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Information Signal Encoding Description 5 The present invention relates
to information signal encoding, such as audio or video encoding. The
usage of digital audio encoding in new communication networks as well
as in professional audio productions for 10 bi-directional real time
communication requiréf4 AR Fiexpefidigaaly dimwarigtoding as well
asa very short encoding delay. A typical scenario where the application

of digital audio encoding becom%%gr\j:t'icg! j@itgg sense of the delay time

exists when direct, i.e. unencodetd; mitted, i.e. encoded and
decoded signals are used simultaneously. Examples therefore are live
mieductionss ysing cardlesscmicrophonestang simultanéods ftsgaryn  signal

mpnitoring, or ‘Seattered” productionsyvhiere atiists play, simultaneously in

different studios. The tolerable overall 20 delay time period in these

applications is less than 10 ms. If, for example, asymmetrical participant

lies arsased $dr conymtritations the bityatedisran additiosal liositmginication

factar 2% The glgpdthmig delay of standard audio epcadersSUEh RS ions for

MPLECE;“-l 3 1(VMP:%)al MPEG-lZ A@.C and MPEG-2/4 low delay ranges from

20 NS th SevaTal T00 M- Wherdli TefsTonte R nats  for exampre-to the V&XY

arfieReoMnEGizRy, G.Sehidller iy, eagefl i KrasmereSlWabnik: "Bery short

@idelinenty audia goder 39 delay!, preseatedatthe 1464MAESpplication of
Qnuention, Bedin. May, 2004. Voles,eneoders.operate gt Iower PILIaIes, : ¢

and with less aiLgont mic delay, but provide mereﬁ/ a limited audio

GiratRy 35 tTHEabove Gtithed g betWeéf fie stadddrd audReeRctists  and
an-thesane hand and.the vaiceeneoderson thizothésdandi ig;dar  are used
exampleclosed by a type-of.encoding scheme. describedsinfhe grticla B+ 1 on e

Edler, C. Faller and G. -2- Schuller, "Perceptual Audio Coding Using a |
and simultaneous {in=-ear)

ﬂﬁﬁﬂgmyﬁlrdless microphones
monitoring or “scattered” productions where artists play
simultaneously in different studios. The tolerzble overall
delay time pericd in these applications i1s less than 10 ms.
If, for example, asymmeirical participant lines are used
for communication, the bit rate is an additiconal limiting

factor.

The algorithmic delay of standard audio encoders, such as
MPEG-1 3 (MP3), MPEG-2 AAC and MPEG-2/4 low delay ranges
from 20 ms to several 100 ms, wherein reference 1s made,
for example, tTo the article M. Lutzky, G. Schuller, M.
Gayer: U. Kraemer, 8. Wabnik: “A guldeline to audic codec
delay”, presented at the 116" AES Convention, Berlin, May
2004. Voice encoders operate at lower bit rates and with
less algorithmic delay, but provide merely a limited audio
gquality.

The above outlined gap between the standard audio sencoders
on The one hand and the volce encoders on the other hand
is, for example, closed by a type of encoding scheme
described in the article B. Edler, €. PFaller and G.
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Linear Pre- and Postfilter”, presented at 109°'h AES Convention, Los

Angeles, September 2000, according to which the signal to be encoded is

filtered with the inverse of 5 the marking threshold on the encoder side

and is subsequently quantized to perform irrelevance reduction, and the

GEantized Bignalis sapplietifo ehtdpy encodibgsfolseferming Time-Varying

redusdancyreductionrseparaiefrom the-rreleyancesedygtions whilegher  apg
i filt 10 signal is reconstructed decoder side and )

R e o B oL o Sy S g i en

Sliéh & 8Rcodirg’scheniel Féfefied toiastULBDedRcoding Schehte BaIBREse of

teisalts imarpeanceptuabquality it can becamparatioriandasrd@udioand is

engnders, sichas NP3, 15 for bit rates of approximajely 80 | E{,J%S RE&luction,

channel and higher. An encoder of this type is, for example, als .
GESEribetE in WEr2005767 6708 A1 ParficutaiE e BLDenE6dereey  encoding
described thersuises 20mEsychdacaysticaklydcariticiied livveas fikers fofrom  the
forming. the,guantizing, peiser Due,tg their structurey the, quUaNiizing noise + ¢ re o
is .aIwa;is on the givenghres@o{lg, even Wh,%% nogi nal js.in ar%veg 1 d i
feqlishicy dorman TRs hofe” feains Tiatifie &S I6Hd s ft titered in
Gorrespdridsitosthe 28 pBychoacousticiiaskirgtheestold. Fos obtamirapassion

wit:rate itbat is evemsmallerdhan the-lit rateraseredetermined by this 2s LD
threshold, the gquantizi oise has to.be increased, which makes the.

b B e o S o <P
Sighal PBriibREP3T- EXarnples HErefore afs vbly l0W4REGERy hih alidiBs MP3,

ffequghﬁ:i‘es.z;f\amr@rmllyﬂh'a@amﬂm{wz'eWOve Sigmalipﬂﬁi‘opsﬁn fdalesaqel and
dampains, while the, masking threshold is high If the masking thresholdis ..

increased uniform%/gacross the whole frequency domain, the quantizing
i

5186 1595 At tH iRCreabu/tHrdshom, ‘even when there is no signal, so

that the quantizing noise becomes audible as a signal that sounds
spurious, SHbband-based engoders do AOLRaVE  Gescribed there use

psychoaccustically controlled linear filters for forming
the guantizing noise. Due to their structure, the
guantizing noise is always on the given threshold, even
when no signal 1s in a given frequency domain. The noise
remaing inaudible, as long as it corresponds to the
psychoacoustic masking threshold. For obtaining & bit rate
that 1s even smaller than the bit rate as predetermined by
this threshold, the guantizing noilse has to be increased,
which makes the noise audible. Particularly, the noise
becomes audible in domains without signal portions.
mxamples therefore are very low and very high audic
frequencies. Normally, there are only very low signal
portions in these deomains, while the masking threshold is
high. If <the masking threshold 1is increased uniformly
acrosse the whole frequency domain, the guantizing ncise is
at the increased threshold, even when there 1s no sgignal,
so that the quantizing noise becomes audible as a signal

that sounds spuricus. Subband-~based encoders do not have
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-3- this problem, since the same simply quantize subbands having

smaller signals than the threshold to zero. The above-mentioned problem

that occurs when the allowed 5 bit rate falls below the minimum bit rate,

which causes no spurious quantizing noise and which is determined by

thé imaskingthmeshold; isinet thehenly omee Fugher; e ULl renicodersubbands

deseribed inthe.ahoveireferences, sufferfrom a-complex procedure for

obtaining a constant data rate, 10 particularly since an iteration loop is
used, which has to be passed in order to determine, per sampling block,
amamplhficegiongactopvaliie adpisiiag a teguantizivgstep size. tHhit isa1lowed

the ebjest ef the presentiaxention ta pravide.an jipformation eacedingzuses no
scheme that makes it possible to allow the shart delay time typical for
§€§%ﬁ88§er%}%pa§s,%§t%ﬁ)%v §ﬁ%§t% aﬁagyetw Ao ﬁicggu eﬁ%ozﬁﬁj%%gﬁ@?g‘o by the

THS bjett i§ aeReved by abparafiises aBcordihy t@BRim Tustpgr, the ULD
reethods ascotdingtoretaim 44 of 4d asiwelkasar eneadersaceqrdiegtofrom a

daeandadecoderaccorinado dain 48 25 Thegentigl deaglihe
present invention is the finding that extremely coarse quantization

SREEINY tAE heaStRe et@rminéd By H7& né%ﬂﬁg%ﬁre‘%ﬁ@fél'is Hhadd: has to
possiples swthoutror onhevery:littlelquality fosses, bymotdirecthng block, an

quaptizing the prefiltered:signal byt @ prediction efror 30 obtained by, i g step
forward-adaptive prediction of the prefiltered is. Due to the forward

a%%lzpﬁ\‘/ity, the Quantizing error has no negative effect on the prediction
coefficient. According to a further embodiment, the prefiltered signal 35 is

even guantized s Berlingar raaaNgs & e¥aR Clinpegh d L, JUaNized ¥idi de  an
& .ng%éqgi@rch%%o\%glﬁh ns]%?‘lse;['pg ggg%ant%ggsva:{%es %fstg gb%e to allow
prediction error on quant|2|%g Indices o quanﬁzmg stages, and whose
d%%%m?%@ﬁéeﬁﬁlﬂy time typical for ULD encoder types at a low

bit rate and yet a high encoding quality.

This object 1s achieved by apparatuses acceording to claim 1
or 24, methods accoerding to claim 44 or 45 as well as an
encoder according to claim 47 and a decoder according to
claim 48.

The central idea cf the present invention is the finding
that extremely coarse gquantization exceeding the measure
determined by the masking threshold is made possible,
without or only very little guality losses, by not directly
quantizing the prefiltered signal but a prediction error
obtained by forward-adaptive prediction of the prefiltered
is. Due to the feorward adaptivity, the quantizing error has

no negative effect on the prediction coefficient.

According to a further embodiment, the prefiltered signal
is even quantized in a nonlinear manner or even clipped,
i.e. quantized via a quantizing function, which maps the
ungquantized values of the prediction error on quantizing

indices of quantizing stages, and whose course is steeper
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below a threshold than above a threshold. Thereby, the noise PSD

increased in relation to the masking threshold due to the low available bit

rate adjusts to the signal PSD, so that the violation of the masking

threshold 5 does not occur at spectral parts without signal portion, which
fusthew improvas g listening: gualintarwpainiains theshigiening qualitgoy, the
sespeeivenh despile.d degreasing AvaUNle D fate D AGEOIING 9 Areono1q

further embodiment of the present invention, quantization Is eve

§intizEd or fithited re€pedivaly: B918ippinht namélyfby qibHising o the
limitec andJiXed snumbertofquantizing déviets: opstages; respectivelyt Byeshold

prediction of the prefiliered.signalvia fopyard-adaptive, 15 predichion, thert s on,

oarse qgan% ation has no negative effect_on the prediction coefficients

st y%ﬁaﬁﬁ‘ﬁﬁﬁ\[gsaﬁ:fé%n hider ot glariiziing feVelgr maintains

c
themseves
[reventiohtef itaeatign #drichitainingsaPeanistast it rareisiifierentlydecreasing
erabled 2@ Aseerdiag to a further embodiment of the present invention, a
quantizing step size or stage height, respectively, between the fixed

number of quantizing levels is determined in a backward-adaptive

MARREFABR previous- YUtz Ps eeFingices obiEinegdyent invention,
quantizatienism that, ervthe enehangs despita anenelow avmpecofively, by

qyantizing levels, g, petter, or arﬁél%?ﬁ PE%BBP'SSQQ'G %Uaﬂtl%%@ga‘)f ey fixed

predictionerror or residual 'signal, respectively, can be obtained, without

RARG Yo provide Ritthe? stfe 30GRfPrMatioh (e SRtodersids Gn tied Y- BY
gthed hahdgit isopossibte torerfsure ¢hatdransmissionwerrorsdurnpg d-adaptive

%@m@@mqf the guantized.regidual sigpalito.the decpdergidg Ol efrrect
avet%é:hog-etl e eﬁggt on th fde(::Lod}_le_g Slg Wlth??gperoprlate Gantizing ©
Cohfiglration St the BALkWATd-35 adaptive StEp e adjustinerf 28 t+21ng to

a fixed number of guantizing levels, prevention of
iteration for obtaining a constant bit rate 1is inherently
enabled.

According to a further embodiment of the present invention,
a quantizing step size or stage height, respectively,
between the fixed number cof quantizing levels is determined
in a backward-adaptive manner from previcus guantizing
level indices obtained by guantization, so that, on the one
hand, despite a very low number of guantizing levels, a
better or at least best possible quantization of the
prediction error or residual signal, respectively, can be
obtained, withcut having to provide further side
information to the decoder side. On the other hand, it is
possible to ensure that transmission errors during
transmission of the quantized residual signal to the
decoder side only have a short-time effect on the decoder
side with appropriate configuraticn of the backward-

adaptive step size adjustment.
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Preferred embodiments of the invention will be discussed below with

reference to the accompanying drawings: They show: 5 Fig. 1 a block

diagram of an encoder according to an embodiment of the present

invention; Figs. 2a/b graphs showing exemplarily the course of the noise

spestient Hurelatipn dd thenmaskiig 404hresheld andrsignat powsy discussed
ectrum ity e of the oder Ing:to claj raph

o o Pt 2ot & oot o DR A s e They

(redittion of the prefiltered signal and iterative and masking 15 threshold

block-wise quantizing step size adjustment (graph b), respectively; Figs.

33/3b and 3c graphs,showing exemplarly the signal POWerLSpestiuMy  to an

density in relation to the noise _20 or error power spectrum density,
respectively, foraifferei tlip Extensors 6rdifterent TUMBErs of

qguantizing levels, respectively, for the case that, like in the encoder of

Fgql.. forward-adaptive predistion.of thesprefiltared 25 signalbyt still any s e

iterative quantizcgri gtep sié%gg'ustmer}} is Q:erioc_ﬂrgmedl;1 Figtgf a b(lgck askin
diagram of a strtictiire of the coetficient encdderinthée encdder o %ig. T 9

according to an B EmBctliraent of i presEvifventiBRCEES adieek ty for
diagram of a decedet derdeeading-an isforaadion signalencegedby theaim 1

encoder of Fi%&g%%‘f&%}?%‘? %?m@g%ﬁ’ggﬁg%gre%?g& 3 an Snooder

invention; Fig. agram of a struct e coefficient encoders

in the encodefdfEig. 1 BRME"GECURIBPEN’S acchrdfitg foran™  °f  the
embodiment of thef jpresertdnventiona Eig. raigrapbefor ilustratiagrd masking

“genmgtegmgﬁgg%hold block-wise quantizing step size

adiustment (graph b), respectively:

Figs. 3a/3b and 3¢ graphs showing exemplarily the signal
power spectrum density in relation to the noise
or error power spectrum density, respectively,
for agifferent clip extensions or different
numbers of guantizing levels, respectively, for
the case that, 1like in the encecder of Fig. 1,
forward-adaptive prediction of the prefiltersd
signal but still an iterative guantizing step

size adiustment is performed;

Fig. 4 a block diagram of a structure of the ccefficient
encoder in the encoder of Fig. 1 according to an

embodiment of the present invention:

Fig. b a block diagram of a decoder for deceding an
information signal encoded by the encoder of
Fig. 1 according to an embodiment of the present
invention;

Fig. 6 a pblock diagram of a structure of the coefficient

encoders in the encoder of Fig. 1 or fthe decoder
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5 and Figs. 8a to 8c graphs of exemplary quantizing functions that can be

used in the quantizing and quantizing/clipmeans, respectively, in Figs. 1,

10 4, 5 and 6. Before embodiments of the present invention will be

discussed in more detail with reference to the drawings, first, for a better
understanding:af theiagdvantages-andilb grinciples. af thesecmbediments, the

a possible imp&rgsg}g&ioyn%gqy&p;type encoding scheme will be
discussed as ‘comparative example, based on which the essential

advantages and considerations underlying the subsequent embodiments,

Which have finally led-to thiese ermbodiments n20 tanbenllusiratedmoresulis;
clearly. As hag glready been described in the introduction of the

description, there is a need for an ULD version for lower bit rates of, for
example, 64 k Bit/s, with comparable 25 perceptual quality, as well as

simpler schenmecfortebtainiagh:& conStaakbitrate rpartsdarty forintendedct ions

lower bit rates.;Additiopally, it mould @g@gvarﬂ@geoggé{vhe@mi@%@y and
time after a transmi%siion error would remain low or at a.minimum, 30 For

redundancy reduction ot Sé“ylc%oénc?oauns?italfile E)Peepcrgé’éfs?s ’siglnnal, the ° - i
comparison UED encoelér Aises a sample-wise backward-adaptive
closed-loop prediction. This means that the calculation of prediction

cogfficients %ﬁ%gﬂﬁg%@aﬂ%%w@ﬁgis ased merely. oo past ovalready, 1o

quantized and reconstructed signal samplés. For obtaining an adaption to

the SgHaF BF the prétfefed Signal," réheltivER! &l et ot predictor™ 2+ 1ngs.
coefficientsfis = 7-xaloalated-againifor evendsample fThisresultsiatheges and
golvantage,that long predictors,arprediction value  detemination leumuWasa s on
i.e, partlcular%prredlctors having, , ‘

of an ULD-type encoding scheme will be discussed as
comparative  example, based cn  which the essential
advantages and considerations underlyving the subseguent
embodiments, which have finally led to these enbodiments,

can be illustrated more clearly.

As has already been described in the intrcoduction of the
description, there 1s & need for an ULD version for lower
bit rates of, for example, 64 k Bit/s, with comparable
perceptual quality, as well as simpler scheme for cbtaining
a constant bit rate, particularly for intended lower bit
rates. Additionally, 1t would be advantageous when the
recovery time after a transmission error would remain low

or at a minimum.

For raedundancy reduction of the psychoacoustically
preprocessed signal, the compariscon ULD encoder uses a
sample-wise backward-adaptive closed-loop prediction. This
means that the calculation of prediction coefficients in
enccder and decoder 1s based merely on past or already
quantized and reconstructed signal samples. For cbtaining
an adaption to the signal or the prefiltered signal,

respectively, a new set of predictor coefficients is
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a high number of predictor coefficients can be used, since 5 there is no
requirement to transmit the predictor coefficients from encoder to decoder
side. On the other hand, this means that the quantized prediction error

has to be transmitted to the decoder without accuracy losses, for

obtamning peediction Coefficientsthat are sdentital to T8 ikose aindedyingin  the

%emt%eg proggss. Otherwise the  predigted orpred gaaésgre&eém value
respective

éfm the encoder and decoder would not be identical to each

the?, " Whic wotid Cadee & instatfle efgading bracess. RafiierCind e 2 virg
eorhpgrrsdmm@reme‘bder gperiotival resef 6fithect8 predictortsotiiend, since

eneoder and degoder side is reguirad to flow sglective accesgdo thereqi crox
encordgd bit sttrea as v weII as t stop a pg% %gtron of transmission

&rrors. However, the periodic resets CausE Bit Tate peaks Swhich prédéntLt e r
hénﬁrobrérﬁf’rorne@ﬁﬁnﬁéramtrr:@@na@ﬁpebﬁ#étec;ibef:rewefcmnersrwrrh has to

fixed-bit rate where the bit ratepesksdmity thenbawer it of aconstamt s, ror
Bgretm%str%%@df\étvr'é!rese'aéf%@v&e%ueée%*ﬁ%mme det;éemcal to

descriptionof D comparison encoding scheme with the
Eﬁfb%ﬁrmelﬁ@edﬁ‘ltﬁé%gese?ﬁE?nve%@ﬁdthege ehiButhnents diffécfomshe the

pomparsen encading sekidrne bydusing:a ubdlack-wisedpanartvadaptivein  the
ere@ar&ee withsa backward- @ga@faverﬂr@nﬂenqé@&%%@dmst%n ofher,

instead of a _sample-wise backward-adaptive prediction. On the one hand,

kIR h‘é{g‘fﬁgd%%ﬁ@ﬁnt%@eM%ﬁ@b?ed‘?&S%ﬁ&l@ﬁ@cﬁﬁter%?therf in
tider to-wimitthe @mount of rezjuired side  infermatibicfot transmitting the  the

fauiredqyedistion coefficientzitowardsitheanceder sidedwhich agaif; req <o

ht resuitggtreduced encodetr effr ienc r‘lbUt on er)re other 35 han t‘rlrresM 5
ﬁ antage?haaﬁﬁe procedure of the su%sequent B meﬁt s

§fﬂ| f’aﬂe@orrs SFrettiveR/foP higher Ghantzing eloks, svhiclr are deesuiesf, the
redriced hit -Berates; sefhaldheqaredictor on thezdecodenside. cafrkecents no

problem for a channel with variable bit rate, but for
channels with fixed bit rate where the bit rate peaks limit

the lower limit of a constant bit rate adiustment.

