Low Bitrate 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,
particularly, to low bit rate audi o coding schenes. Background of the

| nventio iof Art In the art, frequency domain %;n chenes such as
MP3 or rgwiggwﬁ?%g nown. These freqyency-donain encoﬁ%& P(ggaﬁgged on a

ti me-domai n/ frequency-domai n conversion, a subsequent quantization stage,
in which the quantization error is controlled using information froma
psychoacoustic nodul e, and an encodi ng stage, in which the quantized
spectral coeffi- 20 cients and corresponding side information are

entropy-enco i o] tahles...On the aqther nd ther.e are encoders
that are ver%ﬁat% egg ooi%ne%% A o(?g'?gl"ﬁa g%ﬁ SA%‘T‘?'é"gAﬁﬁ-sﬁB&gs de-
25 scribed in 3GPP TS 26.290. Such sp@sidishesdi ng schenes per- form a Linear
Predictive filtering of a tine-domain signal. Such a LP filtering is
derived froma Linear Prediction analysis of the input tinme-domain signal.
The resul ing.LP filter coefficients are then quantized/coded and transmit-
30 ted as sideci@faf et dMVETHRACHr ocess i s known as Linear Prediction
Coding (LPC). At the output of the filter, the

The present invention is related to audio coding and, par-

ticularly, to low bit rate audio coding schemes.
10

Background of the Invention and Prior Art

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 guantization 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 Linsar
Prediction Coding (LPC). AL the output of the filter, the
prediction residual signal or prediction error signal which
is alsc 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



prediction residual signal or prediction error signal which is also known
as the excitation signal is encoded using the anal ysis-by-synthesis stages
of the ACELP encoder or, al- 35 ternatively, is encoded using a transform
encoder, whaighygdses a Fourier transformw th an over lrgfpzpiheoeddeni si on be-
tween the ACELP codi ng and the Transf orm Coded excitation WO

2010/ 003564PCT/ EP2009/ 004652 2 coding which is also called TCX coding is
done using a closed | oop or an open | oop al gorithm Frequency-domai n audio
codi ng schenmes such as the high ef- 5 ficiency-AAC encodi ng scheme, which
conbi nes an ARC1EGdi‘HY SSchehreddftl &£adpect X bapdin®ept§ cdPnén usdétnigue can
al so be conbidiedew 1Bop $OIdH Sl AR adgBul thm channel codi ng tool which
is known under the term "MPEG surround”. 10 On the other hand, speech
encoders such as the AVR-WB+ al so have a hi gh frequency enhancenent stage
and a st er eo Fuawenonafienyin Rrediferesdidenwaressdi AgcRchenkRe apegh ef-

advant agegus fikitRat/-ARc t Beyoshaw schirgh) qUalont YoRbihew Bht sAt esodOig NUSI C
signal s. Probl z\geatl c, ,however ii é%e qual ilt.% f spgech si gnal s atll ow
bitrates. SSeslR G08i Ag THETES S8R FFYg agf]‘fﬁ’i FoIUTIEDeedh £1820 nal s
even at | ow e ramms nebutwishow aojodr shealeict prf or malsiicchignal scadirow
bitrates. Summgy w8fichhes! V&M I @ler the term “MPEG surround”.

10 On the other hand, speech encoders such as the AMR-WB+ also
have a high frequency enhancemenf stage and a stereo func-
tionality.

Frequency-domain coding schemes are advantageous in that

15 they show a high guality at low bitrates for music signals.
Problematic, however, iz the qualify of speech signals at
low hitrates.

Speech coding schemes shew a high guality for speech sig-

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

sic signals at low bitrates.

Summary of the Invention

25
It is an object of the present invention to provide an im-
proved encoding/decoding concept.

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 enceder for
encoding an audio input signal, the audio input signal be-
ing in a first domain, comprising: a first coding branch



25 It is an object of the present invention to provide an inproved
encodi ng/ decodi ng concept. This object is achieved by an audi o encoder in
accordance 30 with claim1, a nethod of audio encoding in accordance with

claim 15, woapRees 1 n accordance with claim 16, a maidagabsdesodi ng in
accordance wth claim 23, an encoded signal in accordance with claim24 or

a conputer programin accordance with claim25. 35 One aspect of the
present invention is an audi o encoder for encodi ng an audi o i nput signal,
the audi o input signal be- ing in a first domain, conprising: a first
coding brancﬁo:WﬁhEGdﬂW@Qﬁﬁ&AEﬁE/EE@@@Eh&ﬁA&S% Jifrart endmdgngagmrfuMHo

signall using 3 st ooding A aardd Lo abnal n A didel cogadedsianal: @

second codi ng branch for ‘encodi ng an audi"o Si usi ng. a secon ng
al gori t hm t o T68t #n¥odigacend aéﬁéedédggﬁéné}lsm\ﬂh@r eFHUHe FTHS 56%%& ng
a|gorlthn1|S;dmhﬁetenbbféﬂﬂ1&hﬁedﬁﬁﬁMEidwwadnglgthVIbhﬁteﬁmdtweffiﬁﬁtsvmtCh

for Swtcg' n%o% ga}egﬁ?%éh tw %dee'}%nter%%ra %pg EQSﬂQSCBﬁ&xﬁOréP& branch

so t hat or dio i nput "Srg st” encoded
signal or thé1§é@®néﬂénéoééd3§lQH&FCPsfPﬁ éﬁlbﬁQH@érb%%W$ﬁﬁ YR sf g |

wherein the S%Qﬂq eedh8g bhanche COBPEH® ESod Bhf Ameatdrersd orrhaa-,qnvfefr:tuawg t he
audi o S|gnalr£§tctH of 5 SECQQQ ég) in % Efg{@ frtﬁphéQe %lr%grggngﬁ edéhf' rst
or

processing b oceSS|ng AR aud he saécond donaln
obtain a firstigpedcessee siepmic eac%@@n@lw%?ce%mg ayr gRERCES P@Fput

converting a ssiggnal, WAkGeant Hhd ds@lﬂ:m ra:c@slfnt;ebeahcﬁr efhnbhesdd rs4 @eormin and
t he second donmi n agd for rocesskgg nal |n the thlrd onaln to
0 d?a

obtain a secoffd Prot&Esed 5 gnal’ secoﬁal &P Fof SSHT chT Ry het ween
the first pr ataef@mngtbfamhthﬁdf;lh?et scéczfr@ndl praocfé§§|tng>r@|€§ﬁéhn%0bﬁmh 20

for a portionegpf ;;rla;@eaaﬂh@ 5h0oadid MPWnalnGo tthe secend aeding bs aneh,
either the first proces nal .or .the second rqocessed glgnabrls in the

e
second encoded 3 ghai-*> fﬁﬁ%%% PeHsSEETSTE & AEES8Er PFSF 8ot ddi A" AT
encoded a&uddi ofor converting a signal 1ntc a third domain dlff@rent 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 décoded 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
algofithm; 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 cbtain a first inverse processed signal in the



25 signal

t he encoded audi o signal conprising a first coded signal
first processed signal in a second domain, and a second processed signal

a

in

a third domain, wherein the first coded signal, the first processed signal

and the sggonfcpispcessed signal are related to diffepepipdhdiBsRer- 30 tions
of a decoded audio signal, and whergin a first do- main, the second domain

and the third donmain are different fromeach other, conprising: a first
decodi ng branch for decoding the first encoded signal

coding algorithm a second decodi ng branch for decoding the first 35
processed si gpabndr dbheiseconde psnCessed s galcesshagebrahbe seegond-

decoding branchogompises: & s

-processing th

si gnal

roce aln a

gna

i n t heeCcW 20 1UL008564PCTFEPP0G9£084652 4he second domain; a
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first combiner for combining the first inverse processed
signal and the second inverse processed signal to obtain a
combined signal in the second domain; and a converter for
converting the combined signal to the first domain; and a
second combiner for combining the converted signal in the
first domain and the decoded first signal output by the
first decoding branch to obtain a decoded output signal in
the first.domain.

In a preferred embodiment of the present invention, two
switches are provided in a sequential order, where a first
switch decides between coding in the spectral domain using
a frequency-domain encoder and c¢oding in the LEC-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 corder to encode the L?C~domain'signal ei-
ther in the LPC~domaln 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
spectrum of an LPC filtered signal xather 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
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-’

guency domain encoder and the other branch has an LPC-based
encoder such as a speech coder. The socurce model is usually
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

based on the first

sLOMRY SB. RO £81 NG, Pranch Lot i nverse -

I nverse processed



second domai n; a second inverse processing branch for inverse processing
the second processed signal to obtain a second inverse processed signal in
t he second domain; a first conbiner for conmbining the first inverse

pr ocessed Wi milg#aics and t he second i nverse processed sipgnabbooeseai n a
conmbi ned signal in the second domai n§ and a converter for converting the
conbi ned signal to the first domain; and a second conbi ner for conbining
the converted signal in the first domain and the decoded first signa

output by the 10 first decoding branch to obtain a decoded output signal in
the first dorianch| Acmaphef2gaed embodinnent” bfache pseseimly mantvyamed t wo

switches are fyf oyi degrdd) Aogequest i) onflera1wheseidnd] rehal®nsWidigh
deci des bet ween COdlﬁg |nhthe S ectral.don%l u5|ng_a fregu ncy-domai n
encoder and codii§ i A*ERE"LFE UdHRi ROV B?yoc%s tRY PRESLT GREV 4t & he

out put of an HsEOhanatysssictagdel The. sedondaswiihghot saprwased fdndes
swi t chi ngsi n 4,he, LEQ, donain-i n aeﬂsinteo&iﬁdaescg%%.E%ﬁeq@wa&i Lgnaj,ei - 20
P coder or c

ther in the LEO domai n such as using an A odi ng the

LEO domai n si giaer nPEnETER &Pt FEFIHIR AOTRAR cRNFRYET £ BREEE TOnVEter for

converting therdE® doduithesigitadr | btonan hED speehtaledomdbnngwaine R Hes
different fr S : al i i 0 spec I ml n.. sho t he
25 spectrum %gh%ﬁ @Ega?ﬁl tsgir%gg arsgl %la%ml??acg ﬁ?%n%%ﬁegﬁecq{%me&&ﬁ%

‘ti me- domai n SiSgA&F. SAMEP I rat St IF dédildesuBBEWBRA/ $ WL PF deERES 3R N

br anches 1 owheire iapeat bs aqedll |81 tedud Vo ldcratedcebyivarsisk. nodel and/or 30 a
psycho acoustic nodel, i.e. by auditory masking, and the other one is

mai nly notivated by a source nodel and by segnmental SNR cal cul ati ons.
Exenpl ari |y, Porferbpanchrhbsr sed retueticierdorigi Anepvddler eapede hecandtgs-br anch

has an LEO based se¥ceder i s@ehnas ianSBERRNoEOGEFed TOE-SOIHL &R dih
usual ly 35 the speech 8r§C§SSLng and gherefore LPC is coqynnl used. WO
12010/ 003564PCT] EP2865F082659™8 *Br SRR 4BFaPh2 Ayai h - BRe"™ RO R | s
mai nl y ndbi vatcadchy & sBURcenirddledor eyoBNR clat zudiat isord, amdanhé.Rst-her
"inner" brancibrzan BR-SBLhYabednby, aashnk SRdeln apgt Ok, B PSHENHAGRILST T C

nodel , i.e. king or at least includes 5 frequency/spectral domain
codi ng aspectqsé‘.e &l §F’iclog,m(?n r‘ﬁ‘}ﬁ?erambr%}‘?cﬁ@f&é‘cg %Fé%{]‘é‘ﬁ?c)}am'n
encoder / spectwtalredon\éet esecantl t hkecotdhey branch kaspansescederorcoditeg on

the other dommi SUGBeasribeqbRE;dOMRIERe - YhET 8 LS eNE0dRInd % flen
exanpl e n CELP orq? LP quanti zer/scal er processing 10,an.|nput_5|qna
wi t hout g spéct ril iYoiS 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 audic 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 dcmain, 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



A further preferred enbodi nent is an audi o encoder conpris- ing a first
i nformation sink oriented encodi ng branch such as a spectral domain
encodi ng branch, .a second information 15 source or SNR oriented encodi ng

branch sughy, 880/asdPCdomai n encodi ng branch, and a sm@&ﬁgpoghmﬁﬁétching

between the first encodi ng branch ang the second encoding branc

the second encodi ng branch conpri ses a converter

wherein
into a specific domain

different fromthe tine domain such 20 as an LPC anal ysis stage generating
an excitation signal, and wherein the second encodi ng branch furthernore

conprises a spedtEhingobetwesticithastRE demmiin Bé@@@@?iﬂﬂdbfﬁ@05%§EHE

speci fic spectpal i ch _as LPC spect.ral , domai.n processing branch, and
an addi tional ~swi %c(ﬁn:?aéorm% %vﬂatlghfjﬁg%%%t%ae%d tcf?épaslﬁe&'rsf PECHYMRA n codi ng
branch and the specific spectral domain coding branch. A further enbodi nent

of the invention is an audi o decoder conpri sing

a first domain such as a

spectral domakp, FQQaEu%Qéﬂg% %%a@gh,Da second domai n such as an LPC domain
decodi ng branCg—%or—g%Cﬁé?ﬁg—a—shgﬁ3+—§ﬂﬁﬁﬁﬁé an excitation signal in the
second domain, and a third domain such as an LPC- spectral decoder branch
for decoding arsfgnadd sembodsnalt expi tatd op-sdgnal ; 4, a thi rd d

as an LPC spe 5 domain, wherein the thir
perforning a g{rlég’{]l & r‘?\?@tﬂsiwﬁﬁ fFePEHe <o

otRl n _such
dormain i's obt%nﬁg%%%
d 35RaNACWABIEIH S flirr st

switch for thehseegond domain signal and the third do- main signal is

provi ded,1@nd wherein a second switch for

Fig. lais a block diagram of an encoding scheme in accor-

dance with a first aspect

tion;

of the present inven-

15 Fig. 1b is a block diagram of a decoding scheme in accor-

dance with the first aspect of the present inven-

tion;

Fig. lc 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 éc“

cordance with a second aspect of the present in-

25 vention;
Fig. 2b is a schematic diagram of

acceordance with the second

invention.
30

a decoding scheme in
aspect of the present

35

Fig.

Fig.

2¢c

3a

is a block diagram of an encoding scheme in ac-
cordance with a further aspect of the present in-
vention

illustrates a block diagram of an encoding scheme
in accordance with a further aspect of the pre-
sent invention;



WO 2010/ 003564PCT/ EP2009/ 004652 6 swi tching between the first domain
decoder and the decoder for the second domain or the third domain is
provided. 5 Brief Description of the Drawings Preferred enbodi nents of the
present iwgeniioessar e subsequently described w th respegtrb@obdse attached
drawi ngs, in which: 10 Fig. lais a bl ock diagram of an encoding schene in
accordance with a first aspect of the present invention; 15 Fig. Ibis a
bl ock di agram of a decodi ng schenme in accordance with the first aspect of
the present invention; Fig. lIcis a block diagramof an encoding schene in
ac- 20cordancéédw fh a fukudieratespectblofck b ayresentt ian-dacentingn;sdlege 2ai S

a bl ock diagram of an enGQHNGSCRETR thNtBE- further aspect of GHdgnee with
a second aspect of the $resent i n-25vention; Is a schematic diagramof a

decodi ng schene in accdrdandd St t'he second aspect of the present
i nvention. 30

5 Fig. 3c illustrates a schematic representation of the en-
coding apparatus/method with cascaded switches;

Fig. 3d illustrates a schematic diagram of an apparatus
cr method for decoding, in which cascaded com~
10 biners are used;

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 enceoding
the branches;

Fig. 4c illustrates a block diagram for a preferred com-
25 biner embodiment;

Fig. ba illustrates 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¢;



Fig. 2cis a bl ock diagram of an encodi ng schene in ac- cordance with a
further aspect of the present invention WD 2010/ 003564PCT/ EP2009/ 004652 7
Fig. 3billustrates a bl ock diagram of a decodi ng schene in accordance with

the furthes,askest, of the present invention; 5 Fig. ?%F#g@ﬂﬁ&{s cascaded

schemati c representatlon of the en-g4coding apparat us

swtches; Fig. 3d illustrates a schematic di agram of an apparatus or nethod
for decoding, i n which cascaded corn-10bi ners are used; Fig. 3eillustrates
an illustration of a tinme domain sig- nal and a correspondi ng
representation of the encoded signal illustrating short cross f ade

re- 15gi ons re Iu ed in ) oded si gpal s; 4a | lustrates a
bl ock dlagrgﬁégvt a l&ﬁ é#?ﬁﬁﬁ & gioﬁéd herore % aQﬂﬁﬂﬁ} ﬁ b anches; 20
Fig. 4billustrates a Bliotkedsh adiiEdm omaadeancodi ng scheme with the swi t ch
posi ti oned subsequent to encoding the branches; Fig. 4cillustrates a bl ock

d|agran1f§r QiSrGL?rr%d 98r£hlustrate voiced/unvoiced excitation sig-

nals as an example for impulse-like signals;

Fig. Te illustrates an encoder-side LPC stage providing
short-term prediction information and the predic-

190 tion error {excitation) signal;

Fig. 7f illustrates a further embodiment of an LPC device
for generating a weighted signal;

15 Fig. 7g illustrates an implementation for transforming a
weighted signal into an excitation signal by ap-
plyving an inverse welghting operation and a sub-
sequent excitation analysis as reguired in the
convaerter 337 of Fig. 2b;

20

Fig. 8 illustrates a bklock diagram of a djeint 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 ¢f the switch

when performing an open loop decision; and
30

Fig. 10b illustrates an 1llustration 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



25bi ner enbodinent; Fig. 5a illustrates a wave formof a tinme domain speech
segnent as a quasi-periodic or inpulse-like signal segnent; 30 Fig.
5billustrates a spectrum of the segnment of Fig. 5a; Fig. Sc illustrates a

tinme dona&gz§&§§ggisegnent of unvoi ced speech as an gg@@ﬁ%ﬁyéﬁ&za

noi se-1i ke seg35nent; Fig. 5dillustgates a spectrumo me "domai n wave
formof Fig. Sc; WD 2010/ 003564PCDEP2009/ 004652 8 Fig. 6illustrates a

bl ock di agram of an anal ysis by synthesis CELP encoder; 5 Figs. 7a to 7d

il lustrate voi ced/ unvoi ced excitation signals as an exanple for

I mpul 3e-l i kﬁmsignadrs,-;nﬂéizgsiz;aanl islfsizﬁ;ahesirﬁdb %n@czﬁeezast%i@. LRG dwigeh
providing s -ter redikection inforpation and.the edi.¢10tion error
(excitation)géégﬁgl?kéféghg%?lﬁﬁsf?a?ggl%} %r?ﬁ% ee%@édiﬁgﬁﬁ %ﬁcﬁﬁ%QHPC

devi ce for gehkyatisifidorei ght et signbd ;2 5 Jad. inght| LsEe atleackareCO.

i npl enent at i ADc & Bfatt@NSHOrANHaision stage 300 may alsc receive a

5 side information which is included in the mono signal, tThe
sterec signal or the multi-channel signal or is at least
associated to such a signal, where information 1s existing,
which was, for example, generated when originally producing
the mono signal, the stereo signal or the multi-channel

10  signal.

