Low Bitrate Audi o Encodi ng/ Decodi ng Schene with Common Pre processing Field
of the invention The present invention is related to audi o codi ng and, par
ticul arl ywote1imse1bi t rate audi o codi ng schenmes. Backgr ®@CmEPRG0I0MS73 A
invention and prior art In the art, frequency domai n coding schenes such as
MP3 or AAC are known. These frequency-donmai n encoders are based on a
ti me-domai n/ frequency-domai n conversion, a subsequent quanti zation stage,
in which the quantization error is con trolled using information froma
psychoacoustic nodul e, and an encodi ng stage, in which the quantized
spectral coeffmw Bitnate adnficvn Enswddndi/Rgcedimg i Sehmmentwidh Gpmmon Pre-
entropyencoded using code tables. Opidadingr hand there are encoders that
are very well suited to speech processing such as the AMR-WB+ as de scri bed
in 3GPP TS 26.290. Such speech coding schenes performa Linear Predictive
filtering of a tine-domain signal. Such a LP filtering is derived froma
Li near Prediction analyze of tpgei@gygvgﬂéniﬁygggggnsignal. The resulting LP
filter coefficients are then c ' as side information. The
process is known as Linear Prediction Coding (LPC) . At the output of the
filter, the phedipeksentr ¢énsemititdn Signedlaaredprediacdionceding sh@nhapamhi ch is
al so known as. itati .gnal_.L.s d I t anal y
sis-by-synthzékggggggésg%fﬂﬁ%gh%tgfﬁeeﬁggggrgg%ﬁ§ P%gfﬁgsfively, i s encoded
using a transform encoder, which uses a Fourier transformw th an overl ap.
The deci gsoon between the ACELP- coding and the Transform Coded excitation
coding which is aIsoFggék;ngQ%C&oq%ggii§e99ﬂ§ %ﬁkﬁ' a closgd | oop or an
open | oop al gorithm Freguency=dotrat h—a O—CotHNg—St s—sttich as the high
ef ficiency- AAC encodi ng schene, which conbines an AAC codi ng

In the art, frequency domain coding schemes such as MP3 or

AAC are known. These frequency-domain encoders are based on
15 a time-domain/frequency-domain conversion, a subsequent
guantization stage, in which the quantization error is con-
trolled using information from a psychoacoustic module, and
an encoding stage, in which the quantized spectral coeffi-
cients and corresponding side information are entropy-

20 encoded using code tables.

On the other hand there are encoders that are very well
suited to speech processing such as the AMR-WR+ as de-
scribed in 3GPP TS 26.290. Such speech coding schemes per-

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

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

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



schenme and a spectral bandw dth replication technique can al so be conbi ned
to a joint stereo or a nulti-channel cod ing tool which is known under the
t erm " MPB®O=20tvoss1d”. On t he ot her hand, speech encoder CTEPR0SHLSNE

AMR- B+ al so have a high frequency enhancenent stage and a stereo
functionality. Frequency-domai n codi ng-sehenes are advantageous in that

t hey show a high quality at low bit rates for nusic sig nals. Problematic,
however, is the quality of speech signals at low bit rates. Speech coding
schenes show a high quality for speech sig nals even at |low bit rates, but
show a poor quality for nmu sic signals at low bit rates. Summary of the
invention |t freqABnePie6hath 40&Preassily IdBKReis0ButR REOY¥hdenagni gproved
codi ng conce t.?ThIS bject is,achieved by an _audi o _encoder of claim1l , a
method of audis ERESANRG BRCRTHId Aeiena, ANHIH GETBABPS ofcPAFnF2ai G

nmet hod of audichedecaoidng ofpettaiah Zpndwiciohputeprd ippogoantethoi@ien @5nor an
encoded aydi @ 130083l Bhochahm 80, hoi0 S5PRRS & o RERGCSRANnEIVERALON, @
deci sion stage controlling a switch is used to feed the output of a common
preprocessind“gtéﬁélewbh%g it OHe vedetwoNBr BRER e SIPEG UL ORB ANt v
notivated by a source nodel and/or by objective neasurenents such as SNR

the ot her On%.nméh%)(gitn r”}?%%, g'%tgegegfh %nB%ﬁ‘éPQa&?&ﬁtalsc dfRAGkr_lin€- 2 DY

audi tory maski ng. npl ar | ranch has a frequency donai n encoder and
the other br &R Radigh EPCIHERAY neRprEICSuTag8 andpeeshcEddefUnThe

sour ce nmodel disnasdakly the speech processing and therefore LPC is commonly
used. Thus, typical preprocessing stages such as a joint stereo or

mul ti-channel cod ing stage and/or a bandw dth extension stage are commonly
used for bot FTEGYERGYargBRr iR heOdinbi GFhERGEs aFscrdiaidrgsiogs in that

they show a high quality at low bit rates for music sig-
nals. Problematic, however, is the quality of speech sig-
15 nals at low bit rates. :

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

20

Summary of the invention

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

This object is achieved by an audio encoder of claim 1, a
method of audio encoding of claim 13, an audio decoder of
claim 14, a method of audio decoding of claim 24, a com-

30 puter pregram of claim 25 or an encoded audio signal of
claim 26.

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

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



anount of storage, chip area, power consunption, etc. compared to the
situation, where a conpl ete audi o encoder and a conpl ete speech coder are
used for wbeomeessipur pose. In a preferred enbodi ment, amCRRR@IBMSCTIeEr
conprise a com non preprocessing stage for two branches, wherein a first
branch is mainly notivated by a sink nmedsl-and/ or a psychoacoustic nodel,
i.e. by auditory masking, and wherein a second branch is mainly notivated
by a source nodel and by segnmental SNR cal cul ati ons. The audi o encoder
preferably has one or nore switches for swi tching between these branches at
inputs into tHes®lerahghesnorbmrrputivofa thresmepcandeagivonnrotitedany a

deci si on stagte lothkhepasdé® s cedepct-hembin SénéHc@élCEtﬂheB@r abkyeéag! udes
a psycho acous |calqlgﬁ based audi p .encoder, Jg?% erein the second, branch
r

i ncl udes an LS ST TS 15 A5W? @ ERESHET nBAPCEAR A%di o
decoder conprarseghareifnfer bEEI ba somkoblas atbetbec @iusy lyaichlspchpasca

spectral @OnﬁkﬂuQ%C%Qh gsbgﬁ@ﬁhasaQ ﬁéﬁﬁ%rgﬂéfg% %QU%%ﬁtQaéﬁgnﬁéfogo&ﬂg
branch such as an LPC- decod mg_fj ranc a.switch for swmtchin

bet ween t he b‘r“e?ncsﬁtéasgear?d] Po8é§§flﬁ€g°§tﬁbég?o?rf)ogf’m‘ﬁ?%g%s& ng
a tinme-domai nnssddiforsbghnal ccbabrngalula;omlmgma, peistcipromess ed candiidesalghal . An

encoded audi ogjgRal,f 1c8e6 édaer;fp%f&agdue@%ron%%ﬁg@&oﬂf L.fa@ lg&ﬁnt' on

conprises a first encoding.branch output’ signal representing a first

portion of aP3§H &O%si é‘ﬁaFlEHaEb‘a’é'd YRELE Cor PIRdE bR eNdACf BRSPIRB ARG

al gorithmo t he dampdeteodpegcal gotdrt hrehagedagfen thd oramet pagpssak nodel, the
first encodi ng branch output signal having encodedspectral information
representing the audio signal; a sec ond encoding branch output signal
representing & saec%ﬁéeﬁé?gl FROF LR taudNo2 YT ERFICIHR I IFOMPTAS BT Br 6P~ f r om
the first pomdrorpmfpridiesetuhgustaggnabr the BeansReppriherefrei Hgrensoded in

accor dance V“Bﬁéﬁ%h$§goﬂgi§99iﬁEkaé%%%iLQ”& sink model and/or a psycho-
15 acoustic modél, i.e. by auditory masking, and wherein a

second branch is mainly motivated by a source model and by

segmental SNR calculations. The audio encoder preferably

has one or more switches for switching between these

branches at inputs into these branches or outputs of these

20 branches controlled by a decision stage. In the audio en-

coder the first branch preferably includes a psycho acous-—

tically based audio encoder, and wherein the second branch

includes an LPC and an SNR analyzer.

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

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

signal for obtaining a post-processed audio signal.

