%&iz\?eir%ésg Zéah fPag P%.' pt]\;) ﬁ " A conparative
anal ysis of these algorithnms shows excell ent results for all the above

al gorithns. However, the first al gorithm necessitates the | argest
conputational_effort. In gengral, the above algorithns, that_take the
changes of tH&% P(anﬁuﬁée respol eapgnétfoa'covari§nc§h?ﬁ?okaﬁc%uh?,

. require 10 1disti utational effort. Howeover, -this is conmpensated
by téh?'ﬂggﬁzghggggd%ggF of the calculated terns is needed for the
vect g search anyway, that will be explained below. So the

conput ational_effort is only shifted fromthe vector search taq t he
gai n conput athtorriend kst 8tRBt of nEhea¥echPaNhinding PEREedWra sthe he fact

that a paft,Ofsdi %ﬁsgbhécﬂfrEQ?dgginaﬁanﬁﬁgﬁiégnré onse 40 | abl e

eted the evaluation of the

for the vector search. ving co
gai n thed et hed calcupeeegedstep 116Y andFagvarsamwid hFf i el Ngehper Otiyrum
vector 20 {p(j), j =1, +.., 8), where 8 is the maxi mum nupber.. of vector

conponenttoring tuhd Suk2énsyyt best’ value of thbimaxbefsed.ésiperianEd in a-
partj cul ar enbodi-nent of the_ thod by a sequential varjant of the  : -
mul t30. put S FE5H 'ngﬁﬁé‘ﬂ‘l‘&? nek -ef‘BﬁFHE?é‘x%FPE%PBﬁ rERj §igy . Leyrfeto non- -

const der plauh Al dditsli@nghabre derbehifedNat e EOVEI) ACRALLL X ONly the

function .which is to be m hi-m sed can be wri orm- -

.- required for éorrelétibn'Vectﬁf‘corréétiéhiféfijéZL;,.,Sf,At;ﬁhé; ;1Q"“

next step 111 the fixed codebook structure restrictiéns_are
_ checked, and if:they;érﬁ_vi9¥atédfﬁhé_p#9§édurefbrahéthtc;Stéém'
15 117. At the'stép 112 the éovériénde termS'¢UJ)7areu£eﬁriéVeé:
from the memory which were calculated in the course of the gain

computation above.

With the values of the gain g, thé"correlation-VeétG?TaAD'
20 and the covariance vector ¢(i,i) an estimate function f_is’xl
| ' calculated in step 113. The value of F is“comba;ed_tq a_ﬁalhé
F' , which was determined previously.ﬁln‘case the last evaluéied
value of F is greater than the previous F the new value is
storéd in a memory at step 115, the value of p{j)=i is stored in
25 a memory at step 116 and the procedure proceeds at step 117. At
step 117 it is checked whether or not all sample positions in a
subframe are estimated. If not the procedure proceeds after the
query in step 117 at step 111 with an incremented i (step 118).
If all sample positions have been estimated the search prdcedure
30 checks at step 120 whether or not the evaluation of all vector
components is completed. If so the procedure of finding the

optimum codevector is finished for the subframe under

16
SUBSTITUTE SHEET (RULE 26)



[err] 30 | 14 wher e
d, (p(j))=wemnshitsk) h(k-p(j)) is the correlation for the ]P{.‘{ﬂ?ﬁssifo 04(11

position p(j), N and [err )) =
[err](k p(j)) h(k- p(j)) is .the covariance for the pul se position p(j)..
ongiiemigirnfanchatpsitep pEl) the serkasdi byfomaeqem fon: the

SI gn (p(t}éﬁ.sm?é%rg t(cp(tjh)e) )recel%g.r side b gageéB?ﬁB gas?g the p(j-1),

cross-correlation vector, correct
whi ch weevaktet iomezf the qaururoushpbnents is notdygt] somipléted OtRE "]

S - | err] is the gain that was
de?egﬁ§ngﬁg%?ﬁYrr]éﬁéq?eés s%%%ﬁnﬁhﬁ:qHﬁr§edBegE§paL39eatB?t%thb%tvthy
repead i ngntcremented j (step 119).

The method according to the invention has several

advantages over the prior art: The vector 1fp(i,i) needs only be
calculated once per subframe. Hereby the computational effort of

10 _the.searCh”nrOCedure for'an’bptimuﬁ vector is significantly';j'
reduced. The number of“non—diagonai elements in a Covariance -
array ¢(1}) to.be calculated is reduced to seven rows (out of
54) of the covarlance array. 1t is” not necessary to calculate
all non-diagonal rows of the covariance ‘array (54) as with the

15 prior: art. The number of cycles of the. crlterlon calculation - 1s B

_ restrlcted to the number of pulses multiplied by the subframe

length (e. g. 8 * 54 = 432), whereas the number of necessary
cycles with the prior art (IS-127 Standard) is 1144 (for a
combinatorial successive search whlch nece551tates four .