As will result from the subseguent more detailed
description of the ULD comparison encoding scheme with the
embodiments of the present inventicn, these embodiments
differ from the comparison encoding scheme by using a
block~wise forward-adaptive prediction with a backward-
adaptive guantizing step size adjustment instead of a
sample-wise backward-adaptive prediction. On the one hand,
this has the disadvantage that the predictors should be
shorter in order to limit the amount of reguired side
information for transmitting the required prediction
ceoefficients towards the encoder side, which again might
result in reduced encoder efficiency, but, on the other
hand, this has the advantage that the procedure of the
subseguent embodiments still functions effectively for

higher quantizing errors, which are a result of reduced bit
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used for quantizing noise shaping. As will also result from the subsequent
comparison, 5 compared to the comparisdr ULD encoder, the bit rate is
limited by limiting the range of values of the prediction remainder prior to
transmission. This results in noise shaping modified compared to the

comparisopULb.gncoding schemeand also leads to different andJess.an pe

S urigugolro Iistgrrlligg Zartrilfac}ls. Fgrtheh a constant bit rate is generated

without usmgq}fera Vé JFOC%DS. %rtﬁeﬁ réset?is inherently included for

every sample block as result of the block-wise forward adaption.

Additionally, insthecembediments desgribedhelovanenceding sehePerison,
\ed.for 15 prefiter coefficients.and fnyard prediction copfficients, ..

which uses difference encoding with backward-a aptivé quantizing step

3i>8EbRfFoITEr AnSE{Tie Sisctraf BRjuericyy Pdpréseritatidnsf thgediction
ceefficientsr Therscheme cprovidesshlaek-wise. accesssto thesegefficients, nciss

generales apliconstant side nformation bitrate andis, abaye hab  oncoging

robust against transmission érrors, as will be described below, In the

fONIBRAKY, thé Comparfson WERBhcedder dhtidecotiel 2538Fuctfasvillrrious
destribedrin meretdefait; followeth by ther deseriptiomeftembodiments okte  1is
therresentinvention.and &@%ﬂ@JSR@E}%@Ei&%aQ;V@@E?QeSm%er “reset”
transmigsion fﬁ)m Qi%hﬁr %on?itapt bit rates to Iower:L it Eﬁ]t:s. 30 In the Lt of
dompaison UED encodmg Scheme: the mput SGREISH theSHcodsr k=SHtt oF
&alyzéd-6f ¥er éAcoderside byl a Feteaptian modeddt istenimbglmodelin  the
respectively, for ablaining Jafosmation abauktheqeregptualisitelevanised for
qriiens of the. s gﬂ%@%%%“%& yseg t ?889‘8'&ﬁ’ﬁef'étﬁé%?i"é%ents,
iIme-varying filter coefficients. Thereby, the prefilter normalizes the input

gnaiwittgard (itss $radkinty thPesHTd: The fiiteF Roefhigiehtedra-adaptive
caleulatedi 19y orncesfior evereblackaf128 sdmpleseachsquantized ansbectral

frequency) representation of the ceoefficients. The scheme
provides block-wise access to the coefficients, gensrates a
constant side information bit rate and is, above that,
robust against transmission errors, as will be described
below.

In the following, the comparison ULD encoder and decoder
structure will be described in more detail, followed by the
description of embodiments of the present invention and the
1illustration of its advantages 1in the transmission from

higher constant bit rates to lower bit rates.

In the comparison ULD encoding scheme, the input signal of
the enceder is analyzed on the encoder side by a perceptual
model or listening model, respectively, for obtaining
information about the perceptually irrelevant portions of
the signal. This information is used to control a prefilter
via time-varying filter coefficients. Thereby, the
prefilter normalizes the input signal with regard to its

masking threshold. The filter coefficients are calculated
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transmitted to the encoder side as side information. After multiplication of

the prefiltered signal with an 5 amplificatfon factor by subtracting the
backward-adaptive predicted signal, the prediction error is quantized by a
uniform quantizer, i.e. a quantizer with uniform step size. As already

mentioned-ahoyethe predicted signalds ohbtainedvia sampleguiserized and
bac%vy%r{ii%%acpt%/g cl?ﬁsed-loog 1(I)r predclictlogé Acc édlgg%go

%ra 3 The enc ﬁe Fl & 81 mation.
ransmission of prediction™ coeffiCients to the decoder is required.

Subsequently, the quantized prediction residual signal is entropy
encededmirot optaining soeonstant bitsate; adeap ts:pravided.gwhich with an
é%%%a&%ihcea%t%ﬁ ofpultiplication. prediction. 19 q%ﬂ%'z'%%@%ar —adaptive
en ropy-encoé"lryg several times for every bloc of prefiltered samples.

¥R iteretion, YheMighest inphfiestionfacior 64 8t of predetériired by
amipliicationvalues ésrdetermines, subichtstil<fulfits tthewonstant bittrate size.

£anditian. This amplificatign.value 2. transmitted g the decoderslfyn .y 5s
however, an amplification value smaller than on%|s %etermlned, the 1
YEERZING noileé Ts periBptible BT delddinya e it8 “gFectrlim issHaped 1P
simithr ¢0 theemaskimgethreshaold yout its overaipowersis dighertthaprediction
pradetermingd by the 25 prediction-model. Farpartions of thesiaguksignal, the
spegum the guantzing noise could even get higher than, he Inout sidnal,
%p@&rum itself; W ich again generates au iBIe artifacts in porﬁqn%’oﬁ e )
Epactraf: wieka dothenise slordldiblel signakiduld be predent! Buertbafieded,
30 usageaf sepredictiveencodessThe effegisicaused y- quantizipgawise i on,
eRpresent g limiting factor when lower, constant it rates ate, plnterest. .oy
%‘:ontlnuin V\#'R} %he_ _dgscrlpn(?r?o%the com %rison ULD 35 scheme, tie . g
Pretitér Coefficints e therefptfansitted ‘astrafranfe L SE diffeténdesdest
ang histianly asrsoon &sdthersame &xceed a certéin linitf For aveidinge rmined
yapsmission: eger propagationdoran-unlimited.period,; the systemis fuirilis
the constant bit rate condition. This amplificaticn wvalue
is transmitted to the decoder., If, however, an
amplification wvalue smaller than one is determined, the
guantizing noise is perceptible after decoding, 1.e. 1its
spectrum 1is shaped similar to the masking threshold, but
its overall power 1s higher than predetermined by the
prediction model. For portions of the input signal
spectrum, the guantizing noilse could even get higher than
the input signal spectrum itself, which again generates
audikle artifacts 1in portions o©of the spectrum, where
otherwisse no audible signal would be present, due to the
usage of a predictive encoder. The effects caused by
quantizing noise represent a limiting factor when lower

constant bit rates are of interest.

Continuing with the description of the comparison ULD
scheme, the prefilter coefficients are merely transmitted
as intraframe LSF differences, and also only as soon as the
same exceed a certzin limit. For avoiding transmission

error propagation for an unlimited period, the system isg
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-10- reset from time to time. Additional techniques can be used for
minimizing a decrease in perception of theldecoded signal in the case of
transmission errors. The transmission scheme generates a variable side
information bit rate, 5 which is leveled in the above-described loop by

agdjusting rthg-aboyg-menfionsd.amplifigation facioraccordinglys Then be used
entropy encoding, of the quantized prediction residual,_signal in.the case of
(A& ConPAHRBA LD oo domipfises 'L0 REIGAS, K &6 a GBlomBe o021

Huffman, orarithmetie eacoding Tasthod STheentopy eAcoding Wasap pel ssion
resetdrom tisae to- dirae and genreratesiiphesently a variable=hit mte, which rate,
5,200 leveled by the ?Q%Veé'ﬁgn%‘gé‘§9e'98%-s%5r'j.%@%e. caseofine _s1isting
comparison U B encoding scheme, the quantized prediction Tesi ual

sigifal fPthesddeddet & obtaiied frofrentcpy éictdiny amveretpaf e

prediction remainder and the predicted signal are added, the sum is

rﬂ*ﬂg’p"sgyg]%yeg%%m thedransmitied. 20 amplification factor, ande o 4ua1
therefrom, the reconstructe ou%iut signal is generated via the postfilter

BV freRyuBhGy FponSE inverset0tHE bna it thi Brefter CRheraior Loes
thve= postfikter usestthe sransthitiedrprefilterf €oefficients. 25 X bormpadsamcoding

%ﬁ@%@d%@ét@%%t;%%sc@@@@&&?g oRtains, forgxample, @anoverall ive to
epcoder/decg\c%jer delay o 153?1:’» to 8 ms at sample fr.igue cies of 32 kth. .
to 48 kHZ! ﬁBStfég%ﬁouQ oop) terations, the S4mé generatés bit 367" *°
rates in thecrahigecof80 10796 kBivs: ABHesEitediabows - at lower

constant bit rates, the listening quality is decreased in this encoder, due

torthe uniform_increase of, the noise spectrum. itional ue to.the
IO, (R Shor o OEAming L dnon bt 12 s Tigh TR ag one:  he
ePiHoHiheRE dESEHEd BEIBw GFeTé6Mmae or Miriinize these the decoder 1is

dissdlyantagest Adra constanp transmissiongatawate; ¢heon the prediction
remainder and the predicted signal are added, the sum is
multiplied with the inverse of the transmitted
amplification factor, and therefrom, the reconstructed
output signal 1s generated via the postfilter having a
frequency response inverse to the one o¢f the prefilter,
wherein the postfilter uses the transmitted prefilter

coefficlents.

A  comparison ULD encoder of the Just described type
obtains, for example, an overall encoder/decoder delay of
5.33 to 8 ms at sample freguencies of 32 kHz to 48 kHz.
Without (spuricus loop) iterations, the same generates bit
rates in the range of 80 to %6 kBit/s. As described above,
at lower constant bit rates, the listening gquality is
decreased in this encoder, due to the uniform increase of
the noise spectrum. Additionalliy, duse to the iteraticns,
the effort for cbtaining a2 uniform bit rate i1is high. The
embodiments described below overcoms or minimize these
disadvantages. At a constant transmission data rate, the
encoding scheme of the embodiments described below causes

altered noise shaping of the gquantizing error and reguires



10

15

20

25

30

encoding scheme of the embodiments described below causes altered
noise shaping of the quantizing error andlrequires -11- no iteration. More
precisely, in the above-discussed comparison ULD encoding scheme, in
the case of constant transmission data rate in an iterative process, a

multiplieatards determingek with:the helpl ¢f whieh thecb signabeamingifsems sed
the refilter is lied r| tio qua tizing, wherein.the quantizi
g nﬁi%p T Il r}lemeg 18 E'h }Qﬁ o W% %Stal’l‘f

8 eclfra?ly ite; which caus saquantlz’lng noise in the deco

S SHEFECE ke the I|§feﬁ?hg tEiEsRold, IBut whith liés Sslightly BeloRFGIcess -
glightly-abeverthe listening thresholdd10 depending®on the selectedvhich the

”% licator, which gan, as «descrihed-abave, alsq be interpreted 8s grior to

of the determjned listening threshold. In connection therewith,
aﬁéﬁ*ﬁﬂﬁdlﬁ%rse FERERS Sfter HRG0dRGE Whbée POwer G it individiRfctratly
frequencydamiainscareeven exeesditherpower:ofd Sithe iputdsigraldnr which

the respective frequengy,domain. The fesultingancoding agifactsarech  1ies
clearly audible. The embodi

des |bed beow ha ethe uantizin
Rofsesuch that ¥ ssectrd ﬁﬁgwe éfen% yisno IL(‘)ngSeLr s%ec?ra‘i%I Qr%‘ $¥no1d,
The codtseyquantizingimingor cigping: Porespeaively, of‘t’ﬁé%@eﬁlf@rﬂr as
signal-rather shapesthe a@§b|tif@quﬁﬂﬂéﬁgf@5&§irﬁilﬁr to theyspectrak  the

Hefe dens| ﬁy of th%@%ef fer 3‘9@%’51(8? by, fﬂ %@rﬂ%‘é 1 DQISE ILIDE, 5 ¢,

ecocfer |ss aped suc t t|t remains be ow the spectra ower density
@ﬂﬁff]‘éﬁhﬁ&ﬂ@igﬁ@ll?ﬁlsr@a?%é%5%§t§%e?&c§§6§fbrm‘aﬁ8ﬁ%fft"r?é"er Lo the
demﬁmmﬁ@hnstme@dhr&s@o@bﬁ[ﬁ]efreswtmg encadingartifatts-are lessier of

%ﬂouagla%n 'Qfgﬁgemgaﬂse@eu%@5@%@@@0%%5%96@%m The

ent embodiments require no |terat|on I#)I’OCGSS which'red UCG

u
E&*ﬁb q@qtﬁ}gSO ity deséribing ffe-Comparison ejﬁﬁrél%odﬁlrb%&’e%e
above] arsufficiertbase hasi beed provideds fortomingitet izing noise such

that 41ts spectral power density 1s no longer spectrally
white. The coarse guantizing/limiting or clipping,
respectively, of the prefilter signal rather shapes the
resulting gquantizing noise similar to the spectral power
density of the prefilter signal. Thereby, the quantizing
noise in the decoder is shaped such that it remains below
the spectral power density of the input signal. This can be
interpreted as deformation of the determined listening
threshold. The resulting encoding artifacts are less
spurious than in the comparison ULD encoding scheme.
Further, the subseguent embodiments require no iteration

process, which reduces complexity.

Since by describing the compariscn ULD encoding scheme
above, a sufficient base has been provided for turning the
attention to the underlying advantages and considerations
of the following embodiments for the description of these
embodiments, first, the structure of an encoder according
to an embodiment of the present invention will be described

below.



10

15

20

25

30

attention to the underlying advantages and considerations of the following
embodiments for the description of these-3%3 embodiments, first, the
structure of an encoder according to an embodiment of the present
invention will be described below. -12- The encoder of Fig. 1, generally

indicated-By 40, eamprises an '@EHE%%MW%H}EQW&%M %9”?;'@,0 bemprises
encoded, as Il as an output 14 for the encoded information signal,
iRerdiFIt s ekempfiily ASe e BeTaly tHAL (i A 5 AUciBSigha AR S
exemplardly particuamyzan atreadyr sampledaadiossignah Aitoaghon signal,
sataplinchwithin the eacader: subseguentdothesinput k2, wewdalserbes :s an
ROS ibole. ng%% of the&nc%mér&%ci%t y&signalaargj[n% gte by éﬁ{‘) i%}_xead
ﬁg. 1°10 AsShown ir]allt}g. 1, the aricoder 10 can be divided into a Y
rAaskingdhresAdIE deterffinatich eans 16 Saprefited meéans 18,tge encoder

f@ﬁ&@@q@@dtctiva pteg&ctipmpneams 26 anda gma@tiz@r@g/@m aeans 225asples
g%“ as it stream. generatio m%%’gfn%‘l- TQ%é“a%H%'AﬂTeéQO'gly x(n) in

etermipation means’16 operates according to a perceptual model or
I%’téhiné ‘model, respectively, for determining a representation of the

masking or listening threshold, respectively, of the audio signal incoming

atdheinpit 14 by using the 20 perceptual modeh which indicaies aportionco 4

of the audio signal haﬁi irrelevant with regard to the perceptibility or___.
A reSpISEA 6t reBFo<ee Axpbetial TH8LHold Jorthe®  PreTiltes
freguehcy tt whicl whichrshectd eRgrgie repizins plaudibledgento 20 and a
Reysheacausticcovering-efiects or 23 is.pot perceived by umans, generation
TR oL S PO e L TESTR® pegns 1
dRtEMMAIRRS a AASKIAG theshofd per bRk TtREBSdquétdBlbcks Bf Listening
samples ofdthemudiol sighgl, Other procedutesning a representation of
the masking or listening threshold, respectively, of the
audio signal dincoming at the input 12 by using the
perceptual model, which indicates a portion of the audio
signal that 1s irrelevant with regard to the perceptibility
or audibility, respectively, or represents a spectral
threshold for the freguency at which which spectral energy
remains inaudible due to psychoacoustic covering effects or
is not wpsrceived by humans, respectively. As will be
described below, the determining means 16 determines the
masking threshold in & block-wise manner, i.&. the same
determines a masking threshold per block of subseguent
blocks of samples of the audio signal. Other procedures
would also be possible. The representation of the masking
threshoid as 1t results from the determination means 16
carn, in contrary to the subseguent description,
particularly with regard to Fig., 4, also be a
representation by spectral samples of the spectral masking
threshold.

The prefilter or preestimation means 18 is coupled to both

the masking threshold determination means 16 and the input
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30 would also be possible. The representation of the masking threshold

as it results from the determination means. 26 can, in contrary to the
subsequent description, particularly with regard to Fig. 4, also be a
representation by spectral samples of the spectral masking 35 threshold.

hhe Bf@&'t%ﬁﬁﬁgstmtm&m%a@s 18 [s.coupled to hoth the masking, o same
threshold determination means 16 and the input -13- 12 and filters the, |
Stitpth siGREPHBF nofaliZinG thE3afme" VithTegard b the mAkingP T2+ n4ng 2
threshold forebtaidiggal prefitterediSignad f(a). ThHeeprefitermedns 1&isbased,
hased, for example ,on g.lingarfilter and isdmplemiented fo 5 adiusththieceq to
filter coefficients in dependence on the representation of the masking

(RFBSold proviied By the” masking ThFEEROIcof the delSFRnaT feaRs =%
18 s0eh ehat tHeomansiission fuetion bf tha linearfille corkespofris by the
substartially fo-theripverse of the: maskingrihiesbolsh 10Adjustment etithie that

filter C%%@giggr%e%gl%ge Psggt@%d ggk%ckewiseitg%%thoc%-vf\ii%%,ﬁsug&%%i%imds

(m

the case des elow of the’ blocks overla ping by half in the maskin
tRHSsHBRN défrmination, d?}“s%mél%‘f\ﬁﬁé?for%?parﬁﬁl% byafterpolatingthenold
filtet eoeffisients obtained by the:bs blackawise cieterminedsmasking per formed
threshold represeniations; gr. by, filtex coeffigients.obfained thereliomy o s o ipeq
across the Interblock gaps. The forward prediction means 20 is coupled ,
tBEHE Prefiter tﬁmggﬁcﬁ, for Stbjedting te Lafnpled'fin) bfthens masking
prefikered signalewhichiaretfitenred avlaptivelyrinthe itime domain byample by
using.the-psyehpacoustic masking threshald rto-a forward-adaptived by the
pgr diction, for oht mw&qa prgd}gte .si%na}[l f%@ég _r&sjidual signal r(n), . 5
r SP@% ntifig a ﬁ%epﬁeer iCtion erforto t prgfl tere S|gngﬁﬁﬁ),sa% g Tone of
represéntation of prediction filter Toefflelents: Tasedlonr whichttheacross  the

predistesh sigralcanshe reconstructed.

The forward prediction means 20 is coupled to the prefilter
means 18, for subjecting the samples f(n) of the
prefiltered signal, which are filtered adaptively in the
time domain by using the psychoacoustic masking threshold
to a forward-adaptive prediction, for cbtaining a predicted
signal %{n}, a residual signal r(n) representing a
prediction error to the prefiltered signal £{n), and a
representation of prediction filter coefficients, based on
which the predicted signal can be recongtructed,
Particularly, the forward-adaptive prediction means 20 1is
implemented to determine the representation of the
prediction filter coefficients immediately from the
prefiltered signal f and not only based on a subsequent
guantization of the residual signal r. Although, as will be
discussed in more detail below with reference to Fig. 4,
the prediction filter coefficients are represented in the
LFS domain, in particular in the form of a LFS prediction
residual, other representations, such as an intermediate
representation in the shape of linear filter ccefficients,

are also possible. Further, means 20 performs the
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Particularly, the forward-adaptive prediction means 20 is implemented to
determine the representation of the 30 predietion filter coefficients
immediately from the prefiltered signal f and not only based on a
subsequent quantization of the residual signal r. Although, as will be

%ﬂ%‘é@ﬂ%@ﬂ&‘ﬂmﬁ% detall belowewith reference 10 Fig; 4, dhg prediclign s ng o

Iter coefficients are represented in the 35 LFS domain, in particular in the
fb}ﬁ%c?f%ﬁﬁ@b%&ic%ﬁ%%iﬂ‘ﬁé%tﬁé’?%ﬁ?e%ﬁhﬁﬁo%? ‘Hasan +-©- PET
intermediate représertationtin thelshape oblineas filtgrleoefficietts, aref  the

alsq ppssible. Fusther,means, 20 perorms, theyd4; perdictionfiligbequres are
caefficient determinatjon according.to the subsequent description ,
SHipI&MG DiSciCwise o8 hef blotk in"stiHseqin Bk ot sampled (- ne
oithe prefilterad Sigrial dwhdreird, however lotiver prbtedures@e Spalsgiiction
passikle. Means-2Q issthes implamented te.determine the-predigled sigpal the
[ia thase determined prediction, filter coefficients, and to subtiact the
§ame Trom the preﬁﬁereﬁ sighal ¥, wheréin the determination of the
preditted siynarigpetorhfed? for iskaitsle, vieRd lifesd D fter, Witbse 1inear
filtex woefficienis are atjustedt-aeqaidingdnthefeavardsadapivelyccording to
determi redicti icient rsri}'ns ;isi | PP
é\'f;lagiIabdjfg:%(g)jﬁ%FfagI %gét]%%qg%ie??.eé%ﬁe%ﬁarﬁgz%d gr-]f- d %Iiir;%sje%%raisi&g’t%a Fficient
SiGRAISOAT “addéd fo preVisusly Gatpttfitter cttFiELs sigRAfVATES ca?  the
skerve @sfilter input signal, as Wik becdisousseekbelendn morecgetdil. Theidual
%Lii’j]lti?ﬂng/%@rlm??‘”%&@é% C?Hezeq%%@eﬂﬂﬁcﬁﬁ%@ ti?@g@ﬁ?@? 2@‘11‘%§ _output
uantizing or. clipping, respectively, the residual signal.via a.quantizin
TEhgHoR mAPHITY the VAIGE F(RY of the'residtial SigRA o 3 EfstantAnd 1 B2
liHhigetl AaRTbep Of GtiaAtiziig Tevels aamdlfor transmitting the quantized
residual signal obtained in that way in the shape of the quantizing indices

iﬁﬂéfédgﬁ%¥§¥¥éﬂ%%i means ZZ 1is coupled to the prediction
means 20, for qguantizing or c¢lipping, respectively, the
residual signal wvia a gquantizing function mapping the
values r{n) of the residual signal to a constant and
limited number of gquantizing levels, and for transmitting
the guantized residual signal obtained in that way in the
shape of the guantizing indices 1.{n}, as has already besen

mentioned, to the forward~adaptive prediction means ZC.