The decision stage 300 actuates the switch 200 in order to
feed a signal either in a frequency encoding 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 bleck 410 which is operative to
convert a common preprocessing stage output signal (as dis-
cussed later on) into a spectral domain. The spectral con-

2G version block may include an MDCT algorithm, a QMF, an FIT
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 bliocks 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 mailn. 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-



wei ghted signal into an excitation signal by applying an inverse weighting
operation and a subsequent excitation analysis as required in the converter
537 of Fig. 2b; 20 Fig. 8illustrates a block diagramof a joint multi-

channel a,89§bhf3a4 N accordance with an embodi ment ob thg M @&Rt
invention; 25 Fig. 9illustrates a pgeferred enbodi nent of a bandw dth

extension algorithm Fig. 10a illustrates a detailed description of the
swi tch when perform ng an open | oop decision; and 30 Fig. 10b illustrates
an illustration of the switch when operating in a closed | oop decision

node. 35 Detavéed Destmidptticon @fdfoﬁﬁﬁhme&oEmbedkaqﬂiﬁingVi)different

2010/ 003564PCTEPA00AL 04852 Bl Li- ehanoelosbanal |sol T b A sui tch

200. The switc I's control a decision s ecl si on

stage recei v&89 Hy Aenichpdf? §a§|%ﬁmﬂlﬁﬁﬁﬁﬂﬁtlnto block 200. Alternatively,
t he decision stage 300 may al so receive a 5 side |nfornat|on which is

| ncl uded % M EP%HQ”%&%Q”@A%& ‘;gn%rearn%% $ognal, 9l tng Jubti chapnglycsignal

or 1s at east assocl a a Si Where I nformati on i s existi ng,
whi ch was, fe¢vexanpte, “ﬁ@ﬁé‘ré’@é@%ﬁeﬁ%#?@ haf PP TUCTHG 1t e MHT
signal, the sbereonsSt@naingrhiehehaubtteehanned dOsdgrnedc filter. This

LPC information is transmitted te a decoder. The LPC stage
510 output signal is an LPC~domain signal which consists of
10 an excitation signal and/or a weighted signal.

The LPC device generally outputs an LPC domain signal,
which can be any signal in the LPC domain such as the exci-
tation signal in Fig. 7e or a weighted signal in Fig. 7f or

15 any other signal, which has been generated by appiving LPC
filter coefficients to an audio signal. Furthermore, an LPC
device can also determine these coefficients and can also
gquantize/encode these coefficients.

20 The decision in the decision stage can be signal-adaptive
so that the decision stage performs a music/spesch 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 i1llustrated 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 cutput 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,



The deci sion stage 300 actuates the switch 200 in order to feed a signal
either in a frequency encoding portion 400 illustrated at an upper branch
of Fig. la or an LPC-donain 15 encoding portion SOO illustrated at a | ower

branch i Ryfb@endsds A key el ement of the frequency dopajResfaRdisng branch is
a spectral conversion block 410 whigh is operative to convert a common

preprocessi ng stage output signal (as discussed later on) into a spectral
dormai n. The spectral con- 20 version block may include an MDCT al gorithm a
QW, an EFT algorithm a Wavelet analysis or a filterbank such as a
critically sanptedutthéer bapkthathagl&Ccartfarnaniinbegeobrfi¢d ebbarthe

channel s, m@&@:éé&%n%q%amdp@l%@iyssw %@é&ef's,hber%%k Je gealepval ued

signals or conplex val uéd sig- 25 nals. T e output of t spectral
conver si on b?HE%*%T@lﬁsC@ﬁ&@ﬁ&ﬂru%?%gﬁﬁi§Hé&@@aPu588Foo%ﬂgﬁﬂéﬁ(h?f” “whi ch
may include precessitgpdl obksaas kmpuwn fnom thewAAEhcedDng Tseheswe.tcBO

Ceneral | y, t g PLocessingyifybyanch 4000kR 2oRKLeEessing.in,f:Rer Geation

based npdel ormation sink hus, 's the human
audi tory sys?%ﬁn?%ﬁﬂﬂkﬁ'n§e§66ﬁ68dcﬁﬁtFﬁ?yd?ﬁ%ﬁ%ﬂQ)S%%ﬂ?[ﬁgﬁce§§‘ﬁ6”Fﬁ br anch
500 is to gemegaéft&rnyhgwabrbnlﬁhe gxchtasion, aressaual of HbHRCddgi35 mai n.

Ceneral |y, hes MASES9L0a N <DEADEN 3001 ©.2 90886200 d1,dhyoPagEh Model

or an information generation speech signal s model is a
nodel of the®RtRih Spdeth/IomTéd é@ﬁeﬁét?oﬁ°§9%?Eﬁn%ﬁﬂﬁw%&qqﬁ}fséﬁﬁ&eolf
how WA 20161 HOB5APCT1ERZ20084£004656hal .

The input signal into the switch 200 and the decision stags
300 can be a mono signal, a stereo signal, a multi-channel
signal or generally an audio signal. Depending on the deci-
15 sion which can be derived from the switch 200 input signal
or from any external source such as a producer of the
original audio signal underlying the signal input into
stage 200, the switch switches between the frequency encod-
ing branch 400 and the LPC encoding branch 5300. The fre-
20  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 freguency-domain
enccders such as the AAC encoder. Furthermore, the quanti-
25 zation operation in the guantizing/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 intc 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 guan-
tization/coding operation 522 in the LPC-domain or a gquan-
tization/coding stage 524, which is processing values in
the LPC-spectral domain. To this end, a spectral converter



10 ever, a sound froma different source requiring a different sound
generation nodel is to be encoded, then the processing in branch 500 may be
different. 5 In the |ower encoding branch 500, a key elenment is an LPC

devi ce 510, ik out puts an LPC infornation which i £ ontrol ling
2 4 HE
t he chara.?erlstlcs of an LPC filter. This LPC |nforﬁ%tlonm%ﬁL?gansnltted

to a decoder. The LPC stage 510 output signal is an LPC domain signal which
consists of 10 an excitation signal and/or a weighted signal. The LPC

devi ce generally outputs an LPC domain signal, which can be any signal in

t he LPC domadmi sikclprasitihe excittatirgputsiognahei guényi z ey Oroda rngeisghted

signal in Fig,, 7fnQr 15 .any others signal, 3&\%’6' ch *%%S JBean 1%%Berff?.-1fs%%9y

appl yi ng LPC |Iter coefficients to an audio sig Furthernore, an LPC
devi ce can aP%d® dAOEEA ABCPhERE tYefdarEnents 8ﬂd58%%95}%c??ﬁh%ﬁ€|zéFencode
these coeffitoenisam2@, Thizsdedbstionni nhe heMReRB S| oacistiagd cardi€ica-

si gnal - anpt ﬁnso that the decision stage perforns a nusic/speech dis-
crimnation and controls the switch 200 in such a way that nusic signals
are input into the upper branch 400, and speech signals are input into the
| ower branchrdP0O:hd nclonee5 cepbadnnent , mbhe, desd seroddageidis ifomedilgg its

dect st on | soct (B8} AeCaaORRLALL 05/ clh SUPl) 2 dIPGaflen s At rat ed

in Fig. € signa
signai, an lnverse quantizer/coder 533 for the LPC spectral

10 domain signal and an inverse spectral converter 534 for the
output of item 533. Both encoded and again decoded signals
in the processing branches of the second encoding branch
are input into the switch control device 525. In the switch
control device 525, these twe output signals are compared

15 to each other and/or to a target functicn 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 distcrtion is used for deciding, which position
the switch 521 should take. Alternatively, in c<ase 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 ratic of this branch is lower than the signal
to noise ratioc of the other branch. Alternatively, the tar-
get function could use, as an input, the signal to noise

25 ratic of each signal and a bit rate of each signal and/or
additional criteria in order to find the best decisicn 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 ocutput 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 guantiza-

tien/coding distertions.



by the spectral audio encoder 421 is, after transm ssion, input into a
spectral audi o decoder 431. The output of the spectral audi o decoder 431 is
input into a time-donain con- verter 440. Anal ogously, the output of the

LPC domaiwig efinnidgsCodi ng branch 500 of Fig. Ia recei yegePhoddifsgdecoder side
and processed by elenments 531, 533,13534, and 532 for ob- taining an LPC

excitation signal. The LPC excitation signal is input into an LPC synthesis
stage 540, which receives, WD 2010/003564PCT/ EP2009/ 004652 11 as a further
i nput, the LPC information generated by the corresponding LPC anal ysis

stage 510. Thiee ode@rdingf sdhents nen dored mieogry eritter 40 rardeart timereout put  of

the LPC synthgsis;stage %4@‘(:@69%3@3@%% 'ntplﬂlssefyatt%@ 6@9 ride %W t%larS 600
is controlled via a swt contr ol gnhal which exa ener at ed
by the deci sFdm s‘*E*athh d%‘rec?r p\i?/ﬁﬁ&ﬁi\%agu‘é&%rﬁh?fﬁ/l df’d?i{sd “by a

creator of thea&dnqy/makqnanblslgma$ta§¢e¢$&»sﬁlﬂuﬂrcﬁ33nﬂﬁusn5hammaﬁesignal
The outpy of.ife s1 16 AL s & comlele fONRShondl caleieaallathgnal or

mul ti channel signal. The jnput signal into the swtch 200 and the deC|S|on
stage 300 caFn e tamﬁoﬂam%+@né1|5lna s’f*é‘”r eSTEAYRAFY/ B0l CPPERARRRI “$nal or
general |y ansaugk 0531 gnat putBe pendi Fig-dmatime demial, and item 533 out-

puts an LPC-spectryum. In order to make sure that the input
signals into switch 532 are both in the LPC-domain, the

10 LPC-spectrum/LPC-converter 534 is provided. The output data
of the switch 532 is transformed back into the time-domain
using an LPC synthesis stage 540, which is controlled via
encoder-gide generated and transmitted LPC information.
Then, subseguent 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
enceding scheme of Fig. l1la.

20
Fig. Ic 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 surrcund/joint stereo block 101 which generates,
as an output, Jjoint stereo parameters and a mono output

3¢ 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 - block 101 will be smaller than the number of channels input
into block 101.



15 sion which can be derived fromthe switch 200 input signal or from any
external source such as a producer of the original audio signal underlying
the signal input into stage 200, the switch switches between the frequency

encodi ng b 3NeM:4Q0 and the LPC encoding branch 500. pdhgs-bfifeRniseP quency
encodi ng branch 400 conprises a spggtral conversion stage 410 and a

subsequent |y connected quanti zing/codi ng stage 421. The quanti zi ng/ codi ng
stage can include any of the functionalities as known from nodern
frequency-domai n encoders such as the AAC encoder. Furthernore, the quantl -
25 zation opgratigmdm preerqeant kzg ngtlva np st age Ak c'aalrtelmac@nbwl | ed

via a psychoagoust i ) smdud @ Wi ch, 9eRgl el s tPéygﬁé)aBP&lé}Ei €oi nfopgmlLon such
as a psychoacousti c nmaski ng thresh Id qver the

%uen%ﬁ wher e thb
i nf or mat i on Y §Mptt SOt FE2§€ad@<421™ 382 A ifhe 2PPE™RESEERG brdfich, the
swi tch out pubushgnalf itslqriocesiseds virgpun IRC amal ysirgiwsidage ext@ngener ati ng

LPC si de 4 nf\0, and 1an Lvﬁiicgon?ﬁ Ne 15 w}@thefez«ﬂ_;t aéé om@gﬁﬁ@e@ bBsd-

ventively conprises an ad ditional switch f sw t chi.ng % ifurther
processi ng of RHEd EGIFGrarHCE] @ﬁth%eJt%\‘iée}?P%ij i 1t |°fatt| Gnr-E8dPAGS
operation 522idnelt het LEG dongiut .orPefguablyti zat sosigodingssttagessa4, which

IS processi h ectr omai o tdhi S tral
con\eerter C%%%lﬁs%Sgb4P§CT:f%%‘(§)gQ %0%%5 Ig% ?E%Il s%r%??%“@f Fﬁg i nput

of the quant 2% yyLodieRg Stapae s2UInPh& Bt EATE2AL Sk cottr AIFREW AR an open
| oop f aslhi one®temssicinosetaneaprbashtonadeppadi ngl o spleqidf imarsetettiengs as,

for exanple, ; deserd beg ddyithe MRWBE Lechpiscal SPe¢i fjGamedkkeNete.
as known from HE-AAC profile of MPEG-4 are generated and
forwarded to & bitstream multiplexer B8CO.

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 lower encoding

20 branch 500 is selected. Preferably, the decision stage ad-
ditionally controls the joint stereo block 101 and/ocr the
bandwidth extension block 102 to adapt the functionality of
these blocks to the spescific 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
speecnh 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 deone using an MDCT operation which, even more pref-
35 erably, is the “time-warped MDCT cperation, 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



For the closed | oop control node, the encoder additionally includes an

i nverse quanti zer/coder 531 for the LPC domain signal, an inverse
qguanti zer/ coder 533 for the LPC spectral 10 domain signal and an inverse
spectral @nyghisfs 534 for the output of item 533. BgtpreneHfied,and again
decoded signals In the processing bgsanches of the second encoding branch
are input into the switch control device 525. In the swtch control device
525, these two output signals are conpared 15 to each other and/or to a
target function or a target function is cal cul ated which may be based on a
conpari son oftthigidi-stoowhirdNMBOT bopéar st gnal isneo timattitcharsi.gitale hdweng t he

| ower di StorLLof s USROr leeidingn, Wl GhROSIdi 0Nt A WL 6h,R2L shoul d

take. Alternati in case both branches provi non- const ant bi t
rates, the bFéﬁ%hcﬁﬁoJ¥ﬁlF@FQ%ﬂ%qQﬁﬁé*“EWF r%ﬁq§ ntght P8és§ER_Bt 8 ldvan when
t he signal t plawdse30tatisosofie t i Sohianicin.i s | ower than the signal to noise
ratio of $he other branch. Aternatively, the target function could use, as
an input, the signal to noise 25 ratio of each signal and a bit rate of
each si gnal éﬂng? Bitfdi 1N Ic PiresrPa FReorHETIPRA Y MRPIKE DESY dECi si on
for a specifittugoakn ACELE orcexaigd ecaldie sgdaly ias psuch tgedh,t ke dditichr at e
shoul d be as W, S h e nctiqQn I e rely
on the bit rata ar(RE Facgeol "Rebafa Ayt et 3" e B e 5
However , V\heﬁ“?h@ah‘m rf-”@oéflcxl @O@@ B&v ENCHB Ségrﬂ é%%ﬁ’.?%, $or2Y d&Vdin bi t
rate, them the Eswdesmagntcml a52be gt ya Xor exa@mm diigeand gachhei gnal
which is abo b|t f nd gﬂﬂ[ r l,owt he

al | oned bit \rég égﬁf%& Cgc\ﬁé:a Wi tgh E%tél%tl%o t\é@g (ijg&le céct tseqa Seifﬁt%%%ha\\/ql ng the
better S|gnaﬁuﬁ6théﬁ%euﬁéﬂgoa~|Séllthéﬂﬂﬁ@“ﬁﬁées&ﬁqP%C%nﬁﬁﬂW%%ﬁ%R#Whodlng
di stortions. (aV@bBﬁiﬂi0&35GARGTEEEEQDQkQQéGSQu&BtIhetﬂﬁcodkmgxﬁ&hﬁmm in
accordance w;th %h ?P£ﬁ§§thl%%%nt%QQ I S §§6sg§&g b§£ln 15 s Hstg,ated in

Fig. | b. For éac ee pdssibl'e output a specific
decodi ng?? e- &&5%?% n@lgé"taégésﬂﬁco?’)%{e%r HIFVELSSt §ll‘\7\ﬁF’r%‘3 5“%& a9 31
outputs a timezspeeéighnashischnisd cnnuegmeﬁh|nﬁueﬁshewbngbtthgﬁﬁjiuﬂm ng t he
frequency/th% gggxgEkgg é%gﬁné“5¥§%é%3 ggutgugﬁag@rgfc gggxgg% . and

item 533 out put spectrum 1In_ or suré t hat e I nput

si gnal s i nt o SSRPLENCHI 56 BofReFALE Rl P aTETh MPFReorpration hav-

LPC- spect r unfiltgC- conveir erwindéwi s fpnovidesl. ﬂ&midmﬁMpubydaba gfanthiezsw tch
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540, whi is controlled via enco ener ated an transnltted LPC
i nformation. VPREAT SIFEE4BRRECT 0 HBiPGEK §%6‘ BBt e THches RavePtihed 15
domai n i nf or ratailan Waeht i sesigritcted | noatoor dancidaw t tca swid chgweaont r ol

signal in Ordc% efr%éa?@'ir% R %ao%eneyda §119r@c!d gg@raﬁcﬂ mng, sigpal, a

stereo signal, annel signal; depen on the signal I nput
into the encd&@ﬂg f2lhehef 6t Fidg. la. 20
25

In the second coding branch, there is the LPC Dbleck 510
followed by a switch 521, again followed by an ACELP block
526 or an TCX block 527. ACELP is described in 3GPP TS
26.1930 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 TLX
block 527 receives a weighted signal as generated by Fig.
7f.

