- e3ewr r's<uLu*we™ wiwht E~, N~ | ml a~= t z auH nm METHOD AND SYSTEM FOR j;
AVO DI NG SATURATI ON CF A QUANTI? HM”MM@MMED COVMUNI CATI ON ﬁifk%NO@n%Qe ¥
€ in

I nventioh 5 The present inventi o tel ecomruni cation sys
general, and in particular to the trfsim ssion of conpressed signals in

t el econmuni cati on systens. 10 Background of the Invention In recent years,
vari ous t ecHMETHODSANDe SNSTEY FOR AVEIDING SATURNTION GF A QUANTIZER
bandw dt h, techni ques which _achieve toll-quality or near toll-quality 15
speech whil e using conpr ess%@%m%&%sm ssi ons. These
techni ques typically involve the use of coding algorithns that allow

reduci ng £hgilageweflbh theauidiement of 64 kb/s for non-conpressed
transm ssions. One such exanple is the LD-CELP al gorithmthat enables

reducifng 20 the bandwi dth requirenment to 16 kb/s. Naturally, in order to

use such codi ng.gl GOLLLDNE, boYhyends Of. e 14 ansdr Sl alk Hghih IS Sie

provided with a y to code an €eco ransm SSi ons.

sol ution fpstéhssinegeneemdnt ans usi parsiinglle rproprihet dryeremui geieot @ bot h
ends of and along 55 t he gransnis i on_path. _Anot her possible solution is
Lhe i npl eHBAPSEP BROPLERErATt GAde ST N oas 1oRat %5 150 ‘Compat i bi | i ty of
different types of equipnent |ocated along a transm ssion path. The

i nt ernati onal stangarg fﬁr the coding algorithm 30 LD CELP was published on
Mar ch1®9982GkIFRERANSE SR8 TR¥ERESRRuUNi cation Union (1 TU-T) Reconmendati on
G 728. However, it was found that this Recommendati on contai ned sever al
drawbacks. Anong these drawbacks was the handling of transm ssions at
variable bit rafie (FRFRFed YR Tor ei NAFHLOMS *cBBEBREQUES] 230K GFIMW as

"VBR'). This1ehehtem was pasthesl aphy nQbkiLed,whepeG {28 RecyAmndal on was
used in voiceband data applications. In its contribution to the ITET of 17

Mar ch 199%¢cETiqTepesdrmdlt dicBiggested laasellitivorr di BEREsEPilT MmeX Y of 5
ol gor 1% ntCREERly £ or iie. voi Lenkhd daf aiBear Feati ond o L BRI A T Rec,
G 728 i ntDOVENissibrsebfheseotpohatgdeby typficnddye inviolyeputble cwd @f wil |
be referrgdyiQghe B PA{GindS tAAKPRH ALPOr i bAWing  the bandwidth
requirement of 64 kb/s for non-compressed transmissions. One
such example is the LD-CELP algorithm that enables reducing
20 the bandwidth requirement to 16 kb/s. Naturally, in order to
use such coding algorithms, both ends of the transmission
path must be provided with the ability to code and decode
the transmissions. One solution for this requirement is
using single proprietary equipment at both ends of and along
25 the transmission path. Another possible solution 1is the
implementation of international standards that allow
compatibility of different types of equipment located along
a transmission path.
The international standard for the coding algorithm
30 LD-CELP was published on March 1995 as International
Telecommunication Union (ITU-T) Recommendation G.728.
However, it was found that this Recommendation contained
several drawbacks. Among these drawbacks was the handling of

transmissions at variable bit rate (referred to hereinafter
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10 In this tontribution, a solution for VBR and particularly for voice-band
data (to be referred to hereinafter as "VBD') application, was!@ed i2M2d.
The contri bution provided information for the inplenentation of a codec
that conplies with the LD-CELP algorithm as well as 15 nodification to
Annex G qf. R 7 ool htls. fiXx i i fl Lon’ 0,as,40
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descri beRdaonnendit kbpsvad gosed him basi cabdyd udesa aappahsatsshen rate of 40

kbit/s. The algorjthmc del 20 i s 5-saml.es .| ong, al ing 25_nsec,
and the codec Ighnltpser?%?ﬂ{bgﬁﬁﬂagsgﬂ 5%%&3 = 8&%&%%%5%%989'(553
nsec) . TiTelsggesLed. 4@ukhps tRlod | EBMutYas iditsildatedrai Al Wrn@xsaf ver
probl ens _in the _transm ssion of com%ressed VBD f or %Epl i cations such as
DOME, Jand WaS s RGGEIFERRTF Bpl fce tRE -25ThE kBPRLADPEMLRPde ENFLtTeRec.

G 726) i MG SIS - ndes €a Lo CELRnal ganhiPmdss 11609l 8tssng AgReg the
features provided by this algorithmis the soft transition to and fromthe

LD- CELP @RpridatmonPt Hed 1Rk ad TH Ty RACt oF | - 4RI 10 yDEVENehp heFRbyual ity
of speecflnc%ofp%@é!ﬁwtf&fbfaﬁ%@.b;ﬁgﬁsf bif@a‘§9§ﬁcxbif9d8e'_rﬁef@§ré9 kbps

algorithmis essentially provide 28 Recommendat i on. erefore, when
reverti nga desisdddHf troder s Yo ofbrperdevith'he LD- CELP node specified in 2

b 2 JAN. 2AQ2.nReconEmANAlbOR: G728 v | L bR app! i egr at Rafy t hapyt he 40

kbps al gorithm The main nodification of a codes operating in accordance
Wit h t he pad tigys aad lgor | o | yotlke-bapbenelaitat | ofts obet heralfettdd Cbded
Quanti zat| (r rred. to hgkel naf . ") o] i bed, in | EEE
Tr ansactitl’loe%lglnae%%nr{mﬁ?%atigég {]/ol E\Eééﬁéﬁg-{g%, (%’8%{)) a&vélsl%ﬁﬁ?%éherggé
i ncor por atoedt My urtefcer eproev iddd sinCxrappt oaciorephac elsnp hementation of
anal ysi s- by-synt hesi.s approach t.o .cadeb ch of JTUT 10 Re G 728,
in the VéDcr?S%eé:. q%ﬁtl IC,ODHFR%JIGF% wzf%*k%g’ée grngmrﬁms%%bg?%d,aﬁow%g} utfon was
pr ovilsled moal itfie airial etvofAmx t @ avdi Heeeaahi N1g8a satl@r abiiay sst At geddhen an
i mpul se occurs in the, predicjion error, e.qg. en havi a sudden
subst ant ipgll“&:haﬁ%%‘:?ﬁlgﬁtél‘i% enégy?Fevé %‘Pa\%\{ﬂ% ﬁre’&?‘ggfﬁ‘ﬁlEFgoﬁn Thi s
probl em Faxkdd pdimtgendraindig A ddwitd evel of noise at the output of the
decoder, and is kno to,be a cayse for discrepancies between the
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transnitting an¢ IS/ HPRIE 0 1 BG Yt HR hPas 159l Lg

4,677, 423 sle@CQURIrz@sna ssdmWhalt Sidf e iabiemass ol gd et mhid dapaper
type of algorithm_ the ADPCM al gor.it hg}) and discloses a solution to that
pr obPem 1Phe® TR S M ABTer iR IINUSL 468677828 /i 2fheth8r CRAEToRR Mg t he

probl em ag3¢6iral @d midd shials (dwitsy imac@agttai@fdorhacybl?é' ererPmsdgnal s, by
| ocki ng and unl ocki ng the adq?qpt ation speed. The adaptation speed is |ocked
in cases of v&hg SLGFesFesd 45F Kapsptedtd B thihi Iwa g hieniandrdk depr hvke ¥@ used

when hi g gpeed, pbp aapt at 0PhbS dreGiiiniac 1 d/nf Bt UGSl &/s s &b NRpt NESr

solution is not” fast enough for systens having coding 30 al gorithns where

t he predPBP3Lcasigms HnAdapt i Melbneand. yashagedesiveld renrra@lanet flom

(refgsredot ogher einpdtherndge LR ANA YRbS, & dEfHhgpent; Sobulionss: &eguired.

A nud%er of ngilens reﬁger tﬁé squt?on descrfbeg?in us 4,677,%23 3
where LD-CELP algorithm is incorporated. Among the features
provided by this algorithm is the soft transition to and
from the LD-CELP algorithm, and the maintaining of
toll-quality or near toll-quality of speech.

30 The adaptation cycle used for the speech mode in the 40

kbps algorithm is essentially provided by G. 728
Recommendation. Therefore, when reverting to speech mode

type of operation, the LD-CELP mode specified in



~ 2 JUN'~tI UL inefficient when trying to avoid saturation in systens

i ncorporating linear predictors, when an inpulse occurs in the prediction
error. Some of these problems are: the "423 solution is basgqy 2008 a@p t hat
each sanmpl e should be handled 5 individually, whereas in linear predictors,
a vector conprising a nunber of sanples is used rather than single sanples
as ‘'suggested in the "423 solution, a difference which renders the " 423

sol uti on mACIERaNdEHokh G o/ B abbl ilk® #pPlifdaraphedi ehansthpstdmkbps
Anot her bagi g, 40 ifference is, that the errors handles by the "423 patent
are logarit c errors which are not likely to saturate the quantizer as
fast as |inear Hrg ormadhghtmodinfereftoren a diff f ex entodekut i areiat irgui ded

one t hat Vi de n r ,40 t i ne pt edi I
incorpora%gkdgé%dihnég§ﬁbﬁwghébl#@é%t%g%ﬁqﬁgéﬁtﬂ%re %réﬁgggggﬁggﬁlgp t he
present i mfenthenTrelpisviGieled n@taotitatidet grefeimgd heo chepensatfedr

ot ol 11 nGal o A SPHRIT 1 HTo B r Bt t nEhF auB5ERSSGE JERE peRor
art sol ut icuandeisert stk abmie. 1381 s Nenot gr ghjgeot) olwhtiled prigsenkreby
invention to provide di gital conmmunication apparatus gnd system 25

enabl i ng t*O'CHRS pP8bl TERfSed bPLPnpii%edPBERRFRI MfERTGe the

predi cti oIy sBYi@t by 86t sppRdataatiyy eSo@dbbdbR isrwertl osr Wikl -becone
apparent fromthe foll ow ng description and the acconpanyi ng draw ngs. 30
In acdBr d&fSe W H e lﬁké'g%tv?l?\\i@?ﬁ? on there is provided a method for

determ ni ng t hgtGonpensat €de S48l kB sOfa 1JyAUMHA ZRIgd s Bed] 088S800htion
encodi ng/ decodi ng a VBD type transmn ssion by u5|ng a vectorial |inear
non- adapt @& 4provided gk Hhg | prpbéamct?fig hoppetal ¥ Hmr SRR e n" VBD"

as w1 berefigrried hergtoalfighn, 4 E&%@l%% denqiLs digi tale SHgBaEStion
nodul ated for transm ssion in the voi ce band frequency (up to 4 KFE%, e.g.
nodem si gedror , DRV 5 whghahevisg anyseddéen subhRtaatiew lehange penothe

i gnal,s. oyi-d b . aresent _jpyventian, b rise
the tsps BRI Brrel a¥hg el R AN e BT Oty AR ¥ HOPR O
cal cul ati g Ldermeerdficgent shigh peedilctamgnsased 2@ dilget autpamplaet vebeor

and derivb%%g%gg’ne%%dprfgiCk%gﬂner{gr}xgcgprcgﬂggef%gg] discrepancies
between the transmitting and the receiving ends of the
transmission path.