20 iterations’ through the fixed codebook structure) " But, in facf;u.
the search according to the method of the present invention can
be truncated after a number of cycles that is essentially less.
The fixed codebook structure restrictions for the puises are
checked only after four pulses have been found. The sign of

25 pulses is determined automatically avoiding thus additional
filtering of the speech residual signal x, ahd'comﬁUtation of a
reference vector on each subframe. By correcting the largest MSE
deviations consecutlvely, the method according to. the 1nvent10n
converges very fast. Thus, both global and local extrema are

30 found at the boundary which are ‘close to the global one.

The inventors found an increase of the mean SNR value of up

to 0.7 dB with the method according to the invention for the

17
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cal cul ation procedure of the last three equations the pulse position
p(j) is opt|n1sed before proceeding with the pulse 20 position j +
The i npl en¥RP3#GA of this procedure is shown in Fig. Ib. FPCT /08
t ask 25 F(g;p(j))=mn[err] is equivalent to flndlng

t he ”BXmGBETpErthefoGstispeech fragments. Further, the computational 15
F(p(j)) = max{2[err]

for 1) E{1, ..., Nl.andj =1,. , Kk, :
wher e’ k complexity wagpfopad e E?aﬁﬂgiger5b§ factor g-3 (fhan MthstBf of the
vect or % 3%' g R Qqs@mh}nhemplemsﬁeseiaagonm{s SpeECht veHuHed tahgnknpul se -
respons unction d,(i) Is calculated (step 110) and a variable F for

tenporamhb¢ess*ves§earng tlietber cedel yebbsr gompenerits hel thaxting sed

crit rI%%cEr51ve calculation (correction} of the vector d;(i), i=l...N, )

before searching for each component.

The real gain corresponding to the code vector found can be
. computed ({as in IS- -127) instead of using the calculated g.. This
_716iﬁsllghtly 1mproves the syntheSLSed speech quallty, but requlres

“some addltlonal computatlonal efforts S K ' fcfff-} e
Flg 2 1llustrates a hardware 1mplementat10n of the presentii;f.~m

invention. A computer program for the 1mplementatlon of the :

15 .present 1nvent10n may be stored 1n a program memory 202 whlch 1s .

| preferably a ROM. Other memory 211 (RAMj is necessary for T

temporarily storing the values of oorrelation terms (d,(i)),

covariance terms (¢(i,i) and q(pﬁxp(h)), source discrete §ighal
~energy (X) and gain (gc). In the ALU 203 the calculatlons of the .

IZOI'VaIlOUS formulas above are performed where the status reglster'?”.-
204 indicates the status of the ALU 203 to other components. Allr_ _
components of the hardware implementation are:coupled throughfaji:r_'
data bus 210. The result of the search for the optimum vector is. .
also output via the data bus 210.

25 '

In this description the rate was not considered because it
does not affect the computations of gain and optimum codebook
vector according to the invention. However, it is obvious to
those skilled in the art that the rate is determined in
30 accordance with the noise on the channel and with the signal

energy estimate.

18
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10 is reset. Although not explicitly mentioned in Fig. Ib also non-

di agonal teromofiesx](i,j) are determined at step 110 which féf gquf f-)

for correlation vector correction for j=2,...,8 At the nex ’Fep '+ he
fi xed codebook structure restrlctl s are - .checked, and if they are
viol ated the procedure branchs to ﬁ”w At the step 112 the
covariance tegigimsterr](i,i) are WHM om t he menory which were
calculated in the course of the gain Lca on above. Wth
the values of the gain g[err], the correlatlon vect or d, (i) 20 and the

covari ance vegtor,|[ an |on .S . calculated in
step 113. Theivalﬁeﬁ%giéhlggEonp8$%%na% éRClUJﬁﬁg thei SheRasof:

det ergn ned prpyeopsbyessingaseoleal sampradlspdesh s njvahug Qfighais gg,[_eater
than the previous F' the new value is stored in a nenory at steB 15

t he val uBTBFeBEPr) 8P 8 §PoPREPRR 2% l%ﬁ$ﬁﬁﬁwqpkﬁe fildgered apeethe
procedurguggﬁgeggét } §ﬁ§paléganﬁ$1 %ﬁlgge%%égké i s checked whet her or

not all € positions in FRE B e st mated. | f not the

procedure promedd: pétemetéﬁ estlrﬂal'CIdnl Mo el kthedtncils@p riitevelih an
incremented i (step 118). |f all sanple positions have been estimated

t he searéHeEFBCEHEPBt3ﬁeﬁﬁ%ﬁk§°a§5s?%pOQERPWWRHHRQdkﬂtwwm reisddoadl andi an of

al | Y§Ct 9bng tegﬁﬂpgg&g&glbﬁ g8 Ieted If so the procedure of flndlng the
opti mum codévector is finished for the subfrane under = "