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

the first encoding branch output signal having encoded



t he second codi ng al gorithm having an i nformation source nodel, the second
encodi ng branch out put signal having en coded paraneters for the

i nf or mat iwo 260um08@7nodel repre senting the intermnedi at e PETgPad09/0843d3 conmon
pre-processing paraneters representing differences between the audio sig
nal and an expanded version of the audiogsignal. Brief description of the
drawi ngs Preferred enbodi nents of the present invention are subse quently
described with respect to the attached drawings, in which: Fig. lais a

bl ock di agram of an encoding schene in ac cordance with a first aspect of
t he present ispeggmkilonntPrgationiscmrddentkingi apeamudfioasdesati ng sebene in
accordance widrfy t&ecéalrrﬁgt ﬁ%Qﬁ&ﬂ ehichhe @,rlgagmt féBé%’%th%g F 9ge28nitS a

bl ock di agram of .an encod |ng hene 1n_ac cordance wth a Second aspect of
the present iRRFEACPoPT Y. ?SlPsséggéﬁenﬁPFEhdﬂébr%&ﬁ@ﬁr%ﬁtdéaﬁﬁ?n@h§chene
i n accor dancef iwistch polre isecofdthspect pwf 4 e Air, e st genweﬁtpeatlEhgbe3a

Il 1Tustrates %n%' o@e%grl%ma@co%a%‘éo@ ‘Bgl %C*% Prc%‘a‘iﬁ dQEQSBﬂB\E

further aspect o <gre sent | nvention ustra
di agram of a d¥c cPRWE] na QR%#QR&K%?W&&?\%%elﬂﬁP¥m@#l%&pé@Fr@¢ t he
pre sent invemdean tElegseéanul brHsbd i orardrodutduagisaghult Raaisyl &6h posi

tioned before, ¢ r es, . Fi |IIus ates a block dlagran1of
c@% e;aﬁclfaﬁrler{%rg aﬂﬁh Lshe 5. forrzti)a écg c& é) pek

an encodi ng sche witch I ohe sequen enco%?ng t he
branches; Fi genddng| [thst rlatté§madb%%ksmra@1r amffdorc%nppepéﬁr@éoééwlng

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

Brief description of the drawings

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

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

vention;

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

tion:;

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

Fig. 2b is a schematic diagram of a decoding scheme in
accordance with the second aspect of the present
invention. '

35

Fig. 3a illustrates a block diagram of an encoding scheme

in accordance with a further aspect of the pre-

"sent invention;



bi ner enbodi ment; Fig. 5a illustrates a wave formof a tinme domain speech
segnent as a quasi-periodic or inpulse-like sig nal segnent; Fig. 5b

i Il ustratwe 2a1pesar um of the segnent of Fig. 5a; Fig. PCTiHPRawwowmres a
time domai n speech segnent of un voiced speech as an exanple for a
stationary and noise-like segnment; Fig- &§d-illustrates a spectrum of the
time domain wave formof Fig. 5c; Fig. 6 illustrates a bl ock di agram of an
anal ysis by synthesis CELP encoder; Figs. 7a to 7d illustrate

voi ced/ unvoi ced excitation sig nals as an exanple for inpulse-Ilike and
station ary/noise-like signals; Fig. 7e illustrates an encoder-side LPC
stage provi dlmg shgrt fﬁrdgt&ra%@lsctl 1 oloftf aageksﬂnoﬁng apso@m&"gc 4 error

signal ; Fig. iIlustrates a ram o ol nt channe

al gorithmin accordanckpVQQQ?EﬂﬁnéﬁbBthn%Pﬁ QHrQWﬁg piesEhRt of NIRRT Fi g.
9 illustrates a prefersead émveditdient of a bandw dth extension al gorithm
Fig. 10a tllustrates a detailed description of the switch when perform ng

an open | oop deC|S|on and Fi 10b illustrates an enbodi ment of the switch
when op eratifA§-i A%a c#kkﬂﬁfqgiﬁﬁ ded? 19N o amDetidin e Pttt e or
Preferred Enbodi nents A Ay beifgral tha st@f®hSibdRaknhes;a nul ti-channel
signal is input into a common preprocessing stage 100 in Fig. la. The
common preprocessi ng scheme nay have a joint stereo func tionality, a
surround fundiigenabi t yillasd/retes @ahé%iﬁt@@ratnerﬁi en foAediodatdhgme At the

out put ofobl ock 100 theite ithe switch positioned subsequent to encoding
the branches;

Fig. 4c illustrates a block diagram for a preferred com-
biner embodiment;
15
Fig. 5a illustrates a wave form of a time domain speech
segment as a quasi-periodic or impulse—like sig-

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

voiced speech as an example for a stationary and

noise-like segment;

25

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

Fig. © illustrates a block diagram of an analysis by

30 synthesis CELP encoder;

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

35

Fig. 7e illustrates an encoder-side LPC stage providing
short-term prediction information and the predic-

tion error signal;



a nono channel, a stereo channel or nultiple channels which is input into a
switch 200 or nultiple switches of type 200. The switch 200 can exist for
each out puO 20fo/®8@ge 100, when stage 100 has two or nor @COEPRAPSN4STI €. |
when stage 100 outputs a stereo signal or a nulti-channel signal.
Exenmplarily, the first channel of a stergo-signal could be a speech channel
and the second channel of the stereo signal could be a music channel. In
this situation, the decision in the decision stage can be di fferent between
the two channels for the same tine instant. The switch 200 is controlled by
a decision stage 300. The decision stage receives, as an input, a signal

i nput into blrggk 300 of; @ 4.9nRls out B%,cgy AlageknlQl: Al teyinat i yel ;1 he

deci sion stage 300 may al so receive a side information wiich is Included in
the nono signal, the sT®EELsi AT HE REIIERRENSL Y d@al eBroG s at

| east associated to sumnta i ghal prebhene imfertimini;on i s exi sting, which
was, for exanple, generated when originally producing the nono signal, the
stereo signal_or the nulti-channel signal. |In one enbodinent, the decision
stage does nét9codt r ol it S tgdstoce RSP AGr 52 A REProEmeakdofha arpdw Hedt ween
bl ock 300 and 100 doesest¥n<EXirstalgbpighhprther enbodi ment, the proc essing
in block 100 is controlled to a certain degree by the decision stage 300 in
order to set one or nore paranme ters in block 100 based on the decision.
This will, h&kevelOpotilkidtyaies w©hdegaidedl dapgbrpiion i of bt kswDocso t hat
the mai nipunctional it ywheh Heaork@lgi snaspdy e ddp aepestibne Hidthe decision
in stage 300. The decision stage 300 actuates the swtch 200 in order to
feed the output of the commopn preprocessing stage either in a frequency
encodi ng por fiten 400 i1llustrated an smbggpeenbreafhckhef swgch dhayr <nr

LPC-domai n encodi ng pog#dtimPQe lal closed loop decision mode.

15

Detailed Description or Preferred Embodiments

A mono signal, a stereo signal or a multi-channel signal is
input into ‘a common preprocessing stage 100 in Fig.lla. The
20 common preprocessing scheme may have a joint stereo func-
tionality, a surround functionality, and/or a bandwidth ex-
tension fﬁnctionality. At the output of block 100 there 1is
a mono channel, a stereo channel or multiple channels which

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

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



| ustrated at a lower branch in Fig. la. In one enbodinent, the switch 200
swi tches between the two codi ng branches 400, 500. In a further enbodi nent,
t her e carwbeowdusdiizonal encodi ng branches such as a thi PdT@EPe@d/00433 br anch
or even a fourth encodi ng branch or even nore encodi ng branches. In an
enbodi mrent wth three encodi ng branches, 7t he third encodi ng branch coul d be
simlar to the second encodi ng branch, but could include an excitation en
coder different fromthe excitation encoder 520 in the sec ond branch 500.
In this enbodi nent, the second branch com prises the LPC stage 510 and a
codebook basd&deedscigirpnsEngndap0 sheh %&ﬁqrranaaxe aarsd- dehénithirmdt beanch

conpr i sets ?_n \J—L"H@thtlﬁgﬁlrj@%dd?B QKCt%étxh&Eb apRr %tt'e@gooelanﬁpeskral
representati 0 e st age, ou Si el emen

f requency doggfh &df énﬁ?gnﬁhg?% ﬁ@%fﬁél‘%ﬁﬁV€P§P8ﬁaBFch°4iBCQh|ch
is operativeéiad@mn&erwhehe.U@mmmaqumnﬁcessshgngxagemeMpwt $bgnak-into a
spec tral sdongidie, TG%néP§€éc§3erhé3rPr8/ﬁ 'n%’il?l B%d&@lvnd weU%%n%n ?JEQ;[  cuch

algorithm a orithm ve et analysis or a filte
as a crltlcalggf§§ﬁﬁﬁ8dsf?T %ﬂ%%ﬁﬂ“h&W1ﬁ@ ghaeRehi i MAtver of filterbank

channel s, where the subband signals in this filterbank may be real val ued

Sig nals of QMR ilodeflent gnahs: oo M Rl s 4%‘%0%%}289”%&5'0”

bl ock 410 is encoded using a spectra en co g cl ude
processi ng blfﬁ%ﬂ&?o&@EhW\n sitlaaﬁn 08 - A& ddish P et nRe t1een hel ¢onesO
encodi ng 1br anohl 500, daekeyoel erent. i snan sottice rdeldiasakyzenespebcas LPC

510, which ougubs, tap diqds oo s gnelse-hesianal LspanPLLnlormption

signal which 1s u controll1ng the ter characteristic’o LPC
synt hesi s fi I%hs deﬂaﬂ%orzpet?ﬁ?o?%t%nomelt reghsifitt anéd oro Mg rdebadd@Re~ The
ot her LPC stagas51i0 bubpkt160 dieded ramhexaetasi@n. Strgalvian , aRokPee domai n

signal Mhlcnuh§ id¥1luence the general algorithm in block 100 so that
15 the main functionality in block 100 is active irrespective

of the decision in stage 300.