35 In TCX, the transform is applied fTo 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 (I-A(z/y)/(-1z7").



Fig. Ic illustrates a further enbodinment wth a different arrangenent of
the swwtch 521 simlar to the principle of Fig. 4b. 25 Fig. 2a illustrates
a preferred encoding schene in accordance with a second aspect of the

i nventi oRyo Ay 6RkEEN preprocessing scheme connected tg.the, S tah 200 |nput
may conprise a surround/joint stereg block 101 which generates, as

output, joint stereo paraneters and a nono output 30 signal, V\/m ch |s
generated by downm xi ng the input signal which is a signal havi ng two or
nore channels. Generally, the signal at the output of block 101 can al so be

a signal haviigs s %@@H%a sMaﬁLL% tQ) tLh@@ dowam, xé nehdungdd anal ity of
bl ock 101, the nupber of channels at the output of 35 bfckIW;LSOel will be
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compr i se al LEEnat Alond 0.be: b oslc A0 oy R eaddbEionod o il slack 101 &

bandw dt h extension stage 2a embodi nent, the output of
bl ock 101 i sSEFpRAS iFfi% ll“héhﬁaﬁﬁg\n‘éﬁrﬁ“e%tenm on 5 block 102 which, in the
encoder of Fig. 2a, outputs a band-limted signal such as the Iow band

signal or theg, '%P@ééocférg@%eahi&ét%wtm Ruglensbl yeclhignsignal s

downsanpl ed (e actor of urt ernore, for_t e hi gh

g
band of the ¥f§pal SH’?ﬁﬂFta% 6B BER 1@%1%M7dt'ht 3] ERYBHET off pdlanet er s
such as spect»fea?ghe:nmlb{déepanarremlsem rertsd o i(l t &7 | N phEdmdt ers noi se.

f1 oor pa{@rregg% e{l_g & rkRown f@%&&{g%f gllehqu y MPEG 4o &t & «agner at ed
and forwarde eam nu

exer Pr ef er ab) t he deci sion
stage 300 reéB?v%c%W%qf‘gr‘fié’F“allﬁpug nEHt of % d‘(ﬂ{“’f(’fflﬁ’i” Fﬁpﬁgclﬁ?rb&m ock 102

in order to destdesbetaveenhef aoxexanpke, 5a7 nusé udmdevarrsa speeshompde. | n
the nmusic node, the upper encoding brangh 406G is selected, while, in the

speech node, anheth@mflb‘m}tﬁmgmghzgubhar(cﬁgqgs\(k‘éézl)bc‘%fédmr’lj’reé’fterféﬁmy t he
deci sion stage additionally controls tﬁ 4G % stereo block 101 and/or the

bandwi dt h extéeaswehghbtetkich@2 nt 6oadapt exhitdUingt idomalinty of these bl ocks to
the specific signal. Thus, when the decision stage deternm nes that a

certain tinme _portion of t i nput sign i s, of heflr de_such as
the nusic no&éthf’ﬁgﬂ éb%‘&r%fell lf“eréltlﬁfse'sigf aio?oc%?’l(?f &rgf&}lg r% 62k*102 can be
controlled b)smlgéedbtoskorbls:tcagé130©anAW@w1m*atCilvfé1%F@n\‘NhéﬁgﬂhéSd@%i si on
stage 300 detje/ny agstké@é iheSisgngk k8 tRe aLspeasty mdener acgeneral ly, in

a second LPC—domallril gg %32 t hen sp efg'hfl C feaa'gtulroens S%f n%Ilock 10%) d 102
can be contr G9%d° Rebr aahcE N 6 THE G8%t st o s8§8 %du u{a referably,
t he spectpal weonwnersi ehgoél timaisc sdinngebrafichn 40 i~ tddde Sﬁéltﬁ@ ahaWBECT
operation V‘h'pﬁrber%\é%@v@fze HEfs1 3% enabkyn hsvd hesd igeenakped r Ve s -
operati on, qugedﬁv1ces, 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 Z2c,
the signal is preferably pre-emphasized through a filter
30 1-0.68z" before encoding. At the ACELP/TCX decoder in Fig.
2b the synthesized signal is deemphasized with the filter
1/(1-0.682"") . The preemphasis can be part of the LPC block
510 where the signal is preemphasized before LPC analysis
and guantization. Similarly, deemphasis can be part of the
35 LPC synthesis block LPC™' 540. '



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 WD 2010/ 003564PCT/ EP2009/ 004652 15

strai ght s{@nwansssDCT operation known in the art. ThedidWassing strength
together with time warping side informati on can be transmtted/input into

the bitstreamnultiplexer BOO as side information. 5 In the LPC encoding
branch, the LPC-donain encoder nay include an ACELP core 526 calculating a
pitch gain, a pitch |ag and/ or codebook information such as a codebook

i ndex and gaifdg.TRe TCXumbdetas &nbuntifieoneBERA TES 26 90 Hencilis ek na
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transformis calculated in 1024, 512 or 256 sanple w ndows The ex- 15
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tion/ entropy nggggw%u? pre era frgaxncggghgl ned ) singl e vector

quanti zation stage, isac scal ar quanti zer/entropy
coder simlar to the quanti zer/coder in the frequency domain codi ng branch,

i.e., inibtemo42ixohpFeg.F2p. 25 hast Raeseeobddcofl feh yanchy dhere is the
LPC bl ock 51 0 d 521 agai n. f ol an A LP bl ock
526 or an TC %I gggﬂg %PJAT&TS_\SQE&Q escrl bga i gB&;ﬁ’V\%% d TCX is
described i nf3EPP FRO0BS 2T tEavetal e @rﬁﬁemmqm@lrodi@zﬁze@emégei ves an
LPC excitati mmesm,gnaéxa:sta:t&ldml &tneﬂ ;LhYtﬁepE@@@ﬂ&lr;ﬁ?r@éeéiﬁﬁ@' iheednn Fig. 7e.

TS, TR Coknp2Le R ke BBl ONGY SL008, s SROSIALAL DY el 2P 0
the input®si ghar tar ot %lrFﬁ_m@P@a%dlaml ghghﬁlg 13 | alera iriFve baeifghteng
filter used phef enredgentl-hodi)nerts cohviehe LOVER: i OfC IS AINAN B¥main,
(1- A(Zly))l(%hXEE the second LPC domain 81gnal is obtained by filtering
through the filter (1-A(z/y)/i-12") to convert to the LEC
weighted domain.
20
Fig. 2Zb illustrates a decoding scheme corresponding to the
encoding scheme of Fig. 2a. The bitstteam 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 teo the bandwidth extension bleck 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 decisiocn 601, recon-
structs the high band based orn 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



WO 2010/ 003564PCT/ EP2009/ 004652 16 Thus, the weighted signal is an LPC
domain signal and its transformis an LPC- spectral domain. The signal
processed by ACELP bl ock 526 is the excitation signal and is different from

t he sign ged by the block 527, but both 5 si ih the LPC
domai n. iiogﬁg&gézoder side illustrgted in Fig. 2b, g?ﬁéﬁ”@ﬁgﬁkgverse

spectral transformin block 537 , the inverse of the weighting filter is
applied, that is (1-Aa')41-A(z/y)). 10 Then, the signal is filtered through
(1-A(z)) to go to the LPC excitation domain. Thus, the conversion to LPC
domai n bl ocki 34 angkd henTEXhH I bERck Do3éntinsd uda itheerss ltikansbar meoheand
then filteri r. h.0-s-1 n fr (- t he
wei ght ed don%%l&{]ol Uc%e b(elfc%l-kt é’tﬁgoﬁgﬁé)ﬁé’%ﬁ. gﬁgy‘%% h%vi’fgkr:arlg&fheﬁ%/ly ul)cr;;1 I‘}lsgs.
lc, 2a, 2c iltustiEree §o8engne BrockvebliGe’ WBeomesR ehapirl dids dromst
signal s as |engcims ddwse Iynalis anecknnbbenbPe doimidns Theraciualinvode of

bl ock 51Q. s s .th ci fon signal node or the 20 wei ghted signal node
can depegﬁ E%Q%ﬁgﬁékﬁﬁgé %&?%%h state. Alternatively, the block 510 can

have two parallel process- ing devices, where one device is inplenented
sihm' | ar Ejo Frge E@i%ael t heo otagr Beyh CesHown Npbenanted, aﬁeﬁjg?]n 7fhothience,
the LPC domain_at, the o t of 510 n_represent 25 either, the LPC

exci tat on oPBRad S dREcofhy o P b S e e b S g
signal . |n thessoebrideentbdirngrBRahche ACELP/IREX) vEf aF gen@a or @<t he

signal sy preferabh yapr gremphasivazedrphbtorghtf hblid€fr, the switch may
also be arranged subsequent to for example the audio en-

coder 421 and the excitation encoder 522, 523, 524, which

means that both branches 400, 500 process the same signal

in parallel, In crder tc not double the bitrate, however,

15 only the signal output by one of those enceding branches

| a,

400 or 500 is selected tc 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 Iigures, the deci-
sion stage can alsc operate in a closed lobp mode in order
to make sure that, finally, only the encoeding branch output
25 is written into the bitstream which has for a given percep-
tual distortion the lowest bitrate cor, for a given bitrate,
has the lowest perceptual distortion. In the closed loop
mode, the feedback input may be derived from cutputs of the
three guantizer/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 resclution for the second switeh. 3tated 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 freguency domain/LPC~domain switch



30 1-0.68z before encoding. At the ACELP/ TCX decoder in Fig. 2b the

synt hesi zed signal is deenphasized with the filter 1/0-0.681"). The

preenphasi s can be part of the LPC bl ock 510 where the signal is

pr eenphaswgeatkeltesFeor e LPC anal ysis and quanti zati on. Siararascopgisgbeenphasi s

can be part of the 35 LPC synthesistblock LPC 540. WO

2010/ 003564PCT/ EP2009/ 004652 17 Fig. 2c illustrates a further enbodi nent

for the inplenmentation of Fig. 2a, but with a different arrangenent of the-

swtch 521 simlar to the principle of Fig. 4b. 5 1n a preferred '

enbodi mrent, £Ré firysewshiit chiR00 (see Fiaggtiha odr 12@) issmpdaty okhdédthbr ough

an open-1| oop LSl anyikas, 14 Fi 4a),, s t o] it { S |l ed

t hrough a clgggg-loop gecis?%% ?gg ?%”%?ghrggﬁﬁ§§ %%v%%? g%%%pﬁggaé%g. 2c,

has the secofi@“Bwitch placed after the ACELP and TCX branches as in Fig.

4b. Then, in the first processing branch, the first LPC domain represents

the LPC exci i a Ln.th e pkQc I branc t PC

domai n re%re%@%?gg?%egﬁg% agigngegggggng?.%ﬁgbgﬁgtl?g,ggﬁeqﬁﬁﬁgggggﬁbdonain

signal is ob®&i Réachyd$39438S 1 Ehr GEERT RV Zh)et0 Lignrest siaulfanepC

resi dual doneus]lywhirdee dihe igecendatPéh dofaial skgRal, | srehtai fed byock

filtering thr : I r.(1- L) )41: x- o convert to the LPC

wei ght ed donﬁf@r‘l{gpbggﬁgﬁéﬁﬁ %&?&%ggeééat%%(%%%}}%gs%he e corresponding to

t he encodi ng schene of Fig. 2a. The bitstream generated by bit-stream

~multiplexer 80Q.o0BaFigludardSed MIUtaddiio edcbikst Fgamydeathtipd exere800.
Dependi ng on_an infq{ .tigg ge{iv%d &9r0%§ SgaqH%e LQO@?E%% bitstreamvia a

node detection BFoék 1, “a’decoder - € d& shi't ch 00"Fs it of T8 1 ei t her

forward si gn&rsnthoAfPhendppescbpadchnepdsngnhrangh oh?® heFhoeeriweztch to

t he bandwi dt knexteasiea BLOcK FlnalThe-drandwigt Rnextensi 9nad! ocko ARl
recei ves, fr%qb%he bi,tstream demul ti- .30 plexer 900 ﬁ%de i,nformati on and,

*Y it of it on Fan es_smgutppau HF e nbde d&S sTIHEd1,

based on this side in ormat on “an theé _
reconstr bt s Priserhpghsbomtl bhaed on.t ke |Dwdyasgdoutputoeaicdrehw 500, 35

The full bangrsignahggengs at ed:inerbl-oek r401: hsobfptfod nto the joint
stereo/ surround processing stage 702, which reconstructs two stereo

channel s or several multi-channels. Generally, block 702 will output nore
channel s t ha?r@éesably, the first encoding branch is operative in or-

der to encede 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 185.

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 & second encoder output signal, encoded parameters for
the information source model representing the intermediate
audic 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 is operative to
process the audio input signal 99 so that the audio inter-



WO 2010/ 003564PCT/ EP2009/ 004652 18 input into this bl ock. Depending on the
application, the input into block 702 may even include two channel s such as
in a stereo node and may even include nore channels as |ong as the output
by this bkoekieh@ssimore channels than the in- 5 put i gcq/dphdesofbf9ck. The

swi tch 200 has been shown to sw tchzbetween both branches so that only one
branch receives a signal to proc- ess and the other branch does not receive
a signal to proc- 10 ess. In an alternative enbodi ment, however, the switch
may al so be arranged subsequent to for exanple the audi o encoder 421 and

t he excitatiwoedencodergrs?, 1923, 1524, whieckubpans dhathdothmbeanelmes 400,

500 process ﬁpgbé§§§%§“%¥5@rlkﬂmp§ral|Qbmpr@s@EQeQeEQLBQto@o%ﬂgeahﬁ§o

bitrate, however t he signal output by one of those encoding
br anches 400169U?Kﬁ?QQ$1selected to be witten into the output bit-stream
The deci si on stage will then operate so that the signal witten into the

bi t strearg m g}gﬁ&@e&%&@ﬂo@ %%Staufdgecgheadm@efsrtg &pﬂlﬁfw'&n can be

t he generate trate or generated pefceptual distortion or
conbi ned r at 8PEF$tBIHi%F 1668t - fEﬂE?¥%ﬁFS'?hé#€$bPé SBFPHERY| hO Qh?%‘%bde or
in the node giéusitatmediianet Begkkul 83, i1t e cladasicenwstage ﬁansahsmioperate

0 aclosed Logp.tinde, i ORdR L makeashte al Bty LYoo OB Vit

encodi ng bra tten int t ream wh

gi ven per cepfahiori ity ogs Lt RBI| BRRTabirFatid® ér fifsE SUEPVEnS%EQ%%ne has
t he |OMB§®bp@g@@ﬁédﬁﬁadbﬂ&erhh@ﬁrmh?16?6ﬂ§%ﬁﬁﬁﬁitﬁ®@ptﬂEdEudihesi@mﬁmﬁCk

I nput ma e _derl ro t r r r ocks 421,
525 and 424 FnoEPE. Of st GUT Ty bl et At sh Raur e Thateh tohed i e
the first swiFefhr artth tthe s‘%%“{ﬂw ﬁﬂidtlélﬁ 52gorithils phef %‘F‘F‘é‘hdt%é‘% t he
time resol utiigl &OgotHdud inaStingWahChnfSrihoywsn tdtat dehactieeane@sgeréi-on for

the second sitgh. Shated differands outhe bloskeofpihtdna signal

into the fir
15 the 1nformatlon 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 1s 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 audico 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 both algorithms and cut-
putting in an encoded signal either tﬁ% resﬁlt 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 in
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-



can be switched via a switch operation are |arger than the bl ocks swtched
by the second switch operating in the LPC domain. Exenplarily, the
frequency domai n/ LPC-donmain switch WO 2010/ 003564PCT/ EP2009/ 004652 19 200
may swi t cliohbwehkssof a | ength of 1024 sanples, and t hecseeon@essd t ch 521
can swtch bl ocks having 256 sanpl egi each. 5 Al though sonme of the Figs. la

through 10b are illustrated as bl ock diagrans of an apparatus, these
figures sinmultaneously are an illustration of a nethod, where the bl ock
functionalities correspond to the method steps. 10 Fig. 3a illustrates an

audi o encoderifomogenefat | aflani cerrdddecraddiiogsikgpalchsaanusut puhast-t he
first enCOd'”ngHﬁﬁ%Qh%QQ amﬂu%sSFEQBgoé%Eﬁ§Hﬂ9 Rnapehy 5Q9uf%%fﬁgﬁrﬂ?re

t he encoded au si gnal preferably’includes side |nfornat|on such a
pre-processiﬁéeﬁaVﬁﬁ%t%? ?%%ﬁHQFﬁ¥Qﬁﬂnﬁﬂ?cf§az g2brgEe¥EFRY sPé%Eeﬁﬁ, as
di scussed i nbtgnnebti omanttihapiecedisngekifgsmedswiucth et rol qguahoi oet i on.
Preferably, thgyf hB?.&eeDQOQh’aQo@u@é‘&hb{JS%QQﬁéf‘éiA/ H{'e Oé?e&l@faf Oa%'%)de an

audi o i nternedi ate si | 195 1 n accor- dance Irst

al gorithm wH@rBrh t HRIFR r 8FecBUTHG  aPGoPY L ﬁﬁ?haéyéﬁoﬁﬁ%?%‘h ’Bﬁsé’r’h‘k

nodel . The fithstskoatddi ng branch 400 generates the first encoder output
signal which is an encoded spectral information representation of the audio
intermedi ate signal 195. 25 Furthernore, the second encoding branch 500 is
adapted for EREodPRECEMe TP Tcht driAdditat & SPFGRANTE958NN ABEOFERRER with a
second emodlsnagralagamdemm tihe checeadleots notied gfdridi@cAavi ngfanaudio

i nformation %% '?Rgféfc‘%‘? gelp%gg;\ n 301N a seeond encoder, oyt put
signal, encoded paramet ers orhmtion source nodel Te reseﬁ?|ng
t he |nternedﬁ@?écéu@Péeélgha@h Wﬁeraﬁéﬁﬁt%ﬁc%ﬂeﬁnfh?@héﬁﬁéyél@oﬁﬁﬁgées t he

comon pre- i.e., by transforming a time domain signal intc an LPC do-

main and by subseguently processing the LPC residual sig-

15 nal, i.e., the excitation signal. Alternative sound source
models, however, are sound scurce models for representing
a certain instrument or any other scund 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 audic 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 porticn of the in-
termediate signal 1s encoded using the other encoding
branch.

30 '
Information scource 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+ 1s 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.



35 processing stage for pre-processing an audi o input signal 99 to obtain
the audio internediate signal 195. Specifi- cally, the common

pre-processing stage is operative to process the audio input signal 99 so

that the yaydiRodsBder- WO 2010/ 003564PCT/ EP2009/ 00465220 iRkt € si gnal
195, i.e., the output of the commoms;preprocessing algorithmis a conpressed
version of the audio input signal. 5 A preferred nethod of audi o encoding
for generating an en- coded audi o signal, conprises a step of encoding 400
an au- dio intermediate signal 195 in accordance with a first cod- ing

al gorithm the, f@&hﬁ%@k@g@@gggra&ega@@vwgr@gbdn@fl% +BREhan.§LBke podel
and generatlng in a first qutput si encoded spectral information

representing* thidied sfgRald: asst q@FaéﬁgodFﬁa e @) éﬁlaﬁﬁfﬁt?ﬁtﬁ?nedlate
signal 195 isudiceodganze ficdrh ceceeldand acodinagdatigendidne ighel second- cod-

ing al gorithm havi ng, alkd NfAIIRS IO 3aures Mmdel 2eda@ensheiudes the
5 first decoding branch 450 for decoding an encoded signal
encoded in accordance with a first coding algorithm having
an information sink model. The audioc decoder furthermore
includes a second decoding branch 550 for decoding an en-
coded information signal encoded in accordance with a sec-
10 ond coding algorithm having an information source model.
The audioc decoder furthermore includes a combiner for com-
bining output signals from the first decoding branch 450
and the second decoding branch 550 to cobtain a combined
signal. The combined signal which is illustrated in Fig.
15 3b as the decoded audic intermediate signal 699 is input
intc a commen post processing stage for post processing
the decoded audioc intermediate signal 699, which is 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-
2% ters which can be transmitted from an encoder to a de-
coder, or which can be derived from the decoded audic in-
termediate signal itself. Preferably, however, pre/post
processing parameters are transmitted from an encoder to a
decoder, since this procedure allows an improved guality

30 of the decoded audio signal.

Fig. 3¢ illustrates an audioc encoder for encoding an audio
input signal 195, which may be egual 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 alsoc be any

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



ating, in a second output signal, encoded paraneters for 15 the information
source nodel representing the internediate signal 195, and a step of
ponnnnlé pre-processing 100 an audi o i nput signal 99 to obtain the audio

I nt er medi | nal 195, wherein, in the step of ¢ w85 Processin

t he audigﬁ?ﬁ%a?agﬁgnal 99 is procesged so that the agg?%p%%ﬂgﬁﬁéfnediate )
signal 195 is a conpressed version of the au- dio input signal 99, wherein
t he encoded audi o signal in- cludes, for a certain portion of the audio
signal either the first output signal or the second output signal. The

net hod pref ef@bl ypioectidegohie, f gt ek, steR eneafi N0 acEeraids t ampd
portion of the audi.o internmediate S|9nal ei t he g e.first cod

' t h
al gorit hm or*UEHG 1he SE¥bnA"EobPRG Al b- ???Lﬁ?g%geﬁ888?ﬁgthep%¥éﬂgl
usi ng bot h afgordd s anmbrowrssion apgeribgui auan encadedosi ghal welther the

resul t of the, iy st ¢adipgalaor t habtetheod esuhtoefcihe segondsgadi ng

al go30rithm GCenerally, the audio e i i i i
g 5 quency/%iﬁé conversgon a{gg¥¥gw%8§|gorlthnlused 'n the first

An alternative transform from the time domain, for example
in the LPC domain is %*he result of LPC filtering a time
domain signal which results in an LPC residual signal or
10 excitation signal. Any other filtering operations produc-
ing a filtered signal which has an impact on a substantial
number of signal samples before the transform can be used
as a transform algorithm as the case may be. Therefore,
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/fregquency transform, the modifi-
cation of a single spectral value will have an impact on
all time domain wvalues before the transform. Analcogously,
a modification of any time domain sample will have an im-
20 pact on each freguency 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-
forse the LPC filtering. Similarly, a modificaticn of a
25 sample before an LPC transformation will have an impact on
many samples obtained by this LPC transformation due to

the inherent Mencry effect of the LPC filter.

