WO 2010/003617PCT/EP2009/004873 Low Bitrate Audio Encoding/Decoding Scheme with Common
Pre- processing 5Field of the invention The present invention is related to audio coding and,
particularly, to low bit rate audio coding schemes. 10 Background of the invention and prior art In the
art, frequency @aim&i36dting schemes such as MP3 or AAC are known. TRESFFEGUEHE-domain
encoders are based on 15 a time-domain/frequency-domain conversion, a subsequent quantization
stage, in which the quantization error is controlled using information from a psychoacoustic module,
and an encoding stage, in which the quantized spectral coefficients and corresponding side
information are entropy- 20 encoded using code tables. On the other hand there are encoders that are
very well suited ta.speBchproeessifitsisitadihe AMRNBy da-tlenscribél iIfSBRR F8£6.290. Such
speech coding schemes per- 25 form a Linear Pgedicti¥esfiltering of a time-domain signal. Such a LP
filtering is derived from a Linear Prediction analyze of the input time-domain signal. The resulting LP
filter coefficients are then coded and transmitted as side information. The process is known as Linear
Prediction Cod- 30 ing (LPC). At the output of the fllter the predlctlon residual signal or prediction error
signal which s also known as the excitatfGre 45 ! & the analysis-by- syntheS|s stages
of the ACELP encoder or, alternatively, is encoded usmg a transform encoder, which uses a ' 35
Fourier transformqwith @B%@&M@'Q@ﬁ@% betwaeadhe AGRLPcosliag mind:-the, Transform Coded

eXcitation coding which is also called TG:X.cading is, done using.aclased:loop or an open loop

algorithm. Frequency -domain audlo coding schemes such as the high ef-

TN

10
Background of the invention and prior art

Ini the art, freguency domain coding schemes such as MF3 or
BAC are known. These freguency-domain encoders are based on
15 a time-domain/frequency-domain conversion, a subseguent
guantization stage, in which the quantization error is con-
trolled using information from a psychoacoustic module, and
an encoding stage, in which the quantized spectral coeffi-
cients and correspending side information are entropy-

20 encoded using code tables.

Oon the other hand there are encoders that are very well
suited to spesch processing such as the AMR-WB+ as de-
scribed in 3GPP T8 26.2%0. Such speech coding schemes per-

25 form a Linear Predictive filtering of a time-domain signal.
Such a LP filtering is derived from a Linear Prediction
analyze of the input time~domain signal. The resulting LP
filter ccefficients are then coded and transmitted as side
information. The process is known as Linear Prediction Cod-

30 ing (LBC). At the output of the filter, the prediction re-
siduél signal or prediction error signal which 1is also
known as the excitation signal is encoded using the analy-
sis-by-synthesis stages of the ACELP encoder or, alterna-
tively, is encoded using a transform encoder, which uses a

35 Fourier transform with an overlap. The decision between the
ACELP coding and the Transform Coded eXcitation coding
which is also called TCX coding is done using a closed loop
or an open iocop algorithm.



ficiency-AAC encoding scheme, which combines an AAC coding scheme and a spectral bandwidth
replication technique can 5 also be combined to a joint stereo or a multi-channel cod- ing tool which is
known under the term "MPEG surround”. On the other hand, speech encoders such as the
AMR-MB+ als@miraveoazhigh frequency enhancement stage and a stereo funci/@rromaditys73
Frequency-domain coding schemes are advantageous in that they show a high quality at low bit rates
for music sig- nals. Problematic, however, is the quality of speech sig- 15 nals at low bit rates. Speech
coding schemes show a high quality for speech signals even at low bit rates, but show a poor quality
for music signals at low bit rates. 20 Summary of the invention It is an object of the present
invention to provide an im25 proved coding concept. This object is achieved by an audio encoder of

claim 1, a method:faudigsncoding of slalm, L3-anapclo. defederelgialn k2 Misthod f audio

decoding of claim 24, a corn- 30 _puter program of claim 25 or an encoded au I of claim 26. In
e

an aspect of the pré&efitinvention 2 8n LEGE RontiBitg &SWAChEiS LB FeEdtha%Dutput of a

common scheme and a spectral bandwidth replication technique can
5 alsc be combined to a joint stereo or a multi-channel cod-
ing tool which is known under the term “MPEG surround”.

On the other hand, speech encoders such as the AMR-WR+ also
have a high freguency enhancement stage and a stereo func-
10 tionality.

Frequency-domain coding schemes are advantegeocus in that

they show a high quality at low bit rates for music sig-

nals. Problematic, however, is the guality of speech sig-
15 nals at low bit rates. '

Speech coding schemes show a high quality for speech sig-
nals even at low bit rates, but show a poor gquality for mu-~
sic signals at low bit rates.

20

Summary of the invention

It is an object of the present invention to provide an im-
25 ' proved coding concept.

This object is achieved by an audic enceder of claim 1, a
method of audio encoding of claim 13, an audioc decoder of
claim 14, a method of audio deceoding of claim 24, a com~

30 puter program of claim 25 or an encoded audio signal of
claim 26,

In an aspect of the present invention, a decision stage
controlling a switch is used to feed the output of a common
35 preprocessing stage either into one of two branches. One is
mainly motivated by a source model and/or by objective
measurements such as 3SNR, the other one by a sink model

and/or a psychcacoustic model, i.e. by auditory masking.



35 preprocessing stage either into one of two branches. One is mainly motivated by a source model
and/or by objective measurements such as SNR, the other one by a sink model and/or a
psychoacoustic model, i.e. by auditory masking. Exemplarily, one branch has a frequency domain
encoder and#he2eth@tdstanch has an LPC-domain encoder such as a speech/Ebtee/tTegy3source
model is usually the speech processing and therefore LPC is commonly used. Thus, typical preproc- 5
essing stages such as a joint stereo or multi-channél coding stage and/or a bandwidth extension stage
are commonly used for both coding algorithms, which saves a considerable amount of storage, chip
area, power consumption, etc. compared to the situation, where a complete audio encoder and 10 a
complete speech eedep ate Used foréhe same pugpose. ik acpreterred embadisrentaan audio encoder
comprise a com- Mon BraRrecessing-stage foh twechranches, whergin.a firstbranch isynainly
motivated by a sin&@tggel @gg/og S‘up%%Chz%’E) &glaciosustic lr;%gq%l, it%ebyga%dit ry rr}%slgn%,i%nd wherein
a second-branch is mainly motivated. %c%/ a'source Todel and y segmerﬁ)taﬁa R cafetiations. The

(o]

audio encoder preterabiy HERI6TE oF HorkPs\wteHiRs tar &iftching HetweEHthEdé BTARERES at inputs
into these brahchés o sutpiEdsithese2@ branchessonttsiiebby a dudisionostages In tedaudio
encoder the first bragch pseferably ineludes anpsycho. aecusticallyrbasedaudie €ncoslesand wherein

the second branch iacludss amkRC-angan SNR anahyzer. £5ilha prefesred eghadiment; an audio

decoder comprises an | orl a%%g sink bascﬁd decoding branch such as %§8ectraltg:omain decoding

. al[Roun ray Clil al &a owelr CO ump 1. LSO
branch, an information source asea déco |n8 branch such as an j"Iﬁvf’&l_-do,mal’n (?ecodlng IE‘)ranch, a

switch for switchirif befvéén tiE braridtids 8Rd &'B6RfmBn PEEREH Drédsssing REggE fora e
post-processifg adtirelidmain abeisRigitsder dbtaihfiftgla Postigrecessed Ry 8iynal. An encoded
audio signal in accordance with a further aspect of the invention comprises a first encoding branch

output 35 signal representingea fisst paition akan audio signal ehcadad iageardancewith a first
COd"KJabonﬂ"n’Hgi preprocessing stage f£or two branches, wherein a first
branch is mainly motivated by a sink model and/or a psycho-
15 acoustic modél, i.e. by auditory masking, and wherein a
second branch is mainly motivated by a source model and by
segmental SNR calculations. The audico encoder preferably
has one or more switches for switching between these
branches at inputs into these branches or ocutputs of these
20 branches controlled by a decision stage. In the audio en-
coder the first branch preferably includes a psychd acous-—
tically based audio encoder, and wherein the second branch
includes an LPC and an SNR analyzer.

25 In a preferred embodiment, an audio decoder comprises an
information sink based decoding branch such as a spectral
domain decoding branch, an information source based decod-
ing branch such as an LPC-domain decoding branch, a switch
for switching between the branches and a common post-

30 processing stage for post-processing a time-domain audio

signal for obtaining a post-processed audio signal.

An encoded audio signal in accordance with a further aspect
of the inventicn comprises_a first encoding branch output
35 signal representing a first portion of an audio signal en-
coded in accordance with a first coding algorithm, the
first ceding algorithm having an Information sink model,
the first encoding branch output signal having encoded



first coding algorithm having an information sink model, the first encoding branch output signal having
encoded - spectral information representing the audio signal; a second encoding branch output signal
representing a second portion of an audio signal, which is different from the first portion of the output

signal, the sesondpeniery be- 5 ing encoded in accordance with a second gogineagaridyn, the
second coding algorithm having an information source model, the second encoding branch output
signal having encoded parameters for the information sodrce model representing the intermediate
signal; and common pre-processing 10 parameters representing differences between the audio signal
and an expanded version of the audio signal. Brief description of the drawings 15 Preferred

embodiments of the, present inyeption are subseauently;described with respect to the attached

drawings, in WhICh 20 F| Ias a block diggram of an encodln scheme in ac cordance with a first

aspect of the presen ?mven?on Big. ; i<'8 bloCK &iAgrafd B & deESHW?Eﬁéﬁ% it actor©28dance with
the first aspect of #%& pt&&erft ﬁnv%ﬁﬁ fior g S28ik%d blotk didigram otidrf eressing sehermesn ac-
cordance with a sééand aspect of thef pidsentin30ventiona Fig. 2bis asschematic tiagran:ef a
decoding schemeiinqcenrdanrce With fhe segondaaspaat of theprasentEion: gor i thm,

the second coding algorithm having an information socurce

model, the second encoding branch output signal having en-

coded parameters for the information source model repre-

senting the intermediate signal; and common pre~processing

10  parameters representing differences between the audioc sig-
nal and an expanded version of the audio signal.

Brief description of the drawings

15
Preferred embodiments of the present invention are subse-
quently described with respect to the attached drawings, in
which:

20 Fig. 1la is a block diagram of an encoding scheme in ac-
cordance with a first aspect of the present in-
vention;

Fig. 1b is a block diagram of a decoding scheme in accor-
25 dance with the first aspect of the present inven-
tion;

Fig. Za is a block diagram of an encoeding scheme in ac-
cordance with a secend aspect of the present in-
30 vention;

Fig. 2b is a schematic diagram of a decocding scheme in
accordance with the second aSpect of the present

invention,

Fig. 3a illustrates a block diagram of an encoding scheme
in accordance with a further aspect of the pre-
‘sent inventiong



35 Fig. 3aillustrates a block diagram of an encoding scheme in accordance with a further aspect of the
present invention; W02010/003617PCT/EP2009/004873 Fig. 3billustrates a block diagram of a
decoding scheme in accordance with the further aspect of the present invention; Fig. 4aillustrates a
block diagramavithaeewitth posi- tioned before the encoding branches; Figchbittestrates’a block
diagram of an encoding scheme 10with the switch positioned subsequent to encoding the branches;
Fig. 4cillustrates a block diagram for a preferred com-iner embodiment; 15 Fig. 5a illustrates a wave
form of a time domain speech segment as a quasi-periodic or impulse-like signal segment; 20 Fig.
5bhillustrates a spectrum of the segment of Fig. 5a; Fig. 5cillustrates a time domain speech segment of
un- voiced speech as an example for a stationary and noise-like segment;

Fig. 3b illustrates a block diagram of a decoding scheme
in accordance with the further aspect of the pre-

sent invention:

5
Fig. 4a illustrates & block diagram with a switch posi-
ticned before the encoding branches:
Fig. 4b illustrates a block diagram of an encoding scheme
10 with the switch positioned subsequent to encoding
the branches;
Fig. 4c¢  illustrates a block diagram for a preferred com-—
biner embodiment:
15

rig. ba illvstrates a wave form of a time domain speech
segment as a quasi-periodic or impulse-like sig-
nal segment;

20  Fig. 5b illustrates a spectrum of the segment of Fig. 5Sa;
Fig. 5c¢ illustrates a time domain speech segment of un-

voiced speech as an example for a stationary and

noise-~like segment;

25

Fig. 5d illustrates a sgspectrum of the time domain wave
form of Fig. 5c;

Fig. 6 illustrates a block diagram of an analysis by

30 synthesis CELP encoder;

Figs. 7a to 74 illustrate voiced/unvoiced excitation sig-
nals as an example for impulse-like and station-
ary/noise~like signals;

35

Fig. Te iliustrates an encoder-side LPFC stage providing
short-term prediction information and the predic-
tion error signal;



25 Fig. 5d illustrates a spectrum of the time domain wave form of Fig. Sc; Fig. 6illustrates a block
diagram of an analysis by 30synthesis CELL' encoder; Figs. 7a to 7d illustrate voiced/unvoiced
excitation signals as an example for impulse-like and stationary/noise-like signals; 35 Fig. 7eillustrates
an encoder-siig 1dE@stage providing short-term prediction information anekthvesoedistiers error signal;
-6 Fig. 8illustrates a block diagram of a joint multi- channel algorithm in accordance with an
embodiment of the present invention; 5 Fig. illustrates a-preferred embodiment of a bandwidth
extension algorithm; Fig. 10a illustrates a detailed description of the switch 10when performing an
open loop decision; and Fig. 10b illustrates an embodiment of the switch when op- erating in a closed
loop decision mode. 15 '

Fig. 8 tllustrates a block diagram of a dJoint multi-
channel algerithm in accordance with an embodi-

ment of the present invention;

5
Pig. 9 illustrates a preferred embodiment of a bandwidth
extension algorithm;
Fig. 10a illustrates a detailed description of the switch
16 when performing an open loop decision; and
Fig. 10b illustrates an embodiment of the switch when op-
erating in a closed loop decision mode.
15

Detailed Description or Preferred Embodiments

A mono signal, a stereo signal or a multi-channel signal is

input into -a common preprocessing stage 100 in Fig.'la. The
20 common preprocessing scheme may have a joint stereo func~

tionality, a surround functionality, and/or a bandwidth ex-

tension fuhctionality. At the output of block 100 there is

a mono channel, a stereo channel or multiple channels which

is input into a switch 200 or multiple switches of type
25 200,

The switch 200 can exist for each output of stage 100, when
stage 100 has two or more outputs, i.e., when stage 100
outputs a stereo signal or a multi-channel signal. Exempla-
30 rily, the £first channel of a stereo signal could be a
speech channel and the second channel of the stereo signal
could be & music channel. In this situation, the decision
in the decision stage can be different between the two
channels for the same time instant.
35
The switch 200 is controlled by a decision stage 300. The
decision stage receives, as an input, a signal input into
block 100 or a signal output by block 100. Alternatively,



Detailed Description or Preferred Embodiments A mono signal, a stereo signal or a multi-channel
signal is input into a common preprocessing stage 100 in Fig. la. The 20 common preprocessing
scheme may have a joint stereo functionality, a surround functionality, and/or a bandwidth extension
functionality. ¥oithe @etgat of block 100 there is a mono channel, a stereo glaannekessugiiple channels
which is input into a switch 200 or multiple switches of type 25200. The switch 200 can exist for each
output of stage 100, when stage 100 has two or more dutputs, i.e., when stage 100 outputs a stereo
signal or a multi-channel signal. Exempla- 30 rily, the first channel of a stereo signal could be a speech
channel and the second channel of the stereo signal could be a music channel. In this situation, the
dﬁcision i?\ the de@ﬁ@r@ﬁi@g@bﬁﬁﬂ bejtferan h@&\gvesmﬁbedé\é@e@%n%d%{%th&%fﬂﬁaﬁmsﬂnsmt- 35
The switch 200 is ¢or ision st 3 decision, stage receives, as an input, a
signal input into b%%%%o%g’rﬁ gn%%ﬁgé%utgﬁt%%e%lggﬁgog} tggrLﬁatF\?neﬁy,Sﬁ?é %%ciss%gﬁl %g"egsoo may
also receive a side w?fq%%ﬁ%ﬁ 'i%e’i% i 51%8%31 iR the Tnéito S, FReQetas Syt of the
multi-channel sigrl &t & at- led8t @53 otiHtednd sith & Sigadls hiate informiatiorris éxisting-which was,
for ex- 5 ample, gemgrated yehner otiginalhepraducing 4hé ynoro Sigrialy the steresssighakan the
multi-channel signahdnsane embadimant the llecision staga gloes nakeqntrol the preprocessing stage
100, and the arrow between block 300 10 and 100 does not exist. In a further embodiment, the
processing in block 100 is controlled tq a certain degree by the decijsion stage 300 in order to se: one

or more parameters in Biock TU basRa on the dEGSIBI rHiE 9, KSwEVEPRofRTERLe thE general
algorithm in block ADDFES #Fat15 %hé g fhRCtiorlity iRBlock 100 idattieerésheckive 6P the
decision in stdge 306 THY déeistom stage:360 actuates thetswitche@B0dnerder tafeedtheeutput of
the common preprocessingisiage ®therLdt is controlled to a certain degree by

the decision stage 300 in order to set one or more parame-
ters in block 100 based on the decision. This will, however
not influence the general algorithm in block 100 so that
15 the main functionality in block 100 is active irrespective

of the decision in stage 300.