20 US 4,677,423 recognizes a somewhat similar problem
associated with another type of algorithm, the ADPCM
algorithm, and discloses a solution to that problem. The
mechanism described in US 4,677,423 is one for overcoming
the problem associated with transitions in partial band

25 energy signals, by locking and unlocking the adaptation
speed. The adaptation speed is locked in cases of very slow
speed of adaptation, while the unlocked mode is used when
high speed of adaptation is required. Unfortunately, since
this solution is not fast enough for systems having coding

30 algorithms where the predictor is not an adaptive one, e.g.
based on Linear Prediction (referred to hereinafter as LP)
analysis, a different solution is required. A number of

problems render the solution described in US 4,677,423



iii. calculating the gain of said linear prediction error vector iv.

calculating the scaling of the quantizer fromsaid 15 gain . calculatlng
an average val ue of said gain corresponding to said digih nﬁ}e vect or,
based on preceding digital sanples; vi. calculating the'di et & ée betmeen
said gain and said 20 average value vii. determ ning mhether a gai n

conpensatlon re U|re or .an | ul,se in the prediction error of said
digital sd‘rﬂﬂéets ‘“8‘5%% ’@) ConfdCity SAtHEGARDr edle FYSHEERSE| r st
pre-defi nqduo’&gdﬁwmg; divakHe, p&@én(cmorcsommrmgahhqn@ﬂdlfs@ epeEsrhetiween
the gains associated wth a pre-defined nunber of mpst recent djgital

sanpl e vedd§r R¥NiGRHCORNELERSI I W1 3PoRAFRE BYOPIGESy ALRs %%ﬂ a44écond

30 pre-defdned itdH eshWBdkeyidh . rdd: thga€asEt h@ém%bs Ql%ﬁwl Bét haRdiLBqst ep
(vii) is that a ?al n conpensation is required erm ni ng the conpensati on

requir éd fléWdlt qavﬂ;ﬂm'se VhetRaSpr édi ct} bresr predlctgrﬁw 2)02VEEEBE of
sai d di gi t3) . (r% vecs Ql'fnbe'rx ofoeiainﬁ%eg the gcal! ngfk A he, guagt hger as

obt ai ned by al n cohpensati on deternlned In step (viii)
to obt ai nStamlc&anéﬁsa$@gig%§’ae ngirof thise 543Bargdirgyriomn @xadrpféecengach a

| I near nonyy _F\égld &0l €Hlng i‘b%oré{)gﬁ’ciéna%@% 99 hmeof utghl typepall

pol es nndelln eter M nati on whether a signal can be fired as a
st eady S|gm@L1@$ done dﬁnmmmarpmgduheamﬂfe%y%Mmmle @maﬁham)bbameen t he

gai ns ,assaq ed with efi.ned number . of di n d| gq sappl

vect orlg1 r‘#g“ftafth eé\?eerajg% v ﬁ&gs R oEFAPET &’C@'\ﬁl eb eﬁseeaggng
pre-defi nede Hreesdmilthmid 4¢hesesdwhieheaces nda rlolk@wetﬁﬂ $dﬂ'a1t1ra'eeo*aﬂe
pre-defined threshold t he signal Eaé be qualified ashg 15E§teagg si gha
Accor di ng FG 155 eASed f@RFodPent 18R he SFROERL | BRI Ehe MBERBECHEsCRi bed
further cai@pfesemnta sbept@bncal sulmiduigddie vakuetiita dqure- geoviield an
function, which functiaon |5V§}sed on the cal cul ated LP coefficients

associ at e@™RMER tHoe SYE TR (e Enpie e RFILTHRE Y AR Jo‘Fc?ﬁ%ofﬁEe@Iefl ned
functiign thus obtai ned may be used in determning the required gain
conpensati on. Accordlng to this enbodi ment, this can be done for exanple,
by setti n§UBTEEYsfaithe Havamtian the cal culated value is hi gher than that
of a pre-defined value, 25 no gain conpensation will be carried out.

Anot her possible exanple is by applying a factor on the gain conpensation

t hat depends onlthdsﬁﬁhquﬁmxee&hsobmngepﬁe§hetm;eﬁﬂnnnkRWEhm@QMet@nd

o PP She e AR EXATRLECL bR e ek on
11 20 a quantizer in a coder using a vectorlal linear non- adaptlve
predicting algorithm, a method that overcomes the drawbacks
of the prior art solutions described above.
It 1is another object of the present invention to
provide a digital communication apparatus and system
25 enabling to, overcome problems caused by impulses occurring
in the prediction error.

Further objects and features of the invention will
become apparent from the following description and the
accompanying drawings.

30 In accordance with the present invention there 1is
provided a method for determining the compensated scaling of
a quantizer in a process of encoding/decoding a VBD type

transmission by using a vectorial linear non-adaptive



? ABS (Ali] ) i=1 35 6 ~~ 2 ~u~ 2002 where Ali] are the LP coefficients.
Simlarly, as can be appreciated by any person skilled in the art, other
gai n conpensati on deci si on nechani sns can al so be used and their results be
incorporated in the final 5 decision upon the actual conpensation to be
carried out. According to yet another enbodinent of the prekémiN #ention,
a peak threshgold value is pre-defined, and the cal cul ated val ue of the

di f f er enc ®TASICHIOE HRE iH REFRY) of the above nethod, is conpared with

that peak thregihl dednd “WHF” &{D0sH MBYe eahl LS AMPEGe PHALESr, €X5€0dEAT A
first pre-defined period of time during which the gain is conpensated while

its val uet@odensfic kkebial hatgpadk MrAsdRGEE. TP¥e tRANERoTHEs at oBNPeri od
b 4 PO .
can be extendedf 01y %rﬁ;uee?héép d{dp eid merm}éne, Reak, 'rﬁo%%gugf anépw/gﬂgg

| evel of 15 that peak t or to a [onger,” pre- i ned perio
time. Acceddingd st,o ot idry afdidrersyslefrarreey drbudli type of shenatesent

| nvention, thedineag ppeg Ct{:ﬁé‘v%wr LOr S dg%!@ﬂtby PEG%REE’}HQ a
Trellis code quantization on the predi‘cti on error vector, and selecting
a pr ef err pd edeanatilze ddripraare pridtd cttieps evfor vector from anong a nunber of

quanti zed li.near_predj.ctjon err.ar_vectors cal cul ated. Mr referably, such

sel ection i $ ma eﬂfﬁ%ﬁgbﬁlqu#h§ i%ﬁﬁﬁfﬁw%ﬁﬁEﬁﬁcﬁpeﬁr%ﬁgégcf%gmthat has

t he m ni maliprediadidudatimer roP. Acedrfdechgnte afburt heredididigrensadd t he

presen6 i nventign,, 2@? determ natjon of tBe ai,n _conpensation rgqu'red as

Set aldstep (VAMSIGAL SRR ctETEOh RN ERAg PERBecho I9%F pREVERT 17 Bm

reachi ng over - e@feensa&idt@tr athddeefdn;gai n. By anot her aspect of the present
[ teleco ni cation station operative in

i nvention, ,there is provided digital
a digital tléllec&?ﬂﬁr‘ﬁ@&t‘in&w NEISH N aRl EBAPr ild@S2 Ty Pre,élcztk‘tfl bh2% i nput
i nterface adapte@tio;receive a voiceband data signal and operate thereon;

processi ng neans adapted to cal cul ate: ) )
iv. calculating the scaling of the quantizer from said

15 gain;

v. calculating an average value of said gain
corresponding to said digital sample vector, based on
preceding digital samples;

vi. calculating the difference between said gain and said

20 average value;

vii. determining whether a gain compensation is required
for an impulse in the prediction error of said digital
sample vector, based on:

(a) comparing said difference with a first pre-defined
25 threshold value, and
(b) comparing the differences between the gains
associated with a pre-defined number of most recent
digital sample vector provided and their
corresponding average values and a second
30 pre-defined threshold;

viii. in the case that the determination in step (vii) is

that a gain compensation is required, determining the

compensation required for the impulse in the prediction



LP coefficients for predicting said digital 5 sanple vector and deriving a
| inear prediction error vector therefrom the gain of said |linear
prediction error vector; the scaling of the quantizer based 4o Judi 2020
gai n; an average val ue of said gain corresponding to said dlgltal sanpl e
vector, based on preceding dlgltal sanples; the difference between said

gai n and said 15 av%ﬁggi ‘§‘¥ st de#ernlnatlon nmeans for determ ning
whet her a gai £ 3% %ﬁl He THRISVFRCChe prediction error of said

di gital sanpl e, weoimimirsg reegi el ihases one éﬁhﬁtlz@ﬂpaslabtaandd by
difference with a ferst pre -defined threshol d valé and b. conmparing the
di fferences beétyRen Phe? et i e It FIPTH THE LOPr @ beFPhRaniRbEFeBf st

recent digital(wsanpl e ¥ect ebTasave tHwat ebmgénsatdddi gdaali r?anpéﬁ vegkor
provi ded and thelr correspondi ng average val ues and a second pre-defined

threshdl d, se@#htdet® i nati on neans adapted to deternine the gain

conpensati on r@ﬁP'éﬁme@eCQﬂPeﬂﬁﬁﬁﬁ BoﬁiﬁEé§0nbﬁp@d%%ﬂﬂ¥éhSrQH@@t@h on
error of saidd g sanpl e vector if the determ nation nade by t irst
#%

det er m natdl@e &t f3 ko vhm %%aﬁ%ef@wp%oﬁklnpﬂbeﬁh@oéééﬂnﬁg of the
quantizer withq§g detegrrglr?é{fngoéﬁamgrgﬁ' @Ilﬁﬂgﬁe%%fht hon %g%f{ﬂ@&dagy.