The guantized residual signal i.(n), the representation of
the prediction coefficients determined by the means 20, as
well as the representation of the masking threshold
determined by the me=ans 16 make up information previded to
the decoder side via the enccded signal 14, wherein
therefore the bit stream gensration means 24 is provided
exemplarily in Fig. 1, for combining the information
according to a serial blt stream or a packet transmission,

possibly by using a further lossless encoding.

Before the more detailed structure of the encoder of Fig. 1

will be discussed, the mode of operation of the encoder 1
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25 mentioned, to the forward-adaptive prediction means 20. The
quantized residual signal ic(n), the represgatation of the prediction
coefficients determined by the means 20, as well as the representation of
the masking threshold 30 determined by the means 16 make up

Wi(irinq}@ NyProy Edﬂgete @gﬁﬁgogg Eéigeéﬂa gT?ee %%?Eg %Q@@c% re of the

wherein therefore the bjt stream generation means 24 is provided .
EXEpRFiyHR Fig Y1, for&smhbnthgthe iﬁfBﬂﬁé?tio%l%%é‘;rg% tb%aesgﬁaﬁfllter
bit strearhforval packet transraissiont G5 gossibly by usimgre frtieting to the
lossless engedinge Befare the mare detaited struchure of the eneoderefal £ (n)
F(lg. 1. will be disc ssec%the. mode of o era%ionlof the encoder 1 -15- wi(l)lf h

B a8serised hetow baddd oh the Above Sfuctire ot the ‘encoder 10) By c
filtering the avdiotsighnalbyahe préfiler Meand 18avithla traAsmrsisics to a
flinctien eerresponging tadhe dnuerse: of thermaskingitbeesbple:erum similar

refiltered signal f(n) 5,r s, Which obtai tral power density; Qf. -
D R e M e A o S s o

fGiSe, HIRPHROEIITESEIt in'& 1iBIS8 Spetimeimiidf td e Masking 9nat + s
theeshedd by filteringrindghe postiittersonr the decdder side. Howenerdfissfiaptive

?gégﬁlg{fﬁbﬂgﬁ@gﬂ% :_I'Q_(ﬁe%e% tosa, prediction g éc@yﬁlﬁ%digted signal
orward-adaptive prediction means 20 by a forward adapted predicted .
sign&Yf B SUHACtiOR The Stibsetitieht dbEse qhsfitatiofof g 23t +on  ©F
predictionstiorTivythe uantizingiclippimganearns. 22 rigas-ad efféctomerears 22
predictign cogfficients of the 15 prediction: means 20-Reitheronties of the
encoder nor the decodes pside, singe the calculation, of he prediction. ecoqex
Soetficients”is per‘—fz‘ormed ih a forwar -agaptlve manner and thus based on
taddmquantized FdlBeSRAL QuEntZBLGH is Hot oRlyepéforted reg fficients
coarge wayriketheisensetbata caatse20-quantizinghstep size istusedybutd on

2 plso pedpuyed LA coarse fanner iy e seuee Al yen auatzalan on1y
is performqe only to a constant and limitéd number of

performed in a coarse way, in the sense that a coarse
guantizing step size is used, but i1s also performed in a
coarse manner 1in the sense that even gquantization is
performed only to a constant and limited number of
guantizing levels, so that for representing every guantized
residual signal 1.(n) or every quantizing index in the
encoded audio signal 14 only a fixed number of bits is
required, which allows inherently a constant bit rate with
regard to the residual wvalues 1.(n}. As will De described
below, guantization is performed mainly by guantizing to
uniformly spaced gquantizing levels of fixed number, and
below exemplarily to a number of a merely three quantizing
levels, wherein guantization is performed, for example,
such that an unguantized residual signal wvalue r(n) is
guantized to the next quantizing level, for cbtaining the
gquantizing index i.{n) of the corresponding guantizing
level for the same. Extremely high and extremely low values
of the unquantized residual signal r(n) are thus mapped to
the respective highest or lowest, respectively, guantizing

level or the respective guantizing level index,
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quantizing levels, so that for representing every quantized residual signal
I,(n) or every quantizing index in the 25 efi¢oded audio signal 14 only a
fixed number of bits is required, which allows inherently a constant bit
rate with regard to the residual values i.(n). As will be described below,

%%@tge%%éa??rf%@@i mainly by-guantizing fo Moifermly spaced o nigher
guantlzmg, levels of fixed number, and 30 below exemplarily to ?bnumber
F&Terély tireeSjantiZing W%%§@FWh&%ﬂP&&ﬁﬁ%ti8ﬁF petformed for S¢EP
examplel rsueh thatran thquastizetivesidiadsighakvalge #(rg ds “tubhtized” or
toithenext quantizing lewel,for phtainiag they qpaptizingdndexO(n):eftheatcer
gorresnonding uantizing 35 level for the same. Extremely high and . oo,
extremely low values 6fthe unquantizedsresmsua S|gnaFr(h) are thus -
maBped 8 Dthe reBpeetive Bihestarlowdat yéspectively, quamtizing: fevelered
er theaespective quantizng levelindex, ntéwespettivelys evgrpwheniheyd to
R bepaspestip & Biobet Ayniing lshaLuiuy SANARG Ty cne
the same’step size. In so far, the residual signal r is also “clipped” or
HRfEE TespectiveryPBy e m&ihns BREHGRVRT Sthe atteF 5 hddtie Das the
effectcas wilkhe diseussadsbe) thatrthéresrdpeRSD (B&D sigpwedr PSD even

specyal density). of the, peefillered signal.is no langera white ARise Hutds, ne
approximated to the signal PSD of the prefiltered signal depending on the

& clippiig ®nhe decoder side, this has the 10 effect that the
noise PSD remains below the signal PSD even at bit rates that are lower

than pradetesmingd By ther masking arasholdoln thedollewdngidhe in Fig. 1
gg,‘;tfzéﬂ%ff&%% encpder ':'E‘ﬁf '?Atﬁl% il be.descpbed J{rc]:mo{%lg\g}allihe masking
y, thé masklng reshold determination means mprises a
FHRSRIAY CthfesHofd Betermiiertt a Ferestualfod€128; Tredpectively, "asking
eperating accordingrtethe perceptual model, aprefitescoefficientodel 26,
%ﬂ@ﬂ%@@lUE$WFB§EQPQéHng according to the perceptual model,
a prefilter coefficient calculation module 28 and a
coefficient encoder 30, which are connected in tThe named
order between the input 12 and the prefilter means 18 as
well as the bilt stream generator 24. The prefilter means 18
comprises a coefficlent decoder 32 whose input 1s connected
to the output of the coefficient encoder 30, as well as the
prefilter 34, which is, for example, an adaptive linear
filter, and which is connected with its data input to the
input 12 and with its data output to the means 20, while
its adaption input for adapting the filter coefficients is
connected to an output of the coefficient decoder 3Z. The
prediction means 20 comprises a prediction coefficient
calculation module 36, a coefficient encoder 38, a
coefficient decoder 40, a subtractor 42, a prediction
filter 44, a delay element 46, a further adder 48 and a
deguantizer 50. The prediction coefficient calculation
module 46 and the coefficient encoder 38 are connected in
series in this order between the output of the prefilter 34
and the input of the coefficient decoder 40 or a further

input of the bit stream generator 24, respectively, and
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20 coefficient encoder 30, which are connected in the named order

between the input 12 and the prefilter means 18 as well as the bit stream
generator 24. The prefilter means 18 comprises a coefficient decoder 32

whose input is connected to the output of the coefficient encoder 30, as

well as the 25 pregllter 34 v¥h|ch is, for example, an adaptive linear filter, i
aRd WG e connected With s Hata iMPut t6 the SnBUCTS And Wit its data  -Pe
obifRA i¢ tHeome a2 Awhite itS adldptioninpdtsfor ddapting thevBiltst-adaptive

caetisients isheornected 4o anouipul-oidhe coeflicientdeeedr 8%, dhgeen the

30 Jar%%lctlgn anrslczoo comp ises a preg diction ¢ effltg:ieonrg %akiq:atlo
36. 4 coefficien enco ra§§ a coeﬁ‘?men ecoder
s&ﬁtrra&@ﬂ??‘é‘%?é(ﬁctl@n Filtlepad, &a@%ly@rém@nmé,ta?ﬁm@%ef zgm the
apd«d dequantizec 50 £ The gredictiomcoetficient caledlation 3% modutef46 cient
apd the coeflisient enceder.38 arg conpected.in, series inthis.arder . 4 2 gatq

between the output of the prefilter 34" and the input of the coefficient

dBtoder™40 dra fﬁﬁh‘ép inptit of HE bit'stre &M gEifer&tor 28, réspgecivaly, 1oop
and it cooperatesfor deterntiningamrephesefitationof4ie prediciioder 48 and

ceﬁ@cwi%plog&amg%tn @éorv]ga&rgtgd@\@yg%lrpan@%r@ T@@fé’fff&%@&ent 46 is
decoder E§:cbonnected b tween the ¢ eff|C| nt nco%m{[%a the

predl@tlon W%?(%Els or gx§m6 3rh e ionilt ?’Aﬁ’gﬂle the
fr@ﬁiﬁwe@pﬁéﬂﬂéﬂoﬁmo‘éﬁcuémﬁﬁ@ut cbﬁné@teé@@ﬂ@‘é@ém@@nta dééoddr input
49rthectilter 44igemprises a datainput and a datacoutput, 40 Whieh e of the

me,is connected in.a closed loop. which comprises, apart from the |Iter -

g ﬂl%%adde% 487 na]l%oth %I%Pay% er%he%t 46 ar%cularly, {he dePa%/ E the
eRREHABRT colthe cled bt TR Adder UBRATd thE fifERAL WIBRRECT 42
data autput=afitbe fiter 44is comneated 4d a first input fafitheadder, 4&hile the
Aboye that, &hfs@@t%@um olthecfitey #4s alsg.conpeciedin adn outpue o

|nvert|n input of the 15 subtractor 42. A non- mvertmghlnputo the
&q&gnbizer . A data 1input oI degquantizer 50 is

which

coupled to the guantizing/clipping means 22 as well as to a
step size control input of the deguantizer 50. The
guantizing/clipping means 22 comprises a quantizer
module 52 as well as a step size adaption block 54, wherein
again the guantizing module 52 consists of a uniform
guantizer 56 with uniform and controllable step size and a
limiter 58, which are connected in series in the named
order Dpetween an output of <tThe subtractor 42 and the
further input o¢f the kit stream generator 24, and wherein
the step size adaption block 54 again comprises a step size
adaption module 60 and a delay member 62, which are
connected in series in the named order between the output
of the limiter 58 and a step size control input of the
quantizer 56. Additionally, the ocutput of the limiter 58 is
connected to the data input of the deguantizer 50, wherein
the step size control input of the deguantizer 50 is also
connected to the step size adaption block 60. An output of
the bit stream generator 24 again forms the output 14 of

the encoder 10.
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is connected to the output of the prefilter 34, while the second input of the
adder 48 is connected to an output of thejdequantizer 50. A data input of
the dequantizer 50 is coupled to the quantizing/clipping means 22 as well
as to a 20 step size control input of the dequantizer 50. The

uantizing/clipping means 22 comprises a guantizer module 52 as well a
%§t%%‘tsiz]g§n§da%?i%%];§§< §% ﬁv%celgrgi%eaé)agin fﬁleeql?ann?f%%%rmggjlgqs%' 1 has
dorsistsieba uhiform iquartizer 36 with Unifort andedntrofabliestep-dige will

and a 25 imiter,58, which ate conngeted insefigsdn dhe named 1ordefodule 26
between an output of the subtractor 42 and the further iﬂ;ut of the bit .
etermines 35 38 lmateﬁ], resgaec&lve [ .masklng
stream generator 24, and wherein the step size adaption Block 54 again
domisrisEs E stép size BASHHOH MbRIUIB B0 SN afdetdy hBmberes, whfcHnat -
qméeem,ctedtin@eri@ﬁehmt@pmmed eardeebetweendhe opitput wof¢he  for

imiter.>8.and.a siep size coprolinpukof thes guantizer 56. Addiignally, oy, o«
the output of the limiter 58 Is connected to the data input of the

detfuaffiZer'st whetein thetep Size CoRtroFNPulSr tHe degtantizer Sotocks,
iglaison35reenrigcted to the Stejrsize ddaption wiackB0: Adoutputidfitheamples

bitrstream gegg@ig)r 2%%%9@“%@@ 0%@&%&&@!}# e%cpde{gg. '%sking
After thE detailed structyre of the encoder gf Fig. 1 r(?s been dgscréb6ed,|n ¢

Jet&iF SBOVE: itdHiBdE of Speration Wil B delcribsd balof? The® 8 LOT
pereaptlal mogermodnles2s deternsines b astiviatesrespéctively, the a Bark

rﬁr?slﬂpg éﬂure&}@diﬂ atyeck:wise,mapner flom theaudie signad.  threshold
Therefore, the perceptual mqdel module 26 uses, for, example,.a DET aof
(S oD 56, B Block g OF 556 2aiples 1) wik Sod ~0 1= o=

overldgpingIsetiveR thie bloeRs, Civhithr@BuliBA aldelay of e erfcdder 1ating
10 oft X8 saveples d0-oftthe addia signakidhe astimatiorf of themmasking 1.y the

threshold oyiput by, the perceptual.model module 26 Is; far. examplexcquie 28
e ey PO A5 s, which model the
masking threshold. The prefilter coefficients for every
block are again encoded by the coefficient encoder 30,
which will be discussed in mere detall with reference to
Fig. 4. The coefficient decoder 34 decodes the encoded
prefilter coefficients for retrieving the prefilter
coaefficients of the module 28, wherein the prefilter 34
again obtains these parameters or prefilter coefficilents,
respectively, and uses the same, so that it normalizes the
input signal =x{n) with regard tc its masking threshold or
filters the same with a transmission function,
respectively, which essentially corresponds to the inverse
of the masking threshold. Compared to the input signal, the
resulting prefiltered signal f£(n) is significantly smaller
in amount.

In the prediction coefficient calculation module 36, the
samples f(n) of the prefiltered signal are processad in a
block-wise manner, wherein the blcock-wise division can
correspond exemplarily to the one of the audio signal 12 by

the perceptual model module 26, but dces not have to do
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band or linear frequency scale. The masking threshold output per block

by the perceptual model module 26 is used 15 in the coefficient

calculation module 24 for calculating filter coefficients of a predetermined

filter, namely the filter 34. The coefficients calculated by the module 28

can, for example, be LPC coefficients, which model. the masking

tiresRold. Tive prefiltéicoefficientdfor 8very PEbIdck &reShairseitoeRy:  the
bythé toeffierent ercbdel 36,1 whichwill:be disthissed inmiere«detat wéthi ction
reforence0.fig 4. The coglliglet dggodarid degpdasthe sncodad por 4.

prefilter coefficients for retrieving the prefilter _coefficients of the module

28 hetéihghe phStiltEPS4 25T ot these Pardineters orfrefiftsif orms
coefficientgipiespetively| ad uses thesamersd tivatitveormalizes thesnalysis

iRput signalogn) with regard to-itg maskingsthreshold or fiters thersame g the
with acltrag§mission fygction, resp tivelébwpi h e.ssentiakly co respisonds 4
t5'the f‘n(\:/efsoens(?gfit‘he%r%%igﬁna thr sﬁo .%b‘ﬁ’?ﬁa%r%mo? & mput s af1ceees
thé-gestifing prefilteréd siynaPRAY issighificartiysmallertin &meouapdificient
the. pretlicticrucoedficient caladationsmadulest; thenSbesameples (Mot 8, ana
piﬁ%f sred sighalare processed in a I-E"O%""‘é'?t% MANDSEL NSNS ¢ - cnes
block-wise division cah correspond exemplari td’the one of the audio

sfghal 12%y e pertepfl metel fcdife 26,2)%ut doEs néteavEteldr Ly the
-to=thisi Foreverydsacidet-prefilteredwamples, the reoefficieniscalculation the

medule 36 calculates prediction cogfficients farysage by the.pregdicfion, 1 . 14
filter 44. Therefore, the cgcefﬁu,ent calculation module 36 pergorms, 5for”
exdinpie APELPE Lhitcarredittive CoARYT GHalySistpér biock Bffe’s1s by
préfiteredt Sighal for bbtadrding the ipredictiom teeffiients. The cogffisientfilter
engodes 38 engedesn then thespredictiep cosficientssimilardothe ing of the
cogflicient encoder 30, as,will be giscusger in more detail below, and, 1o 4g
generates the predicted signal £ (n), which is again
subtracted from the prefiltered signal f£(n} by the
subtractor 42. The linear Zfilter 44 1is, for example, a
' of the

length N, wherein the coefficient decoder 40 adijusts the

o b

linear prediction filter of the type Alz) = Eiqag !

values a; in dependenca on the prediction coefficients
calculated by the coefficient calculation module 36, i.s.
the weightings with which the previocus predicted wvalues
%(n) plus the deqguantized residual signal wvalues are
welghted and then summed for obtaining the new or current,

respectively, predicted value f

The prediction remainder r(n) obtained by the subtractor 22
is subject tco uniform guantization, i.e. guantization with
uvniform guantizing step size, in the guantizer 56, wherein
the step size A{n) is time~variable, and is calculated or
determined, respectively, by the step size adaption module
in a backward-adaptive manner, i.e. from the quantized
residual values to the previous residual values r{m<n).
More precisely, the uniform gquantizer 54 ocutputs a

quantized residual value g{n) per residual wvalue r(n) ,
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10 outputs this representation of the prediction coefficients to the bit

stream generator 24 and particularly the-gggefficient decoder 40, wherein

the latter uses the obtained prediction coefficient representation for

applying the prediction coefficients obtained in the LPC analysis by 15 the
cqefficient calculation module 36 to.the linear filter .44, so that the e
oy o e T Py U, Sl b qg e be
&t sdderus YeRsrabeLihe predicte FEigHAIF R} SwhichHs Hgaim 1ndex. The
subtractedsfram the prefiteted signakfn) byrthe 2@ subtractord2.phhel by the
inepy filer 4dgs, for exarmgle. g, 4ngar prediction gL ot e, MPEAR) 2E's 5 o
iar_"of the Tength N, wherein the coefficient decoder 40 adjusts the ,
VS & defendete‘on-the predifctioR'chéfficiénts Cafculatsd Bybthe °8 1S
coefficientrcadculationimotule:36aié. 25 theweightings withisvhickdhess 1 (n)
Rrevious predicted values ;f(n) plusdthe dequantizedresidualsignal; on which
values are weighted and then summed for obtaining the new or current, . 1
LSpestuaiy  predicted ValUE 130 The BRE ctoh remMAGEr rn) BPTAiREd 7=
bynthexsubtractor X2 istsubjectes uhiform quantiZatibali.eubhtizationi ter 58
With %Qmﬂugﬁ%aglﬁtf@@z@tiaﬁ?@ ﬂ;]élaiﬂig@r 5§qWB(j§E_eifietBe§©elF‘and the
size A(n).is time-variable, and is calculated or_determined, respective
bSy“% stgﬁzs?ze %gggt%nérrﬁoccjjpu% Ein bégbacag/va}g}gdagt?vlea anen‘ie(re,ml%ée’f.lt 2r
fIGARRE fldAt2od RESTATE Valied 16 thepreliBlis Psidial vatie¥ fi<m s a1l
Maere:pregiselyy thestiriforsn quantizer b6 outputs arquaitized residdallzys the
V. L&%l?%@ éae\g_gg%ggalbv?al%% £(n), 720 Which can be expressed as q(n) =

i(n) A(n) and can be referred to as provisional quantizing step with index.