The decision stage 300 actuates the switch 200 in order to
feed the output of the common preprocessing stage either in
20 a frequency encoding portion 400 illustrated at an upper
branch ¢f Fig. la or an LPC~domain encoding portion 500 il-

lustrated at a lower branch in Fig. la.

In one embodiment, the switch 200 switches between the two
25 coding branches 400, 500. In a further ecmbodiment, there
can be additicnal encoding branches such aé a third encecd-
ing branch or even a fourth encoding branch or even more
encoding branches. In an embodiment with three encoding
branches, the third encoding branch could be similar to the
3a second encoding branch, but could include an excitation en-
coder different from the excitation encoder 520 in the sec-—
ond branch 500. In this embodiment, the second branch com-
prises the LPC stage 510 and a codebook based excitation
encoder such as in ACELP, and the third branch comprises an
35 LPC stage and an excitation encoder operating on a spectral
representation of the LPC stage output signal,



20 a frequency encoding portion 400 illustrated at an upper branch of Fig. la or an LPC-domain
encoding portion 500 illustrated at a lower branch in Fig. la. In one embodiment, the switch 200
switches between the two 25 coding branches 400, 500. In a further embodiment, there can be
additional eneadlingslarches such as a third encoding branch or even a feartheengeodingbranch or
even more encoding branches. In an embodiment with three encoding branches, the third encoding
branch could be similar to the 30 second encoding brahch, but could include an excitation encoder
different from the excitation encoder 520 in the second branch 500. In this embodiment, the second
branch comprises the LPC stage 510 and a codebook based excitation encoder such as in ACELP,

and the third brangh gopprises.an 35@%&8@9@@@%%9 exgitationencederoperating ona spectral
e

representation of (el b sta0s oUiput slonal, /4 keyeiment ofhe fiedueney demaln encoding
branch is a spectral conversion block 410 which'is operative to convert theé commion preprocessing

stage output signaiHito X YPBE A EETANT SFRE SpaEHAR cHNELfon BIFeR may iftIdde>8F MDCT
algorithm, a QMF & FFdealgbrithrihwavetet-analy sisngea filterbanlleslichrasg aictitioafly sampled
filterbank havihg aicertaialembeof fikerrank channets, sihereithiersubbans signalssinthissfilterbank
may be real valued signals;areampliax valdgd signals.cthe oulput,of the,spegtraliiQ gopyession block

410 is encoded u%ggﬂq%peactrgégygl% egﬁg\ggg%g, vﬂﬁcp I}@Xnigclﬁgg n@}rgfg:c,si‘gget}:lgcl%%%s known

from the AAC coding schieme, In the lower encodinsngranc% 500, a element Is an 15 source model
¥

] y
analyzer such as EBC-516, Wk Shtptlts W@?ﬁ(ﬁ& ‘ Shiidis "GRe gl arftBeSnforfivation signal
which is used for &GrtPolig BREFlEE cRaldG@ristie v Bh LPEesyrthesis filer tTRissSERCiafokmation is
transmitted tola decoderr Thenothbr 1P Q Slage Sd0muipdit signal is:261an:exeilatirnisignaher an

LPC-domain signaloudiichds dnpusintenan-gxcitation.grcogder 520: The exciiation aacogdes 20 may
come from any soyrce:filter medel encqdersuch as a CELP encoder, an ACELP encoder or any other
encoder which processes a LPC domain signal. 25 Another preferred excitation encoder
implementation is a transform coding of the excitation signal. In this embodiment, the excitation signal

is not encoded usity alPACELBCod&BEER ThEchRdii butthe eRcithfidn SihFEFREconderfdt 30 into a
spectral repre3entafisAch déespetiral YépresentatiorsvalEes §iéh agisimband Sigials fivease of a
filterbank or frequéncyleoefficiengsdi casewf atiansfbrmssuch agan FHloare ehcaded goobtain a data

compression. An igalemeniation of Hys kinghof excitatjonenceder is-the, 1 €x-eeding:3% made known

from AMP-WB+. -9,crimination and congrols the switch 2Q0.in such A way, thatmusic signals are input
into the upper brancl& 400, anges(pae?e@ch sgggls are }:nqﬂ:t énto the Iog\ie(;_ br@Qch 500, In ope,

. £ . £
embodiment, the &éemsmon.satage IS eédln its decision In- SSFoarﬁweathn into a%uoutspﬂ?%ﬁ stfeam, so that

a decoder c&? us@thi§ Hetiaon ot Mrortfer 6 petfSifi theb c8Ratt d¥8ddihg ‘ohetfions.

put into an excitation encodexr 520. The excitation encoder
520 may come from any source-filter model encoder such as a
CELP encoder, an ACELP encoder or any other encoder which
processes a LPC domain signal.

25
Another preferred excitation encoder implementation is a
transform coding of the excitation signal. In this embodi-
ment, the excitation signal i1s not encoded using an ACELP
codebook mechanism, but the excitation signal is converted

30 into a spectral representation and the spectral representa-
tion values such as subband signals in case of a filterbank
or fregquency coefficients in case of a transform such as an
FFT are encoded to obtaln a data compression. An implemen-
tation of this kind of excitation encoder is the TCX coding

35 mode known from AMR-WB+.

The decision in the decision stage can be signal-adaptive
so that the decision stage performs a music/speech dis-



Such a decoder is illustrated in Fig. Ib. The signal output 10 by the spectral audio encoder 420 is, after
transmission, input into a spectral audio decoder 430. The output of the spectral audio decoder 430 is
input into a time-domain converter 440. Analogously, the output of the excitation encoder 520 of Fig. la
is input into antexcitatian decoder 15 530 which outputs an LPC-domain sRfivEEPEHE/ERE-Homain
signal is input into an LPC synthesis stage 540, which receives, as a further input, the LPC information
generated by the corresponding LPC analysis stage 5107 The output of the time-domain converter 440
and/or the output of the LPC 20 synthesis stage 540 are input into a switch 600. The switch 600 is
controlled via a switch control signal which was, for example, generated by the decision stage 300, or
which was externaiiy. piewdesrsuchuas by arereatenef the erginad mano sigaal stewap sigaal or
multi-channel signal ;25 Theguiput of the spifch 60045 a completemong.signal Whish sy, q
subsequently, input into a commaon post-proce%sm g,ta%% 709, which m?_}[/ %eg%m a ﬁlnt stereo
processing or a bgﬁg\{fv%’th%")ggﬁsi?énaﬁ:r%cﬁggﬁlg &tc. %Iterrg‘?atlvoebfy?,rth%rgu =30 put'ofIt eSwitch could
also be a stereo sTHRAIBIETEN aMiBiItRERaMErsigharn st isH $ped Sgridi swheRithéPreprscessing
includes a channelyeduttion totwo chanmetsut cantevencbera medti-chanhnel signatjsrherea channel
reduction to three.channels osso;channaldedustiotnat alkbukhonkyoa speetakhband replication is

performed. - 10 - multi-channel.signglis.eutpus which has, when the common post-processing stage
700 performs a bandwidth extension operation, a larger bandwidth than the signal input into block 700.

5 In one embodiment, the switch 600 switches between the two decoding branches 430, 440 and 530,

540. In a further enf58dnERCIERe dan belEdddhEF dbodify bratcheesddy a8%a tirddécoding
branch or evEh a fourtihdecodingiraneki &t d Oceves avoré e coainglftanichesa s ah srhbodiment with
three decoding branghes,ithesthird«gecadiag biadeh corde bersimilar tathke secpnd decoding branch,

but could inclugle @B@@@io&%@q@ﬂggﬁQt3f(§o@gtﬁ@gﬁ@_it@tj@bdgcegﬁg5§Qn{3ghec§§@ond branch
530, 40, In this epbadinefy he.sae o1 o0 Prapeh campiises thedaC slage 240 nd. codehook

based excitation decoder s&:c asin , and the third branch comprises an LP{? staé;e and an
r 52720 {% oder

excitation decode?%&%raﬂn ofa s%le%tralpf-"ep%esseﬁgﬁgn offrie BPC 596 40 Butbut Sigral. 20 As

stated beforé>Fig>24 ilflistrated s préferfet BRCotiTtf sehérh@ iR accotdante Wt a'Secbri aspect of
the invention. Thenedmrnon ipreprocessingachéfife inYI00:frois Figt faowdbmpiises:a s@rround/joint
stereo block 101 whickegeners 25 ates;t&s an output, jeing SIBPED parameserscanciaraone atitput

signal, which is geferated by.dawnmdngdhe iaput.sigpat whighisea signal-hayving,iwe or gzore

channels. Generayxeth@iﬁligp%ggﬁe QHMIOJ(QO%&O%C@IB?'S%‘E gﬁ@gg@l having Morg-channels,
but due to thzeodownmlxmg_so functloqr_jatll of block 101, the number ofhchéadyel% aé tg%ggé%ut of block

101 will be smalleﬂﬁérl'fef &humberof ¢ aﬁﬁglslirﬁ%ﬁiﬁt%toﬂogk 0 g

600 is controlled via a switch contrel signal which was,
for example, generated by the decision stage 300, or which
was externally provided =such as by a creator of the origi-
nal mono signal, stereo signal or multi-channel signal.

25
The output of the switch 600 is a complete mono signal
which is, subsequently, input into a common post-processing
stage 700, which may perform a joint stereo processing or a
bandwidth extension processing etc. Alternatively, the out-

30 put of the switch could also be a stereo signal or even a
multi-channel signal., It is a sterec signal, when the pre-
processing includes a channel reduction to two channels. It
can even be a multi-channel signal, when a channel reduc-
tion to three channels or no channel reduction at all but

35 only a spectral band replicaticn is performed.

Depending on the specific functionality of the common post-
processing stage, & mono Ssignal, & stereo signal or a



The output of block 101 is input into a bandwidth extension 35 block 102 which, in the encoder of Fig.
2a, outputs a band- limited signal such as the low band signal or the low pass signal at its output.
Furthermore, for the high band of the signal input into block 102, bandwidth extension parameters
such as speckal2em/@lepé parameters, inverse filtering parameters, noise HOBEP2rENELETS etc. as
known from HE-AAC profile of MPEG-4 are generated and forwarded to a bit-stream multiplexer 800.
5 Preferably, the decision stage 300 receives the sigA&l input into block 101 or input into block 102 in
order to decide between, for example, a music mode or a speech mode. In the music mode, the upper
encoding branch 400 is se- 10 lected, while, in the speech mode, the lower encoding branch 500 is

selecte_d. Preferaig{ylgme@l@i)gj@m s@gﬁ,ggdiiigna_lh\tggatrgﬁit@g joint steygerplogle 1_@%@5@40r the
pandwidth extensian bigek 102de-adapt g fupglonality ot fhese blogys odhe speclfic.signal. Thus,

when thé deci- 15 sion stag[? determines that a certain time portion of the input signal is of the first
mode such as thS RUSIE Mode, thert EF8EIfiC FESTES bf bivEk 101%anth&F 6%0&1’1 cal'b& controlled
by the decision sféjg‘écéoﬁgﬁ\l’ternatively, when the decision stage 300 determines that the signal is in a
20 speech mode or, generally, in a LPC-domain coding mode, then specific features of blocks 101 and
102 can be controliedi-ace@rsaneewith Hhe desision stage autauinPepeaging endhe degision of the
switcz, whicr} cr?rhg_g&ﬁ-fl?gS g\égg!égpélg tq%§w:tgg(;0r]§n@_pgg?ign§58[ from gmfg%{%%@l g%u_rr::e sch as
a producer of the original audio, signal un- derlying. the signal input into stage , the switch switches
between the freqagﬁ%{f eefriftclzbd}tng@greanccghn4 y agnd ‘fhtelﬁﬁ%{l T ‘%’536.5 Tﬁlécf‘f‘e(i\fency

encoding Brafich
encoding branch 200736 ¢o g Spettral cohverSiBnstageddd dRgyidngseranch or

10 even more decoding branches. In an embodiment with three

*

decoding branches, the third decoding branch could be simi-~
lar to the second decoding branch, but could include an ex-~
citation decoder different from the excitation decoder 530
in the second branch 530, 540. In this embodiment, the sec-
15 ond branch comprises the LPC stage 540 and a codebook bhased
excitation decoder such as in ACELP, and the third branch
comprises an LPC stage and an excitation decoder operating
on a spectral representation of the LPC stage 540 output
signal. '
20 ‘
As stated before, Fig. 2a illustrates a preferred encoding
scheme in accordance with a second aspect of the invention.
The common preprocessing scheme in 100 from Fig. 1la now
comprises a surround/joint stereo block 101 which gener-
25 ates, as an output, joint stereoc parameters and a mono out-
put signal, which is generated by downmixing the input sig-
nal which is a signal having two or more channels. Gener-
ally, the signal at the output of bklock 101 can also be a
sigral having more channels, but due to the downmixing
30 funciionality of block 101, the number of channels at the
output of bleck 101 will be smaller than the number of
channels input intoe block 101. ‘

The output of block 101 is input intc a bandwidth extension
35 block 102 which, in the encoder of Fig. 2a, outputs a band-
limited signal such as the low band signal or the low pass
signal at its output. Furthermore, for the high band of the
signal input into block 102, bandwidth extension parameters



guently connected quantizing/coding stage 421 (as shown in Fig. 2a). The quantizing/coding stage can
include any of the functionalities as known from modern frequency-domain encoders such as the AAC
encoder. Furthermore, the quanti- 35 zation operation in the quantizing/coding stage 421 can be
controlled vigdgpsyehemeoustjc module which generates psy- choacousticEafurmationcstich as a
psychoacoustic masking - 12 - threshold over the frequency, where th s info- at on is in-put into the
stage 421. Preferably, the spectral conversion is dond lsing an MDCT 5 operation which, even more
preferably, is the time-warped MDCT operation, where the strength or, generally, the warping strength
can be controlled between zero and a high warping strength. In a zero warping strength, the MDCT

operation in blocksékthisa raight-farvard MBGT operation 10 knawa.ndhe art. . The dimg warping

strength together ME&@@&W%?Q@%MP”EQP%&%@:Qeé@:nsr%‘.}teggg%t Iptg the, Ditsiream
multiplexer 800 as sidie, Tfofnjfatiﬁn: Thgrefore, if TW-MDCT is used, time warp side information should
be sent to the bitstrean as ilfUstrated by 424%n BG4 18 aAl oh thE Hetttler Sid8 - Bire warp side

information should becRitelved o ¥ié bitSfream as illustrated by item 434 in Fig. 2b. In the LPC
encoding brahch, the LPC-domain encoder may in- 20 clude an ACELP core calculating a pitch gain, a

pitch lag and/or cedelieekinformetion &sehsasa eadahockindexand,aL£ode.gaingin he fitst coding
branch 400, a spectial converies prefr 25 grably, SOMRrises 8 spegifically ;?zg%P}%%NQﬁC_T gperation

having certain Wincdioc¥g f%réctilmgnesnfoll wed by a qluantlzatlon/.entro(g)ﬁy encoding stage which may be a
vector quantization' s a%% But preferably fs a Guaritizer/Coasr aSifdicated¥or ﬁweeeaﬁaﬂlﬁfé’ﬂcoder in the
frequency domain-Bod="80ify Branchofig:, iFREMEPEBS FREZELNY branch 400 is se-

10

lected, while, in the speech mode, the lower encoding
branch 500 is selected. Preferably, the decision stage ad-
ditidna}ly controls the fjoint sterec block 101 and/or the
bandwidth extension block 102 to adapt the functicnality of
these blocks to the specific signal. Thus, when the deci-
15 sion stage determines that a certain time portion of the
input signasl is of the first mode such as the music mode,
then specific features of block 101 and/or block 102 can be
controlied by the decision stage 300. Alternatively, when
the decision stags 300 determines that the signal-is in a
20 speech mode or, generally, in a LPC-domain coding mode,
then specific features of blocks 101 and 102 can be con-
treolled in accordance with the decision stage output.

