Low Bitratqg Audi o Encodi ng/ Decodi ng Schene Havi ng Cascaded Switches Field
of the Invention The present invention is related to audi o codi ng and, par
ticul arl YWORB1W/W¥6ki t rate audi o codi ng schenes. Backgr 8GHEPEFOI0PESS2

I nvention and Prior Art In the art, fltequency domain coding schenmes such as
MP3 or AAC are known. These frequency-donmai n encoders are based on a

ti me-domai n/ frequency-domai n conversion, a subsequent quanti zation stage,
in which the quantization error is con trolled using information froma
psychoacoustic nodul e, and an encodi ng stage, in which the quantized
spectral coeffégi Bitsat8dnaalbe BRI RY/Deddditg'TBHdnt) HdWi R ¢ PPy LasQded
using code tables. On the other hand there are encoders that are very well
suited to speech processing such as t nEYAYRMRE+ as described in 3GPP TS
26.290. Such speech coding schenes per forma Linear Predictive filtering
of a timezdonmain signal. Such a LP filtering is derived froma Linear
Predicti&% anal ysis of the input tinme-domain signal. The resulting LP
filter coeffifdiedmt ofartdhe herweptinwn zed/ coded and transnitted as side

i nformation. The process is known as Linear Prediction Coding (LPC) . At
the output of the filter, the prediction _residual signal or prediction
error signal TWH§ @Fesenl sbnKeBRACAS Ish&edrdiecati bR s ihafofsngngdded AFEi 1y
the anal ysi sthySHiResito stagesi ©f rdhe AELE epaoflgr sehemakternatively, is
encoded using a transform encoder, which uses a Fourier transformw th an
overlap.l he decision be tween the ACELP codi ng and the Transform Coded
excitationcoding which is also called TCX coding is done using a closed
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In the art, frequency domain coding schemes such as MP3 or
15 AAC are known. These frequency-domain encoders are based on
a time-domain/frequency-domain conversion, a subsequent
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-
20 cients and corresponding side information are entropy-

encoded using code tables.

On the other hand there are encoders that are very well
suited to speech processing such as the AMR-WB+ as de-
25 scribed in 3GPP TS 26.290. Such speech coding schemes per-
form a Linear Predictive filtering of a time-domain signal.
Such a LP filtering is derived from a Linear Prediction
analysis of the input time-domain signal. The resulting LP
filter coefficients are then quantized/coded and transmit-
30 ted as side information. The process 1is known as Linear
Prediction Coding (LPC). At the output of the filter, the
prediction residual signal or prediction error signal which
is also known as the excitation signal is encoded using the
analysis-by-synthesis stages of the ACELP encoder or, al-
35 ternatively, is encoded using a transform encoder, which
uses a Fourier transform with an overlap. The decision be-
tween the ACELP coding and the Transform Coded eXcitation



schenme and a spectral band replication technique can al so be conbined with
a joint stereo or a nulti-channel coding tool which is known under the term
"MPEG surWBy@AY/00356¢n t he ot her hand, speech encoders su®RTEAP2AHE04/R- B+

al so have a high frequency enhancenent stage and a stereo func tionality.
Frequency-domai n codi ng schenmes are advantageous in that they show a high
quality at low bitrates for nusic signals. Problenmatic, however, is the
quality of speech sigpals at |low bitrates. Speech coding schenes show a
Hgh qual i ty GREETEheHERCE grinl 8 180entat L Fow b r SPASTTItS SHORG BBOFS. 2
quality for mlicdedd Signaler ain |l opebi IoapeslgSubaany of the Invention It is
an object of the present invention to provide an i mproved
encodi ng/ decodi ng concept. This object is achieved by an audi o encoder in
accor dance wiltteaierian-domai mea hddo of-odadigo seheodisngsudh agsotdandd ghi taf -
claim 15, sa 4ecoda]c | IhRecof da8sRgWstRefbdl MpkiGh a-dmms fieds of ndagedidng idy
accordance with clai'm 23, an enco%ed signal i.n accordance wth claim24 or
a conput er proygreis | AAcorsRESTE i PANE| deRlisatdee e idet RéNprseht

g nvetnti on ilsltl;%W @@t@u)pn@@c?_deh fagrj@m@disagraa audi 0 Ih?pui-ghgﬂabi })dmjiaﬁii 0
i nput signal be ing.in a first domain, conprising: i rst codi,ng branchfor
encodi ng an %ﬁﬁ%)éhﬁﬁhﬂl§nﬁqﬁﬁ%.???%f EBaiﬁaf§|g%P§FhﬁPf5°8 ai'n a first
encoded signal; a second coding branch for encoding an audi o signal using a
second codi ng..al.go. rj t t aj e o] si.gnal, ein the
first co ﬁng%ﬁgﬁ#ﬁt %#%%;éﬁ@?ér%ﬁ?g?ﬁogggﬁggg%cgﬁghcggi%éea go ﬂ%ﬁnéh%%d
a first swtdmvfeorashigihfngabenayeeniadanasit coldi gy drAneh s&sd eche Wezond

codi ng branch sghdhaty. for a portion of the audio input signal, either the
first encoded

Frequency-domain coding schemes are advantageous in that
15 they show a high quality at low bitrates for music signals.
Problematic, however, is the quality of speech signals at

low bitrates.
Speech coding schemes show a high quality for speech sig-

20 nals even at low bitrates, but show a poor quality for mu-

sic signals at low bitrates.

Summary of the Invention

25

It is an object of the present invention to provide an im-

This object is achieved by an audio encoder in accordance
30 with claim 1, a method of audio encoding in accordance with
claim 15, a decoder in accordance with claim 16, a method
of decoding in accordance with claim 23, an encoded signal
in accordance with claim 24 or a computer program in accor-
dance with claim 25.
35
One aspect of the present invention is an audio encoder for
encoding an audio input signal, the audio input signal be-

ing in a first domain, comprising: a first coding branch



signal or the second encoded signal is in an encoder output signal, wherein
the second codi ng branch conprises: a con verter for convertln% the audio
si gnal i V8O 2810808%Ad donmmin different fromthe first doR&AP2¢90P4683
processing branch for processing an adidio signal in the second domain to ob
tain a first processed signal; a second processing branch for converting a
signal into a third domain different fromthe first domain and the second
domain and for processing the signal in the third domain to obtain a second
processed si §ral engediadsetord W Ty LREh nfl bt weefiffeafgpgt thm

processi ng brancdy@dth t Be r58GaNde PEOGESSisAGnRNGNCh secbhat ,cddng Belhictn
of the audio signal input into the second, codin branch ejther,the first

processed si §REl MMt SeBnd Gt es8028i §riding 52 FeCRE Sk etoM @ndFeT
signal. A fortJ.hl(hﬁn aspesitdsn aa dseodrd kacodecodiinhaln, encedeinautio fsugsrtal :

t he encod audj.o si_gnal risi f|r cade | n ssed
si gnal i n a SECING d%‘rﬁﬁrrftqgﬁ ggggﬁ progégéne& Si gsneg+é?(§1l éb{j;k? g%?]’)é:l n,
wher ei n the muumnconeﬁ s|QnaBttSN;ﬁqhstprawe$§@dngl@mﬂweQﬂmthﬁeﬁﬁﬁﬁﬁm
processed S' i Y &7 aiieg %Otﬂ'ef TR &M téé@lﬂ?%rb'rg'ﬂ%ho‘cs@ degoded,aud] o

signal, and ereln afir mai n, the second domain and the third donaln
are d|fferenpqmﬁyﬁﬂxﬁﬂ1QﬁQKﬁUdkﬁnﬁﬂR%ﬁrﬁﬁ9%@¥4rgitﬂééoﬁpﬁngFéﬁcﬁnﬁ&de

decodi ng the diigrsf1 caded sdad basete@nsideali st igodhngnabger bh'hlflplﬁc
second decodi ng branch for decoding the first processed signal or th
second ptBcesdedadigidtershrerbh® F%GOEQCGH& @@E %br%ﬂ% r&aﬁﬁr|§e§%¥

first invers&qmﬂaxeﬁhmrnbﬁﬁéﬁtihd(HhernmmS@ @Igne$snngotbesbcpab prooeess ed
signal to obt |€ﬁa.f|rs i nverse. ?Egge%%ﬂg;§f9@9'fiPs{h§§8%8leqgw?féné%

second i nvers %ﬁe55|nglﬁra ch i N VErSé processin
processed si dital proobisimg aagsesvddoi srangd pﬁbd@§%e@e%©gﬁaﬁ0mﬁlﬂhéCSé&Und

domai n; a firnst; cogbicRettf ¢ LUHUIH NP1 §AL1 |1 BStsdIHRE SEroEeE8$88d branch
15 for converting a signal into a third domain different from

the first domain and the second domain and for processing

the signal in the third domain to obtain a second processed

signal; and a second switch for switching between the first

processing branch and the second processing branch so that,

20 for a portion of the audio signal input into the second

coding branch, either the first processed signal or the

second processed signal is in the second encoded signal.

A further aspect is a decoder for decoding an encoded audio
25 signal, the encoded audio signal comprising a first coded
signal, a first processed signal in a second domain, and a
second processed signal in a third domain, wherein the
first coded signal, the first processed signal, and the
second processed signal are related to different time por-
30 tions of a decoded audio signal, and wherein a first do-
main, the second domain and the third domain are different
from each other, comprising: a first decoding branch for
decoding the first encoded signal based on the first coding
algorithm; a second decoding branch for decoding the first
35 processed signal or the second processed signal, wherein
the second decoding branch comprises a first inverse proc-
essing branch for inverse processing the first processed

signal to obtain a first inverse processed signal in the



signal and the second inverse processed signal to obtain a combined signal
in the second donain; and a converter for converting the conbined signal to
the firstWA3MYM34nd a second conbiner for combining t RETESAVOPE si gnal
inthe first domain and the decoded fi'rst signal output by the first
decodi ng branch to obtain a decoded output signal in the first domain. In a
preferred enbodi nent of the present invention, two switches are provided in
a sequential order, ere a first switch deci des bet ween coding in t he
spectral don&PROHSI PR ¥ eqfieREFOdGhel BV SR JBF OSRESAHEI RFATF R heor in-

LPC-domai n, iveese Qfm@@§$nggth_eleSIQ§@dm@-t prbeedulput s ofnan LLRC @B@éynSIas
stage. The second switch is provid tarlchl n the

LPG-d
order to encSG&°Ffe t%%?ﬁ%ﬁnﬂ%F ﬁ%ﬁﬁﬁ eFﬁﬁE’ érfPC§889§§; éhmﬁﬁ a
usi ng an ACEfRrectderordrimed ifeg tbembPCidgndihe sfinak urmamriePCpspeeter@Id

nio ah LPC. ShRLEr el Bondi, orveh 8Car P re PeRE T ron o Cpuetr o Goharn

into an LPC- sp mal n romasectra
since the LPCOSpaEeralsdomal niBhéhe tyrRC@pbcdenai ot @WQJXZ¢PDV@F§GIQQQQH

rather than thevepeatigumid EbRLLHhER- AR si@nahe g dd r@ém§mt65nd a
deci des bet ween t%ﬁcﬁoocesm ng branches,. where one branch is, main

mot i vat ed by S§CET THOHEF L a BFOFQquﬂhﬂﬂ)E&%U§PP86ﬁ&%ﬂ S%g%?l }“ the
augi Lory maslfilmglt adisimé he afrlter thee de&:dm:{ml yipeti vai@th by oatpaitr cisy nade
an y nt a cu atlons ari | qone branch has a fre .
ency cial BB RGoder S HEL BN CBr SRR Had SF TR basstPEhesaer-Tud as
a speech codéhe Thessowaemimodel is usually the speech processi ng and
therefore LPC is conmonly used. The second switch again deci des between two
processi ng branches, but in a domain different fromthe "outer"™ firstbranch
donmi n. Agai Alon® Orefer st aRBRCOPdMRRItN| §f ndtiey aPEESBRta WoiRtel ddelt wer

by SNR cal culsatjit@hes ik theo@iB88 in a sequential order, where a first

15 switch decides between coding in the spectral domain using

a frequency-domain encoder and coding in the LPC-domain,

i.e., processing the signal at the output of an LPC analy-

sis stage. The second switch is provided for switching in

the LPC-domain in order to encode the LPC-domain signal ei-

20 ther in the LPC-domain such as using an ACELP coder or cod-

ing the LPC-domain signal in an LPC-spectral domain, which

requires a converter for converting the LPC-domain signal

into an LPC-spectral domain, which 1is different from a

spectral domain, since the LPC-spectral domain shows the

25 spectrum of an LPC filtered signal rather than the spectrum
of the time-domain signal.

The first switch decides between two processing branches,
where one branch is mainly motivated by a sink model and/or
30 a psycho acoustic model, i.e. by auditory masking, and the
other one is mainly motivated by a source model and by seg-
mental SNR calculations. Exemplarily, one branch has a fre-
quency domain encoder and the other branch has an LPC-based
encoder such as a speech coder. The source model is usually

35 the speech processing and therefore LPC is commonly used.

The second switch again decides between two processing
branches, but in a domain different from the “outer” first



"inner" branch can be notivated by a sink nodel and/or a psycho acoustic
nodel , i1.e. by masking or at |east includes frequency/spectral domain

codi ng aéﬁgépémmﬁ%énplarily, one "inner" branch has a fggaﬁgﬁ@?m&ﬁﬁhin
encoder/spectral con verter and the ofher branch has an encoder coding on
t he ot her domain such as the LPC domain, wherein this encoder is for
exanpl e an CELP or ACELP quantizer/seal er processing an input signal

wi thout a spectral conversion. A further preferred enbodinent is an audio
encoder conpPreNChg 9@™Rist AIF Gt iR ontREeK” oPFentRdien®adnhy BriddiRtaskth

as a spectrabydamisbueseodidige br aChhy ass&c il duif £ it $ 0N aGUr €ige Olo tHR
oriented encqQdi ng branch such_as .an LPCdonEiH ncoding ranc and Z swi tch
for switchingh erPtHET | P& HitoBPhyVBFaHckYard PABKsESHT eARBAPAG 2

branch, wher gislychlve asecatd ceneatk hg branchy coapkisgsoa gdvnienser inmtlmdes

hage genkr atl NG a YRR TN ST gRal Y SR e S T SO Enear g e

_ XCl ion signar, erei'n enco
branch furt hérimoeg “cdmandlsdm s s peeediendpnadna sncanasdePCsgeriiral con-

processi ng branghandh@ sRecidireSPEchhah dQmAidh SURBoAs rLROFRRFIBAl the
domai n processing branch, and an additional sw tch for sw tching between

the specific oddwd B HgSBFENGS ane t hBCsPefRie IS Hr BBMEI FIEHSTY
branch. A furitshaforeriedipntarofcthe éAVROELPNgisnanzaudseadeeogeiocessing

conpri si a first domain such. as a spectral donmain _decoding branch, a
second domai A sudk s AP %ﬁﬁhﬁ?ngc%%?% r%?aﬁ%ﬂv?5?188Coding a signa

such as an excitation signal in the second domain, and a third domain such

as an LPCspegtr i ng.a,si . S I
i tati on of gl s Hre T ot oo feat "9e el A8 0P UERBS sitomer s
the third dordich & sEbbttai hefobapacnorsdindy or ¥R neyCedhver Branchr GiHdhe

second donmai R MErghdi-Bral domain encoding branch, a second information
15 source or SNR oriented encoding branch such as an LPC-
domain encoding branch, and a switch for switching between

the first encoding branch and the second encoding branch,
wherein the second encoding branch comprises a converter
into a specific domain different from the time domain such

20 as an LPC analysis stage generating an excitation signal,
and wherein the second encoding branch furthermore com-
prises a specific domain such as LPC domain processing
branch and a specific spectral domain such as LPC spectral
domain processing branch, and an additional switch for

25 switching between the specific domain coding branch and the

specific spectral domain coding branch.

A further embodiment of the invention is an audio decoder
comprising a first domain such as a spectral domain decod-
30 ing branch, a second domain such as an LPC domain decoding
branch for decoding a signal such as an excitation signal
in the second domain, and a third domain such as an LPC-
spectral decoder branch for decoding a signal such as an
excitation signal in a third domain such as an LPC spectral
35 domain, wherein the third domain is obtained by performing
a frequency conversion from the second domain wherein a
first switch for the second domain signal and the third do-

main signal is provided, and wherein a second switch for



first swtch for the second domain signal and the third do main signal is
provi ded, and wherein a second switch forswitching between the first domain
decoder W8 2HARLoder for the second domain or the thPFAERSHAIONHS

provi ded. Brief Description of the Exémjngs Preferred enbodi nents of the
present invention are subse quently described with respect to the attached
drawings, in which : Fig. lais a block diagram of an encoding schene in
accor dance with ahfirst aspect of the present inven tion; Fig. Ibis a

bl ock di agr an?dt LA RS oBPRYC8RNERE T Litle ROk edRFPRCEhE NG ridie adgreede bf
the present ifwenthéoseckhg. dbeais arbkaek tdiiaar apmafimn epeedingscheme in
accordance with a further aspect of the present in vention; Fig. 2ais a
bl ock di agram of an encodi ng schene in ac cordance with a second aspect of
the present invention; Fig. 2b is a schematic diagram of a decodi ng schene
in accordancegydp @g§c§§§9§gnaggeggeobrgugnggesent invention . Fig. 2c is
a bl ock di agrammof—am encodrng—scheme—+n—ac—<¢or dance with a further aspect
of the present in vention Fig. 3a illustrates a bl ock diagram of an

encodi ng schepe f &ir 664 OLABBEE MEtR & UEhBEH @3R! DhvENE: BRe 288N tsubse-
invention;Fig. 3b jllystrates a bl ock dla%ran1of a decoding schenme in
accor dance mﬁ?%F?%Lyf%??ﬁé%bﬁgpgﬁfhoFePﬁé br &0séhe athFaalissh,dmwinge, in
illustrates awlstdlenatic representation of the en codi ng apparat us/ net hod
with casggded switches; Fig. 3d illustrates a schematic diagramof an
appar at us

Fig. lais a block diagram of an encoding scheme in accor-
dance with a first aspect of the present inven-

tion;

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

Fig. 1lc is a block diagram of an encoding scheme in ac-
20 cordance with a further aspect of the present in-

vention;

Fig. 2a is a block diagram of an encoding scheme in ac-
cordance with a second aspect of the present in-

25 vention;

rr)
)
o2

is a schematic diagram of a decoding scheme in
accordance with the second aspect of the present
invention.
30

Fig. 2c is a block diagram of an encoding scheme in ac-
cordance with a further aspect of the present in-

vention

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

sent invention;



or nmethod for decoding, in which cascaded conbiners are used; Fig. 3e

illustrates an illustration of a tinme domain sig nal and a correspondi ng
r epr esent¥Pi28HW/W856¢he en coded signal illustrating shor PCEERIWMOUE2 r egi ons
which are included in both encoded signals; Fig. 4a illustrates a bl ock

diagramwith a swtch posi tioned before the encoding branches; Fig. 4b
illustrates a bl ock diagram of an encoding schenme with the switch

posi tioned subsequent to encoding the branches; Fig. 4c illustrates a bl ock
di agram for &ist-ef3t r ed It rRfreendobilesit dikiaFarb | | # uderardsda sehame

formof a tine domain speefdtseMmit AstR OHaSkuPehbPdhspRbti BHHUlSRs I ke

sig nal segment; Fig. Sb illustrates a spectrumof the segment of Fig. 5a;
Fig. 5c illustrates a ti5 ddhEFMEEPRech segment of un voiced speech as an
exanple for a noise-like segnent; Fig. 5d illustrates a spectrum of the

time domakn ve formaf,Fig 5c. Fig. _6 illustrates a block dia of an
anal ysi s %y ?@ir%'heés)élrs dl':]L sgcnrc‘_’lo5C esr;gﬁ%@?ma/gl?of‘?ar?FFUE??éPQ ot The et
voi ced/ unvoi ced exci t atdashirsj gapred 52 tigs Ane exadpv et hocasopdede skilkehsisgnal s;
Fig. 7e illustrates an encoder-side LPC stage providing short-term
prediction information and the prediction error éexcitation) signal; Fig.