said second determ nati on neans erface ada to transmt a
voi ceband adats&esidynalsighads w@@lddb@eappweccamgdrbyga pbesodi§EEtEedeSn t he

art. b deaalpopethedsabore wa LoMBLLSE LUELNGL, patlr gL gt AL

knomn I'nt er se, and's e undérstood as b enconpassed
by the presertern nwEnprenedIhg wmgntakﬂsmmmhmnveatoma rgtdvorikd | agsrapgkl be

U0 10 SRS | gt Ry DepuaEa shood g, cnaamas, L war g fues o
transfer néinasmhedd. PIfiettherses, différameesebaynng:nekmeems1and:asycohber
applicabl%r%gggHﬂkﬁgfiggr kwqus the signal may be qualified as a

15 steady signal.

According to a preferred embodiment of the invention,
the method described further comprises a step of calculating
the value of a pre-defined function, which function is based
on the <calculated LP coefficients associated with the

20 digital sample vector. The value of the pre-defined function
thus obtained may be used in determining the required gain
compensation. According to this embodiment, this can be done
for example, by setting a <constrain that unless the
calculated value is higher than that of a pre-defined wvalue,

25 no gain compensation will be carried out. Another possible
example is by applying a factor on the gain compensation
that depends on the difference existing between the
calculated value and that of the pre-defined value.

An example of such a pre-defined function according to

30 this embodiment is a function that is equal to

ABS (A[1])
11
? ABS(A[1])
i=1

35



15 The term "tel ecommuni cation station" is used herein to describe a

conbi nation of at |east one pair of encodi ng/decodi ng devicei, one of which
is used f'or converting, when required, signals received t orhdnllly M2ed
form while the other' is used as its correspondi ng decoder, 20 converting
signals received in this new coded formto essentially their pre-encoder

form SuchHwe geMicescdBheitphedoderifpdpded Wi thin one apparatus or be
separated from each other. According to still a further enbodi ment of the

25 invention tfdmd liar yrovddledan bel eppregiintad oy apparpeusonpekalied in a

di gi tal tﬂ'n%%“%‘f&?%?ﬂe?@%%‘ i %&%%ttﬁgnt %c?‘HiO Neleg ﬁ&gﬁgﬁﬁémghégﬁe in
quanti zati'on gain in a process of ‘encodi ng/ decodi ng transm ssion of e VBD
type, conmpdlissi e tumed chhdwthgir3@esulgai beadercagpaxatad atrortheéi £inapul se
detector; jili,._.signal_ classifier:,iv. decision neans; and 9 .9 2 JWN
2002 v.g g 55T erll?ﬁnort%eAcaccotr“b%%gc?n&P%so?%?n pﬁ’%ﬂ%‘?r A BhBIdPRENt, the
aver age cal cul acmorndsirapertat | yett oarcat leelt ateenkidie nearet agef okhkhepgasant
estimtion_b sing the nost recent vecto ain val ue nd t he

G 11 or enca M VERTOR bet wBat ool i SRS oLBHEy etk b ZHSHREgaRTe At SEP

aver age okatllweilgaigd ceiipensst itie MAfefreieradloaldheatedf enescepClvff is
recei ved a déﬁgﬁpﬁéed wth a pre-determned first threshold, by the_inpulse
detector ®ii dH'S s2BPEF alPiBOFy det KAMRAARENVERANGES i Padle GbTgshAlditer a

predeygr mrpgd pembedifbnti NBRahCES Hihd O Mtefe a0t Reft RIBhRy rad eibedi ment
of the present invention the signal classifier is adapted to detect |

pr e- def i n@deveR fir@ss niR& s, @hd kbre pebrépdbl Yhiche ddg si@itreahs is
adapt ed t goppetisue ddeautrut 19k theihe i gRULSendet eckoreandefihe sggg{ml
classifier, and to activate the gain conpensator accordingly. By still

anot her piefeshed dentd rEmtn EPBPYAFAt tORPEASAPEr cag dseratendad fakrease

the gain Lobm@1Rr &8 ned MeF | 0 Obel i Mes %Qdéegar YNNGt G RNOTNRL aspect

of the invention there is provided a digital conmunication systemfor

i nt er édnnébeitnPeRlpl thaeshgldi P&l dcormubdrae f onpreades ivied PariadmEsi on
path, comptising: first transmission neans at at least a first end of the
25 transm'Ssion network for transmitting digital signals; at |east one pair
of tel ecommuni dacicadisigaticonst bl t hrotlyere ppefietired, eabddisesitvialy means at

at | east grgggg@d 999e8£159? %9u§r§93g2§siégéé§%¥§%§° é%%or vector 1is
derived by performing a Trellis code quantization on the
20 prediction error vector, and selecting a preferred quantized
linear prediction error vector from among a number of
quantized linear prediction error vectors calculated. More
preferably, such selection is made by choosing the linear
prediction error vector that has the minimal prediction

25 error.

According to a further embodiment of the present
invention, the determination of the gain compensation
required as set at step (viii) is subjected to a limiting
threshold to prevent from reaching over-compensation of the

30 gain.
By another aspect of the present invention, there 1is
provided digital telecommunication station operative in a

digital telecommunication system, and comprises:



1 2 JUN 2002 Brief Description of the Drawings Fig. 1 illustrates a
schenmatic representation of a coder incorporating the nethodqof yhangki ng
VBD signals 5 according to the present invention. Fig. 2 describes
schematically a typical state machine for generating a Trellis diagram
Fig. 3 presents an exanple of a Trellis diagramgenerated by a state
machi ne denonst+@Pel LAtEr§ace. adgprreg. t2 rergiveateyoscedemd catly a
met hod of carrying ogiyfaa,tegRAr abethanoenkbRHRe quantization gain in
accordance with the présent invention. Detailed Description of the

| nvention 15 Therecgeahngcmpansi abaptedctor sadtudateder 1 of the present

invention is presented in;Fi Sl Sp LS. d.nty. I . 1,ng
device 3 together with th%Ep%gfﬁfcﬁlé%&%sueg?}tlelpé:%#l%%hi%eg?'hgﬁ%g glll%#repryelnce
is passed through a parpaeplvdiesr 5 aml adéCviagr ch & Nidaar bip réeldictiiomn
bl ock, 10. The infornation regeivEg by _this block, follow ng the processing
of the difference togktRer VRFERTt eFéF59Qnt i nput derived fromblock 12, a
set of expanded super codeheokgais pesseshi2b tlimewgh gaigdistaldmgedevirce 15
and to predictor 16. All the operations required by the TCQ (Trellis Coded
Quanti zati on) aIgoriYﬁﬁ?%Fe carried out in the set up denonstrated in this
Figure, by block 10. Suchtepersyidians nay ithel ugead©f zexamplsed nemagesent of
the Trellis survivors and the 30 specified reproduction val ues, calculation
and coffpari son of ne¥#+Rés, and determination of the Viterbi decisions. The
Viterbi decisions are takgn asecaguan ¢dnddeoar tsa@;‘écicjégiﬁgcb(?régﬁoﬁ@ihgw ng
~ ~u

procedure. Each node of a.aiven set of nodes 11 N 20n2 conprises a
nunber of | egitinatetdrane

edigitada@rmitley wHchto praseduPe RIECRPLad
nunber of these branghescis sghgeted, where the selected branches are those
I

that will lead to a snaller error. After repeating this procedure for
the difference between said gain and said
15 average value;

first determination means for determining whether a
gain compensation for the impulse in the
prediction error of said digital sample vector is
required, based on:

20 a. comparing said difference with a first
pré—defined threshold value, and

b. comparing the differences between the gains

associated with a pre-defined number of most
recent digital sample vectors save that of

25 said digital sample vector provided and their
corresponding average values and a second
pre—-defined threshold,

second determination means adapted to determine the
gain compensation required to compensate for the

30 impulse in the prediction error of said digital
sample vector if the determination made by the
first determination means is affirmative;

means for combining the scaling of the quantizer with



5 a nunber of sanples, the path connecting the branches that would lead to
the mninmal overall error is selected. In the present configuration, block
10 al so rel eases 5 channel indices designated in Fig. 1 agi’mﬂl enci ng
the best survivor Yj for the 5 source sanples by the ViteYbi 10 algorithm
A typical state machine that generates the Trellis diagramand the Trellis
diagramitsel f, are tiHd udinatecunsehentt ocaliéyermifkedubpss@idndeBon8ecti on
7.1 of the "40 kbps algorithni. provides the 15 allowed path to the previous
nodes through the Tr‘% @“Jtréﬂjf‘gré,m?%l?s’ev%’??z node. For exanple, the allowed
previ ous nodes durputhelfidstacoded{stiéd ) tarernosiei © andeicépanahd@téb[ 0])
and node 2 under branch (b[1]). Section 7.2 of the "40 kbps al gorithnt
provi des the 20 al |l Gwé'Path to the next nodes through the Trellis lattice,
for every nodeadGioxRHY eapgdie: 24 & @vesly nexte Postess k011481 ki tBE Bede ( s
[ O] ) are node Q under branch O (b [ O] ) and node 2 under branch 1
(b[1]). S&&E ofieYigeofdedfer 1RRA KIFPOVE gBRYt AT 8 dés e 5L §RERERSat i on
subset (D@nglol, 108, PRowASSOE! alrd wirkh suerysdreldis paldnidornesanpke,
the transition froms[0] to s[0] 1s associated with subset DO. Transition
froms [Ounderstord i &g anePnpassedideettii® peesent ahkVenbheni o s[ 2]
and s[3] are n al w ref.are, : W .+ 130 clli 7.4
of the "40 kbpgﬁﬁid%$| hn?egsgél géqgﬁglghdé§ﬂ§%¥§gHatggagéﬁg éé%hﬁkgﬁ
transili omerardafdent, fsksuldhebewnrisersiitesl t hat eemangtes sf ridm evehioosde.