Depending on the decision of the switch, which can be de-
25 rived from the switch 200 input signal or from any external
source such as a producer of the original audic signal un-
derlying the signal input into stage 200, the switch
switches between the freguency encoding branch 400 and the
LPC encoding branch 500. The frequency encoding branch 400
30 comprises a spectral conversion stage 410 and a subse-
guently connected quantizing/coding stage 421 (as shown in
Fig. 2a). The quantizing/coding stage can include any of
the functionalities as known from modern frequency-domain
encoders such as the AAC encoder. Furthermore, the gquanti-
35 zation operation in the quantizing/ceding stage 421 can be
controlled via a psychoacoustic module which generates psy-—
choacoustic information such as a psychoacoustic masking



Fig. 2b illustrates a decoding scheme corresponding to the encoding scheme of Fig. 2a. The bitstream
generated by bit- stream multiplexer 800 of Fig. 2a is input into a bitstream 35 demultiplexer 900.
Depending on an information derived for example from the bitstream via a mode detection block 601, a
decoder-side*gVaoli/BB01is controlled to either forward signals from the uppet/Bramdemssignals from
the lower - 13 - branch to the bandwidth extension block 701. The bandwidth extension block 701
receives, from the bitstream demultiplexer 900, sidé ikformation and, based on this side information
and the output of the mode detection 601, recon- 5 structs the high band based on the low band output
by switch 600. The full band signal generated by block 701 is input into the joint stereo/surround
processing stage 7i02s sthith revdd corstriueisiwo-sterenchantels of severaltmulii-cbannels.
Generally, block 7Qz will eytpul-more channels than were input into this block. Depending on the
application, the input into block 702 may even include two channels such as in a stereo mode and may
even include more channels as long 15 as the output by this block has more channels than the input

into this block. GENeraiy 28m excitifiorrHEE5Ha! 556'6%E 1 The HgSHthfh MSiBMeHted R Block 530 is
adapted to the cofespdhitiiy 20dgoerithreusas it bekB2Gid the éncod sideraniienstdge 431
outputs a spectruribderived fearmca fime: domain signalwbich isrGonrmeartad: it therimedgmain using
the frequency/time.convertend40, stade 530 outputs anLEQlamain signal. Thaouputdata of stage
530 is transformed k into_the timesdomain. using.an LEO synthesis stage 5 hich is
controlled via enc%%zé%-?sig(?e é%ﬁ%?g%%’ and t%né?n%%ed aLrl':E,)Cl)r} fo%qraﬁ?[% s?%l‘hgﬁ] %u%%%gugﬁt to block

540, both branch&d REVEtinE-dBrTaih infofmatiot whidk 19 BitcREEA hcdBdar kiR = 8witch

connolggnéﬁh1oﬁ%%%bﬁ%hﬂ?he art. The time warping strength together with
time warping side information can be transmitted/input into

the bitstream multiplexer 800 as side information. There-~
fore, if TW-MDCT is used, time warp side information should
be sent to the bitstream as illustrated by 424 in Fig. 2a,

15 and - on the decoder side - time warp side information
should be received from the bitstream as illustrated by
item 434 in Fig. 2b.

In the LPC encoding branch, the LPC-domain encoder may in-—
20 c¢lude an ACELP core calculating a pitch gain, a pitch lag
and/or codebook information such as a codebook index and a

code gain.

In the first coding branch 400, a spesctral converter pref-
25 erably comprises a specifically adapted MDCT coperation hav-
ing certain window functions followed by a quantiza-
tion/entropy encoding stage which may be a vector quantiza-
tion stage, but preferably is a qguantizer/coder as indi-
cated for the quantizer/coder in the freguency domain cod-

30 ing branch, i.e., in item 421 cf Fig. 2a.

Fig. 2b illustrates a decoding scheme corresponding to the
encoding scheme of Fig. 2Za. The bitstream generated by bit-
stream multiplexer 800 of Fig. Z2a is input into a bitstream
3% demultiplexer 900. Depending on an information derived for
example from the bitstream via a mode detection block 601,
a decoder~side switch €00 is contrelled to either forward

signals from the upper branch or signals from the lower



30 obtain an audio signal such as a mono signal, a stereo signal or a multi-channel signal. The switch
200 has been shown to switch between both branches so that only one branch receives a signal to
proc- 35 ess and the other branch does not receive a signal to proc- ess. In an alternative
embodimentWidwiewetéihe switch may also be arranged subsequent to foP€Xafplesthdssadidio en-
coder 420 and the excitation encoder 520, which means that both branches 400, 500 process the
same signal in parallel. In order to not double the bitrate, however, only the signal output by one of
those encoding branches 400 or 500 is selected to be written into the output bitstream. The deci- 5
sion stage will then operate so that the signal written into the bitstream minimizes a certain cost
function, where thereestrfunetien canbeiiie generateashitrate bs dhe generated perseptusdidistortion or

a combined rate/digtortian £ost,iunction Theefere,Lither g thigypods or in-the, 10 mede llustrated in
the Figures, the decision sfage can also operate in a cloged,loop mode in order, to make sure that,

finally, only the er?codfreié branch output Is written into the bitstream which has for a given perceptual

distortion the lowd& it ate 3K foF e gifet Bitrat8f hdd the s fowdst PerdaptulldistoRtisit Generally,
the processing in branct 400-sea pradessingdn aredeption Based modetbEinfarfizition Bink model.
Thus, this branch ¢radels thechuman auditory system receiving 20 sound. Contrary thereto, the
processing in branch 500 is to generate a signal in the excitation, residual or LPC domain. Generally,

the processing in pﬁancpﬁgotl)ség rggeg%ifg igna §_Qgggh 1gg{oqjelloor am@{orﬂatilorp g%n%rg{ign model.
For speech signals, this models a model of the human 25 speecﬁ]/'\sound %eneraﬁon system

generating sound “tehoWwelér, 2 €5Gd Fromd BifePer S5 ce%ehitify d Uiffer&ht-SSurid generation
model is to B enésded thehsthé Yo Gessing irFBrTdh 500 InaiPlE Hifferent B30 AlBdEghFigs. la
through 2b are illustrated Hisyblobk aidgrafi®s ofidi apparatus,these figaresdimutfaneouslyare an
illustration of a methed: whete thenblock furetionadiiescottespand e the-piethad steps. 85Fig. 3a

illustrates an audigengoder far gepefating an.encqded aydio signalat an.output ofthe, fitst encoding
branch 400 and a_second encodingdbranch 500. FurthermO{e the encod%d aud{o si&naﬂ(preferably
m and ] ng

. . in a sg?xeo & may even incilide wmoreé channe
includes side informa- -15 - : ‘ .
15 as the output by this block has more channels than the 1in-

put into this block.

Generally, an excitation degoder 530 exists. The algorithm
implemented in block 530 is adapted to the corresponding
20 algorithm used in block 520 in the encoder side. While
stage 431 outputs a spectrum derived from a time domain
signal which is converted into the time-domain wusing the
frequency/time converter 440, stage 530 outputs an LPC-
domain signal. The output data of stage 530 is transformed
25 back inte the time-domain using an LPC synthesis stage 540,
which i1s controlled via encoder~side generated and trans-
mitted LPC information. Then, subseguent to block 540, both
branches have time-domain information which is switched in
accordance with a switch control signal in order to finally
3¢ obtain an audio signal such as a mono signal, a stereo sig-

nal or a muiti-channel signal.

The switch 200 has been shown to switch between both
hranches so that only one branch recelves a signal to proc-
35 ess and the cother branch dces not receive a signal to proc-—
ess. In an alternative embodiment, however, the switch may
also be arranged subsequent to for example the audio en-
coder 420 and the excitation encoder 520, which means that



tion such as pre-processing parameters from the common pre-processing stage or, as discussed in
connection with preceding Figs., switch control information. 5 Preferably, the first encoding branch is
operative in order to encode an audio intermediate signal 195 in accordance with a first coding
algorithm, wiépe#ttigesfirst coding algorithm has an information sink moddfCTREHEYEHEGding branch
400 generates the first encoder output 10 signal which is an encoded spectral information
representation of the audio intermediate signal 195 Rdrthermore, the second encoding branch 500 is
adapted for encoding the audio intermediate signal 195 in accordance 15 with a second encoding
algorithm, the second coding algorithm having an information source model and generating, in a first
encoder output sigbak encasdacpararnetersdop the §formabion:seureednedel representiag the
intermediate audio signal. 20;:the audig.gneader furiharmare compeses the.£epega preprocessing
stage for pre-procesEngl%n&qu;o mggt %9”%&»,%% eto grpé%lg ithe uz%!g Cg%esrmgdjdatg Si %I %%5.
Specifically, the cOmmon ﬁare-pro%ecs)smg Stage 1S operative t6 2 ‘process the audio ggut signal 99 so

that the audio intetfigtiaisigmaba 95¢ 1 B e SR ut BT the tonmdhsientélesdihg dl§6rthm is a
compressed Versiohcof theé agrliosinput sSigeral. 3oeAprefered thethod!lof aadmrencodind fermgenerating

an en- coded audim signaheCamMpsisessa siemokensedng-4@Q aimado dio intexmediate signal 195 in
accordance with g fiest cod: ing algqrithm._the first geding-algerithmhaving andpfars mafign sink model
and generating, in_a first outgytgi rll,%lls :{esntcod d spectral irgormation re E%Sﬁd‘}_tisr&thte audio signal;

e ,
.a ed e orrion oY, a combIined ¥ 1ign
a step of encoding 500 an audio intermediate S|gnalr1295r|n accordance with a secon coéing

algorithm, the secoffitcotH5§ HforithAFREYRT an RtdiRatio sourcE mBuF alfd géfert ¢

10 mode dillustrated in the Flgures, the decision stage can
also operate in a closed loop mode in order to make sure
that, finally. only the encoding branch output is written
into the bitstream which has for a given perceptual disteor-
tion the lowest bitrate or, for a given bitrate, has the

15 lowest perceptual distortion.

Generally, the processing in branch 400 is a precessing in
a perception based model or information sink model. Thus,
this branch models the human auditery system recelving
20 sound. Contrary thereto, the processing in branch 500 is to
generate a signal in the excitation, residual or LPC do-
main. Generally, the processing in branch 500 is a process-
ing in a spsech model or an informaticn generation model.
For speech signals, this model is a medel of the human
25 speech/sound generation system generating sound. If, how-
ever, a sound from a different source requiring a different
sound generation model is to be encoded, then the process-

ing in branch 500 may be different.

30 Although Figs. 1z through 2b are illustrated as block dia-
grams of an apparatus, these figures simultaneously are an
illustration of a method, where the block functionalities
corréspond to the method steps.

35 Fig. 3a illustrates an audio encoeder for generating an en-
coded audie signal at an output of the £first enceoding
branch 400 and a second encoding branch 500. Furthermore,

the encoded zudio signal preferably includes side informa-



- 16 - ating, in a second output signal, encoded parameters for the information source model
representing the intermediate signal 195, and a step of commonly pre-processing 100 an audio input
signal 99 to obtain the audio intermediate sig- 5 nal 195, wherein, in the step of commonly
pre-processivgthd Eisdioinput signal 99 is processed so that the audio inteFAYEEat8/Ei¢pTal 195 is a
compressed version of the audio input signal 99, wherein the encoded audio signal includes, for a
certain portion of the audio signal either 10 the first-obfput signal or the second output signal. The
method preferably includes the further step encoding a certain portion of the audio intermediate signal
either using the first coding algorithm or using the second coding algorithm or encoding the signal

ulsing_ Eoth als?]oritbm?arméeat- 18 pdgﬂijggiQ&fbsgghgge%aigaﬁ%leﬁbfr t@@ofﬁsum; _ﬂl%ﬂfi%r?%ding "
algorithm or the result of the second coding algorithm. Generally, the audio encoding a Wnt m used in
the first 20 encocﬁn b%nch 40% %flects%ﬁd m’odefs t égscftuation ir"'i~ %n %u ic? é;fn o.mTh‘é%)Hk of an

audio informatiorPis 6= gl 15 haniah &8P R Hithan RErEEH B8 Mmodelled as a frequency

analyser. Therefore, the first encoding branch outputs encoded spectral information. Preferably, the 25
first encoding brafichiferiermore naclides a psychoacousrticnhodel fopadditionally applying a

psychoacoustic raask-tag diesheldad hispsychoaceustie masking daesholskis ; used:bly; the
quantization is 3Qitigpnoige, g infrogyced valugswhich ate udden threshold. e first
coding algorithm has an information sink model. The first
encoding branch 400 generates the first encoder output
10  signal which 1s an encoded spectral information represen-
tation of the audio intermediate signal 185.

Furthermore, the second encoding branch 500 is adapted for
encoding the audioc intermediate signal 1%5 in accordance

15 with a second encoding aligorithm, the second coding algo-
rithm having an information source model and generating,
in a first encoder output signal, encoded parameters for
the information source model representing the intermediate
audio signal.

20
The audio encoder furthermore comprises the common pre-
processing stage for pre-processing an audio input signal
99 to obtain the audio intermediate signal 195. Specifi-
cally, the common pre-processing stage 1is operative to

25 process the audico input signal 99 so that the audio inter-
mediate signal 185, i.e., the output of the c¢ommon pre-
proceéssing algorithm is a compressed version of the audio
input signal.