The provisional quantizing index i(n) is again clipped by the limiter 58, to
the'amouatBw= [-c;eh delhareirec istee® constant c&(1,201) Rartictdaryzed via
the Jmiter 5843 Jmplemented-such that all proyvisional indexvalugs i(Dkes past

index seguence values i.{n) delayved by the delay member 62

(&)

for constantly adapting the step size A{n), such that the
area limited by the limiter 58, i.e. the area set by the
“ailowed” guantizing indices or the corregponding
quantizing levels, respectively, is placed such to the
statistic probability of occurrence of unguantized residual
values r{n), that the allowed guantizing levels occur as
uniformly as possible in the generated clipped gquantizing
index seguence stream 1.(n). Particularly, the step size
adaption module 60 calculates, for example, the current
step size A{(n) for example by using the two immediately
preceding clipped guantizing indices i.{n-1) and i:(n-Z) as
well as the immediately previously determined step size
value Ai{n-1) to Ain) = BA{n-1} + &(n), with p «[0.0;1.0¢(,
§iny = 8 for lic(n-1) + i.(n-2)1 £ I and 8{(n) = & for {i.(n-
1) + ig{(n-2)| >I, wherein §&;, &, and I are appropriately

adjusted constants, as well as B.

s will be discussed in more detail below with reference to
Fig. 5, the decoder uses the obtained quantizing index

sequence i.(n} and the step size sequence A{(n}), which 1is
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with li(n)J> c are either set to -c or ¢, depending on which is closer.
Merely the clipped or limited, respectively,,index sequence or series i,(n)
is output by the limiter 58 10 to the bit stream generator 24, the
dequantizer 50 and the step size adaption block 54 or the delay element
respectively, because the delay member 62, as well as all other

6

FetSPmemBersinthé Present embodimahts aekya the indsmingvaies  for
byesrinsamplet 16N owhisackivardadaptive! stepesizel cantrohis Tealizete guence
véa (e SiEp size adaption blogk B4, in thatthe same Uses past1iBde% e rrormed
seguence vear!u%%‘g:lgn)1 ela gdﬂ/ the dela%/ me b_e _62 for co estanté%ft , 50
ddapting the Stap size (nﬁ,ysuch tHat the D8'Ared lifited BY tHeS R 5& ST

i &0 thelrei setlby tHeMalwied qifantiZiddg indides Breheleowesponainge, the
qrantizing levels, respectively.ds placed suehtasthe, stadisticiprobability by is
asgyyence ofunduantized regidyel walugs rip) e ineellowed. . & (n) in -
quantizing levels occur as 25 Uni ornﬁy as poss%?e n ;%e generated

chpPEd GuiAtAng LRI seqtiBRcE Streant () “Paftictlarly Sthé steprdized in
adaptien moatute B0 caleulates, fofd@xample, the clrenhstepsize Al fared or

%@ﬁﬂ%%@yé@H@tPéé 83@ﬂ¥§$¥ewp@@f?@@gfgﬁp%%%W§¥u%@tained in

indices i;(n-1) and i2(n-2) as 30 well as the Immediately préviously
detEmined stef siZ8 Vallg Mn-BER AT = ERNA)S°8qS, with EprEert  for
1c8[1 B(agptfor (Hfrel) +siclrs2juent and:B¢a)i=Bddor dglmdy + if{nR)[, the
Howherein 80, 81 and-late appropiately -adjysted constants, a;%\%é@liﬁée y(n)
}%@s gv%lgflco)reﬂ dls%%sse% jn more dc%%llegelovg lwgg refe&e{lcego I’I(?. , th]([a) th

ecoder uses the obtained quar(l':'tlzmg index seqlﬁence‘i,h?) andthéstep” “'¢
S FEquetite /A(h) Ahieh §s PZEHlsd-ealcdlated in a backward-adaptive

manner for reconstructing the dequantized residual value sequence

The guantizing noise introduced in the gquantizing index
seguence dJe(n} 1is no longer white due to the clipping.
Rather, its spectral form copies the one of the prefiltered
signal. For 1llustrating this, reference is briefly made to
Fig. 3, which shows, in graphs a, b and ¢, the PSD of the
prefiltered signal (upper graph) and the PSD of the
quantizing error (respective lower graph} for different
numbers of guantizing levels or stages, respectively,
namely for C = [-15;15] in graph a, for a limiter range of
[-7;7] in graph b, and a clipping range of [-1;1] in graph
c. For clarity reasons, it should further be noted that the
P5D courses of the error PSDs in graphs A-C have each been
plotted with an offset of -10dB. As can be seen, the
prefiltered signal corresponds to a colored noise with a
power of o° = 34. AL a gquantization with a step size A = 1,
the signal lies within [~21;21], i.e. the samples of the
prefiltered signal have an occurrence distribution or form
a histogram, respectively, which lies within this domain.
For graphs & to ¢ in Fig. 3, the quantizing range has been
limited, as menticned, to {-15;15] in &), [-7:7! in b) and
[-1:1] in c). The quantizing error has been measured as the

difference between the unquantized prefiltered signal and
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gO(n) by calculating i,(n) A(n), which is also performed in the encoder 10
of Fig. 1, namely by the dequantizer 50 5 413 the prediction means 20. Like
on the decoder side, the residual value sequence gq0(n) constructed in
that way is subject to an addition with the predicted values f (n) in a
stample ise manner, w erfln the addition is p erfogmed in_the %ncoder 10
viathe agger X8 Wﬁﬁfe e recongtruc?ec?or iLO dequantlzeél1 respectlveﬁl,
ErefiRéretisignalebiined in BRAERAY isho Teryermuxeliihthe @Acodiegnal by
1@;@@@9&#@ Ataleglating the sube@queﬂt@w@cta@ Vanlﬁﬁt(d’t):’,dhe of the
lter geper. e_decod S equenc he

e Jocbior S WA banca e 1L R i on by the piiter™s £he
Meﬁ%elaﬁéﬁﬁizlrﬁglﬁéaéé introdtiegd in the QuakiZiRG .naex %féauéﬁae depends
@:{n) isro langemakite due to:the clppirg.sRather, its spectrakfeim, of the
copies the oney ﬁéhﬁacgref't&%rﬁg&mg%' For sUAng bise {GELencels o,

brlefly made to which shows, in graphs a, b and ¢, the PSD of the’

FeHaroet Sl (35er SPEBATH (B PSfs ol HE CGEantoikerff o108 more
(respeétive loWwertgraphy foridifferemuhunbersof qudlitizingrtevels orthat the

a@g%ﬂ%ﬁect%%@S Ramekyfor %e—ibl&;‘» 18} ggé%éifo%%é%@ﬁm after

ne f [-7;7]in dacll ran f[: 1|ngr

af('lgtcflér)e %onsﬁi"L |fL sg,héga%b?u er en ﬁgt%tﬁg Dlﬂcéﬁrseé oﬂhlcr‘ shows
érl?orqr@Bé irtgraphs AlC havé éacrptfeé?ﬁ plotesadvitii an oifset shee@ddBLion,
As ganbe-seen; the 30 prefilterad Sigﬂaiﬁerremmws(:te@w@@ﬂ e@ﬁearw son

E.tﬂ)a ﬁOfa I’l(§4 ﬂaaggsgglza on ﬁﬁra S%%{f)ﬁSIZ forward—

ignal Iles Wit in[-21;21], 1.e amples of the pre tered si S|gnal ave

6€Ede§ncé’H%‘§r3rlﬁR|bﬂ“or fotha rﬁﬁBéﬁa‘%ﬁl réspeehvely whichdeding to
within this dorssp35:Eorgraphs-atee in kiguld,sthe quantizing rangerhas i zed
been, limited, asmentioned,fa {x15,15}in.2) Jo%ﬂ]ee b),8Re il 1HAE) 51 gnal

The quantlzm% error has been measured as the
of the audilo signal, the guantizing error

a

PSD or the quantizing nolse after decoding (straight line)
and the masking threshold (dotted line;. As can be seen,
the guantizing noise for the comparison ULD encoder
(Fig. Za} is formed 1ike the masking threshold and exceeds
the signal spectrum for portions of the signal. The effect
of the forward-adaptive prediction of the prefiltered
signal combined with subsequent clipping or limiting,
respectively, of the quantizing level number is now clearly
illustrated in Fig. Zb, where 1t can be seen that the
guantizing nolse is always lower than the signal spectrum
and its shape represents a mixture of the signal spectrum
and the masking threshold. In listening tests, 1t has been
found out that the encoding artifacts according to Fig. 2b
are less spurious, it.e. the perceived listening gquality is
better.

The above description of the mode of operation of the
enceder of Fig. 1 concentrated on the postprocessing of the
prefiltered signal £i{nj), for obtaining the clipped

quantizing indices i.(n) to be transmitted to the decoder
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difference between the unquantized prefiltered signal and -22- the
decoded prefiltered signal. As can be seefiza quantizing noise is added
to the prefiltered signal by increasing clipping or with increasing limitation
of the number of quantizing levels, which copies the PSD of the 5

prefiltered signal, wherein the degree qf copying depends on.the
Farifoss 5P SO 104 ety T hE el Chopiig T = constant

Eofsdquerityg afiempestfiltering: e euiantibing rioise sgectruis ohtReesented
i@@ﬂ%@@%@@@eﬁmexﬂ@fﬁaﬂ the apdio inpet sigraldZhisdeeanstream
that the 10 guantizing poise,remains below the signal t r -
otit, THeAHoct L oLk 1 Fig. 2 Which Shons 1 oragh ol 2
thescase of badkipaiaiddapiiVe pretiction’ §.eMgieieiction atcordfgdydhe - 2119
abeve-described eompatisonoiB schieme, andhin graphdefoetencase by a

%fxfg%%rgrgégg@pgil\{ﬁn%@gic&ign&i@gapfplied clipping according to Fig. 1,

espectively three courses in a normalized frequency domain, namely,

from top to bottom, the signal PSD, i.e. the PSD of the audio signal, the

quentiZing lerrarnB SBos the guantizingsroise afteridecdding-(staight finepr of

%%éf;fjﬁ?%ﬂ{ﬁ%@ trfy@shg&de@%t@%&%e)-c%%g% egé%@@,,_ tf;%espec,ﬁiveiy,
uantizing nojse for the comparison encoder_ (Fig. 2a) is formed like

1(:%1% géﬂgﬁﬁ thraénhé ean%oggele%%ef%e s?garlﬁaci%paéé rl%rrﬁ {62?%8?[%%3%0&! and 3%

the signal. Tvecsitact of dite fobward-aoaptive predietionéfithe prefifBferiment

2% signakcembineehwith subseguent elfaping er imitings Jespectively, ©f 38 .

the quantizing level number is now clearly illustrated in Fig. 2b, where it

can be seen that the quantizing noise is always lower than the signal

dpectidim BREWE shAPE reiedehisca Ribkturé of A8 &ignaf SpeGFIM B0 = the
andbtheimasking thiesholds Incbsteninggests, it has beenefoundroutdhatl.e 102,

the encoding, artifacts accofding to Fig. 2, aredgss Spuiops, i8¢thea uniform
%ﬁg%@fggﬁe?gg‘%ﬁ%%'ig?%ﬁim and adijustable quantizing step
size, a limiter 110, a2 dequantizer 112, a third adder 114,
two delay members 116 and 118, a prediction filter 120 with
fixed filter coefficilents or constant filter coefficients,
respectively, as well as a step size adaption module 122,
The filter coefficients to be encoded come in at an input
124, wherein an ocutput 126 is provided for outputting the

encoded representation.

An input of the LSF conversion module 102 directly follows
the input 124. The subtractor 104 with its non-inverting
input and its output is connected between the output of the
LSF conversion module 102 and a first input of the
subtractor 106, wherein a constant 1. 1s applied to the
input of the subtractor 104. The subtracteor 106 1is
connected with its non-inverting input and 1ts output
between the first subtractor 104 and the guantizer 108,
wherein 1ts inverting input i1s coupled to an output of the
prediction filter 120. Together with the delay member 118
and the adder 114, the prediction filter 12C forms a

closed-loop predictor, 1in which the same are connected in
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35 The above description of the mode of operation of the encoder of Fig.

1 concentrated on the postprocessing of the prefiltered signal f(n), for

obtaining the clipped quantizing indices T&(ﬁ)'to be transmitted to the

decoder -23- side. Since they originate from an amount with a constant

and limited number of indices, they can each be represented with the

said aamber of Bisowithintthe epeoded datastrdant fatthd batpie 13y member

E*l%e.f%&fgfﬁié sweamgengsalor 24,8 qg%%@&e@fnp&%eanaiai@@wez '!acl and
ping of the quantizing _indices.to m hit words can be represent

o e Shod Pember of B o The TSl wing dbodislion sk ©F

thBarapsaission- of 1Dithedrefiltdt of predhctoprdsetficients, respecétivenput of

agleulatediby thelcoeffitient ealeulatiom modules28.ard Im tedhgonds again

qneé?oﬂfgs'g% 'ﬁaé’a&cé"%d@ %'%a%g%%d'%” oL the stuctre.offhe ;o

coefficient encoders 30 and 38. 15 As is shown, the coefficient encoders

detordipittheembBdiment GG S£ E6MpRSE YR ESFidonverignt of the

matltle d02; ra fitstecsubtractorik4 ianpetone Subtiastorl 106 t& unifdoth, whose

quantizer 108 with, yniform.and.adiystaple Quantizing. step, size, alimiteh e o«
110, a dequantizer 112, a third adder 114, 20 two delay members 116 and

118 aFrediéidiritsri120its Hixed fiter toBficients o conetatit idF == *12-
Coefficieritsl tespectivelyslas avelresna steplsize adaption aodede 122an input

B fitercoeffisients 1o be gaegdedcomeda.at an input 124, whereimas  form
utput 126 is provided far outptétting the 25.en deg repregentatio A
ST Slie d ;]% i i

AN
inf)3 “of'the LSF Conversion moduie f&?dw&&fs ollows %He?ﬁ‘p"utﬁ 4.Che step

THeZSuBIRREST 1104 WRR S hohdAvering IRPRErRFitsS6utpiei’ cohAgetegntrol
hetweer therfoutpis ot;theﬁ@;k@f Cmgerai@ﬁ_ nmdy!ed:b(aﬁuxand;azfarst iNAW. The
%g&%uSéJbH%Ct%ﬁq%OGda"&l?éﬁ%‘iaz891”553{5 14is applied.to.the inputofthe,..onq
subtractor 104. The subtractor 106 is connected with its non-inverting

iRBRENdis GipuRdcer 114

After the structure of the coefficient encoder has been:
described above, its mode of operation will be described
below, wherein reference 1is made agalin to Fig. 1. The
transmission of both the prefilters and the prediction or
predictor ccefficients, respectively, or their encoding,
respectively, is performed by using a constant Dbit rate
encoding scheme, which is realized by the structure
according to Fig. 4. Then, in the LSF conversion module
102, the filter coefficients, 1.e. the prefilter or
prediction coefficients, respectively, are first converted
toe LSF wvalues 1{n) or transferred to the LSF domain,
respectively. Every spectral line freguency 1l{n) 1is then
processed by the residual elements in Fig. 4 as follows.
This means the following descripticn relates to merely one
gspectral line freguency, wherein the processing of course,
is performed for all spectral 1line fregquencies. For
example, the module 102 generates LS3Y values for every set
of prefilter ccefficients representing a masking threshold,
or a block of prediction coefficients predicting the

prefiltered signal. The subtractor 104 subtracts a constant
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between the first subtractor 104 and the quantizer 108, 35 wherein its
inverting input is coupled to an output of the: prediction filter 120. Together
with the delay member 118 and the adder 114, the prediction filter 120
forms a closed-loop predictor, in which the same are connected in -24-
series in a loop with feedback, such that the delay member 118 is

coRhB&RABRWaSH theloutptit Bf the addar T14 ahG%thETnpit of the + Wherein
prediction filtenr®20; angethé output of atheeeredittion éilterp2@is from 0 to .

C?QBﬁCteﬁaEO axfﬁgémesa&?%ffﬁ% %9%@%%4- It]@rwr,nzaie&?f swg{elgeai%or 106
corresponas again main (0] eoneo e means (0] e encodger ,

e A St Bt e oA 1S S puadtgced by
106<and the dput @f thedipgitdrcI@; whése odtptit isagaihiconassiéddeny the

the aytpiit 126, an input of 20 thesdetay menaber ddé-andran inpuf ofthen fixed
deguanizer 112, The ouipy of the delay member 116 jg connegte (o.an,
inpuef of the sl%ep size adaption module 1227 which Thus form together a '
siép sireaddaption bibek. ARDUtPGEST the Ster? Szt adaption Avodifté 322 108,
isrBennreated toe=step sizei eantepl 1hdrpids obtherguantizer: @8 apdithel zer 108
defluantizerddz, The, oulput of the dequpnizergl 12 s connecladloiheos  che
second Input of the adder 114. After the structure of the coefficient

eRCBAEI e Been 20 TBScribEFEHEVE, it Mode'tt opétitfion wilfbe 35/ £oF
deserilped: belove wHereinarelerericevisadade:agdin 10 fp. Indhess le(n), as

transinission of hothhe prefiltersiand theipredigtion ok predietofing applies:

B e L e S el T L
stroturecdccotding 46 Figr4 sTiers In theliBFiconversioR motloke 102¢p size
thesfiltercoefficientsi.e. the prefiltener peedigtioncoefficients, cooperate for
respectiyely, are first converied Jo LSEvalues ) grdrapsterredig e o ..
L @omaln, 30 respectl\}fely. very spectrahlne reéuency 1(n) is then

adaption Dblock 54 with reference to ig. 1, Thowever,
possibly with a different adaption function or with
different constants B, I, &, & and I. While the
guantizer 108 uses the current step size for quantizing the
current residual wvalue to 1.{n;, the deguantizer 112 uses
the step size A;(n) for deguantizing this index value lg(n)
again and for supplying the resulting reconstructed value
for the LSF residual wvalue, as i1t has been output by the
subtractor 106, to the adder 114, which adds this wvalue to
the corresponding predicted value I4(n), and supplies the
same via the delay member 118 delayed by a sample to the
filter 120 for calculating the predicted LSF wvalue id(n)

for the next LSF value igi{n).