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

lustrated at a lower branch in Fig. 1la.

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



put into an excitation encoder 520. The excitation encoder 520 rmay cone
fromany source-filter nodel encoder such as a CELP encoder, an ACELP
encoder owoanw/sdier encoder which processes a LPC donmaiPOT&iPgevalon48Anot her
preferred excitation encoder inplenentation is a transform coding of the
excitation signal. In this enbodi nent- ghe excitation signal is not
encoded using an ACELP codebook nechanism but the excitation signal is
converted into a spectral representation and the spectral representa tion
val ues such as subband signals in case of a filterbank or frequency
coefficients# rkavasdemend pfahBéof negurritryasioaw iRFEngpdirgchbdanch oiobtain a

data conpressigadt rAl LRV EFBILE adiik QﬁOtQh§c%'ijdﬁéfﬁﬁgbﬁaEbOEOﬁ@&PQer I's
t he TCX codln node known from AVR- V\B+ decision in the decision stage

can be si gnal=SddtIee §HePﬁ8FeFﬁénﬂeﬁtég%nogﬁﬁﬁﬁaTﬁﬁ?%ﬁrﬁ?%?rﬁw?%?%peech
di scri m nati drradndiczantr. olTset peswirtthc2dfer siguchl ecvayay hatcusd casi gnal s

are input si ntwbctqhealw%hmr aec@»ﬁﬂo,anagﬁs%q%%&%hﬂnatqévéis? .ga'i éﬁéo the

| ower branch 500. I'n_one enbodi ment deci’'sion stage Is
deci si on i nf &¥neti SR1FRAEBABA GHEPUEShid SEHEHFALISE %ﬁ%@l%édéébﬁ%Fb%%ﬁ use
thi s deci si orhavihar matdeontain olteert ofpeifiecmbbhe channerd, decacd nghe

operations. éﬂddgﬁgggis %% £ﬂ9§t§f¥€giba%thggskg rlgf §%9u§% gy&put by

t he spectral 10 enc ter transm g
spectral audmlée@édérom@éex TABUSMIt HLANaGHS -t Ades paEPRAl oéu he a@@@%uso is
i nput i N0 a ddnverdeBRi B166K YEUt £ dikébdenalsaggusl )épeEBEaDué@cﬂlio oénthe

excitation e er 0 g InLe. an ex t|on d coder 530
whi ch outputgx%% LPC don§$hlglmagllnf%h8EP8r oﬁﬁ?ﬁ“g|g na |npd? into an

LPC synt hesi sz ee5a48¢ 9@@%99r%9h@@ﬁves as a further |nput the LPC
i nformati on generated by the correspondlng LPC anal ysis stage 510. The
out put  of In the lower enceding branch 500, a key element is an
15 source model analyzer such as LPC 510, which outputs two
kinds of signals. One signal is an LPC information signal
which is used for controlling the filter characteristic of
an LPC synthesis filter. This LPC information is transmit-
ted to a decoder. The other LPC stage 510 output signal is
20 an excitation signal or an LPC-domain signal, which is in-
put into an excitation encoder 520. The excitation encoder
520 may come from any source~filter model encoder such as a
CELP encoder, an ACELP encoder or any other encoder which
processes a LPC domain signal.
25
Another preferred excitation encoder implementation is a
transform coding of the excitation signal. In this embodi-
ment, the excitation signal is not encoded using an ACELP
codebook mechanism, but the excitation signal is coéonverted
30 into a spectral representation and the spectral representa-
tion values such as subband signals in case of a filterbank
or frequency coefficients in case of a transform such as an
FFT are encoded to obtain a data compression. An implemen-
tation of this kind of excitation encoder is the TCX coding
35 mode known from AMR-WB+.

The decision in the decision stage can be signal-adaptive

so that the decision stage performs a music/speech dis-



the tinme-domain converter 440 and/or the output of the LPC synthesis stage

540 are input into a swtch 600. The switch 600 is controlled via a switch

control swg@rralo/omdéich was, for exanple, generated by thePdempPgdonISsrage 300,
or which was externally provided such as by a creator of the origi nal nono
signal, stereo signal or nulti-channel -spgral. The out put of the switch 600
is a conplete nono signal which is, subsequently, input into a commn

post - processi ng stage 700, which may performa joint stereo processing or a
bandw dt h extensi on processing etc. Alternatively, the output of the switch
coul d al so berimnetéonsaghatontrealerthe mvittichcBaAnéh sihghak. way that

stereo signalpusMeens{dit 1Ry eaps O(iﬁﬁﬁtn(ldt%(?'&W@Suﬁp@Pa'%rﬁ%hched}‘M' ogh§o two
channels. It can %yen be.a nmult|-channel a channel reduc tion

to three charif&l® Flﬁ83%ﬁaﬁﬁ%ll?%ﬁ%cinﬂl 3PWeﬁuPr6ﬁF9 a%Ypel? r@repand
replication isperifieniredth®egentson ostadee ispdeietiiagf unst Henakiocy oh-the

common post HNGeEILAYiREE9En &g@ﬁ‘@ %@'@ér adh, Sts%r €Qat! 9"8kcOBler can |

amul ti - channel signal 1s output as, wheh the common post - processi ng
stage 700 pert§r fé'ig FSAAF R hivkR Bt iR dﬁeﬁé@@éntoapﬁéﬁ@é? bafdaPEt h t han
t he signal i npgt idetodbhockpeidns.one enbodi nent, the switch 600 swtches

bet ween the two decodi ng branches 430, 440 and 530, 540. In a further em

bodi nent, there can be additional decoding branches such as a third
decodi ng bramt¥fhor €¢endar f burth wideadiedginr Bheh Br- &hen sheraldeedriihg
branches.ioln ba_,n & agh adta IWiduld ibh @@ odegod2ng 1B anghes, tihaskhbissdoglecodi ng

branch coul d ; %ﬁ%co Iar %?egpg fqgggp Q§<§Qkﬁg4%ban gecoae?u 3%9 {nclude

an ex C|tat|on erent from he excitatfion ?he
second brancWE??@Fa§49Pd¥% {eradaenticdi #En#PP@henﬁétéhG1@ﬁaﬁ@ﬁaé@n%¢nses t he
LPC stage 54G;exit@ra saodebpekogassly £Xehé abuioputiespdere sSHgBi st idh ASELP, and

the third br%ﬂ%ﬁn: 520 of Fig. la 1is input into an excitation decoder
15 530 which outputs an LPC-domain signal. The LPC-domain sig-
nal is input intce an LPC synthesis stage 540, which re-
ceives, as a further input, the LPC information generated
by the corresponding LPC analysis stage 510. The output of
the time-domain converter 440 and/or the output of the LPC
20 synthesis stage 540 are input into a switch 600. The switch
600 is controlled via a switch control signal which was,
for example, generated by the decision stage 300, or which
was externally provided such as by a creator of the origi-
nal mono signal, stereo signal or multi-channel signal.
25
The output of the switch 6b0 is a complete mono signal
which is, subsequently, input into a common post-processing
stage 700, which may perform a joint stexreo processing or a
bandwidth extension processing etc. Alternatively, the out-
30 put of the switch could also be a stereo signal or even a
multi-channel signal. It is a stereo signal, when the pre-
processing includes a channel reduction to two channels. It
can even be a multi-channel signal, when a channel reduc-
tion to three channels or no channel reduétion at all but

35 only a spectral band replication is performed.

Depending on the specific functionality of the common post-

processing stage, a mono signal, a stereo signal or a



conprises an LPC stage and an excitation decoder operating on a spectral
representation of the LPC stage 540 output signal . As stated before, Fig.
2a i | | ustweaten/m3qref erred encodi ng scheme i n accor danc®CHEPR008/0848¢HNA
aspect of the invention. The common preprocessing schene in 100 from Fig.
la now conprises a surround/ joint stergg block 101 which generates, as an
output, joint stereo paraneters and a nono out put signal, which is
generated by downm xing the input sig nal which is a signal having two or
nore channels. Gener ally, the signal at the output of block 101 can al so
be a signal halthgehore lchaigrells,ibutugue tvdhitdhe rdeanmibenng:Heunoinimemal ity

of bl ock 10150} heo AR f EhARNCh 5o 8- AUt Rt Bla.blAsk dAlmiddy be
smal | er than the nunber of channels Input into block 101. The out put of

bl ock 101 i sOPRPAL: Mt 02 alBAAAN JERIBXHERSEBAN bIEBEK SEFRakhitdRUY ANt
encoder of FbyocRajOo®utputs a bandlimted signal such as the | ow band
signal orgthe |low pass signal at its output. Furthernore, for the high band
of the signal input into block 102, bandw dth extension paraneterssuch as

spectral envélopBepaPapdieent. jtiterssdtoh ©8F syipaheankeieraen fdisEwd oor
paranet ers etiscoa@sndnevimndiaym 46 AAMQ Erafd | ssof MEGH ar ef ganesmatead and

forwarded to i re | i plexer 0] referably, . t eci si Qn st age
300 recei vesb?ﬂgﬁéﬁ%’naﬂ{%%ﬁﬁp :b(rglt gd%?g%:inﬁlo1Je§r0d?r?éu¥)r?ﬁ%}ge%ISouc% in
order to de @i HelipeétdreaingbrapghpPe, etemasifounide derodinpdecingrodd. | n

the nusito nodeent ke repRRIccanagdivianBhaBch 140Q H SerfR)AGlad, wilthl &hdde t he

speech node, ,the.lower encoding, brapnch 500 is selected. Preferably, the
deci si on staagcggl \Aﬁ%anna eys’c%r}l1 rgﬂér?hcge?%qglrﬁg é)treapgg 5?%%?(%%1Slédnld/or t he
bandwi dt h extersFentiy ozdcorg degoddapt brarch udetti eraldt yneiudshede d8-ocks to

the specificcstgbabn dbdisae WEIE AR nEEGIrS0Rhe excitation decoder 530

in the second branch 530, 540. In this embodiment, the sec-

15 ond branch comprises the LPC stage 540 and a codebook based
excitation decoder such as in ACELP, and the third branch
comprises an LPC stage and an excitation decoder operating
on a spectral representation of the LPC stage 540 output
signal. ‘