30 A preferred method of audioc encoding for generating an en-
coded audio signal, comprises a step of encoding 400 an au-
dio intermediate signal 195 in accordance with a first cod-
ing algorithm, the first coding algorithm having an infor-
mation sink model and generating, in & first output-signal,

35 encoded spectral information representing the audio signal;
a step of encoding 500 an audic intermediate signal 185 in
accordance with a second coding algorithm, the second cod~

ing algorithm having an information source model and gener-



values where, preferaperformed such that a quantize-by quantizing the spectral audio below the
psychoacoustic masking The second encoding branch represents an information 35 source model,
which reflects the generation of audio sound. Therefore, information source models may include a
speech modé&vwvbithvigsséeflected by an LPC stage, i.e., by by subsequentlygracessingitie LPC
residual signal, i.e., the excitation signal. Alternative sound source models, however, are sound source
models for representing a certain instrument or any oter sound generators such as a 5 specific sound
source existing in real world. A selection between different sound source models can be performed
when several sound source models are available, based on an SNR calculation, i.e., based on a

calculation, which:ef the saurce w& thethest ogmmiﬁ,a,bl%ﬂymdﬁag @ﬁg@gggtaiﬁotj;me portion
and/or frequency portiqn of an.aydio signal. P r%ﬁ%ﬁé@'yr%%%{t the switeh between gngoding

branches is performed in t ime dgmain, j.e., that a certain time portion is encoded using one model
P i the fime do n

and a certain différent time poftio?“lno the ﬁ’:ﬁéara‘gméO |at%gswf8?1% i 86@5858%%%@ theogth% encoding

branch. InformatiGH $bRiréERHbdeRardirepteSEntdtf By tertiin 4 ramdte f&REGaIfing tHe speech
model, the parametersidre. L RCparametens ahidecosiethexcitatiompandmeters; wherea 20nigmodern
speech coder sucthas AMRWEipiscconsigered sdhe AMRIAEB: eamprises.an AGELRengoder and a
TCX encoder. In thig case. the coded.excitaiign parameiars.can be global ggin, pojsg.flaer. and

variable length co es. %? %@”gria'!qfaf‘” ér}iforr‘gggonisnourge rrge%%elg é/y:gll gﬂg\l{v theiser'ltgrig %1‘1 a parameter
set which reflects the orlgplnal audio signal‘very efficient y.el'here?ore, the ou?pu‘? of the second

encoding branch Wit B&Sencotfedar&meters fBP fite ifofmatidi sattde nsdérehréseitivg the audio
intermedi- 3b4te sighalf Hig3willtstratesignrtoder chwesporming ithaiencddazl. The

method preferably includes the further step enceding a cer-
tain portion of the audio intermediate signal either using
the first coding algorithm or using the second coding algo-
rithm or encoding the signal using both algorithms and out-
15 putting in an encoded signal either the result of the first
coding algorithm or the result of the second coding algo-

rithim,

Generally, the audio encoding algorithm used in the first
20  encoding branch 400 reflects and models the situation in
an audio sink. The sink of an audio information is nor-
mally the human e¢ar., The human ear can be modelled as a
frequency analyser. Therefcre, the first encoding branch
outputs encoded spectral information. Preferably, the
25 first encoding branch furthermore includes a psychoacous-
tic model fof additionally applying a psychoacoustic mask-
ing threshold. This psychoacoustic masking threshold 1is
used when gquantizing audio spectxal wvalues where, prefera-
bly, the quantization is performed such that a guantiza-
30 tion noilse is introduced by guantizing the spectral audio
' values, which are hidden below the psychoacoustic masking
thresheld. |

The second encoding branch represents an information
35 source model, which reflects the generation of audio
sound. Therefore, information source models may include a
speech model which is reflected by an LPC stage, i.e., by
transforming a time domain signal inteo an LPC domain and



illustrated in Fig. 3a. Generally, Fig. 3b illustrates an audio decoder for decoding an encoded audio
signal to ob- 35 tam n a decoded audio signal 799. The decoder includes the first decoding branch 450
for decoding an encoded signal encoded in accordance with a first coding algorithm having an
information sk mMudEReThe audio decoder furthermore - 18 - includes a SREURB28€EGERT branch 550
for decoding an encoded information signal encoded in accordance with a second coding algorithm
having an information source model. The audio decodér furthermore includes a combiner for corn- 5
bining output signals from the first decoding branch 450 and the second decoding branch 550 to obtain
a combined signal. The combined signal which is illustrated in Fig. 3b as the decoded audio
intermediate signaly628:isskxputintova ponrmen post precassing stageitar postpeacessirg 10 the
decoded audio intexmediate signalk699; wiigh is the combined sighal output bythe.ggmbiner 600 so
that an output signgl, e cammon presprosessing iageJs an expandedersion of the gombined

signal. Thus, the decoded audio signal 799 has an enhanced information content corn- 15 pared to the

decoded audio int%arﬁ{é_d?a’fgtsifﬁﬁlﬁ G T h?snﬁﬂfo?%%nsé&b S%?P%rﬁ%%ﬁedsﬁf?neaépnﬁmon post
processing stage fRftFthe-ReporprefsdstiitotessihgFardteterstwhithian He (it from an
encoder to a decdasryeswhithicanr betdesveddronvthe decoadel audizin- 28 tepmethates=signal itself.

Preferably, howevgal-preipost-piocessing parameiersate yansmittegkiroanhan engeder toLa decoder,

since this procedie allpws. andmproyed quality of the decgded audio signal, 25 Kig; 4g and 4b
illustrate two dlffe%%nt embodlmentg,, yvhlch differ |t£13the positioning okf)ihe %Wltch 200, In FI%. 4a, the
i & moge est one sullabie e I

switch 200 is (gosi onea%ue%\?v%en an o“f’j'gpj'ust of the Zormmon pre-process[ngofta 3%%% nput of the
two encoded brarfches?400, 50, FRF Eig M 8MItimertirakes Bare-tRi 30Tthahuwidisiynal is input

into a single encodirybianchreilyrahdthe bthervencodihg brarick; which: iserot comnedted to the
output of the commampre-pracessing Stagedoes naheperate arthrtherefore, ¢s switeched off or is in a

sleep mode. This egbadimentis pietarable inthatdbe3b nenractivecRcRAINg Hangh does not
consume power apg;computational resquregs which is usefil fqr,mokyle anplications in pagticular,

which are b t%ery-gowere and, therefore, have the gjener | limitation of power consumption. - 19 - On

the other hahtl, h6WEVEF e Fi3? 4b"émBoifhe it H&Y BE >Z2nch-

Information source models are represented by certain pa-
rameters. Regarding the speech model, the parameters are
LPC parameters and coded excitation parameters, when a

20 modern speech coder such as AMR-WB+ 1is considered. The
AMR-WB+ comprises an ACELP encoder and a TCX encoder. In
this case, the coded excitation parameters can be global
gain, nolge floor, and variable length codes.

25 Generaliy, all information source models will alliow the
setting of a parameter set which reflects the original au-
dio signal very efficientliy. Therefore, the output of the
second encoding branch will be encoded parameters for the
information source model representing the audio intermedi-

30 ate signal.

Fig. 3b illustrates a decoder correspoending to the encoder
iliustrated in Fig. 3a. Generally, Fig. 3b illustrates an
audio decoder for decoding an encoded audio signal to ob-
35 tain a decoded audic signal 799. The decoder includes the
first decoding branch 4530 for decoding an encoded signal
encoded in accordance with a first coding algorithm having
an information sink model. The audio decoder furthermore



preferable when power consumption is not an issue. In this embodiment, both encoding branches 400,
500 are active all 5 the time, and only the output of the selected encoding branch for a certain time
portion and/or a certain frequency portion is forwarded to the bit stream formatter which may be
implemented™&3 24 15it&¥&am multiplexer 30C. Therefore, in the Fig. 4b enfoulfeif/ Hdef*encoding 10
branches are active all the time, and the output of an encoding branch which is selected by the
decision stage 300 is entered into the output bit streatd, While the output of the other non-selected
encoding branch 400 is discarded, i.e., not entered into the output bit stream, i.e., the 15 encoded
audio signal. Fig. 4c illustrates a further aspect of a preferred de- coder implementation. In order to
avoid audible artefactsispeciticalbcinrihedittationg inbvdiet the first decoden 20rig astimeraliasing

generating decodgr @ genefalivstated a freguensy dorpain degeder-and dhe seepnd decoder is a time
domain device, the Igoatr%g{% eté/\i%%_r} P{%%(shoar Jg?lrge% ;;?U%Uéob_ g@ig%st ggg}%%%r ‘%n%%%@q the second

Q .
decoder 550 shoulgl not tinuous, specifically in a switching situation. Thus, when the first

e fully co
block of the first detodRr 450 ge&?t‘b'%f aht” WHET T the SUEEUeht TTE Bofor. ™ bigdk of the
second deco8er i§bripat, RUSHtEfetretl B erforpi acto s fadihg dperdion asTrsHatdd By cross
fade block 607. Terthis®ernd, theonassdadedilogk 806(F migiit besimplemented ascilusirated in Fig. 4c

at 607a, 607b and 6§7¢) Eaghrangh might baye auweighter having anweighting fagtorm| between 0
and 1 on the normglized sgale, where the weighting factor can yary.as indicajed in.the,plot 609, such a

cross fading rule makes 35 sure that a continuous and smooth cross fading takes place which,

additionally, assufe¥ thaf a GREFHI RSEHerBev e ISLdRERE Y afigfions 5L o6 iy caRalinstances,
the last blockf thé firsE@ieedtier 4l Genef&etesihgtd wihdoid Wwhefd theRiridow!dctli&fy performed
a fade out of this blogki wrethisicase, the weighting fastorambiinblock®B0 7ristéguiialdo koahd, actu- 5
ally, no weightingzatiall 43 sequired: fot itlis braneh. \Whenpa switchifigmdhe secand dacader to the first
decoder takes plage, and whea the seeond, decoder includesa windewwhich actually Jadgs out the
output to the end of the, 10 black, then the weighter indicated with e would,not be regyired or the
weighting parameter can be’set to 1 throughout the whole cross fa |n% region. )
i5 pared to the decoded audic intermediate 3sighal 6399. This
information expansion is provided by the common post proc-
essing stage with the help of pre/post processing parame-
ters which can be ({ransmitted from an encoder te a de-
coder, or which can be derived from the decoded audio in-
20 termediate signal itself. Preferably, however, pre/post
processing parameters are transmitted from an encoder to a
decoder, since this procedure allows an improved quality

of the decoded audio signal.

25 Fig. 4a and 4b illusgtrate two different embodiments, which
differ in the positioning of the switch 200. In Fig. 4a,
the switch 200 is positioned between an ocutput of the com-
men pre-preocessing stage 100 and input of the two encoded
branches 400, 500, The Fig. 4a embodiment makes sure that

3¢ the audio signal is input into a single enceding branch
only, and the other encoding branch, which is not con-
nected to the output of the common pre-~processing stage
does not operate and, therefore, is switched off or is in
a sleep mode. This embodiment is preferable in that the

35 non-active encoding branch does not consume power and com-
putational resources which is useful for mobile applica-
tions in particular, which are battery-powered and, there-

fore, have the general limitation of power consumption.



When the first block after a switch was generated using a 15 windowing operation, and when this
window actually performed a fade in operation, then the corresponding weighting factor can also be
set to 1 so that a weighter is not really necessary. Therefore, when the last block is windowed in order
to fade out byheodeteder and when the 20 first block after the switch is widdgiweeissing’the decoder
in order to provide a fade in, then the weighters 607a, 607b are not required at all and an addition
operation by adder 607c is sufficient. 25 In this case, #8e fade out portion of the last frame and the
fade in portion of the next frame define the cross fading region indicated in block 609. Furthermore, it
is preferred in such a situation that the last block of one decoder has a certain time overlap with the
first block of 30 the other decoder. If a cross fading operation is not required or not possi- ble or not

desired, and if only, 2 bad spiieh fram e dee gader g he,ather ecogr s nare. |Lis preferred o 35
perform such a switch in silent passages o the audio Sig- naf[ or at least In passages of the audio

signal where ther& & ot Bty 8., WHIEH ar& beriBivEd to'e BReAlor 8MGst difent Preferably, the
decision stage 30070024 ingssureRIarsIRICAR Erdbsdintentthat fiYe switeh200 reddlyeactivated when
the corresporiding:time portion winichdollows the switghi event has«aneriergyadhiehis;dangxample,
lower than the megp:eRergy&f the audio-signal and iscedireferably, ipwey than-bOv ofkthe mean
energy of the audig,signal related {0, tor example ;wo qr.evgn.mgee tipe partjonsiirames, of the audio

signal. Preferably, the sécond encqding rule/decoding rule is an 10 LPC-hased coding algorithm. In
LPC-based speec‘ﬁ é“gg’inaf‘g differePintioR Bt (fua]%%- efiodic ;lnmﬁlbllsgﬂﬁgeeé{ﬁﬁta%i% “signal
segments or signal'FoitibREE andifbisélike xcitatioftsigh jhehts or SRjral pYicoAs 1€ made. 15
Quasi-periodi¢ impulseclke excitation sSignal seghhentsiie., sigal$egmentsthavihgsa specific pitch
are coded with differeptnechanismsrthan naise-dike exeitabion signals.c\Mhilerquasigperiogic
impulse-like excitation. signals are connested {o.yeiced-sprechnoigeike sigrals.argse-o ¢

the other non-selected encoding branch 400 is discarded,

i.e., not entered into the output bit stream, 1i.e., the

15 enceoded audio signal.

Fig. 4c¢ illustrates a further aspect of a preferred de-
coder implementaticn. In order to avoid audible artefacts
specifically in the situation, in which the first decoder
20 1s a time-aliasing generating decoder or generally stated
a frequency domain decoder and the second decoder is a
time domain device, the boarders between blocks or frames
ocutput by the first decoder 450 and the second decoder 550
should not be fully continucus, specifically in a switch-
25 ing situation. Thus, when the first bleck of the first de-
coder 450 is output and, when for the subsequent time por-
tion, a block of the second decoder is output, it 1s pre-
ferred to perform a cross fading operation as illustrated
by cross fade block 607. To this end, the cross fade block
30 607 might be implemented as illustrated in Fig. 4c at
607a, 607p and 607c. Each branch might have a welghter
having & welighting factor my between 0 and 1 on the nor-
malized scale, where the weighting factor can vary as in-
dicated in the plot 608, such a cross fading rule makes
35 sure that z continuous and smooth c¢ross fading takes place
which, additionally, assures that a user willi not perceive

any loudness wvariaticns.



20 lated to unvoiced speech. Exemplarily, reference is made to Figs. 5a to 5d. Here, quasi-periodic
impulse-like signal segments or signal por- tions and noise-like signal segments or signal portions are
25 exemplarily discussed. Specifically, a voiced speech as il- lustrated in Fig. 5a in the time domain
and in Fig. 5Wihahe/fpéeniency domain is discussed as an example for a qt@bEfeHsdietsitipulse-like
signal portion, and an unvoiced speech segment as an example for a noise-like signal por- 30 tion is
discussed in connection with Figs. 5¢ and 5d. Spe&ctf an generally be classified as voiced, unvoiced,
or mixed. Time-and-frequency domain plots for sampled voiced and unvoiced segments are shown in
Fig. 5a to 5d. Voiced speech is quasi periodic in the time domain and harmoni- 35 cally structured in
the frequency domain;avhite wnvaicesspeed isxandos-like aned khroadband ilnsadditendthe energy of

voiced segments s gengrally higher {aan heengraygf unvpiced segmentsaThe sheritime spectrum

OfvomedSpeeChperformaﬂ a fade out of this block. In this case, the

welghting factor my in block 607a is egual to 1 and, actu-
5 ally, no welghting at all is reguired for this branch.

When a switch from the second decoder to the first decoder
takes place, and when the sescond decoder includes a window
which actually fades out the output to the end of the
i0 block, then the weighter indicated with “mg” would not be
required or the weighting parameter can be sst to 1

throughout the whole cross fading region.

When the first block after a switch was generated using a

15 windowing operation, and when this window actually per-
formed a fade in operation, then the corresponding weight-
ing factor can also be set to 1 so that a weighter is not
really necessary. Therefore, when the last block 1s win-
dowed in order to fade out by the decoder and when the

20 first block after the switch 1s windowed using the decodex
in order to provide a fade in, then the weighters 607a,
607b are not reguired at all and an addition operation by
adder 607c is sufficilent. '

25 In this case, the fade out portion cof the last frame and
the fade in portion of the next frame define the cross
fading region indicated in block ©60%. Furthermore, it 1is
preferred in such a situation that the last block of one
decoder has a certain time overlap with the first block of

30  the other decodsr.