The audioc 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



encodi ng branch 400 reflects and nodels the situation in an audi o sink. The
sink of an audio information is nor- 35 nally the human ear. The human ear
can be nodel ed as a frequency anal yzer. Therefore, the first encodi ng
branch ouwvpubmessepded spectral information. Preferabpyrrtdedigsst encodi ng
branch furthernore includes a psychaacous- WD 2010/ 003564PCT/ EP20091004652
21 tic nodel for additionally applying a psychoacoustic masking threshold.
Thi s psychoacoustic masking threshold is used when quanti zi ng audi o
spectral values where, preferably, the quantization is perforned such that
a quanti ze- hadded rdigeli s Whreodutled Hir HuapedFihgainerspaet Fa¥ &4di o

val ues, whi Gfyar@chisddenabeh ow hdies RSy EheaC eusikesmBsKhIgot htieshol d. The
second encodi ng branch represents an i1nformation 10 source nodel, which

refl ects the generation of audio sound. Therefore, information source
nodel s may iTd udedaospeecidenpdibr g wipdes fefledeed sbysaperPCoatdingsi s

stage, ise. by aRsf QL BYcBqathae ORI, SEgR 1 | N addie deming and by

subsequent |y processing the LPC résidual sig- 15 nal, i.e., .the excitation
signal . Al téﬁ“’rﬁé“t‘il'\/égsoo&lﬁﬁsséuPééoﬁﬂdEPg}“%o%e?/%’?’;tq‘é‘i‘ et%die?r‘f&l?oﬁr ¢& rodel s
for represendridigracceerdt aiigneast whirent isrdahfe otdierf soundegehersdt ersi-such as
a specific sgund ,sQyrce existing in real world. A selection between

di fferent sou source nodel s can be per- 20 forned when several sound
source nodel s are avail able, for exanple based on an SNR cal cul ation, i.e.,
based onca cel<ud@iionnoadtich Dirdthemmeer ceamndeks ai Sitrse est-cane ui t abl

for encodingcg cef Al dd MR RRLL QR ANLQL Tdeaueney Rot @ afdan udi o
signal. Preferably, ho er, the 25 switch between encadi ng branches is
perforned i nsedrnd | ¢asidemiinrnah £00 t9attha tedrttaisn RI%H OPorthi 58S €%ncoded
usi ng one nogled apgua seghal N dither ephet FARspORhiodedfl sthealnker nedi at e
signal is en&@g&ﬂ;”%%”%lkgﬁ %%%eQngnﬁggiQgcgﬁéngncoggd 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 193, the first encoded signal in
the fourth domain is included in the encceder output sig-
nal, the second encoded signal which is either the first
20 processed signal in the second domain or the second proc-
sssed 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 audic 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 porticns are useful for a cross fade 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 1is represented

by an encoded signal of only & single domain.

As illustrated in Fig. 3¢, 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-



I nformation source nodels are represented by certain paraneters. Regarding
t he speech nodel, the paraneters are LPC paraneters and coded excitation
paranmeters, when a nodern speech coder such as AMR-WB+ is considered. The
35 AMR- V\B¥Ocwiftsdseles an ACELP encoder and a TCX encodRIT/ER2M90MM682 case, t he
coded excitation paraneters can be &l obal gain, noise floor, and variable
| ength codes. WD 2010/ 003564PCT/ EP2009/ 004652 22 Fig. 3b illustrates a
decoder corresponding to the encoder illustrated in Fig. 3a. Cenerally,
Fig. 3b iIIustéates an audi o, decoder for decodi ng_an encoded a%giq si gnal

to obtain a Udtoted %udFO-FIGriAT gy, ForiP i fedbder L1t R HES Fist
decodi ng brangh 450chorisdecmods g adl vencaed s$hgndle eseocked pmadoorsdance

with a first,godi pgealegoLit Rmhavisng. an, LRtar mptd of,si nkopodel £ The audi o
decoder furthernpre includes a second decodi ng branch 550 for decodi ng an
encoded i nf of & i®rF i $%al encoded in accordance with a sec- 10 ond codi ng

al gorithm having an i nformation source nodel. The audi o decoder furthernore

includes a c i ner r j.ni.ng t =Sisgnal mthe fhLst cadi ng
branch 450 aﬁggt%gcgégoﬁgggg%bé?nagﬁégﬁc€%850§%€F%%§§%ﬁpacco%%?ﬁgg_g?gnal
The conbi nedsSFeffalPEAAFing PrROSPr aféd PAYFYRICA5CADVHEE T He /et sHied audi o
i ntermedi at es§d§1§l§'ﬁ| irggﬁh% Sséc&m&d ddi=0.ra iQﬁ:fHﬂH\d Postd Pmmsﬁi rngjﬁ:tkagj% L or
post processing.the decoded .audi.o_inter i ate, si,gnal .699 i is_the
conbi ned si gﬁégf%ﬂ?nptutg P tHE cfolrfbsitnecﬁeo 2305}?{ ha ngn outpu stlglgfn%a “of the
common pk&- peotedsphgtheagecrsdamomrin2@ngandddhv arsicamsset ttHe coubithed

signal . Thusg;thg) degoded audi-& sigialn 709 Basaap enhancedi | pfecoBEdON
cont ent conpared

o the decoded audi o, i nternedi ate_si gnal 699. .Thi
i nf or mati on Ekﬁﬁﬁéi%ﬁ FREpP B ded® yt?%es%%%%gnpﬁ%%?sgyg%e%%ﬁ?ﬁFs%%%b with
the hel p of pRé/post processing paranme- 25 ters which can be transnitted
froman encoder to a decoder, or which can be derived fromthe decoded

audio internedi ate signal jtself. Preferably, however, pre/post processing
par amet et aFBrFP%ﬁ@9£%Teaﬂ?rBﬁFﬁﬂdeﬁ8§689 ¥Ea§c eéﬁﬁ%?gs§ﬁn6% ?%?%ng
procedur e al bewschn 32ipr deed swEdditingB0bef.wehe ddroddd raudi pre¢gnalng Fi g.

3c illustrates,annaugdho LReoder §0L-2NCRdhRYs 4hAUdEantAPYL3si gl 495,
whi ch may be equal to the |nterned|a%§5§uduﬁv§l nal %95 of Fig. 3a.in
0

accordance WAt hdfre® BSTFERT el T erBiSdi HE PR3 prasBht iention. The
audi o i n- putsespbgdatbod9%gilsrprasernti tinera thier St réompicncabseft eampaf oin

20 the second domain or the seccond processed signal in the
third domain is in the second encoded signal.

Fig. 3d illustrates a corresponding decoder for decocding
an encoded audic signal generated by the encoder of Fig.

25 3c. Generally, each block of the first domain audic signal
is represented by either a second deomain 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 cone 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 ccded 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 c¢f 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.



exanple, be the tinme domain but which can al so be any ot her domain such as
a frequency domain, an LPC domain, an WO 2010/ 003564PCT/ EP2009/ 004652 23
LEO spectral domain or any other donmain. CGenerally, the conversion from one
domai n t ovohevoisk@r domain is perforned by a conver simrFERgoHNMEHNM such as
any of the well-known tine/frequency conversion algorithnms or fre- 5
quency/tinme conversion algorithns. An alternative transformfromthe tine
dormain, for exanple in the LEO domain is the result of LEOfiltering a tine
domai n signal which results in an LEO residual signal or 10 excitation
signal. Any other filtering operations producing a filtered signal which
has an irrpaoxh@ruatosw@smbirabeauabenr@t §E@6@in§alﬂf)é1€§h bedoree ¢deing

transformec n be uggdtgs af %nsé&g aL_Q%“E‘P@q Ege gar%tma% é)oednﬂgfl ter

Ther ef or e, i hg an au
is afurt herbltafrmfsflcﬂ rﬁllv\/lﬁtcfr@t@éln@ltat%ra 44 Gy rig EI“JrQ t hid LEEI‘Sg fEa1n a

time/ freguensyy té@fabszfl%rg 4 h@ré@.@az{dwﬁn@n @fnd &gl errspect F d@dw wil |
have an i npact on %Eﬁ%%n vau %{nr the tra sform @nr (gously,
a nodifi catl%hg?ﬁ ajrﬁ/ FF *dafipl gu\ﬁn AFeCaf -1 20°PACt on” each
frequency dommia saepf erstSidenalm whishod ftleatdomof fosanp ed@ffroiﬂewé
excitation sj t Id 311, PC domain situation will have, due to the length
of the LEO fil ter an 1 npact on a substantial nunber of sanples before the
LEO filtering. Sim'larly, a nodification of a 25 sanple before an LEO
transf orimt i Dite widdodmweo@nFigpasd Ounr nemymsenpt e oide redsdyondid1EO

transformtigp, gﬂrtg Sddie bl et IERRLY selbleqt glohbecLlFOHILLS 061 The

audi o encoder irst coding 30 branch_400 wh
generates a F¢PsE éﬁ%oéedfﬁﬂnaquﬂfﬁ% PYPSES 2D ABEARFYnaP IndyP et Th a
fourth dOITB.I fie e Cdﬂrd»&ssmg haeprsefoentiedoerbodigeal , tbhebtaie-spéctsal

domain, 1€ 1nbbesLONR fe UL, § i OO Nk YHRD. A LASR: fIPTRL Neid 09t - 1 o
pr OCGSSGd via a requency conversi on.
put of block 531." The second decodlng branch furthermore

comprises a second inverse processing branch 333, 5334 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 cutput signal in the first domain. Again,



WO 2010/ 003564PCT/ EP2009/ 004652 24 encoded signal, where this first coding
algorithmmay or may not include a tine/frequency conversion algorithm The
audi o encoder furthernore includes a second coding 5 branch 500 for

encodi ng ‘ﬁu [s9.4Si gnal . The second coding branch 5 cond codi ng
al gorithm 5 obtain a second encodeg signal, which .2989?§§%§% gfromthe

first cod-lng algorlthn1 10 The audio encoder furthernore includes a first
switch 200 for switching between the first coding branch 400 and the second
codi ng branch 500 so that for a portion of the au-dio input signal, either

the first enggdeg signaloatpdhe Qaut; of %I&s@QicQt{altmeLssecé)@dt}@@COdEd
si gnal at the 15 out ut of the second encodln branch is_inc]Juded in an

encoder out piit ¢ PRI hed Fort %F%%ﬁq n Por thons b7 heabdi o i nput
signal 195, mhejkamgmvemceded4slgnallsn &meaHGUmuhtdmwaunsmsntncmeBd in

the encoder Mlm&c%egr@ thBe secandyencaded, signal whigh i, ebiher the

first 20 processed signdl in the second domain Or the second "processed
signal i t &2t hi%*d -domain is not included in the encoder out put signal .
This makes sure that this encoder is bit rate efficient. In enbodi nents,

any time porﬂwss%uwfo@uggoﬁu%%'xa%@aich 368 'am:I gg@@'dép bw@sgééi erent

25 encoded signals are small conpared to a frane | eng tg frame as wll
be di scussed®i¥ecofhedtd- oﬁevm fREFHEPesePo T He¥e didl 49 poitt |1&|1|§55F€t%§ef ul
for a cross i@d&hérsnhamma1en¢ededssngm%doﬁx)dfﬁaﬂﬁﬂuabmeﬁ@odedzslgm@+ in the

case of g SWLE, RYeLs 1 Qhderoh0 heduge, ALLIAAC! Shal iLgbLya0:,30 our

Wit hout ‘any cross her ef or e, from t cr oss- f'ade Tegi on, each
time domain %?%ckﬁ?%?%%%ﬁé%%ﬁté& ByténréﬁéﬁdéadsFﬁﬁal of1BRFyPa §PRgl e
domai n. As i kidstaatead d sthiegm 3¢, ahheoseemw&bzxnhpn;émmaﬂeb 588 3bg-

compri ses a fgnvesd afy 51, f ol cqayer bing: the: Anlio Sinal sbn e BLr st

donai n, nal 195717 nto a sécon do- nmin, rthernDre e second
codi ng brancﬁ 56 l%%nﬁ?YsE? §EPPF§F96r8§e§§ﬁﬁ§hb?%néﬁt3??nfBpepF6€§§5|ng an

audi 0 siyd 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 i1s 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, l1.e., a signal in
the third domain, and there 1is no domain change between
frame 3¢ 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 porticn
of the audio signal which 1s 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



WO 2010/ 003564PCT/ EP2009/ 004652 25 nal in the second domain to obtain a
first processed signal which is, preferably, also in the second domain so
that the first processing branch 522 does not performa domai n change. 5

The seconRggengagiiylg branch 500 furthernore conprisesparsphfifdiRi OCESSI NG
branch 523, 524 which converts the gudio signal in tﬁe second domain into a

third domain, which is different fromthe first donmain and which is al so
differ- 10 ent fromthe second donmai n and.whi ch processes the audi o signal
inthe third domain to obtain a second processed signal at the output of
the second ppesessiing bzanel 223, 524 pelbehuit beenDag, édeh sedenddsodi ng

branch conpr | ses g{_g@con%s éﬁbdé@dl,ﬁ oL, SW Eﬁ@é ,ptety%%:st heDJéré% hat

processi ng branch e 'secon roceSS|n 524
for a portroﬁh©fcﬁﬁ€@%ﬁﬁﬁ%fQﬁ%ﬂmﬁ*rﬁb%tMPﬁF@ @ﬁ@e§§éon&héédﬁ#§“br%%%h
either the frestipriecessedeshgnal kbn2d tihe \emond dormifieklthesseeond

processeqss;gyal in EQ& t hir d, dopai | nt% in gngtg%%gﬂgn gﬁgg_qhshgggg Fi g.

3d illusttates a Eorres ondlng decodér odi ng audi o si gna
gener at ed bytkae @W%Gﬂgﬁﬁéfoﬁrgpegsrgé %iﬁﬁﬁ%%sl?heeééﬁebﬁéthGfﬂ?%é first

domai n audi opsi gnal m&rer epsresient edl bys ei ther macseciondadoesmi Ayesdiignaln a
third domain a fourth n, en g r f

opt i onal cro§§ ? ge re Foh”Whi ¢ ng%prgféggﬁgdéé ﬂg#?g%% 2 égg}gg%he
| engt h of onerfsserey ﬂa@ﬁ@@rSPotbbtaﬁncé?§ﬁp%ﬁﬁnﬁﬁﬁmMﬁncW Béoﬁﬁcﬁoas

pﬁss;bl e1@t ghg ﬁéiﬁimﬁif AR g@ biéméﬁ_dga- h@T’t&ﬂﬁﬁd%diyaWeQéléhgnahld':Igd udes
the first code econd, co si gna c omai n and a
third coded SI ﬁ%lguﬁjgetﬁlrd aéﬁﬁfﬁf Wher el Iy fﬁgu%?gggggoded signal, the
second coded signal and the third coded 35 signal all relate to drfferent

tihrre rﬁoréI [ gn@retekmgﬁm@f Cif:@lég_i @oailg?ahl@@ﬂ: wherel ru—iehe:i&_a@oaldddﬂ@ai n,
the thir omai_n_and the rst .domai.n i e

di fferent frgﬁreagh ot??se o010/ 663 ﬁ%%ﬁ%ﬁggdgﬁ%%ﬁ %@% %g% %Edecoder
conpri setSa fohdscodéedds HeP b ANt hiT oFh etBHingg A8 &APRE £Fr 8#SE8di ng
algorithm The finrshrdecoeidig dywaneh dis 44 |9t malded . aknd3WR AéQeknikig. 3d
and preferably c%ﬂﬂrwﬁﬁ e freﬂ&@”%éléi9§ééfi e¥%thagh?%f5r%%e%gggg si gna

is preferably i 8 fourth domaih and I's Conv I nt onai n
which is thesgondi Wensrathen degsladl st put é‘ih@ﬁﬁl 1810°TheCaELBEFO8E Fig.
3d furthernorgieanpiinses asseatd dacadi ng branshi whi eh eompnigsesdsever al

el ements, These el gnents are dsgoo% %%%§395§C9§§h99 brargh R3Lehor

f|r
i nver se processrng t e S&cdnd ‘¢oded first i|nverse
processed srgﬁaﬁ“ﬁna?ﬁél%Qk%nﬁmﬁﬁﬁhﬁﬁdéﬁ PHE Whtch dees not necessar-

ily have to be related to the physical constitution of the
sound generator but which 1s 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. 3¢, a contreller 300, 5325 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-



15 put of block 531. The second decoding branch furthernore conprises a
second inverse processing branch 533, 534 for inverse processing a third
coded signal to obtain a second inverse processed signal in the second
domai n, vivenewfbmssecond inverse processing branch corprimesasspnvert er
for 20 converting fromthe third domain into the second donain. The second
decodi ng branch furthernore conprises a first combiner 532 for combining
the first inverse processed signal and the second inverse processed si gnal
to obtain a 25 signal in the second domain, where this conmbined signal is
at the firsteitdimliynstast coonlkryliint| uencedrbyivaetbi rstliynverbe. pﬁgcessed’

si gnal and|5%lE%Péyéqu%ost%hsgggggt OBk Infl By the secand

i nverse processe e secon ecodln ranch furthernor
conpri ses aE@GﬁVﬁﬁﬂ@ﬂ @K@nﬁér‘Ebn%%ﬁtFﬁ@c@%epé%%&ﬁ?kﬁﬂs?@ﬁ%? tBrtﬁg first

gggﬁ:RerSgogkggka¢#;@QO&@§@ﬁﬁ@ bhushveted proddspindd foonprtihses igssecond
or canbi ni_n e _de { 0] Kk in440 and
the convert &t B4 B0Cp it glclh n%t & %b%a%dr?nzj O%%%él%gt ?ﬁ?hgﬁgn;&%éﬁﬁ t he
first donalrw1ﬂnyma$pecmcm90@0¢@9@%%4$¥§9NP2669/004652 27 the decoded out put

signal in the first domain is, at the first tine |nstant only influenced

by the signal out t he conyert er 540 Sy, t ti st ant,
only |nfluen%%d°B§ gg?fW%qtﬁeE%%eg S|gna gn ufgﬁ gc§%§4§%§x£§5 Thi s
situation iscodiinst r avehcH r onceme ErRssder er sp%bl-asclif\ﬁe i MHFUEES The

]‘ﬂf"rog: dg%)ta: g&g‘&é&/ Ff&;uge%%y' Idgpsthates angbhersehensti esrapr event atri am, a
ST algofrithm, which is different from a straightforward
FFT transform, which does not intrecduce an allasing ef-
fect. PFurthermore, one or both branches comprise a dguan-
tizer/entropy coder block. 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 intreduc-
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.

Tn 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 gquantized spectral compo-
nents, where each guantized spectral component 1is zero or
is defined by one quantizer index of the plurality of dif-~
ferent possible gquantizer indices.

35 Furthermore, it is preferred that the first switch 206 op-
erates in an open loop manner and the second switch oper-

ates in a closed lcop manner.