20 .
As stated before, Fig. 2a illustrates a preferred encoding
scheme in accordance with a second aspect of the invention.
The common preprocessing scheme in 100 from Fig. la now
comprises a surround/joint stereo block 101 which gener-

25 ates, as an output, joint stereo parameters and a mono out-
put signal, which is generated by downmixing the input sig-
nal which is a signal having two or more channels. Gener-
ally, the signal at the output of block 101 can also be a
signal having more channels, but due to the downmixing

30 functionality of block 101, the number of channels at the
output of block 101 will be smaller than the number of
channels input into block 101.

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

signal input into block 102, bandwidth extension parameters



stage determines that a certain tine portion of the input signal is of the
first node such as the nusic node, then specific features of block 101
and/ or blwokowd@3@an be controll ed by the decision stag®C3EP2009/004873

Al ternatively, when the decision stage 300 determ nes that the signal is in
a speech node or, generally, in a LPCdamai-n codi ng node, then specific
features of blocks 101 and 102 can be con trolled in accordance with the
deci si on stage output. Depending on the decision of the switch, which can
be derived fromthe switch 200 i nput signal or fromany external source
such as a predgbepsofpetierf igivedlopaudioaseigrrad, umveeskyifnytehensignal

input into Str%%t@@@ £8Es W 1 & Sﬂ!ﬁa%l%‘%%rge%‘é@enaEhﬁn%ﬁ%‘?&ﬁyﬂ 11@1-89' ng

branch 400 and th encodi ng branch 500. The frequency encodin anch
400 conpri se®TRLe 8ct° IMPcptfinv‘ler%?%ng%’B%ﬁ%teAjloa%‘ﬁdfargﬁ’f)%%d qhent bec‘bnnect ed
quant i zi ng/ cedregmsmabel glxagdhown in Fig. 2a) . The quanti zi ng/ codi ng
stage cangi nclude any of the functionalities as known from nodern
frequency-donmai n encoders such as the AAC encoder. Furthernore, the

quant i zat i on PEFEPEEPBY | B¢ hde gz Atdgec 8dPngeseayes abhe cakgmal clont r ol | ed
via a psychogoeushte bBDdukelohi ¢h Jenss dine® PIyeRoaoRUSH I Srddd Ott’dY&Ié—Ol’\ such

o heyshoagaus: ke Bl LIt 83RALIe DYS il TSR CNY, VHELS, LK.

information 1S In e 42 refera péc
conversion i §ndd'r\”@ uﬁlifrﬂg: dﬁO@DCTtb‘ﬁePEPﬁéneﬁﬁP@hnge éﬁn%r é0pr elfser%’l y, is
the timeioar pedtOCT wparsat i an, tser epteé@h Strrl’o@@gt htl@é 1geiRer athyodidie war p
i ng strengt hb(iggcgesg n&gol gf%%évxe; z}a}ndtﬁ gg vva(grpl n,cqal st reop_gt h. In
a zZero warpi ng kgggy F‘I eralon in F hijl
strai ght-for \ﬂaftélo oﬁ@?‘é’@@bﬁ T(fm%\/\moifht t fleezqq bk 131G ami/mrngt@t rength
toget her wit Bahdﬁﬁdﬂﬂr@kwﬁcdﬁ plrker mari e £aptbentr zugptisesdiinpws into
the bltstrethgggtbeggﬁgr Oghe s%%g§figfg£5%%i(”&hggrwﬁken the deci-
15 sion stage determines that a certain time portion of the
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
20 speech mode or, generally, in a LPC-domain coding mode,
then specific features of blocks 101 and 102 can be con-

trolled in accordance with the decision stage output.

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

choacoustic information such as a psychoacoustic masking



fore, if TWMDCT is used, tine warp side information should be sent to the
bitstreamas illustrated by 424 in Fig. 2a, and - on the decoder side -

ti me war pwei2dw/iosd1or mat i on shoul d be recei ved fromthe PCTEPR@006833
illustrated by item434 in Fig. 2b. In the LPC encodi ng branch, the
LPC-domai n encoder may inelude an ACEL-P1eore calculating a pitch gain, a
pitch | ag and/ or codebook information such as a codebook i ndex and a code
gain. In the first coding branch 400, a spectral converter preferably
conprises a specifically adapted MDCT operation hav ing certain w ndow
functi ons foﬁﬁéﬁébob§ vejudits Zaeghentent viopne didadiingosmageomhishinmay be a
vector quantipad Lhed shaasadautsopreferably is a quantizer/coder as indi
cated for the quantizer/coder in the frequency donmai n coding branch, i.e.,
initem421 of Fig. 2a. Fig. 2b illustrates a decodi ng schene corresponding
to the encodiPrgfschehy, ofhéi gpe@arallheolidstioeamsyetereatediry i tMRCEBam

nul tipl exer 30Q,QfiEhIwnién] Sel®RULoLOt Bréf@fafl?hf eam dﬁﬂé" mé%ef S90.

Dependi ng on_an i nformation derived for exa f'rom t |tstrea via a

mode det ect i SWCBI BBREBBHON 18 "‘H’&f@déf‘esﬁa’ée%%}t H6@EESaL bKt r BEF StPER ei t her
forward signédhng fstomarigtd wxper bbr ancit rol 1sdgnaitsebhomdrte hodverbrisigth to

the bandwi dt haexlggsLepehaek #hk - zﬂl% JANPLGL BeEERERS, Oh B

recei ves, fro e’ bitstream | exe i'nformation nd
based on thi $rétdeni AfoPlRaki 4A aﬁé tahété@tlam 69rvwn%%@d@@%mﬁw 601,
reconstrmotskmbenhughthandrbasedeomlhbewb@pubgndteuﬁ@mﬁ bygstmdche660. The

full Dand si angl gsDeial oy HlAch, 705! sl M J0LA, LDE} OLRY: inco

ster eo/surroun roc reconstructs :
channel s or §€@e#&¢sﬁﬁﬁﬁw @Héﬁh@%%xexkﬁQQa?$y ige oéREIgORAGEQN - cﬁh%ﬁﬂ nor e
channel s t hafosereif TW-MDCT is used, time warp side information should

be sent to the bitstream as illustrated by 424 in Fig. 2a,

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

In the LPC encoding branch, the LPC-domain encoder may in-

20 clude an ACELP core calculating a pitch gain, a pitch lag
and/or codebook information such as a codebook index and a
code gain.

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

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

Fig. 2b illustrates a decoding scheme corresponding to the
encoding scheme of Fig. 2a. The bitstream generated by bit-
stream multiplexer 800 of Fig. 2a is input into a bitstream
35 demultiplexer 900. Depending on an information derived for
example from the bitstream via a mode detection block 601,
a decoder-side switch 600 is controlled to either forward

signals from the upper branch or signals from the lower



input into this block. Depending on the application, the input into bl ock
702 may even include two channels such as in a stereo node and may even

i ncl ude meoeookmsdiel s as | ong as the output by this bl oekTh®300004878hannel s
than the in put into this block. Cenerally, an excitation decoder 530

exi sts. The algorithminplenented in bl d8k-530 is adapted to the
correspondi ng al gorithmused in block 520 in the encoder side. Wile stage
431 outputs a spectrumderived froma tinme domain signal which is converted
into the tinme-domain using the frequency/tine converter 440, stage 530
outputs an LPCasshi hosthmabandwedButpiiendara bﬁ0§ka@@153Dh¢sb@m@wmﬁthned

bacr [ Inlt odt h%xttbfrglggn’gwcwsnog aetcbg@e@éntb&ﬁl shé: t@ﬂ@s%%m vx%ﬂém%ﬁ_
contro e Vi enco - (S ra an ns e I NT Or |1 ON.
Then, subseqef@ﬁwog@% e S A B oA S il P DdG et e Tt on
which is smnm@hédninnmhc@ndaQQEPWWthfatbaﬁmwdecahﬂmmtlgngmﬁlurmanmhﬁ to