If the two coefficient encoders 30 and 38 are implemented
in the way described in Fig. 4, the coder 10 of Fig. 1
fulfills a constant bit rate condition without using any
loop. Due to the block-wise forward adaption of the LPC
coefflcients and the applied encoding scheme, no explicit

reset of the predictor i1s required.
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processed by the residual elements in Fig. 4 as follows. This means the
following description relates to merely ons, spectral line frequency,

‘wherein the processing of course, is performed for all spectral line

frequencies. For 35 example, the module 102 generates LSF values for
every set of prefilter coefficients representing a masking%threshold, or a

BI6Ek HF preiictiohcdefficierts predicting e préfiteréd Sl Sffg: obtained
sybtractemrt®tsubteacts atongtant -Z5-geferéneedalbie I flomiiee discussed

galsyjpted value 1 (), wherein aspfficient tangedarl. rapgesdorg  to  an
example, from 0 to n. From the resulting difference Id(n),.?f sukgra%grscribed
y

56 Sbtaets a Predittdd valas Rith); whith i'¢alcliiatdd by 5 the
desedelooprpredictol $205 118 @iplsl 14 meluding a6 predictiorefilferded, data
sichaasqa lineax filter, with dixed ceasfficignis-A(z). Whatsesraias, ie. theide to
residual value, is quantized by the_adaptive_step size guantizer. 108 -
vgﬁ“grsein‘t e qau%cﬁqstiz?rig ir%dﬁgés éuj[gaﬁjg th%&&a%ntizté%relog ibgé:régcTi%pe%I che
wembdigitam 09 SeFset’of thé -quantizing indices received by the
same, such as, for example, that for all clipped quantizing indices le(n),

hey ar p limijt 0 following appligs: Y le@) g .
{- ,é,l{e%(ﬁd%%lan i%tl}r%@s%gi%%‘la%%‘gﬁ%f% A(n) of the LS% residu%rlnprlses

qiiantiZdrips, 4he stEpSize HAfaplionmotife 122 %iffhe d8iaY nignis&™: 2"
ki6tcaoperdté fdr examplarinthegvayrdestebed svitharegard tottheastey (n) as

%iéﬂ_@daa%ﬁ%b'%qﬁéwﬂﬁigﬁeﬁenﬁ%é%ig-zlo@O\M%\@rndm%sibhmm@d and
different adaption functio% or with 20 djffereqtecgn?tants P.L 6&8 and |

VGRS T GUARTYET 108 | A leans

ses the ‘“c:h%rlelﬁgstep Sizeor qaua'ﬁﬁ?lng e
ciidfent residealovaite tedeln); thasisgBartizer BE Usesithé Step sikestiilter
Addanfor dequantizing thisinglexyalue fe(ng. :agai-and fop supplying theyvided,
g e eLe D e e e S oo
extract, from the incoming encoded kit streamnm, the
gquantized and clipped prefilter residual signal ic{n), the
encoded information about the prefilter coefficients and
the encoded informatlion about the prediction ccefficients,
as they have been generated from the coeificient encoders
30 and 38 (Fig. 1) and to cutput the same at the respective
cutputs. The dequantizing means 206 1is coupled to the
extractor 214 for obtaining the guantizing indices i.(n)
from the same and for performing deguantization of these

indices o & limited and constant number of guantizing

levels, namely - sticking to the same notation as above -
{-c + A(n); ¢ +« A{ny}, for obtaining a deguantized or
reconstructed prefilter signal dg.(n), vrespectively. The

prediction means 208 is coupled to the extractor 214
cbtaining a predicted signal for the prefiltered signal,
namely %c“ﬂ from the information about the prediction
coefficients. The prediction means 208 1s coupled to the
extractor 214 for determining a predicted signal for the
prefiltered signal, namely % ‘in), from the information
about the prediction coefficients, wherein the prediction

means 208 according to the embodiment c¢f Fig. 5 1is alsc
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the corresponding predicted value Id(n), and supplies the same via the
delay member 118 delayed by a sample_'g% 1e filter 120 for calculating
the predicted LSF value Id(n) 30 for the next LSF value Id(n). If the two
coefficient encoders 30 and 38 are implemented in the way described in
Fig. 4, the coder 10 of Fig. 1 fulfills a constant bit rate condition without

USHIY&RY 85 166h. Bueb-ietoleck-Wise forfareidaptiohtor theapc 210 The
coeffigierits ant the apphed eAtoding schemeiac explicit ¢esetafthet ing the

nredietor is tequired 26y Before.results of, listening fests which havet (1) ang
been obtained by an encoder according to Figs. 1 and 4, will be .

distusSed Bl fHe Stiuttiior & d88det aéeording T6'an &mboafteHcTton
of thetpresent iv@ntion Willbe deserisat:s belpws whichtis suiteldefor212 for

decoding:anp;encadedidata; stream fromy this-anceder-whesgin referenee rj 1 cer
s made.to, Fids. § and 6, Fia & alse shaiis the structure o the coefficlent ,
decodar i I§ig. 1. 10 e decoder generaYIy indicated by 200 In EIg.%L' “rty
CoORsPrisés an inpu 202°f6F feceiding e encbdediduia Stredin, ahheutpuisking
204-fer butputtingsthe-decedeshaudiorstream y{miasy wellkas adecoded  zudio
dggéigggziggrmgans 206 having a limited and constant number of
antizing'levels, a prediction means 15 208, a reconstruction means 210
as well as a postfilter means 212. Additionally, an extractor 214 is
provided t mhidheisicouptedito-thresinput 202:and implemenfed ' iy extract s been

feam the incoming.eacodedbitstream, the quantized and.clippedprefiler; 1 e
residual signal i,(n), the 2%§nco€)ed informatiqn about the prefilter '
COLHIEHS Gt tHE BB Morraibn AbbuP fevprebicioN CETidmE> 206

asnpY hawe bees gehertted frons Hislcoeflicienttenecbdersd8dandr8g8ber 216
(Eiga Lrang-to-outputdhe same at-the. respestiver putpyts,Ihe - = uniform

fﬁ?gﬁggﬁﬁgg%ﬁg@% §Ez?n‘fh%°“ led fo,the 22 ,exggior 244 for gbtaining ., .,
output of the extractor 214 with 1ts data input, for
obtaining the gquantizing indices i.{n). Further, the step
size adaption module 218 is connected to this output of the
extractor 214 wvia the delay member 216, whose output is
again connected to a step size control input of the
deguantizer 220. The output of the deguantizer 220 is
connected to a first input of the adder 222, which forms
the reconstruction means 210, The prediction means 208
comprises a coefficient deccder 224, a predicticn
filter 226 as well as delay member 228. Coefficient
decoder 224, adder 222, prediction filter 226 and delay
member Z2Z8 correspond to elements 40, 44, 46 and 48 of the
encoder 10 with regard to their mode of operation and their
connectivity. In particular, the output of the prediction
filter 226 is connected to the further input of the adder
222, whose output is again fed back to the data input of
the prediction filter 226 via the delay member 228, as well
as coupled to the postfilter means 212. The coefficient
decoder 224 1is connected between a further output of the
extractor 214 and the adaption input of the prediction

filter 226. The postfilter means comprises a coefficient
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from the same and for performing dequantization of these indices to a

limited and constant number of quantizing glevels, namely - sticking to the
same notation as above - {-c A(n); c A(n)}, for obtaining a dequantized or
30 reconstructed prefilter signal gc(n), respectively. The prediction means

208 is coupled to the extractor 214 for obtainin redicted signal for the
DFHHERFEd Sighal Hanfely fOT from (e i At AL e p??%r]%i?ctié%pm ot

tbefficiemgz‘lz‘ﬁ.ﬁe:ppedi_@tiiﬁw means208s ebapledd theB5 extfatisr 204 the
%Q{od%‘e@'?'”ga%@reglgt%@@ri;ﬂnaéw;m@ peefiltered:signak namelyf (nNp32 is
rom the information about the prediction cqefficient in th

-BPe'H?&%%ec?ngé’nstgﬁB g%&&ﬁ?ﬂgﬁé%the i (io%ir?lrelntg 0 iL%iié 3%%1{57?f ' che
pomnected 2o af DUt oarqn@@é?é@%tr‘a@ti@ﬁlmé%@%o?%héhe coefficient

reconsiuctionomeans 21845 prevjdetifor recenstilctiag ties prefilterect  input
%::g%a%ﬂ based on the predicted signal f (n) and, the,dequantizedresidug  chne

als qc(}s. This reconstruction 5 is then used by the subsequent
posiRermeans 212 for filtering the prefiltered signal based on the

prefilter coefficient information received from the extractor 214, such that

the normalization with regard o themasking: fareshold is-eanceledifoe xt ract s
obtaining the decoded audio 10 signal y(n). After the %asic strugture of .
fHede Sotiet of Fig:5 hakbeen® dejgér(iBgd dbove e Structure of thet- == +28¢

decatler 200 wikt beddistussedria nofe detailRarticdafy thedequanitizit 2t
g@é%e15§?§g%§;§%§?)% %%%E:Zegg@ptieﬂ ﬁ%@f Q;@q@ym&m@gr 2160andthese
He degaant: eFr) 2501 ES nne%FeesioV%%lq%sﬁ%ﬁ? !Sg Fﬁ; ggfgr‘;;%tgggelr42\/%v%ﬁnt Lzed
iredaduinput, for lotaining the lquantiZisg Feidesio(n). Burther, #RE8RDHEL 2109
2Q sizeradaptionmedule 218 islconnectethtarthisntput bé thed extractore  the
ijfé%\rg?; :'é Qg (59 erlg%/ fﬁr%%rtcr:%b ?trh%é%e?nwh%saev%m%%f% Againconpected o8 on the
encoder side. The step size adaption is performed in a
backward-adaptive manner, in the same way as in the step
size adaption block 54 of the encoder of Fig. 1. Without
transmission errors, the dequantizer 220 generates the same
values as the dequantizer 50 of the encoder of Fig. 1.
Therefore, the elements 222, 226, 228 and 224 nased cn the
encoded predicticn coefficients obtain the same result as
it ig obtained in the encoder 10 of Fig. 1 at the output of
the adder 48, i.e. a deguantized or reccnstructed prefilter
signal, vrespectively. The latter 1is filtered in the
postfilter 232, with a transmission functicon corresponding
to the masking threshold, wherein the postfilter 232 is
adijusted adaptively by the coefficient decoder 230, which
appropriately adjust the postfiliter 230 or its filter
coefficients, respectively, based on the prefilter

coefficient information.

Assuming that the enceder 10 is provided with coefficient
encoders 30 and 38, which are implemented as described in
Fig. 4, the coefficient decoders 224 and 230 of the encoder
200 but also the coefficient decoder 40 of the encoder 10
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dequantizer 220. The output of the dequantizer 220 is connected to a first

input of the adder 222, which forms 25 the, reconstruction means 210. The
prediction means 208 comprises a coefficiént decoder 224, a prediction

filter 226 as well as delay member 228. Coefficient decoder 224, adder

222, prediction filter 226 and delay member 228 correspond to elements

£, 944, Ao 8ARd 485 tha B0 shAcster IO withirégald to Mfeir pidtle 8 seem, 2
Qperation and theis cconpectivityp i particulas, the ouppuioithe predictiors 04, a
fil 26.s ¢co the f r input er 2 h u ;

S e el DD e M of ke proqicton tfer 25via the daly? ="

ReRtber 228788 Wil 357a$ Bouiea to tife-pasthifféiingans 218, The  uniform
chefficienti decod€rt224i istconnéctednbetween aifugtheroptpatdttheon filter

exractqr, 214 apd the adaptigninpyt,of the pregiction. filter 226.Thgoqule 316

postﬁlter means comprises a coefficient -28- decoder 230 and a hPostfijter

55 Whleifa dafa inpt'of thepostfiiter 355 &' corectedFo Fh dutputst ~°F
the sadderi222 ahd @sdata.dutput ofthe postfiltars282 iscEdnrectedle thend an
%9551%043;\9?"%9 aga@wi@pé%ogggfSlp%cs&mt@f;é@ﬂ%@c}@e&;q@tqon or
an o of the co clent gecoder or ada tlngt ostfilter

T e e (o AP ar U o e Sodtor ooy, delay
TO:R5 has airéady beenreptitRed /e exiractdr ATPextracts the step size

quantizingrindices:iogn) representing-the quantized Jurefiltes residuak sigra  the
%%&Q%@E%%%e%ﬁ%tafge%@s% tQSéﬁ%‘é%%O@ Jﬂbth%g“f??gaut 318, and a
equantizer 220, these quantizing indices are dequantized to the
Giitized 5% esifitaralads qO@Y Whherehtly, thie dedtdnising 2femain® s
within ¢he alowerbquaamtizing levels; sincé thet geantizingpindieeés &(n) adaption
havg alieaglyheenclippedian the speqdarside. The stepsizeadaption iss che
g%g%&@ﬁgs'” 8, Backyard-adaptiyg manner, in the same way,as inthe ¢ 112,
116 and 122 in Fig. 4. A closed-loop predictor of delay
member 304, prediction filter 310 and adder 31Z, which are
connected in a common loop by connecting the delay member
304 hetween an output of the adder 312 and an input of the
prediction filter 310, and by connecting a first input of
the adder 312 to the output of the deguantizer 308, and by
connecting a second input of the adder 312 to an output of
the prediction filter 310, is connected to an output of the
dequantizer 308. Elements 304, 310 and 312 correspond to
the elements 120, 118 and 114 of Fig. 4 in their mode of
operation and connectivity. Additionally, the output of the
adder 312 is connected to a first input of the adder 314,
at the second input of which the constant value 1. 1is
applied, wherein, according to the present embodiment, the
constant 1. is an agreed amcunt, which is present to both
encogder and the decoder and <thus does not have to be
transmitted as part of the side information, although the
latter would also be possible. The LSF recconversion module
316 is connected between an output of the adder 314 and the
output 320.
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20 size adaption block 54 of the encoder of Fig. 1. Without transmission
errors, the dequantizer 220 generates the;same values as the
dequantizer 50 of the encoder of Fig. 1. Therefore, the elements 222,
226, 228 alnd 224 based on the encoded prediction coefficients obtain the
same result as 25 it is obtained in the encoder 10, of Fig. 1.at the putput of
fiecaddeértas 5% Hdeduartizéddr recBidiriicted Jp‘?éﬂl?er %%%%Tlngp 2t the
respeetively. Thedatterds ditteredein they postfilter2B 2 withze tarsiiissioh® rein
%@8“%%%%&%@999@9§@@h%EE§“E&Qﬁ%%ﬁw%éwaﬂgaw@@ﬂx§ﬁme@p size
32 is 30 adjusted adaptively by the coeffici nttdeco_derigso., which _
Apropratdly ‘&H}ust"fﬁ‘éﬁgstffﬁgﬁ ot its |?eregg&ﬂgient§r}e35ectkf\?e k,wam
basedkdry thevprefiter toefficientdtfoEmaticrs 389sthfing Tt He 368" £rom
%Qfggagf g%ﬁ@dé[i@ﬁé\@gh @gﬁ%f@&@@cq%d&ﬁs_é@@ndr%nwmamse that
implemented as_descr in . e coefficient er d
OFife BRESASH 268 B tgﬂgo ?he%lci)n fel’cﬁe(r%a'[ydelggger%%g% thle%%ﬁ](g;fce?cilner3?16%Q rhe
29dare Siictaddsasdfowrr RrFigt8oAS 8RBk sken i codfitigitttzed LSF
Q@Qﬁ@ﬁé@m@%@%wo delayrinembers1302; 804ha stepusizezddaptionf delay
medule 309 farming.a glep siza adaption  blogk togetherwih thedelayzat che
member 302, a uniform 5 dequantizer 308 with uniform step sizg, a ..
rédietion filtdr 3105 twé AdEES315 480G 312 S40 LSEedsmveisibn #7 thus
megile 346: as vell as ansinput318:for EEiving the guantizedL SFre merely

gS?iQH%‘é%i“%ﬁ@r(”)aWiHbﬁ%Q%ﬁ'ﬂt offset =L, apd an, eutput 32a4er offset 1.,

utputting the reconstructed prediction or_10 prefilter coefficients, ,
r@%ecﬁi\?éﬁfz.efhe?&by,ctﬁjéroee%f ‘efrber 362 i§%§%ﬁe§é§ betwedn an? T

inpUt.of thie step sizee adaiition adoiute 306 afd theifp R BABT ar ipuPef-Puts -
;%%Lﬁi% ﬁ@tﬁﬁo@%?p@lﬁo @i_@n B%%teg_d@é&e gpuf 3t8cand acstepsize ed LSF
S e S B kg el coor
offige LSF domain back to reconstructed preciction or
prefilter coefficlents, respectively. Therefore, the L&Y
reconversion module 316 considers all spectral line
frequencies, whereas the discussion of the other elements
of Fig. 6 was limited to the description of one spectral
line frequency. However, the elements 30Z-314 perform the
sbove-described measures also at the other spectral line

freguencies.

After providing both encoder and decoder embodiments above,
listening test results will be presented below based on
Fig. 7, as they have been obtained via an encoding scheme
according to Figs. 1, 4, 5 and &. In the performed tests,
hoth an encoder according to Figs. 1, 4 and © and an
encoder according to the comparison ULD enceding scheme
discussed at the beginning of the description of the Figs.
have been tested, in a listening test according to the
MUSHRA standard, where the moderators have been omitted.
The MUSHRA test has been performed con a laptop computer
with external digital-to-analog converter and STAX

amplifier/headphones 1in a guiet office environment. The
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elements 302, 306 and 308 corresponds to the one of 112, 116 and 122
in Fig. 4. A closed-loop predictor of delay. member 304, prediction filter
310 and adder 312, which are 20 connected in a common loop by
connecting the delay member 304 between an output of the adder 312

and an input of the prediction.filter 310, and by connecting a first input of

b Atitler 312509H olET of hE dedAIzEP 3087404 by “conhectiga ™ *
sevoneipputtof thesddier 312 td3an output Bl 25 thelprédiction fiter3apan  the
i§1;§:2@eeﬁ§tﬁ9 tOC@@@ytpglh@fyth@laﬁ-ﬁzqt@?-lrfg@r}:gﬂﬁ?ﬁl?m@?tstwﬁ,l&&@ﬂd to a

orrespond.to_the elements and 114 of Fig. 4.in their m

SF Sher S ar Bonrectary ALGEER e DLt 1 S B & o0
corheetelitvechirsfinphe of i adeef 81430 atthe Setdnd idput ¥t whict™P1e
the constant valtiedl, isHappliednwherein,(dccorling tothe/present es02 (male

gsgg@%%e,m' the constant 1,.is an agreed amount, which is presentip = sco1

J_h encoder and the decoder and thus does not have to be transmitted e
A A BEihe sideisrmatioh CafTduLh the 35 fatter wotiPalsdpetc) »  s10%
passitile. [the, LSE téGonversion amadude 31648 66nnegtéd betwesipan , smll

oyiputafthe adden314 andthenquiput 320.3@3The LSk esidual signal |

indicés le(n) incoming at the input 318 are dequantized by the

dequantizer 308, wherein the dequantizer 308 uses the

Hackwalrdadaptive steprsiZé v atueso A owhieh $iae) beerradetermireckigapt L ve

3@@%@@&@&@%\@ mannesy-the step size adaptionmodule 806 fram  the
re equantized quantizing indices, namely,th i e

e erpg?/ge%%aﬁ a as%%noprfé by ﬁ]%@(%%’§§ m.gr%]B%r 3%2¥ %%é%}daér %%%%ﬁ%%?he%lomb

FEGRERESIG (GTHe 88 Uarized L BT redidual Fal (e SHRER calétlafedte ©f

the conbination of delay:40member 34 and predietiemfilter?10:fiem encoder

sums.that fhe adder 312 has already calculated previously andthuS o req: ctor
represent the reconstructed LSF values, which are merely provided with a

COhStanfoffsBt By thePbonstant dffsdtde wsed, wherein the number of

different guantizing levels has been limited to 3, namely
such that Vn @ i.(n) e {~1,0,1}. This resulted, together
with the encoded side information, in a constant kit rate

of 64 kBit/s, which means the same bit rate.

The results of the MUSHRA Ilistening tests are shown in
Fig. 7, wherein both the average values and 95 % confidence
intervals are shown, for the twelve test pleces
individually and for the overall result across all pieces.
As long as the confidence intervals overlap, there 1s no
statistically significant difference between the encoding
methods.

The piece es0l {Suzanne Vega) is a good example for the
superiority of the encoding scheme according to Figs. 1, 4,
5 and 6 at lower bit rates. The higher portions of the
decoded signal spectrum show less audible artifacts
compared to the comparison ULD encoding scheme. This
results in a significantly higher rating of the scheme
according to Figs. 1, 4, 5 and 6.
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The latter is corrected by the adder 314 by adding the 15 value 1, to the

LSF values, which the adder 312 out'puts“:ﬁhﬁus, at the output of the adder

314, the reconstructed LSF values result, which are converted by the

module 316 from the LSF domain back to reconstructed prediction or

prefilter coefficients, respectively. Therefore, the LSF 20 reconversion

module 316 considers all spectral line frequencies, whereas the
dizeussicmafithe oiherielenents of ifg.Glwas lignited toGhe desorgtionlof have

ane.spectial Jing frequency s Howeyer, fhe-elements 302:314, performn the-oding

above-described measures also at the other spectral line 25 fre(qjuencies.