For exa tr (R 0 to 0].J ci it uur ~
02 Tr ang}) 'tt S’gr? 5 ;%gfnnse[tg\i?:r{){)s 3%&% slnastzéecgaa%tzd Cﬁ—h ailé ‘(aﬂ%we ?%rg%h%lg?oggi S
used, anda@xilOasgndihonouf) trame laransétwvonkst o I 2hetawmdrkE 3] Idr ef name

al | owned, anq ar.e ther forﬁ narKgd with % 5 As ievi sly nentione i bl ock
12 1’5 t he JEA3 WodBBEER Tl R T's H bl BE antBR SEaPAP LFEYRCRERE 10N

quanti zer netherféd .out put | evels are partitioned into four subsets, starting

with the nost ative pqint. and proceeding towards,6 the npst positive

poi nt 12 abel | ng "BokEaBut i V& 1 RELrHEA BT (512 BEn 10 paiecd Repetiyto pp.
D3}. The quaetiizati op | eyehsinteighvVenofn sacti aeabtb obnkhe pd4@rkbpst
algorithn and the interval [imts are given in section 7.5 of the "40 kbps

al gori t hnBRCPRENGEFSICOXIRG  bel9GiTg 55 s uT& arg iHownt § n 94 cofefm

mar ked s[@bnvRkthievel syt sbguNrbel owighihs -recaRtbP3cara Hewsheywedel ow
s[3]. Wen VBD signal s are handl ed by t he backward gain adapter 14, there

are sever &PTHIf PEidfcdd§ PERbrHanBEedi BF (RS FRIERPINAASHE | REPHLT 4 s

oper abh ON a5 ve@RALEdsWohl1khe rway 19REEChRSi gRaLS AR hapdied rarmccey dance
with G728 20 ITU-T standard. The major differences are: 1) In the VBD

mode, t he®R¥BNEARd Yof LRARL c RIGEICAIRDUE VA UeBUER daicurfavegesvearan
sequence eﬁtﬁwrp%te |i%¥:‘§.!u%1eﬁq‘dﬂ'%th'i%eg>r{ee%p¥ﬁﬁlaﬁ')u§ AL B & SPecd fd e iy t he

survivor path. The RM5 is cal cul ated over "a sequence of 8 sanples. 25
However, @AFhkethRe&-di scl osure provided in Annex G of G 728 where

pr e- conput ed tﬁ@b%%d&h%{eéé‘e éPQ%BLVEg i?&é};%‘qe D Sdiﬁlgh’é negessgy to

calculate the logarit c value o . (1) provides the
| ogar 2% hniiovepphoxi nehéom. iFheproeidedi ent tedecodhpundeatden dPrawm 3t

provi ded Eﬁe§?%§.i&r8n 1% o cﬁ%ta{@ f??gc@nﬁ%%gﬁoﬁ‘”@e{%%md% 3 'aeé’aftlezd
description o he I"ogari C calculator 1s provided in section 4
therein. t8 produce temporal change in quantization gain in a process
of encoding/decoding transmission of the VBD type,
comprising the following:
30 i. gain average calculator;
ii. impulse detector;
iii. signal classifier;

iv. decision means; and



.~ 2 JUN 2002 Eq. (1) :2*logio (x)=do* (x-1)+dl* (x-1) 2+d2* (x-1) 3+d3*
(x-1)"+ da* (x-1) s where 1 < x < 2 For values of x other than those

speci fied above, a normalization procedure is carried out. Sp@hJuN ped2cedure
is 5 described in block #J.16 of the "40 kbps al gorithm publication. The

| og RV val ue replaces the output of the shape and gai n codebook, | og-gain
t abl es bl ocks #G.anaﬁdc$§p%ﬁs@&mg,last two terns in equation G14). 10 2)

A smoothing filter may be introduced in the |l og gain |oop, to reduce the
st eady- st at e o8EFPFELREN ToraR] el sPHeERrEedt FBRAAYMEAL arfde® JVRFRIR

voi ce- bandadatbaawayeh ar Bpe k@ taver MR NQLN sReql Ntk Hdd Sf 0dd Sga fn
Dynam ¢ Locking Quantizer ("DLQ') algorithmgenerates a 15 variable speed
adapt at i oRStAMBEQOA| QuF i4HRGi FPaMOSE tIRACTHeste¢beld BALNTYAR YRoc. a1 726
may besusef. Hi&dduf-40 Ehe,. Processql Ughpg e Di»&géhgowetét@r '?afxlf'e

of fset renoved log-gain d(n). 'This 1nput 1S averaged by the wei ghtTng
filter (sesliien dnd3 séitdheavdpagbpsoR0 whgorgaim!’ ddmpdn$dtid). t dMepreduce
t he | ocke i T uantd | S ipn a canpl I Kk st ' | =0,
and in cogﬁgg gf’%ﬁ'hl %(%dqis}tfaifee e|4°$eal giiffalqu)s%%gle)citﬂegfegggy %%) %’E?dﬁg t he
| ong-ternwahd t he phertietermieeer g\ iafstt hehopemihtadlzbd rkesi dibed s EHigun) se

(section 4,10 Lock .#J. of t 25 "40 kbps al gorithm). The c; [ son
characteré%é?cFﬁg %@ﬁsﬁaﬁéy?ﬁe{$§9%%x? né%ggggqggﬁ F?e F@?F%héﬁggﬁéa. (2)
: G =103U adh af€er*a( predaltpr8@ndd PBreedioct iodn temear i nmpul ses m ght cause
the saturation_of the quantizer. In qrder to_prevent such a situatign, a
omporal | changBoPREGARR: | Fat VoF GHIGTHSE CRFFFBATEG: TP SRETT tante With the
met hod prpyededtbyniyBatpeasen s4gnal 21G@sdified AveridaptedNaddiraddect a

preferred way of performng the average cal cul ation for carrying out the
met hod of P¥Redpféaert YRDentFamsmigsh néssiiﬁﬁrmﬁ?ﬁﬁe&ﬂ%ﬁé%ﬁg% t hetHbst

recent 5 gakfNsyshUegedrst hes cabapkab 0fo Ridbefvd | It r ahepuscheratiwal |y a
met hod of.carryln% out the tenporal change in the_quantlzatlonc%g}n. In
accor FanceMRit it RR§ eRECKo@ N H'§ oF 1T hgcsRepsfafE. t 3REN L0 aTH B fi%at i ng

the gain gNerggen compensator accordingly.

By still another preferred embodiment, the gain

compensator i1s operative to increase the gain for a
pre—-defined period of time.
20 According to another aspect of the invention there is
provided a digital communication system for interconnecting
a plurality of telecommunication trunks via a transmission
path, comprising:
first transmission means at at least a first end of the
25 transmission network for transmitting digital
signals;
at least one pair of telecommunication stations of the
type specified, and
receiving means at at least a second end of the

30 transmission network.

10



10 A snoothing filter 40 calcul ates the average of the gain estimation,
Gave, using the nost recent vector gain value, GSTATE [0]. Preferably, the
cal cul ated average is a weighted average, giving higher mghaptuﬁ 2ecent

val ues 15 than to past values. Equation 3 presents an opti aH mgydof

cal cul ati ng such an average. The difference between GSTATE [0] and Ga"e,
desi gnat ed Bsie@liDdscriptiem efi| theabrawindspassed to an | npul se Detection
block 42. 20 ECM. ( 3 ) : Gave = Cconat * Gave '~ ( 1 - Gaonst) * GSTATE ~
~ ~ b. Inpul se Detection block 42: The function of this block is
essenti al | yighel25 detkbecstontod susdeemsbhngespraséheagaon bdl howoagra

predeterm ned period, of tinme wherejn inpulses re t _de ted. |l n order
to acconplish that, %%ﬁqﬁp?EaEbﬂ%a#%% agFﬁog ggﬁ%ﬁagg?dibgﬁe§&8PFﬁéd
thresheld. If the vadamoedidsglitd veseptessnt hanvefribat of the second

pre-defined threshold for, a period exceeding a predefined period, of tine,
then the $i%¢hal? woul PHF IR t%ﬂh%ga5?6§%géd9"t Pbﬁéi.sﬁﬁanQQFgﬁpédiction

error inpulse is det@ot egbydiesk g a. TrL1 I 2iB2rshe val ue of Gdiff

exceeds that of a first pre-defined threshold while the precedi ng signal
was deterilfed 30 berzesNteady! e¥yrale Abcarbrablis dipgspmr geacsabedi ment

of the present 5 in td i pL &= i hy gs d bs equal to the
second pre-defined r‘ﬁf]eésﬁ%\i%w?‘.‘é%}iqgﬁ%| &%“g@;é???g?&ﬁﬁi Ifs:g!;(':e?t'ai n VBD
transiPssifeig. e ror ilplsteeatad sekemptecal kel y mothapgpeh. cThugindportt heir
detection, the parangt I sat i on. : jmzed. In
signal classifier bFﬁéﬁ§ﬁﬁﬂ%ﬁgggh%€%£5%§2€$%n %ﬁglgg?égﬁegggbgiﬁby usi ng
the LP coefficients,ac®rgahchevitasthe ipuesont i snventhoded to the deci sion
bl ock 46. d. Decision block 46: The decision block 46 receives both the

out put of 20 the signal classifier block 44 and that of the inpulse

det ect i on Dieltaciil eAR Del3aseih toion ke etloeit Inventionleci sion is taken whet her a
conpensation is required, and how will the gain conpensation paraneters
descrided in the foll ow ng 25 paragraph, be affected when activating the

gai n conpensat itofe bseE&m48ice.pdaihiCogpensati-an dx ogk Aer 1 of the
present invention is presented in Fig. 1.