16 encodsnde(&0#on 2R0) athstppeditit idre yemdkitiali $of asmebted . for .'
t he SSIOQ to.the recei ver side of the channel. |f the
evaluat|8H BP t AR 9ERPbHFVEORPIRRBAPE YeChRt Ingludimg @me&npﬁé of ippséedure

pr oceedsrefsbahsteheuﬁéetasnsnostspfitieeataﬁaeaP oY Jaip an i nerement ed J
(step 119). The nmet hod according to the inveriti on has sever al

advant ages ovéPrmAgtpngollati: thimeeneeded spdexh Jfdcketsneeds only be S
o B cocoiFatBin AL PR, AT R s R T Al Bhe e
"following order the steps of: ' _ S .
determination (104 - 109) of the gain by ch0051ng a start
value close to a theoretical optimdl value, and
vector optimisation (110 - 120) by successive searching for
20 an extremum.of an estimate function based on a recursively

corrected correlation vector.

2. A method according to claim 1, wherein the gain is
-determined on the basis of the energy of the sambled speech
25 frame and the trace of the covariance matrix of a set of impulse

‘response functions.

| 3. A method according to claim 1, wherein the gaih is
determined on the basis of the energy of the sampled sbeech
30 frame and the covariance term of a first impulse response

function.
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reduced. The number of non-diag :uﬁicovariance array
[err](j,j) to be calculated is %ﬂ“ mmml&l ows (out of 54) of
the covar MWheYs %tay; it is not essar y Mt oscaf cul ate BET/RYSBO0GHEgonal
rows of the covariance array (54) as with the 15 prior art. The nunber of
cycles of the.critmetRadcateskaingn: bsclalmrestwmeiexhtthefqhnﬂJmher of
pul ses nultiplied by the subfra enﬂ éf. ﬁ 8 * 54 = 432), whereas
t he nunﬂéFeSF‘lﬁé%ggaF?e bas3i§ PESTIRt ANEFRY prf ot e riangled spegcindard) i s
1144 (f @Lafe andcgﬂglgagﬂélggnégﬁce55|ve search which necessitates four 20
iterations through the fixed codebook structure). But, in fact, t he
search accordlng to the nmethod of the present |nvent|on can be

|aIl ess The fixed

t ted af f h t .
cegg goﬁ s?r ct u emF PPI%FF%%@ngr Pﬁngnggsen$%rel Eﬁﬁxﬁ&ﬁf?ﬁﬂy after

four pukgesdiaye beesrmeded. byhe sign of 25 pul ses is determ ned
automatical ly avoiding thus additional filtering of the speech residual

signal x[err], asia@tésapat gsersrlatian termepérEheesamrled wpeectt gl ane.

By Co”ecq Qg}”].?npueir gest MBhse ruflR¥lahi PBSAC gggf%%g'y% ﬁ %?%Jaﬁ()dan |

accordlﬁ e Fnvent i on converges very

| ocal exﬂﬁﬁﬁﬂhe&mea&ﬂ found at the boundary which are close to the gl obal

one. : - The.inyentors found_an i-ncrease:of the nean SNR value of - up
to 397 dB Wit h HHESHEHEY dB€orGRRG S5 CORECLAVARR BATRorNEPethe o o :
17 estimate function. ~SUBSTITUTE SHEET- {RULE 26) " - ”4:hDSt_

part of Fest speech fragnents Furt her, the conputatlonal conpl exity
was- found to be snaller by factor 2-3 t han with the prior art algorithm

ot et o B dn AR AR L 2bR 2. PSR SSFTE oy Ter
t he vect&gcgﬁgwfg(déteﬁmﬂnedIﬁy ~before searching for each conpoment. -
The real gain corresponding to the code vector found can be
: adaptlng a correlation term of the sampled speech 51gnalj__
and the impulse” response function to a prev10usly found vector o
component and
reinserting the adapted correlation term into the .
estimate function.
7. A method according to claim 4,.wherein the optimuﬁ-.“;-
vector is determined by ' |
adapting a correlation term of the sampled speech 51gna1
and the impulse response function to a previously found vector
25 component and
| reinserting the adapted correlation term into the

estimate function.