7f illustratdsd% fift herl Bhdowh Hent 2ofsEHENd Yedi a8rpBr QfeneRatdnRpatus
wei ghted signal; Fig. @ ihbusbHatesr anecpliaRENt i QRifer t&38s80KMNgL-a
meighted%algnal into an excitation S|gpal by ap plying an inverse weighting

operation’and a sub iners are use
Fig. 3e illustrates an illustration of a time domain sig-
nal and a corresponding representation of the en-
coded signal illustrating short cross fade re-
15 gions which are included in both encoded signals;

Fig. 4a illustrates a block diagram with a switch posi-

tioned before the encoding branches;

20 Fig. 4b illustrates a block diagram of an encoding scheme
with the switch positioned subsequent to encoding

the branches;

Fig. 4c illustrates a block diagram for a preferred com-

25 biner embodiment;

Fig. 5a 1llustrates a wave form of a time domain speech
segment as a quasi-periodic or impulse-like sig-

nal segment;

30
Fig. 5b illustrates a spectrum of the segment of Fig. 5a;
Fig. 5c illustrates a time domain speech segment of un-
voiced speech as an example for a noise-like seg-
35 ment;

Fig. 5d illustrates a spectrum of the time domain wave

form of Fig. 5c;



sequent excitation analysis as required in the converter 537 of Fig. 2b;
Fig. 8 illustrates a block diagramof a joint nmulti channel algorithmin
accor danc®OP1W03%4enbodi ment of the present inventi onPCEEF2009/00468% st r at es
a preferred enbodi nent of a bandwi dt h8extension al gorithm Fig. 10a
illustrates a detailed description of the switch when perform ng an open

| oop decision; and Fig. 10b illustrates an illustration of the switch when
operating in a closed | oop decision node. Detail ed Description of Preferred
Enbodi nents Fig. la illustrates an enbodi nent of the invention having two

cascaded swi trghes.s A MNQustghRles & PIRIBO Eighadm Ot adnll dhathansebysi gnal
is input into a swtch 20 The ?ﬁtCh 200 is controlled by a decision

stage 300. The deci si oﬁygt‘ggﬁélrse LFeSnGR9%H input, a signal input into
bl ock 200. Alternatively, the decision stage 300 may al so receive a side

| nformation which is ipgl Hﬂeg1'1%skf}%t'£°%is<{e9{‘ﬂnvéih§ ét&ES{’tﬁ‘f%ﬁ' s(_)i.é—t he
mul ti-channel "signal” or i s aft I'east assoclate 0 SUCh a 8 gnal, wher
information is existingalwhigch amasxaarl eexianpl enpyesrer bi kel ahenasdsigi nal |y
produci ng the nono signal, the stereo signal or the nmulti-channel signal.
The deci sion _stage 300 actuates the switch 200 in order to feed a signal
either in a fidqudfcy éldOdtAGESoT t #Bn Ao dey Uttt &8 Cat S BRI %pPEP VEith

of Fig. la or an LPC demrirt-ergedigiepioftion bforhbtsbnabad ahea drestiic-

branch in Fig. la. A key elenent of the frequency domain encoding branch is
a spectrgﬁ) conver si on %Il&?k eszé’ﬁ/m{ec??f”itsato]pcg’?)at?z(%n? ‘convert a common

preprocessi ng stage output signal (as dis cussed |later on) into a spectral

domain. The $Aeet il COMYE/SH, ALY ke (¥ ACLHEE NPT raALGORHHe A QF.

for generating a weighted signal;

15 Fig. 7g illustrates an implementation for transforming a
weighted signal into an excitation signal by ap-
plying an inverse weighting operation and a sub-
sequent excitation analysis as required in the

converter 537 of Fig. 2b;

20
Fig. 8 illustrates a block diagram of a joint multi-
channel algorithm in accordance with an embodi-
ment of the present invention;
25 Fig. 9 illustrates a preferred embodiment of a bandwidth
extension algorithm;
Fig. 10a illustrates a detailed description of the switch
when performing an open loop decision; and
30

Fig. 10b illustrates an 1illustration of the switch when

operating in a closed loop decision mode.

35 Detailed Description of Preferred Embodiments

Fig. la illustrates an embodiment of the invention having

two cascaded switches. A mono signal, a stereo signal or a



al gorithm a Wavelet analysis or a filterbank such as a critically sanpled
filterbank having a certain nunber of filterbank channels, where the
subband §W8H3V@W%W4this fil terbank may be real val ued ECEARPYIBPIY M ex
val ued signals. The output of the spegtral conversion block 410 is encoded
using a spectral audi o encoder 421, which may in clude processing blocks as
known fromthe AAC coding schene . Cenerally, the processing in branch 400

is a processing. in er cept.i on based. nodel . or inforpatjo i nk. nodel..
Thus, "t s DRRACH FOBRE Tt e St SUTE oy SUst Snoy bEEPVPAD- oalifaSwiteh
Contrary thepeno,id heopreeadsidigbynaraachshof istdde geoerattha segialidm

the excitatign, residual or LPC domain., Cenerall t he processing in. branch
500 is a proégégeiﬁgﬁeﬁﬂfiﬂxﬁﬁﬂ$qnﬁﬁﬁu%7 %nsf%?%}nﬁ?PBE égﬁérgggg# %08é|
For speech sPdgmnelrsattilvied ywodehei slezimidal sfaghe INDramagpedsty spepeive a
generati on syshemigenstaling, soind, L6, iReeVRly 13 SQUNdnbAeMsagALhf eret
source rggui¥??§ 5 g??f@%éht souﬂ%hgene%ation nn&g1_|s to be engoded, t hen
the process PRGIER byFredl 500 rdle bBUdLLrehapne]l] migal oRér ehcdbi dgast

branch 500, askeyigherenlh isudh 4RG gleyl cewhdPe YWAEEPmAULBH! SsaRxliBEing,
informati on whi.ch is used for cont t he chﬁracteristi

rollin of an LPC
Filter. This"ERER ¥RGrmE@oF 1R fensFFITERL £8 HIARCOAEP N THA YL PECIHEIE %10
out put si gnalkhies atndPGiderdEi N shgnadtevhéch st@sdlst sroftlen exdittiatch@mnel
si gnal /o%ia mqjghted signal. The LPC device generally outputs an LPC
domai n stgnal’,}HWdiich can be any signal in the LPC domain such as the exci
tation signal in Fig. le or a weighted signal in Fig. 7f or any ot her

signal, whi chrhagihean generabedsby aprlwicRg Lixe fd ) i€k coghfiai erbert aan
audi o signal. Furthernore, an’ LPC device can al so determn ne these,
coef ficients f&86 cansan8alqiiie%/ Rcctle F ABRBNEYeMCQEtS, Portion 400

illustrated at an upper branch of Fig. la or an LPC-domain
15 encoding portion 500 illustrated at a lower branch in Fig.
la. A key element of the frequency domain encoding branch
is a spectral conversion block 410 which is operative to
convert a common preprocessing stage output signal (as dis-
cussed later on) into a spectral domain. The spectral con-
20 version block may include an MDCT algorithm, a QMF, an FFT
algorithm, a Wavelet analysis or a filterbank such as a
critically sampled filterbank having a certain number of
filterbank channels, where the subband signals in this fil-
terbank may be real valued signals or complex valued sig-
25 nals. The output of the spectral conversion block 410 is
encoded using a spectral audio encoder 421, which may in-
clude processing blocks as known from the AAC coding

scheme.

30 Generally, the processing in branch 400 is a processing in
a perception based model or information sink model. Thus,
this branch models the human auditory system receiving
sound. Contrary thereto, the processing in branch 500 is to
generate a signal in the excitation, residual or LPC do-

35 main. Generally, the processing in branch 500 is a process-
ing in a speech model or an information generation model.
For speech signals, this model is a model of the human
speech/sound generation system generating sound. If, how-



The decision in the decision stage can be signal -adaptive so that the

deci sion stage perforns a nusic/speech dis crimnation and controls the
switch ZGUOFﬁ“@ﬁ§W4a way that nusic sjgnals are input iRCYEPRYOUA9SE branch
400, and speech signals are input intd the I ower branch 500. In one

enbodi nent, the decision stage is feeding its decision in formation into an
output bit streamso that a decoder can use this decision information in

order to performthe cornf{]e t deco&jj operations. Such, a decoder jis
i|lustrated SYSEirgd 1594 efcrs‘i“br?al bﬂg%{é)mbys?%%c%pé%ﬂPéFlﬁadiaodéﬁcf@d‘@PtMl
is, after traoesmdjaarerdtipid nodel aispeet bal alsbidediecoer 48&. pHaeeauti-put
of the spect ri%l audiboraq_le 0 O4n§1 ibs IP‘%P# intt(:) a tinme-domain con verter
440. Anal ogouslgy,lnt e Ot put” of Phe’T onal n- encodi ng branch 500 of Fig.
la received on the decoder side and processed by el enments 531, 533, 534,

and 532 feor t.gj ni it gf ijﬂo‘@l.T LRG &x&id af Lo, sipgral
is input ?ntggaﬁﬁkgéﬂgw%?hggggegﬁgggh%ﬂg?§ |ch.?e%§¥V§§}as é%f%%tﬁgr

i nput, the LPEVilgortli orhpehepatBetBy aphd Fsoritespamt e LPCi ghallpsivsed
stage 510. TheroWdHirof1ide th&8ecHaMBicRee9RVELkelo A4th aned oF i Re routrputs of
the LPC syn thesis stage 540 are input .intg a switch 6(80. The switch 600 is
control |l ed VFQQa¥ﬂ§E o 1 bF EF@ESWlﬁﬁﬁéhRﬁxﬁ égﬁo sGnpl RS §EhestEF by

t he deci si on sdttagat30, irgndli cis was ExCedombliy piguatedhsvahcasshiyta of

creator the arjgi. nhal nono signal ,,stereo_ s l, ot ti-channel
si gnal . %e St ﬁﬁ otfanctlhoerl ssv\]/iqrz:ehpﬁrbd{%}aa c‘g%élg?%drr%ﬁgwé:lgnal, stereo
signal or multichannel signal. The input signal into the swtch 200 and the

deci sion sta 0 a i @ MONG, i |, r£0.Si , {4 -G el
signal or ge%fehr?gl P;eagdgﬁ%i?% Sl gn%%pﬁéﬁr%%naﬁhgﬂgéeci%ﬁhr&hisgﬁwégﬁ be
derived fromWHES GATCKP200Y nptAnal ghial the FFontafgiBxBBFRaP Ssbiiec &%Siich

as a producertadfidhe&ignal in Fig. 7e or a weighted signal in Fig. 7f or
15 any other signal, which has been generated by applying LPC

filter coefficients to an audio signal. Furthermore, an LPC

device can also determine these coefficients and can also

quantize/encode these coefficients.

20 The decision in the decision stage can be signal-adaptive
so that the decision stage performs a music/speech dis-
crimination and controls the switch 200 in such a way that
music signals are input into the upper branch 400, and
speech signals are input into the lower branch 500. In one

25 embodiment, the decision stage is feeding its decision in-
formation into an output bit stream so that a decoder can
use this decision information in order to perform the cor-

rect decoding operations.

30 Such a decoder is illustrated in Fig. 1lb. The signal output
by the spectral audio encoder 421 is, after transmission,
input into a spectral audio decoder 431. The output of the
spectral audio decoder 431 is input into a time-domain con-
verter 440. Analogously, the output of the LPC domain en-

35 coding branch 500 of Fig. la received on the decoder side
and processed by elements 531, 533, 534, and 532 for ob-
taining an LPC excitation signal. The LPC excitation signal
is input into an LPC synthesis stage 540, which receives,



original audio signal underlying the signal input into stage 200, the
swtch switches between the frequency encod ing branch 400 and the LPC
encodi ng WPIAWWEHA. The frequency encodi ng branch 400 EERFPRUEYKSLpect r al
conversion stage 410 and a subsequentily connected quanti zi ng/ codi ng stage
421. The quanti zi ng/ codi ng stage can include any of the functionalities as
known from nodern frequency-donai n encoders such as the AAC encoder.
Furthernore, the quantization operation in the quanti zi ng/coding Stag%¢ﬁ31

can be contr@s & YPEAtESEsydRIHcoustRc Sdut Rt AT higRn&Rsdgted by
pﬁycpoacoust ic@ri;l\r/(r?fs@’dﬂﬁihiir@'l B?Gh &Pa By PBYy ChRaageussic. na{&i@h i ngutbueshet d t(‘h\éﬁr
t he frequency,, ere this informti IS Lh put.into t sta 421 . 1n the
LPC encoding%ﬁﬁﬁﬁ P%Hﬂa%ﬂ&%?ﬁF%ﬁn{Hh %?66%? #Eep?BEEggea%vggeai%EPéyn—
anal ysi s st aghesli® getegat bAQ LREC sidputnfimtanda apwi PEhddfHl .n Shgnalwi thire
excitation e der_i hvely ¢o i - additional_ .swi_tc
smﬁtchinggthgﬁﬁhr{%e?0§?ggéggﬁndgg¥p%hzﬁﬁféghogg#%kg?gﬁa %étaﬁégég aﬁgh
tizati on/ codify cpamrlieon GereratefdebyPCheoridi rora fuaget BRAt i on/ cddidy

stage 524, WRjGh d.& 4 | PoYaliEgsSsubnt he LRCspecds@br dgkbkRe TR ildii-s

end, a spectral_ converter52 I%éEFOVIded at the |n€ut of the |

quant i zi ng/ cAF NG aGE B THeFsoP t$hIB21 PE RYhtFoFP@aNER 84 985en 146D

fashion or adgitgsagd dPophé ashieshdependisng atompbet d | tonet sigealas,steeo

exanple,}gescribeq_in th echnic?I specification. For the closed
y

AVR- V\B+
| oop contPol SHHE! (He BHlode2 tTOHAF Ty includes an inverse

quanti zer/coder 531 for the LPC domain signal, an inverse quantizer/coder

533 for the : -ﬂﬁggi 'gﬂﬁé bRYE c l; <COpV
534 for the (l;[ﬁ%% 31{}&%%6 iaéile 3& .%t en%‘g Egﬂa%gwaéggn%ggcgsgéSg%glng:{t;ae%ren
the processi ifbreaiehes af "PRe 4R rerfc ot SEL Dr BRER2 &r edi AP L@ nnfel

switch controd; deyi G& Xgthetdn1Peasvhtighocenyhall . devpeadiady ohhese towri-
out put Signméiéﬂ*%éfé aégg be derived from the switch 200 input signal
or from any external source such as a producer of the
original audio signal wunderlying the signal input into
stage 200, the switch switches between the frequency encod-
ing branch 400 and the LPC encoding branch 500. The fre-
290 quency encoding branch 400 comprises a spectral conversion
stage 410 and a subsequently connected quantizing/coding
stage 421. 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-
25 zation operation in the quantizing/coding stage 421 can be
controlled via a psychoacoustic module which generates psy-
choacoustic information such as a psychoacoustic masking
threshold over the frequency, where this information is in-
put into the stage 421.
30
In the LPC encoding branch, the switch output signal is
processed via an LPC analysis stage 510 generating LPC side
info and an LPC-domain signal. The excitation encoder in-
ventively comprises an additional switch for switching the
35 further processing of the LPC-domain signal between a quan-
tization/coding operation 522 in the LPC-domain or a quan-
tization/coding stage 524, which is processing values in
the LPC-spectral domain. To this end, a spectral converter



to each other and/or to a target function or a target func tion is

cal cul at ed which may be based on a conparison of the distortion in both

si gnal s SYOZHENV08}d si gnal having the |ower distortion PSTHRYI0B1652

deci di ng, which position the switch 521 should take. Alternatively, in case
bot h branches provi de non-constant bit rates, the branch provid ing the

| ower bit rate m ght be sel ected even when the sig nal to noise ratio of
this branch is lower than the signal to noise ratio of the other branch.

Al ternativel p23t hé PaOVgéted dctith Lol s et NesARANF hRGRI/ FRE LS8y FHA 4%
nol tse ratio @fzéaeacrméicgmatclﬁneza llisfj dfc&i'@r@f.l@c&ChnSlagxnaipémdlobpaCfdeSMM:n‘al
criteria in order to t he be eci sion,for eC|f|cg for
exanpl e, the°Jodl CIL‘Lé) seﬁigﬁ“%%attbat%bl%?td?%?%djslﬂ%u?ﬁ gge% IISWSSéCtbLosqm 5%,
then the tardelr faueiplon wdesdribeadi iy rtéley AMRtWiet bt échat eabf sple ithiga -
si gnal s out puyt. the el ements 531, 534. However, when the main goal is to

have the Dest quality for a certain bit rate, then the switch control 525
m ght, for exanple, dis card each signal which is above the allowed bit

rate and mherrotiotéhes'&P@éédaisoiaelc@wttr%q %ldc(é"edtrbéteﬁ@éaert Iaadawltoemly
control would select the signal having. the bet'ter sj gn to nohgg (ﬂa n
0 1

i . e., having % USan |3 HUBREPS aPPBRAREdY §G SGT t5c§r]t| ‘?1% THe
scheme in aCqur Gance aM tihddwes Prasent i oy LooiieonsSBS, fag shat meefgyca;ral

|IIustra d i . I.b. For_each of the three i b t d
a specif d /RS HYy $1% %]és%ﬁpegg orcggé(gg%lggt s?%lél\/\% lg aZe
431 out puts am,ttlp"m: spect tem HABch Bos hc emaerdeastl amd cagaent dﬂQOd@@erlqmlrﬁg
the Trequency/d | fRe CQRpRIdsl ggg%réﬁéﬂss%lf othBUled-PerdouThy H:andln

and item 533 ‘out put L ectrum I'n order to nake sure that the |nput
signal s into awW tidiPE32inke Par hsWhtEhecoperabdndeiicehe2>. In the switch

LPC spect r unld e K PNVest 8Ee 534 5, S tHoyd dedo Bhe pitt pigitdl & are compared
15 to each other and/or to a target function or a target func-
tion is calculated which may be based on a comparison of

the distortion in both signals so that the signal having

the lower distortion is used for deciding, which position

the switch 521 should take. Alternatively, in case both

20 branches provide non-constant bit rates, the branch provid-
ing the lower bit rate might be selected even when the sig-

nal to noise ratio of this branch is lower than the signal

to noise ratio of the other branch. Alternatively, the tar-

get function could use, as an input, the signal to noise

25 ratio of each signal and a bit rate of each signal and/or
additional criteria in order to find the best decision for

a specific goal. If, for example, the goal is such that the

bit rate should be as low as possible, then the target
function would heavily rely on the bit rate of the two sig-

30 nals output by the elements 531, 534. However, when the
main goal is to have the best quality for a certain bit
rate, then the switch control 525 might, for example, dis-
card each signal which is above the allowed bit rate and
when both signals are below the allowed bit rate, the

35 switch control would select the signal having the better
signal to noise ratio, i.e., having the smaller quantiza-

tion/coding distortions.



of the switch 532 is transforned back into the tinme-domain using an LPC
synt hesis stage 540, which is controlled via encoder-side generated and
transmi tt‘@@zﬁﬁ@oﬁﬂ‘orn&ti on. Then, subsequent to bl ock B%EPRYPRM9PANnches
have timedonain i nformation which is Switched in accordance with a switch
control signal in order to finally obtain an audi o signal such as a nono
signal, a stereo signal or a nmulti channel signal, which depends on the
si gnal inputa%nto t he, encodi schene of Fig. la c illustrates a

n . Fig. |l
further enbodMfeMed % BFFFBRonf ATCRRARRE Bi thhd NG PERSSDY driarar
to the princitpba ofs Fi gs drated). b2doirel, ust 1alles taapreef etrnediegncotibng For
schene in accqr_,da wth a second. ect .of .the invention. A.cC re
processi ng s€ﬁ§§ecggﬁﬂg%t%dr?% Pﬂ%sé%ﬁgcﬁ%ﬂﬁfqrﬁﬁﬁn%gyﬁﬁ%ﬁﬁfigeggg%QEic
surround/ | oidetcositiegeaeblayain titdinwhi shagendBat eS3lamnS> d3t pyistiei Mhile
stereo pafa r ut,pyt; 54 gnal Lehpkspoener at gde by -
domnnixiﬂ% ?%g%ﬁﬁpﬁ?gg?%ﬁg'gaﬁichq%gﬁg S|g%% havpﬁ%htag§0?6nn$e %ﬁaﬁﬁé%&
General |y, th&esi GhBP-GPMERE 0WEpRY OFN®| JAIC TN ANt HI'B 0 IR E Ei]jhal? 40,
having nore gharRels31 byttt guest ant hepElaysnd xh ngigHAC, | el {itemob3bl eak -
101, the nunber of channels at the futput of block 101 wl| be ggalLer t.han
the nunber oPUtFardfelldGRRCTRED: b Bc?rfﬁf.fﬁbl%gﬁinﬁub?eb?aEe Eng Se¢Hene

may conpri se sdlgnerzat inedby stwa tidie bB2ckarddflborthi niraddihel anPC-edétheib) oddhel01

a band wdth ensiQn st 102 he: )9, .2 i,me t put, of
bl ock 18%gi51$§%5%%4%§¥ 4§?ﬁxﬁ?\ﬁcﬁ#%%x?gas%%nsﬁﬁggég?oz%k i%n?p&# t éa
encoder of Fiof. treg BuitpLh s5S32baaditirainsddwisghdbaciichnae the [tamebalenain
signal or thed;Qu passSLeE9RghtRlkslilsS HUPLt 5407 ef@riall vist Bbacsbgnal isia
downsanpl ed (e.g.” by a factor of tw) as well. Furthermore, for the high
band of the $NGedelrwide | Fed M@ 1629 har@RSRiFted LPC information.