If & cross fading operation is not required or not possi-
ble or not desired, and if only a hard switch from one de-
coder to the other decoder 1s there, it is preferred to
35 perform such a switch in silent passages of the audio sig-
nal or at least 1in passages of the audio signal where
there is low enerqy, i.e., which are perceived to be si-
lent or almost silent. Preferably, the decision stage 300



- 22 - is characterized by its fine and foment structure. The fine harmonic structure is a consequence
of the quasi-periodicity of speech and may be attributed to the vibrating vocal chords. The formant
structure (spectral envelope) 5 is due to the interaction of the source and the vocal tracts. The vocal
tracts consistf tiierpharynx and the mouth cavity. The shape of the spectrate2nveliapetbat "fits” the
short time spectrum of voiced speech is associated with the transfer characteristics of the vocal tract
10 and the spectral tilt (6 dB /Octave) due to the glottal pulse. The spectral envelope is characterized
by a set of peaks which are called formants. The formants are the resonant modes of the vocal tract.
For the average vocal tract there are three to five formants below 5 kHz. The ampli- 15 tudes and

locations of the first threesformants:rusually@esurrag below:3 kiHz atg guite important hoth, in speech
synthesis and pergepiipn. SoheormaaRts e, Alsadmeqiant (glvids hand, and pivoiged speech

representations. The properties.of speech are related to the physical speec production system as
P properties.of speech arg

Sech is prodiiced by exXeiting the Vo A6t with GliasfpefiSliciolaL &ir pulses

follows. Voiced speégc | )
generated by the ¥tafing V8Bal BhHordie Fhesrédidencylof e perisdie palsesis refedred 2o as the
fundamental frequerdye oelpiteh. Urweoicethspeéth i praduced:by 25 farcingedir throughica éonstriction

in the vocal tract. Nagal sowsis-ace due tgshe acanstis, coupling.ofshenasal draet 1@ the vocal tract,

and plosive sounds gre prodrced by abiptlyseleasipg the air pressure which was built up behind the
closure in the tract. 30 Thus, a noise-like portion of the audio signal does not show an impulse-like

time-domain structure nor harmonic frequency-domain structure as illustrated in Fig. Sc and in Fig. 5d,
which is different From TR tAsi-HERodiE 7195 BUREIKE paHibh 4§ IRistRsted fdreexipE in Fig. 5a
and in Fig.5b? As Wit bergatlineddates onl drowdver; the difféfehtiatioh betwebdn noisenlike portions and
quasi- periodic impuisediketportions canalsebe phserved afteria - 23-ullPE-foribe exeitation signal.
The LPC is a methggdiwhichimedelsshenocal tract and-extracts-from the signal the gxeitation of the

vocal tracts. excitation signal segments or signal portions, is made.

15  Quasi-periodic impulse-like excitation signal segments,
i.e., signal segments having a specific pitch are coded
with different mechanisms than noise-like excitation sig-
nals. While quasi-periodic impulse-like excitation signals
are connected to voiced spesech, noise-~like signals are re-

20 lated to unvoiced speech.

Exemplarily, reference is made to Figs. 5a to 5d. Here,
quasi-periodic impulse-like signal segments or signal por-
tions and noise-like signal segments or signal portions are
25 exemplarily discussed. Specifically, a voiced speesch as il-
lustrated in Fig. Sa in the time domain and in Fig. 5b in
the freguency domain is discussed as an exanple for a
quasi-periodic impulse~like signal porticn, and an unvoiced
speech segment as an example for a noise-like signal por-
3¢ tion 1is discussed in connection with Figs. 5c¢ and 5d.
Speech can generally be classified as voiced, unvoiced, or
mixed. Time-and-frequency domain plots for sampled voiced
and unvoiced segments are shown in Fig. 5a to 5d. Voiced
speech 1s quasi periodic in the time domain and harmoni=-
35 cally structured in the freguency domain, while unvoiced
speed 1s random-like and broadband. In addition, the energy
of voiced segments is generally higher than the energy of
unvoiced segments. The short-time spectrum of voiced speech



5 Furthermore,quasi-periodic impulse-like portions and noise-like portions can occur in a timely
manner, i.e., which means that a portion of the audio signal in time is noisy and another portion of the
audio signal in time is quasi-periodic, i.e. tonal. Alternatively, or additionally, 10 the characteristic of a
signal can béxdifferentiadifferent frequency bands. Thus, the determinatiddiiFethentisaudio signal
is noisy or tonal, can also be performed frequency-selective so that a certain frequency band or
several certain frequency bands are considered tob@%oi“sy and 15 other frequency bands are
considered to be tonal. In this case, a certain time portion of the audio signal might include tonal
components and noisy components. Fig. 7a illustrates a linear model of a speech production 20
system. This systeém assurnesactve-stage exciatioms.eswad imprisertraindfonvoiced speech as
indicated in Fig. 7g; and @arandom-naise for yrwvoiced spegch-as,indicated,in Rige7d. Jhe;vocal tract is
modelled as an all-pole filter .70 which processes pulses or noise.of Fig. 7¢ or Fig. 7d, gen- 25 crated
by thefl glottal mo%% %%Zgll%etgll-%?blg ?P%%%CPer%’d%cf“ﬁ%’n%?% fc'?r%rr;tsc-f-E ?B‘étag %a§8a§§ %f ‘élsbr%gﬁ number of

two-pole resonatdra%eprE8en ity Hire forhBfitd °FAE YoftamBHEF s reiRestntdd S8R EAI5Dble low-pass
filter, and thedip- tadigtioh niedel 74 istrdresehtethbyE (23114 Finally, arg0 sgectrabeartection
factor 76 is includeckto-ecompersate fanthe tewskequencyseffects afiihe phghenpolesadin individ- ual

speech representadigps the-spegiral gprzectignds omi- tedand fae Orahthedipsadiation fanster
function is es- “fits” the short time spectrum of volced speech is associ-
ated with the transfer characteristics of the vocal tract
10 and the spectral tilt (6 dB /Octave) due to the glottal
pulse. The spectral envelope is characterized by a set of
peaks which are called formants. The formants are the reso-
nant modes of the vocal tract. For the average vocal tract
there are three to five formants below 5 kHz. The ampli~
15 tudes and locations of the first three formants, usually
occurring below 3 kHz are guite important both, in speech
synthesis and perception., Higher formants are alsc impor-
tant for wide band and unveiced speech representations. The
properties of speech are related to the physical speech
20  production system as follows. Voiced speech is produced by
exciting the vocal tract with gquasi-periodic glottal air
pulses generated by the wvibrating wvocal chords. The fre-
quency of the periodic pulses is referred te as the funda-
mental frequency cor pitch. Unvoilced speech is produced by
25 forcing alr through a constriction in the vocal tract. Na-
sal sounds are due to the accustic coupling of the nasal
tract to the vocal tract, and plosive sounds are procduced
by abruptly releasing the air pressure which was built up
behind the closure in the itract.
3¢
Thus, a noise-like portion of the audio signal does not
show an impulse-~-like time-domain structure nor harmonic
frequency-domain structure as illustrated in Fig. 5¢ and in
Fig. 5d, which is different from the quasi-periodic im-—
35 pulse-~like portien as illustrated for example in Fig. b5a
and in Fig.b5b. As will be outlined later on, however, the
differentiation Dbetween noise~like portions and quasi-

pericdic impulse-like portions can also be observed after a



sentially cancelled by one of the glottal poles. Hence, the 35 system of Fig. 7a can be reduced to an all
pole-filter model of Fig. 7b having a gain stage 77, a forward path 78, a feedback path 79, and an
adding stage 80. In the feedback path 79, there is a prediction filter 81, and the whole - 2 -
source-modéVsyhithésiss Bystem illustrated in Fig. 7b can be represented UBHTJEPHOM#AHM Ruinctions as
follows; S(z)-g/(1-A(z)).X(z), 5 where g represents the gain, A(z) is the prediction filter as determined
by an LPC analysis, X(z) is the excitation signal, and 5 z) is the synthesis speech output. 10 Figs. 7c
and 7d give a graphical time domain description of voiced and unvoiced speech synthesis using the
linear source system model. This system and the excitation parameters in the above equation are
unknown and mustroe deternired:froint atfinite setpfaspeethesaniples.sThe ceefficients 15rof A(z) are

obtained using a linearpredictian analysis of the inputisignakard anquastizatien of he filer
coefficients. In a p:h order forward lingar.pregictor, the present sample of the speech sequence is

predicted from a linear combination of p passed samples. The predictor coeffi- 20 cients can be
determined by well-known algorithms such as the Levinson-Durbin algorithm, or generally an
autocorrelatioh m&HJd*8FaetlectiGhAfethBE: ThelGuantizBton o theobtdRE8 et coéffitients is
usually performed by semultistagervectos quaintizationin the LEEF-Oorgithe 1SRP28 dormain. Fig. 7e
illustrates a more getaiednsnplementatian of anikRCanalysis dlack suichas 5140 of fig. lasThe audio

sig- nal is input m;gbgbfg,tegggteg%@gggn E%\gglcgfie&g&) termines, %fé]ﬁer information A(z). This

information is
guasi-periodic, i1.e. tonal. Alternatively, or additionally,

10  the characteristic of a signal can be different in differ-
ent frequency bands. Thus, the determination, whether the
audioc signal is noisy or tonal, can alsc be performed fre-
quency-sglective so that a certain frequency band or sev-
eral certain fregquency bands are considered to be noisy and

i5 other freguency bands are considered to be tonal. In this
case, a certain time portion of the audio signal might in-
clude tonal components and noisy components.

Fig. 7a illustrates a linear model of a speech production
20 gsystem. This system assumes a two-stage excitation, i.e.,
an impulse-train for veiced speech as indicated in Fig. 7c,
and a random-noise for unvoiced speech as indicated in Fig.
7d. The vocal tract is modelled as an all-pole filter 70
which processes pulses or noise of Fig. 7c or Fig. 7d, gen-
25 erated by the glottal model 72. The all-pole transfer func-
tion is formed by a cascade of a small number of two-pole
resonators representing the formants. The glottal model is
représentéd as a two-poele low-pass filter; and the lip-
radiation model 74 is represented by L(z)=1-z"'. Finally, a
30 spectral correction factor 7€ is included to compensate for
the low-fregquency effects of the higher poles. In individ-
ual épeech representations the spectral correction is omit-
ted and the 0 of the lip-radiation transfer function is es-
sentially cancelled by one of the glottal poles. Hence, the
35 system of Fig. 7a can be reduced to an all pole-filter
model of Fig. 7b having & gain stage 77, a forward path 78,
a feedback path 79, and zn adding stage 80. In the feedback
path 7%, there is a prediction filter 81, and the whole



output as the short-term prediction information required for a decoder. In the Fig. 4a embodiment, i.e.,
the short- term prediction information might be required for the im- pulse coder output signal. When,
however, only the predic- 35 tion error signal at line 84 is required, the short-term prediction
information de€s2nuttsase to be output. Never- theless, the short-term pre#ictigrimformation is
required by the actual prediction filter 85. In a subtracter 86, a - 25 - current sample of the audio signal
is input and a predicted value for the current sample is%subtracted so that for this sample, the
prediction error signal is generated at line 84. A sequence of such prediction error signal 5 samples is
very schematically illustrated in Fig. 7c or 7d, where, for clarity issues, any issues regarding AC/DC
components, etc. ravedretloelen ikystratedi T hevefose, Figwkrecande congidered asaking:of a

rectified impulse-likgsignah 1 SuhseguenibmananalysisrbysynthesisGELP encoder will be
discussed in connection with Fig. 6 in order to illustrate the modifications applied to this algorithm, as

illustrated in Figs. 10 to 13. This CELP encoder is discussed in detail 15 in "Speech Coding: A Tutorial
Review", Andreas%ﬁéﬁ Ié,lﬁ%o(@édiﬁég)df the IEEE, Vol. 82, No, 10, October 1994, pages
1541-1582. The CELP encoder as illustrated in Fig. 6 includes a long-term prediction component 60
and a short-term piesdiction cemporentH2:ikurthermoreg{ ajcadebook is:28liised avhich is éndicated at

64. A perceptual weighting fiites MY (2)Js knplementad ay 665 ans e errer mEmMizationgantroller is
provided at 68. S(Qljj%%r tig}geadgminiigp%gigg%liﬁgggQagg&ggegwggptually weighted, the
¢ ate

weighted signal is input into a subtracter 69, which calcu- 25 s the error between the weighted
synthesis signal at the output of block 66 and the original weighted signal s,(n). Generally, the
short-term prédictioPA(z)'is GAIEuitfed difd fts ToRFLIEALs AFd§uafiizéd PE EPE aheily s stage as
indicated in Fig. 7eo Ttedonptermiprediction ife SO-fornsativi i {z) incidding theslonbiterar prediction
gain g and the veetoi amniization mdex] L.eticndebaolereferences: aes:calcutated @i thenprediction
error signal at the:utput; af thel REAnRAlyss stage referrachas da iRfdInfg« The CGRER algorithm

encodes then the Jeaichial slgna a3 laroe afierfhe. sRodaKm.and tono-feim predictions using a

codebock of f rex%mgl-e Gaussian sequences. The ACELP algorithm, where the "A" stan fs for

Whecifit’ algeBraibafy datightt fodenglicar prediction analysis o

"Algebraic” has a2
the input signal and a quantization of the filter coeffi-

clents. In a p-th order forward linear predictor, the pre-
sent sample of the speech sequence is predicted from a lin-
ear compination of p passed samples. The predictor coeffi-
20 cients can be determined by well-known algorithms such as
the Levinson-Durbin algorithm, or generally an autocorrela-
tion method or a reflection method. The quantization of the
obtained filter coefficients is usually performed by a
multi~stage vector dguantization in the ILSF or in the ISP

25 domain.