AAEHSHEviding botte endtitfer Sid thbtdder embodifBRG TSR, fistenigceding
testreseltsyrill begiresented belonsbased oni Riy. 2ras theytavebeens full

obtained via an encpding.scherpe 30-according to Figs. Lddnd 6olferating |
thggerf Emed tests,F both anlenc%der a%gorélling tovFi%s. 1,4 andi6 andan . .

ehcode é&%rdﬁg tothé ‘comparisonaUnL enc &iﬁglsc%gmg discassed <27+
alttive bEGIANIngloftherdeseriptich oftheFigs.have Besftestad lin a quality,
listenieg testacgqrding 40 the 36-MUSHRA:standae avherenthehe graph of

rpoderatprs have been omified. The U?'HQA tSﬁtc%%ﬁRge” peropmed £o1 g
igita

on & [aptop cComputer with éxtemnal -to-analog convérter and STAX

afpitietheddphondsiita quiet office®@fvirénniint 3He 312 gréapbf £ +cant Ly
aghtttest Iisiamgwasmadeﬁp@f _@qﬁ@h&ﬁﬁb@@n-é%@ﬂdhstm@i&g scheme.
Befare the partigipants heganfie listening test they;had iue-opportubity ng  of

to listen to a _test set._ The tests have been performed with twelve mono 5

AP RIed B e MIPEG t¥st $BRereiitalf hdGa Simiple” frRquen&y sr

32 kHz, namely esOlI (Suzanne Vega), es02 (male speech), German),

esQ3 Lfemale speech,EnglishhiseQk (Humpet)sel2(asehestea) 860%n audio
(Gt S0l dezpal) 2 it i (UG BBl ANOLG, o
wise forward-adaptive prediction together with
clipping/limiting instead of a backward-adaptive sample-
wise prediction. The noise shaping differs from the
comparison ULD encoding scheme. The listening test has
shown that the above-~described embodiments are superior to
the backward-adaptive method according to the comparison
ULD encoding scheme in +the case of lower bit rates.
Subseguently, the same are a candidate for closing the bit
rate gap between high guality voice encoders and audic
encoders with low delay. Overall, the above-described
embodiments provided & possibility £for audio encoding
schemes having a very low delay of 6 - 8 ms for reduced bit
rates, which hag the following advantages compared to the
comparison ULD encoder. The same 1s more robust against
high quantizing errors, has additional noise shaping
abilities, has a better ability for obtaining a constant
bit rate, and shows a better error recovery behavicr. The
problem of audible guantizing noise at positions without
signal, as is the case in the comparison ULD encoding
scheme, is addressed by the embodiment by a modified way of

increasing  the quantizing noise above the masking
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For the comparison ULD encoding scheme, a backward-adaptive
prediction with a length of 64 has been used in the implementation,
together with a backward-adaptive Golomb 15 encoder for entropy
encoding, with a constant bit rate of 64 kBit/s. In contrast, for
|mplement|n the encoder accordln% to Flgs 1,4 and 6

tive pragictor WWith 3 B8 he 686 usSHERRERn e the
nwrmerrrg‘ drﬁnqu:ubmlzmgsm\mﬁs hag beanlifiitedty 3, hameip 20ng  the

SHeh that Vi Hie). (4.0:D). Thissesulted, toggther withitherencodad | there

side informa %J(;% in a constant bit rate. of 64 kBlt/s whjch meang the same 1
Oitrats THE rehlts Sk MUSIRA s Eshifg 16308 e SRS i BaeigS +9na

7, wherein both the average values and 95 % confidence intervals are

shewns felthe twelve festipieces Hpdividuaty andrienthe overaiéesultrom the
across aII plecea ]g\s lon ng as the co fldence inte val% oy;rI%hthere iS n%ﬂ fhe

statistic Ijry Significant fdifference betw%rgﬁ trjfélencodlng 0 methods, T

pieEEé40BSBtzannd-Vega) 714 Yobdexample i the suﬁ@r%‘t&?éfiﬁ%dapt‘ ve
ghcedihgtschemesaceseding thEigs. Inek s anth6at idvweer bitaatesc Thets for

higher poriigns of the 35.decoded,signal § E%C”ld@asi‘@é!‘a'e%aug'b'gample ~by-

artifacts compared to the comparison ULD encoding scheme. T

r8&TIRYR a SiyRiffcanty Mgh&rraling bf the s&?e?ﬁéiea?cco?&lﬁﬁ% Flé@li‘es A
Ay BaarndieB2hFhérsigral ransiehiscof the piese sm02s(Gleekenspiatrein the

havera bighbit, rate requirementforthe, comparison YLD encaditgation from
sc eme. Inthe used 64kBit/s, th{]rcforrk?arlson ULD en%odln%S cheg1 q
gen%ra?es é:&?r}/ou%ne%%o fﬁsg aarl ctSAcroSS Tl Bidcks 6 samples. In®® side

confrastréie encodler dperatingcaccording BeFigS i, 4 hnd 6@?@@6@@&& the
significantlynimpsevad listening: qualitycoreseeptualiguality - sespestively. white
The.querall @tln% nee eﬁ QIQ_L%?@P@QI 105Fﬂ%’nd9n t%%rcﬁght"‘%f th uniformly

encoglng scheme?orm
increases the masking threshold. If the backward-adaptive

prediction is replaced with a forward-adaptive block-wise
prediction in the comparison ULD encoding scheme, which
means that the coefficlents for the prediction filter A(z)
are calculated conce for 128 samples from the unquantized
prefiltered samples, and transmitted as side information,
and 1f the guantizing step size 1s adapted for the 128
samples by using information from the entropy encoder and
transmitted as side information to the decoder side, the
guantizing step size is still increased, as it 1s the case
in the comparison ULD encoding scheme, but the predictor
update 1s unaffected by any guantization. The above
embodiments used only a forward adapted block-wise
prediction, wherein additionally the gquantizer had merely a
given number ZN+1 of guantizing stages having a fixed step
size. For the prefiltered signals x{(n) with amplitudes
outside the guantizer range [-NA;NA] the guantized signal
was limited to [-NA;WA]. This results 1in a quantizing
noise having a PSD, which is no longer white, but copies
the PSD of the input signal, i.e. the prefiltered audioc
signal.
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according to Figs. 1, 4 and 6 obtained a significantly better rating than the
comparison ULD encoding scheme. Overtall, this encoding scheme got an
overall rating of "good audio quality" undér the given test conditions. 15 In
summary, from the above-described embodiments, an audio encoding

scheme with low delay results, which uses a block- wise forward-adaptive
prediction together with clipping/limiting instead of a backward-adaptive
sample2thwisesaredictiamcl Neshdise shapihg differsfronvthed comparisorbove

Q%Bo%%gﬁlgss.(:h%‘i‘sﬁhe |i§t§ni%gj@§i§asb%‘10\%%g@ th%hat different

above-described embodiments are superior to the backward-adaptive
FietfodPacdoTdifg t6 the® Comparisort U &ficdtiing Scteie i fhie Gagar® the
afdpwes bit ratesod5 Subseguentlyydlzesame ark aecandidate fesclosimgy are

the:hit rate gap between high-auality yoige.encoders andaudia epeeders  cre
with low delag. Overall, the ago\ée-descr bed embod|m§nts prowdeg%t "y
66&%1%/ fo udig%%coaﬁ%‘é hemhes %vinara vé)rfﬁ \f{‘/cotejfgflof £ - R

mefoerddiced bit 30htds \Wiieh frasahe followity advaitagés eomipared vy to
torthe cemparisondiLD encoderrkhe same is posg rehustagainst high  22¢.
uantizing errors, has additional ngise shaping abilities, has a better .
akﬁﬁ%/lf(%}gcl)ﬁtlé%ﬁrﬁg % Eqn%fgﬁﬁéit%a@te,%%%es ov%é%Ebejft%r éﬁ'orr}%govre? ulr‘ed
Bélfevidih Fhe 85 problefisf alnfiBRegiantzing Moisetat positiohs wWithogRcoder
signal; as isdhe €ase inthe coaparisan tHfhendedings sehemesgard to the

gddressed by the.embgdiment by a mogified way.qf ingreasingthe 14 of e

quantizing noise above the masking -33- threshold, namely by addingétheﬂ .
SGRASectiiif tothe ‘askihg hteShdRFinstéad Tt unifbirty ncredsing™  t1e
thecmadsking Rareskald tola certaimdegreel i, thativedy, there ismemple in a

audiblequantizing noisg.at positigns.witheut signalqs.In offer werds: ey to
%%g@a%wbgigmgg%gwgéfogktf%es i1.(n}) as well as the prefilter
residual signal quantizing indices 1i.{n) originate also
only from an amount of three values, namely -1, 0, 1, and
that the bit stream generator 24 maps these indices just as
clearly to corresponding n bit words. According to an
embodiment according to Figs. 1, 4 or 5, 6, respectively,
the prefilter quantizing indices, the prediction
coefficient guantizing indices and/ocr the prefilter
guantizing indices each originating from the amount -1, 0,
1, are mapped in groups of fives to a 8-bit word, which
corresponds to a mapplng of 3° possibilities to 2% bit
words. Since the mapping i1s not suriective, several 8-bit
words remain unused and can be used in other ways, such as

for synchronization or the same.

Cn this occasion, the following should be noted. Above, it
has been described with reference to Fig. 6 that the
structure of the c¢oefficient decoders 32 and 230 1is
identical. In this case, the prefilter 34 and the
postfilter 232 are implemented such that when applying the
same filter coefficients they have a transmission function

inverse to each other. However, 1t 1s of c¢ourse also
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comparison ULD encoding scheme in the following way. In the
comparison ULD encoding scheme, baclg\ggr_d-adaptive prediction is
used, which means that the coefficients for 10 the prediction filter A(z) are
updated on a sample-by- sample basis from previously decoded signal
values. A quantizer having a variable step size is used, wherein the ste

S5 FHEPER all 128 saniples B RSRG MformBafion Foft the Brtropyencoder 32
grncoflersrand thersamedsi trahsmitted as sideshSsinformation to thée filter

decoder side, By this.procegire, Wequgﬁg%i@%?@ap sizeds ipcreasedsmi ssion
which adds more white noise to the prefiltered signal and thus unif rmIP{l L

TGRS ThE ARG ARFHSRE TP backwa abABEVE Prodictios 10°2> 1m0
reblacetwith a forvard-adaptiveebloskewisel 20 prediction in the transmission

comparison Whb.encoding.scheme; which Jneans that the,goeffigients fos .
the prediction filter A(z) are calculated once for 128 samples from the
unquantized prefiltered samples, and transmitted as side information,

el ifthe qudmizing S1&rsizess Adapted-for the 12895 samplesasy usligt the
infosmation frerethecaniropy encoden anddransmitted as sidednfotmatiewvever,

to the decader side, the_ guantizing step size g still ineregsed.ag itds e.s ot

case in the comparison ULD encoding scheme, but the predictor update =
I8 BRSfE el B Ay qiEtizaiBA  Thé Sboe 38 BRbLimeHEs dsed Gy &2+
forwrard adapted hieckawise predictian; whersin additibnatly the.guantizert the

had merely.a given pumber,2N+ of guantizing stages,having afixed steR rect s
size. For the prefiltered sqgna}%%%n) Wlthwampl!t%desj[ outsﬁ%th% quanEZ(-grd
rahge FRANG] tieGiartized Sighal 357Was fithited 18 [-NANNAL This™ 1o+ =an
resglisine quantizing Aicise Paving e PSD, Whichis hedonger wlitel But which
qopies, the, PSD: ofthe dnputisignal; keithe prefiliered audior signat.n34ontrast
s a conclusion, the following is to be noted on the abgve ,embodiments.
3 : 3 T d.
e AP0 B2 Hoidd it ifefent < oe SRS EUREE ARG CEI R
Further, it should be noted that the backward-adaptive
adaption of the step size 1in gquantizing the prefilter
residual signal values does not necessarily have to be
present. Rather, in certain application cases, a fixed step

size can be sufficient.

Further, it should be noted that the present invention 1s
not limited to the field of audio encoding. Rather, the
signal to be encoded can alsc be a signal wused for
stimulating a fingertip in a cyber-space glove, wherein the
perceptual model 26 in this case considers certain tactile
characteristics, which the human sense oI fouch can 1o
longer perceive. Another example for an information signal
to be encoded would be, for example, a video signal.
Particularly the information signal to be encoded could be
a brightness information of a pixel or 1image point,
respectively, wherein the perceptual model 26 could also
consider different temporal, local and frequency
psychovisual covering effects, 1.e. a visual masking
thresheld.
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possibilities exist for transmitting information about the 5 representation of

the masking threshold, as they are obtaingd by the perceptual model

module 26 within the encoder to the prefilter 34 or prediction filter 44,
respectively, and to the decoder, and there particularly to the postfilter

232 and the prediction filter 226. 10 Particularly, it should be noted that it

is not required that the coefficient decoders 32 and 40 within the encoder
récksive exacthlthe same pformadiorPwithieard té the maskingizer 56 and

thresheldy as it is eutpub atthe-qutputdl 4-0fthe sencoder and asitdspectively,
regeiyed at ihe oulput 202 of the 19 degodey, Ratfir, itfs poseible fat, . .,
forexamplein a struckfure ofthe coeffimen?encodter’BO ac?:or&hg ?o eFig. Ppeng
K thetdhtailed iditds REn) e WelF as the prefilter Fasiluardigaapred values
quantizing indicesd, (preriginatecalso, oglyfromy as amepitof three the other
vadles, namelia B 1AM S0 NRY the, O SHEeAD.ORNeTAgr 24 MARS. o« s vely,
these indices just as clearly to corresponding n bit words. According to an
eBodimBhPacésiding o Figs 1°4 of 556 resPettenf “thbPrefifers divider
gliantizingdndices, dhepredictiare rcoeffitient quartizing indicescandfonthe step

pegfilier 2prquantizing idices;each,griginating. fromthe.amount ;1. Qalye An)
arg map e&l |§§roup§ of fives to a 8-bit word, which corresponds to godule ae
RRBIRG BF 38 PoRsibilfies 6 2eEbit WhtS SRee themAFHRG 15 Rot

suijudtive; sevbral 8-bihsvords temaih wiusedlardocarebe wseddnt ofigmed the

waysi guelias 130 fog synehrenization, onthe.same, 2 this gaeasion Ahen step
folgovgngc%h%uéd %% noter%VA%oevg, it Shas peeq deszgribgg iWith r%‘greﬁ ce towhich
F?g.z6 that the structure of the coefficient decoders 32°and 230 1S %% ! )
ideHiedl IhiHis CaSEL 356 PrefiRér 34 ad theBodttedr 232gger, whereupon
implementecksuichnthat whencapplyingudhe samenfilter egefficiemts theyeger as

halg@@ﬁg@%ﬁggg@eéwﬁiogﬂmﬁ@sé%sa%*kotbﬁé HOWRNEL St B@fine . 1n
Qgggﬁgéggéc{ive deguantizer, a uniform dequantization would

simply be performed with A(n} as multiplicator.

Further, it should be noted that the above embodiments were
restricted to applications having a constant bit rate.
Howewver, the present invention 1s not limited thereto and
thus guantization by clipping of, for example, the
prefiltered signal used in these empodiments 1is only one
possible alternative. Instead of clipping, a guantizing
function with nonlinear characteristic curve could be used.
Fer illustrating this, reference is made to Figs. 8a to Bc.
Fig. 8a shows the above-used guantizing function resulting
in clipping on three guantizing stages, 1.e. a step
function with three stages 402a, b, ¢, which maps
unguantized values (x axis) to guantizing indices (y axis),
wherein the quantizing stage height or guantizing step size
A{ny is also marked. As can be seen, unguantized values
higher than A(n}/2 are clipped to the respective next stage
402a or <, respectively. Fig. 8b shows generally a
guantizing function resulting in  clipping to  2n+l

quantizing stages. The quantizing step size A(n) is again
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possible that, for example, the coefficient encoder 32 performs an

additional conversion of the filter coefficients, so that the prefilter has a
transmission function mainly corresponding to the inverse of the masking

5 threshold, whereas the postfilter has a transmission function mainly
corresponding to the masking threshold. In the above embodiments, it has
beermassunTdt:that then friaskivi thfeshold: isrcalculdted it #ie moBale 261¢ 8D

li@@é%\éﬂfer;l@litéh@ﬁl@ibﬁg@e%ﬁh@td{aﬁcﬁa@,ulatﬁﬁlém@sh@l@ledoa@ra@itization
ave to exactly correspand to the psychoacoustic threshols ca
?88%’%%%?a rﬁ%}:eesp%ggiselxacft&eggt?maﬁgﬁ? of t %l?sar%és,_ Wh%:%t?r%ghtgr%% NALR)
conkiier &l pspchéacoustid fEctd bl fferely s6me BEfHem® Partigalfly,Stade
the thypshold-can1% tepresentupsychpacousticatly niativatecbthreshaldeds in
hi S n deliberatel ject dification.in contrast to;an

Sttt S e Ayt hsasoiaic haskeg thieshold Fufiher fshowd Bac”S
et it dFe babkiard-adative Deratation of hastsp siddfn  guantizing
gfrantizingrthe p@@ﬁt@aisresid_ualsﬁig_ma:l valuesadoesmat erecesaliy haveltgla (n)
be. present, Rather, incertainapplication cases,adixed $iep. 5izg can bgicn 2
sufficient. 25 Further, it should be nated that the gresent mveption IS not g
linfHEd0 the TRIFoFEUdIG eRtodiRg Rt the ™ §idRalto be éncoded =" =< =°
cahalsd be wtsignakused B istimulating afingertipinra-éyisct spacedoes  not
gmf@’%%@?@ t%me:emﬁal model-26:inrthis sase considersigertain was the
tactile 30,characteristics, which the human sense of touch.can 0
p%?cseelve.lﬂno%leer exaabrﬁglg fo?gﬁﬁ?r%f%?ﬂn%gﬁc)gﬁ si(‘:;%n%f to C'Les %nc.(%)&%? \I/nv%gl’i%d'a
beb ot exdnisle fa villeSsi§RaMN P akiBulaly theiffofiaion-Sighdl tohe S, S©
eﬂﬁ@dedtqwld @@ma brightnesssinfermatior: of aipixellor iAkye pMi@t,e&@z as a
h: e%é'ﬁ%'%’o%‘?ﬁ'ﬂé@%B?"ec,epi%a'%%%&%“é?%%é@& Gonsldel ference to

ferent tempora ,+ocal and frequencprsychowsu,al covering effects, i.e.
aﬁﬁ&ﬁﬂnﬁ%ﬂﬁm ﬂﬁ@%hokPStead S5f fhe uniform guantizing areas

non-uniform quantization could be used, where, for example,

s

he

the stage height increases continuously, wherein the stage
heights could be scalable via a stage height adjustment
value A(n) while maintaining their mutual relations.
Therefore, for example, the unquantized value could be
mapped via a nonlinear function to an intermediate value in
the respective quantizer, wherein either Dbefore or
afterwards multiplication with A{n) 1is performed, and
finally the resulting value is unifeormly guantized. In the
respective deguantizer, the inverse would be performed,
which means uniform dequantization via A(n) followed by
inverse nonlinear mapping or, conversely, nonlinear
conversion mapping at first followed by dequantization with
A(n). Finally, it should be noted that a continuously
uniform, i.e. linear guantization by obtaining the above-
described effect of deformation of the error PSD would also
be pcssible, when the stage height would be adjusted so
high or quantization so coarse that this gquantization
effectively works like a nonlinear guantization with regard
to the signal statistic of the signal to be gquantized, such

as the prefiltered signal, wherein this stage height
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-36- Additionally, it should be noted that quantizer 56 and limiter 58 or
guantizer 108 and limiter 110, respectively,s do not have to be separate
components. Rather, the mapping 5 of the unquantized values to the
quantized/clipped values could also be performed by a single mapping.

On the other _hand, the quantizer 56 _or the.quantizer 108, respecfiv. P
@&ﬂ&ﬁ@%r@?izég%%a 1:é}(g‘rgligs ESinec i%% g}? a &\%}%e%?gﬁo%\?gi lz)%y SpTAvItY
quiaritizer withdinifolrmrand constant step 10 size, where the divider would

use the step size value A(n) obtained from the respective step size

afdggyggﬁrgog\/:e asgdiViS—%e‘é’Q!ﬁﬂlﬁdreéﬂ%@éﬂQQﬁlc@ be gngaded e varied

fqume dend. The quantizer having a constant and uniform step
sie Boutd Ba Tovided A s Fotdity rddule] Whith™PS FoUnds the® ==
divisiondesult 1o/the hext integesarhergapen dthe subseguentfimieetor 214,

wauld éhen pihe injeger 25 essibed sboxe o an integer of the
a

owed amount’C. In” the respective dequantizer, a uniform
dequantization would simply be performed with A(n) as multiplicator. 20
Further dit $tieuldrbe nofedithagtheaboledhiisstimengiwere réSifictedpl dual

%P%’#E%E’goﬁfa%}@& %‘ﬁ%@ﬁ@%‘@t% iHawever, the<presentdavention isies of
not limite reto and t uantization by clipping of xamq the
Z%hﬁreﬁfe?éé%ﬁg%%l ﬁs?éa(? %r?%jé%g L’esmb%%cltfmegr%%ois%rﬁé éqr{g%pos& %fg 2eor t}‘le
aiternitive  isteaePstdippiny) Bquafizihg fuhefich with nonfifdgfmitred  in
characteristicaurée enulsiche used.: bortlustratingthis; vefetencesisimadeother
t%al S 'f%g‘gQQSeCFo@gﬁg? S@%%%%et%lﬂfveﬁgd M%@Qgﬁn@ﬁgnne_ls . On
resulting 30 in clipping on three quantizing stages, i.e. a step. function with

three tE§E4028%, c WHIG nfpsSulbadntzed VAR (x axis) 19+ +5 ot
quaptziag indices hraxis)iawhereim the qlatizing stage treightoroded.
quantizing step size 0(n) is also marked. As can be seen, unquantized

values 35 higher than A(n)/2 are cli i
Particu‘lgrly, the( gbove %ggggzt_%}lhse I’:.Legpgﬁtelavqﬁ%)g]%a%ef Figs. 1,

4, 5 and 6 could be implemented individually or in
combination by sub-~program routines. Alternatively,
implementation of an inventive apparatus in the form of an
integrated circult is also possible, where these blocks are
implemented, for example, as individual circuit parts of an
ASIC.