Signal Sn 1is introduced into a summing device 3

together with the predicted value thereof S’n. The

20 difference 1is passed through a pre-amplifier 5 to a TCQ

Search & Viterbi decision block, 10. The information

received by this block, following the processing of the

difference together with the relevant input derived from

block 12, a set of expanded super codebook, 1s passed

25 through gain scaling device 15 and to predictor 16. All the

operations required by the TCQ (Trellis Coded Quantization)

algorithm are carried out in the set up demonstrated in this

Figure, by Dblock 10. Such operations may include for

example, management of the Trellis survivors and the

30 specified reproduction values, calculation and comparison of

matrices, and determination of the Viterbl decisions. The

Viterbi decisions are taken as known in the art according to

the following procedure. Each node of a given set of nodes

11



The major task carried by block 48, is to define 30 the gain conpensation
required, and allow the increase in the gain factor for a first
pre-determ ned period of time. This first pre-defined periog] @ JUN 282 nay,
in accordance with 16 " (9 2 JUN 2~ anot her enbodi rent of the invention,
be changed. According to this other enbodinment, a third pre-defined

t hr eshol d danwitsgrat hemggirn qfeakedht bedivé dbrencbeshi &t leach pstedebifned

t hreshol d | S an_ext perli f ti i ed r gai_n
conpensat itglré, Véfg%g@%r% p%ri %gHgg(r%dbe nrug{%&g:fi rf!eﬂgeaésﬁ%égec%%gn%#lg-gdefllsned
peri od of ddlmctekhe wberef thurhsaheetrbddibramichals oase exhend nghdthewpedi od

f i ti i t he | 10 ch i | ativel hi gh.
Ao WiT baSbroti L SHbosh 5aresn Bhied HPAE Er thL AuRGOVEHIER GRS and
modi i sat isonsuntbe £ho€veninpdldsy, acie eyerthheosasetiagk ttan bhrahelkés benhaade on

t he above described, net hod, and.are enconpassed by the 15 present
i nvention¥ &bl &0 FRSt Bigipe e?tvéﬁgﬁﬁg eﬂ’f@%e‘rq 0%630?81&% enBaf8n,

the level (feddift gaion FAaQMASAH ONpaRkbelehaiund s@1a%dds achi eMenhbBe
required effect. Also, in case alimter is used to limt the |evel 20 of

conpensat ilgicase dapdenstedhain| iFid.er lmes bd, adepferernoipg oinge hebbtter

way to caryr he,yequite i ne coppensation. The follow ng {,$.the.
descripti osrli%éﬁ'q%%rte %éira%%gd%l?egckss 17 ‘ﬁ e b%%%\}a?% g%Yn %gptg%f%rﬁé (the
predi avor k1w ranhnl8 (the backward prediction coefficient adapter) shown in

Fig . 1. Predictor 16 is a shorter version of the G 728 synthesis filter
(blgock #G 22). hEYBrI&éﬁ OF%PFIE p‘B?%lﬁb?r‘?altr&ﬁmﬁieﬁeﬁﬁtﬁ?eyEgecoEF?i“ fént 10

taps, instigagreim t Badusypk 3Pr&D1iapsdispshn nitthe1gynt hesi sifihseratdhe
prediction is based aqon the survivor_path (section 4.4, block #J.7 of the
"40 kbps RGSMEAHARLLY (ID tHLYTHRT Wi FHF ndinner: at time n, a prediction of

the current sampliich forMed £ oknheachy Modgps7 aldori thie ~ prolEld 0fnhd. 5,

bl ock #J.8 of the "40 kbES algorithm'), using the sequence of reproductions
speci fIf ed 3y HIFE sBAFRVOFOset bRt RF LU Tre NOdES UShAGUOR sthet hbEelbkfy a
one-step §GhaleDr e £1 £68ry'S RIS orFd, e 2188 RheILLI A HO8Se PObye have
to be extended far into the future. This nakes the prediction nhore

"l ocal i ze@odewarfeh FRAy fdtwdr Rl ¢8{0&) verschwds . 0 TRadsackwanrh 0
predi ctionqeehf ia?{cﬁ'ﬁtoc%d@t&f%eﬂ-%ra&ﬁilm dd@Tr]f]t)o. the backward synthesis
maj or di

filter adapter (block 10 #G 23). the erences are the follow ng:
Only 10 LPC pafaesiieons are o cthat k0 Thkbphy @labmi Huolhi pgovidelise tie ock

#G 49), conshantly “ag! Cul At B5e Ste 2Pt R GALT €haLI.aR GoRf I Gl AN S, 1 SADADE! NI
t he performance off e}ﬁ a-(?o-vm ce transrtions.
for every node. For example, the allowed next nodes for the
first node (s{0]) are node 0 under branch 0 (b[0]) and node
2 under branch 1 (b{l1]).
Section 7.3 of the “40 kbps algorithm” provides the
25 quantization subset {DO, D1, D2, D3} associated with every
Trellis path. For example, the transition from s[0] to s[0]
is associated with subset DO. Transition from s[0] to s[l]
is associated with subset D2, and transitions to s{2] and
s[3] are not allowed and are, therefore, marked with X.
30 Section 7.4 of the “40 kbps algorithm” provides the
index bit that labels each transition, and identifies the
two branches that emanate from each node. For example,

transition from s[0] to s([0] is associated with 0.

12



15 The bandwi dt h expansion factor of the synthesis filter is now 240/ 256.
The bandwi dt h expansi on coefficients are provided in sectioni® JUNt#eé " 40
kbps al gorithni. Exanple: 20 In order to evaluate the performnce of the
met hod provided by the present invention, the follow ng set of tests was
carried out. A VBD transm ssion of the V.23 type, in character node, was
eval uat edTuansgttiba Gréa8 4O khyes sdllgoriig laasdai dttesd eviattiual | amot ¢ hehat
transmtted _characters 25 were.c ared. with thase received, .and the_nunber
of discr egéﬁci%gsl?oblﬁ&dduta ‘5 PHZHPdeall%rrﬁBr fr cABF adttt@S A aishi ¢ ed,
was cal cukabedandhisy3natire wat daflicied asride ayeige B FdmaMbed @pph yi ng
the G 728_including the "40 kbps 30 al gorithnf anendnent, the average error
was found®to be about 33% In similar tests, the nethod provi ded by the
presens invent hanphayievallyahRtt it d/algiexr10f1d he fdHSts @ik Ses@bd8 |
2 ~uH 2002 pre-dePl ned threéeshol ds were pre-set to be equal to 1800. Once an
i mpul se i WhiBd prsedd cepbneyrirndads sicaad tlol eytdéaik t Hvanaliaeref THB0MK4A t he
gai n conpensalon JEANANLSE Was gl 4l £dREQVI dad taab e praced ng, 80
digital sanpfe 5 vectors each conprising 5 sanples ere evéry sanpl e’ was
125 sec | shaghwehe detér meged ive poiing singhgiroasfedimg "tsiveadis' thpenosk
dramatic decrease in.the average error_defined above was erved, it

dr opped.  BOSBEaT S0 PO A T T D her i bR PREHEPnasaddde dlverTin i on
10 setwesD3pl y. DOr, danordd,r ab3 hg Tleet@uanebhbadiopnilevefl st herd ryderdr am

Nuner ous ot her wa f rrying, Qut.the invention provided nmay. he devi sed
by a persSﬁcgﬁPpl gfj no'ffﬁe&i?tg héb?sde{)]a?cﬁ]n r?’?or%qcﬁegggoéenqﬁr‘f%
iZnB/leJ&t izggli%md;saaee&rgjireenmﬂmmb‘ P i dmwrheopreheﬂmiowmiﬁs' carﬂ.%dﬁt?rlﬁr_l’w . 1
i 1. t ho or deternn t he conpensat scaling of a
quant i zer%r’ﬁ ZGBFEJée§§1a§frT% ng? o%%?ﬁ‘hgbggvéf) £ ng‘ 15%he “CSTumt

marked s[0]. D1 levels are shown below s{l], .., and D3 are

15 shown below s[3].

When VBD signals are handled by the backward gain
adapter 14, there are several differences in accordance with
the present invention in its operation as compared with the
way speech signals are handled in accordance with G 728

20 ITU-T standard. The major differences are:

1) In the VBD mode, the RMS value of the codebook output
values 1is calculated over a sequence of output levels
(quantized residuals) that are specified by the survivor
path. The RMS is calculated over a sequence of 8 samples.

25 However, unlike the disclosure provided in Annex G of
G.728 where pre-computed tables store the log RMS, in the
VBD mode it 1is necessary to calculate the logarithmic
value of the RMS. Egq. (1) provides the logarithmic
approximation. The coefficients dy, d;, dz, di3, ds4 are
30 provided in section 8 of the “40 kbps algorithm” and the
detailed description of the logarithmic calculator 1is

provided in section 4.12 therein.

13



5 transm ssi‘on by using a vectorial |inear non-adaptive pr Ediféi n t%pe
algorithm 2. A nethod according to Claiml1, conprising the s pé‘-%‘ 2

of :i.providing a digital sanple vector in a coded form 10 ii.calculating LP
coefficients for predicting saiddigital sanple vector and deriving a
l'i nearprediction error vector therefromiii.calculating the gain of said

| i near precﬁcc-tGI()nér*i-ogm\hsb%M($51Hd1(?akel.|1’a-k:lhhgc-tmé+sﬂa(bn-mg sofd, ¥ e-1) 5
quantizer from sai dgal n; v, cal cul ating an average val ue of said
gai ncorre %0 %at d2 di gital sanple vector, basedon preceding' digital

sampl e s20 vi. galculgti;ng t&e di fg@{éepcghgﬁt%ésag e%'f'iegind&%x% average

val ue; vii . determ ning whet her a galn conpensation isrequired for an’ i npul se
in the prémrtmalowaeﬁrlrcm preaedudegisakasanplle ovdct dycthasedronedstea) is

conpar i cdrdlqﬁcf ergoce, # LR aufji ngt prg- defiined thr eﬁgg}%d giﬂ B? t Rd( b)
corrparl ng t he erences befween the gadinsassociated W |ned
nunber of pwdsltirasdeimn di gi tal sanpl e vector provi ded and30t hei r

correspondi ng er e aond p deflne hol d; viii._ in the
case that the gﬁ}ern1%a§M%n§?§H§tg%%?vFFfl PhEU TR al C %%eﬁgﬁP?oﬁnﬁs
required, g2in do@eldik2002geghennitbiged hel cokpensadbBorane gt r @4l flehet he

i npul se i rediction error of s igital sanple vector; ix.
conbiningqﬁﬁ% §p 5t %WKEQﬂEﬁ&?%%$ %g obtained 5 by step (v) with the
gai n qonpeppaali @Imddﬁﬂ'ﬁ.rrﬂj nedlterstn@rg; (vé i Lhttredabla Nt heheonpensahed
scaling of the quantlze nethod according tg Claim1 or 2, wherein

said |inear 1®°Ron? Qdéﬁq‘%&e pr &%l EFPRGYAPEBERL ﬁrﬁqlslléﬁ%rgo‘??¥ hiigRatfie

type all pol gsthodeltiatd.orthryA ”ﬁéb@dné@?or@d&h t 02§l AivYiZMpahd Whgeehn a
signal is quallfl ed as a steady signal when the differences 15 between the

gai ns associ %RESEMBh & Dr 8VEEFPREd PotbersReSh edBdi PR giStanaddml @

vectors and phramyer agriMalgieguansoskat ecgenevi i Mhh [dc}é%
pre-defined t?reshol d do n(?"tJ exceed said seﬂgnd prg?re fine hr eshol d 20 '