Fig. 7e illustrates a more detailed implementation of an
LPC analysis block, such as 510 of Fig. la. The audio sig-
nal is input into a filter determination block which de-
30 termines the‘filter information A{z}. This information is
cutput as the shori-term prediction infofmation required
for a decoder. In the Fig. 4a embodiment, i.e., the short-
term'prediction information might be required for the im-
pulse coder output signal. When, however, only the predic-~
35 tion error signal at line B4 is required, the short-term
prediction information deoes not have to be ocutpub. Never-
theless, the short-term prediction information is reguired
by the actual prediction filter 85. In a subtracter 86, a



- 26 - A codebook may contain more or less vectors where each vector is some samples long. A gain
factor g scales the code vector and the gained code is filtered by the long- 5 term prediction synthesis
filter and the short-term prediction synthesis filter. The "optimum" code vector is selected such that the
perceptually weigitedssaean square error at the output of the subtracter 6rismmimizeds /Bhe search
process in CELP is done by an analysis-by-synthesis 10 optimization as illustrated in Fig. 6. For
specific cases, when a frame is a mixture of unvoiced?a@nd voiced speech or when speech over music
occurs, a TCX coding can be more appropriate to code the excitation in 15 the LPC domain. The TCX
coding processes directly the excitation in the frequency domain without doing any assumption of
excitation productiqn Toe-TGXds thenmore, gengric than ;GELP cggingr%ﬂp:is Fylel3 r%st(;'bqu to a voiced
or a non-voiced sqyr It xcifation, TCX.is 20 still a source-tiler madel codjng using a
et et f}e gl Curlfetﬁg sBam Ii S%E.}:FncﬁweedAﬁ/ﬁ?-%%§+-like

linear predictive fi!ﬁger for mode iglge]:ﬁe foments o eeghﬁikéssign

coding, a selectio %%t\?/@%%ﬁ dfiff 25 B XPTOUESEE ABELP t8RES plactSasIiGwA Froh the
AMR-WB+ description’ FiHe FEX rfodesarendiffereht iftthat theddhgthi ofthe bleek-wisenBast Fourier
Transform is differemtfoe diffesentemgdes-anddheé dest ynodel can becseledted byan analysis by

synthesis approachapr byédiregtofeed-39 forwardi sode.As discussed dn conngetion with Fig. 2a
and 2, the commog,gpracessing:stage, §00 steraly includes.g Jink - frehannel,
(surroundjoint stgreg deylce) 101 and; adal; 35 tchally. a band wid exterision Hage 102
Correspond- ‘
pulse-like signal.
10
Subsequently, an analysis-by-synthesis CELP encoder will be
discussed in connection with Fig. 6 in order to illustrate
the modifications applied to this algorithm, as illustrated
in Figs. 10 te 13. This CELP enccoder is discussed in detail
15 in “Speech Coding: A Tutorial Review”, Andreas Spaniels,
Proceedings of the IEEE, Vol. 82, No. 10, October 1994,
pages 1541-1582. The CELP encoder as illustrated in Fig. 6
inciudes a long~-term prediction component 60 and a3 short-
term predicticn component 62. Furthermore, a codebook is
20 used which is indicated at 64. A perceptual weighting fil-
ter W(z) is implemented at 66, and an error minimization
controller is provided at 68. s{n) is the time-domain input
signal. After having been perceptually weighted, ths
weighted signal is input into a subtracter 69, which calcu-
25 lates the error between the weighted synthesis signal at
the output of block 6€ and the original weighted signal
s.iny. Generailyf the short-term prediction A(z) is calcu-
lated and its coefficients are guantized by a LPC analysis
stage as indicated in Fig. 7e. The long—term.pxediction in-
30  formation Ap(z) including the long~term prediction gain g
and the vector gquantization index, i.e., codebook refer-
ences are calculated on the prediction error signal at the
output of the LPC analysis stage referrsd as 10a in Fig.
7e. The CELP algorithm encodes then the residual signal ob-
35 tained after the short-term and long-term predictions using
a codebock of for example Gaussian seguences. The ACELP al-
gorithm, where the “A” stands for “Algebraic” has a spe-
cific algebraically desigred codebook.



ingly, the decoder includes a band width extension stage 701 and a subsequently connected joint
multichannel stage 702. Preferably, the joint multichannel stage 101 is, with - 2/ - respect to the
encoder, connected before the band width extension stage 102, and, on the decoder side, the band
width extensigfi 2tagesF01 is connected before the joint multichannel stag@Z0Z&ityregpsct to the
signal process- 5 ing direction. Alternatively, however, the common preprocessing stage can include a
joint multichannel stage without the subsequently corrfected bandwidth extension stage or a
bandwidth extension stage without a connected joint multichannel stage. 10 A preferred example for a
joint multichannel stage on the encoder side 101a, 101b and on the decoder side 702a and 702b is
illustrated in the context of Fig. 8. A number of E original input channels is input into the downmixer

101a 15 so that the dewaBxer generales:a ML &K frangmitteg channels, where the number Kis
greater than or eqialfg one and is smaller.than E. Pref%rabI% the E input channels are INput into a

joint 20 multichannel parameter analyss%?}iloﬁ).w Sich generbited pAraihetricinforaktidn hhis
parametric inform%ft’%% i€ Préferabifentiopydericsded-stden as bid bffeénbenddding and-subsequent
Huffman encedin§ortalk&fativelosubsaghent aritfifeticrerootling: <T hehencoded panarsetric
information 25 output-by blogkntBils is transmittedtpa paraneterdeceder 202 which may be part of
item 702 in Fig. szMwmetga@@cgagrg%g@agq§§t%&@@é&&t%gm@a@y’g iformation and
forwards the decqoded Q@ra{ﬂ%trigd‘@@&mact}ign t_! té) th L{p%m(%eerg gg The upmixer 702a receives the K
30 transmitted channels and generates a number o ouEtiput channels, WhErEtheSumbaF of L is

greater than K ansdef%w}r RAR BT EqUA t6' B PafMSHR MomAafor hiay Mdhidé itekehannel level 35
differences,ifiter ShahheF i diffstehéed sintatefanneFpliasé differences and/or inter channel
coherence measures as is known from the BCC technique or as is known and is described in detail in
the MPEG surroungkstapdaid.itheases, when a frame is 2 mixture of unvoiced
and voiced speech or when speech over music occurs, a TCX
coding can be more appropriate to code the excitation in
15 the LPC domain. The TCX coding processes directly the ex-
citation in the freguency domain without doing any assump-
tion of excitation production. The TCX is then more ge~—
neric than CELP coding and is not restricted to a voiced
or a nen-voiced source model of the excitation. TCX is
20  still a source-filer model coding using a linear predic-
tive filter for modelling the formants of the speech-like
signals.

In the AMR-WB+-like coding, a selection between different
25 TCX modes and ACELP takes place as known from the AMR-WB+

description, The TCX modes are different in that the

length of the block-wise Fast Fourier Transform is differ-

ent for different modes and the bhest mode.can be selected

by an analysis by synthesis approach or by a direct “feed-
30 forward” mode.

As discussed in connection with Fig. 2a and 2b, the common
pre-processing stage 100 preferably includes a joint mul-
ti-channel (surround/joint sterec device) 101 and, addi-
35 ticnally, a band width extension stage 102. Correspond-
ingly, the decoder includes a band width extension stage
701 and a subsequently connected joint multichannel stage
702. Preferably, the joint multichannel stage 101 is, with



- 28 - number of transmitted channels may be a single mono channel for ultra-low bit rate applications
or may include a compatible stereo application or may include a compatible stereo signal, i.e., two
channels. Typically, the number 5 of E input channels may be five or maybe even higher. Alternatively,
the number o#& inputoehiinnels may also be E audio objects as it is knowrrrethezeantesstraf spatial
audio object coding (SAC). 10 In one implementation, the downmixer performs a weighted or
unweighted addition of the original E input channels ot ‘arraddition of the E input audio objects. In case
of audio objects as input channels, the joint multichannel parameter analyser 101b will calculate audio
object parameters 15 such as a correlation matrix between the audio objects preferably for each time
portion and even mospeprefetably fier eactuiieguengynbandTo thisend, the.wheledfreguency range

may be divided inatleast 1Q andpyefergble 32,ar 64, frequencyhands. 20ihig. 9illiistiaies,a preferred
embodiment for the i C[‘],]RIe mﬁentatlon of %he ban]%\z}/thh extension stgg%l 2 in F% 2a, and the

corresponding band width éxtension sta 901 in Fig. 20" GR' ﬁ1e éncoder- sﬁe & bandWidth
extension 25 bIocT%"llezlEPé’fBPﬁi}lysrﬁé"I%egoa?Idﬂ&%’ésgqﬁ@?nb BiBck1D2514Rd h RIGAISATRT analyser

102a. The original-aadisisigrrl gput inké thebandwitth extemsivazblockE02 dsimwpass filtered to
generate the low bandsignalgvhich isthearinputdntoithe engeding branches andéar the sydtch. 30 The

low pass filter has,a .ot @ff frequencyyehighds tyRi- cally-in a tange, of 3kiizcto 1Qkkz,Using SBR, this
range can be excg%g%g F"érther@g!ﬁ%w hc?tga%q‘:vggji%rslfg(rtlen {agﬂ without a connected

joint multichannel stage.
10
& preferred example for a joint multichannel stage on the
encoder side 10la, 101ib and on the decoder side 702z and
702b is illustrated in the context of Fig. 8. A number of
E original input channels is input into the downmixer 101a
15 so that the downmixer generates a number of K transmitted
channels, where the number K is greater than or egual to

cne and is smaller than E.

Preferably, the E input channels are input into a +oint

20  multichannel parameter analyser 101k which generates para-
metric informatien. This parametric information is pref-
erably entropy-enceded such as by a different encoding and
subseguent Huffman encoding or, alternatively, subsequent
arithmetic encoding. The encoded parametric information

25 output by block 101b is transmitted to a parameter decoder
702b which may be part of item 702 in Fig. 2Zb. The parame-
ter decoder 702b decodes the transmitted parametric infor-
mation and forwards the decoded parametric information
into the upmixer 702a. The upmixer 70Z2a receives the K

30  transmitted channels and generates a number of I output
channels, where the number of 1 is greater than K and
lower than or egual to E. '

Parametric information mav include inter channel level
35 differences, inter channel time differences, inter channel
phase differences and/or inter channel c¢oherence measures
as 1s known from the BCC technique or as is known and is
described in detail in the MPEG surround standard. The



block 102 furthermore includes a high band analyser for calculating the bandwidth extension
parameters such as a 35 spectral envelope parameter information, a noise floor pa- rameter
information, an inverse filtering parameter infor- mation, further parametric information relating to
certain harmefticéingginithe high band and additional parameters - 29 - ¥ dikeasEdd4p7detail in the
MPEG-4 standard in the chapter related to spectral band replication (ISO/IEC 14496- 3:2005, Part 3,
Chapter 4.6.18). 5 On the decoder-side, the bandwidlf extension block 701 includes a patcher 701a,
an adjuster 701b and a combiner 701c. The combiner 701c combines the decoded low band signal
and the reconstructed and adjusted high band signal output by the adjuster 701b. The input into the
adjuster 10 701b is:prenided byra patcheraghichas opeyatedytobderavestheghighskanrd sigaat from the

low band signal speh agdyy speciralidandeplicatien appaengrallynby bandwidth exiepsion. The
P o Ry eRAheL [94 Ty e.3 PAICTING Relfommertin Daunanieay ot n 2 tor

15 harmonic way sig nal enerated b patcher 701a i1s, subsequently adjusted by the adjuster

701b using the tr%ﬁﬁ%dsﬁgr’é‘?‘rjretn& b%h”dw?éﬁﬁ e%@ﬁ&%ﬁ%nfo?%%ﬁ%ﬁl%%’ mﬁf&%terb”fﬁbﬁ@ 8 and Fig.
9, the descritfed Bléclés 20nhay Pawerg hfode Eorfollifpait ira prefsreyembbdiffeht. THis mode
control input is derwed:franethe detisiomstage 300 dutputsignalabmsich axpretdrsed embddiment, a

char- acteristic of a,6qespeading hlockimay beragdapted terthedegision stagesautput, e whether, in
a preferred em- Zéilg)oq)i&%r&tt acqj%gﬁggn(%%qqch or a decision to music is

10 In one implementation, the downmixer performs a welghted
or unweighted addition of the original E input channels or
an addition cof the E input audio objects. In case of audio
objects as input channels, the joint multichannel parame-
ter analyser 101b will calculate audio object parameters

15 such as a correlation matrix between the audioc objects
preferably for each time portion and even more preferably
for each frequency band. To this end, the whole frequency
range may be divided in at least 10 and preferable 32 or
64 frequency bands.

20
Fig. 9 illustrates a preferred embodiment for the imple-
mentation of the bandwidth extension stage 102 in Fig. 2a
and the corresponding band width extension stage 701 in
Fig. 2b. On the encoder-side, the bandwidth extension

25 block 102 preferably includes a low pass filtering block
102b and a high band analyser 102a. The original audio
signal input dinto the bandwidth extension block 102 is
low-pass filtered to generate the low band signal which is
then input inte the encoding pranches and/or the switch.

30 The low pass filter has a cut off fregquency which is typi-
cally in a range of 3kHz to 10kHz. Using S$BR, this range
can be exceeded. Furthermore, the bandwidth extension
block 102 furthermore includes a high band analyser for
calculating the bandwidth extension parameters such as a

35 spectral envelope parameter information, a noise flcor pa-
rameter information, an inverse filtering parameter infor-
mation, further parametric information relating to certain

harmonic lines in the high band and additicnal parameters



made for a certain time portion of the audio signal. Pref- erably, the mode control only relates to one or
more of the functionalities of these blocks but not to all of the functionalities of blocks. For example,
the decision may 30 influence only the patcher 701a but may not influence the other blocks in Fig. 9,
or may, for exampisyinfiaence only the joint multichannel parameter analysen&@tmimé-g:38 but not the
other blocks in Fig. 8. This implemen- tation is preferably such that a higher flexibility and 35 higher
quality and lower bit rate output signal is ob- tained by providing flexibility in the common pre-
processing stage. On the other hand, however, the usage of algorithms in the common pre-processing
stage for both - 30 - kinds of signals allows to implement an efficient encoding/decoding scheme. Fig.
10a and Fig. 10b Hustiates:bwedifferent implement beations-of the decisian stage 800 4p Fig. 10a, an
open loop decision s inginated. Hege, he signal apalyser 300a in;the decision stage, has gertain rules
in order to decide y 5@[ t@%ggr@ing}gﬂe portign gff? ertain frequency portion of the input signal has

a characteristic which re- 10 quires that this esfigna“l portion is encoded by the first encoding branch 400

or by the second encoding branch 500. To this end, the signal analyser 300a may analyse the audio
input signal into tH&cAftn6is pregstoeedsingtdtageardimaytanalyse tisé audic. signal dutput-by the
common pre- cludes & patcher 70la, an adjuster 701b and & combiner
70ic. The combiner 701lc combines the decoded low band sig-
nal and the reconstructed and adjusted high band signal
output by the adjuster 70lb. The input into the adjuster
10 701b is provided by a patcher which is operated to derive
the high band signal from the low band signal such as by
spectral band replication or, generally, by bandwidth ex-
tension. The patching performed by the patcher 701z may be
a patching performed in a harmonic way or in a non-
15 harmonic way.. The signal generated by the patcher 701la is,
subsequently, adjusted by the adjuster 70lb using the

transmitted parametric bandwidth extension information.

As indicated in Fig. B8 and Fig. 9, the described blocks
20 may have a mode control input in a preferred embodiment.
This mode cbntrol input is derived from the decision stage
300 output signal. In such a preferred embodiment, a char-
acteristic of a corresponding block may be adapted to the
decision stage cutput, i.e., whether, in a preferred em-
25 bodiment, a decision tc speech or a decision to music is
made for a certain time portion of the audic signal. Pref-
erably, the mode control only relates £o ohe or more of
the functicnalities of thess blocks but not to all of the
functionalities of blocks. For example, the decision may
30 inflﬁence only the patcher 70la but may not influence the
other blocks in Fig. ¢, oxr may, for example, influence
only the Jeoint multichannel parameter analyser 101b in
Fig. 8 but not the other blocks in Fig. 8. This implemen-
tation i1s preferably such that a higher flexibility and
35 higher quality and lower bit rate output signal is ob-
tained by providing flexibility in the common pre-
processing stage. On the other hand, however, the usage of

algorithms in the common pre-processing stage for both



15 processing stage, i.e., the audio intermediate signal or may analyse an intermediate signal within
the common preprocessing stage such as the output of the downmix signal which may be a mono
signal or which may be a signal having k channels indicated in Fig. 8. On the output-side, the 20 signal
analyser 300&@emeretas the switching decision for controlling the switch 280 giv2e/ensoter-side and
the corresponding switch 600 or the combiner 600 on the decoder-side. 25 Alternatively, the decision
stage 300 may perform a closed loop decision, whith3fheans that both encoding branches perform
their tasks on the same portion of the audio sig- nal and both encoded signals are decoded by
corresponding decoding branches 300c, 300d. The output of the devices 30 300c and 300d is input

into a comparator30@k Whichseome pares the,outpsit ohthe feseding devices:iorthe Lorrgs-sponding
portion of the, forﬁ@ygglgwgﬁg%o intermediate signal. Then, dependent on a cost function such as a
sig- nal to noise ratio per branch, a switching decision is 35 made. This closed loop decision has an
increased complex- ity compared to the open loop decision, but this complex- ity is only existing on the

encoder-side, and 5%ecotfer #estict haPariy- disidhaifisgd fons tHis préeéssi ¥med a3l - the
decoder can advarithgensaslyUselthe detpationthisteneodind deéisiori Therefere, Hre clipsed loop
mode is preferredidue tacomplexity anthguality consideationsdn applications,lipswhichotie complexity
of the decoder is PRt the decision stage has certain rules in order to decide
whether the certain time portion or a cerxtain frequency
portion of the input signal has a characteristic which re-
10 quires that this signal portion is encoded by the first
encoding branch 400 or by the second enceding branch 500.
To this end, the signal analyser 300a may analyse the au-
dilo input signal into the common pre-processing stage or
may analyse the audic signal output by the common pre-~
15 processing stage, i1.e., the audio intermediate signal or
may analyvse an intermediate signal within the common pre-
processing stage such as the output of the downmix signal
which may be a mono signal or which may be a signal having
¥ channels indicated in Fig. 8. On the output~side, the
20  signal analyser 300a generates the switching decision for
controlling the switch 200 on the encoder-side and the
corresponding switch 600 or the combiner 800 on the de-

coder—~side.