Particularly, it should be noted that depending on the
circumstances, the inventive scheme could also be
implemented in software. The lmplementation can be made on
a digital memory medium, particularly a disc or CD with
electronically readable control signals, which can
cooperate with a programmable computer system such that the
regpective method 1is performed. Generally, thus, the
invention consists also in a computer program product
having a program code stored on a machine-readable carrier
for performing the inventive method when the computer
program product runs on the computer. In other words, the

inventicn can be realized as a computer program having a



402a or c, respectively. Fig. 8b shows generally a quantizing function
resulting in clipping to 2n+1 quantizing s_t?ggs. The quantizing step size
A(n) is again -37- shown. The quantizing functions of Figs. 8a and 8b
represent quantizing functions, where the quantization between
thresholds -A(n) and A(n) or -NA(n) and NA(n) takes place in uniform
RERmERN. e ORIR thECante SEEETS RSIgHt FheRe PG the fifantizifig Computer
stagerfunctiamproseeds dvrecflataray, which corresponds to clipping. Fig.
8c shows a nonlinear quantizing function, where the quantizing function
proceeds across the area between -NO(n) and NO(n) not completely flat
but with a lower slope, i.e. with a 10 larger step size or stage height,
respectively, compared to the first area. This nonlinear quantization does
not inherently result in a constant bit rate, as it was the case in the above
embodiments, but also generates the above-described deformation of the
guantizing noise, so 15 that the same adjusts to the signal PSD. Merely as
a precautionary measure, it should be noted with reference to Figs. 8a-c,
that instead of the uniform quantizing areas non-uniform quantization
could be used, where, for example, the stage height increases
continuously, wherein the stage 20 heights could be scalable via a stage
height adjustment value A(n) while maintaining their mutual relations.
Therefore, for example, the unquantized value could be mapped via a
nonlinear function to an intermediate value in the respective quantizer,
wherein either before or 25 afterwards multiplication with A(n) is
performed, and finally the resulting value is uniformly quantized. In the
respective dequantizer, the inverse would be performed, which means
uniform dequantization via A(n) followed by inverse nonlinear mapping or,
conversely, nonlinear 30 conversion mapping at first followed by
dequantization with 4(n). Finally, it should be noted that a continuously
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uniform, i.e. linear quantization by obtaining the above- described effect of
deformation of the error PSD would also -la& possible, when the stage

height would be adjusted so 35 high or quantization so coarse that this
guantization effectively works like a nonlinear quantization with regard to

the signal statistic of the signal to be guantized, such as the prefiltered

signal, wherein this stage height -38-adjustment is again made possible

by the forward adaptivity of the prediction. Further, the above-described
eémbodifrentsycaralsobe Maried rswithrggaad ta thecpmeessing ofitheal into
encodegbits{reai Particulariy, Mﬁt@%gﬁﬁe@éﬁ&&%@%@cmr 214,
respectively, could also be omitted. The different quantizing indices,

namely the residual 10 values of the prefiltered signals, the residual

values &f thegréfiltér eoefficientsigrid thielresitialavalues ot tiintation of a
predictigr gertiicients epuldalsa be transpitted e parallel te-each ather, which
stored Qr @agg available in angt{blecr) way fgr de%)ging, .s,_,leparate]é/.\éi1@11

|nd|V|duaIilcﬁanne és On615 t]ﬁ% otherqhang, n the case %hatoaréﬂgns ant bit

rate is Aot Timperative, thede d&t4 e6Gld Bisoleraritropyeénddded. Py using a
Particulasly -thetaboverfuretions in the blocks of Figs. 1, 4, 5 and 6 could

be implemented individually or in 20 combination by sub-program

routines. Alternativel%/8 implem%ntation of an inventive apparatus in the

form of an™ftdgtatetirchitis a0 Pk, Wiere Hesehbddargt gnal for
implementedz ior Exampté casiindividuat civcuitparts:of an ASICe28rd to the
Particulgdy it should hepqted that depending epihe circymstagees.dhe  ror
inventivebsccheme could also bﬁ mplgnented in software. The

. Q ining a prefiltered sianal; . .
|mplementa?ion can be mMadeon & (%gltasl rﬁemofy medium, particularly a
disc or CD with 30 electronically readable control signals, which can

a means (20) for predicting the prefiltered signal in

signal

a forward-adaptive manner to obtain a predicted
signal, a prediction errcr for the prefiltered signal
and a representation of prediction coefficients, based
on which the prefiltered signal can be reconstructed;

and

a means (22) for quantizing the prediction error for
obtaining a guantized prediction error, wherein the
encoded information signal comprises information about
the represantation of the psycho~perceptibility
motivated threshold, the representation of the
prediction coefficients and thse quantized prediction

error.

N

The apparatus according to <¢laim 1, wherein the
means (22 for guantizing 1s implemented to guantize
the prediction error wvia a quantizing function, which
maps unguantized values o©f the prediction error to
~quantizing indices of guantizing stages, and whose
course below a threshold i1is steeper than above a
threshold.
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cooperate with a programmable computer system such that the

respective method is performed. Generall thus, the invention consists
also in a computer program product havmg}a program code stored on a
machine-readable carrier 35 for performing the inventive method when the
computer program product runs on the computer. In other words, the
invention can be realized as a computer program having a -39- program

code f%ﬁ@ff@&s@mgéi&%meé&daw&ﬂ@ﬁc}h%or@mt@m pxogcsamzunsrnmaein the
computer -40-95,1#51 1P(_:patratus f%r enco 'ﬂ P&{ tlcela Si&@"&‘gin 2
info rmatlon%

into an encoded gnal comp ISI means

determifiing 4 kepregentaticrisf a [Fsyehc-pe éb‘ﬂblllt?i%ot é’t%d "quantizing

- threshofd; wdtieh rindigates a pastienotthe-infosmatior signahirelevdntor  the

with re ard t% Percg;r)‘# 9 ility, (!:)‘}/l%sijlng3 2.1Q perceptual model; a means

(18) for ‘ﬁenng the information signal for normalizing the information

signal with regard to the psycho-perceptibility motivated threshold, for 15
obtaininma prefifiesed: signal; acmearis (20) forpredictingdiie ptéfilteredeceding
signal |r&laaflq£gard sadaptive, manner to.ohtain a predicted sgp@ng izing the

prediction error for the prefiltered signal 20 and a re[%reaentatlon of that the
predictiéit Soefficiens, b&Sdd on which thE prefiterad Signal ¢an be

reconstructed;nand adnearsL (225 for gliantiziry the peadictiorPerrordfF 25 are
obtaining, 2 guantized prediction gpongvhekeinthe ercededinformatiametion,

signal com_orﬁes mform ion aboul}ath ggﬁes%%t%%g of the m% prediction
psycho- perceptlg‘fit?/ vate(:f1 thres e representation of the o
errocr Lo quap: izing 1ndlces of a constant and limited

first number of gquantizing stages for obtaining the

guantized prediction error.

5. The apparatus according to claim 4, wherein the means
(22y for guantizing 1s implemented to obtain a
guantizing stage height A{n) of the guantizing
function for guantizing a value (rin)) of the
prediction error in a backward-adaptive manner of two

past quantizing indices ic(n-1l) and ic(n-2) of the

guantized prediction error according to Aln) = § A{n-
1) + &{n), with B8&[0.0;1.0},8(n) = & for |icin-1) =+
ic(n=2)] £ I and &(n) = 06 for [i.{n-1} + ie(n-2)} > I

with constant parameters Jy, &, I, wherein A(n-1)
represents a guantizing stage height obtained for

quantizing a previous value of the prediction error.

6. The apparatus according to claims 4 or 5, wherein the
means for guantizing i1s implemented to gquantize the

prediction error in & nonlinear manner.

~]

The apparatus according to one of claims 4 to 6,

wherein the constant and limited first number is 3.
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prediction coefficients and the quantized prediction 30 error. 2. The
apparatus according to claim 1, Wherein;(la% _means (22) for quantizing is
implemented to quantize the prediction error via a quantizing function,
which 35 maps unquantized values of the prediction error to quantizing
indices of quantizing stages, and whose course below a threshold is

SteepertHan SERRTE tHieshdkl A3 The &ppatafus &cordifg to RiFREIL 7S
1 or 2, whetein the whearssi (22)forquantizing is inplenfentedtoshtaiivang  is

quantizing,stage;height A(g) ofbe-quantizing. §fun @pdﬂ@-perceﬁtibimy
backward-adaptive magner rom the quantlz?cd£ ediction error. 4. The h
apparaltistaccordifg fo'drie B8Pt ptéteding ciaifs” Wherdiit tHe hedfs™ the

(22) forigquartizingithe £0 rediction error is implemented such that the
unquantized values of the prediction error are quantized via clipping by
the quantizing_function, which maps, the unquantized values qf.the .
edct e B ing RO 01 orerars e Itared 18 frg-eceding
numbeF éf&idntizifg StaREs foF BBtaMRfthe qlantizéPpreditiiGiBidtng 1S
5. The apparatissraceording to claimedanhereirribe npeansid22ptofeptibility

cuantzing ipJaplementedda obiaina 20 supaizing slage height A() of

the quantizing function for quantizing a value (r(n)) of the prediction error

in a backward-adaptive manner of two past quantizing indices i,(n-l) and
1(h-2) (_iﬂtlae @wﬁizedzp):sgdietimme«_:mngccdrdingdoeﬁ\(nyaé QUIQ@_ZSpJ@aceding
8(n), with 3e6(n) =80foL jin-D- icfpsaid <_hand 8n)= 8Hopliofrl) &5 15

i0(n-2)H > I with con tant parameters 80, 81, |, wherein Olg)n-l) represents. . .,
a quantiZing SEeFslghtobtafheaTbrne  the  psychoZperceptibility

motivated threshold in a block-wise manner and to
represent the same in filtered coefficients, to
subject the filter coefficients to a prediction and to
subject a filter coefficient residual signal resulting
from the prediction to & quantization via a further
guantizing function, which maps the ungquantized values
of the filter coefficient residual signal to
guantizing indices of guantizing stages, and whose
course below a further threshold is steeper than above
the further threshold, for obtaining a quantized
filter coefficient residual signal, wherein the
encoded information signal also includes information
about the guantized filter coefficient residual

signal.

11. The apparatus according to c¢laim 10, wherein means
(16} for determining i1s 1mplemented such that the
unguantized wvalues of the filter coefficient residual
signal are guantized via clipping by the further
quantizing function} which maps the unguantized values
of the filter coefficient residual signal to
guantizing indices of a constant and limited second

number of guantizing stages.
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quantizing a previous value of the prediction error. 30 6. The apparatus
according to claims 4 or 5, wherein the méans for quantizing is
implemented to quantize the prediction error in a nonlinear manner. 35 7.
The apparatus according to one of claims 4 to 6, wherein the constant

and limifed ficst aumbers 3.:42-8: The.appajatys aceording (0.00e ofheyeap
preceding claims, wherein the means’(16) for determining is implemented .

to deterfrifié tht Psychd Ferbepttifty rotivalst-Brediotd in A Bidck Wigsk  the
mannerfremithe 15informatienisigmatc9. IFhezaapparatus according tovenenanner

of the preceding, glaims, whereindhe means £16) for determining-is;eq filter
implementegﬁto represent the Qbsglcho-.perc ptibility 10 motivated
threshofd i the ¢ Boﬁ%isr%.dl : lrh%%rb% dtus according to one of the

preceding claims, wherein the means (16) for determining is

iﬁplemeﬁked Jﬁgg&%mﬁm the psyeharpereeptibility lrfﬂncam@&e% 10 to 12,
threshold in_a blockswise manner to. repr t the same in filtere
T A e sentes
a filter cHefitishidresittial s§Rarresaliig Offornthe prdditforrffa ttcients is
quantizatiart viere: further 20; quantizing fendtion; whichimapstheith constant
unquantized yalues . of.the filter coefficient residual signal to quantizing

indices of quantizing stages, and whose course below a further threshold

is steeper than above the further threshold, for obtaining a quantized 25

filtér coéflieiertresical:signat,awhereimthe @ncoded drfformbtionsigAal to 13,

also inclydesdnformation aboytthe geantized-fillgreoefigigatresidual rurther
signal. 30 11, The apparatus acqording to,dlaim 10, wherein means ; cnes  for
representing the psycho-perceptibility motivated
threshold to a subitraction with a constant value,

pricr to subjecting the same to prediction.

15. The apparatus according to one of the preceding
claims, wherein the means (20} for predicting the
prefiltered signal in a forward-adaptive manner

further comprises:

a means (36) for determining prediction filter

coefficients from the prefiltered signal; and

a2 means (44, 446, 48) for predicting the prefiltered
signal via a filter (44) contrclled by the prediction

filter coefficients.

1¢. The apparatus according to claim 15, wherein the
means (3¢) for determining is implemented to determine
the prediction filter coefficients in a block-wise

manner from the prefiltered signal.
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(16) for determining is implemented such that the unquantized values of
the filter coefficient residual signal are quantized via clipping by the
further quantizing function, which maps the unquantized values 35 of the
filter coefficient residual signal to quantizing indices of a constant and

il?lted econd numper of uantiéknlg st%%es. g)gﬁjnl%.ST%q:a}e%%r%er ein the

cordi %etoaagﬁﬁ: ,Ll\/svhgrecfr? e m%ans (f or determining Is ,
implentesrad sl thatke dsreaieldR s ferddimdiipeaented to represent

backwang-agaptive-nanners based onspantizingrindices ot the quentizedain.
filter 5 coefficient residual signal. 13. The apparatus according to one of

claims 10 to 12, wherein the means (16) for determining is implemented

dich thak the BHRAICHIBR Df e HREF Ch&HidiEntSis®L0 Perfomied By dsing® 17
predictionfiterwithheonstamnt scoefficients.r1 40 heappatatas agcomingeosnted

one of claims 91013, wherein the. means (16) fon determipingss furthers in a

15 implemented to subject the filter coefficients for representing the .
psychd3gérceptibifify mgthvatea thFé’sh(ﬁB%B a<ubtréctioR Jﬁveft%gé: E517S an titer
value, prief fd sabjecting the same torsredictionr20 15 The apparafglect &
aCCg_rdﬁQéﬁi%@i%ffrﬁthe 8@@@&9 claims.swhereimthe meansi@@ for  signal
predicting t refiltered signal in a forward-adaptive m r.f
compriéegs%%tgrﬁ%ear% ?épG) ?ﬁ%et@ﬁﬁ%fﬁ& plr%]aict%Dn fi%grg%%e %ﬁ%otg b?/ y
from thé prefiteted Bighalrehd @ Rieans 144, WabC A8 R prdidtingtAgant:zed
prefilterggh signaba atfifer{44iconticlled by the predictivnz 3@ ditter residual
coefficignts, 16. The apparatys accardingfoclajm 15, whersinihes means, anc
(36) for eigﬁmin%?g i@&l)m %ment%d to determine %%a , @ ® roon
whose course below a third thresheld is steeper than
above the third threshold, for obtaining a quantized
prediction filter coefficient residual signal, wherein
the encoded information signal also comprises
information about the guantized prediction filter

coefficient residual signal.

19. The apparatus according to claim 18, wherein means
(36) for determining is implemented such that the
unguantized values of the prediction filter
coefficient residual signal are guantized via clipping
to quantizing indices of the third number of
guantizing stages by the third gquantizing function,
which maps the unguantized values of the prediction
filter coefficient residual signal to gquantize the
indices of a constant and limited third number of

quantizing stages.

20. The apparatus according to claim 18, wherein the means
(36} for determining 1is implemented such that the
prediction 1is performed in a backward-adaptive manner
baged on guantizing indices of the quantized
prediction filter coefficients residual signal for one

or several previous blocks of the prefiltered signal.
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the prediction filter coefficients in a block wise 35 manner from the

prefiltered signal. -44- 17. The apparatus gecording to claim 15 or 16,

wherein the means (36) for determining is implemented to represent the
prediction filter coefficients in the LSF domain. 5 18. The apparatus

according to one of claims 15 to 17, wherein the means (36) for

determining is implemented to determine the prediction filter coefficients

inla blackewise paannersto subject thegprédictiondilterf coefficints tfa to 19,
Predlic,tl?geéeqhﬁo E%%@%{@aa%% pr@%q,tioaéﬂt%@@%@‘gﬁa@ﬂ&@dml sigpakmented
resulting from the prediction to quantization third quantizi Inction,.
which mAFE thé dRquaniized p\?g?ﬁ?elé: éfl {he pr)égicti%lkﬁeﬁltgrrceo% ff?c‘ijgr?t% r}‘fl_ter
residuat-csigridl ¢6 guaatiZing irdiées srguattizing sty s, P ke T 1 1 TeT
course pelaw adthicg thresheld 13 steepgt than above the third threshold,
for obtaining a quantized prediction filter coefficient residual signal,
wherein the encoded information signal also comprises information gbout
thé quaBlize iedicion TilterC 20 EoeidientreSiatal Signall 8™ Fhet® t° 21/
apparatusacsordingte claisz 18, wherin Mieans d86% foridetemgnining iurther
implemgntege%&gg tggt thetgnqu%rggﬁage@luest@{ethe %g@gq%ﬂ@@; 25 fiiter
coefficierr{ﬁresy ual signal are quantizéd via clipping to quantizin indicgs

of the tﬁiﬂfﬁéﬁﬂ%éiaﬁg Juaritizing §f§§€§%@qﬁg%hi?ﬁlﬂénﬁzinﬁofgj%ﬁgn,

which mapssthetuncuaniized valuesiof thvepredictiop: fillécéoetficient

residual signal to quantize the 30 indices of a constant and limited third

number of quantizing stages. 20. The, apparatus according to claim .
Viherein the m@Qﬁ?r(%}lf%r o%?ecr(r)nrir%ﬁagg ingﬁem%%?ed ggeh I%g% thk)ar3e5cedlr.}g
prediction is.performad @ a backwari sagpivednahmer encoding an audio

signal or a video =signal as iInformation signal,

value

wherein the perceptual model is a psychoacoustic model
and the psycho-perceptibility motivated threshold a
psychoacoustically motivated threshold, or the
perceptual model 1is a psychovisual model and the
psycho-perceptibility motivated threshold is a
pyschovisually motivated threshold.

24, An apparatus for decoding an encoded information
signal comprising information about a representation
of a psycho-perceptibility motivated threshold, a
representation of prediction coefficients and a
quantized prediction error into a decoded information

signal, comprising:

a means (206) for deguantizing the guantized
prediction Error for obtaining a dequantized

prediction error;

a means (208) for determining & predicted signal based

on the prediction coefficients;
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based on quantizing indices of the quantized prediction filter coefficients
residual signal for one or several previous blocks of the prefiltered signal.
-45- 21. The apparatus according to one of claims 18 to 19, wherein the
means (36) for determining is implemented such that the prediction of the
prediction filter 5 coefficients is performed by using a predlcPoT_glggréyvnh.

constafit CBefitients 22, The"apparatls abcordm tocone’ st alaime I to" - 9=t

to
21, wheseindheaneahb €36 fordieteratininglis fathep 1D iniplementedas tized
subjectthe prediction filter.coefficignts to a subtraction with a constant
value prior to subjecting the same to prediction. 23. The apparatus
according to one of the preceding 15 claims, which is implemented for
encodirg A awdiol Sighal &7 & Vidéd sighabasinforpiatibhlsigrald whstem!
the perceptyalmedehis a psychoageustieamadel andifie regard to  the
psycho-perceptibility motivated threshold ousticall ivated
threshcﬁjp o ﬁe%%%ee éfEJLtu%l(];IL 'F'r?o%e[ is g%ﬁy%%]\cloi%gal moq(:ja}e!Ié[g\:rr%cgl)l tg[%éeE
psychogsereditisity et \PRES Hidshald IS By <thovistiafly motivated

threshold. 24. An apparatus for decoding an encoded information 25

signal Cﬂ%ﬂf% § information aboyt a representation; of ayherein the means

psychog)erce ility motivated threshold, a representation of prediction .
coefficiénts@nd SO {uattiZea brédittich error intd & UBEBAEH infStmafish e+
signal, comprisingn80 zemieans ¢€206) fordequaritizing the quantizégiited and
predictigneios for ebliaining adeguantized predictier:error; 35 a means

(208) for determining a predicted signal based on the prediction

coefficients; .
26. The apparatus according to claim 25, wherein the means

Hh
O
[

.

or

(206} for deguantizing is implemented to cbtain a
quantizing stage height A(n) between the guantizing
stages in a backward-adaptive manner from already
dequantized quantizing indices of the guantized

prediction error.