finally Obta'QrﬁEt§UQHﬂaSh9@@|b%HQhk%%e@ OO +8LINRy  Basd €l8@pS kgkﬂ?| or a
mul ti - channel The switch 200 has been shown to switch Betmeen bot h

branches so FW&FanP9 one branch receives a signal to process and the other
branch does not receive a signal to proc ess. In an alternative enbodi nent,

h th | o
owever, the g %%Hl”g%n@ %9g991a55399§93§39$q%%%ﬂ£ﬁ%?%h ngﬁﬁﬂﬂphaf%oth

audi o en coder 420 an he excitation enco
branches 400,500 9ifdc SEETERESERRRURT GREPCEIFiner A%39e 102 ortieheht oot
doubl e the bidonatepchswever steirky tchensedsnak eevpubl byuone- oﬁamﬁmme

encodi ng brangh §aﬂ9? 051599 h%zs%hﬁﬁt%%t ﬂtb%mﬂ%'kh%&neﬂ%oéﬂé

bitstream The eC|s erate sl gha mmltten
into the bi t§t“rpé‘§m11ﬁtﬁ’| rﬁhzlés %IQFé?ta‘?GrPed’(S’éng Wictihsh, 2Riker e tige cddte
function can ib@uthengenblated7d? tiaf eevan tinelges ewateﬂaﬁmﬁrxxﬁuﬁﬂ as

distortion or 8 aCQQQEQSdméégngH5ﬂ§9rgb8H include more channels as long
15 as the output by this block has more channels than the in-
put into this block.

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

nal or a multi-channel signal.

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



cost function. Therefore, either in this node or in the node illustrated in
the Figures, the decision stage can also operate in a closed | oop node in
order to wakelwuws@7that, finally, only the encodi ng bramCh/Erea090d4873
witten into the bitstream which has for a given perceptual distor tion the
| owest bitrate or, for a given bitrate; 1wms the | owest perceptual
distortion. Cenerally, the processing in branch 400 is a processing in a
per cepti on based nodel or information sink nmodel. Thus, this branch nodel s
the human auditory systemreceiving sound. Contrary thereto, the processing
in branch 50kdtd boagehes at@ a FlQmpalocenst hiee exarie atiigmal respduallel. LPC do

mai . Gener aliny .oddi¢ RLOGEESHBELLE PRANGHL BAQ i %o@vegégceéﬁl&ngh% Ns fgspeech
nodel or an informati on generation nodel. For speech nal s is nodel is

a nodel of tH@”h&Wﬁﬁ“%p@@cﬂ?%oﬁﬁdt@%%%r%R?Qﬂ+n§y§FéﬁFB€ﬁeﬂ89|ﬂﬁ 3oUnts 1f,
how ever, a swirdtedonvabdidferent isgor cber equput Ngita tdichiner €he sauﬂd

generat i o mdel, 'sstggqcne 36; enopred. obbeg:LhecPiagess g, 1o br apeb. 500,

be different. Altho _ b are 1llustra
grams of an dpiidr &hes! 1?%%%%@W|%ﬁﬂ%&§2§ﬁnﬁlFﬁﬁ%%&&I%P%%w§@§ﬁtﬂppusvh%f¢on of
a nmet hod, wheante tchﬁtblfﬁﬁktiUﬂCtalﬁ)nl@éIttfh@sgecrﬁi’rfaQ%ﬁObdtfrﬁtéhernElﬁéIO@erS:i-epS

Fig. 3a |Ilustg spgpcgﬁghgleagg%%¥t%f éﬂﬁqsrégﬂéﬁﬁfﬁn %Qe98§ggo§€95§

signal at an ou I rST enco ranc a’ second encodi ng
branch 500. FUFﬂhe@?ﬁﬁﬂéonthé“éﬁ@é@é@raﬁﬁﬁée§lgﬁalt@#%f@@é%lyrlﬂé!uﬁ@% si de

i nformat ilon suele asl pr-rRredessi ngh@armqakeéﬁ fth@mdemisq%ma e can
pre- pI’OCGSSI n St age or as dis usseqd conngect.i on rece]h% glllFl gs.
h

switch contrdl St rerﬁ?ttieoﬁ Prefera lociphe % st ?‘l cfng
operative intd@tdeﬁﬁﬂ@léMeoéélantéadﬁﬁcpﬁ@@@nbé?@@@ sugpiat 195Wihteror

dance with a ffrideSttheoBi gt A HOWHiIPA hwlekek Na tdwerdr sdrceptual distor-
tion the lowest bitrate or, for a given bitrate, has the

15 lowest perceptual distortion.

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

ing in branch 500 may be different.

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

correspond to the method steps.

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

the encoded audio signal preferably includes side informa-



codi ng algorithmhas an information sink nodel. The first encodi ng branch
400 generates the first encoder output signal which is an encoded spectral

i nf or mat iwo 2008Een tati on of the audio internedi ate siPGgmaP2@09504873
Furthernore, the second encodi ng branch 500 is adapted for encoding the
audi o internedi ate signal 195 in accordarsce wth a second encodi ng
algorithm the second coding algo rithm having an infornmation source node
and generating, in a first encoder output signal, encoded paraneters for
the information source nodel representing the internedi ate audi o signal.
The audi o entoder sugh hesnore-paopessésgt pareoshens prieopr oclessicogmshage f or
bre process! BeBrauEloddiPtasd 002) 39 Lo-aRLaLy the audiactphelargl ate
signal 195. Specifi processing stage is operative to
process the BEIF%d%%?)ulflgﬁ gnaﬁw@ghséoflg’é Lt oqmgitdornt er nedi at e si gnal

195, i.e., the output of the common pre processing algorlthn1|s a
compressed veLgkap,ofy th@heaueipsa PO Lo b A HrarfonP S ref%t%aheﬁ gi. audi o
encodi ng gener at an en coded audi si‘gna rises a s

encodi ng 400d8ﬁ &Q cﬁn§°|dﬁt ermmedichce Witqraledioke| ﬁlaee rélahcenwatcﬁoa f| r st
cod ing al goabhbs wihe farfhr@edldtgnallggoaug&mmVl Nghere imf Ohe rr&tllree si nk

nodel and ge n i out pu naI encode pectra
i nformation Egéiééeg%ﬁb ?ﬂg %%%IOHS? £° lon ﬁ%n H@%@édlgé 566r§ﬁ audi o
i nt er medi at ee8fFgAang 19>gamhac4:(2ﬁ daﬁéera«mﬂn éh§ec@n*cﬁtcoéhﬂgd%1¢ genitph t he

second cpgl I@ﬁlgﬂhgol’vhlbm mQVbagea&oaeaogﬁg&tm sm&&am%l _ipdegenerating,
in a second g % ut s e code net ers, égg i nformati on source

nodel repres ng ? o[ qggg? hate §ﬁ$“%%n step of conmonly
pre-processing 100 an audlo i nput signal 99 to obtain the audio

i nter nedi at ergi-gRaImdSS, Wherfidbnd RnlcbaifleprHct HIPNlY H=ptBHOEBESI NG

encoding the audio intermediate signal 195 in accordance

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

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

25 process the audio input signal 99 so that the audio inter-
mediate signal 195, i.e., the output of the common pre-
processing algorithm is a compressed version of the audio

input signal.

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

35 encoded spectral information representing the audio signal;
a step of encoding 500 an audio intermediate signal 195 in
accordance with a second coding algorithm, the second cod-

ing algorithm having an information source model and gener-



the audi o input signal 99 is processed so that the audio internediate
signal 195 is a conpressed version of the au dio input signal 99, wherein
t he encodwo 2audioss13i gnal in cludes, for a certain porti @aTaEP20000048031i O
signal either the first output signal or the second output signal. The

met hod preferably includes the further g6ep encoding a cer tain portion of
the audio internediate signal either using the first coding algorithmor
usi ng the second coding algo rithmor encoding the signal using both
algorithns and outputting in an encoded signal either the result of the
first codi ngadlgoeri thmaorsadeadr esitinutofsitdne 1s e crmpdeddinay aalege rsi theom

Ceneral ly, thgeadfEQrRNCH N @Omddam wegdekBnt Doy RSt o9 iG oy anch
400 reflects and gogghs th S|tqﬁglon in an %ydlo sink. The SIR% of an
audi o i nf or natPBAY i <7 Ror 2R8I Py TR MMeF R YTHRF e e85 "8 an “Be 3fbdel | ed

as a frequeneydanalwyser .sifinelePOr ép theain ridte endadi ngtermentis toutspiut-s

encoded spec | qigRf O Lopn. Rref b t J cQdi :
furtherno?e %Eglﬁggé §$%§§gﬂbaé§u§??% %%3e|Qfo§b@ﬁ%H§$o§gfﬂ§“§%piy?ﬁb a
psychoacoust FBema¥RIPnd"PHEeSREPAL PRI dSpRFOREaEBHsEPC thaskithg tattEshol d i s
used when quantéernedgiaaieding@eactlogl ivakhuesmphesecd pyef<eiran fy tHehau-

quanti zati on 4i r chqoth | zat i | i S.iptrodyced by
quanti zi ng tﬁ%gsggg‘%?a gﬁ%ogghl ﬁ%%ge%ﬁé a(%geéﬁéﬁg_dn e ossvﬁdt}'tﬁel A
psychoacoust FéUfBgki AHLt Br SSHSRAD PREtdeBoRd dRCodiuy Sbrdttir lr epitdsant s an
i nformation saur gergedeutpubi chgheflll eet $Hehes gener atitemtofs iamdilo Joend.