8. A digital signal processor for processing electrical
30 signals to determine a codebook vector and a gain of said.

codebook vector comprising:
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conputed (as in 1S-127) instead f‘ ' ll m“‘.n ated g[err]. This 10
slightly igngr, t hé synt hesi sea mgm u but requir e
addi ti onalw@ogrgr)él;ﬁtgat ional efforts. *4¢ . ®m s Fg 2-illust rpgﬁénswasmﬁﬁdmre
i npl ement ati on of thepresent i nvention. A conputer programfor the

i npl enent at i BRaBF £AE PUIS PHPERIFRNJ | heht i drsamplest spescid simla ior egr am
menory 20ansh gle-bPocessol SLCAEMY Su M £ NELadBIPN0iRH! £i0RAMe ©

necessary 67 enporarily storing the values of correlation termnms
(d, (i)) speech earputaneetderand(§echirtnel )nabse ¢®rimayx,i); p(j)))., source
di screte signal energy éx and gai n‘g% ,err]z. In the ALU 203 the

cal cul at i ons M§ANEhECT 2BOdGE PRESME bR IUF S aF ¥ 9ertforthsd niidee t he

stat gs r4qi ROALipgi cabesot heoshat us G A Q,0t her
corrpgner’??g.t%k%:a sPeeccorrBoﬁgnts ofothechar dwar e ?Wenﬁ%&oﬁnﬁﬁe coupl ed
t hrough rezidual addt a bosg2térmTheedisuionofaihe search for the optinum

vector is al sQ out put ,via dat s_210. 2 In this
descri ption -W@a?@rﬁgcﬂgfégo&gﬁﬁ&eglggcﬁﬁger??lgual WSS it AR the
conput atd Pyt i4dl RoBBBoBR! YBUELEOURERAKiIng anVeRdSk SECHRgliTgto the

i nvention. However, it is obvious to those skilled in the art that

t he rat edspahseefmnggédons o80a fiébryannd di VACEAE @@ime on the channel and

\i\li8t ot .he Si:g_r;'n%lans fbre'_%ggglgtg%héﬁﬁ.ﬁt'gﬁEE'?mE:ﬂ?JE%’ i%?ec;h_ paékets,' EEEUEE

G ai ns: wherein encoding (104 - 109) is performed in the following ~ .

order by:

" means for defef@inétion llba.filQQL;éf]theféaiﬁ'by chdbsiﬁgi{frﬁ‘w

a start value close to a theoretical value, and - '

15 means for vector optimisation (110 - 120) by sucééssive”j
searching for an extremum of an estimate funcéidn'based on a

recursively corrected correlation vector.

9. An electronic apparatus comprising a digital signal
20 processor for processing electrical signals to determine a
codebook vector and a gain of said codebook vector} the digitaL -
-siganl processor comprising:
means for pre-processing (10l1) a sampled speeéh s{nf in a
signal pre-processor so as to output at least a noise filtered
20 speech output vector and a channel noise estimate, |
means for model parameter estimation (102) of the noise
filtered speech output vector so as to output a prediction
residual and a long term prediction gain, | .
means. for encoding (104 - 118) the residual so as to output
- 30 an adaptive codebook vector including an index of impulse 
response functions of a filter aﬁd a vector gain,

means for formatting (116) the encoded speech packe-ts,

: 21
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1. A nethod for a CELP al gorithmu!!’! lﬂﬂ mn,mi eps of:
pre- proces‘s, ?1) a sanpled s uajw i gnal pre- rocessor
so as to ou put | east a noise filtered %spdech out put PCARWIB0MY o
channel noi se estinate, nodel paraneter estimation (102) of the
noise filter edhereiepeechdbw pl04ect 109Xk ol sapeixi cawmieputinat feedb Tl bPing

r esi dual 10 | ong term prediction gain, encodi ng (104 - 120)
t he predPEa?S Yésidual so as to out put an adaptive codebook vect or
including an medf¥ bri dptéskinatiof €EPOMISE 109)CIIfORBeOGadnf bkt Eﬁoagﬁne
vect or gain, formatting (121) the encoded speeCh packets,

wher ei n 8h&tarEpvalueneberfgte 1®4theq125€ﬁ)l¢ﬁ)\rrpﬁls&: iamdt he fol | ovm ng

orderg the ste d K ).of the aLn by -
choos? ng a stgé?ﬁg Lor .Tst2 %{3{ ‘gg‘%jheor jlg)éal 1%%3 I598Fﬁ S1¥Rd