Then, subsequent to block 540, both branches have time-
15 domain information which is switched in accordance with a
switch control signal in order to finally obtain an audio
signal such as a mono signal, a stereo signal or a multi-
channel signal, which depends on the signal input into the
encoding scheme of Fig. la.
20
Fig. 1lc illustrates a further embodiment with a different
arrangement of the switch 521 similar to the principle of
Fig. 4b.

25 Fig. 2a illustrates a preferred encoding scheme in accor-
dance with a second aspect of the invention. A common pre-
processing scheme connected to the switch 200 input may
comprise a surround/joint stereo block 101 which generates,
as an output, 7joint stereo parameters and a mono output

30 signal, which is generated by downmixing the input signal
which is a signal having two or more channels. Generally,
the signal at the output of block 101 can also be a signal
having more channels, but due to the downmixing functional-
ity of block 101, the number of channels at the output of

35 Dblock 101 will be smaller than the number of channels input
into block 101.



extension paraneters such as spectral envel ope paraneters, inverse

filterin araneters noi se floor paraneters etc. as known from HE- AAC
profile o dre generated and forwarded to a bitsPFEARPHRPI6E exer
800. Preferably, the deci si on stage 30 receives the signal in put into

bl ock 101 or input into block 102 in order to de cide between, for exanple,
a nusic node or a speech node. In the nusic node, the upper encodi ng branch

400 i s se Iecged, while, in the sg eech the | ower encodin br%nch 500
1o e oot ed. ThParalA PTARt Ases ol 5 SEROBCamaY (S ONAT |55 coMEPERe taNE LY

jﬁin} stereOtFIka Wloardhion tdre banddddthoextenstioa block 10 te bdaplt-
the functional.i of .these Dbl ocks t he e |g n
et o SF 8ot d0R0° TP PERS Fill 9T o nBhET e

deci sion sta 8 term nes certai i e portion of i nput’’ si gnal
is of the fipstpmvde Suchoak flRé rassi tnpwdeintherthspaedideideht @ﬂé@neflon

blrock 101 an@’lg kbll@CZK W%Q%rpamrpec@@r{éw@p oy khg. desl Sbgﬂﬁﬁtt%g% 300d-

Alternatlvelg he deci’sion stag determ nes t hat the signal is in
a speech nod l@ﬁte&eﬁﬁgﬂQ& sp@h a28e BﬁdlEPCQﬁﬂﬁmﬁiQﬁﬁkaO%hEHesﬁéHrH%?s

L eatures OI lallg%lé? 11 @eg b@%p@ﬁn ?ﬁrélﬂﬂrébpi/{ ednin @1@{ajﬁpﬂgh%h|ﬂ1§'fa|ﬂ9
eci sion stage ou fera e .spectra sion of the co

branch 400 |g?& %B?ng ‘%[£§¥% Er&ti d (ﬁhléﬁ éégﬁ H@ EtB?é?oé?adﬁﬁ%
t he tinme-war paeé MD@B(nﬁﬁdudﬁnthQWEﬂgnahelmmengnhooblogknéoébIpgnﬁMedth
D a0 | CRA L ARG LI L QLL o B URC L ASKA AN oD} Ber Bl Lo

strengt h. 4 Zero warping SIreng oper at| on
astrai ght - fommmai@qXﬁlbperangomd@ammtan$4heoase fﬂﬂ@ﬁlmﬁrﬁﬂﬁb?ﬁa etC

strength toggther, Wk h fhiie ML RAGIp §b@§llenfcpﬂ’ MBpEE08 GA'e Dgenerated and
transmtted/i nput 1nto the bltstrean1nult| exer ﬁg as side information.

In the LPC ed@sdiadgiast dicid ?%ﬁﬁ?ﬁﬁ?ﬂdﬁ%}%l hed8Er®Hly in clude an ACELP

core 526 calculating a pitch gain, a pitch
15 Preferably, the decision stage 300 receives the signal in-
put into block 101 or input into block 102 in order to de-
cide between, for example, a music mode or a speech mode.
In the music mode, the upper encoding branch 400 is se-
lected, while, in the speech mode, the 1lower encoding
20 branch 500 is selected. Preferably, the decision stage ad-
ditionally controls the joint stereo block 101 and/or the
bandwidth extension block 102 to adapt the functionality of
these blocks to the specific signal. Thus, when the deci-
sion stage determines that a certain time portion of the
25 input signal is of the first mode such as the music mode,
then specific features of block 101 and/or block 102 can be
controlled by the decision stage 300. Alternatively, when
the decision stage 300 determines that the signal is in a
speech mode or, generally, in a second LPC-domain mode,
30 then specific features of blocks 101 and 102 can be con-

trolled in accordance with the decision stage output.

Preferably, the spectral conversion of the coding branch
400 is done using an MDCT operation which, even more pref-
35 erably, 1is the time-warped MDCT operation, where the
strength or, generally, the warping strength can be con-
trolled between zero and a high warping strength. In a zero
warping strength, the MDCT operation in block 411 is a



| ag and/ or codebook information such as a codebook index and gain. The TCX
node as known from 3GPP TS 26.290 incurs a processing of a perceptually

wei ght ed ¥PGAWY003%64t he transform domajn. A Fouri er trangf:@rq%é‘a) (RE%@M ed
signal is quantized using a split mulBi-rate lattice guanti zati on

(al gebraic VQQ with noise factor quantization. A transformis calculated in
1024, 512, or 256 sanple wi ndows. The excitation signal is recovered by
inverse filteri n% }1 uan tjzed wei ghted, signal througg}an i hverse

wei ghting fi BEERLIING tf ¢ ETcs MR e bR BheR #B8WNa 1hedts X tonlBEt EAMSr ef
erably conprwaeﬁlagsm%ménqﬁﬂlyoqdanbeddmzm'op@éamﬁaplm@/si@pcehfamma—

wi ndow functions foll owed untl tlo/ entropy, gnea stage i.ch
may consi st &F 8 sTh |é’%e§¥8“s%u§nt |d§/: ornlC S 3168 h? pre Tsera y |lsl\ﬁlg‘
conbi ned scapéexqma@tolozars/ @udeopy\ﬁmdmtmmn lar to the quan tizer/coder in
the frequency domain coding branch, i.e., initem421 of Fig. 2a. In the
second codi\r)\g branch, there is the LPC bl ock 510 followed by a switch 521,
again fol | owe® ByreartBERICORbe® BPEn6h, ak PO slomaky enggder jgay in-

described i n3GRR &3 26cHlP abdeTGRd scalbserabesyip %@BhT%a2161,299 pitch
General ly, the ACELP, bl ock 526 receives an,LPC excitation si

a
cal cul ated by3§ piledtir §CHEPOK I HERTTALEPY. SHED THe POF eg%?(o}gz?‘ndex
recei ves a wainghtoed rsi dited BGX gxeaeeataed Kpwr Eroff 3GRR TEX26t Ae0t Hacnsfrer m

i I ht ed f I
5P LS MRt Bhanel B By 4ol T 908

em bodi nent s tofansferimvdmadion. i3 §oveaeby t(r\anﬁ(fzirﬂgiq y/g¢ighped ;lgflfhllls ist he

wei ght ed si gpal, S Ay Lﬁgl%naan S opal nﬁﬂq:l'-tlsaﬁé arl%ft%r@é Sglintization
LPC-spectral domain. The signal processed by 8

excitation silglaebsfdq VY |‘F¥E‘P BRE Ser (frﬂqtlﬁéf s‘i%@l%ﬁ"b’c%%seﬁ Erﬁmtsﬁt?rm
bl ock 527, buts h@ftculated in 1024, 512, or 256 sample windows. The ex-

15 citation signal is recovered by inverse filtering the quan-
tized weighted signal through an inverse weighting filter.
In the first coding branch 400, a spectral converter pref-
erably comprises a specifically adapted MDCT operation hav-
ing certain window functions followed by a quantiza-

20 tion/entropy encoding stage which may consist of a single
vector quantization stage, but preferably is a combined
scalar quantizer/entropy coder similar to the quan-
tizer/coder in the frequency domain coding branch, i.e., in
item 421 of Fig. Z2a.

25
In the second coding branch, there is the LPC block 510

PT'

followed by a switch 521, again followed by an ACELP bloc
526 or an TCX block 527. ACELP is described in 3GPP TS
26.190 and TCX is described in 3GPP TS 26.290. Generally,

30 the ACELP block 526 receives an LPC excitation signal as
calculated by a procedure as described in Fig. 7e. The TCX
block 527 receives a weighted signal as generated by Fig.
7f.

35 In TCX, the transform is applied to the weighted signal
computed by filtering the input signal through an LPC-based

weighting filter. The weighting filter used preferred em-
bodiments of the invention is given by (1-A(z/y)/(1-1z7').



signals are in the LPC domain. At the decoder side illustrated in Fig. 2b,
after the in verse spectral transformin block 537 , the inverse o f the
vei ght i ngVPi2P10103364 applied, that is (\ - me~ )/ (\ - A(ZCAEPPI09004R2n, the
signal is filtered through (1-A(z)) t¥ go to the LPC excitation donain.
Thus, the conversion to LPC domain block 534 and the TCX 1 bl ock 537
i nclude inverse transformand then filtering through - -- - - - (1-v4(2))
to convert from (\-A(z/ g )) the weighted domain to the excitation domain.
g\llghough i Eenrhﬁ]s_of :ctmaeFiwgs'.g_rﬂtad Iscigrizel, 12 dn |LRQ rdgresim siaghé BhdckEsbl ock
can outp i ent. si.g 5 elyls) e sl gn eph PC
domai n. The gtgtagglfo‘r%%ndgso%fn [)iiagloctszk 140 sucﬁéoariﬁﬁﬁé r@?(%i?% ?%E gikgﬁgl%r?gde or
t he wei ght edbyi §6ELPdecdark Afepend fvh et tatien siweeh apdrés differ-

Al ternativel Lol Bodh Qdle Bh:fan it 40 R AldElbDotRCs235 bUg deehces,
where one device is inplenented simlar to Fig. 7e and the other device is

i npl enented &dgmags pre Hendde (€ 1B/ dhain at the output o f 510 can
represent either the LPC excitation signal or the LPC wei ghted signal or

any other LPC domain, sigpal. In the secon ncodj branc A TG o f
Fig. 2a or Zg,t &ﬁ‘@ 5eé:r?g:|qe’i’ ssjpcreeflgir%a%ﬁ/ ?)geegelrrlgh%{;(g'zeggf h?g(ﬁagaggfei Ig%g)e_r
| -0. 68z~' befvereseermpaditnl A tan o WCELP/ TRXcKetdder theFigvezset pd the

synt hesi zed sjgnalt iy deergdiasi zedomi 1&af hendi | ter (114 4~ W(B8A(z Jy)) . The
preenphasis can be part o f the LPC block 510 where the signal is
pr eenphat? zed hisa¥,ortd1 <L PG Gl yiss st bHer eRAntnzaedn (1 SPAZ) ar £, I8e&rpidsi s
it her " embodinsent Tor h T e Tt ron ot oy o5 but wih & giit
arrangenent &¥-adle 34 t&H She ST | aP 106t ﬁggprih%&i“ﬁ%’e d?ver—ﬁvg’get ﬁén%%égfﬁem
preferred eM%%Hrgﬂgﬁ %I%%ééigé éﬁié&ghzggkiggélf&guﬂzn to convert from
(1-A(z/y)
the weighted domain to the excitation domain.
15
Although item 510 in Figs. la, lc, 2a, 2c illustrates a
single block, block 510 can output different signals as
long as these signals are in the LPC domain. The actual
mode of block 510 such as the excitation signal mode or the
20 weighted signal mode can depend on the actual switch state.
Alternatively, the block 510 can have two parallel process-
ing devices, where one device is implemented similar to
Fig. 7e and the other device is implemented as Fig. 7f.
Hence, the LPC domain at the output of 510 can represent
25 either the LPC excitation signal or the LPC weighted signal

or any other LPC domain signal.

In the second encoding branch (ACELP/TCX) of Fig. 2a or 2c,

the signal is preferably pre-emphasized through a filter
30 1-068z"' before encoding. At the ACELP/TCX decoder in Fig.

2b the synthesized signal is deemphasized with the filter

1/(1-0.68z7') . The preemphasis can be part of the LPC block

510 where the signal is preemphasized before LPC analysis

and quantization. Similarly, deemphasis can be part of the
35 LPC synthesis block LPC™' 540.



la or 2a) is controlled through an open-loop decision (as in Fig. 4a) and
the second switch is controlled through a closed-1oop decision foas in
figure 4pYO020H403%¢anpl e, Fig. 2c, has the second sw t c RCHERRUWEV&HSEr t he
ACELP and TCX branches as in Fig. 4b.7Then, in the first processing branch,
the first LPC domain represents the LPC excitation, and in the second
processing branch the second LPC domain represents the LPC wei ghted

signal. That |s e first LPC donmain signal is obtained by filter ing
through (I- A9 t CcohvEPtrabeshée Lptr flear deaPodanans, fwi It e hingbenan-

LPC domai n sngmlom Sof)bFagI’IEGaby it tvﬁfﬂl"ﬂgatBiQE@BehBeafr'r'atn%rerr(e%t PAE! the
c))/ (I - th) vert t? hg LFﬁ: gte domain,. Fig. 2b illustrates
a decodi ng sc ]es?)b’PIJd A5 18 FRE BREBGIRG Ss Ofrertd of 4IJ—E?g 2a. The
bitstream generated by bitstream multi plexer 800 of Fig. 2a is input into a

bi tst reamudern ] b exec . 900. o REDSTALRG oByan Ankarmtion, derd ved Tor,

exanple fr tstreamvia det &ct i-on ol
switch 600 islxodtrdd) edlstecrtrhbtefiothardgbi gnalopefnr-qumaamworbr aémsh or

si gnal s fromirhegi@v\e&abrmhtﬁ@ Eéeobangwl%h 26 %%Sn't%lti' r{ Jh§

bandw dt h extensi on bl ock 701 receives, fromthe |tstream fexer
900, side i nforPREForPANAePRS AN ohAENiLE SiA¥LENFBY -mat i on and the out put
of the node decision 601, recon structs the high band based on the | ow band

out put by.switch 600. The full band_sign ener ck 7 S i nput
into thexjom OS5t EFEH St r bt %?005@& ﬁg sgﬁﬁgn QJT‘3I=5:eccgr51":,“??%‘"cts
two stereo chameAGELP zmdeT@X pumahchebanrelis. EG@nema:I I yrhebI ocikn 7t£}2evm |1

out put nore I i in t I di

application, the 1 r&pﬁ?o %G%QEHZ;BQ %ge gv]e%rslb'l %%:&ug%%{é\%& c]{%%g)nr(r)lée1 <'%SUch as
in a stereo Ia*?@ %?ﬁfyl%@/bhoﬁlncﬁnéelﬁoﬁéecﬁﬁﬁ@@ds pgodemsgng branch,

the second LPC domain represents the LPC weighted signal.
15 That is, the first LPC domain signal is obtained by filter-
ing through (1-A(z)) to convert to the LPC residual domain,
while the second LPC domain signal is obtained by filtering
through the filter (1-A4(z/y))/(1-uz”') to convert to the LPC
weighted domain.
20
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
demultiplexer 900. Depending on an information derived for
25 example from the bitstream via a mode detection block 601,
a decoder-side switch 600 is controlled to either forward
signals from the upper branch or signals from the lower
branch to the bandwidth extension block 701. The bandwidth
extension block 701 receives, from the bitstream demulti-
30 plexer 900, side information and, based on this side infor-
mation and the output of the mode decision 601, recon-
structs the high band based on the low band output by
switch 600.