5. A it hod WRELRBIRAg IRESy AGHRE Gt igrai B DEQ flJanitier edmplrsi ngoa
step of cal cuhatiggsthep¥al ¥R 9hryarPRecdes] nod Inhlg}%'eo QR ch is based on

the cal culated 25 LP coefficients associated w th-said | gital sanple
vector. 6. A mBtieodrausortd nghe optbaeassr wisengi hhsaillpralgefith, f isict i on

i's used i ppdet@rdi i nef g eayiLgd; 920,30 %ngeq%ﬂuénkszgveraged by
the weighting filter (section 4.13 of the “40 kbps
20 algorithm” block #J.14) to produce the locked gain Gg.

The quantizer is in a completely locked state if a;=0,
and in completely unlocked state if a;=1. a; is calculated by
comparing the long-term and the short-term energy of the
quantized residuals ET(n) (section 4.10, block #J.12 of the

25 ™40 kbps algorithm”). The comparison characterizes the

constancy of the variance of quantized residuals.
Eq. (2): G =Gy * o1 + G * (1 - )
30 3) Prediction error impulses might cause the saturation of
the quantizer. In order to prevent such a situation, a

temporal change in quantization gain is carried out in

accordance with the method provided by the present

14



1 2 sup 2002 7. A nethod according to Claim5 or 6, wherein said
pre-defined function is equal to ABS (A[1] ) 11 5 ? ABS (Ali] ) i=1 where
A[i] are'the LP coefficients. 10 8. A method according to qqydﬁﬁ Cl ai s
2 to 7, further conprising the use of a pre-defined peak t%Tes old™ 9. A
met hod accordiw%&(iégeﬂn18, wherein the cal cul ated val ue of the difference
as cal cul at edT™n §iep'(v) is 15 conpared with said pre-defined peak

t hreshol d. 10. Natwtdidd, aceorghteffe tiedd aamn XL weerdiorra rig r shepreraafganed

period of tinme duri which the gain is co nsated i§ extended until the
gain's valueq%QQQ%iﬁgﬂ’z °fo Nhe®Fby ,%ﬁm§5paam’-dggﬁnéﬁﬁﬁﬁﬂF
threshol d. 1LinvAntEidid iac a9y di 691 §0iRgYmOPE Weéighe pbeeed RpsE atdBent

wherein the linear prediction error vector is derived by performng a
Trel li & code SfddnticdatS oo A Presidiidh 25 error vector, and sel ecting

a preferred quapihzed limeadt pAedh CEERBMEEELR1YGCI0Mmd ¢ 1053 aBBNG A MMIREr  Of
quanti zed linear prediction error vectors calculated. 12. A nethod

accor di ng ®t O &ien 19SMRAEREI nChABISe! &8t | 6Re309M3NFEEE tHPIchEgsdimg thfe
l'i near pre&*&&&f@éﬂn@éa@nxegﬁ% fhgehoa?ﬁgh e £ AL Rh PLedct 107 {EQNL: 13. A

met hod according to Claim2, wherein tr eterm natifon of the gain
conpensation reuiredabcuseting tbet Hailn svepageiii) is subjected to a

limtipg threshold 22  onoodnZnguliZyds 14 PEEYERTaEESMRACALR0age of

over -conpensati on of the garn.
the gain estimation, Gave, using the most recent

vector gain value, GSTATE [O0].
Preferably, the calculated average is a weighted
average, giving higher weight to recent values
15 than to past values. Equation 3 presents an
optional way of calculating such an average. The
difference between GSTATE [0] and Gave, designated
as Ggife, 1s then calculated and passed to an
Impulse Detection block 42.
20
Eq. (3): Gave = Gconst * Gave + (1 = Geonst) * GSTATE[O]

b. Impulse Detection block 42:

The function of this block is essentially the
25 detection of sudden changes in the gain following
a predetermined period of time wherein impulses

were not detected. In order to accomplish that,
Gaire 1s compared with a second fixed pre-defined
threshold. If the value of Ggifrr Were less than
30 that of the second pre-defined threshold for a
period exceeding a predefined period of time, then

the signal would be treated as a “steady” signal.

A linear prediction error impulse is detected when

15



14. A tel ecommunication apparatus operative in a digital teleconmunication
system and adapted to produce conpensated scaling of a quantkuzzeouﬂi%zng a
process of encodi ng/ decoding a VBD type of transm ssion by using a
vectorial |inear non-adaptive predicting type algorithm conprising the
follow ng: i. gai rkﬁé/erggfugal glf| agvo,r' [ ie'xcie@%lél sq:hdateé eccgﬁ)r ; ai [ if.ir%itgnal
classifiers iv. decCision neans; "an dbf.f gai n conpensator. 15. A

t el ecommuni cati on pppadeaf irsedccoradishg 1ido Wihilen the Wirseddisqi digaiad
average cal cul ator is erative.to calculate the average.of _the gain
estimation by usinf? h‘gg'ﬁ%grf‘l?%fieﬁp @ctaof‘ %ta?aﬁ:&/al ﬁ%‘?g%d ﬁﬁgoﬁgﬂpgr ence,
Gdi fr, between saitgh nogt rpeefibryedt oregobAiMahte ahfl sairé averagensf the
gai n _conpensation., 16. A tel ecomunication apparatus according_to Cl aim15,

g .
wher éin said di fferbRECERMRFf FReretbfved BRE-E€8RPAREd WAERSROID 1s
pre-determ ned firsgudhreshol dehy saldbdadpul $8defedtiy WikaReksooperative
to detect sudden changes in the gain after a predeterm ned period of tine.
17. A tel ecomuni cation apparatus according to any one of Cains 14 to 16,
wherein said signad; slasstidgsifseadapted to detect pre-defined VBD
transm ssions. 18. A tel econmuni cati on apparatus according to any one of
Clains 14 to 17, wheréha swgutaleri §BOn weansnisshdapt e 1axr r éoelvk&eshe
out gyt of said i e ct id ~ 2 ~ §j I ifier,
andqyo activate {T%ége;airﬁ&%egrrpie){rllégt rsg%corr%%p%%?y. EQL.%A t{égggomgrh%?gati on
appar at us accor di metactign onehefpdrghat ass 1df t thd 8gaheceinpesartigai n
conpensator is ope R j NC se the gain for a pre-defined period of
time. 20. A digi ta({aar{e e:cr%gn}friu!pnjf{c%?i on station operative in a 10 digital
t el econmuni cati on Iystkgmahndlesspfisesblionkuidd ntlesdaceradapiedibasr ecei ve
a voi ceband data si];gegal i@'md oaer ate thereon; ggr oces?Li:ﬁng rreggs adapted to
calcul ate: LP coef¥i%i 8RFECFGR preHi cPYnd'Sid GG $8€5ahplERVEet or and
derijying a |inear gicedi €héon Qlals@i fieeitdlort hef f r garwhiteledai nt®f sped

| i near prediction error, vector; the scaling of the quantizer based on said
decision block 46.

d. Decision block 46:

The decision block 46 receives both the output of

20 the signal classifier block 44 and that of the
impulse detection block 42. Based on these
outputs, a decision is taken whether a

compensation is required, and how will the gain
compensation parameters described in the following
25 paragraph, be affected when activating the gain

compensation block 48.

e. Gain Compensation block 48:
The major task carried by block 48, is to define
30 the gain compensation required, and allow the
increase in the gain factor for a first
pre-determined period of time. This first

pre-defined period of time may, in accordance with

16



20 gain; an‘average value of said gain corresponding to said digital sanple
vector, based on preceding digital sanples; the difference between said
gain and said 25 average value; first determ nation neans r ﬂ@? m ni ng
whet her a gain conpensation for the inpulse in the prediction error of said
digital sanple vector is required, based on: 30 i. conparing said
difference with a fianthae- gebpAénenkr &fhotlee vanyentina i ive c6RpaeerAg t he

di fferences between ghe gai associpted Wik sfefidigd nugbegy,of 4nost
24 QL2 ~u~ ~o, ~ recenf&?fgfta saEpF§ vggt%fg E%%E that of said H?gital
sanpl e vector provi dete-aefined r thoesdodehdi ag seter 4ge vilheegadmd Res&cond

pre-defined threShmé%réﬁgygg'dSE%%m%ﬁgéOghg?ﬁgﬁéﬁﬁﬁ%?%%éé)EEESEH%TS t he

gai n conpensation require 0 conpensate for € 1n the prediction
error 6f said digitals seagtledecdnrexfendred dedetod naf | vimentle byethéofi r st
determ nati on neans ise affi.rma}:toi ve: ans for conbitrs}gnsg the.s alcjanrg g); t he
quantizer with the gtzﬂ n g%%ensﬁge&? et Ehmi Hgarﬁy i B&taHR

determ nati on neans:rexdbfMitgplitas ™ esd amed gshegpt @it 110ed rpestod afvoimeband
data signal. 21. A djgital co ni.cation system ad ed to produce
conpensat ed scaling<ﬁ£e¥§ﬁuﬂéq%kﬁhcﬁﬂi?ﬁp%gﬁﬂ%ﬁ%sgf%ﬁw%nﬁﬁg?ﬂ +38chhfng a
VBD type of transni gemibdyosigiim ¥espenbatibhneal abeadad i ¥Rpulse
predi cting type algorithm conprising; I, gain average calculator: ij.

i mpul 48 detector;iiQhaQﬂ%ﬁmﬁsclﬁggﬁgFE?}YivVeH¥ci?P@ﬁ-neéﬁ%: %ttt v. Pai n
conpensator. 22. A digfricdiHUATURY Cal iddy stfst oM BIeE@r dhngheo £Ha) Maddy
wherein said gain average calculator is operative to calculate the average
of the gain estimatiVG¥F RISy 2pd nBedifdeanionsct othigd n $BRFUEL2AAY t he

difference, Gdife, hetiwan sehd gRab EeCRN-MECEON £gat Nphaldigiansh Sehd
average of the gain conmpensation. ' 23. A digital comrunication system

according to O ai m ZRovVghalasarikad s Fhed ernd @HeteneoTRyes$@dbanthe
conpafgd 25 present invention. For example, instead of

extending the period of compensation, the level of

the gain compensation can be changed so as to

achieve the required effect.