25 Alternatively, the decision stage 300 may perform a closed
loop decision, which means that both encoding branches
perform their tasks on the same portion of the audioc sig-
nal and both encoded signals are decoded by corresponding
decoding branches 300c, 300d. The output of the devices

30 300c and 300d is input inte a comparatcr 300b which com-
pares the output of the decoding devices to the corre-
sponding portion of the, for example, audic intermediate
signal. Then, dependent on a cost function such as a sig-
nal to noise ratio per branch, a switching decision is

35 made. This closed loop decision has an increased complex-
ity compared to the open loop decision, but this complex-
ity 1is only existing on the encoder-side, and a decoder

does not have any disadvantage from this process, since



5 an issue such as in broadcasting applications where there is only a small number of encoders but a
large number of decoders which, in addition, have to be smart and cheap. The cost function applied by
the comparator 300b may be a 10 cost function driven by quality aspects or may be a cost function
driven by nois@aspeetssor may be a cost function driven by bit rate aspectscargpaydes@combined
cost function driven by any combination of bit rate, quality, noise (introduced by coding artefacts,
specifically, by quanti- 15zation), etc. Preferably, the filst-encoding branch and/or the second en-
coding branch includes a time warping functionality in the encoder side and correspondingly in the
decoder side. In 20 one embodiment, the first encoding branch comprises a time warper module for
calculating a varialle waspiag eharactatstie degepdent on s perionRfiher-audio signal .a resampler
for re-sampling in.aceqrdange. ydth the defermined warping Ccfggggtegjg%% 3 time domain/frequency
the

. i3S, e
domain con- 25 verter, %n%gg %ntrcc%pox cgder for convertlng,a result o time doman‘zi)/ﬁequency

domain conversion ifito an encoded representation: THE variaBle WaTpiy aratteristici8 included in
the encoded audiB'SiGR4F SHis infBrii&ich i< Fead By Rtk waAf eshéncedadesdihy Brahch and
processed 30to fatallydave anoutpu signdlheadrenviarpeasirhecscalerEowexampis;¢he decoding
branch performs entrepy deeoding; tlequantization antaconvessiondrom the fregusaey gpmain back

into the time domain.dadbe time.domain, the dewiarping canche applied.and may. be followed by a 35

corresponding resampling operation to finally obtain a discrete audio signal with a non-warped time
scale. - 32 - Depending on certain implementation requirements of the inventive methods, the

inventive method< Ran35 Im SIRMTEMRY iRARAriffrEr TR Softiirar Thesmpiéhentatidecan be
performed using &efdital $terabrrmedivian inpartealbi i SadisecaDVD onayChehayingpst
electronically-readable-dontrol-signals-stoned tkeregs: avhich .canaperate with progranamable computer

systems such thagthe-dvenfivesmetheds ase periormed.zenarallythe presentdavention.is therefore a

computer progran pIadyet With 4, pragram gede stored, 0.2 19, maghine-readalle caprigr, tne program
code being operalied {or %erfogm%g theénventlve mgt ods when the comO{Juter pro%8 yroduct runs

h | ram
on a computer. In'Other words. the inventive methods are’ tharefore: & ¢omputsf progran having a

program codé fori?&rféi‘f‘rhngeé&“least one of the inventive 15 methods when the computer program
runs on a computer. The inventive encoded audio signal can be stored on a digi- tal storage medium
or can be transmittedf@r adrgnsniesirst encoding branch and/or the second en-

coding branch includes a time warping functionality in the
encoeder side and correspondingly in the deceder side. In
20 one embodiment, the first encoding branch comprises a time
warper module for calculating a variable warping character-
istic dependent on a portion of the audio signal, a resam-
pler for re-sampling in accordance with the determined
warping characteristic, a time domain/fregusncy domain con-
25 verter, and an entropy coder for converting a result of the
time domain/freguency domain conversion into an encoded
representation. The variable warping characteristic is in-
cluded in the encoded audic signal. This information is
read by a time warp enhanceéed decoding branch and processed
30 to finally have an output signal in a non-warped time
scale. For example, the decoding branch performs entropy
decoding, deguantization and a conversion from the fre-
gquency domain back inte the time domain. In the time do-
main, the dewarping can be applied and may be followed by a
35 corresponding resampling operation to finally cbtain a dis-
crete audio signal with a non-warped time scale.



medium such as a wireless transmission medium or a wired 20 transmission medium such as the
Internet. The above described embodiments are merely illustrative for the principles of the present
invention. It is un- derstood that modifications and variations of the arrange- 25 ments and the details
described hevemwilldsgsapparent to others skilled in the art. It is the intentptier#fsne/tedie limited only
by the scope of the impending patent claims and not by the specific details presented by way of
description and explanation of the embodiments hereitf. 30 33 Claims 1. Audio encoder for generating
an encoded audio signal, comprising: 5 a first encoding branch for encoding an audio intermediate
signal in accordance with a first coding algorithm, the first coding algorithm having an information sink
model and generating;rid anfirstrencading hranch dG-output signalgencededspectrat iformation

representing the audie intermedialessignal: themfitst encoding-branch.compising,a: sReclralconversion

block for converting the, ayio Intermediate signal nto,, spegiral domaip and a spectral aydio encoder
for encoding an 1?8%'[‘@; si‘gna’l of thelS?Fectr | conversion %Iock to ob- tain the e_ncode% spectral

information: a second &ncoding Brahclt 18 &Adodiig AAKURS fitkfine dia?dignatihtaccofdance with
a second coding &l48< 207itRHY thé secbRd tdHiRG aRjcthiPRAGIME AN iffFrTat R NsBUrEeImodel and
generating, in a secgnd bncedinge:brartireatput signdl, encoded paramietersdforthednfstrmhation source
model representing-ie:audiosniarsmediate-sigeak the secand encodingrbranahscerppriging-an LPC

formed. Generzlly, the present invention is therefore a

computer pro@ram product with a program code stored on a

10  machine-readable carrier, the program code being operated

for performing the inventive methods when the computer pro-

gram preoduct runs on a computer. In other words, the inven-

tive methods are, therefore, a computer program having a

program code foxr performing at least one of the inventive

15 methods when the computer program runs on a computer,

The inventive encoded audio signal can be stored on a digi-
tal storage medium or can be transmitted on a transmission
medium such as a wireless transmission medium or a wired

20 transmission medium such as the Internet.

The above described embodiments are merely illustrative
for the principles of the present invention. It is un-
derstood that modifications and wvariations of the arrange-

25 ments and the details described herein will be apparent to
others skilled in the art. It is the intent, therefore, to
be limited only by the scope of the impending patent
claims and not by the specific details presented by way of
description and explanation of the embodiments herein.

30



25 analyzer for analyzing the audio intermediate signal and for outputting an LPC information signal
usable for controlling an LPC synthesis filter and an excitation signal, and an excitation encoder for
encoding the excitation signal to obtain the encoded parameters; and 30 a common pre-processing
stage for pre-processing an audio input signal to obtain the audio intermediate signal, wherein the
common pre-processing stage is operative to proces§ the audio input signal so that the au- 35dio
intermediate signal is a compressed version of the audio input signal. 34 2. Audio encoder in
accordance with claim 1, further comprising a switechi ge connected between the first encoding
branch and the second encoding branch at inputs into the branches or outputs of the branches, the

5switching stage being contllesday-a switching,centrol signal, 3 Audipiencoder in.accordance with
claim 2, further comprisi@g a decision stage for analyzing the audio input 10 signal or the audio

. . . oI S I, . . . . .

intermediate signal or an intermediate signal in the common pre-processing stage in time or frequency
in order 9 find a time or frequency portion of a signal to be transmitted in an encoder output signal

either as the encodednutput signabgenerated:by-45thefirst-ancading hranch;ar the encodgd output
signal generated by, the. second engoding brangh. 4, Audiq encoder in. accordance, with one of the

preceding claims, in which the common pre-processing stage is op- 26) erativg(fo taktula e?gc?mmon
pre-processing parametérs f6r'& pbitioh-ofthe SidiGihpai dighal Att dlddedinia firstmal wodifferent
second portion of the audindntermedidte signat anddg jntroduce & eseodeddepresgntation of the

pre-progessing parameters inthe-encoded .25 output signal, wherein, E*ﬁ%%%?fege Wt signal

additionally comprises a figst encoding hranch output signal for representing a first portion of the audio
intermediate signalaitd a §€cond entodifg BraNCH-GUthut Sighat for répfesénting-th6 SEESHI ortion of
the audio 30intermédizte:sigRalns rAadioeneodersintaceordance withione afithe jprecedingcelaims, in

which the common-pretregessing stage: eomprises-aioint multichannel magyle, the jointmuly
dgomain and a spectral audio encoder for encoding an
15 output signal of the spectral conversion block to ob-

tain the encoded spectral information;

a second encoding branch for encoding an audio interme-
diate signal in accordance with a second coding algo-
20 rithm, the second coding algorithm having an informa-
tion source model and generating, in a second encoding
branch output signal, encocded parameters for the infor-
mation source model representing the audic intermediate
signal, the second encoding branch comprising an LPC
25 analyzer for analyzing the audio intermediate signal
and for outputting an LPC information signal usable for
controlling an LPC synthesis filter and an excitation
signal, and an excitation encoder for encoding the ex-

citation signal to obtain the encoded parameters; and

30
a common pre-processing stage for pre-processing an au-
dio input signal to obtain the audio intermediate sig-
nal, wherein the common pre-processing stage is opera-
tive to process the audic input signal so that the au-
35 dic intermediate signal 1s a compressed version of the

audio input signal.



35tichannel module comprising: 35 a downmixer for generating a number of downmixed chan- nels
being greater than or equal to 1 and being smaller than a number of channels input into the
downmixer; and 5a multichannel parameter calculator for calculating multichannel parameters so that,
using the multichannel parameters and the number of downmixed channels, a representation of the
original channel is performable. 10 6. Apparatus in actordance with claim 5, in which the multichannel
parameters are interchannel level difference parameters, interchannel correlation or coherence

parameters, irftercHaRRelpliHsefifiérente PAATEBIS tn. Mietéhanhal-ime diffétshee paratieters,
audio object pa- 15rameétens ordireetionr:br diffuseness parameters: . Audiceencodeein aicesrdance

with one of the precadingselaims, in. which the commondre:piocessing;stage.camprises;a hand width
extension analysis sgagg, %orpgri%-hZOirllog[: ab nd-limiting device for rejecting a high band in an input
signal and for geneFating a fow band signal- and 253 parateter talkhlatdrForcacWatitg baid width
ex- tension parametérsf6f thechigh band rejebteddsythecbarnelimiting devicesivherein the parameter
calculator is such thatatsing. the calculated parameters and the low band signal, a reconstruction of a
bandwidth ex- 30tended input signal is performable. 8. Audio encoder in accordance with one of the
preceding claims, in which the common pre-processing stage includes a joint multichannel module, a
bandwidth exten- 358Bht&gE Ahaa dwitchTer sAiteRingwith claim 2, further com-

prising a decision stage for analyzing the audio input
10 signal or the audio intermediate signal or an interme-
diate signal in the common pre-processing stage in time
or frequency in order to find a time or freguency por-—
tion of a signal to be transmitted in an encoder output
signal either as the encoded output signal generated by
15 the first encoding branch or the encoded output signal

generated by the second encoding branch.

4. Audio enccoder in accordance with one of the preceding
claims, in which the common pre-processing stags is op-

20 erative to calculate common pre-processing parameters
for a porticn of the audio input signal not included in

a first and a different second portion of the audio in-
termediate signal and to introduce an encoded represen-

tation of the pre-processing parameters in the encoded

25 output signal, wherein the encoded output signal addi-
tionally comprises a first encoding branch output sig-

nal for representing a first portion of the audio in-
termediate signal and a second encoding branch ocutput

signal for representing the second portion of the audio

30 intermediate signal.

5. Audic enceder in accordance with one of the preceding
claims, in which the common pre-processing stage
comprises a joint multichannel module, the joint mul-~

35 tichannel module comprising:



36 between the first encoding branch and the second encoding branch, wherein an output of the joint
multichannel stage is 5 connected to an input of the bandwidth extension stage, and an output of the
bandwidth extension stage is connected to an input of the switch, a first output of the switch is
connected to an input of the first encoding branch and a second output of the switch is connected 10
to an input of the second encoding branch, and outputs of the encoding branches are connecteql toa
bit stream former. 9. Audio encoder in accordance with claim 3, in which the 15 decision stage is
operative to analyzé a Y&l &tagé fipul §iymaf for Eearching¥or poribns &' ba Erreaded by the first
encoding branch witlea belter signaktosnoeise tationatcar certain bitratel cempateditodhesecond

encoding branch, whetein he deglsionstags, s,0p 20 G(BIKE panalyae.based.an a0,0penigop
algorithm without an encoded and again decoded signal or based on a closed Ioo_p a gorlthm_usmg an
encoded and again decoded signal. 25 10. Audio encoder in accordance with claim 3, wherein the

common pre-processing stagechas: aspecific mumberof fuadtdnrﬂaﬁitiesanﬁmhereﬂahlhas&g@e o
functionality is adapiableinha fieeision-stage putput %‘QSQ@%@S%M‘%‘Z@_% ||%§19%%}{%@{}ﬁ@£;]atlgy IS
non- adaptable. 11. Audig encoder in ordance with one of the preceding claims, 5 in which the
first encoding bran ag%rrﬁgertlge.rssa%rﬁfgicvcgﬁpe?lﬁ%cfurle if’o?r c%?%qgi%@égvgs&ﬁ@%asrpm@ ctidtacteristic
dependent on a porfidf Tt thé atidiodigritale 3yriginal channel is performable.

10 ©. MApparatus in accordance with claim 5, in which the mul-
tichannel parameters are interchannel level difference
parameters, interchannel correlation or coherence pa-
rameters, interchannel phase difference parameters, in-
terchannel time difference parameters, audio object pa-

15 rameters or direction or diffuseness parameters.

7. Audic encoder in accordance with one of the preceding
claims, 1n which the common pre-processing stage com-
prises a band width extension analysis stage, compris-

20 ing:

a band-limiting device for rejecting a high band in an

input signal and for generating a low band signal; and

25 a parameter calculator for calculating band width ex-
tension parameters for the high band rejected by the
band-limiting device, wherein the parameter calculator
is such that using the calculated parameters and the
low band signal, a reconstruction of a bandwidth ex-

30 tended input signal 1g performable.