35 The full band signal generated by block 701 is input into
the joint stereo/surround processing stage 702, which re-
constructs two stereo channels or several multi-channels.
Generally, block 702 will output more channels than were



as the output by this block has nore channels than the input into this

bl ock. The switch 200 has been shown to switch between both branches so

t hat onl yYWBR81008%¢h receives a signal to proc ess and PREEEEHE4hNnch
does not receive a signal to process.¥In an alternative enbodi nent,
however, the switch may al so be arranged subsequent to for exanple the
audi o en coder 421 and the excitation encoder 522, 523, 524, which neans
that both branches 400, 50Q process the sanme signal in parallel. In order

I
to not doubl éPPRE biRFAL EN1FoviRlIRTK - oMepPeRE NG gl thEt RIRPHiCdRhECB! tHse
encodi ng branehes 4k Orb Bk i 303ehagt @delnd - Wdd teho | Bh@nhBesodiplt as
bitstream The deck§ion stage will then o eratﬁ @O t hat the signal mthten
into the bit$r EaMMNTITLeS &rta ot 1PunetF ot wnere " i'fé Sc 8t ~°n9
function canalse the germrtatled bhisatbd ook thes gener atleanpelsephaal the in-
distortiq@ o&d%(¥yygrygigegf¥§ﬂstortion cost function. Therefore, either
I

in this node or in the node ustrated in the Figures, the deci sion stage
can al so operate in a closed | oop node in order to make sure that, finally,

only the encaficNgsRLRREN 0WbPULakS MEEAT €andbh O e NiidH eyBiEah st or
a given percep tual distortion the |owest bitrate or, for a given bitrate,
has the | owedtt 3EEsptaral tRAStPY onne | RTeReN cFBSBYUVESop RBd82lt & Pd&fback
i nput may be <@gy iarel tHommdpussawéht Beeshnee gqeastiivezen/ seahern hlooghod21,
522 and 484 in Figﬁbla. I? t@g %n&lenenta.ion havi n Jao s 'gch%s %.ea
the fi rs} sWteh a2 thETB_ESNE s?v‘?n‘btoc 52T iqol e|or’ef rred tlﬁé:t e
time resol utiadsd dpet heraingsd sswbshquent owesr fdwanekhmptilensreesalhdtporerf-or
the second SV&&%} mﬁg}]sﬂdd'tfhfeerépéi atawﬁ Qg%bétro“sztﬁe § fput 5§'49H§Jhil&¥o

the first swtch, can be swtched via a swtch operation are | arger
than the bl o@eRnsi tedledPByht e el $OP t cROBp@r&qe®F i Whe héalpCdoidlt

in parallel. In order to not double the bitrate, however,
15 only the signal output by one of those encoding branches
400 or 500 is selected to be written into the output bit-
stream. The decision stage will then operate so that the
signal written into the bitstream minimizes a certain cost
function, where the cost function can be the generated bi-
20 trate or the generated perceptual distortion or a combined
rate/distortion cost function. Therefore, either in this
mode or in the mode illustrated in the Figures, the deci-
sion stage can also operate in a closed loop mode in order
to make sure that, finally, only the encoding branch output
25 1s written into the bitstream which has for a given percep-
tual distortion the lowest bitrate or, for a given bitrate,
has the lowest perceptual distortion. In the closed loop
mode, the feedback input may be derived from outputs of the
three quantizer/scaler blocks 421, 522 and 424 in Fig. la.
30
In the implementation having two switches, i.e., the first
switch 200 and the second switch 521, it is preferred that
the time resolution for the first switch is lower than the
time resolution for the second switch. Stated differently,
35 the blocks of the input signal into the first switch, which
can be switched via a switch operation are larger than the
blocks switched by the second switch operating in the LPC-
domain. Exemplarily, the frequency domain/LPC-domain switch



Exempl arily, the frequency domai n/ LPC-domain switch200 may switch bl ocks of
a length of 1024 sanples, and the second swtch 521 can_sw tch bl ocks

havi ng 2§§O§3H$W§§4each . Al'though so of the Figs. |aPFﬁF866ﬁm%662are
illustrated as bl ock diagrans of an é@garatus, these figures sinultane
ously are an illustration of a method, where the block functionalities
correspond to the nethod steps. Fig. 3a illustrates an audi o encoder for
generating an en coded audi o signal as an output of the first encoding
branch 400 arkdOa maeco%idl efle odi agkbr afcle 3@Mgthuratel 0dé esamhéeenceded taali o

signal preferahlond neludes sede iad0r g itd PN BYERKAS RELIRGOCESS RAmples
paraneters fromthe conmon pre-processing stage or, as discussed in
connecti on mF?%*breceding Figs., switch control information. Preferably,

the first encoding branch is operative in or der to encode an audio

internedi ate _signal .195 in accqordance with_a first caoding algarith

wher ei n tﬁe'ﬁ HouBhi vy al § r%@ﬁ#ﬁ%&sangﬁnﬁgFﬁ%ﬁQniiqnﬁrﬁD&&ﬂpgﬁﬁ?%qQSt

encodi ng br arch i lgeticrgtass tdie dnrsppengoder ohepet f3iggmeals shimell ianean

encoded spectr i n I on e tatien of t di o,.Loter i ¢
Iﬂﬁ%]ﬁ)e Lepnal 1 NGYESAN Il be me'{ﬁlo%g fnbRLer ihgl Aok

si gnal 195. rnore, the second encoding branc 0 1's adap

encodi ng t he fauditol ant ekl ster se gpand 196 Fhe asebhadnséewsth a second
encodi ng algorithm the second coding algo rithmhaving an information
source npdel and generating, in a second encoder output signal, encoded
par anet et 8 fc?rlgvhg?‘? nt bt Rt T dFe S 0BR cB8URD Be PNCOEEs ity i F hR@r ABdFEfe

audi o si gnal .cod audida censodralf ud heirmobatpafprosestHde fa@stdnencoding

pr eprocessi ng_ st age % re-processi hg an audi o inpu%1 ignal .99, .10 _obtain
Phe. audi o i nEdtredl at 0 sPBfal toorseshrrlilpl yratne fhon orshErBdt8sing

stage is opemhé\ﬂn¢gded audio signal preferably includes side informa-

tion such as pre-processing parameters from the common

15 ©pre-processing stage or, as discussed in connection with

preceding Figs., switch control information.

Preferably, the first encoding branch is operative in or-
der to encode an audio intermediate signal 195 in accor-

20 dance with a first coding algorithm, wherein the first
coding algorithm has an information sink model. The first
encoding branch 400 generates the first encoder output
signal which is an encoded spectral information represen-
tation of the audio intermediate signal 195.

25
Furthermore, the second encoding branch 500 is adapted for
encoding the audio intermediate signal 195 in accordance
with a second encoding algorithm, the second coding algo-
rithm having an information source model and generating,

30 in a second encoder output signal, encoded parameters for
the information source model representing the intermediate
audio signal.

The audio encoder furthermore comprises the common pre-
35 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

process the audio input signal 99 so that the audio inter-



process the audio input signal 99 so that the audio intermnmedi ate signal
195, i.e., the output of the comon pre processing algorithmis a

conpr esseYOBI083¢40f t he audi o i nput_signal. A preferr E§THREHEQKF2 audi o
encodi ng for generating an en coded a&%dio signal, conprises a step of
encodi ng 400 an au dio intermedi ate signal 195 in accordance with a first
cod ing algorithm the first coding algorithmhaving an infor mation sink
model and generating, in a first output signal, encoded spectral

i nformati on megiesentsignahe183di ot sF gnaltN®a Rtlegprlef 0éncldtf n§OBHE arP &%idi o
i nt er medi at epshgralsikI5 4 IyAccaiRans e awiddngr saeandvepdiag akgad hamdide
second cod ing algorithm having an information source nodel and gener
ating, in a 4BPYhdSIF Gt signal, encoded parameters for the information
source nodel representing the internediate signal 195 and a step of

commonl y pre-processing, 100 .an,audi 9 1L.ApU i I 0 i N the_gudiQ
i nt er medi teAmaféﬁ%rr ,me %ﬁ%in? ?Hd?ﬁe%E%E%H§P %%%ﬁ)#%%%%g%% ogesgpng
t he audi o i npodesi gnali % lignadr,ocearerl $oS t hast eheo huaneofdhngr AR dheau-

signal 195 ig; .QQ%@@%§E%$€g”§%?thﬁlé@eiﬁuagé&ragﬁéé_§i9ﬂab 99 r swheiri-n
the encoded audio signal in cludes, for a certain portion of the audio

si gnal ei t heingh@¥gasithau pte sf§RaF 6OYRY A Gt PR vERgnar. 2 ffer-
met hod pref erghlivn nelnidesmddle {nd tdete sd€pngncodi agf arser bak pupostiigor 19f
the audi o_internedi ate signal either using the firgt cogbng glggrgghwéy,
usi ng t hk? seEOE i%ﬂf%ﬁ%ﬁir%q T3 C R obFRES T RSP En Al u8PRG oS et
al gorithns ard sudpusf i egcdding 606oded ssidjral irgid¢eedidntee r esghalofl 96hen
first coding 1 gl t{uD of; fiiea! B8HLh 0Tl S L GOMH NTe L OQEELRR cod-

CGeneral |y, the audio encoding algorithmused i e first encoding branch
400 refl ect s iavd atfetischthehay ingtawninfoanabian oSerAke MRESd| AR PSR~

audi o i nformafdiQQy i s; ROITRLE ¥ohHe JUHPRIE €8 gndDP RWRIYRANp&AAMEEe FBdE
as @ 15 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-
nal 195, wherein, in the step of commonly pre-processing
the audio input signal 99 is processed so that the audio
20 intermediate signal 195 is a compressed version of the au-
dio input signal 99, wherein the encoded audio signal in-
cludes, for a certain portion of the audio signal either
the first output signal or the second output signal. The
method preferably includes the further step encoding a cer-
25 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 botp algprithms and out-
putting in an encoded signal either the result of the first
coding algorithm or the result of the second coding algo-
30 rithm.

Generally, the audio encoding algorithm used in the first
encoding branch 400 reflects and models the situation 1in
an audio sink. The sink of an audio information is nor-
35 mally the human ear. The human ear can be modeled as a
frequency analyzer. Therefore, the first encoding branch
outputs encoded spectral information. Preferably, the

first encoding branch furthermore includes a psychoacous-



frequency anal yzer. Therefore, the first encodi ng branch outputs encoded
spectral information. Preferably, the first encoding branch furthernore

i ncl udes WOF8YNEREousti c nodel for additionally applyi R§TEPREYEKAEousti c
mask ing threshold. This psychoacoustilc masking threshold is used when
guanti zi ng audi o spectral values where, prefera bly, the quantization is
performed such that a quantization noise is introduced by quantizing the
spectral audi o val ues, which are hidden bel ow the psychoacoustic maski ng
threshol d. THe osa@sied ok Al bianehlyepPEI¥ANS an ASHBrMRPWHt Soumask-

model , whi ch ;pef | @ﬁ%ésﬁ@?dgenﬁrﬁf‘é | 4% R h el s 51 Neha sk Qh%es'h%lef ki on
source nodel s qy i nclude a speech nmodel which is reflected by an LP

anal ysis stage’f en [y nfigia FPRE td6taiVR WisghaiNg ik o @Lﬁeﬁpéado
mai n and by m@seque@t lq)daﬁt@@@%iblﬂlg J‘I§16pr€oﬁ:Q%ddU§ilcl’Slgﬁat a. @uanthea-
excitatio qfo Al terpativ squn qurce gl %W%ver oun gio
source model $18F 1% sptesknt tHG 8 (':JSFt ai FYI%%?? h?g y°‘ 2500n
gener ators suoehues,a wpech f acesbuddiesorekoexitbei rpgmqh‘loraea:}usmlrct dmaaksebec
tion between t‘%‘ f&ranf sound source nodel s can be perfornmed when several

sound source el s are avail able, for exanple based on an SNR cal cul ati on,
i.e., based on a cal culation, which of the source nobdels is the best one

suit able forrncodidehd C&ﬁ&@aﬂn@l NBrRAthi 0fe@d/s@h tfy equencyn pekink ef oaf
an audio_signal. Prefera : he switch between encodi ng bra ches
n

is perfo?‘ﬂed SHGIe Made oméﬁrff' . e‘?eg]te?fé’is a it TP T AR B0 ¢ P
encoded usi NG iRl .NoTled r@hdlra, centtarmadiiichersnirde neopoel ki myoflrﬁd:mude a

ternedi ate m&nal IS eane)deg u§| ng thaefloeté]ceerdeg oghn% aa{}gdh ;{l%oggg ion
sour ce nodel STAre repres nt ed y ertain pa Taneters. Regar ¥1g h& -§geé&ch
nodel , the pawanaté¢5 wrensforming a time domain signal into an LPC do-
main and by subsequently processing the LPC residual sig-
15 nal, i.e., the excitation signal. Alternative sound source
models, however, are sound source models for representing
a certain instrument or any other sound generators such as
a specific sound source existing in real world. A selec-
tion between different sound source models can be per-
20 formed when several sound source models are available, for
example based on an SNR calculation, i.e., based on a cal-
culation, which of the source models is the best one suit-
able for encoding a certain time portion and/or frequency
portion of an audio signal. Preferably, however, the
25 switch between encoding branches is performed in the time
domain, i.e., that a certain time portion is encoded using
one model and a certain different time portion of the in-
termediate signal 1is encoded using the other encoding
branch.
30
Information source models are represented by certain pa-
rameters. Regarding the speech model, the parameters are
LPC parameters and coded excitation parameters, when a
modern speech coder such as AMR-WB+ 1is considered. The
35 AMR-WB+ comprises an ACELP encoder and a TCX encoder. In
this case, the coded excitation parameters can be global
gain, noise floor, and variable length codes.



LPC paraneters and coded excitation paraneters, when a nodern speech coder
such as AMR-WB+ is considered. The AMR-WB+ conprises an ACELP encoder and a
TCX encod¥P201MP083ts case, the coded excitation paranet 8FLEPANNE6§2 obal
gain, noise floor, and variable Iengfﬁ codes.Fig. 3b illustrates a decoder
corresponding to the encoder illustrated in Fig. 3a. Generally, Fig. 3b
illustrates an audi o decoder for decoding an encoded audio signal to ob
tain a decoded audi o signal 799. The decoder includes the first decoding
branch 450 f &dgdedtdiilg wat mioexiedl degndkrecoodedponddocpridantes wenfoder

first coding.algQri hav| ng: an kaf or, ' I, nk-npdel he audi coder
furthernore ﬁﬁ%g&éé&Qghggﬁgnglgécggfng réﬁﬁaﬁ BOFggf ngQﬁhg aﬁggﬁgcgged
i nformation siughal denstad for adespdance ai t anaodedoadddéadisigralgor? t ART

N onb ner 1o o b e e e ot e bt ansh 450
, i ni utput signals _fromthe first decodi ranc

and the secoikd Idéc IR FRL BRAnbR 2 t%gngQFnQF?Rﬁ&ﬁ%eanm%ﬂﬁQJgahélgnal
_CO{TbI neg_ si g@ax!co\dadcggn'gséldddmam@é edith Bi §irdt aodimey dergoledt audhaving

i nternedi ate signha I S_input int C n C i n [
post processi®y {%%PEQ%BH%H AT T%?%?he i5%eag?géa%&%ﬁgggah?%%Eﬁg§P%ge
conbi ned sigdﬂckm@qnnabyechpdcdﬁbbmemQKmI§MﬁmhéﬁoaﬁO@u@qmﬂdkﬂqN@m éfi-t he
conmon pre‘prc%gl%gf'ir}gfo%?ag& ér? éi‘ggﬁﬁi’aeﬂ%@d\é‘ér Si'nogzéﬁortcib%ccé)fmi@ﬁdasggem :

ed audi

Thus, the deco di o signal as an enhanced I nformation content com
par ed t 0l he adek odledinadiad dortictmedhay éngi gital 18H9rmakien| YBHRA | BRISL -

expansi on i s OV Heth e ddige £0PTRBNBRRL RN AG1ASRIdY Stagpiiéh Ebe behp of
pre/ post processing garanetens i ch_can % transmtted froman en odgr to
a de coder, GHWMHEhORERYbe SF& FFomh t dgﬁﬁﬁ d 955876 n Eﬁ%%%iaég

signal itsel fandreher aklannchodewedinpr édpasth pb6fessd ngbpaianet ecsmbrised
transnitted.u¥g3§¥[e?ﬁ8d%%ﬂﬂiﬁ%d signal which is illustrated in Fig.
15 3b as the decoded audio intermediate signal 699 is input

into a common post processing stage for post processing

the decoded audio intermediate signal 699, which 1is the

combined signal output by the combiner 600 so that an out-

put signal of the common pre-processing stage is an ex-

20 panded version of the combined signal. Thus, the decoded

audio signal 799 has an enhanced information content com-

pared to the decoded audio intermediate signal 699. This

information expansion is provided by the common post proc-

essing stage with the help of pre/post processing parame-

25 ters which can be transmitted from an encoder to a de-

coder, or which can be derived from the decoded audio in-

termediate signal itself. Preferably, however, pre/post

processing parameters are transmitted from an encoder to a

decoder, since this procedure allows an improved quality

30 of the decoded audio signal.

Fig. 3c illustrates an audio encoder for encoding an audio
input signal 195, which may be equal to the intermediate
audio signal 195 of Fig. 3a in accordance with the pre-
35 ferred embodiment of the present invention. The audio in-
put signal 195 is present in a first domain which can, for
example, be the time domain but which can also be any

other domain such as a frequency domain, an LPC domain, an



decoder, since this procedure allows an inproved quality of the decoded
audi o siq&al. Fig. 3c illustrates an audi o encoder for encodin% an_audio

i nput si gNA20YY3S64hi ch may be equal to the internedi at 8CAFEFPY P4AAI 195
of Fig. 3a in accordance with the pré?erred enbodi nent of the present
invention. The audio in put signal 195 is present in a first domain which
can, for exanple, be the tine domain but which can al so be any other donmain
such as a frequency domain, an LPC domain, anLPC spectral domain or any

ot her domai nLPGermreattingl t Hemadmversi enyf rothene ddowdim t 6enpsadiber dofmai n

is per formed QY. as¢8RVeFSLAN AI05LHEThSUCD BNy 9drt RemaBld kRgWhe r -

time/frequency conversion algorithns or frequency/ time conversion
al gorithms. AArEPgelyatd vEORYaRSE B MALAEHILRE SURD dtafRY Por &t Tn

the LPC domakRois theihegakbq@bnkBC fEbheekBgoa tiaBgdpmBhinssi goal wWieh
results in an LPC resi dual s%gpal or_excitation signal. Any other filtering
operati oms pABRREYY hg™E T Q&Qﬁgﬁﬁﬂoﬂﬂﬁhﬂﬁhas an inpact on a

substanti al nunber of signal sanples before the transformcan be used as a

transform al gori_thm as . t.he e e erefo i ing audi
si gnal using Bnaﬁﬁéﬁ&%ﬁi¥%&§¥%R%$%%$HFfe$ ?géaEﬁﬁFrﬁ%%g%Péng?g?nl ,%
generates a sngrale | hP€helamR@ rdohai thel rresultrepfr dfifentylteansform tihe

modi fi catiop,nf ;3 single spagkhal-a@lue Wk JRavep@nrgpach 10 igjdall i 58
domai n val ues “before the transtorm Anal ogously, a nodification of any tine

domai n skl ex@illthtAePe BHIPAbachnyn HAGH fFehuRRt)I dORETR [Safs & roducT
Simlarly, ajpgdifificatd @y ofignsanphechf hhbeagxdimpaldtorrsignaibs taani 4PC
do 1 % UL DRt e, ke Nl gL EDEnLEG AT ket
nmodi ficati onagf @& saaplsddref oabganitPE tasanshier catsicormay | behaveherefopact
on weighting an audio signal using an LPC based weighting
15 filter is a further transform, which generates a signal in
the LPC domain. In a time/frequency transform, the modifi-
cation of a single spectral value will have an impact on
all time domain values before the transform. Analogously,
a modification of any time domain sample will have an im-
20 pact on each frequency domain sample. Similarly, a modifi-
cation of a sample of the excitation signal in an LPC do-
main situation will have, due to the length of the LPC
filter, an impact on a substantial number of samples be-
fore the LPC filtering. Similarly, a modification of a
25 sample before an LPC transformation will have an impact on
many samples obtained by this LPC transformation due to

the inherent MEmory effect of the LPC filter.

The audio encoder of Fig. 3c includes a first coding
30 branch 400 which generates a first encoded signal. This
first encoded signal may be in a fourth domain which is,
in the preferred embodiment, the time-spectral domain,
i.e., the domain which is obtained when a time domain sig-
nal is processed via a time/frequency conversion.
35
Therefore, the first coding branch 400 for encoding an au-

dio signal uses a first coding algorithm to obtain a first



many sanpl es obtained by this LPC transformati on due to the inherent nenory
effect of the LPC filter. The audi o encoder of Fig. 3c includes a first

codi ng br¥AAIAYEOhhi ch generates a fjrst encoded si gnaPCTHERRU0P4653
encoded signal may be in a fourth domdin which is, in the preferred

enbodi nent, the tinme-spectral domain, i.e., the domain which is obtained
when a tine domain sig nal is processed via a tine/frequency conversion.