Therefore, i RLORORU) O SAUAGe ARIBLS. MY LAGliids acspeesh, andel, which 1s
refl ected by an stage, I'. e., “transformng a trnme donmain signal into
an LPC plorrai ﬁ%\ﬁ_d]@?r*ém%eﬁth y2 ](Sbe@é:ieﬁ@e?hét%P@lg%]r Rigihesi giding i . e.
the excitati @Reskghat . cAlilrey RAGbyetBAURE SOIHLC @ hkDdeksnd coding algo-
rithm or encoding the signal using both algorithms and out-
15 putting in an encoded signal either the result of the first
coding algorithm or the result of the second coding algo-

rithm.

Generally, the audio encoding algorithm used in the first
20 encoding branch 400 reflects and models the situation in
an audio sink. The sink of an audio information is nor-
mally the human ear. The human ear can be modelled as a
frequency analyser. Therefore, the first encoding branch
outputs encoded spectral information. Preferably, the
25 first encoding branch furthermore includes a psychoacous—
tic model fo£ additionally applying a psychoacoustic mask-
ing threshold. This psychoacoustic masking threshold is
used when quantizing audio spectral values where, prefera-
bly, the quantization is performed such that a gquantiza-
30 tion noise is introduced by quantizing the spectral audio
' values, which are hidden below the psychoacoustic masking
threshold. |

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

transforming a time domain signal into an LPC domain and



however, are sound source nodels for representing a cer tain instrunent or
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when several sound source nodels are avail able, based on an SNR
calculation, i.e., based on a cal cul at4 af, -whi ch of the source nodels is
the best one suitable for encoding a certain tine portion and/or frequency
portion of an audio signal. Preferably, however, the swtch between
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codi ng al gor icelmehaviige portion is encoded using one model and a cer-
tain different time portion of the intermediate signal is
15 encoded using the other encoding branch.

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

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

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

30 ate signal.

Fig. 3b illustrates a decoder corresponding to the encoder
illustrated in Fig. 3a. Generally, Fig. 3b illustrates an
audio decoder for decoding an encoded audio signal to ob-
35 tain a decoded audio signal 799. The decoder includes the
first decoding branch 450 for decoding an encoded signal
encoded in accordance with a first coding algorithm having

an information sink model. The audio decoder furthermore



an information sink nodel. The audi o decoder furthernoreincludes a second
decodi ng branch 550 for decoding an en coded information' signal encoded in
accor danceowntonoasigec ond codi ng al gorithm havi ng an i nfPOT/FRRIOMO4SCRTr Ce
nmodel . The audi o decoder furthernore includes a conbiner for conbining

out put signals fromthe first decodi ng isarch 450 and the second decodi ng
branch 550 to obtain a conbined signal. The conbi ned signal which is
illustrated in Fig. 3b as the decoded audio internediate signal 699 is
input into a commobn post processing stage for post processing the decoded
audi o i nt er médicatdesi gnarcend, dopdding ordrehc il fed siegealingueputenby t he
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operate and’a%@?re%958a1'§9§m%5§hgg ggﬁagéeésiﬁfhrmation content com-
15 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-

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

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

20 termediate signal itself. Preferably, however, pre/post
processing parameters are transmitted from. an encoder to a

decoder, since this procedure allows an improved quality

of the decoded audio signal.

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

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

35 non-active encoding branch does not consume power and com-
putational resources which 1s useful for mobile applica-
tions in particular, which are battery-powered and, there-

fore, have the general limitation of power consumption.
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Fig. 4c¢ illustrates a further aspect of a preferred de-
coder implementation. In order to avoid audible artefacts
specifically in the situation, in which the first decoder
is a time-aliasing generating decoder or generally stated
a frequency domain decoder and the second decoder is a
time domain device, the boarders between blocks or frames
output by the first decoder 450 and the second decoder 550
should not be fully continuous, specifically in a switch-
ing situation. Thus, when the first block of the first de-
coder 450 is output and, when for the subsequent time por-
tion, a block of the second decoder is output, it 1s pre-
ferred to perform a cross fading operation as illustrated
by cross fade block 607. To this end, the cross fade block
607 might be implemented as illustrated in Fig. 4c at
607a, 607b and 607c. Each branch might have a weighter
having a weighting factor m; between 0 and 1 on the nor-
malized scale, where the weighting factor can vary as in-
dicated in the plot 609, such a cross fading rule makes
sure that a continuocus and smooth cross fading takes place
which, additionally, assures that a user will not perceive

any loudness variations.

ut put
coder



607a, 607b and 607c. Each branch m ght have a wei ghter having a weighting
factor mi between O and 1 on the nor nalized scale, where the weighting
fact or cawmovaryooas7i n dicated in the plot 609, such a crosEP@dions7s ul e
makes sure that a continuous and snooth cross fading takes place which,
additionally, assures that a user w | I- et -perceive any | oudness
variations.ln certain instances, the |last block of the first decoder was
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usi ng a wi ndow ng operation, when this actually per forned a
fade in operation, then the correspondl ng wei ght ing factor can al so be set
to 1 so that W&nev;eiagbwetchsfrm trmlslqz:dmelcelssadyr Tbetied of £ stwrizodee | ast

bl ock i i d_i d t d ol t
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the cross fa regi on |n er nor e, |s
preferred |nté‘li@ﬁgaog’ﬁ%&’|‘6}P]{eh§trolsﬁefﬁ%fﬁg bresElerof  one decoder has a
certain tine overlap with the first bl ock of

When the first block after a switch was generated using a

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

20 first block after the switch is windowed using the decocder
in order to provide a fade in, then the weighters 607a,
607b are not required at all and an addition operatlon by
adder 607c is sufficient.

25 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
decoder has a certain time overlap with the first block of

30 the other decoder.

If a cross fading operation is not required or not possi-
ble or not desired, and if only a hard switch from one de-
coder to the other decoder 1is there, it is preferred to
35 perform such a switch in silent passages of the audio sig-
nal or at least in passages of the audio signal where
there is low energy, i.e., which are perceived to be si-
lent or almost silent. Preferably, the decision stage 300
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lower than 5Q¥%efatbe wran ener a%robshbsaanti Oimd gﬁékt{&k a&ﬁgcﬁofoflor
exanple, two.or even nore por tions/frames of the audi o si

Preferably, ﬁﬁgssEE%nﬂw%ﬁﬁnxﬁWﬁEtr@Pé/GBCSH?ﬁ%erﬂ¥Fqs%%ﬂ1ﬁ€§095388&ec0d|ng
al gorithm | AokPC- thsed Speentrrcodnaggy aodi ther entdiat i igrizat weed is,

quasi - persodEQewa}!) -1 IR Xt %boefsmé'%ea%e% QU %'hgnswg”'ons

and noi se-1ike excitation signal segnents or signa tions, is na

Quasi - perlodF&gpﬁbuF§%@q?%éxbxéPFaFﬁéﬁP%?gn%Wo§@@ﬁ§ﬁ¥5“mFeetlm§l@ﬁér
segnent s havithgna/speedd icf phechuatie sogled wi th different nechani sns than
noi se-like excitation sig nals. \Wile quasi-periodic inpulse-like
excitation signals are connected to voiced speech, noise-like signals are
related to uR¥BEEERSYeckhs EREAPTaPNFYdingf srbavdeqad imgder ule Fgsansa to
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15 Quasi-periodic impulse-like excitation signal segments,
i.e., signal segments having a specific pitch are coded
with different mechanisms than noise-like excitation sig-
nals. While quasi-periodic impulse-like excitation signals
are connected to voiced speech, noise-like signals are re-

20 lated to unvoiced speech.