Also, in case a limiter is used to limit the level
20 of compensation, the value of that limiter may be

adapted to provide a better way to carry out the

required gain compensation.

The following 1is the description of the remaining
blocks 14 (the backward gain adapter), 16 (the predictor)

25 and 18 (the backward prediction coefficient adapter) shown
in Fig. 1.

Predictor 16 is a shorter version of the G.728
synthesis filter (block #G.22). The order of the polynomial
comprising the LP coefficient 10 taps, instead of the usual

30 50 taps used in the synthesis filter. The prediction is
based on the survivor path (section 4.4, block #J.7 of the
“40 kbps algorithm”f, in the following manner: at time n, a

prediction of the current sample is formed for each node

17



r 9 2 JUN 2402 with a pre-deternined first threshold by said inpul se
detector which is operative to detect sudden changes in the gain after a
predeterm ned'period of time. 5 24. A digital comunication sg?tggq
according to any one of Clainms 21 to 23, wherein said signal -cla g s
adapted to detect pre-defined VBD transm ssions. 25. A digital

conmmuni cat (st M RCCOTdeRJ4E0gaRy eme 6fg ol G i éf'FcT;@ﬂiEHm’?)‘l; }ﬁ@%@i n

sai d decision neans is adapted to receive the output of said inpulse

detect or &M@ s§RGUSNGRal OF| aESPEP@UCthewS t FRRTIIAR tHe §Aen eBHEPEMSE: or
accordi ngly. . 150 —gomuunigat | S cc ,hg t n e of
Clains 21 S%éole:lfg,e%f\;mae?eﬁ%gdsetai gain cgr%le{r:]gg? o}l‘%ittg{gocgergiti?ge%t o%%c%gg e the
gai n for ®galedafiavbicctpierh obs opetifoemed) 27Ad Ahdi giredicoionunieasi oot
system.for__interconnecti lurali f el eco ni cation trunks via a
tr ans%ssihgﬁ’epa{'ﬁ, bceorr%’f?gpﬁafa ffla?rst E%anstrﬁ%sgg%an?% S at L]%asst ¥ggf irst
end of thereddrsnicssimmrenetvardd foed’t ridnsm i ineh i gtited 2bedighals; vat
| east one p%:r of tel ecommuni cation stations of C aim 20, and receivVving
nmeans at &t 184st” a second end of the transmission network. 26 .A .A
. AA&?. AAQY. AOTTHAAODLAAKA2Sd. AbteAhdr PAQ. AAD: AL ASD. Adadfhr, AUSA . ASL. A &
% Ar. AAFy. An. A& . Ar Tm( +G3%w EFRab~yt oj e” V]Qa]calca]ca]ca]cRa]ca%ca]ca]ca]c
a] ca] ca] c&LRdYPLa] €8] c‘él]‘%alﬁ]%%ﬁ‘ﬂ%%f{}] sdd cAULE8EcabfeRfRAL] ERIeEY) ca
R ;Zlp  $G.23). the major differences are the following:
e Only 10 LPC parameters are calculated. The hybrid
windowing module (block #G.49) constantly calculates 51
auto-correlation coefficients, enhancing the performance

of data-to-voice transitions.
15 e The bandwidth expansion factor of the synthesis filter
is now 240/256. The bandwidth expansion coefficients are

provided in section 9 of the “40 kbps algorithm”.

Example:

20 In order to evaluate the performance of the method
provided by the present invention, the following set of
tests was carried out. A VBD transmission of the V.23 type,
in character mode, was evaluated using the G.728 40 kbps
algorithm. In the evaluation, the transmitted characters

25 were compared with those received, and the number of
discrepancies found out of the total number of characters
transmitted, was calculated. This ratio was defined as the
average error.

When applying the G.728 including the “40 kbps

30 algorithm” amendment, the average error was found to be
about 33%.

In similar tests, the method provided by the present

invention was evaluated. The values of the first and second

18



: b’
) a(~} >6<lsni d_Z] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca]
cal ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca! ~23st bc~} xsni d_Z] cla cANcghga] cal ca] c
a] ca] ca] ca] ca] ca] ca] ca] ca] ca] cal ca] ca] ca] ca] ca] cal calca]cal cal]ca]ca] ca]ca]c
ajcaJca! 18

ca] ca] ca] %5]’ céfg;;{]ga] C ]\\g%c?%%]%gﬁ ca] ca] C%al] calcalgea cal cal

| 1 m ####S0BESSEN' By 'W@Effm ohg* b?edkcklony@qxh[ﬁdsatoahdak@ﬂexﬂeédcaL]c

oo e g e il Al il i

{ <{val gbt Xiealica) e radgal i wahea] pakeabicabcagoal€ad £ed ralLalwia] cal ca
] ca] ca] cal ca] ca] cal] ca] ca] ca] ca] ca] ca] cal { <<<<<U=h=i ===u>?7? @ B3B@bBBD

hDk ) YREERES %aahYF@EPX]LF]laacharaa@aﬁéaréaeﬁca]v@au] & dGT AU ca]

cr ety S Bk R oA B SR SRR AR P ko e85 e

] lCJ]aU] ]ca] ch]a]rpe]aU] Rajicavhcatcdkeathea] calUkba] aa]eca]gea]ecra]ogﬁ]giﬁafgl]éra] edooadl] cal ¢
aU] ca] cal ca] ca %)., 0 :° 72 A R.X o cdde

ee} xsnhc] % T KP L%ﬂfﬁ Caﬂfca% {EJ]’EHféa]t(?a]aE’QB]th] 03Fcay] ca] cal] ca] caU] ca] cau
] gal&caU] Ca](fatlﬂ’ica] 8] aad]] %22] cahlh@a]scabaa] cﬂcaﬁme#&i@@vwﬁp‘ﬂﬁd@]@lgnnﬂ
n N xsmhc ca cal ca calcalc"a
T e D g s 2 ] AP En TCRT AN S o) Ca IaH Aty CEFCabACRrea ) Ch the
WWWWWOX{hention. Numerous other ways of carr J.ng out the J.nventlon
~~>0Ubp9w} zupkf a\ Wa] cagca] cal ca] ca] ca] caj ca] caﬁ\;] ca] ca] c’\a] cal ca] ca] ca] cajc
a] ca] ca] eEIded c&ata] B R EhIeAURYa] daRe %N } ¢Xllad in "the ar

{val gb] kf@i&i#@d@ahbﬁakeah@alﬁ%padﬁal sabbeakbgalenl cal&al@s_a&,&a] gakicaleal cal c

a] ca] ca] caU] calcalca]ca]c ])ca cajcalcajca Tm(a?!'Y "10%&k' ()- MO ()-Y
109&' () - .thus encompassed by the present invention.
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1098 ()-& 109& ()-! 9%40% & ()- (G EzX6! (s$10%& ()- "!Ss$L0% () -
"INs$100& ()- "!\s$100& ()- "1fs$10%& ()- "z10%& ()- EFOPQRabr S1!

$10% (c(& ()-1L10% & ()- s$f10% & ()- 10 10 10! @=10% ()4 %Fu}p

WU3r S11 T\ $10%(<(& ()-1!; $10% (& ()-1'a $10YA(A(& ()- 11k ow?@?&'() 11y
$10%/( Y(& ()-1! $10% (& ()-1{\: !\ ft$10% | & ()-1&3" 10%}| & ()- 10( 10(
10(, : t 10% a(l)ms'N$10%( (& ()-1!'N

$10% (. (& () - 1~wxV4A{\: 111Dt $10%| x| & ()-1!:

t$10%]| o] & ()-1' 1t $10% | }| & () - 1l St$10% | & ()-1

ft $109%4| 41,&

104| 104] 104%’" 1’%‘3&1‘%‘ %&I r b IJ{”H“@ Q5 1%@'?%%%?%%?.8%&%00 ;&u §<) °

T$109& () -!\ ﬁﬂ@%&ﬁ@er]iﬂ@&.biocess of encoding/decoding a VBD type
1092 ( )-'#I\/ﬂSl%i/é} & ()- é \ =111 !!"flO%Z&'%l 910%& ()-° 107 107 10Z,
$1092&° ()-! | &rn(lsqlﬁ}n Y ooging. @Fgec 0F N J{near n-adaptive

$109XX&' () - 1! $PRUWEAE Hi)rgl ' iBD %/ 4 r i 0%& () - 1! k$109& ()-1 p$l0%-& ()-1

SI 1"y GAWUB{\ =! | $109277&' () - 1! $100&f Zf & () - 1! 1$10% () - 1! 4310%ZbZb&' () - 1!,
$100&' ()- 1! C$L0%SZS& () - 1GH#####S+$S~\ - 1111 $10% | & () - Z1! t $10%& () - Z19! 10%
4 & () - 10Z 1@Zmethod according to Claim 1, comprising the steps of:

i. providing a digital sample vector in a coded form;

10 ii. calculating LP coefficients for predicting said
digital sample vector and deriving a linear
prediction error vector therefrom;

iii. calculating the gain of said linear prediction
error vector;