Therefore, the first coding branch 400 faqr. encoding an_au di.o,signal uses a
first codi n@%%@tﬁhﬁ?égobt@%{% ’H‘%§tgr’r&)°’&eac%?%h%l F&\%érl%ht“h?“s‘ah st
codi ng al gomdhmdmyirsluy aotimacfudquantynmebhreqgeency adgorertdinon

al gorithm The audi o encoder furthernore includes a second codi ng branch

500 for encoding an audio signal. The second coding branch 500 uses a
second codi rMthal goditthmengodktrai Auatsesmond ehe esj ghalSeafiicthcosiing
different fr hk S od,LRgia g%ritm@-'ﬂgaéﬂgﬁp BRE 0dekohlr theri e
includesga #ﬁgg%ggw§?%h%%gong? %m#&cﬁﬁi% Bé}meen the first coding brgﬁih
400 and t he wexerll 200 REeBr an6KCS00 OIS FIFOH YR t FOnBFatRe®ad<dio

i nput signalen@i thesatBesihhst , eneaded is gnal featerther ooth pthe of ibkacko4B0 or
t he second encoded signal at the output of the second encoding branch is
i ncl uded in 9 el otEFBut put signal . Thus, when for a certain portion of

the audi o input signal 195, the first encoded signal in the fourth domain

s inclyded {0, thgaeacadel, AU Pl ShO-Rate tHE1SEEANG enfodiedsaigral JuY ch
is eithdf the'fifsf processed signal 1n the second domain or the second
proc essed sfgnabwiihchhedt betwvatonsihei §1nst crSingedianghed @hcaasr s put

signal . This;ppkes sHuEnhh@lrdtis Sheodsr thatbitbr! &f efdishept. the au-
enbodi nents, any time portions of the audio_signal which are in Iugeqlln
two differenflends@dd siigids aPéthral Itll?onf)hﬁfgﬁ B8R a9yt A Coft

output of block 400 or the second encoded signal at the
15 output of the second encoding branch is included in an en-
coder output signal. Thus, when for a certain portion of
the audio input signal 195, the first encoded signal in
the fourth domain is included in the encoder output sig-
nal, the second encoded signal which is either the first
20 processed signal in the second domain or the second proc-
essed signal in the third domain is not included in the
encoder output signal. This makes sure that this encoder
is bit rate efficient. In embodiments, any time portions
of the audio signal which are included in two different
25 encoded signals are small compared to a frame length of a
frame as will be discussed in connection with Fig. 3e.
These small portions are useful for a cross tfade from one
encoded signal to the other encoded signal in the case of
a switch event in order to reduce artifacts that might oc-
30 cur without any cross fade. Therefore, apart from the
cross-fade region, each time domain block is represented

by an encoded signal of only a single domain.

As illustrated in Fig. 3c, the second coding branch 500
35 comprises a converter 510 for converting the audio signal
in the first domain, i.e., signal 195 into a second do-
main. Furthermore, the second coding branch 500 comprises

a first processing branch 522 for processing an audio sig-



frame as will be discussed in connection with Fig. 3e. These snall portions
are useful for a cross fade fromone encoded signal to the other encoded

si gnal i nVPRBIVA4R40f a switch event jn order to reducePSTEPRYA65T a1

m ght occur w thout any cross fade. Therefore, apart fromthe cross-fade
region, each tinme domain block is represented by an encoded signal of only
a single domain. As illustrated in Fig. 3c, the second codi ng branch 500
conprises a converter, 510 for, c

d gnvertin% t he audi o ?LgnﬁL inthe first
dormmi n, i.e.3di gRaItPRsS TS aCBROAd THo FREFED Fur £ hEPoPe O e Sk cohd
codi ng brancha®0Ovlcosipr iises préfesébpypcesissangibr aticd 522dngr gooeessi sy an
audi o signal _in.t e d i . obt ai fi race i i ch
is, pref erabe?talrtgnoeSi %9?%5 ?epédoér‘lédé%o%i %lrggépha%& hgog%r ?fégrégggs%?]ﬁ“g@
branch 522 ddemapot cpenfsérm a domai n change. The second encodi ng branch 500
furthernoye conprises a second processing branch 523, 524 which converts

t he audi o signal in the second donmain into _a third donain, which is

di fferent fraéRft heefrrdt FHRAINANPIAILh P80al EBTAPEFBPERt FPBRTEAESseRond
domai n and wakebnpr @eeeees itfe midich ssypal 52 thechhicoshvéera rtHe abdabn a
second processed ii nal _.at the ouytput of Lh%_second.grogessing branch 523,
524. Further foP82 SN T ngoﬁ?&ﬁcﬁjbéhﬁ?iggﬁ q SR8 sWittcH! 521
for switchingili€feween ttheritis¢ piosessiongibr aarch w22chnd st ke ssechinfifer-

processifig DLARCTE LS, 1 REd 30 HRAldod 21 3aRAT LA oL OE 8ULLO HeONAha L gput
into the second coding branch, ‘either the first ppoc%sse% sirgnal 1 n the
second dommi signatlhelzetbdred Pricdsdemadingrnzd PRtBAE thi FECABRRITT PSS PeEhe

second encoded §ixdnNaAt Fhd- o3€pht! W3t ratessdc60i T peperdisngqdescarih for3,
decodi ng an %g%oded audi o signal generated by the encoder of Fig.

15 Furthermore, the second coding branch comprises a second
switch 521 for switching between the first processing
branch 522 and the second processing branch 523, 524 so
that, for a portion of the audio signal input into the
second coding branch, either the first processed signal in

20 the second domain or the second processed signal in the

third domain is in the second encoded signal.

Fig. 3d illustrates a corresponding decoder for decoding
an encoded audio signal generated by the encoder of Fig.
25 3c. Generally, each block of the first domain audio signal
is represented by either a second domain signal, a third
domain signal or a fourth domain encoded signal apart from
an optional cross fade region which is, preferably, short
compared to the length of one frame in order to obtain a
30 system which is as much as possible at the critical sam-
pling limit. The encoded audio signal includes the first
coded signal, a second coded signal in a second domain and
a third coded signal in a third domain, wherein the first
coded signal, the second coded signal and the third coded
35 signal all relate to different time portions of the de-
coded audio signal and wherein the second domain, the
third domain and the first domain for a decoded audio sig-

nal are different from each other.



3c. Cenerally, each block of the first domain audio signal is represented
by either a second domain signal, a third domain signal or a fourth domain
encoded sV@RAIV03%At from an optional cross fade regi onPHE{EPRIGIQ04652
preferably, short conpared to the lem§th of one frame in order to obtain a
system which is as nuch as possible at the critical sampling limt. The
encoded audi o signal includes the first coded signal, a second coded signal
in a second domain and a third coded signal in a third domain, wherein the
first coded signal, the second coded signal and the third coded signal al

relate to difher @etoblei® R i o fbﬁsﬂedééaaﬁnguﬁir@n%ikﬂrﬁlr afs vbengi n
t he second donmain, the %hlr . domai n and th f|r§b omai n for a decoded
audi o si g naP28F8 % EPENt *?%%1888Hn8thﬁf9?ﬁé @coggFECSHﬁFiségé%pgf?%t
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yﬂt t&r - Yfhe Tirst S |y
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donei n for thgidecoded QU PuLoRk gRlN 1 ERE decader aghahd £o3d drHE thecsmEs
conprises a second de codi ng branch which conprises several elenents. These
el e nments ar @U&PHtr SE9N@der se processing branch 531 for in verse processing

t he second coded signal to obtain a first inverse processed signal in the
second domaip at fhe output af black 531. The second decodi ng branc _
furthernof e Eéﬁpfﬁ§é§&af§%€oﬁagrn§8r§§“%¥8%8%%€%908W8ﬁ&ﬁeésé,%ﬁf ?ﬁhde
inverse processiing dranald woded sogpaisés ebvakalaeiamgHISJNEhsse elej
processed signal, d “aéé‘easefff‘%d%@w’se""!E‘f&‘?é@iﬁﬁg@}%d V§5§9 Rfcesglng

branch conprises a converter r-converting fromt thir onmain into the
second domai NerFiee PyesHsd idex ddingseraméhcpdeeheimpad donmabitseln a2 f f58t

inverse processed signal in the second domain at the out-
15 put of block 531. The second decoding branch furthermore
comprises a second inverse processing branch 533, 534 for
inverse processing a third coded signal to obtain a second
inverse processed signal in the second domain, where the
second inverse processing branch comprises a converter for

20 converting from the third domain into the second domain.

The second decoding branch furthermore comprises a first
combiner 532 for combining the first inverse processed
signal and the second inverse processed signal to obtain a
25 signal in the second domain, where this combined signal
is, at the first time instant, only influenced by the
first inverse processed signal and is, at a later time in-
stant, only influenced by the second inverse processed
signal.
30
The second decoding branch furthermore comprises a con-
verter 540 for converting the combined signal to the first

domain.

35 Finally, the decoder illustrated in Fig. 3d comprises a
second combiner 600 for combining the decoded first signal
from block 431, 440 and the converter 540 output signal to

obtain a decoded output signal in the first domain. Again,



conbi ner 532 for conbining the first inverse processed signal and the
second inverse processed signal to obtain a signal in the second donmain,
where t hi%¥OEBHHIOB¥d signal is, at the first tine instanfCTERRYXOPHPlienced
by the first inverse processed signal?’and is, at a later tinme in stant,

only influenced by the second inverse processed signal . The second
decodi ng branch furthernore conprises a con verter 540 for converting the
conbined signal to the first domain . Finally, the decoder illustrated in

Fig. 3d conpkhsesiexasybndutpubi ségre00 for tbentfiimisty déereadlecéded 4 rspe
signal from bliock ﬁ:g]]me 41‘95@8}9&, heorgﬂﬂvﬁmf%eﬁégdmﬂ}}w%héi gnyynd10 ebtpil a

decoded output sig In the first domain. Again,the decoded output signal
in the firstbdoihien daverttahed 49 randt ife PhsfadBtednBinenfineied: b9 tKe

si gnal out put; npy ythe ceonyer tiate 544 raitd Hecodkda éﬁ?r@élt iR gust @jt , boBky
i nfluenced by _t he erst decoded signal output by block 431, 440. This
situatioﬁiis4ﬁﬂkuétpated, from an encoder perspec tive, in Fig. 3e. The

?pper portion in Fig. 3e illustrates in the schematic representation, a

irst domain.audi o_signal such a ti [ di_q, si L ;N -
time in dex Fﬁéﬁea%%gg??%ﬁﬁléf? ?%anéggt%%gay?£§¥3eﬁ%gﬁggggeébnséfagggd as
a stream of d&udieo sanHies. r¥r eTeat hpgerheogitgomalim dbidn 32 gllBestFpgesie

illustrates Pﬁam%%:%%h tﬁg’rggr Lahamaynbe sgenerat esbyi $Wtghbngig-
bet ween the first encoded signal and the first processed signal and thé sec

ond prock@sedadi gl & i3 | bbPe afieBaan PHehCs St9TRlg. WIET TN FiTCenBaded
signal, the f4disti q¥acessedrs sbenak rand d hei giee oadd ph eers Sedigignabs ava-al |

in different domains and in order to ke sure .that the switch between the
di fferent doﬁe}idr%e&géass ot ST St o%nagf%lé’r FEFRAE S SHS H T 19 Eheesiqt

nal 195 in Fig. 3c. Fig. 3e illustrates frames 3a, 3b, 3c,
3d which may be generated by switching between the first
15 encoded signal and the first processed signal and the sec-
ond processed signal as illustrated at item 4 in Fig. 3e.
The first encoded signal, the first processed signal and
the second processed signals are all in different domains
and in order to make sure that the switch between the dif-
20 ferent domains does not result in an artifact on the de-
coder-side, frames 3a, 3b of the time domain signal have
an overlapping range which is indicated as a cross fade
region, and such a cross fade region is there at frame 3b
and 3c. However, no such cross fade region is existing be-
25 tween frame 3d, 3c which means that frame 3d is also rep-
resented by a second processed signal, i.e., a signal 1in
the third domain, and there is no domain change between
frame 3c and 3d. Therefore, generally, it is preferred not
to provide a cross fade region where there is no domain
30 change and to provide a cross fade region, i.e., a portion
of the audio signal which is encoded by two subsequent
coded/processed signals when there 1is a domain change,
i.e., a switching action of either of the two switches.
Preferably, crossfades are performed for other domain
35 changes.

In the embodiment, in which the first encoded signal or
the second processed signal has been generated by an MDCT



coder-side, franmes 3a, 3b of the tinme donmain signal have an overl appi ng
range which is indicated as a cross fade region, and such a cross fade
regi on i SVOREHA3064f r ane 3b and 3c. However, no such cr 8SI/EPAWE/PH§T on i s
exi sting between frame 3d, 3c which mfans that frane 3d is also rep
resented by a second processed signal, i.e., a signal in the third domain,
and there is no domai n change between frane 3c and 3d. Therefore,
generally, it is preferred not to provide a cross fade regi on where there
i s no domai nPelvaess imed Y DVEdE - a O R Faffes reyebhaPi . €2Cha tHigie | 88 of

the audio sigpaly Wigh dsiencegadidsa twe subsefuiqradedrprneessashisi goal s
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frames. Due trhathehsharadiericfi speotrahe vRDAES Rowdver ,Samd sagloklke npum-
result in an rhead,; sin MXCTLLS . a1Hd tisar! v sangphadtaydRm LA
this contextfgﬁfi??chW$!sg§%%g§ nea%géfhaﬁq%%e,n%nbéi,of sgegtral val ues
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in that the IRssWalr efd@rdn i SoPtR¥EIRd ciclRettera fsRRCidd QMBTIDSEDBER to
region so that a crossover f%oakan MDCT hl ock VDCT.
RUCHI R REQE

provi ded! @i t F\R REHE NRTH FbWé&E&P e%ﬁ%t?%ﬁﬁh§%§§§P%§h
requi renent. Wwneferaldyatd hend i ¢sittodl ngampfongt hegunrehenti.r st codi ng
branch is based on an information sink nodel, and the second codi ng
algorithmin the second coding branch is based on an information source or
an SNR nodel .Praf SN Imndethé stargbdebdihioc iz lige ridhms gerithe af 1 ysteradéadt o
a specific branch is based on an information sink model, and the sec-
15 ond Coding algorithm in the second coding branch is based
on an information source or an SNR model. An SNR model is
a model which is not specifically related to a specific
sound generation mechanism but which is one coding mode
which can be selected among a plurality of coding modes
20 based e.g. on a closed loop decision. Thus, an SNR model
is any available coding model but which does not necessar-
ily have to be related to the physical constitution of the
sound generator but which 1is any parameterized coding
model different from the information sink model, which can
25 be selected by a closed loop decision and, specifically,

by comparing different SNR results from different models.

As illustrated in Fig. 3c, a controller 300, 525 is pro-
vided. This controller may include the functionalities of
30 the decision stage 300 of Fig. la and, additionally, may
include the functionality of the switch control device 525
in Fig. la. Generally, the controller is for controlling
the first switch and the second switch in a signal adap-
tive way. The controller is operative to analyze a signal
35 input into the first switch or output by the first or the
second coding branch or signals obtained by encoding and
decoding from the first and the second encoding branch
with respect to a target function. Alternatively, or addi-



sound generation nmechani sm but which is one codi ng node which can be

sel ected anong a plurality of coding nodes based e.g. on a closed | oop

deci si on.W‘i’Hﬂg)/OOé%“SNR nodel is any avail abl e codi ng no@&TERE%RMEH does
not ne.cessarily have to be rel ated t3 the physi cal constitution of the
sound generator but which is any paraneterized coding nodel different from
the information sink nodel, which can be selected by a cl osed | oop deci sion
and, specifically, by conparing different SNR results fromdifferent
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respect to a target function. Alternatively, or additionally, the

controller is operative to analyze the sig nal input into the second swtch
or output byIthenki restbqtiowassi nghbr drictstor cohtngeSERAH ResENRg IHh or

ob tained by g&gﬁgssi Rg-ang, i NVers6,-PEasessiaig fromifengi r st ntireerasimg
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al gorithm such as an MDCT or an ST al gorith ' i s di al frop a
strai ghtforwaFd PPPR$EE or Hgl\ﬁ%[)c%o%%eémr%ot %%%@%‘gg%e%a{ln é??ég?ﬁa ef
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bl ock. Spec'%&%%&b%ht%%%&té@ﬁégcgﬂ%ck. Specifically, only the second

15 processing branch of the second coding branch includes the
time/frequency converter introducing an aliasing operation
and the first processing branch of the second coding
branch comprises a quantizer and/or entropy coder and does
not introduce any aliasing effects. The aliasing introduc-

20 ing time/frequency converter preferably comprises a win-
dower for applying an analysis window and an MDCT trans-
form algorithm. Specifically, the windower is operative to
apply the window function to subsequent frames in an over-
lapping way so that a sample of a windowed signal occurs

25 in at least two subsequent windowed frames.

In one embodiment, the first processing branch comprises
an ACELP coder and a second processing branch comprises an
MDCT spectral converter and the guantizer for quantizing
30 spectral components to obtain quantized spectral compo-
nents, where each gquantized spectral component is zero or
is defined by one quantizer index of the plurality of dif-

ferent possible quantizer indices.

35 Furthermore, it is preferred that the first switch 200 op-
erates in an open loop manner and the second switch oper-

ates in a closed loop manner.



processi ng branch of the second coding branch includes the tine/frequency
converter introducing an aliasing operation and the first ocessi ng branch
of the se¥8R81WWHAg br anch conprises a quanti zer and/ofcgﬁﬁ?ﬁﬁ@“ﬁﬁﬂer and
does not introduce any aliasing effect's. The aliasing introducing
time/frequency converter preferably conprises a w ndower for applying an
anal ysis wi ndow and an MDCT trans forn1a|gorithn1 Specifically t he
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521, i.e., when the second sw1tch 521 switches from one

15 mode to the other, is substantially smaller than the block
length for the first switch. Preferably, both block
lengths for the switches are selected such that the longer
block length is an integer multiple of the shorter block
length. In the preferred embodiment, the block length of

20 the first switch is 2048 or 1024 and the block length of
the second switch is 1024 or more preferably, 512 and even
more preferably, 256 and even more preferably 128 samples
so that, at the maximum, the second switch can switch 16
times when the first switch switches only a single time. A

25 preferred maximum block length ratio, however, is 4:1.
In a further embodiment, the controller 300, 525 is opera-
tive to perform a speech music discrimination for the
first switch in such a way that a decision to speech 1is

30 favored with respect to a decision to music. In this em-
bodiment, a decision to speech is taken even when a por-
tion less than 50% of a frame for the first switch is
speech and the portion of more than 50% of the frame is
music.

35
Furthermore, the controller is operative to already switch
to the speech mode, when a quite small portion of the
first frame is speech and, specifically, when a portion of



521, i.e., when the second switch 521 switches fromone npde to the other
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| arge first processing branch includes a converter and, therefore, 1is
useful for audio signals which have non-speech signals as
15 well. Preferably, this second processing branch includes
an overlapping MDCT, which 1is critically sampled, and
which even at small window sizes provides a highly effi-
cient and aliasing free operation due to the time domain
aliasing cancellation processing such as overlap and add
20 on the decoder-side. Furthermore, a large block length for
the first encoding branch which is preferably an AAC-like
MDCT encoding branch is useful, since non-speech signals
are normally quite stationary and a long transform window
provides a high frequency resolution and, therefore, high
25 quality and, additionally, provides a bit rate efficiency
due to a psycho acoustically controlled quantization mod-
ule, which can also be applied to the transform based cod-
ing mode in the second processing branch of the second
coding branch.
30
Regarding the Fig. 3d decoder illustration, it 1is pre-
ferred that the transmitted signal includes an explicit
indicator as side information 4a as illustrated in Fig.
3e. This side information 4a is extracted by a bit stream
35 parser not illustrated in Fig. 3d in order to forward the
corresponding first encoded signal, first processed signal
or second processed signal to the correct processor such

as the first decoding branch, the first inverse processing



frame, which is non-speech due to the fact that the second processing
branch includes a converter and, therefore, is useful for audio signals

whi ch haWEOR8H/3¥dch signals as well. Preferably, thisPSEdEAY/PEeLssi ng
branch includes an overl appi ng MDCT, f#hich is critically sanpled, and which
even at small w ndow sizes provides a highly effi cient and aliasing free
operation due to the tine donmain aliasing cancell ation processing such as
overlap and add on the decoder-side. Furthernore, a |arge block | ength for
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signal, firsg an%eséﬁd tﬁiegnélecehdse@@@ﬂn@rmﬁd sihanal theréhereor rece
processor such 8s the first decod ing branch, the first inverse

pr ocessilfybr RERNEr COREIsSEGRE Li-nver se processing branch in Fig. 3d.
Therefore, an encoded signal not onIy has the en coded/processed signals

but al so includes side in 10 Lating ot hesnd
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Regar di ng FI%oﬁ%%rtfndE%fgﬁlﬁﬁ@dsﬁgé£r5bedgh5§h to the time domain. To

15 this end, an overlap-adder is provided to perform a time
domain aliasing cancellation functionality which, at the
same time, provides a cross fade effect in order to avoid
blocking artifacts. Generally, the first decoding branch
converts a signal encoded in the fourth domain into the

20 first domain, while the second inverse processing branch
performs a conversion from the third domain to the second
domain and the converter subsequently connected to the
first combiner provides a conversion from the second do-
main to the first domain so that, at the input of the com-

25 biner 600, only first domain signals are there, which rep-
resent, in the Fig. 3d embodiment, the decoded output sig-

nal.