Exemplarily, reference is made to Figs. 5a to 5d. Here,
quasi-periodic impulse~like signal segments or signal por-
tions and noise-like signal segments or signal portions are
25 exemplarily discussed. Specifically, a voiced 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
quasi-periodic impulse-like signal portion, and an unvoiced
speech segment as an example for a noise-like signal por-
30 tion is discussed in connection with Figs. 5c and 5d.
Speech can generally be classified as voiced, unvoiced, or
mixed. Time-and-frequency domain plots for sampled voiced
and unvoiced segments are shown in Fig. 5a to 5d. Voiced
speech is quasi periodic in the time domain and harmoni-
35 cally structured in the frequency domain, while unvoiced
speed 1is randbm-like and broadband. In addition, the energy
of voiced segments is generally higher than the energy of

unvoiced segments. The short-time spectrum of voiced speech



speech segnent as an exanple for a noise-like signal portion is discussed
in connection with Figs. 5¢c and 5d. Speech can generally be classified as
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15 tudes and 1locations of the first three formants, usually
occurring below 3 kHz are guite important both, in speech
synthesis and perception. Higher formants are also impor-
tant for wide band and unvoiced speech representations. The
properties of speech are related to the physical speech
20 production system as follows. Voiced speech is produced by
exciting the vocal tract with quasi-periodic glottal air
pulses generated by the vibrating vocal chords. The fre-
quency of the periodic pulses is referred to as the funda-
mental frequency or pitch. Unvoiced speech is produced by
25 forcing air through a constriction in the vocal tract. Na-
sal sounds are due to the acoustic coupling of the nasal
tract to the vocal tract, and plosive sounds are produced
by abruptly releasing the air pressure which was built up
behind the closure in the tract.
30
Thus, a noise-like portion of the audio signal does not
show an impulse-like time-domain structure nor harmonic
frequency-domain structure as illustrated in Fig. 5c¢ and in
Fig. 5d, which is different from the quasi-periodic im-
35 pulse-like portion as illustrated for example in Fig. 5a
and in Fig.5b. As will be outlined later on, however, the
differentiation between noise-like portions and quasi-

periodic impulse-like portions can also be observed after a



mental frequency or pitch. Unvoi ced speech is produced by forcing air
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15 other frequency bands are considered to be tonal. In this
case, a certain time portion of the audio signal might in-

clude tonal components and noisy components.

Fig. 7a illustrates a linear model of a speech production
20 system. This system assumes a two-stage excitation, i.e.,
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 or noise of Fig. 7c or Fig. 7d, gen-
25 erated by the glottal model 72. The all-pole transfer func-
tion is formed by a cascade of a small number of two-pole
resonators representing the formants. The glottal model is
représentéd as a two-pole low-pass filtef, and the lip-
radiation model 74 1is represented by L(z)=1—qu Finally, a
30 spectral correction factor 76 is included to compensate for
the low-frequency effects of the higher poles. In individ-
ual épeech representations the spectral correction is omit-
ted and the 0 of the lip-radiation transfer function is es-
sentially cancelled by one of the glottal poles. Hence, the
35 system of Fig. 7a can be reduced to an all pole-filter
model of Fig. 7b having a gain stage 77, a forward path 78,
a feedback path 79, and an adding stage 80. In the feedback
path 79, there is a prediction filter 81, and the whole



and a random noi se for unvoi ced speech as indicated in Fig. 7d. The vocal
tract is nodelled as an all-pole filter 70 which processes pul ses or noi se
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transfer func tion is formed by a cascade of a small nunber of two-pole
resonators representing the formants. -Ti2d gl ottal nodel is represented as a
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compensate for the | owfrequency effects of the higher poles. In individ
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a predictgon fllter 81 and the whol esour ce- nodel synthesis system
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graphlcal tine domain description of “voi ced and unv0|ced speech synthesis

using the linear source systemnodel. This system and the excitation parane
ters in the @bgse equand ofd arizveurk goaphandl nuste omdénede st nigot foromfa

finite set of,o$PEECN.S@MRIESicdhe §oaddy C's?HEﬁeQIs A(u?s)m%r ecQbt & Hed,using a
| i near prediction anal¥5|s of .the i nput sagna and guantlzatlon of the
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of p passed %ﬁﬂghegroﬁhﬁ Pt ceebhl&l®Ndaples. The coefficients
15 of A(z) are obtained using a linear prediction analysis of
the input signal and a quantization of the filter coeffi-
cients. In a p-th order forward linear predictor, the pre-
sent sample of the speech sequence is predicted from a lin-
ear combination of p passed samples. The predictor coeffi-
20 cients can be determined by well-known algorithms such as
the Levinson-Durbin algorithm, or generally an autocorrela-
tion method or a reflection method. The quantization of the
obtained filter coefficients 1is wusually performed by a
multi-stage vector quantization in the LSF or in the ISP

25 domain.

Fig. 7e illustrates a more detailed implementation of an
LPC analysis block, such as 510 of Fig. la. The audio sig-
nal is input into a filter determination block which de-
30 termines the filter information A(z). This information is
output as the short-term prediction infofmation required
for a decoder. In the Fig. 4a embodiment, i.e., the short-
termAprediction information might be required for the im-
pulse coder output signal. When, however, only the predic-
35 tion error signal at line 84 is required, the short-term
prediction information does not have to be output. Never-
theless, the short-term prediction information is required

by the actual prediction filter 85. In a subtracter 86, a



can be determ ned by well-known al gorithnms such as the Levinson-Durbin
algorithm or generally an autocorrela tion nethod or a reflection nethod.
The quantweavican3@f t he obtained filter coefficients isPasERRéog/opsrs or ned
by a nulti-stage vector quantization in the LSF or in the ISP domain. Fig.
7e illustrates a nore detail ed inpl ementeat i-on of an LPC anal ysi s bl ock,
such as 510 of Fig. la. The audio sig nal is input into a filter

determ nati on bl ock which determnes the filter information A(z). This
information is output as the short-termprediction information required for
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S|gnal IS |nput and cted va e current sanp I'S SU tracted
so that for tIﬁivswé"éﬁﬁlfefofhélﬁFéEIYc%F%‘he%fr rEnY siigs iegEdnsgt &§/8€ 1ine
84. A sequenecempbnsntd, preedi.cthove emoar Ségnalildanpraseds VBistefore,

schemati cal | y;il Iz‘% D%;edbéncgh?idgg?@r d,a vﬁq}de OE oL (‘fl %l;: EX?I ssues, any

i ssues regar i conponents ave not been il
Ther ef or e, Flpg‘ls?clé&‘ﬁ porednsi dered as a kind of a recti f| ed i m pul se-1ike
signal . $ubsequently, an anal y5| S- by synt hesis CELP encoder will be

di scussed 10 SOAIEGELPN, WD F1.0y 6oL, 06l 0 ] Lot LALEAL Do i1y be o

nodi fi cati ons |sa Of i trat
This CELP en@é@éﬂsﬁgddi%c%@ﬁﬁwwé{l&lhl Fig." §péachrdedi hg: lhlq’iﬁtlb?rﬁ%l

Revi ew', Andrg@s mSpani €asiory eppadiedgsootnifienlddi eyl as821 100t rddhd
Gt ober 19941n Figs. 10 to 13. This CELP encoder is discussed in detail
15 in ™“Speech Coding: A Tutorial Review”, Andreas Spaniels,
Proceedings of the IEEE, Vol. 82, No. 10, October 1994,
pages 1541-1582. The CELP encoder as illustrated in Fig. 6
includes a long-term prediction component 60 and a short-
term prediction component 62. Furthermore, a codebook is
20 used which is indicated at 64. A perceptual weighting fil-
ter W(z) is implemented at 66, and an error minimization
controller is provided at 68. s(n) is the time-domain input
signal. After having been perceptually weighted, the
weighted signal is input into a subtracter 69, which calcu-
25 lates the error between the weighted synthesis signal at
the output of block 66 and the original weighted signal
Sy (n) . Generaily, the short-term prediction A(z) is calcu-
lated and its coefficients are quantized by a LPC analysis
stage as indicated in Fig. 7e. The long-term prediction in-
30 formation Ap(z) including the long-term prediction gain g
and the vector quantization index, i.e., codebook refer-
enceé are calculated on the prediction error signal at the
output of the LPC analysis stage referred as 10a in Fig.
7e. The CELP algorithm encodes then the residual signal ob-
35 tained after the short-term and long-term predictions using
a codebook of for example Gaussian sequences. The ACELP al-
gorithm, where the “A” stands for “Algebraic” has a spe-
cific algebraically designed codebook.



pages 1541-1582. The CELP encoder as illustrated in Fig. 6 includes a

| ong-term prediction conponent 60 and a shortterm prediction conponent 62.
Fur t her noWe,20H/Wéd@book i s used which is indicated at 6RCTAPREPOHETIAl
weighting fil ter Wz) is inplenented at 66, and an error mnimzation
controller is provided at 68. s(n) is -+ i me-domain input signal. After
havi ng been perceptually weighted, the weighted signal is input into a
subtracter 69, which calculates the error between the wei ghted synthesis
signal at the output of block 66 and the original weighted signal Sw (n).
Generally, the short-termprediction A(z) is calcu lated and its
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square er rgEEat the.ﬁutput of the subtracter, 69 is mnimzed. The search
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15 the LPC domain. The TCX coding processes directly the ex-
citation in the frequency domain without doing any assump-
tion of excitation production. The TCX is then more ge-
neric than CELP coding and is not restricted to a voiced
or a non-voiced source model of the excitation. TCX is
20 still a source-filer model coding using a linear predic-
tive filter for modelling the formants of the speech-like
signals.