10 nal such as a time domain audio signal, where the tine index increases
fromleft toright and item 3 m ght be considered as a stream of audio
sanpl es representing the signal 195 in Fig. 3c. Fig. 3e illustrates franes
3a, 3b, 3&o80ekss£h may be generated by sw tching beiweemnstoescki r st 15
encoded signal and the first processed signal and the second processed
signal as illustrated at item4 in Fig. 3e. The first encoded signal, the
first processed signal and the second processed signals are all in

di fferent donmains and i n order to make sure that the switch between the
dif- 20 ferehf dS@acAs EenotPFE5uF P91 aRTartRFRicfI8n FHTE AFcSdet® si de,
frames 3a, 3bnebdthehti meddonmaipnsignal shaieckn wover Irgppieng rangenwhtich i s

i ndi cat ed astgc%gg&f&sﬂﬁaheqizo hea%%c%%g a1CEASS i ade. L egj o Mo&psge at

frame 3b and wever, no such cross fade region |s existing be-
tween frane JdSS3BAWREEhSEAIE thatv fachi®I3@F 08I §B8XPEpPLEERL e~ b %
second prgcessadmsShgnakter. €. blacki @Fala iprddeeritrhid dhdore o £ andmphese i s
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included in tye subsgauestzfirAMes xelue ot Quthea charast s Sidens «of. t he MDCT,
however, this does not result in an overhead, since the MOCT is a

crltlcally sam 5 pled system In this context, critically sanpled neans
that the nunSentghrgpeberatovaltbes bleckhdesamd g1 hehqmuaberndf s¥ikehdomain

val ues. The MJGT is eadvavmeé}ge% kBchhat sthecsr assovar: wfdfect risn peayi ded
wi t hout a speC|f|c c%Bssover crossqver bl ock

ion so t MDCT
to 10 thé neCHRDEP SNPGRS pr %MQFB&%Hﬁﬁ&??AﬁWl Sthg wﬁggh would
viol ate the drintgtdal fsanpthag feqwmrewenuﬁlPréﬁ@ﬁ@@ﬁ?lehebﬁthstbé@ékng

al gor 'ht hmin ﬂlégﬁ_;tfh'sr %éceﬁé nlgwaézmﬁél 4 S based«Q %’ﬂxdhnft@i%lﬁgtth@n ﬁ%h@l&rrmd?
and the sec- ond coding algorjthmin the second.cpding, branch is base

on an i nf or mati% géﬁﬁg' gF SNK Fittlel © h%& gg gh ﬁ%ﬁeplmﬁ?ch i's
not specifi caldngtiel dtredchto prspecidd cersmmm@g@ner@m ohl%bhéﬂngﬁhbgﬁ whi ch

| s one codi n%@dﬁm chiGan he selected ampngasy ptuéabgwkofleﬁ@dhngfnodes
20 based e. g. a closed | oop deﬁgzlon Thus, an. SNR.np

avai | abl e codﬂﬁbfﬁﬁﬁ@ﬁ BUE S Ghi R S %5tm?ﬁ§xﬁﬁﬁ%%ﬁiflﬁav€1€oaﬂ% réf8ted to
t he physi cal manstptafidrenlel Lhé soundvgeneratorrsderabileh 128§ aynples

par anet er i zeds&ogugxg nype%héil;\;ﬂm { £0in Lheohdll 9k 8Lk 0BaAl ks gBeh 6 whi ch
can 25 be sel ected

osed | deci si on .and, peC| i.cally,
conpari ng d|f?%ﬂ%ﬁnwﬁﬁﬂthéséPF§tfFBH?B?f?%&%ﬁﬁe 2 R&N9Y §Hﬁéte& in
Fig. 3c, 28 comtefddrerd &ﬁ@;mﬁﬁSblscprkengﬂhkﬂitiﬁhiQOWQMEFQILer4nhy i ncl ude
t he functionalities of

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 is
30 favored with respect to a decision to music. In this em-
bodiment, a decision tc speech 1s 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



30 the decision stage 300 of Fig. |la and, additionally,

may i ncl ude 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

si gnal adap-2etiovasésay. The controller is operative toramEy®acsssi gnal
input into the first switch or outpat

by the first or the second coding

35

branch or signals obtai ned by encoding and decoding fromthe first and the

second encoding branch with respect to a target function.
addi - WD 2010/ 003564PCT/ EP2009/ 004652 29 ti onal

operative toanafiyze them gral sperpelt, iwkbch héssé

gé the controller is
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Al ternatively,

8fswhechResgtiutifut by

or

the first progessipg.prapch gecbhe secanghedr ocessifg branch mre fdatzaicned by

pr ocessi di . , ‘ . .
Phe second prRRREVIII] CHEAAGH SAbEPAnd rer SdpBe e E5R0T, SV aet it an. |

uncti on.

0 a‘target

one enbodi netd , sphechi esencodieng bfanclxempthe sedondés or 12% of a

codi ”gbf%nCh&ﬁMi %%%%%%brhﬁémgi NtJ oqduei ngr1Qet i MB{fdrequencyngomserssi on

al gorithm suc or anh MDST algorithm which is different froma

as an

In

strai ght f or waf HEFFT & S®%8F8rm  whi ch does not introduce an aliasing effect.
Farther one or both branches conprise a quantizer/entropy coder bl ock.
pecl 'CallyThfglg&&ggaﬁ¥§xyyjpreferably in order to fully exploit the

Furt her nore,
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35

bit rate saving capability of the first processing branch,
which has a voiced speech core in one embodiment and to
not loose any gquality even for the rest of the large first
frame, which is non-speech due to the fact that the second
processing branch includes a converter and, therefore, is
useful for audio signals which have non-speech signals as
well, Preferably, this second processing branch includes
an overlapping MDCT, which is 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 precessing such as overlap and add
on the decoder-side. Furthermore, a large block length for
the first encoding branch which is preferably an AAC~1like
MDCT encoding branch is useful, since non-speech signals
are normally quite stationary and a long transform window
provides a high frequency resclution and, therefore, high
guality 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.

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 da is extracted by a bit stream
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



15 processing branch of the second coding branch includes the
ti me/ frequency converter introducing an aliasing operation and the first
processi ng branch of the second codi ng branch conprises a quantizer and/or

entropy GRg8egpaidsdoes not introduce any aliasing eff@¢hk$redhiBsd! | @Si NG
introduc- 20 ing tine/frequency conyperter preferably conprises a w n-dower
for applying an anal ysis w ndow and an MDCT transform al gorithm
Specifically, the windower is operative to apply the wi ndow function to
subsequent franes in an overlapping way so that a sanple of a w ndowed

si gnal occursz2%hi Bratnkeastohdoi suhseguericessndowedahcames. Fliq. ohe.

enbodi nent, the f.irst processin ra nprises AGELP c r a
second procggﬁﬁﬁﬁoﬁﬁancﬁncoenFFg%Q a%gﬁﬁég s%%ﬁtr%ﬁf%onvertegqgndg?ﬂe
quanti zer fcrodggdprpzEnged0ssPethT &MUt FFehemta s Sost4fn 1§63ATR 26"
spectral conpongnty, rwheneseachgguasti zed ospect ealbocanponent hbsezerp or is
defined hy one quantizer _index.of.the, plurality .of different Lble
quantizeg iﬁgF¥%éFa§5 Bufthalrore it %ﬁ%%n é%?%ﬁ %ﬁéﬁg%hg ggggégmjtch
200 oper at esside drni operrdayopamseiertoat SthacgéeBn8esHEERht0peFafed in a

closed | 00p JEMEs. AMD.20104003564BET/ EP20096Q04652030nAs shat edrbef or e,

bot h codi ng branches, are operative to _encode th L O _Si |2 | ock
wi se manner ,Pi9FS#Rcch THE'TY r 8F Wit cAEor” hgrgg?:%%%&sv?nilggﬁgsvﬁs?cﬁ%g ina

bl ock- wi se namrert soft hdte asswintcchingingt berncakendl atkerafotthe 50 ni mum

after a b ock,of,a JyLdeliiggd; nunber of sanples of a signal, the predefined
nunber formng a frane length for the corresponding switch. Thus, the

granule for switching by the first switch may be, for exanple, a block of
2048 or 1028psafpias.y.andhe héifshnmeccondgnt, drased oA mhiieh SRECPFr st
switch 200 i $,s0 {Lhing-a8Yi he yaldabl enbulads, apr gberablynsfbredrbe such a

auite,! 519 BE o SRRy herelas LieRleek | snald Sk Unksond s ter

1% 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 avold
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 preuprocéssing 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



15 node to the other, is substantially smaller than the block length for
the first swtch. Preferably, both block |engths for the swtches are

sel ected such that the | onger block length is an integer nmultiple of the
shorter bhockichemsgth. In the preferred enbodi nent, thecikmaelesbssgt h of 20
the first switch is 2048 or 1024 an® the bl ock I ength of the second swtch
is 1024 or nore preferably, 512 and even nore preferably, 256 and even nore
preferably 128 sanples so that, at the maxi mum the second switch can
switch 16 tinmes when the first switch switches only a single tine. A 25
preferred mmdrmsntbivecknkcedgbh bagioh dowwevert d¢onshnie davex famc lvem-

embodi ment, fhe, g %%&O'Je%&%s 54%idrs OPenderhi Veoko nRefifier mgbispaech
musi c dlscrlmnatlonfor |rstn swtch In such a C}hat a eC|S|onto
speech is 30-¥foriéd %rttHcPééﬁect“ t5"a a’d%cP%FBﬁrl’op??’(Fs‘?/ec 3 e

enbodi nent, sosecikgiventhe gpeechli sitnken. evert wher racpostimphidess t han 50%
of afra for the first switch is speech and the portion of nore than 50%
of the frane is nusic. 35 Furthernore, the controller is operatlve

al ready swit@h e tPiraprrif mod e Wien equiit% Al GRS FP@ first
frame is spegedranhlespeenf ipkalklry consanpaiporis omoofan Wsue. In tms

2010/ 003564PCT/ E 2009:1/0 4 %2 e?ﬁ é’%h fbgg‘gﬁl}‘}égn@o ef(p@e&pe é’@!ﬁﬂe 5 150% of

the length oF P Secon g rred speech/favourl ng
swi t chi ng detisi 6amal r@@diy S Y chBS AHEPUTo SheEBR E\RHFAMIEN, ST iddanyl e,
only 6% 12%40fn asrdr bLode @arirespandi @& Dot henéiy apeal engtrhief the first

the bit ra 6Ta50F hPBBPEBTI ey 7 CHAH! sl process: g Brancpe e uet o1
which may be implemented as a bit stream multlplexer 800.
Therefore, in the Fig. 4b embodiment, 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 cther non-selected encoding branch 400 is discarded,
i.e., not entered intc 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
igs a time-aliasing generating decoder or generally stated

25 a freguency domain decoder and the second decoder is a
time domain device, the porders between blocks or frames
output by the first decoder 450 and the second decoder 550
should not be fully continucus, specifically in a switch-
ing situation. Thus, when the first block of the first de-

30 coder 450 is output and, when for the subseguent 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, 607p 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



10 which has a voiced speech core in one enbodi nent and to not | oose any
quality even for the rest of the large first frame, which is non-speech due
to the fact that the second processing branch includes a converter and,

t her ef or egwglafoleeRE4] for audi o signals which have nonsspeeaboskgnal s as 15
well. Preferably, this second processi ng branch includes an overl appi ng
MDCT, which is critically sanpled, and which even at small w ndow sizes
provides a highly efficient and aliasing free operation due to the tine
dormai n al i asing cancel |l ati on processing such as overlap and add 20 on the
decoder - si desufaritthear norentdnbange abHoskobemgt tedorf adiand itradte sepd@dieng

branch whi chyj s p! &f@:allon 27 MAGeL hkes MICT: encodling, branth isedesatl

si nce non-speech ‘'signhals are normally quite stationary nd a Iongﬁ%&ansform
wi ndow provi @% ACRFHRS T r §4HAAEYCPBsONGET ORISR, CEREF BT DT e UNPHh quality
and, additiogal bysipt oddes alebitulraatanefdel Gpgndydduiestead psyehdin-
acoustically controlled g i zation nodule, which can also be applied to
t he trangéor%$ asel %ﬁ%%eng%g%de in the second processing branch of the
second codi ng branch. 30 Regarding the Fig. 3d decoder illustration, it is

pre- ferred thatetbeid rpmstandead sitgnaladtnaludes oah wxpliicist idedicctror as
side information 4a _as illustrated in Fig. el NS, S Laf ardmtdon 4a is
extracted bywﬁsbﬁfn§5?83ﬁ1§§”ﬁirs%rwﬁgpoglIéﬁgﬁsapggeiﬁqgﬁg. Séﬂﬁﬁ order to
forward the perfespvhdiengtdda seuencddedss gRaPckfi fét proces5eda sigifal or
second pf@cegsedhsighatadird hg €81 hESEk PFOTLSEDre@lch tas I hnd,i rattuwdecodi ng

branch, the fitst invers rocessi . 010/ 0 %§§4P [/_E 004652 32
branch or théli¥Co%% i §€gpF§cgg§iﬁé[%§éﬁﬁﬁ$én1 |§S[§d5%$ﬁ§ééfore, an
encoded signal not only has the encoded/ processed signals but al so includes

side informaghen rebalidg ook hese signal secbieot ber trabodi sentscodwmever,
takes place, and when the second decoder includes a window
15 which actually fades out the output to the end of the
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 weight-
ing facter can alsc 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 deccder 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 is
preferred in such a situation that the last block of one

3% decoder has a certain time overlap with the first block of
the other decoder.



5 there can be an inplicit signaling which allows a decoder-side bit stream
parser to distinguish between the certain signals. Regarding Fig. 3e, it is
outlined that the first processed signal or the second processed signal is
t he out puivoabisth®ssecond codi ng branch and, theref or egeitrf@ochb@ofecond coded
signal. Preferably, the first decodsfg branch and/or the second inverse
processi ng branch i ncludes an MOOT transformfor converting fromthe
spectral domain to the tine domain. To 15 this end, an overl ap-adder is
provided to performa tinme domain aliasing cancellation functionality

which, at théfsanErPERel2ptovi deerat sk (e Eedected oretr PoOSavoi d

bl ocki ng artibfacts. ndensssildes, tarel fiifr shigdeaodkng bhaneh conwests @e-si gnal

encoded in t@%d‘é?”“‘c%h Semain, dnto, 1he, 20, {1 Eﬁérgonﬁk“"s"‘%#@f%}}}é%@o”d

i nverse proc€SSrng branch perforns a conversion from the thir “domain to

t he second desafarangidthe cHniviert éin sUbseGuenskEggesnnécted £6CiPeSTTT st
conbi ner proviedesra gonvesskon { r gasthgeseeand-onaiAibo Jikw i reke domain
so that, at tge Lnput .of the cam .25 biQ%% 600, only first domgin signals
are there, WAi'GRSr &B- rE8efETFN" t e OFif g " P3G e AESdiHFTE: e decded” out put
sig-nal. Figlesa andadbopt| asienate Pweieidlleyrenthendod! sidn sstags chCB0
d'ffff 'ndtB%fBQ§éE'9ﬂlQ?c@{aﬁpé?ﬁﬁﬁiﬁ@heo@hadnt&égswf%bhtiﬁnfvét@?l%oo BS
posi ti oned between_an output . o e com non pr.e-processing .St age an
PRpUt of t ho B BREOAEHC Br AAENES TGP BH0PITIATE ¢° da CEDUU Hont O fiakes
sure that0thécaadicbesbghdh isvamputas ritro eaegiaygwéiehcadi ngobr arghr 35, onl y,

and the othengacoding bianche.whkeh h§ RAL con- spgcted st@atheRut put of
t he conmon pre-proce S|n9 staqﬁldoes not OQFrate and, ther foge, S
swi t ched of f gﬁefpgap vy, lower an 50% of the mean energy of the aud:io

signal related to, for example, two or even more time por-
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 guasi-periocdic impulse-like exci-
tation signal segments or signal portions, and ncise-like
20 excitation signal segments or signal portions, 1is made.
This is 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 cof scaled vec-
tors from an adaptive codebook and a fixed codebock.
25
Quasi-periodic impulse-like excitation signal segments,
i.e., signal segments having a specific pitch are coded
with different mechanisms than noise-like excitaticen sig=-
nals. While quasi-periodic impulse-like excitation signals
3¢ .are connected tc voiced speech, noise-like signals are re-

lated tc unvoiced speech.

Exemplarily, reference is made to Figs. 5a to 5d. Here,
guasi-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 is discussed as an example for a



a sleep node. This enbodinent is preferable in that the WO

2010/ 003564PCT/ EP2009/ 004652 33 non-active encodi ng branch does not consune
power and conputational resources which is useful for nobile applications
in particwoaniombsch are battery-powered and, theref opegrhananidae genera
limtation of power consunption. 5 @& the other hand, however, the Fig. 4b
enbodi nent may be preferabl e when power consunption is not an issue. In

t hi s enbodi nent,. bot h encodi ng branches 400, 500 are active all the tine,
and only the output of the selected encoding 10 branch for a certain tine
portion and/qnaaiepmifddmjﬁﬁgmemeylm@éth@@nés pertiasrded 1D drhenkbl «shr eam

formatter “hgﬁgﬁQﬁVSQSmé %%Egﬁegxgapg bi.t stre%ggguhtkglexer §00
0

Ther ef or e, I men tﬁoenco i'ng brafich&s98f& Refive al
the time, an8lPhe ut ﬁaﬁc‘éﬁs%ﬁﬁ éf- a8nRREli i brakkh Rdasch Ps swidecfdd by

t he deci sionsgtage 390 dsnentlenedd nén e iout ralé;t Wiitcest, I @3k 1W8H| eothe

out put of t he er ect ed encodln bran 40 s dis i

not ent erad |ng%che %gtgfé é?%qu%n%ﬁun i@&? g%ﬁdéamagaﬁovgﬁ§ﬁ3| 20
Fig. 4c |IIu§ﬂ¢a@@§0acﬁﬁrﬁh@@ea§@eé¥eoﬁhQWpreﬁeﬁh@d des todéd. Voiced

i npl ement atl @Pectn QBdENake @\é@h@d@@dubﬂ e t{RCt Sompegi EhaahhyrbRsiLhe

si tuation, the fir a tinme-aliasin d nerating decoder
or generally §$g¥e3tfgcguf? q&8né§“ﬂoﬁ%ﬁ?9%ﬁ&%d§?mﬁﬁa tﬁg i%c&ﬁﬁ“& gdder is
a tinme donmi Arpdedi te, rarenbdrider sndebweedbbhdckBhorsHarnesireutspettipymt he
first decoders450; a0 i decandrdecederi?e8 by its fine harmonic for-
mant structure. The fine harmonic structure is a conse-
quence of the quasi-periodicity of speech and may be at-
tributed to the vibrating vocal cheords. The formant struc-
ture (spectral envelcpe) 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 gquite 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 asz follows. Voiced speech is pro-
30 duced by exciting the vocal tract with guasi-periodic glot-
tal air pulses generated by the vibrating vocal chords. The
freguency 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 cleosure in the tract.



shoul d not be fully continuous, specifically in a swtch- ing situation.
Thus, when the first block of the first de- 30 coder 450 is output and,
when for the subsequent tine por- tion, a block of the second decoder is
out put, i¥oi2610@68s4 ferred to performa cross fadi ng oRerabh@hoas:
illustrated by cross fade block 60737To this end, the cross fade bl ock 607
m ght be inplenented as illustrated in Fig. 4c at 35 607a, 607b and 607c.
Each branch m ght 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 WO

20101003564PCT/ E112009/ 00 2 34 sure that_a continuous and_snooth_cross
ading 1 akes BraCar wRPERy =il LAl 1, B sir ced Hat SA0ahr SUpTT st
percei ve anytheudaass wvailgeroaks Nome-desad nergssfcadesr ii@s saghoasca sin2
crossfade ruke-.gahde-appliredri-nstead 88 a1lhdrrx LAMHCIFEgST adeapdl en IN

certain IQSthgeSBdEh%Af¥H fgoggfgérégg %&%%ttgﬁfoggésiwperiodic im=

pulse-like portion as illustrated for example in Fig. 53a

and in Fig.5b. As will be outlined later on, however, the

differentiation between noise-like porticns and quasi-
periocdic impulse-like porticns can alsc be ocobserved after a

10 LPC for the excitation signal. The LPC is a method which
models the wvocal tract and extracts from the signal the ex-
citation of the vocal tracts.