Fig. 4a and 4b illustrate two different embodiments, which
30 differ in the positioning of the switch 200. In Fig. 4a,
the switch 200 is positioned between an output of the com-
mon pre—procéssing stage 100 and input of the two encoded
branches 400, 500. The Fig. 4a embodiment makes sure that
the audio signal is input into a single encoding branch
35 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



processed signal or the second processed signal is the output of the second
codi ng branch and, therefore, the second coded signal. Preferab

first decWBi2AYMP¥Ach and/or the second i nverse process?ﬁ&mgm@ﬁ@ﬁmﬁ%cludes
an MDCT transformfor converting fromt he spectral domain to the tine
domain. To this end, an overlap-adder is provided to performa tine domain
aliasing cancellation functionality which, at the sanme tinme, provides a
cross fade effect in order to avoid bIocklng artifacts. Generally, the
first decodimgnbaahéhecenvedisga yiantdl darDdeel | FORARMEOBPHRTdGHE! (£ 0

the first doggigei¥hile the SecoNdyhRKET Sigs PhOSEsSI Th Drapsh1 perdyy Nk a-
conversion f onlthe third domain to the second donmmin and the convq¥ter

subsequent | yt é@RReéneBard 11d 3G r AN Ghbd Fer PPk beF deBOY LAV NG o 155 t he

second do nmagpré9 hheef thet gdagmian sdrntifaitiod dihedwyitcandunbpreicombi ner
600, only first domain signals are there, which rep resent, in the Fig. 3d
enbodi nent, the decoded output sig nal . Fig. 4a and 4b illustrate two

di fferent enbnditirentethenhildndi f hewevart hehgodiitg .oningenbothnesni may 209.

In Fig. 4a, é?gf @ggggogg%n dwgytééggﬁhﬁp Yeens an, PUL RUt Qf; &t her oM nn

pr e- processi and "1 nput two enco ed branches 400, 500.
The Fig. 4a embodnment mosd aneoding BRenehe’s 048 gnalOi g renmRt iR ARl

single encodipg branch %’f'lldy’ofi‘f'ﬁ}l the obhepuencodi RBebr s8Thct ¥hi @hd@dﬂ&j
con nected to the output of the commmn rocessi S does
oper at e hd, PFRBEEf rF s i tTHed tolf d?o’?tslc?rh 3“@?«% %Dﬁgrg?ﬁlns fre-
enmbodi nent |§1ul§h@fyer;§9&ftel<bﬂﬂ tlhr,atfbheﬂﬁﬂeactuovetﬁecQﬂlmgsbraamh fitogsa tioe ©
coneue PoneLniat GO B ShABIhoREIRLIGES MY ED LS URe R B B o,
have t he gen@hakeﬁpmebaUMn1cﬁh@omélqconéhnpﬁmbﬁdlment both encoding
branches are active all the time, and the output of an en-
15 coding branch which is selected by the decision stage 300
is entered into the output bit stream, 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
encoded audio signal.
20
Fig. 4c illustrates a further aspect of a preferred de-
coder implementation. In order to avoid audible artifacts
specifically in the situation, in which the first decoder
is a time-aliasing generating decoder or generally stated
25 a frequency domain decoder and the second decoder is a
time domain device, the borders between blocks or frames
output by the first decoder 450 and the second decoder 550
should not be fully continuous, specifically in a switch-
ing situation. Thus, when the first block of the first de-
30 coder 450 is output and, when for the subsequent time por-
tion, a block of the second decoder is output, it is pre-
ferred to perform a cross fading operation as illustrated
by cross fade block 607. To this end, the cross fade block
607 might be implemented as illustrated in Fig. 4c at
35 607a, 607b and 607c. Each branch might have a weighter
having a weighting factor m; between 0 and 1 on the nor-
malized scale, where the weighting factor can vary as in-
dicated in the plot 609, such a cross fading rule makes



On the ot her hand, however, the Fig. 4b enbodi nent may be preferable when
power consungtion is not an issue. In this enbodi nent, both encodin
branches WOGY14WE64re active all the tinme, and only thePSEﬂE}?&?”@P“@ge

sel ected encodi ng branch for a certai¥t tinme portion and/or a certain fre
guency portion is forwarded to the bit streamformatter which may be
inplemented as a bit streamnultiplexer 800. Therefore, in the Fig. 4b
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15 which actually fades out the output to the end of the

r”

block, then the weighter indicated with “mp would not be
required or the weighting parameter can be set to 1

throughout the whole cross fading region.

20 When the first block after a switch was generated using a
windowing operation, and when this window actually per-
formed a fade in operation, then the corresponding welght-
ing factor can also be set to 1 so that a weighter is not
really necessary. Therefore, when the last block is win-

25 dowed in order to fade out by the decoder and when the
first block after the switch is windowed using 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.

30
In this case, the 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 1is
preferred in such a situation that the last block of one

35 decoder has a certain time overlap with the first block of

the other decoder.



whi ch, additionally, assures that a user will not perceive any | oudness
variations. Non-linear crossfade rules such as a sin2 crossfade rule can be
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fromone de Signal related to, for example,’ two or even more time poO

tions/frames of the audio signal.
15
Preferably, the second encoding rule/decoding rule is an
LPC-based coding algorithm. In LPC-based speech coding, a
differentiation between quasi-periodic impulse-like exci-
tation signal segments or signal portions, and noise-like
20 excitation signal segments or signal portions, 1is made.
This 1s performed for very low bit rate LPC vocoders (2.4
kbps) as in Fig 7b. However, in medium rate CELP coders,
the excitation is obtained for the addition of scaled vec-
tors from an adaptive codebook and a fixed codebook.
25
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
30 are connected to voiced speech, noise-like signals are re-

lated to unvoiced speech.

Exemplarily, reference is made to Figs. 5a to 5d. Here,
quasi-periodic impulse-like signal segments or signal por-
35 tions and noise-like signal segments or signal portions are
exemplarily discussed. Specifically, a voiced speech as il-
lustrated in Fig. 5a in the time domain and in Fig. 5b in

the frequency domain 1is discussed as an example for a



coder to the other decoder is there, it is preferred to performsuch a
swtch in_silent passages of the audio signal or at |east _in_ _passa

the audi oV9i? Hﬁ13§%ere there is Iom/ggergy, i.e., mhichPSFgwﬁg?@%fgﬁd to be
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excitatio nals are connected to voiced. s$ e I| e S|gnals are
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di scussed. Speci |ca a vol ced spee n F|g 5a7in the
time domai n amdbiuteg gx)5mh¢nv1brat1ng vocal chords. The formant struc-

ture (spectral envelope) is due to the interaction of the
15 source and the vocal tracts. The vocal tracts consist of
the pharynx and the mouth cavity. The shape of the spectral
envelope that “fits” the short time spectrum of voiced
speech 1s associated with the transfer characteristics of
the vocal tract and the spectral tilt (6 dB /Octave) due to
20 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 amplitudes and locations of the first three formants,
25 usually occurring below 3 kHz are quite important both, in
speech synthesis and perception. Higher formants are also
important for wide band and unvoiced speech representa-
tions. The properties of speech are related to the physical
speech production system as follows. Voiced speech is pro-
30 duced by exciting the vocal tract with quasi-periodic glot-
tal air pulses generated by the vibrating vocal chords. The
frequency of the periodic pulses is referred to as the fun-
damental frequency or pitch. Unvoiced speech is produced by
forcing air through a constriction in the vocal tract. Na-
35 sal sounds are due to the acoustic coupling of the nasal
tract to the vocal tract, and plosive sounds are produced
by abruptly releasing the air pressure which was built up
behind the closure in the tract.



the frequency domain is discussed as an exanple for aquasi-periodic

i mpul se-1ike signal portion, and an unvoiced speech segnent as an exanple
for a n0|‘§9-2910k@35§f‘gnal por tion is discussed in connectCEFPRIPMQO465Y s,

and 5d. Speech can generally be classi’fied as voiced, unvoiced, or nlxed

Ti me-and-f requency domain plots for sanpled voiced and unvoiced segnent s
are shown in Fig. 5a to 5d. Voiced speech is quasi periodic in the tine
dormai n and harnoni cally structured in the frequency domai n, while unvoiced
speed is random|i ke and broadband. The short-tinme spectrum of voiced

speech is chapact ey Zrﬁﬂl@é/-ifﬁefbaﬁthehm CeHOT BBAY oSLUelUr eshdbe hieRe
harnonic structure is a conse quence of the quasi-periodicity of speech and

may be at trtBEFed% EARWSEratikey QbﬁérdEHBFHs STHAC H oF fra O st PAEMPORE
(spectral enf@bqn@hcwd@u@lho stt&%dtmix%r agd 110 ft fdree @ ol Cei gndsthendogal

tracts. e yocal act nsj st he phar d the mouth cavity. .The
shape of $he %Becﬁ% ?bpés QHﬁiﬁ F% 8%sh ﬁﬁﬁglﬁﬁﬁﬁﬁQﬁﬁg im=
voi ced SpeeruIlSeaSS(kel g @k i1t hatshexlt]nasﬂszfaete@héloactﬂarsgzle:s iof Ehe. voeal

tract and thg 8pq9}r§& tégt £8 g§&ﬁ0§;avgggﬁyﬁe&oléﬁgrg| tagopg$§fe Ihe

spectral envelopéis haracteri ze by a s which are ca
f or mant s. Thdlféemﬁnﬁsaaﬂ@nth@aﬁXﬁﬂnﬂanﬁﬁﬁﬁﬂxﬁetrﬁpv©tgmstra6@ Aeastte

average VocabeE&%SEctH%b%ﬁ@élﬂﬂnéﬁbéftfdﬂﬁ d nand s @@lgMéérkéﬁ afh%r a
anplitudes and | ocations of the first three formants usua I ocgg bﬂ%ﬁ

bel ow 3 Xiz &F6 fifti et PAPSFCAEHA™M, STN3peedRosyfthests 3a

H gher for mapsieatse tales & ddguordranit faid weerbans ansh ubNei sednsmeehb ex-
representa tiagns. .The ertles of_speech are related to the physical
speech produEﬂF&ﬁlgﬁstgilgk PG * al?\f‘%iced speech is produced by exciting
the vocal tract with quasi-periodic glot tal air pul ses generated by the

vi brating vo%%kﬂﬂgyﬂg%e;Thqugggusggxogf cdhe;periodici pul sgdsSidferned to

as the fun
15 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
guasi-periodic, i.e. tonal. Alternatively, or additionally,
the characteristic of a signal can be different in differ-
20 ent frequency bands. Thus, the determination, whether the
audio signal is noisy or tonal, can also be performed fre-
quency-selective so that a certain frequency band or sev-
eral certain frequency bands are considered to be noisy and
other frequency bands are considered to be tonal. In this
25 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
system. This system assumes a two-stage excitation, i.e.,
30 an impulse-train for voiced 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 of Fig. 7c or Fig. 7d, generated by
the glottal model 72. Hence, the system of Fig. 7a can be
35 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 source-model synthesis



damental frequency or pitch. Unvoiced speech is produced by forcing air
through a constriction in the vocal tract. Nasal sounds are due to the
acoust i c WOIPIWUEodf the nasal tract to the vocal tract PCAER2MP084%5% sounds
are produced by abruptly releasing th¥ air pressure which was built up
behind the closure in the tract. Thus, a noise-like portion of the audio
signal shows nei ther any inpulse-like tinme-domain structure nor harnonic
frequency-domain structure as jllustrated in Fig. 5c and in Fig. 5d, which
i s different SYEBAMt Hd lsddiatnst i i E18m plA se27 i Re 68PF@§@Q£$$%?§%?9aFéd
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si gnal m ght I%I%|U%§s&%ﬂfhmﬁﬁﬁpoﬁﬁﬂﬁ §¥0 g@'éﬂdcgﬂ@08§8§§atfbﬁ ph@ame-

illustrates & linear speec duction system This system
assumes a twsedtsager eiies t abPHA, QQW§tlQﬂ1@ﬁ%uP§EDPW§|ﬁ“F0W“Vﬁ?c%ﬁ §Fé&&T as

indi cated ingfindd IfGom a finite set of speech samples. The coefficients
15 of A(z) are obtained using a linear prediction of the input

signal and a quantization of the filter coefficients. In a

p-th order forward linear predictor, the present sample of

the speech sequence is predicted from a linear combination

of p passed samples. The predictor coefficients can be de-

20 termined by well-known algorithms such as the Levinson-

Durbin algorithm, or generally an autocorrelation method or

a reflection method.

Fig. 7e illustrates a more detailed implementation of the
25 LPC analysis block 510. The audio signal is input into a
filter determination block which determines the filter in-
ion A{z). This information 1is output as the short-
term prediction information requ1red for a decoder. The
short-term prediction information is required by the ac-
30 tual prediction filter 85. In a subtracter 86, a current
sample of the audio signal is input and a predicted value
for the current sample is subtracted so that for this sam-
ple, the prediction error signal is generated at line 84.
A sequence of such prediction error signal samples is very
35 schematically illustrated in Fig. 7c¢ or 7d. Therefore,
Fig. 7a, 7b can be considered as a kind of a rectified im-

pulse-like signal.



and a random noi se for unvoi ced speech as indicated in Fig. 7d. The vocal
tract is nodelled as an all-pole filter 70 which processes pul ses of Fig.
7c or Fi gVOZN0/&%4r ated by the glottal nodel 72. HencePCIHE2WIO¥R of Fig.
7a can be reduced to an all pole-filfgr nodel of Fig. 7b having a gain
stage 77, a forward path 78, a feedback path 79, and an addi ng stage 80. In
the feedback path 79, there is a prediction filter 81, and the whole

sour ce-nodel synthesissystemillustrated in Fig. 7b can be represented

usi ng zdomai WhiliacEigns 7&s ifldlusdiset e z3 SprefieAred yax(£p califerl@tp the

represents the.g9akii oA 2)idrsit,her g ediygt i1Qn fdt e ASa dgterairped By anc4P
analysis, X(z) 1s_the excitation sjgnal, an IS e, synt.hesis s

d_S(z) th peéach
out put. Fi gsCaLeuanderdhg veg hit3ati ntnd6hBFRadésER pti%n S vbited
and unvoi cedrspeeeh syntikesdsfisiregtt hewhénear $surdef Sysérem rfoced . 1Thi 3
system and the.excitati.on parame.ters in the abo equatd re unkno and
nust be dr}?at eV hitfie SR t%?‘?nl?t(]é 36t Ut sep%%%(% ggﬁpﬁés%lupfﬁg%éﬁgf |’ci1¥awn?s
of A(z) are bhbakn®d usi ngresénnearnpr ediict i pnebérahéei ApmumEigghatmahie A
quanti zation, gt the filler, £Pef fipbentSnddtd Prt I@'igr._defe forueng ldneage
predictor, the present sanple of the speech sequence is predicted froma
| i near conbi napilemesfted p@ssed 35dHI TS . 2 rnd hredi 23¢BF Tdeffi PBnts can be
determ ned by well-known al gorithnms such as the Levinson- Durbin algorithm
or generally an autocqrrelation nethod or a refl ection nethqg. Fi%.nje
i |1 ustrat®s &ifor e/ HelalUsd fAhsiSen@it 1VGT 3% PRECEREIETal yEi tCh| &P 518.
The audi 0 si gp@lliiest ioipwthd Mecaddi | § fde detiehnasatinore ldmeoic W3 Thof Fig.
determ nes t filter.in formatjon A(Zz), (S, rgpt i I ut; assthe
shorttern1prgchtéﬁﬁiﬁ?#iﬁéiﬁﬁ0%9?8§h§%%d;$g$rép%§co eleﬁ£§é§%#k%%gr%1
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tation from the unweighted signal. Generally, all signals
15 but the unweighted signal in Fig. 7g are in the LPC do-
main, but the excitation signal and the weighted signal
are different signals in the same domain. Block 89 outputs
an excitation signal which can then be used together with
the output of block 536. Then, the common inverse LPC

20 transform can be performed in block 540 of Fig. Z2b.

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. This CELP en-
25 coder is discussed in detail in “Speech Coding: A Tutorial
Review”, Andreas Spanias, Proceedings of the IEEE, Vol. 82,
No. 10, October 1994, pages 1541-1582. The CELP encoder as
illustrated in Fig. 6 includes a long-term prediction com-
ponent 60 and a short-term prediction component 62. Fur-
30 thermore, a codebook is used which is indicated at 64. A
perceptual weighting filter W(z) is implemented at 66, and
an error minimization controller is provided at 68. s(n) 1is
the time-domain input signal. After having been perceptu-
ally weighted, the weighted signal is input into a subtrac-
35 ter 69, which calculates the error between the weighted
synthesis signal at the output of block 66 and the original
weighted signal s,(n). Generally, the short-term prediction
filter coefficients A(z) are calculated by an LP analysis



prediction filter 85 In a subtracter 86, a current sanple of the audio
signal is ZBUt and a predicted value for the current sanple is subtracted
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15 a codebook of for example Gaussian sequences. The ACELP al-
gorithm, where the “A” stands for "“Algebraic” has a spe-

cific algebraically designed codebook.

A codebook may contain more or less vectors where each
20 vector is some samples long. A gain factor g scales the
code vector and the gained code is filtered by the long-
term prediction synthesis filter and the short-term pre-
diction synthesis filter. The “optimum” code vector is se-
lected such that the perceptually weighted mean square er-
25 ror at the output of the subtracter 69 is minimized. The
search process in CELP is done by an analysis-by-synthesis

optimization as illustrated in Fig. 6.

For specific cases, when a frame is a mixture of unvoiced
30 and voiced speech or when speech over music occurs, a TCX
coding can be more appropriate to code the excitation in
the LPC domain. The TCX coding processes the a weighted
signal in the frequency domain without doing any assump-
tion of excitation production. The TCX is then more ge-
35 neric than CELP coding and is not restricted to a voiced
or a non-voiced source model of the excitation. TCX is

still a source-filer model coding using a linear predic-



illustrated in Fig. 6 includes a |ong-term prediction com ponent 60 and a
short-term predicti on conponent 62. Furthernore, a codebook is used which
i's indi cWeFOHY00E¥4 A perceptual weighting filter Wz) PSTERRIEMRHE2D at
66, and an error minimzation control4ler is provided at 68. s(n) is the

ti me-domai n i nput signal. After having been perceptu ally weighted, the
wei ghted signal is input into a subtracter 69, which calculates the error
bet ween the wei ghted synthesis signal at the output of block 66 and the
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15 ditionally, 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
respect to the encoder, connected before the band width
20 extension stage 102, and, on the decoder side, the band
width extension stage 701 is connected before the joint
multichannel stage 702 with respect to the signal process-
ing direction. Alternatively, however, the common pre-
processing stage can include a joint multichannel stage
25 without the subsequently connected bandwidth extension
stage or a bandwidth extension stage without a connected

joint multichannel stage.

A preferred example for a joint multichannel stage on the
30 encoder side 10la, 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 10la
so that the downmixer generates a number of K transmitted
channels, where the number K is greater than or equal to

35 one and is smaller than or equal E.