vect or oaéan‘t:laahgoﬂo(:lélﬁ ext2éhulyo £ Uis eSSt Mea tee FuplditAonf Bas@d 8A &Xtremum
of an estimate fupction based on a recursively corrected correlation

vect or. recursively,corpertefePRERAEAPR Y&Ft@%i m 1, wherein the gain is
determ ned on the basis of the energy of the sanpled speech 25 frame and

the trace of the covariance matrix of a set of inpulse response

functi ons. 3. A nethod according to claiml1l, wherein the gainis
det'ermi ned on-the basi's .of the energy. of_ the sanpl ed- speech. 30. frame and

t he covariance term of a first inpulse. response s s fancl iR T

19 : 4. A method according to claim1, . wherein t"he_gal"n
det er m ned on the basis of the energy of the sanpled speech

22 -
SUBSTITUTE SHEET (RULE 26)



frame and the frane length. 5 5. A nethod according to claim 2,

wher ei n t hgyoXgfshfigMm vector is determ ned by tiqﬂ@a
correlation termof the sanpled s eeqp ssgnal and the i RUS 8Honse
function to a previously found vecCtor conponent and 10

reinserting the FdapLed-—gorrelation terminto the estimate function.
6. A nethod accor i ngf ®lo cllai m 3, wherein the optinmm vector is
determ ned by 15 adapting a correlation termof the sanpled speech
si gnal and the ingul se response function to a previously found vector .
conponent and reinserting the adapted correlation terminto the
estimate function. 2 7. A method according to claim4, wherein
t he opti num vectar is determ ned o1 | adapting a correlation

term of thesiggoml RrsTREetess NG
a previously found vector 25 co
adapt ed cor

digital sig

pe i npul se response function to
reinserting the
Lot e function. 8. A
ssi ng|¥P2ct|ri ca

model parameter esti-
mation

‘calculation of

X =,ZN‘,x2(i)
i=l

[toa 1. -
| calculation of - §  o.}.. = 4
(iz0) _ ; - f
| [105 |

' store A increment i -
o(i.i)

. - [os | -
calculation of _____,/L——-
A=A+ o(i.i) ' .

107 NO
lﬂi:N? .

YES

108

[ calculation of
g.=0-X/J4

Fig. la




30 signals to determ ne a codebook vector and a gain of said. codebook
vector conpri sing: 20
means f or v eypecessi ng (101) a s nplfd apeech s{n} in a PCERIIFP0041

a -

pre-processor so as to output at |®€ast oise filtered speech out put
vector and a channel noise estinmate, means for nodel paraneter
estimation (102) of the noise 5 filtered speech output vector so as to
out put a prediction residual and a long term prediction gain,

means for encoding (104 -
codebook vect or including(:
filter and a vector gain,

8) the residual so as to out put an adaptive °

)index of 1 npul se response functions of a
means for formatting (116) the encoded

speech packets, erein encoding (104 - 109) is perforned in the

fol |l owi ng order by: means for _determmattomy (104 -109) of

t he-gai n by choosj ' al ue clflmme fo a theoretical value, and

NQ 0 :
15 means f gr calesileriamp ol nvechoro TLE’QJ—~ 120) by sugcessive

searching for an [extrefim oésetn Bsti nfTe function based on a 119 -
recursively correctregdcorTgq atr o BCLor. 9. Anp el ec Hc

appar at us ggﬂprising a digi stgmat—20—procyssor for pr?cess'ng
el ectri cals gnallfgnd& C6h&EJ8kNSt Aucture §odeboolf vector andla galn of said

VN

codebook vector; {t-he dirgkt¢alctions Si ganfl procedsor| conjrdrsmeng / = - - -
pre-proGﬁ" O+ SO :as -0 out pf a noisd filtered Zg‘speeeh'nutput'];-“““
vector anft%a thanrme Of : nmeans for del paraneter
estimation (402) df the filtered spgech output \ector so.as to

out put "a’ predi cti OT————s - == long tdrmopredictign gain,-. .-

ll_ll calculation of . N N -
o F=2ld,0)-s vy} 118

increment { J

AMpes ] [ LES
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means for encoding (104 - 118) the residual so as to output 30 an adaptive

codebook vector including an index of inpulse response functions of a.
filter and™P¥TH gain, 3 Means for formatting ( 1167 CTRURR/AM Y ed
speech packets, 3 21

SUBSTI TUTE SHEET (RULE 26) wherein encoding (104 - 109) is
performed in the foll ow ng order by: nmeans for determ nation
(104 - 109) of the gain by choosing “a start value close to a theoretical
val ue, and 5 means for vector optimsation (110 - 120) by successive
searching for an extrenum of an estimate fungti on based on a recursively

corrected correl ati on vector.
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