Furthermore, quasi-periodic impulse-~iike portions and
15 neise-like portions can oc¢cur in a timely manner, 1i.e.,
which means that a porticn of the audio signal in time 1is
neisy and another portion of the audioc signal in time 1is
quasi-periodic, i.e. tonal. Alternatively, or additionally,
the characteristic of a signal can be different in differ-
20 ent freguency bands. Thus, the determination, whether the
audic signal is noisy or tonal, can alsc be performed fre-
guency-selective so that a certain frequency band or sev-
eral certain frequency bands are considered to be noisy and
other freqguency 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, 1i.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. 7¢ or Fig. 7d, generated by
the glottal model 72. Hence, the system of Fig. 7a can be
353 reduced to an all pole-filter model of Fig. 7b having a
gain stage 77, a forward path 78, a feedback path 73, and
an adding stage BC. In the feedback path 79, there 1is a
prediction filter 81, and the whole source-model synthesis



was generated using a w ndow where the wi ndow actual |y perforned a fade out
of this block. In this case, the 10 weighting factor m in block 607a is
equal to 1 and, actu- ally, no weighting at all is required for this

br anch. witch fromthe second decoder to the fli er takes
pl ace, aﬁg mﬂgﬁé% he second decoder jgncludes a mﬁndomﬁ&@%%ﬁmgﬁ%g tually

fades out the output to the end of the block, then the weighter indicated
with "nR2" would not be required or the weighting paraneter can be set to 1
t hroughout the whole cross fading region. 20 Wien the first block after a

switch was Qﬁﬂﬂkﬁi%Q&%%k@gtadmhﬂd@m@ng7@p%%@t%@nme®&@s@he@dtbb%n@ﬂ&dOW

act ua erforme i on, en e correspondi ng wei in
tually p %0 J dfan % N Qf fﬁ th th pondi ng ghting

factor can af%y e ‘§Eft6 i %% Hat”'d melghter is not really necessary.

Therefore, when the last block is win- 25 dowed in order to fade out by the
decoder and ghendhe-hikst -Rlpck after the switch is w ndowed 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 cesese tthedradseosts pbet behnof Alhe lasthd rrgadigid arhdiflgge in

portion of the ae%s&rrﬁ,r@&e fo lxAe ifhes ¢4 085 £ adi o) regi @Rei ndicGat:ed ohn bl ock
6009. Furtherm)rel d 2 ? erred in sych ,a srtuaﬁron that the | ast bl ock
of one 35 deRttl h&LdaSdEr t &F 1S Y BVEr Gp SRFER" t B2 %4 r'st bl ock of the

ot her decoder. WD 20101003564PCT/ EP2009/ 004652 35 |If a cross fading

operatiofpy i spnod, rfcqlalneeddoglo@ta p@rsa%irm&lo&lﬂ@t 49881k e@bscaﬂqaalfonoelfy a
hard switch from ecoder to, the o g decoder is there 58 preferred
to perform sUEh*H S\ﬁl hu?‘ﬁOJs‘fefdentSpﬁgg ag®é ot Yie HGar8 s’f%ﬁ 54 or at

| east in passagese ofysiteer aadied. sTiyral s xitere andecbei x o ferer garamee. |

which are pefgei ve@l 1R benstd endut: A ra}%t FHRAh aRueteablye ddierdeci sion
stage 300 assure odi

t th t h 200 |
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15  of A{ are obtained using a linear prediction of the input
signal and a guantization of the filter coefficients. In a
p~th order forward linear predictor, the present sample ocf
the speech sequence 1s predicted from a linear combination
of p passed samples. The predictor coefficients can be de-

20 termined by well-known algerithms such as the Levinson-
Durbin algorithm, or generally an autoccorrelation 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-

formation A(z). This information is output as the short-

term prediction information required for a decoder. The

short~term prediction information 1is reguired by the ac-

30 tual prediction filter 85. In a subtracter 86, a current

sample of the audic signal is input and a predicted value

for the current sample is subtracted s¢ that for this. sam~

ple, the prediction error signal is generated at line 84.

A seguence of such prediction error signal samples 1s very

35 schematically illustrated in Fig. 7¢ or 7d. Therefore,

' Fig. 7a, 7b can be considered as a kind of a rectified im-
pulse-like signal.



10 lows the switch event has an energy which is, for exanple, |ower than
the nmean energy of the audio signal and is, preferably, |ower than SO of
t he nean energy of the audio signal related to, for exanple, two or even

nor e tlngwggﬁyggqﬁlfranes of the audio signal. 15 Pr éﬁ£ﬁ$%MM4 pe second

encoding ru codlng rule is an LRC based coding a gori n LPC- based
speech coding, a differentiation between quasi-periodic inpulse-Ilike
excitation signal segnents or signal portions, and noise-like 20 excitation
signal segnents or signal portions, is made. This is performed for very | ow

bit rate LPGnQcogers 2. ﬁk@@@]}a@és Fy ﬁe&e@edw\é@vge ckDchegidimyate CELP
coders, the eXC|tat|on is obtained for 'the addition of cau%P vectors from

an adapti ve %ﬁﬁéﬁ&é?“aﬁ&gaa%rxgﬂgcoaébbbkusﬁﬁﬁ?iﬁﬁﬁ ?ﬁﬁ Ul 'se- 1 ke
excitation signallasegnent seigheed sigrel. segrentsabavingFagspéei fifes pitch

are coded Wfﬂt%'lff@ée% echan-se thath noi 9¢- |dii<ﬁfé3')é%'tt akign gignal s.
Wi | e quasi - perlo i ¢ inmpul se-1ike éxcitation SI nal s _30 are conneq%ed to

np
voi ced speect o S8llcke tRgndl & SarF SEEFAEEd SRS linv OF R SPEsTh. ©
Exenpl ari |y, breflersndes irreavee ,t anbi gs isSarkdebdblilerenuguasi speliodi ¢

| mpul se- | keSI ngﬁl SEHENLS, Ol Qﬂ%lmepi% 3,%5 FilOns; AN NO0j S&sdd kige i gnal

segnents or portions are exenpl a di scussed. SpeC|f|caIIy a
voi ced speec%ﬂ&%@ﬂqnteﬁuéﬁré?e%p??lﬁﬁng §§0|ﬁrtﬁEPF|%% dorfed®n and in Fig. 5b
in the frequency domain is discussed as an exanple for a WO

2010/ 003364PCT EPZ09/ 904652, 36 9HASvRELE0:JoaREKSE- LkenSignal pporti on,

.and an unvoi ced sp ec segnent as an _exanple for a _noise-| ie Si naI
portion is d#RRUSKEPN ﬁ%oﬁﬁé@f’?ﬁns?nﬁi? hs"f:?tbsas 51(P £TE™SEE 8péeth
general ly bezgl aBsifi@ad as.woirdedk @8vagetedates an unweighted 51gnal

from the weighted signal and block 89 calculates an exci-

tation from the unweighted signal. Generally, all signals
15 but the unweighted signal in Fig. 7¢g are in the LPC do-

ﬁain, 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. 2b.

Subsequently, an analysis-by-synthesis CELP enccder 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 18%4, 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) is
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



5 m xed. Time-and-frequency domain plots for sanpled voiced and unvoi ced
segnents are shown in Fig. 5a to 5d. Voiced speech is quasi periodic in the
time domain and harnonically structured in the frequency domain, while -
unvoi ced s efdudsses’ andom | i ke and broadband. The shopérkbiiRisRaset rum 10 of
voi ced speech is characterized by idfs fine harnonic formant structure. The
fine harnonic structure is a consequence of the quasi-periodicity of speech
and may be attributed to the vibrating vocal chords. The formant structure
(spectral envelope) is due to the interaction of the 15 source and the
vocal tract Sstél'cjte arotal t & r act & icorgitst a@‘fe tdtenmhaeylninaﬁd zthesmautch —cavi ty.

The shape Of SQﬁCtﬂ‘ﬁ% enyel ope t hahg fLiR" ptzlt%u%ra%h ti 1 $RAGIHUM of
voi ced speec |s assocl th_the transfer haracteristics of the vocal

tract and the %ec’t?%llu‘jﬁqqt ¥ dBOPECt 2R p&ﬁé‘lﬁﬁl% ERéTgIDt £8f fdiSse. The
spectral envetope | gualai zctiem zedidy, aiset, ofcor:ieaksk\/\,rm(flaraneeealalred
formants.g Th{? tartmtcﬁ A @rlhg Lasenant gpgs,fs Sfgd e avtoc&te gaghe kor the

average vocal tract there are three to five formants bel ow5 k Hz

anpl i tudes ahte | Btatdtshsy s tsr’ié‘gtel FefeFRFRe?f of M, F 3% ural Il"g? c}éfc?urrl ng
bel ow 3 kHz pseamptidre |agortiant photh, déespeedhgsynt hésl SEafAd tpescept i on.
Hi gher f0nent§u£r§hatr%ﬁan@%ha@fs BLar a%gm@neoﬁgxgomvm&qa%e%e

representati ons operties speech are re to the physical
speech produB?bn® %5kt s Sfléflnlaé\/\ém?/of‘?é@dr@ﬁé%%l Dhro-2@Pdicefhy
exci tingLd hedaypgal ahaciaiw tdreguasindebiodiimigliat hal ta-ler el sesyIgerer at ed

by the vi bra&ép%%/eocf or{g§ %’ elgég%%y s%fartcﬂ‘? periodic pulses is

referred to as fequency or pitch. Unvoiced speech is
produced by forcing air through a constriction in the vocal tract. Na- 35
sal sounds arrRedg@eLPo 4 rdcoustdrecei@splilngh othe heesasablt rsdghaflo dbdve vocal

d d I
tract, an plggﬂ\}%(g %%%r}dsch%r %g%lﬁ;g HQﬁg %ﬁ(d A Ll E'r@é%@gor'ié‘%@u(g

pressure whi ég)z osure in the tract
2010/ 003554 PETEERPSRODY (04 TR, CATot e -95WENFEPt | RS otc’%lh% &udi o
si gnal showsgbeitnhhthewnany khpubae- Isrtlaadtsr merdovMigepski utt hee rRorsgat noni

frequency-do kgcsé é’ecﬁm tlﬁcéeiqsi&'aggﬁéﬁéée‘go&&@ 5¢c and in 5 Fig. b5d,

which is dlf erent riodic inmpulse-like portion as
illustrated for exanple in Fig. 5a and in Fig.5b. As will be outlined |ater
on, however, &t herddidcioer endy atbotabhet weea roi skedd keeposts orbeand each

uasi - pex} odi ul,se e % t11.,QN qu;n sQ, be ed al a LPC
19or thg %Qm t"gftgﬁ S|§ édmlé %Jl g Si a rrgt'lthga ?Qé%y iﬁf;{ @Esvggﬂ% tract
r

and ext ractsCPPGm"feﬁé%l @HQI tt‘ﬁe gé)l‘EF‘fiatCPSﬁ of tfﬁét\%éﬁl long-
Furthernore, tguasiprpericedbs isypuhseisi Kelpert iaods taed s]r&martgeml irke -

pOT L onS can ECYE T By A i IEL Ve INET rrle: Sopc Wi SBARS, AN, 3 P on of

the audi o si me 1s noisy and another portion of the audio signal
intimis q &§Fﬁ6ef5}16ﬁ| ghat ghe tRﬁFé%eptMatlérYn&?P"%F?d ‘B?a’éd%‘?‘taird?nﬁq y, the
char act epbst irerofata Hegnaltman die widf f ertemaduerdidS ers minimized. The

search process in CELP is done by an analysis-by-synthesis

optimizaticon as illustrated in Fig. ©.

For specific cases, when a frame is a mixture of unvoiced
30 and voiced speech or when speech over music cccurs, a TCX
coding can be more appropriate to code the excitation in
rhe LPC domain. The TCX coding processes the a welighted
signal in the frequency domain without doing any assump-
tion of excitation productiion. The TCX is then mere ge-
35 neric than CELP coding and 1s not restricted to a voiced
or a non-voiced source model of the excitation. TCX 1is
still a source-filer model coding using a linear predic-



20 ent frequency bands. Thus, the determ nation, whether the audio signal
is noisy or tonal, can also be performed frequency-selective so that a
certain frequency band or several certain frequency bands are considered to

be noi sy @hdo@hieés frequency bands are considered topgqugpgb LN this 25
case, a certain time portion of thegaudio signal mght 1nc e tonal
conponents and noi sy conponents. Fig. 7a illustrates a |linear nodel of a

speech production system This system assunes a two-stage excitation, i.e
30 an inpulse-train for voiced speech as indicated in Fig. 7c, and a

random noi se. f@r AUNVekCced Speaeh1asyi Atk CabeRakfs Fb8. t78. sJhecNarale tract
is nodelled as an all-pole filter % whi ch processes pul ses of Fig. 7c or

Fig. 7d, gerer@€éd-by the glottal nodel 72. Hence, the systemof Fig. 7a
can be 35 reduced to an all pole-filter nodel of Fig. 7b having a gain

stage 77, a forMar dypalip+(84x8 E%@g9§0kap@%ﬁeZ@ioﬁnge@ﬁeéﬁdﬁﬂgféiégﬁ 80. In
t he feedbackcgsth 79,

is a prediction filter th
sour ce- model T ﬁFﬁ@?l?ngmﬁp§6f0F68§%63 EP20 @?ﬁ%4é§ gh%y§¥en1
i |lustrated dascEiptidh. cathde TCEpresdss ecdrgsi dgfZedomni nirf uideEonshas

fol I ows: length of the block-wise Discrete Fourier Transform is
different for different modes and the best mode can be se-

lected by an analysis by synthesis approach or by a direct
10 “feedforward” mode.

As discussed in connection with Fig. 2a and Zb, the common
pre-processing stage 100 preferably includes a joint
multi-channel ({surround/joint stereo device) 101 and, ad-

15 ditionally, a band width extension stage 102. Correspond-
ingly, the decoder includes a band width extension stage
701 and a subseguently 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, tihe band
width extension stage 701 is connected before the joint
multichannel stage 702 with respect.to the signal process-
ing direction. BAlternatively, 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 =z connected
joint multichannel stage.

A preferred example for a Jjoint multichannel stage on the
20 encoder side 10la, 101k and on the decocder side 70Za and

702b is illustrated in the context of Fig. 8. A number of

E original input channels is input into the downmixer 10la

sc that the downmixer generates a numper of K transmitted

channels, where the number K is greater than or equal to
35 one and is smaller than or egual E.

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



S(z)=g/(1-A(z)).X(z), 5 where g represents the gain, A(z) is the prediction
filter as determ ned by an LP analysis, X(z) is the excitation signal, and
S(z) is the synthesis speech output. 10 Figs. 7c and 7d give a graphical

time domgyR,fessLd,Ption of voiced and unvoi ced speec? ffﬁ%)ﬁb‘?{ﬁkéz usi ng the

| i near source system nodel. This sygtem and the exci on paraneters in
t he above equation are unknown and nust be determned froma finite set of
speech sanpl es. The coefficients 15 of A(z) are obtained using a |inear
predi ction of the input signal and a quantization of the filter

c?ef 1;] i cient &ﬁt&mca iﬂfbhm@td@ﬁdf onwar cﬂaalxiam@alﬁ:;,@r gdiret-pbribhe igr Qﬁ@ﬁ sarrp:je
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al gorithms sweh sa@sxeheenévﬁnﬁémamebﬁﬁdam@owt hi t @¥ ngelietial | ysqi?nse-

autocorrel a u@atnst:kl@ﬂlm@h@ &eddgGld omrretheddeki garzzee_tiims:trrzwma nor e

detail ed errent atl of t C anal SI s b 10.. The si gnal
is input 5| ntd L’Ittpé\1 (?éﬁt e}?#‘iJ atllgir? Pbrdck V\ADI cth c?er%m nestg]aflhaerln q:ter

i nformation dﬁ(cp):lerT}?ﬁ)%bl wift bethed orbd GGt pdt 18s™t heZ shorfiq erdh prTétﬁ ction
i nformation gequieed feEcdcdecodsr aefbgeshors- t@éﬁkrﬁiﬁﬂé@tgnmmdﬁﬁrthl on

d.by th - d fil 86,
SO AR 5 T B A Sl o

current sar‘rﬂ'l an di ct'éd valle Tor the
current sanplien snsgbtthactwdisert A8Raf ofhe hismbaeml %OZQ h’ée?ﬁléfcﬁsctﬁl"mw error

Si gni’il 9 g%ecrzaatr@,%%%ehl t@ﬁaglf}rlalé\ ?f@u?%ﬁieétﬁmm&y Q34 ;Lg cﬁj_fl_t[;QIt fSI gnal
sanples is very schematica us ed in Fi r er.ef ore,
Fig. 7a, 7b %nﬁg SeoHEP HRr B ‘g“?f% n(]{%f K- rgég?ltgl eg%?rﬁpﬂ se7y efgm gnal .
WD 2010/ 003564PCEHEP20148/ ©0488213FAMhi-le Fig. 7e illustrates a pr eferred
way to calculate the excitation signal, Fig. 7f i I I ustrates a preferred way

to cal culate_the vvel hte I n_contrast to, f r 85 1is
different, WHERRTFFS dl’frf%cf'ré‘%inmfoflon{“i ,&%Caiv Fue® srra Ceha ﬁl iééeel
pr ef erred f otifferfoceher ivter thenidbcking7 Clﬁwsffﬁrféslé‘-ﬁﬁ; aﬁéle]f &hﬁl%nd
preferabl e g,puues; smlheest Rak/br @%@@Eabhﬁnnébecahéﬁgﬂ&é h8afhfes 7€ and

7f can be inplenented as.in 90 or 3GPP TS 0, FH g

i |lustrat esn%% ThvEres p’?%%sg%ggé%m can be appl i ed 9'8}1 E;Ihdjecoder si de

such as in ellenentces37iof dFtgil2pn P%lliﬁtl &@@Bﬁr I%Prrb’IU@éik %@%@r at B

unwei ght ed fsﬂngﬁl?ézhfdforﬂxtah%m\&@tgat edashenal mapdzl;@I @c}éllﬂgwain@nkb a&]&§nan )

excitation fromthe unvei i gna rally. a na u; the
F nUEr Y dk? 'If%ealﬁ%% i Loctmdt

unwei ghtPEOd si'gnhat g are-in? omal n, e excl tatl on
signal and themwe igHieed tsirgsalarmrld caciper ent mgwgﬁalcéuiﬂﬁ gh&csafellEo®mi n.
Bl ock 89 out putsedns£xcdtation, si gnal cwah&b1 §anTypesa bey Usede t agebler with

the output Of bEOCk §§6chglgﬂist£y§ 1vé Q&e%%%bgpgven 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 [S8A0C).

In one implementation, the downmixer performs a welghted
or unweighted addition of the original E input channels or

30 an addition of the E input audio objects. In case of audio
cbjects as input channels, the joint multichannel parame-
ter analyzer 101lb will calculate audio object parameters
such as a correlation matrix between the audioc objects
preferably for each time portion and even more preferably

35 for each freguency band. To this end, the whole Ireguency
range may be divided in at least 10 and preferable 32 or
54 frequency bands.