Preferably, the E input channels are input into a joint
multichannel parameter analyzer 10lb which generates para-



at the output of the subtracter 69 is ninimnzed. The search process in CELP
i s done by an analysis-by-synthesis optimzation s illustrated in Fig. 6
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wei ghted signal in the frequency domain w thout doing any assunp tion of
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Parametric information may include inter channel 1level

15 differences, inter channel time differences, inter channel
phase 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 surround standard. The
number of transmitted channels may be a single mono chan-

20 nel 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
of E input channels may be five or maybe even higher. Al-
ternatively, the number of E input channels may also be E

25 audio objects as it is known in the context of spatial au-
dio object coding (SAOQC).

In one implementation, the downmixer performs a weighted
or unweighted addition of the original E input channels or
30 an addition of the E input audio objects. In case of audio
objects as input channels, the joint multichannel parame-
ter analyzer 101b will calculate audio object parameters
such as a correlation matrix between the audio objects
preferably for each time portion and even more preferably
35 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.



processi ng stage can include a joint multichannel stage w thout the
subsequent|ly connect ed bandw dt h extensi on stage or a bandw dth extension
stage wi tWOU10408¥Anect ed joi nt nul tichannel stage. A pPETEPRYE/@6ahpl e for
a joint nultichannel stage on the encdder side 10la, 101b and on the
decoder side 702a and 702b is illustrated in the context of Fig. 8 . A
nunber of E original input channels is input into the dowm xer 10la so
that the downm xer generates a nunber of K transmtted channels, where the
nunmber K is figat & ihhmsoratvesak tproferaed esbogdmeat tfan sheeqgimpleE .
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i ncl ude a corpuandyl evtsita ecamppei ¢at ieorragerayfi AkHadéoca lddwrat i Bhether-
more, the bandwidth extension block 102 furthermore in-

15 cludes a high band analyzer for calculating the bandwidth
extension parameters such as a spectral envelope parameter
information, a noise floor parameter information, an in-
verse filtering parameter information, further parametric
information relating to certain harmonic lines in the high

20 band and additional parameters as discussed in detail 1in
the MPEG-4 standard in the chapter related to spectral

band replication.

On the decoder-side, the bandwidth extension block 701 in-
25 cludes a patcher 70la, an adjuster 701b and a combiner
701c. The combiner 70lc 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
701b is provided by a patcher which is operated to derive
30 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 70la may be
a patching performed in a harmonic way or in a non-
harmonic way. The signal generated by the patcher 70la 1is,
35 subsequently, adjusted by the adjuster 70lb using the

transmitted parametric bandwidth extension information.
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channel s may be five or maybe even higher. Al ternatlvel¥ t he nunber of E
i nput chaNASPYW/WEsP4al so be E audi o obj Jgcts as it is knoRRTER2Q08@048ht ext of
spatial au dio object coding (SACC) .#In one inplenmentation, the downni xer
perfornms a wei ghted or unwei ghted addition of the original E input channels
or an addition of the E input audio objects. In case of audio objects as

i nput channels, the joint multichannel parame ter analyzer 101lb wil]

cal cul ate aublbo ioisjisattashr Biefdids sticRNss BlGor Pel athondREFFiReBetReRNXS he

audi o obj ectga pr efefabd ynbae %aﬁftrtdlﬁelﬁpﬁtl am agdpewes rirene quteieimdity. f or

each frequency band. To this _end, the whole, fr ency ran may. be di VI ded
in at |east T%lénHOSFeFé’Péﬁloel IR 64S 1 $%ﬁb¥ﬁ§q¥58ﬁ‘é§ %eCQISyllcfms?tr Aes a

preferred enBodi aenbufcorsﬂgimeu naire st adi ppedbriked bmh)dmildtdmtextéenshl@n-

stage 10 n_Fi and t he corr n h t L t 1
By B ereeRafEifogs 5 GEFEERBORAY: BNy, £X! BRaERRCHA0CHO
preferably idetidésna dtagepasstpirkt erliray bl sbRtNOZR, i dowRsgHsITEre Dl Y8R,
whi ch foll Om@o[f‘itﬂﬁﬁl'l(em’p%ssde@{s%hdﬂo' Ssﬂ;@ééh obrt Re ddwes 56n V6, myich psts

on only half o bands, and a high band anal yzer 102a. The Ol’lgl nal
audi o si gnal mﬁﬁsutfolrntao qevE Bahdwi e hoRXE &AS| O lSIh@cl@uﬂ}? i 9nRe pasEet

fil tgred E 0 g%ﬁ%w edt.;rr@ JnﬁWebMtsﬂcglnabnMI Cfb1§téf§1|eﬂol e bat mdfmfe of
encodi n ranc es and/or the switc ss filter ut re
quency cht8&n IS P aldige %fongEetSS % Rl h%?trrg?ea Clh o' ink
bandwi dt h eerns:Ithnlall(i(ﬂierOZOf ubtllberkmnr eFo nelexces la hi ghe baled isniany zeayf or
cal culating the B%"é" n*lfxéﬁé'spgﬁcﬂér angpi&f Sbé’c'cﬂagan%tsﬁ%éf@én@éw%@pe

par amet er |nflo et o, 00F paraneter information, an |n_verse
filtering papaimeterblatls et oRigf urfi:helorpamélﬁet rfor example, influence

only the joint multichannel parameter analyzer 10lb in
15 Fig. 8 but not the other blocks in Fig. 8. This implemen-
tation is preferably such that a higher flexibility and
higher quality and lower bit rate output signal 1is ob-
tained by providing flexibility in the common pre-
processing stage. On the other hand, however, the usage of
20 algorithms in the common pre-processing stage for both
kinds of signals allows tc implement an efficient encod-

ing/decoding scheme.

Fig. 10a and Fig. 10b illustrates two different implementa-
25 tions of the decision stage 300. In Fig. 10a, an open loop
decision is indicated. Here, the signal analyzer 300a in
the decision stage has certain rules in order to decide
whether the certain time portion or a certain frequency
portion of the input signal has a characteristic which re-
30 quires that this signal portion is encoded by the first en-
coding branch 400 or by the second encoding branch 500. To
this end, the signal analyzer 300a may analyze the audio
input signal into the common pre-processing stage or may
analyze the audio signal output by the common pre-
35 processing stage, i.e., the audio intermediate signal or
may analyze 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



information relating to certain harnonic lines in the high band and
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and output of one processing branch is written into a bit
15 stream via a bit stream former which is not illustrated in

Fig. 3c.

Furthermore, the second combiner 600 may have a specific
cross fading functionality as discussed in Fig. 4c. Alter-
20 natively or additionally, the first combiner 532 might
have the same cross fading functionality. Furthermore,
both combiners may have the same cross fading functional-
ity or may have different cross fading functionalities or
may have no cross fading functionalities at all so that
25 both combiners are switches without any additional cross

fading functionality.

As discussed before, both switches can be controlled via
an open loop decision or a closed loop decision as dis-
30 cussed in connection with Fig. 10a and Fig. 10b, where the
controller 300, 525 of Fig. 3c can have different or the

same functionalities for both switches.

Furthermore, a time warping functionality which is signal-
35 adaptive can exist not only in the first encoding branch
or first decoding branch but can also exist in the second
processing branch of the second coding branch on the en-

coder side as well as on the decoder side. Depending on a
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of signals allows to inplenent an eff4%ci ent encod ing/ decodi ng scheme. Fig.
10a and Fig. 10b illustrates two different inplenentations of the decision
stage 300. In Fig. 10a, an open |loop decision is indicated. Here, the
signal analyzer 300a in the decision stage has certain rules in order to
deci de whet herodessest t aianeilne pokli o Hagedtng nfrPe§heneyifdesi ofabf

the input signal Nase asehar aciké i shirpiy ChnfSaYhE eSnt Ry thae Yr@nabame
portion is encoded by the first, en coding branch_400 or g t he secqnd .
encodi ng br afdfes00R Lo ighidPRWEd t he difhaPldRatyze 3B é r#;fsa{tnﬁ?’?%l?he

augi 0 i nput | singnain i Eh@ tﬁ&oemﬂmm@m: prodes sae st pgecessimy dnedd/zentdhe
audi o signal qutput, by t ommon_pr epr.ocessi ng stage, _i.e., .the audio
i ntermedi ate i%ﬁ%ﬂb%ruﬁﬁguindsz%&gﬁ ﬂﬁfgﬁﬁﬁﬁgaté' i GREP Wit ?%?t%gﬁggnnnn
pre processi mgesttagel stich lasve he slumpliarot imee wdowwimox ingnathahachermag-be
a nono signal . i C i 3SIgRY g AHOK § s i;ndi.cat i Lg. 8
. On the outgﬁgisﬁgg,g%ﬂg¥g?gﬁaﬁ anal§§2%¥g%%a ggﬁggg%ésl?héggmfgﬁﬁgﬁgéa
deci si on for teonhpbEl | peprNdent cH 120 WATrPheeehE®aARPLS| decandhehef tbpt

respondi ng. S\@fotoqm%ﬁ%éa{cﬁ hen & 0FRE NgE-6AE g%&@%ﬁ%oct&ras{cde-irﬁl theughcnot
di scussed in detail for the second switch 521, it is to be enphasized that
the secoh® sWYCKISENTEHF A hositioned in a sinilar way as the first
switch 200 as discussed in connection with Fig. 4a and Fig. 4b. Thus, an

alternative position af. swtch in,Fiag,. hS e t of baoth . _

processi ng b&%ﬁcﬁ@qug%iv%ﬂ}c%‘g%&s%u?%%t?l %??IH ﬁgécégsﬁgégggar?c éas%t)l%elr ate
in parallel ard omgrage medpun of oA MreocesTiIy breamconi 8 Wriansen SSHaR a
bi t medium such as a wireless transmission medium or a wired

15 transmission medium such as the Internet.

In a different embodiment, the switch 200 of Fig. la or 2a
switches between the two coding branches 400, 500. In a
further embodiment, there can be additional encoding
20 branches such as a third encoding branch or even a fourth
encoding branch or even more encoding branches. On the de-
coder side, the switch 600 of Fig. 1lb or 2b switches be-
tween the two decoding branches 431, 440 and 531, 532, 533,
534, -540. In a further embodiment, there can be additional
25 decoding branches such as a third decoding branch or even a
fourth decoding branch or even more decoding branches.
Similarly, the other switches 521 or 532 may switch between
more than two different coding algorithms, when such addi-
tional coding/decoding branches are provided.
30
The above-described embodiments are merely illustrative
for the principles of the present invention. It is under-
stood that modifications and variations of the arrange-
ments and the details described herein will be apparent to
35 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.



streamvia a bit streamfornmer which is not illustrated in Fig. 3c.
Furthernore, the second conbi ner 600 may have a specific cross fading
functi onaVP0493Witscussed in Fig. 4c. Alternatively or P&EEPEISNEHSY  t he
first conbiner 532 might have the sar¥ cross fading functionality.
Furthernore, both conbiners may have the sanme cross fading functional ity
or may have different cross fading functionalities or may have no cross
fading functionalities at all so that both conmbiners are switches w thout
any additional cross fading functionality. As discussed before, both

swi t ches CanDEﬁeﬁ@fihgobhe@e\ﬂt%i&ﬂ 1RSI Ok thash St &fu DFeme it 6sed koepin-
deci sion as di scusse it{-_l}C nnection Wt .Fi%g. 10a @nd Fig. 10bfn \ﬁ/nere%ttrée
control | er 3YENEEYE e ‘b&sect Sn WA Wi 49 SPhtO9P (RE e tiplemente
functi onal i t ias hfaadwaateh cawi 1ichssftkarthe Timer 6 mpd eere atairgn ngan be per-
functionality which is. signal Lye i S only._i . L

encodi nga%r aﬁg mgﬁé flilsrlsr%gdéacocglgﬁlgE F[anctﬁ&baﬁ(%(é cglﬁﬁgﬁl% e%?s{baltgrﬁ%]%i{%%boﬁd
processi ng bdasch @ Dk secandDcddiigdbrekrdt manidrl by-tedéabipdecas nadl |
as on the decodan si dg.o Lependi PgoAN ARGLRESTAGEY,ANA | w Dok NPt LER AR
functionalities can have the sanme tine warping information so that the sane
time warp i sCoPPMtEd YIRS §HENs SRt n¢ | LBV eREM PN MG IS t RESsEETd
dommi n. Thi s £5awes .ProessshNgyl, oagha@ngp et benusakubni nisorhé nstances,
in cases é/\/nere subse quent bl ocks have a. simlar timnme warBi n%ttirrged n a
charact efi's CPEPULSIa RERIERT v BIEMSH nEht', 2h&RKAEH™ i £OF8 prietert et
have i ndependaearh iniere esaiablest cant 0es, f dthe herdégram codiengodi agc lopare teve
second procegsing Hraneh dn e SEFOneh FOH 80 BGENGHen TR T BYRBLILE gircpded
audi o signal can“bé stored on a digl tal storage mediumor can be
transmitted gFam Prasdigtsgiws on a computer. In other words, the inven-

tive methods are, therefore, a computer program having a
15 program code for performing at least one of the inventive

methods when the computer program runs on a computer.



medi um such as a wireless transm ssion nmediumor a wired transm ssion
medi um such as the Internet. In a different enbodi nent, the swtch 200 of
Fig. la owoaimsicehes bet ween the two codi ng branches #00/EP2@0/004682 a
further enbodi nent, there can be addi#8i onal encodi ng branches such as a
third encodi ng branch or even a fourth encodi ng branch or even nore
encodi ng branches. On the de coder side, the swtch 600 of Fig. Ib or 2b
switches be tween the two decodi ng branches 431, 440 and 531, 532, 533,
534, 540. In a further enbodi nent, therd iars be additional decoding
branches such as a third decoding branch or even a fourth decoding branch
or even nore decoding branches. Simlarly, the other switches 521 or 532
may switch betwedmdior e anvadamo fdif f eramdicai e alagwtia hnsypwihers istrehl
addi tional codi ng/gtgcodi h e j ded. ,Ihe abowve- |-be:
enbodi nents are ggfgﬁj L*Fﬂ;f%g?fvﬁﬁ?ﬁﬁ ?E 9%%i§§?8§e§“o? Fﬁéqgfgggﬁﬁqh
invention. It is GAMRALISOd that nodifications and variations of the
arrange nents and the details described herein will be apparent to others
skilled in the art._Jlt is the intent, th ore, to be limted only by the
scope of the im@ncﬁﬁff%aﬁ%&n%[&éfﬂé}énéghﬁg b9 Tt RBCEHEET B &‘élt‘ﬁi‘{ssyg"
presented by way rfl destmgphi dnretd explanatilgordafhihec@nblodaients first

her ei n. Dependi ng C in.l.p) ementation requirenents of the in ventive
GRS

met hods, the inventi ‘can be inplenented in hardware or in

sof twar €0 The inpl enentation can be performed using a digital storage

medi um in parti Gl gbcodddi $&diRg DR Q2 EBobavi g ekeeldamicabhy-4gadabl e
control signals stored thereon, which co-operate with progranmabl e conputer

systens such thatStHE} nVEARRy e nSErOls! aFedpBE fRYRE!L tiBndCal PHtatiRe @
present inventionsdcondesefoted asegrRALL efvhyregman i oduek t Wicbld 1 gpraagfe-m

code stored on a fEGhi nesr eadable Garfigh. (e fr.ogiam cade being, opgraf ed
15 and

a first switch (200) for switching between the first
coding branch and the second coding branch so that,
for a portion of the audio input signal, either the
20 first encoded signal or the second encoded signal is

in an encoder output signal,
wherein the second coding branch comprises:

25 a converter (510) for converting the audio signal
into a second domain different from the first do-

main,

a first processing branch (522) for processing an
30 audio signal in the second domain to obtain a

first processed signal;

a second processing branch (523, 524) for con-
verting a signal into a third domain different
35 from the first domain and the second domain and
for processing the signal in the third domain to

obtain a second processed signal; and



for performng the inventive nmethods when the conputer pro gram product
runs on a conputer. In other words, the inven tive nethods are, therefore,
a conmput eVOPYNI*thavi ng a program code for perforni ngPAT/EPEYM0KRE of the
i nventive nmethods when the conputer programruns on a conputer.Cains 1 .
Audi o encoder for encoding an audio input signal (195), the audio input
signal being in a first domain, conprising: a first coding branch (400) for
encodi ng an audio sig nal using a first coding algorithmto obtain a first
encoded signal; a secoadsesdingg Hrhreh ((563) firr eAvddichdgnan Refdieesi §hal

using a second codi ng PiQQEiFBPb&@sg@Bai”b%aﬁ%ﬁOHQSQQQOdQHdS!8Hé|,séﬁéhﬁin
the first coding algo rithmis different fromthe second coding al gorithm

and a first switch (200F¥°F8FSiRFt SFieRg heteen P8 f SPstth@ddi ng®br anBRTand
the second codi ng branghogo dfhathef Gruci POkt gaa1Ofiddie audie it ssconal |,
either the first encoded signﬁl or .t he second ﬁnc%ded s%%gal iS in_an 1
encoder output signal , CRAEPEI B PRENecoht CodFRG Brarch RohprT e S49na
converter (510) for coaverhengsddendugirocsisgeal sigralh secdmd dosasecond

different fromthe firggcgaegagn ndifirst processing branch (522) for
processi ng an audi o signal I'n tﬁg sécond domain to obtain a first processed
signal; a second processing branch (523, 524) for con verting a signal into

a third domapn di hfigfentntbeent he fidIrdom o dheisecondndoRaicn and
for processing the signal in the third domajn tql
10 firs coding algorithm 1n the

first coding branch
(400) is based on an information sink model, or in
which the second coding algorithm in the second coding
branch (500) is based on an information source or a
signal to noise ratio (SNR) model.
15 _
3. Audio encoder in accordance with claim 1 or 2, in
which the first coding branch comprises a converter
(410) for converting the audio input signal into a
fourth domain different from the first domain, the

20 second domain, and the third domain.

4. Audio encoder in accordance with one of the preceding
claims, in which the first domain is the time domain,
the second domain is an LPC domain obtained by an LPC

25 filtering the first domain signal, the third domain is
an LPC spectral domain obtained by converting an LPC
filtered signal into a spectral domain, and the fourth
domain is a spectral domain obtained by frequency do-
main converting the first domain signal.

30

5. Audio encoder in accordance with one of the preceding
claims, further comprising a controller (300, 525) for
controlling the first switch (200) or the second
switch (521) in a signal adaptive way,

35
wherein the controller is operative to analyze a sig-
nal input into the first switch (200) or output by the

first coding branch or the second coding branch or a



obtain a second processed signal; anda second switch (521) for sw tching
between the first processing branch (522) and the second processi ng branch
(523, 524Y081WH3364 for a por tion of_ the audio signal ?ﬁ%ﬂ??WH@84 he
second codi ng branch, either the first processed signal or the second
processed signal is in the second encoded signal. 2 . Audio encoder in
accordance with claiml1l , in which the first coding algorithmin the first
codi ng branch (400) is based on an information sink nodel, or in which the
second codi ng al gotgnamn o tehaeseclyid desdidig dr ARcPYBVD) FsIpased onthR

information source; P& acgandl Bl Serr a0 {&NRd medaling3 brakh Owith
encoder in accordance with cllaim1 i.n which the first codi ng branch

or 2 ,
conprises a conveFtePeth1By fofF2EFRTerNTE e &fdio input signal into a
fourth domain different fromthe first domain, the second domain, and the

third domain. 4 . Audi o epcoder in caQr i on . precedi _
cl ai s, ?ﬁ which Y %r???s?ﬁaoﬁﬁpﬁrpgﬁfﬁéqﬁgﬁg g%#ﬁiﬁéiééségg%ﬁ% ggnéﬁ% IS
an LPC donmi n obt Ayned abys agnd PCihipltterimgpe t hbef igstondawihtshgne®21t her
third domain is a Speet N ' Y EONEE t bRY 3k LBEcond
filtered signal iﬁ?gggisgﬁgtﬁg% 3%%%?h,§g%§é$§g“ ourth(g%ng?n IS a sgggtral
domai n obt ai ned bprPeegaéneybdenshi ®ic FhERINPRIFELIFE ShY dORBERSSI BRAC. 5

Audi o encoder ipsa¢ggr g@@%ﬁtmsti@n%rl% ofr drhe: Hy eceel hgp £baé 88infubtrhech
conprising a controller 525

or the sétond smﬁﬁé32(52%gtheas§%§H%Féﬁ%ﬁé%géér] fgﬁ%é:£$%35ﬁ%5ggn%%gg?er
is operative to apakpzetatsi g mralrgetputunattiorthe first switch (200) or
out put by the
6. Audio encoder in accordance with one of the preceding
claims, in which the first coding branch (400) or the
15 second processing branch (523, 524) of the second cod-
ing branch (500) comprises an aliasing introducing
time/frequency converter and a quantizer/entropy coder
stage (421) and wherein the first processing branch of
the second coding branch comprises a quantizer or en-
20 tropy coder stage (522) without an aliasing introduc-

ing conversion.