27. The apparatus according to claim 25 or 26, wherein the
means {(260) for dequantizing is implemented to obtain
a guantizing stage height (Aln}) between  the
quantizing stages for dequantizing a quantizing index
of the gquantized prediction error 1in a backward-
adaptive manner from two previous quantizing indices

i.(n-1) and ic{n-2) of the quantized prediction error

according To Aln) = BA(n-1) + d(n} with
Fe10.0;1.01,8(ny = & for |icin-1; + ic{n=2)! £ T and
§(n) = 8 for lie(n-1) + ic(n-2)1 > I having constant

parameters &, &, I, wherein A(n-1) represents a
quantizing stage height obtained for dequantizing

icin-1).

28. The apparatus according to one of claims 25 to 27,
wherein the constant and limited number is less than

or eguai Lo 3Z.
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-46- a means (210) for reconstructing a prefiltered signal based on the
predicted signal and the dequantized pregliction error; and 5 a means

(212) for filtering the prefiltered signal for reconverting a normalization

with regard to the psycho-perceptibility motivated threshold for obtaining

the decoded information signal. 10 25. The apparatus according to claim

24, wherein the means (206) for dequantizing is implemented to

@équaritize thempaatized predicticn Berortto adindited and lconstan > to 28,

numbey,at.quantizing.stages 15,26 Fhe apparatus aceerdingto claim 25,
wherein the means (206) for dequantizing is implemented to obtain a

qguantizing stage height A(n) between the quantizing stages in a
Backwaidadaptivermannerdfrom afready dequamtizediquahiizing indiceso 29,
of the quantized 20,pregiction errarz 27 Fthe appakatus aceonding to-claim

25 or 26, wherein the means (260) for dequantizing is implemented to

obtain a quantizing stage he ht (A(n)) between the 25 quantizing stage
for deq@anfizinga q&aﬁﬁﬁing Rdex ﬁé%%ﬁﬂi‘ed%édi%ﬁdﬁl%?roﬁgéeShOld
backwaf ¢l adaptive sannert fobstwa pravious guantizingradices iGhel)t the

and iO( tized predigtion C i (3A ,
+ 8(n) WI%ZZJ%% g%%]r_lé%f] ngr])dé%% fgﬁ%{ﬂglﬁ%gﬂgg‘?ﬁ@i%ﬁ zﬁ%é-i ated

81 for jBETEF RAcch-2)> I"‘ha\ﬁljrﬁ’%gné‘%ﬁ? pafamieters 66,81, kil\‘i?/ﬁéﬁeanf a

A(n-1) epresents ao uantiziig stagetheigbtobiaihed foddequantizinggnd
I,(n-1). 35 28. The apparatus according to one of claims 25 to 27, wherein

the constant and | ited n
a?iposL ter um9§5ﬁle¥%?an 5%%%?&83%ﬁm3 prefiltered

signal by using the perceptual threshold filter

coefficients.

31. The apparatus abcording to one of claims 24 to 30,
wherein the means {(230) for determining is implemented
to obtain the perceptual threshold filter coefficients

by reconversion from an LSF domain.

32. The apparatus according to ocne of claims 24 to 31,
wherein the means (230) for determining is implemented
to obtain gquantizing indices of a gquantized filter
coefficient residual signal from the representation of
the psycho-perceptibility motivated threshold, to
dequantize the same to a limited and constant second
number of quantizing levels, for obtaining a
dequantized filter coefficient residual signal, to
predict the filter coefficients representing the
psycho-perceptibility motivated threshold and to add
the same to the dequantized filter <coefficient
residual signal and to convert a reconstructed filter
coefficient residual signal resulting from the
addition by reconversion intc the perceptual threshold

filter ceoefficients.
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-47- 29. The apparatus according to one of claims 25 to 28, wherein the
constant and limited number is 3. 5 30. FA& apparatus according to one of
claims 24 to 29, wherein the means (212) for filtering comprises: a means
(230) for determining perceptual threshold filter coefficients from the

iformation about the 10 representation of thepsycho-pereptbilty the means
motivated thréshold in a block-wise manner for hlocks of a, se u%{lcetgf N
ﬁg%he at the

blocks bf e préfiteredsiGial - End @ postilsF 3y & fiteri
prefilterecedbcsigeal by usivertheperdeptoal zhreskidld Fittér acortficiensmanner

31. The,apparatus,accogdipg 4@ pne phelaims 24ito 30; whereinde fricients
means (230) for determinin% is implemen}tl%d” 20 to gbtain .tlﬂ%percept

ual,
0T 3 d
threshdI@Hiiter Eetfitients by Fecornersion TR S5 SE dorhain. Sf?%évate
apparatis-&cdordiig to one of claims 24 to 31, wherein the means (230)
for determining is implemented 25 to obtain quantizing indices of a

Qpnizeg fitel. gocflicent residyalsigal igmhe Iepresenialion 9 Meme rein
psycho-perce t%ﬁlty motivated threshold, to dequantize the same to a

limited BRA cAREAL sééod nafberdiGudhtizigdevks, fdfRbEiRigS  such
30 dequantized fitter coefficientiresidualssignatite predictcthe filtepefficients

Coeff'c'§§§£§9@§@m89 th%y@ychgg%@ﬁpl@gIﬁégmy%tﬁﬁ;;tbgﬁsh%t ivated
and to add the same fo the dequantizéd filter coefficient residual signal si1s
and to EMETE] teconstructed RItEFS5 cobfiididnt fesidudl signaf réstiing ™~ ==~
from the iadditiom by aecormetdibndnterthe perceptual threshold filter
coefficients. -48- 33. The apparatus according to claim 32, wherein the

nawgz?ms {‘%%O) L%’pdaextgr*.cn?ligin%éscicgnr%lgrmg?nt‘gg S%%heth%tftheclaims 32 to 34,
wherein the means (230) for determining is further
implemented to subject the recenstructed filter
coefficient residual signal resulting from the
addition to an addition with a constant value prior to

reconversion.

36. The apparatus according to one of claims 24 to 37,
wherein the means (208) for determining a predicted

signal further comprises:

a means (224) for determining prediction filter
coefficients from the representation of prediction
cocefficients comprised in the encoded information
signal; and

a means (226, 228y for predicting the prefiltered
signal via a filter (226) controlled by the prediction
filter coefficients.

37. The apparatus according to claim 36, wherein the means
(224} for determining prediction filter coefficients

is implemented to determine the same in a block-wise
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prediction is performed in a backward-adaptive manner based on already
predicted filter coefficients 5 representing the psycho-perceptibility

motivated threshold. 34. The apparatus a¢cording to claims 32 or 33,

wherein the means (230) for determining is implemented such 10 that

the prediction of the filter coefficients representing the
psychotgeraéptibifityimotivatelds theShotd i$genfemted byfusingacks of the
predictippdiften sdth-eonstanizcoefficients. 15 35. The apparatus according

to one of claims 32 to 34, wherein the means (230) for determining is

further implemented to subject the reconstructed filter coefficient residual
stgnal resaitiftPRrémhe Sadditoite difadeftio® With acoRstantalueprior 37+
to 20 recenversion36.mheapparatus decording éaane ofglaims 2dotbement ed

37, whegein fhe means (208) for defermaining a predicied signalfuriher. - o

comprises: 25 a means (224) for determining prediction filter coefficients
from thé FERTREERELIBRA of praticfortcoefticiéts comprised in the

encoded information signal; and 30 a means (226, 228) for predicting the
prefiltered. sighal via.a filter{226)-eanirolled, by the pegdiction sfiller 35 «o 38,
coeffici% ts. 35n7, Therg %rsat ae orgin t clair_n 36,,yvherein the .
means ( %ﬁ“or d%kfléarmn%%g prZélctlgn ﬂfég cﬁ%eéiff?ﬁgﬁtgl%qmjpferﬁ@ﬁt]e%men“6d
to deterfpainelfié sameun EEbloékwisé Ug-aranrierforblotks 6fa prediction
sequengeof blacksof the: prefiltered signal. 38 Jhewapparaltsac6QtdinGon of
toone%%%a@¥%%§8%§%h coefficients, to dequantize the same to
a limited and constant third number of quantizing
levels for obtaining a dequantized prediction
coefficient residual signal, to predict prediction
filter «coefficients and to add the same to the
deguantized prediction coefficient residual signal and
to convert a reconstructed prediction coefficient
residual gignal resulting from the additicn by

reconveraicn into the prediction filter coefficients.

40. The apparatus according to claim 39, wherein the means
{224y for determining 1s implemented such that the
prediction is performed in a backward-adaptive manner
based on the already predicted prediction

coefficients.

41. The apparatus according to claim 39 or 40, wherein the
means {(224) for determining is implemented such that

Py

the prediction of the prediction ceoefficients 1is
performed by using a prediction filter with constant

coefficients.

42, The apparatus according to one of claims 3% to 41,
wherein the means (224) for determining 1s further
implemented to subiect the reconstructed prediction

coefficient residual signal resulting from the
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5 wherein the means (224) for determining is implemented to obtain the
prediction filter coefficients by reconversi®n-from an LSF domain. 39. The
apparatus according to one of claims 36 to 38, 10 wherein the means
(224) for determining is implemented to obtain quantizing indices of a

quantized,predistion, caefficlentresidyal, signal fiom g tepteseniaian o dox
the prediction coefficients, to dequantize the same to a limited and
constahftHiRARIHBEFSquantizing 15 levels for obtaining a dequantized

prediction coefficient residual signal, to predict prediction filter

gefficients and to.add the same tothe deguantized prediction oefficient 42,
residual signal and  to convert a re%strgétedéprediction co 1‘.1‘igiesn:tL ZQal or a
residudi’stgival TEsUfig FB the hdditfor By 7 °

¢oflvetSion into the o
predictioindfiiter eoeffieients s 40.Tiverappdratus ateoring téefhim3grein the
whereip he {224} for determining.is implesaentedrsuchribatithe 26 an
prediction is performed in a backward-adaptive manner_ ba he ki
alread)?ﬁpe%%téﬁ prélla‘?\cst%}ﬁn%oe}%agﬁtéqff%heogppa?atui%dggc% ingto ¢
claim 39rare4diaviserein the 30 means (224) for determining is

implemented such that the prediction of the prediction coefficients is

performed by ysing g precictionditer wilh cqnstent, coeffiFienlsgda 2inco an
he apparatus according to one of claims 39 to 41, wherein the means

(224) f6RGSBRRAIMAY RTUAREF Tmplefishied tLEBREL e reconstructed

prediction coefficient residual signal resulting from the -50- addition to an

addition with the constant.yalue prigr 10 reconversion. 43. Theapparalsg =
according to one of claims 24 %o 42, 5 Whl%h is imglem%m}gdlfor decodigg red
anaudﬁﬁﬁﬁﬁﬁ%ﬂ%ﬁtlon O a psycho-percepltibl 1ty "mCtivate

threshold indicating a portion of the infermation

signal irrelevant with regard to perceptibility;

filtering the information signal for normalizing the
information signal with regard to the psycho-
perceptibility motivated threshold for obtaining a

prefiltered signal;

predicting the prefiltered signal 1in a forward-
adaptive manner to obtain a prefiltered signal, a
prediction error to the prefiltered signal and a
representation of prediction coefficients, haged on

which the prefiltered signal can be reconstructed; and

quantizing the prediction error toc obtain a guantized
prediction error, wherein the encoded information
signal comprises information about the representation
of the psycho-perceptibility motivated thresheld, the
representation of the prediction coefficients and the

gquantized prediction error.

45. B method for decoding an encoded information signal

comprising information about the representation of a
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video signal as information signal, and wherein the psycho-perceptibility
motivated threshold is an acoustic masking threshold or a visual masking
threshold. 10 44. A method for encoding an information signal into an

encoded information signal, comprising: using a perceptibility model,

determinin 15 representation of a psycha- bility '

threshold ﬁd%&tﬁw%%%é?tfgﬁ%ﬁﬁg inform%?a%%rﬁgggl irrelgﬁr%év%%% L i
regard &RpERePbHt: flteringfhe MiGiHationBignaFRE hohnaRzing thet™d @
20 information sighalpwithitegatdto themsychortpereepiibiidedtivatedrnation

thresho_LgL aoptaigg}gp% i%rgglée_red signal; predicting the prefiltered signal
in a forward- 25 adaptive manner to obtain a prefiltered signal, a

prediction error to the prefiltered signal and a representation of prediction .
coefficientspbased ongwhich theiprefilterst! sigsal vanbareesrstiucied; cbtain

and 30 gugptizing the prediction; ewarle ehtaipa quantized prediction
error, wherein the encoded information signal comprises information

about the representation of the psycho-perceptibility motivated threshold,
the replesentation ofithie preditiion eoefficiEims ahd el 3B qldIftizegediction
predictien £fr01 424 method for decoding an encoded information signal
comprising information about the representation of a -51-

psycho-perceptibility motivated threshold, a representation of prediction .
coefficiS @mela tiahized Prediefon et a Heedded infaiistio™ the
signal, earaprising:b slequantizing thehquantizedrprédietionr eqroL to-obtaierror;

and

filtering the prefiltered signal for converting a
normalization with regard to the psycho-perceptibility
motivated threshold to obtain the decoded information

signal.

46. A computer program with a program code for performing
the method according to claim 44 cr 45 when the

computer program runs on a computer.
47. An encoder, comprising:
an infeormation signal input (12);

a perceptibility threshold determiner (26) operating
according to a probability model having an input
coupled to the information signal input and a
perceptibility threshold output;

an adaptive prefilter (34) comprising & filter input
coupled to the information signal input, a filter
output and a adaption control input coupled to the
perceptibility threshold output,
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a dequantized prediction error; determining a predicted signal based on

the prediction 10 coefficient; reconstructirga prefiltered signal based on

the predicted signal and the dequantized prediction error; and 15 filtering

the prefiltered signal for converting a normalization with regard to the
psycho-perceptibility motivated threshold to ghtain the decoded .

informafion “SIGHAI 20 487 ACommiter progrant with™d progrh Toaeor  (°°
perfornfingrtheshathodacconding to-chaim- 24! or45 when theeddrpater output
programfung 09:260Mputer. 2547 rAR £060deY:€QMPFiSINg: an

information signal input (12); a perceptibility threshold determiner (26)

operating 30 according to a probability model having an input coupled to

the infofmatior signaldrputsairra isereeptibilif thresheltbsitpiian & first
adaptivepretliem(84) cemptising @ fiteniput 35coupleddodiie 1 ter output,

information %igggldinp&l, félgeer Q t&lggnd.% %q:pti% gon ol lp%lE .
coupled to %heh percept}ibi ity th?es%old outpjht,%-SZ- a %rwa%rd pre ictefgr?ntlator
coeffici@Rt-determiner (36) comprising an input coupled to the prefilter

output and a prediction coefficient output; 5 a first differentiator (42)

comprising. afi5st; differentiatorinpyt coupled todhe prefiller outpll, 28 1 initeq
second differentiator input and a differentiator outgu X

t: 10 .
clippinTiantiZig e (52 Sohprising A NFet” AR corStathumBer 1Put

of quantizitigledels; an mpait differentiator output, a gquantizing
step size control Iinput and an output;

a gtep size adiuster (54} comprising an input coupled
to the output of the clipping/quantizing stage (52)
and a quantizing step size output coupled to the
gquantizing step size control input of the

clipping/quantizing stage (52);

a dequantizing stage (50) comprising an input coupled
to the output of the clipping/guantizing stage and a

deguantizer control output;

an adder (48) comprising a first adder input coupled
£to the dequantizer output, a second adder input and an
adder output:

a prediction filter (44, 46) comprising a prediction
filter input coupled to the adder output, a prediction
filter output coupled to the second differentiator
input as well as to the second adder input, as well as
a prediction coefficient input coupled to the

prediction coefficient output;

an information signal generator (2Z4) comprising a
first dinput coupled to the perceptibility threshold

output, a seccend input coupled to the prediction
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coupled to the differentiator output, a quantizing step size control input
and an output; 15 a step size adjuster (54)3emprising an input coupled to
the output of the clipping/quantizing stage (52) and a quantizing step size
output coupled to the quantizing step size control input of the

P'ippi”%’%%g%&‘%ﬁ age,(32),,20 a dequanfizing stage {SO0)LCOMPLSINGAN the
input coupled to the output of the cllpplng/quantlzlng stage an

a

dequaRtyerebntPdl cutsutSas AR Adaer (48) compiing- adirstddfdef plt “PHt
coupledctorthedeglantizer eutputj@rsesong@dder input and an adder
output; a prediction filter (44, 46) comprising a prediction 30 filter input
coupled to the adder gutput, a prediction filter out%%lt coup ed to gpe , 1
EconddiffeenitStor SApULSETHEIFBS tothe SSCOHATSdder it as Wel 51972
as a predigtionscaefficienf inpue coapleditothé predicton eseffierpton of a
outplft:d};;’s%wﬂg@%' | %hgﬂﬁhgr?nlgﬁ@@&%@@mpﬁﬁi@gmfmst inptgdiction
coupled to the, perceptibility thresho utput, a second.input co to.
the preﬁ%ﬁg]ﬁe l-gé-egoesffié}gét oautﬁuut,aggﬁ“l% icrilpgtr g%pigd %c? theeyg{jjertgp'ut %)?to .
the clippepgeahtidiig Stageiaid &4 Buput réprEseRting@h encoder
output. 5 48. A decoder for decoding an encoded information signal
comprising informatiq gﬁ Ut a representation of a psycho-perceptibility
motivat%dgtﬁfe%%fd,%gr |gfion coefficients and a quantized prediction
error, into a decoded information signal, comprising: 10 a decoder input;

an extractor (214) comprising an input coupled to the

decoder input, a perceptibility threshold output, a
prediction coefficient output and  a guantized

prediction error output;

a deguantizer (206) comprising a limited and constant
number of guantizing levels, a degquantizer input
coupled to the guantized prediction error output, a
dequantizer output and a guantizing threshold control

inpuf;

a backward-adaptive threshold adjuster comprising an
input coupled to the gquantized prediction error
cutput, and an output coupled to the quantized

threshold control input;

an adder (222) comprising a first adder input goupled
to the dequantizer output, a second adder input and an

adder output;

& prediction filter (226) comprising & precision
filter input coupled to the adder output, a prediction
filter output coupled to the second input, and a
prediction filter coefficient input coupled to the

prediction coefficient output; and



an extractor (214) comprising an input coupled to the decoder input, a
perceptibility threshold output, a 15 prediétion coefficient output and a
guantized prediction error output; a dequantizer (206) comprising a
limited and constant number of quantizing levels, a dequantizer input 20

coupled {0 tha gantjzed reclction.e5ror oYipt, aslesanlzey klobaRdot don

a quantizing threshold control input; a backward-adaptive threshol o
adjustef toRFisHPRr S8 iMphEColpled 1 tHe GiintZ A Prédicfior &ffor € -0
output, htmrroutputecupledaotise goantizved thiesholdcontediinput; @&mnd an
adder (232),¢arprising a.fisst agddeninpulegupled 80 to-the deduantizernility
output, a second adder input and an adder output; a prediction filter (226)
compridifg PFeciSicH Fitar input coupled to the adder output, a

prediction 35 filter output coupled to the second input, and a prediction

filter coefficient input coupled to the prediction coefficient output; and -54-

an adaptive postfilter (232) comprising a prediction filter input coupled to

the adder output, a prediction filter output representing a decoder output,

and an adaption control input coupled to the perceptibility 5 threshold

output.