20 transformcan be performed in block 540 of Fig. 2b. Subsequently, an
anal ysi s-by-synthesis CELP encoder wi |l be discussed in connection with
Fig. 6 in order to illustrate the nodifications applied to this algorithm

This CELR,§%5108ns&0der is discussed in detail in "Sp lbagd, A Tutoria
. W 2010/6035¢ , . ?f ﬁ%ﬁﬂ
Revi ew', Andreas Spani as, Proceedings of the |EEE, Vg fE , k%leo, Cct ober

1994, pages 1541-1582. The CELP encoder as illustrated in Fig. 6 includes a
| ong-term prediction com ponent 60 and a short-term prediction conponent
62. Fur- 30 thernore, a codebook is used which is indicated at 64. A

%e:]f%ptzu?! weii@h:é nlgllfdéﬂ_ir%ﬁ:e\é(za_) bSe f dRicRITRNRG idlen86, foand 1 ey DE-
i gnal - AFt TAVAY Boer BOPELBYLasal PO Gl M etk She Yl Ght 2 51 Hhal 1 s
i nput into aamlbtikacco8seimIndARg winh caficul garesnshen eptépebetiteet t he
wei ghted synthesi spsi gnal tak thecQupHigef, birek handchhesetigsnal
wei ght ed SSI gbnlaocksv\fonz) 'prcf;aeﬁl?aq:ra%lllyy’ir;[cq(?)d%rgorat -foewr n%epsrsed%f}.‘icgping block
102b, a downsampler block, which follows the lowpass, or
which is part of the inverse QMF, which acts on only half
of the QMF bands, and a high band analyzer 10zZa. The
original audio signal input intoc the bandwidth extension
10 block 102 is low-pass filtered to generate the low band
signal which is then input inte the encoding branches
and/or the switch. The low pass filter has a cut off fre-
guency which can be in a range of 3kHz to 10kHz. Further-
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 teo certain harmonic lines in the high
20 band and additional parameters as discussed in detail in
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 70lb and a combiner
701c. The combiner 701c 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 701b using the
transmitted parametric bandwidth extension informatiop.



filter coefficients A(z) are calculated by an LP analysis WO
2010/ 003564PCT/ EP2009/ 004652 40 stage and its coefficients are quantized in
A(z) as indicated in Fig. 7e. The long-term prediction information AL(2)

i ncludin termprediction gain g and the ve j_zation

i ndex, |%§?ﬁ0}0‘8@%00k references arg 5 cal cul ated ong{:ﬁbﬂw};‘t{é’gi on error
S|gnal at the output of the LPC analysis stage referred as 10a in Fig. Te.
The LTP paraneters are the pitch delay and gain. In CELP this is usually

i npl enented as an adaptive codebook containing the past excitation signal
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synthesis filt code vector is_sel L6 ed such.th t oLFhe
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other blocks in Fig. 9, or may, for example, influence
only the doint multichannel parameter analyzer 101b in

15 Fig. 8 but not the other blocks in Fig. 8. This implemen-
tation is preferably such that a higher flexibility and
higher gquality and lower bit rate output signal is ob-
tained by providing flexibility in the common pre-
processing stage. On the other hand, however, the usage of

20 algorithms in the common pre-processing stage for both
kinds of signals allows to implement an efficient enced-
ing/decoding scheme.

Fig. 10a and Fig. 1i0b 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 rulss in order to decide
whether the certain time portion or a certain fregquency
portion of the input signal has a characteristic which re-
30 qguires that this signal porticn 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 audic signal output by the common pre-
35 processing stage, 1.e., the audlo 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



signal in the frequency domain without doing any assunp- tion of excitation
production. The TCX is then nore ge- 35 neric than CELP coding and is not
restricted to a voiced or a non-voiced source nodel of the excitation. TCX

is still SAWh&Ssf 11 er nodel coding using a |inear ghG5
2010/ 0035 A B BB 000/ 004652 41 tiva 1ilter for modelt o ok s of

t he speech-like signals. In the AMR-WB+-1i ke coding, a selection between
di fferent TCX nodes and ACELP takes place as known fromthe AVR W5+
description. The TCX nodes are different in that the Iength of the -

bl ock-w se Dk serehee Foutheicateansior eigs d.f f@r entef ontdi:t fetent nmodes and

the best node t y si.s_b 1esi C r by a
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2b, the commfflpre-lgrecEssi pgi Stagd 1on pref 8rapiss i hidudes &NporAE-

mul t i - channete {fsddiondijieicAt 6stereo téeviceapih@t and, ocad+hdSadicbdenal |y, a
band wi dt5h egctaeensi on stage 102. Correspondi ngly, the decoder includes a
band wi dth extensi on stage 701 and a subsequently connected joint

mul ti channel stage 702. Preferably, the joint nultichannel stage 101 is,

W t h respectatthdig ensodeat sceonnectad defarie rhe hasd swadidd 26w exdiensi on

stageloz,%o t.he .decad Lde ap:a V\A% xt.ensi.,on a9§701is
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st age WI'[hOUr%.1 a connect EPCPj ol ntn nul t7 channel ‘st age.

ocutput of both processing branches 522, 523, 524 so that,

both processing branches operate in paraliel and only the
output of one processing branch 1is written into a bit

15 stream via & 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 c¢ross
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 alsc 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



A preferred exanple for a joint multichannel stage on the 30 encoder side
10l1a, 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

downmi Xerwé%&@roé?:st hat the downm xer generates a nunt /E.%?%Ogﬁrsgnsm_tted
channel s, ere the nunber Kis gregter than or equal 10 oné and is

smal l er than or equal E. WD 2010/ 003564PCT/ EP2009/ 004652 42 netric
information. This paranetric information is preferably entropy-encoded such
as by a difference encodi ng and subsequent Huffnman encodi ng or,

al ternativel yrosstsRuueninsr i t BeER | ¢ i@BCOM ML ngl heuetensted paranet 4 C
infornma- 5 t;}gn o%gut b¥ Q';;,%%k 1019ni s,.'%rf%nsa' ttgdstoo t%ar%ar&rret er decoder
702b whi ch mayv%e partsag item 7625 ngFi*g. 267 The par areter decoder 702b
decodes the tre@sHREPedspaPriedi £°i nh6r retdned sanid: forsvaf 855§ hdodeeoded

parametric i Rf@r PRt QB isBEOnE hBoMPIR Xerh ¥D28avdhep HPHE X&Ing 028 d eg€4 ves the
10 K transmi Lt ed channel s pnd, gener al es. a nunber of . L_out put,_channel s,
where t he’ nulbErt of® LUF% greariler Than or &qual K and°Towdr°t haii“or equal to
E. Paranetri guémf oretisomayey ai éhuder i hires whainal HimgelchdBadieferences,

inter channeti¢inendifferences dodcaimehaBnehopbase, ditf esepgescangddor
i nter channelC c%herence measurgs as is_known gorr%t he Cg t%ﬁhnl gue,_or as
P Pt ound st

i s known and"fs "deScri BEFNAEt 4 S nYiHe MPEC" fafd > The
nunber of transhid tetkrciarnd s$hanyebend miaed ss imondrehah- 120thel s¢or

ul tra-1I ow bi bngat&daRPlHeaLLONS or may include a conpatible stereo
application or may include a conpatible stereo signal, i.e., tw channels.

Typi cal ly, the nunber of E input channels may be five or maybe even higher.
Al t er nat i vel Jhet heveniriber eot-oBed npudic rdmeélls canybal sobed P25 alidilo

obj ects as italSskooawe idkdilé eenkaxt nef +spAkhat-audh0 O bisrtedi;Ra
(SA0CQ). In onedi n;RI emegt atsi an, itrg‘i dowg@a)éerrni g{égr%dguweio htaed Qr_

unwei ght ed adarti’on®6f 't A& 6r iwgi naf > & inputs chanmel o130 %an *addi'ton of
the E i nput &awudirenbdjiewt sedipmcagen ofs dUd drélsjreets as i nput channels, the
joint multichannel paraneter analyzer 101b will cal cul ate audi o obj ect

paraneters suych_as.a.correlation matrix_between t audi.0 obj.ect
preferably f%{%agﬁﬁ?%ntpoer |°8ﬁm§rﬁ 'e@é’% %%te&brgelfoer%g@lg% 11"3'orﬁ%eé’13(é:1h
frequency bafditToes hpstemn the Wiel eodiaguen@nahgsge Gray del di ¥hdéd in at

| east 10 and:prefefabt@odZndntb4 thegeeneynbands. additional encoding

20 branches such as a third enceding branch or even a fourth
encoding branch or even more encoding branches. On the de-
c&der side, the switch 600 of Fig. 1b 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 decoeding 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 undez-
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, therefcre, to
be 1limited only by the scope o¢f the impending patent
claims and not by the specific details presented by way of
description and explanation of the embodiments herein.



WO 2010/ 003564PCT/ EP2009/ 004652 43 Fig. 9 illustrates a preferred

enbodi nent for the inplenentation of the bandw dth extension stage 102 in
Fig. 2a and the correspondi ng band wi dth extension stage 701 in Fig. 2b. On
t he enco = Sl t he bandw dth extension 5 bl ock 10 fer i ncludes a
| ow passq’?ﬁgfz@belgoﬁﬁ’é bl ock 102b, a downsanpl er bl ock, éﬁf@ﬁm&&%% t he

| owpass, or which is part of the inverse QW, which acts on only half of

t he QW bands, and a high band anal yzer 102a. The ori gi nal audi o signal

i nput into the bandw dth extension 10 block 102 is |ow pass filtered to
generate the | ow band signal which is then input into the encodi ng branches
and/ or the switch,, The | ow pass filter ha%.a cut off fre uerekﬁ%hMi,ch can be
in a range of RSB0 RoREL 2 HlrtTRITHTEHRE PERUW TIH extensi6n *Brock 102
furthernore Tantidvs clamdesisa Hibgh braredtdnal yeshofler ceal q atrimigrehged

bandwi dt h ex{ensi,QfRar aFeLEr $c3UGHras ansPaRdT She ANMEIQPR sPALRMRLEE
information, _a nojse floor par aggﬁer i nf or mat an, i nver filtering

I on, 1 e
par amet er” i nf i oS uft HratardtYiege; r‘f‘i’%‘f’r’r’é‘t'i ohnrgﬁéfg’?ﬁﬁi?%’ cértain
har noni ¢ | i néssd,n & i&/thiggh 220 hared iangd edédicrpohakl par sertadris aerdirsdussed
in detail insifigiMPEGA st andatdni nyhhen CB@-P%@érJteé atadh 9 sPeckdaah band
replication. t he decoder-side, the tb)&%de t h ext enS|tgn bl'ock 701 in- 25
cludes a pat SHEEAFLE Y S5 Sdj WP ert P01 6 nd o SCEBPndF 7688, *Ffe PESAbI ner
701c conbi nefcinrel .deGonethl low bahd girgsehtanchved iceconst toerefloand a

adj ust ed; hi ghohand Signalr LUIPGRY the rad] ust8hr i 18oad herbBPYt ohNkO the

adj uster 701b is l"'fpr ovi to deri v%eiéo t he

, ed_by a patcher _which is operated
hi gh band si Bl er"&%agﬁgl%\ﬁaﬁéﬁﬁrsi Ghi&l PEGER3Es Cﬁfesg?ee al CH5AA
replication toy merferaling, thy banewt tth metthedsi shenThiee paeruhl vry percf-or med
by the patchgf./QLadiRy Band Batghifgspanf oriedthbra8a8IPN e Wal e~ I N a
non- har noni c V\B% Th%agl gnal ggger a%ed by the Bagcher 701a I's, V35 o
subsequent | y**50) B8t byt he a0FGEERT®703b “GBPHGST & PPARE N fTéd®
par anet riT bandywat cedd efrsi oped fforimet iadn.1eaw® one of the inventive
2010/ 003564PEI{ER2O0D04652 cAfhpde | Noh Ced R sFba. aBcanghdg. 9, the
descri bed bl ocks nmay have a node control input in a preferred enbodi nent.

This nmode control input is derived fromthe decision stage 300 out put
signal. In such a preferred enbodi nent, a char-



5 acteristic of a corresponding bl ock nmay be adapted to the decision stage
output, i.e., whether, in a preferred enbodi nent, a decision to speech or a
decision to nusic is nmade for a certain time portion of the audio signal.
Preferably, the node control only relat4@s to one or nore of 10 the
functionalities of these blocks but not to all of the functionalities of

bl ocks. For exanple, the decision may influence only the patcher 70la but
may not influence the other blocks i &S 9, or may, for exanple,

i nfluence onIy the joint nultichannel paranmeter analyzer 101b in 15 Fig. 8

but not th r.pblocks in Fi s inple tatjon ref raply such
that " hi gher (REkFD FRE9SRa: HEgREFSAIER B AT IOVIPE 1= FEte: oyt R
signal is obt alam:ﬁhdﬁ)yzppem ciimgafll evadrid i1y BN fihe tc cdomaipy epowcesst ng
stage. On the of ? hand, however, the usage of 20 algorithnms in the common

pre-processi ng stage for both klnds of signals allows to inplenent an
ef ficient encodi ng/ decodi ng schene. Fig. 10a and Fig. 10b illustrates two

different inpleepase 25,419 ?Sbﬁinéﬂef§§0é§é8@1§§aﬁﬁ 308io1 pibhgy 10a, an
open | oop decisjion is_jndica Here, the si anal yzer 300a in_the

deci sion stage W @eFtafh FofdRT| %1%96%#hmot%e%PH%lﬁh%tﬁb?SFh%n%%@?%Jn
time portion orsipg€griain 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 encodi ng branch 500. To
this end, the sigsakocadalyzEing0baamay dieal yzeeddien@uedino duvpiut siignal into
the common pre- ssi g gg@l e i uf put by

t he common pre- &%ﬁﬁﬁr%c£%%$%§ 8?§£%§BX1 %ﬁg %%d?%yg% e§ 9% g %ﬁgnal or
may anal yze an ¢oded rréduga@ém@mewmhﬁ tﬂﬂéfa:form@ﬁlpgealgorlthm is

different from the second coding algorithm; and

a first switch for switching between the first coding
branch and the second coding branch so that, for a
pertion of the audio input signal, either the first
encoded signal or the second encoded signal is in an

encoder output signal,
wherein the second coding branch comprises:

a converter for converting the audio signal into

a second domain different from the first domain,

a first processing branch for processing an audio
signal in the second domalin to obtain a first

processed signal;

a second processing branch for converting a sig-
nal 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



processi ng stage such as the output of the downm x signal which may be a
nono signal or which nay be a signal having WO

2010/ 003564PCT/ EP2009/ 004652 45 k channels indicated in Fig. 8. On the

out put -si de, the signal analyzer 300a generates the sw tching decision for
controlling the switch 200 on the encoder-side and the corresponding switch
600 or the conbiner 600 on the decoder- 5side. Although not discussed in
detail for the secord 8@Feef Bitdh fartawhechipadietewarhatne héisaeond

switch 521 can be pq&é&@@@&%h Brahfh! abpway @ theedbhgt pwbbehs289 as 10
di scussed in connection wth Fig. 4a_and Fig. 4b. Thus, an alternatiye

position of switch SPHRGR FFg. CRRC| sTRF 2 hRCBLIiPHt Obf ChEt RUFEBcE4SPAY
branches 522, 523, 524ps© thab, die! hspsOtEssbagnbr anches opelah€ri Bhe
paral |l el and only thg.output of on&kproceSfin bﬁﬁnCh iséﬁgitten int@ a bit
15 streamvia a bit StTEamPFEATERSthi ¢hoYe nstt i FiastT B | RTEFG2°3E.

Furt hernore, the secohghzbnbsnen G0 seyomdvenaodpe@ceigeatross fadi ng
functionality as discussed in Fig. 4c. Alter- 20 natively or additionally,
the first conbiner 532 might have the sane cross fading functionality.
Furt her nor @; bothdtondipeder nhy haverdaecsgawbtir e53inadi ngnf whéchohBRity or

may have di ffergﬁs@r%aﬁ?dia&gﬂﬁ&m ontal thies iobtModiaue BeakERsssf adi ng
functionalities at all so fhat 25 both conbiners_are sw tches wthout any

addi ti onal cros82f&di R§ fathctREREARREYORAS G AR bBFor'd Pt H sWEches

can be control | gdcyghd@ coding algorithm in the second coding branch is
based on an information source or a signal to noise
ratio (SNR) model.

3. Audio encoder in accordance with claim 1 or 2, in
which the first coding branch comprises a converter
for converting the audio input signal into a fourth
domain different from the first domain, the second do-

main, and the third domain.

4. Audio encoder in accordance with one of the preceding
¢laims, in which the first domain is the time domain,
the second domain ig an LPC domain cbtained by an LPC
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 freguency do-

main converting the first domain signal.

5. Audic encoder in accordance with one of the preceding
claims, further comprising a controller for control-
ling the first switch or the second switch in a signal

adaptive way,

wherein the controller is operative to analyze a sig-
nal input into the first switch or output by the first
coding branch or the second coding branch or a



an open | oop decision or a closed | oop 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 sw tches.
Furthernore, a time warping functionaliggy which is signal- 35 adaptive can
exist not only in the first encoding branch or first decodi ng branch but
can al so exist in the second processing branch of the second codi ng branch
on the en- codefigndk abtadredadiondereddegoder epdRut DEfEAGIngP_NTEE WO

2010/ 003564PCT/ EP29P9£8Q4£82 b%n%oczﬁsseﬁe&s%@hd RAdLAd MBraeERi Rgchunct
onalities can have the sane tine warp information so that the sane time

warp i s applied*&83PEhe E?g%aﬁ%rg?ﬁtﬁﬁp? ¢ dofain and in the second

domai n. This saves processing |oad and 5 nlght be useful in sone instances,
in cases where subseqﬁegﬁgbloc

2 g a Op md %‘tltvle O a f Lie
characteristic. i &t trv Eﬁg 8ln§ﬁts Howev'er % Sferfad to
have |ndependennallnn%mﬂuplesoln&mgrseﬁondIHQWit¢Btczbdongpbtadnh ahd t he

second pr ocessi pg, bt anghoL0sLheg Segsadfnond-codhog beansh Theckaxenti ve

encoded audi 0 signa [ storage I um or be
transnitted on Bre#r@RsAtsSieRaAEdiRRASIEER a?%W@%ﬁ%s@rP¢9ﬁ§hﬂ§sP§ﬁ nedlum

or a wred 15 t£apSgligah0n MRGUMEHCRI A5t BRoBERIRAR! branch and the

second processing branch with respect to a target

function.

6. Audio encoder in accordance with one of the preceding
claimg, in which the first ceding branch or the second
processing branch of the second coding branch com-
prises an aliasing introducing time/frequency con-
verter and a quantizer/entropy coder stage and wherein
the first processing branch of the second coding
branch comprises a quantizer or entropy coder stage

without an aliasing introducing conversion.

7. Audio encoder in accerdance with_claim &, in which the
aliasing introducing time/frequency converter com-
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-

curs in at least two subseguent frames.