7. Audio encoder in accordance with claim 6, in which the
aliasing introducing time/frequency converter com-

25 prises a windower for applying an analysis window and
a modified discrete cosine transform (MDCT) algorithm,

the windower being operative to apply the window func-

tion to subsequent frames in an overlapping manner so

that a sample of an input signal into the windower oc-

30 curs in at least two subsequent frames.

8. Audio encoder in accordance with one of the preceding
claims, in which the first processing branch (522)
comprises the LPC excitation coding of an algebraic

35 code excited linear prediction (ACELP) coder and the
second processing branch comprises an MDCT spectral
converter and a quantizer for quantizing spectral com-

ponents to obtain quantized spectral components,



first coding branch or the second codi ng branch or asignal obtained by
decodi ng an out put signal of the first coding branch or the second codi ng
branch wiVR2PHW&¥t to a target function, or wherein t h&CEEREYG(0P4652 (300,
525) is operative to ana |lyze a signall input into the second swtch (521)
or output by the first processing branch or the second processing branch or
signal s obtained by inverse proc essing output signals fromthe first
processi ng branch (522) and the second processing branch (523, 524) with
respect to a targehetanot iedth 6auantdredersesdrrrd n aeopedante I t Hebde oaf

the preceding claigsgeeRnehi & he uHt codi No, biagach £409) ponrbherseesnd
processi ng branch (523, 524) of the second cod ing branch (58 conpri ses

an aliasing |ntroaHéPﬁ@Z?FﬁﬁpfﬁéﬁHéﬁﬁy converter and a quantlzer/entropy
coder stage (421) and wherein the first processing branch of the second

codi ng br ncB conprises a anti.zer_ or tro y der. st ag (522 wi th ue, an

al i asi ng 1 nt Poduc Pﬂé°c8ﬁ$§5§|oﬁn 7C<9 ﬁ%ﬁ@é At %cgbraan gt t% ©

claim6 , in mhicbohheoaﬂeasung pp@m@dusumgtblm&kﬁn&duenby cloimsetr t ewitch

conpri ses a w ndoygpg §0r a%ﬁt%ﬂﬁ @ﬂxﬁPQ%¥§Aé “éﬁ&oﬁbaEQng rBRdtfkedecond
al'go he e

di screte cosine transform W ndower I ng operative to
appl y the wi ndow Sua&chi dR2tlo s@b@e@d@@@quﬁﬁﬁ;mﬁﬂ%ﬁﬁoverlapplng manner so
that a sanple of an |nput signal into the wi ndower occurs in at |east two
subsequent franes, . Audi o, encoder in accordance with one of the
precedi nd cl &Pns APHlﬂhﬁﬂ?QQﬁ§f%?s@cﬁ?69@§§?n&lﬁpaﬁﬂ?(%@25h%oﬁﬁﬁF§€sn9he
LPC excitation COduagm@f dm adrgiedt at e code sexedddthd ieaicpreddcthensec-
(ACELP) coder and the secqnd Rrogessing bLangh (P 5 MhsPeth
signal in a Dblock wise manner, wherein the first
switch or the second switch are switching in a block-

15 wise manner so that a switching action takes place, at
the minimum, after a block of a predefined number of
samples of a signal, the predefined number of samples
forming a frame length for the corresponding switch
(521, 200).

20

11. Audio encoder in accordance with claim 10, in which
the frame length for the first switch is at least dou-

ble the size of the frame length of the second switch.

25 12. Audio encoder in accordance with claim 5, in which the
controller is operative to perform a speech/music dis-
crimination in such a way that a decision to speech is
favored with respect to a decision to music so that a
decision to speech is taken even when a portion less

30 than 50% of a frame for the first switch is speech and
a portion more than 50% of the frame for the first

switch is music.

13. Audio encoder in accordance with claim 5 or 12, in

35 which a frame for the second switch is smaller than a
frame for the first switch, and in which the control-

ler (525, 300) 1is operative to take a decision to

speech when only a portion of the first frame which



converter and a quantizer for quantizing spectral com ponents to obtain
quanti zed spectral conponents,wherein each quantized spectral conponent is
zero or i%WOQBIWWE¥4by one quantization index of a pl uraPCT{EPEIOGMAT i zat i on
indices. 9 . Audio encoder in accordalfce with claim5 , in which the
controller is operative to control the first switch (200) in an open | oop
manner and to control the second switch (521) in a closed | oop manner. 10.
Audi o encoder in accordance with one of the preceding clains, in which the
first coding branbasanad kengtdecvivheh cbdi meas s a?&‘%oﬁér dthevel epdehcede

the audio signal {fpecashbgrk WraReMRNGFunMY R td ihdiusd wybieh or the
second switch are switching in a bl ockwi se manner so that a swi tching

action takes place, at the mnimum after a block of a predefined nunber of
sanpl es of a1si gnalidibhenpiedef iinedaativbesnoé sanpl esef arfri tige aptearding

| ength f t he corresponding switgh ((521.. ) . Audi od i
accordanga with cFéFﬁF‘fO, ,Jirﬂ V\Xﬁﬂll%ﬁ té}heef%%rrggl eénng(%#]fﬁj Fggﬁgﬁrsflg%mpt,gﬁ is
at |east dou ble the ségeondl theodeambnyerigrdnoh the §ét§t)n@e§\ﬁintdch?9$‘2ﬁg
Audio encoder in acaardanae i o aidRihp1d it Ghatfigngonkist Lhal sty

operative to performa speech/music dis crimnation in such a way that a
decision to speech is favored with respect to a decision to nusic so that a

deci sion to speecheicschaksn exeBdwhgn #n pautiion 1gsst t Bagns0% 19®) fr ame
for t_he firs_t svvi_tch,is_,s eech and or.tion, nor e .han 50% of t he fr% for
the firstOswitch ?§d%85|¥Pp‘it3.S%\%H?g Bicoter 1 nPadddrdardd™ ot T PN mq% or
12, in which a framg:for the second switch is smaller than a frane for the
first switch, and in which the control
encoding (400) an audio signal using a first coding
algorithm to obtain a first encoded signal;
15
encoding (500) an audio signal using a second coding
algorithm to obtain a second encoded signal, wherein
the first coding algorithm is different from the sec-
ond coding algorithm; and
20
switching (200) between encoding using the first cod-
ing algorithm and encoding using the second coding al-
gorithm so that, for a portion of the audio input sig-
nal, either the first encoded signal or the second en-

25 coded signal is in an encoded output signal,

wherein encoding (500) using the second coding algo-

rithm comprises:

30 converting (510) the audio signal into a second

domain different from the first domain,

processing (522) an audio signal in the second
domain to obtain a first processed signal;

35
converting (523) a signal into a third domain
different from the first domain and the second

domain and processing (524) the signal in the



| er (525, 300) is operative to take a decision to speech when only a
portion of the first frame whichhas a length which is nore than 50% of the
| engt h of WORB104WE¥Ad franme is found out to include nusi ECTER2008(004682 encoder
in accordance with one of the precedi¥g clains, in which the first encoding
branch (400) or the second processing branch of the second codi ng branch
includes a variable tine warping functionality. 15. Method of encodi ng an
audi o i nput signal (195), the audio input signal being in a first domain,
conpris ing: encoding t200} damaddi ¢osiofptalinug mpeeid IBtoedUSad algoplt hm
to obtain a first encogdgd signal; encoding (500) an audio signal using a
second coding algorithmto obtain a second encoded signal, wherein the
first coding algorithmis different fromthe sec ond coding algorithm and

S tg_hi ng (200) betweepweBendhgy BF1NY Hdwewdénm Shreedssnggal (@A)t hthandu-
encodi ng

usi ng the secqnd codi ng, al__gorithm sp.t hat r a portion of.the
audio input sig nal, e %ﬂersﬁ$ﬁéﬁi §¥ie388&%ﬁgépanavng)tﬁQdSeEB%aeaﬁ%BHed
signal is in an encoded50d)pusio Silgtal , favheaepnrénoadiofg (O udsdngighel
second coding algo rith ri : verti ( )_1h ! i gpalnkpto
a second domain differgﬁ%ggggnb%ﬁzgfﬁggi%{é%g?%f§§$%é sg}ﬁgp%ggéj gn aﬁ io
signal in the second dbhei nfimsbbpaioges skeid ssipratesFedtBRgri@corbnPEPEI NG

(523) a signal into a phied doumian disf fier eMe fdmddiedddada dommha and the
second domai n and processing (524) the signal in thethird domain to obtain
a second brocessed signal; and switching (521) between processing (522) the

audi o 16. Decoder for decoding an encoded audio signal, the en-
coded audio signal comprising a first coded signal, a
first processed signal in a second domain, and a sec-
ond processed signal in a third domain, wherein the
15 first coded signal, the first processed signal, and
the second processed signal are related to different
time portions of a decoded audio signal, and wherein a
first domain, the second domain and the third domain
are different from each other, comprising:
20
a first decoding branch (431, 440) for decoding the
first encoded signal based on the first coding algo-

rithm;

25 a second decoding branch for decoding the first proc-

essed signal or the second processed signal,
wherein the second decoding branch comprises

30 a first inverse processing branch (531) for in-
verse processing the first processed signal to
obtain a first inverse processed signal in the

second domain;

35 a second inverse processing branch (533, 534) for
inverse processing the second processed signal to
obtain a second inverse processed signal in the

second domain;



signal and converting (523) and processing (524) so that, for a portion of
the audi o signal encoded using the second coding algorith ei ther the
first pr6@9§ggﬂm§?ﬁnal or the seconddfroc essed si gnal ?QghWQWﬁ@Oﬁééond
encoded signal. 16. Decoder for deco 4ng an encoded audi o signal, the en
coded audi o signal conprising a first coded signal, a first processed
signal in a second domain, and a sec ond processed signal in a third
dormai n, wherein the first coded signal, the first processed signal, and the
second processed signal are related to different tinme portions of a decoded

audi o signal, and whergi Fjadd rsbmgeaBEN, (3418 seeend-sawdh ihgnd Hdertiskd
domain are different fromeach other, conprising: a fiﬁst decod'ng br anch
(431, 440) for decodinbnYﬁésFi@ﬁo%ﬁ&%ﬂ%dségﬁﬁ& Pk el Bn S9FETT r SEVESEPNg
algo rithm a second dgeedebpgelr aieihdlortdeobdiang thecbmbshepr oci@ssedin
signal or_the second pﬁocessed gi nal_,. wher%jn t he second decodi ng branch
conpriseé a first inveF8§ 5?888 S|ﬁ8aﬁpén@ﬁ (531) for in verse processing
the first processed signal to obtain a first inverse processed signal in

the second domain; a sgcond,iveLse pspeessd ggg@%th§é§,t§%4)cggbined

inverse processing the second processed signal to obtaina second inverse
processed signal in theigeeédndodémeg fid st Camaddbiafet (532) for combining
the first inverse processed signal and the second inverse processed signal

to obtain a conbined signal in the se daomai n; an converter (54 for
Convertﬂﬁb t he Coﬁbﬁﬁgﬂgmi combiner ?8&9) tor <dom gngng rpﬁe con er%%d

signal in the first domain and the first decoded sig-
nal output by the first decoding branch to obtain a

decoded output signal in the first domain.

15 17. Decoder of the claim 16, in which the first combiner
(532) or the second combiner (600) comprises a switch

having a cross fading functionality.

18. Decoder of claim 16 or 17, in which the first domain

20 is a time domain, the second domain is an LPC domain,
the third domain is an LPC spectral'domain, or the

first encoded signal is encoded in a fourth domain,

which is a time-spectral domain obtained by
time/frequency converting a signal in the first do-

25 main.

—
(N

Decoder in accordance with any of the claims 16 to 18,
in which the first decoding branch (431, 440) com-
prises an inverse coder and a de-quantizer and a fre-

30 guency domain time domain converter (440), or

the second decoding branch comprises an inverse coder
and a de-quantizer in the first inverse processing
branch or an inverse coder and a de-quantizer and an
35 LPC spectral domain to LPC domain converter (534) in

the second inverse processing branch.



signal to the first domain; and a second combiner (600) for conbining the
converted signal inthe first domain and the first decoded sig nal output
by the fiVO2ZIHAWSS*ng branch to obtain a decoded out put PSTEREIIOMFhe fir st
domain. 17. Decoder of the claim 16, ¥n which the first conbiner (532) or

t he second conbi ner (600) conprises a smntch having a cross fading
functionality. 18. Decoder of claim 16 or in which the first domain is

a tine donumi th d ma ang LP 0 t t hir omai_n i
LPC spectralagonasﬁégggqth99 &P?i@ncg%edcg? qﬂkﬂﬁg gﬁ§bdf&QEQ:n% %Odﬁﬁﬁp
domai n, which is arehse- gvécttml gorand vaarrﬁﬁj byockReinoedieregh com-

converting a Sign?Elhgstﬁﬁufbﬁéle UEHBerl%knpeﬁQQEBrhEnécQPrQﬁﬂéedthhjﬁny
of the clains 16 to 18, in first decoding branch (431, 440) com

pri ses an |nverseaéééé#nanﬁ@QQﬁékﬁkﬁﬂqz%H“%ﬁ&P%P*%%ﬁuency donain tine
domai n copnverter (440) , or the second decodi ng branch conprlses an inverse

coder and a nt| er inthe first inverse Dbroce n h_or ,an .
i nver se codegﬁand §C8ée§udﬁ1|§%?°5ﬂan5ﬁ P& éE?r% &%ﬁ %Rf'fﬁc2§0ndfh
converter (534) imhtibée s&mnnﬁlrmwedeeopnogek&mm@hbKHﬂCthOSeEBoddemV@&se

claim 19, in which the fi.rst 6%%%5“”? Qﬁggggso ﬁ?ﬁ?&@ &BMEEgﬁleg

processi ng branch®comprises an over

al i asi ng cancelIaﬁl@ﬁrpumﬂ|QHﬁﬂQQEﬁr§§Fl€Et@@bﬁd?@ aﬁcéhﬁaﬁééaﬁﬂﬂ1ﬂﬂﬂ§Qﬁ
claim16 40 20, igjwhiagh the first decoding branch or the second inverse
processi ng branch conprises a de-warper controlled by a warping
characteristic included in the encoded audi o signal. 22. Decoder in
accordance wizh omecedet! aimBadéotdarRde WAth one of claims 16 to 21, in

which the encoded signal comprises, as side informa-
tion (4a), an indication whether a coded signal is to
15 be coded by a first encoding branch or a second encod-
ing branch or a first processing branch of the second
encoding branch or a second processing branch of the

second encoding branch, and

20 which further comprises a parser for parsing the en-
coded signal to determine, based on the side informa-
tion (4a), whether a coded signal is to be processed
by the first decoding branch, or the second decoding
branch, or the first inverse processing branch of the

25 second decoding branch or the second inverse process-

ing branch of the second decoding branch.

23. Method of decoding an encoded audio signal, the en-
coded audio signal comprising a first coded signal, a

30 first processed signal in a second domain, and a sec-
ond processed signal in a third domain, wherein the

first coded signal, the first processed signal, and

the second processed signal are related to different

time portions of a decoded audio signal, and wherein a

35 first domain, the second domain and the third domain

are different from each other, comprising:



whi ch the encoded signal conprises, as side informa tion (4a), an

i ndi cati on whether a coded signal is to be coded by a first encodi ng branch
or a secoM® 28HEY&%* ng branch or a first processing bran®RTEP20E0EE ond
encodi ng branch or a second processi My branch of the second encodi ng
branch, and which further conprises a parser for parsing the en coded
signal to determ ne, based on the side informa tion (4a), whether a coded
signal is to be processed by the first decoding branch, or the second
decodi ng branch, decedéngi r(d8linvietBe procéssshgebradelt sfiarnwl seesad on

decodi ng branch Oé gpesgeggagnbngqbgelg%gpess ing branch of the second
decodi ng branch. 23. Method of "decodi ng an encoded audi o signal, the en

coded audi o signal conprising a first coded signal, a first processed

signal in a secondededgmhp, @R af SeSt onsk s es6 e ijrgnal om ahehi Bdcond
domai n, wherein the first coded gnal, the first processed signal, and the
second processed EFaﬁﬁFsﬁpesﬁgPQﬁed to different tinme portions of a decoded
audi o signal, and mhereln a first donain t he second domain and the third

donmain are dlffEFEH% asgﬁggcge%t rffg cé¥§ é@é@b(é§%naf4g} the

first encoded signa on-a |rs ng a decoding the first
processed signal eecthd 9@@@@@5§ﬂo§e$@@d:ﬂqynﬂlswmereln the decoding the
first processed signal or the second processed signal conprises: inverse

processing (531) the first processed sig nal_to obtajpn a first inverse
processéd si gnal in t héN¥E8ESRPISRESTIANVEIRR it skl ggggesggg)sﬁﬁé
second processed signahalioteblodithith SecOinkkt NVevsesPrpcesseded signal in

the second domain;

inverse processing (533, 534) the second proc-
15 essed signal to obtain a second inverse processed

signal in the second domain;

combining (532) the first inverse processed sig-
nal and the second inverse processed signal to
20 obtain a combined signal in the second domain:

and

converting (540) the combined signal to the first
domain; and
25
combining (600) the converted signal in the first do-
main and the decoded first signal to obtain a decoded

output signal in the first domain.
30 24. Encoded audio signal comprising:

a first coded signal encoded or to be decoded using a

first coding algorithm,

35 a first processed signal in a second domain, and a
second processed signal in a third domain, wherein the
first processed signal and the second processed signal

are encoded using a second coding algorithm,



signal in the second donain; conbining (532) the first inverse processed
sig nal and the second inverse processed signal to obtain a conbined signal
in the se¥WORAYASHN: and convertlngé%540) the conbi ned P§TERAIBHFhe fir st
dormai n; and conblnlng (600) the convet'ted signal in the first do main and

t he decoded first signal to obtain a decoded output signal in the first
domai n. 24. Encoded audi o signal conprising: a first coded signal encoded
or to be decoded using a first coding algorithm a first processed signal
in a second domain, and a second processed signal in a third domain,

wherein the fi rSthéQé@ﬁsaﬂne’S' gnaktanchdde segonrd ,progessad sy gpabcagged
encoded using a second_co g algorith mhereln t he flrsL coded iagna to
o]

first processed sPyBap! 'aﬁagtﬁéesééGﬁ iYrEtahrarfefa

different tine poaifesseant aldecpdedlmdl @fSIagmiidqotheraahdlica $igsaldomain,

t he seco dormain and the third domain are different fromeach other, and
side information (4a) indicating whether a portion of the encoded S|gnal IS
the first coded swhmakint he fﬁrnﬁt pdopessed thgnaseornd hed@exiohd abcébsed

signal . 28 COMPULEEArABRATH! AT PBEIHEHE MAAN ANl SthOR, thied Comput er
the nethod of encoding an audi o signal in accordance with claim 15 or the

net hod of decodi ng an encoded audi o signal in accordance with claim 23.
side information (4a) indicating whether a portion of

10 the encoded signal is the first coded signal, the

first processed signal or the second processed signal.

25. Computer program for performing, when running on the
computer, the method of encoding an audio signal in
15 accordance with claim 15 or the method of decoding an

encoded audio signal in accordance with claim 23.