15 iv. calculating the scaling of the quantizer from said
gain;

v. calculating an average value of said gain
corresponding to said digital sample vector, based
on preceding 'digital samples;

20 vi. calculating the difference between said gain and
salid average value;

vii. determining whether a gain compensation 1is
required for an impulse in the prediction error of
said digital sample vector, based on:

25 (a) comparing said difference with a first

pre-defined threshold value, and

(b) comparing the differences between the gains
associated with a pre-defined number of most
recent digital sample vector provided and

30 their corresponding average values and a

second pre-defined threshold:;

viii. in the case that the determination in step (vii)

is that a gain compensation is required,

20



10Z; '

MLOZ&' ()-!s$10%6s& ()-1$~%& () F*WU3~\:!1t$10%4| 4] & ()-Z1! Dt $10%| x| & () - Z1

11t$10% | }| & ()-Z1! St$10% | & () -Z1! ft $10%¢4| 4] & () - Z1! ft $1094 [283\Y -202F* T*f *i

k¥l *mn*| *}rg\: 111 & 109R22& ()- 104| 104| 104 ;

S10%4| & ()-f810%4 & ()-! vt $10%& ()- 21!t $10%

& ()-Z1| **Oro, - - y. Pebg\rminibis1 008 () cbmpefizB¥Roh) - |re IR ( Fok63 thel0%&'
- A ! - -7 0, ! Il " 0, ! -

(1%)2! %Zg;O%& 0O- im%%l é&é) & g‘x) e/hloni:%]dldtfo]h‘] ]%rgor oszalJpc{wél%g(i)taE 10z

1 109Z&' () - ! 3! 109ZZ&afmpleSMELEZE () MB109%Z&' ()-J11192b222wWW7g\: ! !!1s$10%

&8 () - # &Z10%: ()- @ h YHL0%hE ( #10% h h& ( y#10966&
I'y;(#)locy&'( - 3X E@,? §8m g&ﬁ‘%ﬂ@e g%% R& (t)he#qu%%s’:fo’é@a(?) galned

:S$109&1&7() #'°S$E?%§HéﬁiQ»7#Mlth the gain compensation determined
in step (viii) to obtain the compensated scaling of

the quantizer.

3. A method according to Claim 1 or 2, wherein said linear
10 non-adaptive predicting algorithm is an algorithm of

the type all poles modeling.

4. A method according to Claim 2 or 3, wherein a signal is

qualified as a steady signal when the differences

15 between the gains associated with a pre-defined number
of preceding digital sample vectors and the average
values associated therewith, with the second
pre-defined threshold do not exceed said second
pre-defined threshold.

20

5. A method according to any one of Claims 2 to 4, further
comprising a step of calculating the value of a
pre-defined function which is based on the calculated

25 LP coefficients associated with said digital sample

vector.

6. A method according to Claim 5, wherein said pre-defined
function 1is used in determining the required gain

30 compensation.
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9. A method according to Claim 8, wherein the calculated

value of the difference as calculated in step (v) 1is

15 compared with said pre-defined peak threshold.

10. A method according to Claim 9, wherein a first
pre-defined period of time during which the gain is
compensated is extended until the gain’s value is reduced

20 to below the level of said pre-defined peak threshold.

11. A method according to any one of the preceding Claims,
wherein the linear prediction error vector is derived by
performing a Trellis code quantization on the prediction

25 error vector, and selecting a preferred quantized linear
prediction error vector from among a number of quantized

linear prediction error vectors calculated.

12. A method according to Claim 11, wherein the selection
30 is made by choosing the linear prediction error vector

that has the minimal prediction error.
13. A method according to Claim 2, wherein the

determination of the gain compensation required as set

35 forth in step (viii) is subjected to a limiting threshold
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telecommunication system and adapted to produce
compensated scaling of a quantizer during a process of
encoding/decoding a VBD type of transmission by using a
vectorial linear non-adaptive predicting type
algorithm, comprising the following:

i. gain average calculator;
ii. impulse detector;

iii. signal classifier;

iv. decision means; and

v. gain compensator.

15. A telecommunication apparatus according to Claim 14,
wherein said gain average calculator is operative to
calculate the average of the gain estimation by using the
most recent vector gain wvalue, and the difference, Ggirss,
between said most recent vector gain value and said

average of the gain compensation.

16. A telecommunication apparatus according to Claim 15,
wherein said difference Ggir¢ 1s received and compared
with a pre-determined first threshold by said impulse
detector which is operative to detect sudden changes in

the gain after a predetermined period of time.

17. A telecommunication apparatus according to any one of
Claims 14 to 16, wherein said signal classifier is

" adapted to detect pre-defined VBD transmissions.
18. A telecommunication apparatus according to any one of

Claims 14 to 17, wherein said decision means is adapted

to receive the output of said impulse detector and said
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"LAO%® (19, A telecommunication apparatus according to any one of

5 Claims 14 to 18, wherein said gain compensator is
operative to increase the gain for a pre-defined period

of time.

20. A digital telecommunication station operative in a
10 digital telecommunication system, and comprises:
input interface adapted to receive a voiceband data
signal and operate thereon;
processing means adapted to calculate:
LP coefficients for predicting said digital
15 sample vector and deriving a linear prediction
error vector therefrom;
the gain of said linear prediction error
vector;
the scaling of the quantizer based on said
20 gain;
an average value of said gain corresponding
to said digital sample vector, based on preceding
digital samples;
the difference between said gain and said
25 average value;
first determination means for determining whether a
gain compensation for the impulse in the
prediction error of said digital sample vector is
required, based on:
30 i. comparing said difference with a first
pre-defined threshold value, and
ii. comparing the differences between the gains

associated with a pre-defined number of most

24



10 10 10f: 109%& ()-1"10%& ()-L10%&' ()-
MB10O%&' () - wwxgxxxxz] Ek™ AO! ! #3%) , $10%R&&' () - & , $109%R&&' () - &Y2SINERE' () -2z! 5
, $10YONON&' ()-- zs10%r&' () - xxxxxyyyeNDAO $10%R&E () - &SB!, $10YREE' () - & $10UYR&E
()-&$!, $109R&& () - & , $10%R8EL' &y@'AyByeyfykyyoROAO' $109R&& () - & $109R&S’
()-&$! . $109%R&& () - & $10v&ELZEN: ghigidrdvgemgle Wwy@wmtmtmm&&& ()

& $109R&& () - &$! , $109R&S&! & 0

0VRE’ ()-& | S1OVRRE! () - %ﬁg‘%@é%% SR R O A E %

gg%igﬁl( ) ﬁo%gz&%& ((& ) $§L§b;$b&‘zz§m&1(nn &Wa@%ﬁl a18d OYRBREG)d 822222277
9 83! % - & $109R&&' () - &$zz% &

Qi UAO!, $109R&& () - &$! , Ef&f/‘éég SP‘oi&”t foﬁ%g %)-&$!,$1ow&&'()-&'§$gog/g&g

()-8 | {}{ {{{éé@ﬁ@é\oﬁe$é9%&&&tﬁbn&mdéh9%&&&a@te&$'t&%ﬁniﬁe &1 0%R&& () -

&$! , $109R&&E () - & { YJP% tR AQLSL, $109&&E (). & S10%ELE () - &3] , SLOYBLL () - &

L $109R8& () - &3- | O] h| GPRPERGR eonﬁme@) &ICWG() CRF m@m&& O

“ 83!, $10%R8& () - & %@&& ﬁh &hb| kbhh@%&%@ tPor of said d

10%B& () -, $L0YREE ()-&$I $109R&E () - &$!, $10ty&&& () &| 1111}

~~~vU40! " L: $109%& (§amPl8$Ye%&r()l t#fo%&e i haFierD e q oy

#&1098& ()-10Q810
200109658 () -y! Lg%f?/ﬁ& é!Zg&'%‘%acgl/‘% f{% 4] lsﬂ?ﬁﬁﬁ%&léd?STUbvmol
i $10%#V & ()-(mea_m#@pr)commd)noglwe mw&ng) of2thegriantizer with

1ovia (1113100 () 131908 FoBpehuaspn” SRRt by B Eansibly e ()

7;%(!\)/%12‘[%2‘#%)& ()-f m;ﬁéﬁ%#a&iém flean810emg ()-f N
9 140! 0% $F" 1021 - 104104104 - 10048/
YAMB10%8: () - 9%‘}1\6%}85&%%? % t%%BABP trg @af# 3 ejb do 0

4"10% 1#1 & ()- ° " 1904mal) - 0%& ()-S v 00/<1#& () -
1094.#& () - JI vU40! 10%#& () z $S10% & ()- 101#101#101# f;10%1#&' () -
33" 10%1#>& ()- - "10%1#>& ()- |cS|[: vUso! L $109%& ()- 1 $109%& () -

& 1 $10% &{) - A@1@:19%#&&&1@1@*&Q&”Msﬁrét&n@é@ﬁ@@& to C§§o sV UA0!
D # $109%& (3- # $L0%H& ( g # $19%#& LQ # $10({ é) $10%’ #P
ompensated scaling o ntizer during’a process of
encoding/decoding a VBD type of transmission by using a
vectorial linear non-adaptive predicting type algorithm,
comprising:
i. gain average calculator;

ii. impulse detector;
iii. signal classifier;
iv. decision means; and

v. gain compensator.

22. A digital communication system according to Claim 21,
wherein said gain average calculator is operative to
calculate the average of the gain estimation by using the
most recent vector gain value, and the difference, Guairs,
between said most recent vector gain value and said

average of the gain compensation.

23. A digital communication system according to Claim 22,

wherein said difference Ggirr is received and compared
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25. A digital communication system according to any one of

10 Claims 21 to 24, wherein said decision means is adapted
to receive the output of said impulse detector and said
signal classifier, and to activate the gain compensator

accordingly.

15 26. A digital communication system according to any one of
Claims 21 to 25, wherein said gain compensator is
operative to increase the gain for a pre-defined period

of time.

20 27. A digital communication system for interconnecting a
plurality of telecommunication trunks via a transmission
path, comprising:

first transmission means at at least a first end of the
transmission network for transmitting digital

25 signals;

at least one pair of telecommunication stations of
Claim 20, and
receiving means at at least a second end of the

transmission network.
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