8. Audlio encoder in accordance with one of the preceding
c¢laims, in which the common pre-processing stage in-
cludes a joint multichannel module, a bandwidth exten-—

35 sion stage, and a switch for switching



in which the first encoding branch comprises a resampler for re-sampling in accordance with a
determined warping characteristic, and in which the first encoding branch comprises a time
domain/frequency domain converter and an entropy coder for converting a result of the time
domain/frequency domain conversion into an encoded representation, wherein the variable warping
characteristic is included in the encoded audio signal. 2. Audio encoder in accordance with one of the

preceding 15 claimsbin which the common pre-processing stage is operative to output at least two
intermediate signals’ 8 WHerdin® for gaich dtidic itérnediateSigral Sthetfrstsercbthe second-coding
branch and a switchifog switehinl between the two branches is provided. 20 13. Method of audio
encoding for generating an encoded audio signal, comprising: encoding an audio intermediate
signal in accordanc%gS\éngr? first codin aégorithm, the first coding algo- rithm having an information
sink model and genérating, ih a first QUTPUL sigRal, &fSodéd Spectfat infofmatidtrepresenting the audio
signal, the first codifgaljected tathamcdmprising @ spectiak comiei sionstep:atcenvest-3Qiag the
audio intermediate sigrial Arto a.spactrabdo-tpainand @ §g%gtr@gyg§psg%qug@aatgp of encoding an
output signal of the spectral cggvglgioinnstgg to gb@n the encoded spectral information; 38
generating, in a second output signal, eficoded parametars 16t the Informatior? Soéee mddéhe

representing the int&friddiste isigriab the $Beshd-encaiding irahcrréomprisingia stepeofdRG analyzing

the audio intermediatea 5signahend:outputiing am PG infermation signal usable, for contralling an LPC
synthesisdfilter, and:an excitation,signal, and a step. of excitation encoding the excitation signal to
obtain the encodedggrargete?%%nd, ’ h HESALAGTRIAR Y, Pand s

the encoding branches are connected to a bit stream

former.

. Audio encoder in accordance with claim 3, in which the

15 decision stage is operative to analyze a decision stage
input signal for searching for portions to be encoded

by the first encoding branch with a better signal to

noise ratio at a certain bit rate compared tc the sec-

ond encoding branch, wherein the decision stage 1is op-

20 erative to analyze based on an open loop algorithm
without an encoded and again decoded signal or based on

a clesed loop algorithm using an encoded and again de-

coded signal.
25 10. Audio encoder in accordance with claim 3,

wherein the common pre-processing stage has a specific
number of functionalities and wherein at least one
functicnality is adaptable by a decision stage output
30 signal and wherein at least one functicnality is non-

adaptable.

11. Audio encoder in accordance with one of the preceding
claims,
35
in which the first encoding branch comprises a time
warper module for calculating a variable warping char-

acterlstic dependent on a portion of the audio signal,



10commonly pre-processing an audio input signal to obtain the audio intermediate signal, wherein, in
the step of commonly pre-processing the audio input signal is processed so that the audio
intermediate signal is a compressed version of the audio input signal, 15 wherein the encoded audio
signal includes, for a certain portion of the audio signal either the first output signal or the second
output signal. 20 14. Audio decoder for decoding an eh¢oded audio signal, comprising: a first decoding
branch for decoding an encoded signal encoded in accordance with a first coding algorithm 25 having
an information sink model, the first decoding branch comprising a spectral audio decoder for spectral

audio decoding the encodedsignahencodes:in ageerdange ngﬁcfgstﬁm @Iggritgm a%/érllrg_ an
information sink model., and-a fime-domain converter for conve tin? 30an output signal of the spectral
audio decoder into the time domain: a second decoding branchior decBuing an eﬁ%c’ﬁfeﬂ%@ﬁﬁ signal
encoded in accordal@é Witha S8EGHFESdihg Blgo- 3Bfithm having an information source model, the

second décoding branch comprising an excitation 39 decoder for decoding the encoded audio signal
encoded in accordapge with-a se¢nd-¢cading algorithm okc))btain an LPC domain signal, and an LPC
synthesis stage for recerilv)'t%g: an LPC information signal%en’gc?élt(e:a bcf/oéﬁr‘f) Elﬁéessan%ly:sjré”&aﬁ@"énd for

converting the LPC Hom&in Sighaf iht8 the e don@inverter and an entropy coder
for converting a result of the time domain/frequency

domain conversion into an encoded representation,
10
wherein the wvariable warping characteristic is included

in the encoded audio signal.

12. Audio encoder in accordance with one of the preceding
15 claims, in which the common pre-processing stage is op-
erative to output at least two intermediate signals,
and wherein, for each audio intermediate signal, the
first and the second coding branch and a switch for
switching between the two branches is provided.
20
13. Method of audio encoding for generating an encoded au-

dic signal, comprising:

enceding an audio intermediate signal in accordance
25 with a first coding algorithm, the first coding algo-
rithm having an information sink model and g¢generating,
in a first output signal, encoded spectral information
representing the audio signal, the first coding algo-
rithm comprising a spectral conversion step of convert-
30 ing the audio intermediate signal inte a spectral do-
main and a spectral audio encoding step of encoding an
output signal of the spectral conversion step to obtain

the encoded spectral information:

- . . . .
35 encoding an audioc intermediate signal in accordance
with a second coding algorithm, the second coding algo-

rithm having an information source model and



a combiner for combining time domain output signals from the time domain converter of the first
decoding 10branch and the LPC synthesis stage of the second dec_od- ing branch_ to ob'galn a
combined signal; and a common post-processing stage for processing the com- blned signal so that a
decoded output signal of the 15common post-processing stage is an expanded version of the _
combined signal. 15. Audio decoder in accordance wil claim 14, in which the combiner comprises a
switch for switching decoded sig- 20 nals from the first decoding branch an_d the second decod_lng
branch in accordan&é Witheamdde iMca?fioﬁ@@ﬂéitl}@@rtmmicﬁlygﬂ@l&de@m@é@dee@ﬁadlo_
signal so that the c@mb'medca;udi‘@lrﬁsigrialf@@ﬁ@?}ﬂ@;}@pﬁ&j&%@tqﬁg@gﬁowgggg&%%gel:i%ﬁ%l:%oss
ecoder in accordar j im_14 qr.15, in which the combiner comprises a c
?ading, in case of a%ﬁ%ﬁéﬁ%ﬁ% b%rt%/\]%e%wqén o%%éut ofa decoding” r%h%ﬁ a‘rh?dC ﬁﬁ%lﬁt_pE.iPHF the
other decod- 30ing Brarith WitHin & tfife Bémairi-créss fading fegicre 17uAldio decoderimiacoerdance
with clain® 16, in whictothelcressifader is.operativesto v&le@ght'ﬂtﬁaﬁﬁé}ﬂgcg{ thﬁig@g)idl%g@p&h
output signals withir the eeass fading,35region and 1o add.at jeast gggevr%elggtﬁg sé%neg}g%?%wglghted
or unweighted sign%lifcr)onm the other 40 encoding branch, wherein weights used for weighti athe at

. ; . . f i L OF y : »
least one signal are variabie i the ‘cr6sE fading Teéfiofi> excitation encoding the ex
citation signal to obtain the encoded parameters; and

10 commonly pre-processing an audio input signal to obtain
the audic intermediate signal, wherein, in the step of
commonly pre-processing the audio input signal is proc-
essed so that the audio intermediate signal is a com-
pressed version of the audio input signal,

15

wherein the encoded audio signal includes, for a cer-
taln portion of the audio signal either the first out-

put signal or the second ocutput signal.

20 14. Audic decoder for decoding an encoded audio signal,

comprising:

a first decoding branch for decoding an encoded signal
encoded in accordance with & first coding algorithm
25 having an information sink model, the first decoding
branch comprising a spectral audic decoder for spectral
audio decoding the encoded signal encoded in accordance
with a first coding algorithm having an information
sink model, and a time-domain converter for converting
30 an output signal of the spectral audio decoder into the

time domaing;

a second decoding branch for decoding an encoded audio
signal encoded in accordance with a second coding algo-
35 rithm having an informaticn source model, the second

decoding branch comprising an excitation



18. Audio decoder in accordance with one of claims 14 to 17, in which the common pre-processing
stage comprises at least one of a joint multichannel decoder or a bandwidth extension processor. 10
19. Audio decoder in accordance with claim 18, in which the joint multichannel decoder comprises a
parameter decoder and an upmixer controlled by a parameter decoder output. 15 20._Aud|o
decoder in accordance with claim 19, in which the baa8iwidth extension processor comprises a patcher
for creating a high band S|gnal an a juster 20 for adjusting the high band signal, and a combiner for
combining the adjuStadHigH Andre loW Fanel sifiat to ebtdinca Bartvdthexteritied signal.

21. Audio decoder i'macee:ocd:arm&nmm one bf claimscAto 2620418 vﬂl@}bﬂ@%ﬁlﬁgt l%pogmgagrﬁdnch
includes a frequencgy,domain dec nd the sec nd din nch includes a time domain
speech decoder. %yn22 Audlg%%e%oderﬁegggordar%é WI%‘I or?é o{? claim %ﬁo%ofd R wh%% 'the first
decoding branch in&ftides &l qienty domidin Sidio décotlie? Hnd the seeohd deesding brifich
includes a LPC-basetkdatoter.s ta@3. Audiofdecader ireaccotdancewith onenfclaims 141913522,

41 wherein the commen pestsprocgssingstage. has a specific number of functionalities and wherein at
least one functionality is adaptable by a mode detection function

a combiner for combining time domain output signals
from the time domain converter of the first decoding
10 branch and the LPC synthesis stage of the second decod-

ing branch to obtain a combined signal; and

& common post-processing stage for processing the com-
bined signal so that a decoded ocutput signal of the
15 commeon post-processing stage is an expanded version of

the combined signal.

15. Audio decoder in accordance with claim 14, in which the
combiner comprises a switch for switching decoded sig-
20 nals from the first decoding branch and the second de-
coding branch in accordance with a mode indication ex-
plicitly cor implicitly included in the encoded audio
signal so that the combined audioc signal is a continu-
ous discrete time domain signal.
25
16. Audio decoder in accordance with claim 14 or 15, in
which the combiner comprises a cross fader for cross
fading, in case of a switching event, between an cutput
of a decoding branch and an output of the other decod-

30 ing branch within a time domain cross fading region.

17. Audio decoder in accordance with claim 16, in which the
cross fader is operative to weight at least ocne of the
decoding branch output signals within the cross fading

35 region and to add at least one weighted signal to a

welghted or unweighted signal from the other



and wherein at least one functionality is non- Sadaptable. 24. Method of audio decoding an encoded
audio signal, comprising: 10decoding an encoded signal encoded in accordancea first coding
algorithm having an information sink model, comprising spectral audio decoding the encoded signal
encoded in accordance with a first coding algorithm having an information sink model, and time
domain 15converting an output signal of the spectral Atidio de- coding step into the time domain;
decoding an encoded audio signal encoded in accordance with a second coding algorithm having an
information 20 soufdE foUBE cBATHTSg EXERafidh dEEIEIRG the'ERcbdetratifio Sgnatenédded in
accordance with a seconé getingatgorthumto obtaia anad:PGidomaiirsigrat, anfoeeceivingan LPC
information signal gengrated by an LPC analysis stage and LPC synthesizing to convert the
LPC 25domain signal into the time domain; combining time domain output signals from the step of
time domain converting and the step of LPC synthesizing to obtain a combined signal; and 30
commonly procéssitigthe cormbiresighal soothar datetedediodtputrsignal ofthe commioh to
post-processing stage,is an expanged-versionef the gg@bg@gmﬁdm 25, CompyterRrogram for

@

performing, when rynning on.a compyter. the method of claim 14 onclam 24, or 2 vana-

width extension processor.
10 19. Audio decoder in accordance with claim 18,

in which the joint multichannel decoder comprises a pa=
rameter decoder and an upmixer controlled by a parame-
ter decoder output.

15

20. Audio decoder in accordance with claim 19,

in which the bandwidth extension processor comprises a
patcher for creating a high band signal, an adjuster

20 for adjusting the high band signal, and a combiner for
combining the adjusted high band signal and a low band
signal to cbtain a bandwidth extended signal.

21. Audio decoder in accordance with one of claims 14 to
25 20, in which the first decoding branch includes a fre-
quency domain audio decoder, and the second decoding

branch includes a time domain speech decoder.

Z22. Audio decoder in accordance with one of claims 14 to
30 20, in which the first decoding branch includes a fre-
quency domain audio decoder, and the second decoding

branch includes a LPC-based decoder.

23. Audio decoder in accordance with one of claims 14 to
35 22,



26. Encoded audio signal comprising: 5 a first encoding branch output signal representing a first
portion of an audio signal encoded in accordance with a first coding algorithm, the first coding
algorithm having an information sink model, the first en- 10 coding branch output signal having
encoded spectral information representing the audio signal, the first encoding branch comprising a
spectral conversion block for converting the audio intérinediate signal into a spectral domain and a
spectral audio encoder for encod- 15ing an output signal of the spectral conversion block to obtain the
encoded spectral inf8tfaRoR; & 3BcotrEREdIRG brancirewpirsignalrepresenting arsecondportion
of an audio signal, whichés different 20 fropv thexfirst pertionef thereutput signal, the second portion
being encoded in a it n i Igorithm, the second coding algorithm having an
information source %(%%%%%\gggﬁg eé{:ngcogolci%%B l?r%k%% OELprlft signar h‘%%%cgnlc%%e Haramgters for
the infor- 25 mation¥&trce’ MG repre&éntinhthé intefiédiaté igial the setwnd emcodirgibranch
comprising an LPC apalyzekfor analyzing the audio intermediate signal and for outputting an LPC
information signal usable for controlling an LPC synthesis filter and an excitation 30signal, and an

excitation encader for encading the ex- citation signal to obtain the encoded parameters; and
age egﬂo% o% audx

common pre-processing parameters reBredehfifig Offefdncee Beteer tHe audic Sighhl asdan
expanded version 356f the*&udio signal.

10 decoding an encoded signal encoded in accordance with a
first «coding algorithm having an informaticn sink
medel, comprising spectral audio decoding the encoded
signal encoded in accordance with a first coding algo-
rithm having an information sink nodel, and time domain

15 converting an output signal of the gpectral audio de-

coding step into the time domain;

decoding an encoded audioc signal encoded in accordance
with a second coding algorithm having an information
20 source model, comprising excitation decoding the en~
coded audio signal encoded in accordance with a second
coding algorithm to obtain an LPC domain signal, an for
receiving an LPC information signal generated by an LPC
analysis stage and LPC synthesizing to convert the LPC

25 domain signal into the time domain;

combining time domain output signals from the step of
time domain converting and the step of LPC synthesizing
to obtain a combined signal; and

30
commonly processing the combined signal so that a de-
coded output signal of the common post-processing stage

1s an expanded version of the combined signal.
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26.

42

Computer program for performing, when running on a com-

puter, the method of claim 14 or claim 24.

Encoded audic signal comprising:

a first encoding branch output signal representing a
first portion of an audio signal encoded in accordance
with a first coding algorithm, the first coding algo-
rithm having an information sink model, the first en-
coding branch output signal having encoded spectral in-
formation representing the audio signal, the first en-
coding branch comprising a spectral conversion block
for converting the audio intermediate signal into a
spectral domain and a spectral audic encoder for encod-
ing an cutput signal of the spectral conversion block

to obtain the encoded spectral information;

a second encoding branch output signal representing a
second portion of an audio signal, which is different
from the first portion of the output signal, the second
portion being encoded in accordance with a second cod-
ing algorithm, the second coding algorithm having an
information source model, the second encoding branch
output signal having encoded parameters for the infor-
mation source model representing the intermediate sig-
nal, the second enceding branch comprising an LPC ana-
lyzer for analyzing the audio intermediate signal and
for outputting an LPC information signal usable for
controlling an LPC synthesis filter and an excitation
signal, and an excitation encoder for encoding the ex-

citation signal to obtain the encoded parameters; and

commen  pre-processing parameters representing differ-
ences between the audio signal and an expanded version

of the audio signal.