8. Audio encoder in accorxdance with one of the preceding
claimsg, in which the first processing branch comprises
the LPC excitation coding of an algebraic code excited
linear prediction (ACELP) coder and the second proc-
essing branch comprises an MDCT gpectral converter and
a quantizer for quantizing spectral components to ob-

tain quantized spectral components,



In a different enbodi ment, the switch 200 of Fig. la or 2a sw tches between
the two codi ng branches 400, 500. In a further enbodinent, there can be
addi ti onal encodi ng 20 branches such as a third encodi ng branch or even a
fourth encodi ng branch or even nore encadi ng branches. On the decoder side,
the switch 600 of Fig. Ib or 2b switches between the two decodi ng branches
431, 440 and 531, 532, 533, 534, 540. In a further enbodi nent, there can be
addi ti onal 25 debedeny lPahcramHidrdsspethiad derpdinsgtbrighched? ev¥en a

fourth decoding; brapehno8 ByeAn8vL8-AE¢0dEnEnbEARCRES s S phl.abhy ¢t Be ot her
swi tches 521 or 532 may switch _between nore than two different coding

al gorithms, wheBU3BERZABHPRI HRAE“€8di ng/ decodi ng branches are provi ded. 30

The above-descri bed enbodi nents are nmerely illustrative for the principles

of the pregent jnyention. .It is understood th di.ficati.ons.an

Variati onsdof tPENLPr BNGRRERt SR aRGCDRaTBer al T e dESeF M. Ber P FPobe

apparent to 35 otherslskr|iedoparédhevarto tbnksofhehenfemtt thetehode, to

be | imted only by e scape plndlie LapeRd ne,patent el akgsoand gatfy the
y way of descri of the

specific details presente ption and explanation
enbodi nents heréing cWE2010p0P3BBEPET) EP20091004652 47 Dependi ng on
certain inplenentation requirenents of the in- ventive nethods, the

i nventive nmethods can be inplenmented in hardware or in_software. The
i npl enent atPon aAlBecpEPSes gy ASFUIANT S WGt t e sPbr E§E REGCEMAEN
particular, a disgima, DVR ehiahCRHaviingtel @sdionicabhynr eadabhe eentr ol

' I dth . Whi.ch - i.t.h. bl .
Such that the. i RUBNEEE AU ROHAC hy B or TR it T GoRBy ATy hE pr SUBHE

invention is theighaie &l colpuker wpsegrasmpeoducthewdin a ghreogrfamstode
stored on a machj he-feadahlg %%Ud\ﬂ% ’nsv{?ihhé‘crpré’@é am, £0g6; el iy gpenated for

perform ng the rnventive nethods 1e conputer program product runs on
a conputer. |n wifermapras, sehehphveanbiwkEéchenBodstare tekepePdpes aat

conput er prograghhayiiRgrdnlS ey ah sedexf &f RerpLLdd Nonay heastrone of
the inventive nmethods when the conputer programruns on a conputer.
samples of a signal, the predefined number of samples

forming a frame length for the corresponding switch.

11. Audic 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 cf the second switch.

12. Audio encoder in accordance with c¢laim 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
decigion to speech is taken even when a portion less
than 50% of a frame for the first switch is speech and
a portion more than 50% of the frame for the first

awitch is music.

13. Audio encoder in accordance with c¢laim 5 or 12, in
which a frame for the second switch is smaller than a
frame for the first switch, and in which the control-
ler is operative to take a decision to speech when

only a porticn of the first frame which



48 Cains 1. Audio encoder for encoding an audio input signal, the audio

i nput signal being in a first domain, conprising: a first coding branch for
encodi ng an audio signal using a first coding algorithmto obtain a first
encoded signal; a second coding branch gor encodi ng an audi o signal using a
second coding algorithmto obtain a second encoded signal, wherein the
first coding algorithmis different fromthe second codlng algorithm and a
first switch foraswit deingghbethisdn tsheneie sthapdibAg Bfaridie ahenghe sécond

codi ng branch sgnthateohQr £RaROr 14 OFc@hat Her audi Prénpat shgpal ., either the
first encoded signal or the second encoded signal is in an encoder out put

signal, wherein the second codi ng branch conprises: a converter for
convertinglahe RUdi® s8hebakri Aho aaceecemnddenmim ¢hid fef ethefl poacthengi r st

d f t f d th
second dormi n (BbHTE! niB PRIER pPocELERh SRERAnarERathaSE bk PRy
branch for convem@|pgoaessgnglbranohaoﬁmuhk(hﬁﬂﬂﬁﬂ(h@dfm@nbrénohluhe first
domain and the secend doprin,and E%ﬁepwgf §§g ﬁ%gléhgfﬂ in the third

dormain to obtain a second processed signa a secohd switch for
swi tching between the first processing branch and t he second processing

branch so ghat, miPhod RA tébOfnd NEnaudip i gﬁ?hz«.l RRYL ANt Ortde a58¢6Nd
codi ng branch, either the first rocessed Si or the second processed

signal is in thE'REEoRHIBALORBH S| Yhat . ?rsﬁuﬁ?%aéﬁcoﬂ%?PFﬁséﬁ%ordance with
claim1l1, in which the flrst codlng algorlthn1|n the first coding branch is
based on an infornmation si n_which th ond oding al gorithm
in the second codfRi l%?aﬁﬁ1?% 55698ﬁ ﬁ%ﬁ%ﬂﬁﬁ%ﬁgﬁ s&mégp%r %98|gnm

to noise ratio (SRR nndebtaBﬁudlbleatodecodﬂdastgndance with claim1l or 2,
in which the first coding branch conprises a converter for converting the
audi o input signal into a fourth domain different fromthe first domain,

the second donmaR¢odhddt Re tEdiP dorgial using a second coding algo-

rithm to obtain a second encoded signal, wherein the
first coding algorithm is different £rom the second

coding algorithm; and

switching between encoding using the first coding al-
gorithm and encoding using the second coding algorithm
so that, for a portion of the audio input signal, ei-
ther the first encoded signal or the second encoded

signal is in an encoded output signal,

wherein encoding using the second coding algorithm

comprises:

converting the audio signal into a second domain

different from the first domain,

processing an audio signal in the second domain

to obtain a first processed signal;

converting a signal into a third domain different
from the first domain and the second domain and

processing the signal in the



4. Audi o encoder in accordance with one of the preceding clains, in which
the first domain is the tine domain, the second domain is an LPC donmain
obtained by an LPC filtering the first domain signal, the third domain is
an LPC spectral domai n obtained by conwyting an LPC filtered signal into a
spectral domain, and the fourth domain is a spectral domain obtained by
frequency domain converting the first domain signal. 5. Audio encoder in
accordance w th one dfitrfedpratedingoktainsa £arohdr proapebsingignal;
controller for contrggﬁing the first switch or the second switch in a

si gnal adaptive way, erein the controller is operative to analyze a
signal input into the first switch or output by the first coding branch or
the second coding brapchcRing pSOwstENBlcobtaiAgdethy d869di BEgaR10Hhaut
signal of the first coding branch_or the second coding branch with.respect
to a target functionSOBYeRher®i ANEhBYREREFF P9 §ﬂﬁﬁgra£?@eat8°§ﬁéP§ze a
signal input into thefsesendudibtehgnsl ogtputielyuthagf thet sproadssbtig
branch or the second. pro e ra ihgnal s tal [

processi ng out put sibn%l%ﬁgggggPﬁé %ﬁ?@%Ebigg%gé%%%Pbggﬁggsg%% ?%gﬁégcond
processi ng branch wi¢h téepestearg rereeied uatghon. 1GAUdE otkaceeernin
accordance with one of .thesprecgdi ng clains, in which the first coding
branch or the second processing branch of the second codi ng branch
conprises an aliasing introducing tine/frequency converter and a

quanti zer/ gt r opy¥c688er ret-age casdnghereidhdded i 4:8diPprocgssi ngeheaagh of

t he second codi ng_branch,conprises a gquantizer or.entro oder st age

wi t hout an aliaggﬂﬁdiﬁP O8ulrHG3 oﬁ&gggﬁﬁﬁggﬁa (o e g% r 5B &ceofdance
with claim6, ifinktchrbhesakiasiggailintimocduciswgpnd nddhaEqueany eoswert er
conprises a wn I yi alysLs. wyn d ifie

di screte cosineggﬁg gfg%ﬁ%%%gd%g%gﬁgogﬁtﬁﬁlk?ﬁghmgﬁﬁgvg? ﬁ%&%ﬁé%%eggfive to
apply the wi ndofifanctdasied ossamsbquéhe fFanes proasseesr | appial, mander so

that a sanple ofhandRpls ShoNalsddy Osi §8a M BIQWEre OGGH StbNgak theast two
subsequent frames. 8Audi 0 encoder i.n accordance w th one of the preceding

clains, in whichi®RePPFESPREr 6€edsHRGOBrENBHIEBNELPEES /t RBILPESEREFt &t i on
coding of an al gebgai gorade,exaid eskdbmeasonaed O HACELPrdcadesiand the
second processing bragﬁh cogprises an spectral .converter and a

quanti zer for qaafit fzr hGTEPRECEFal EBFPoRERES” t 5°BBEaFA gaant i zed spectral
conponents, 51 wherein each quantized spectral conponent is zero or is
defined by one guant|zali knde rali : Nt i indi-ces.

9. Audio encodeg ?E£%§c%%ggﬁ%ggmﬁfﬁkgﬁa?%?5agkggﬁ§%c%H?h%l%%%t%ockgghis
operative to comtgoilt hasefron shet Ehreh anddpenaleepimamnner and to control
the second switch in a closed | oop nanner. 10 Audi 0 encoder in accordance

with one of the preceding clains, in which the first coding branch and the
second codi ng bfafér°&fe % @135 h ddtfe @%%OﬁhﬂgotQ?g%éPSan§°Srock

wi se manner, whegeka bhgnhirsk swkt gBcondt peoseeend swgheh,are switching in
a bl ock-wi se manner so that a switching action takes place, at the m ni num
after a block of a predefined nunber of sanples of a signal, the predefined
nunber of sanpl ebefeoin hhgeastramg bengthnfobrehehcormpgperdi ng swit ch.

a first inverse processing branch for inverse
procegsing the first processed signal to obtain a
first inverse processed signal in the second do-

main;

a second inverse processing branch for inverse
processing the second processed signal to obtain
a second inverse processed signal in the second

domain;



11. Audi o encoder in accordance with claim 10, in which the frame |ength
for the first switch is at |east double the size of the frane | ength of the
second switch. 12. Audi o encoder in accordance with claim5, in which the
controller is operative to perfotma spgaech/nusic discrimnation in such a
way that a decision to speech is favored with respect to a decision to
musi c so that a decision to speech is taken even when a portion |ess than
50% of a frame for theffrest cowpivhri Sogpasaiarda Per t FohShoLBVERAR 50%

of the frane for th%gﬁééé%séﬁ“éfﬁhé? Qﬁ@'@heléecéﬂé'Qnggﬁggeﬁrbeeggégrdance
wth claim5 or 12, in which a frane for the second swwtch is snaller than

a frame for the firsiign@tcho ahBaiR f?‘éhlcé’ﬁﬂ:’(lﬁ@dc&ﬁgrf%ﬂli e i EhepefraPrde to
take a decision to spegeinwhemionly a portion of the first frame which 52
has a length which is nore than 5096- of the length of the second frame is
found out to include nusic. 14. Audi o encoder in accordance with one of the
preceding cl ai ns, irav%&m#ertmmffmstcemm®ﬁtﬁggbthﬂchombinhé sggoatl to

processing branch of branch includes a variable tine
war pi ng functlonallt%/lIlgI f§ t%d@ggé encodlng an audi o i nput signal, the

audi o i nput signal being ina first domai n, conprising: encoding an audi o

signal using a fiakoRAdidanAlaer i £hm EBmBQEﬁh@ aHd rsénedpodedsshanal ;
encodi ng an audi o signal using a second coding algorithmto obtaln a second

encoded si gnal , 1weRei A1ERE @PW§ﬂ“céﬂFhéﬂ51g%%?%%n??%oﬂ?@f§F8ﬂ§ f PBRTt he

second coding %@@rbphm@rﬂmtaétmlﬁgt peancancedidigaish ng Bbeokiast
codi ng algorlthn1andtencod| S| g %he gqﬁond codi ng al gorithmso that,
for a portion of“tH a%ﬂ?%a nb%t BF ghif St el ?H@t“t he first encoded signal or
t he second encoded signal is in an encoded out put signal, wherein encoding

using the ?L‘%‘Coggegé’&é?g??ggc?{ét LR ﬁ%é' S&n: g&‘herél'lé‘gfi?gtaHQ’mBlﬁégna'

into a second donai n di rent e’ first donain, processing an audio
signal in the setordiedofafando WSHHEINE A $©m§Fl§¢§cé%séﬂl§P§ndﬁﬂﬂéﬁhvért|ng

a signal into ac}ggédfg@ggénfghégggggil{§0n1the first domain and the second
domai n and processing the Signal in the
18. Decoder of claim 16 or 17, in which the first domain .

ig 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 Dby

time/frequency converting a signal in the first do-

main.

19. Decoder in accordance with any of the claims 16 to 18,
in which the £first decoding branch comprises an in-
verge coder and a de-quantizer and a frequency domain

time domain converter, or

the second decoding branch comprises an inverse coder
and a de-guantizer in the first inverse processing
branch or an inverse coder and a de-gquantizer and an
LPC spectral domain to LPC domain converter in the

second inverse processing branch.



third domain to obtain a second processed signal; and sw tching between
processi ng the audi o signal and converting and processing so that, for a
portion of the audio signal encoded using the second coding algorithm
either the first processed signal or the second processed signal is in the
second encoded signal. 16. Decoder for decoding an encoded audi o signal,
the encoded audi o signal conprising a first coded signal, a first processed
signal in A°seckmeErdrmiaf §ﬁ@i&1sgéondl%rd@é§§édt@ﬁgnéﬂfﬁﬁ adenPedrdomai n,

wherein the firgtacoded:signal sebthad i 1:5tePRiOCEsS0d 8l Gl bra0h t Bemsecond
processed signal are related to dlnieren tine gortLons of a decoded audio

signal, and whePEIFES P QVSIofd 17999 LRtoRGTAGHBIRYafd tHES t APPEBonai n
are different fabiaehch edhes]llaobpni singtianéiisy. decodi ng branch for
decoding the first encoded signal based on the first coding algorithm a
second decodi ng branch for decoding the first processed signal or the
second pro2éssedesddmal inwaeceindarice sdddndonkecodi ngabmanidh Tonpii sés a
UL L PLRL&s SLAY Braneh Qi diRyes RIPGES SR g@eoﬁargagegeéessed

signal to obtain a first 1 nverse processed signal in the second domain; a
second i nverse PFoeessing Branch CONPHPEFsE FlOTErERPe FRBLEeEsRd LY

processed signay §QrPbhgi Bnarsecendstnverseinaegesaednsi gnabakn khgisecond
dormain; 54 a first conbiner for conmbining the first inverse processed

signal and the SE¥¥H: i nverse processed signal to obtain a conmbined signal
in the second domain; and a converter for converting the conbined signal to

the first mai R; _and a.second_conbi ner. . for _conhi ning opvert ed.si gnal
[ the 1120 dober Aiehat EneoT CFaRRaEc SASH SrEnal OUTER® by Che Fhreil
decodi ng br anchwhochbtaen endetstiedigusputosipgnaksin dsheside stinformpn. 17,

pecoder of the ighm 1o, ffuMichd henbinst conbiaes gighfie second gambiner

conprises a switch having a cross fading functiona . . coder of
claim16 or 17,CPRedhPEhat fd St SNPGRS Hnch i e doRBFARAt RBCSEEBAd

domain is an LP&rgesmi 8r hhe itRicr gl s maldC speehsakedonai Bn-or the
first encoded signal is encoded in a fourth domain, which is a

time- spectral dONAFRE OBEANEY BY (4 nSFFPRGUAHRF COHEF t PRGPERS I YnafPPn the
first domain. 18zchedodecodhngcooadahceamsith any of the clainms 16 to 18, in
whi ch the first decodi ng branch conprises an inverse coder and a
de-quanti zer and a frequency domain tinme domain converter, or the second
decodi ng br anchwboapr Eseshan ignr@rseacbder pabhded domueansizer thet Ba-fir st

i nverse proce_sswae@remgﬁagr £ dINEIBG LA s AN LR HRe A4RALT 28k 2Rd-an LPC
spectral domain to LPC donmain converter in_the second I nverse processing
br anch. tion, 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 second
decoding branch or the second inverse processing

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
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
first domain, the second domain and the third domain

are different from each other, comprising:



55 20. Decoder of claim19, in which the first decodi ng branch or the
second i nverse processing branch conprises an overl ap-adder for performng
a time domain aliasing cancellation functionality. 21. Decoder in
accordance with one of claim16 to 20, ss which the first decodi ng branch
or the second inverse processing branch conprises a de-warper controlled by
a warping characteristic included in the encoded audi o signal. 22. Decoder
i n accordance wehodhed ofthel af Hesti6 ansoBed | aighrth kafeenedded Sigakl
conprises, as skgdgihff o148L10An; an indication whether a coded signal is to
be coded by a first encodi ng branch or a second encodi ng branch or a first
processi ng branch of the second encodi ng branch or a second processing
branch of the sgeosdiggcathag firatchprandswhichsfgmaberoconpe sescanpar ser
for parsing the_encoded.signal.to determ ne, based on the side information,
whet her a coded”s7ghafe ssg%nﬁa’processed by the first decoding branch, or
t he second decodi ng branch, or the first inverse processing branch of the
second decodi ng - t d.{.pver p I :

second decodi ng"he20Et ®hs MEeRARAST -hE 5T Ao RR08RRE0d PABRET SF ok (e
encoded audi o sEgRandcprpressEag algnrst ceBEEdssFygnal, 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 si gnal arelF%?E%%dPFBCBFFFBEeﬁpeﬂﬁﬁ¥ﬁﬁHQ?Qﬁl 379 aS 438ddeliCaudi o
signal, and wherein gbtaist adophiat tiheeseeonst-alor@désd agdghnbe tiir dhdomai n
are different from each o%h r,._conprising: 56 decoding the first encoded
si gnal based on a fiPstee d&ﬁﬁaﬁ?gorithnj decoding the first processed
signal or the second processed signal, wherein the decoding the first
processed signal of {h6e2€00PMoPLOCEAZCHRS! BOBLRGORRELEES Al BYSRAE o
processing the first processed signal to obtain a first inversé processed
signal in the secondodbadiing |IRAGEE PRVEERB| RYOCHE S§EC HE B oceBsélesi gnal
to obtain a second i gyersg peRsessed signal in the second domai n; conbining
the first inverse processed signal and the second inverse processed signal
to obtain a conbined signal in the second donai n; and converting the

conbi ned signal to tbembinshgderai r£ixand icordiad nordédessotvettadlskgdal in

the first dommin and,phe decoded (145l oh903LaL2a0RkgklIR drogged: uLpUt

combined signal in the second domain; and

converting the combined signal to the first de-

main; and

combining the converted signal in the first domain and
the decoded first signal to obtain a decoded output

signal in the first domain.
24, Encoded audio signal comprising:

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
first processed signal and the second processed signal

are encoded using a second coding algorithm,



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 domai n, and a second processed signal in a third donmain, wherein the

first processed signal and the second @bcessed signal are encoded using a

second coding algorithm 57 wherein the first coded signal, the first

processed signal, and the second processed signal are related to different

time portions ofR@rgéRodd® atifi?t srehsl ShFieln &P rstr¥fonkrRCeFREYsecond

domai n and the ghgngl dognincne esdedhar ppbcéeosieaghnathere a8daskdeto

i nformation indicg%ing whet her_a gortionfof %he gngodeg.signal I1s the first

coded signal, tAEFFFTSEEprolesRed-5PgRart of LRE2eRoREHPocedRRY si gnal

25. Conmput er program for perform ng, when running on the conmputer, the

met hod of encoding, an,aydi ig'sgngéo&@iﬁccoéﬁéa”%c% h gLaLm 15 .EB%

met hod of decoding an encodéd &audi o Sighal 1'h accordance wth claim23.
third domain are different from each other, and

gside information indicating whether a portion of the
encoded sgignal 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
accordance with c¢laim 15 or the method of deceding an

encoded audio signal in accordance with claim 23.