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

description. The TCX modes are different in that the

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

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

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

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



codi ng can be nore appropriate to code the excitation in the LPC donain.
The TCX codi ng processes directly the ex citation in the frequency domain
wi t hout owonrglozmegelassunp tion of excitation production. PCHEPT@X 004873 hen
nore ge neric than CELP coding and is not restricted to a voiced or a

non-voi ced source nodel of the excitat+@7v. -TCX is still a source-filer
nodel coding using a linear predic tive filter for nodelling the formants
of the speech-like signals . In the AMRWB+-1i ke coding, a selection

bet ween different TCX nodes and ACELP takes place as known fromthe AVR B+
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ti-channek (%rgroaﬂﬂéwidﬂ smw.engl@w&@p 18dwahdr, a@x‘e’“@&%&ﬂ/ grehand
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wi dt h ext ensiF6iY S8 agﬁd‘5”%ub%%ﬂﬂ£%t¥y386ﬂﬁe lc&?ﬁpe 155%9fanne
st age 702. Pméﬁ@pablyth¢ru§qhma%uenuﬂylC¢anﬂﬂtfstagen¢®1dts e ttemseopect to

the encoder, s%la@e%eda bed e dthhe dandh wiodt @t%%e%'t%ﬁt A& Hfiectard, on
t he decoder si g€, nd width extension stage 701 is connected before

the joint nuﬂtﬁ@ﬁaﬂHEFlg?%Rﬂf'7G§aﬂfth respect to the signal processing
directiod0 Alternatively, however, the comon pre processing stage can

i ncl ude a j oty AL chapngh, 5t aasr%t Oue e sthasguantly sgongected

bandw dt h exten5|on st.age _ar a band extension stage Wt
connected.|oﬁﬁFoﬁﬁFtF&ﬁﬁnﬁgﬂastéBéb R“Br@ﬁeFP@ddé%QﬁﬁFesﬁéﬁ 5026|ﬁpd
mul ti channel ™Ragesonltthetrated in the context of Fig. 8. A number of

E original input channels is input into the downmixer 101la
15 so that the downmixer generates a number of K transmitted
channels, where the number K 1is greater than or equal to

one and is smaller than E.

Preferably, the E input channels are input into a Jjoint

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

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

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

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



encoder side 10la, 101b and on the decoder side 702a and 702b is
illustrated in the context of Fig. 8 . A nunber of E original input
channel s WO 20rppw8617nt 0 t he downm xer 10la so that the deammPzew/opsner ates a
nunber of K transmtted channels, where the nunber Kis greater than or
equal to one and is smaller than E . PrefSerably, the E i nput channels are
input into a joint nultichannel paraneter analyser 101b which generates
para netric information. This paranetric information is pref erably
entropy-encoded such as by a different encoding and subsequent Huffnan
encodi ng or, NEMPeEnafi epysSniird oeianinedrs tiavetiec serfdadileg MoTRe cdadoded
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i nter channelyigoBgfeRce-dEasH@anoas.i s known fromthe BCC technique or as
is known and is described in detall in the MPEG surround standard.
Thenunber of transmtted channels may be a single nono chan nel for
ul tra-1 owW0bi tinr airee apyd iecenitansooy mhy idesinmdeca pempatnbdl e Medghded
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ter analyser 101b will calculate audio object parameters
15 such as a correlation matrix between the audio objects
preferably for each time portion and even more preferably
for each frequency band. To this end, the whole frequency
range may be divided in at least 10 and preferable 32 or
64 frequency bands.
20
Fig. 9 illustrates a preferred embodiment for the imple-
mentation of the bandwidth extension stagé 102 in Fig. 2a
and the corresponding band width extension stage 701 1in
Fig. 2b. On the encoder-side, the bandwidth extension
25 Dblock 102 preferably includes a low pass filtering block
102b and a high band analyser 102a. The original audio
signal input into the bandwidth extension block 102 is
low-pass filtered to generate the low band signal which is
then input into the encoding branches and/or the switch.
30 The low pass filter has a cut off frequency which is typi-
cally in a range of 3kHz to 10kHz. Using SBR, this range
can be exceeded. Furthermore, the bandwidth extension
block 102 furthermore includes a high band analyser for
calculating the bandwidth extension parameters such as a
35 spectral envelope parameter information, a noise floor pa-
rameter information, an inverse filtering parameter infor-
mation, further parametric information relating to certain

harmonic lines in the high band and additional parameters



In one inplenmentation, the downm xer perforns a wei ghted or unwei ghted
addition of the original E input channels or an addition of the E input
audi o objwotsg1o/dossicase of audi o obj ects as input channelPST/EPR@9j00isn:

mul ti channel parame ter anal yser 101b will cal cul ate audi o obj ect
paranmeters such as a correlation matrix 2et-ween the audi o objects
preferably for each tine portion and even nore preferably for each
frequency band. To this end, the whole frequency range may be divided in at
| east 10 and preferable 32 or 64 frequency bands. Fig. 9 illustrates a
preferred enfSdidhsrtsFed theletiile iredtat %"8%01‘ ghan vidtihee@héRsi on
stage 102 i n theirg. rea;ataﬂd tdhes e p abh d gr exsinid-awi@dihh - @diognsicon 4atogge 701

in Fig. 2b. @nztogg epg eg %h% terh(?l EaTQm dth extension bl ock 102
g

preferably include$s a ow pass filterin ock 102b and a hi gh band
anal yser 102a. The ori gi naI audi o signal input into the bandw dth extension

bl ock 102si sdnomaaaécaaéieéﬂfbtocr&ewn@wdt;heek@%@%}d wighal7oahiieh is
then input i ntodtehe encodi ng Qﬂches and/.or tt he vxbt ch. . The | gr}é\)/ %ass
filter has a cUfSsf o P2 u}éncy fchif's 3 tEal pr A9 aRgEBPIBRE t o
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calculating th h ext.ensi on aneters such as a spect raI envel ope
par anet er i nf%‘?n‘?&?l g’ﬁ( dtg‘ ncﬁ élsf:|960r7%3§ t dPPYAF dIa |tc35‘ﬁ A YShGEr se
filteringOpari@ibt és iprbuidedt bvna patther paranets i grdustednuto arriekat i ng

Lo certain har@OHiGnl s inghle Hrah baadigndsaddi bignal BacATELengas
di scussed in detail l\/Ig

g H G4 standard in gel % rel ated
spectral bandfPFEHEPLaLPBA (FREFFEC IULYE % YpartY ?a“d@H&H’eFXJ 6.18).
On the decoderensiide, The pandvirdt petficenstohybtbekpdtidhdm Wladesyabpat cher
701a, an adj yst ghe PR, apdr2oFAIRI N8F a2 harmonic way or in a non-
15 harmonic way.. The signal generated by the patcher 70la is,
subsequently, adjusted by the adjuster 701b using the

transmitted parametric bandwidth extension information.

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

algorithms in the common pre-processing stage for both



701c. The conbi ner 701c conbi nes the decoded | ow band sig nal and the
reconstructed and adjusted hi gh band signal output by the adjuster 701b.
The i nputwOnbw/tb@7adj uster 701b is provided by a pat checTmEr@k/0p87dper at ed
to derive the high band signal fromthe | ow band signal such as by spectra
band replication or, generally, by banrdaodth ex tension. The patching
performed by the patcher 70la may be a patching performed in a harnonic way
or in a nonharnonic way. The signal generated by the patcher 701la is,
subsequent |y, adjusted by the adjuster 701b using the transmtted
paranetric b&addsdeli edgeadbonlinfer et ilowleAsnt ndncatfdd ciienEi gncBdand Fi g.

9 , the descrihBedebb@rks JmerRave a node control input in a preferred
enbodi ment. Thi's node control input is derived fromthe decision stage 300

output signal. In such a preferred enbodi nent, a char acteristic of a
correspondingiblodﬁanaydbéigdaﬁﬂbditbustmﬁtkaﬂEannrﬁﬁﬁyEnmuum@uﬁmbne
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music is nade for a certain tine portion of the audi o sig erably,
the node cont-P8P 8ﬁF§s+%ﬂe&%ﬁﬁqq59§ﬁ€dorHﬁ6?e %ﬁet?kgqﬁﬁuﬁq%%ﬁﬂeFtﬁ@anf
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the decision gy gpf'ggn%eer%hx e, gscgg@] o2 but e%xlnotffe%g' H%pcethe

ot her bl ocks in may, uence on
mul ti channel PﬁéFéﬁ’ét of Gl ingtt fGE@anlnhFPga ghaachtistie O'thhélh Eﬁocks in
Fig. 8 .10hi suippbemdatt ahiien digynpref@nably sucheddwaten hy gbpe frliexibility

and hi gher augl chbYn8 B b adY o f AP O Pale HHMe ol 8 3hRR sBY

provi di ng flexi rocessi n e ot her
hand, howevef© Fﬁésu§a§e Eheaﬁg%@@¥Pﬁﬁ@%ﬂ?aﬁhéo@énﬁﬁﬁ Gﬁélyﬁécééglﬁg st age
for bot hki ndsiief isipgralss gakl owstbo tiheplcmeah @rreeb&beeegin@ngaalge or
'ng/deCOd'ngnégh%HElyse the audio signal output by the common pre-
15 processing stage, i.e., the audio intermediate signal or
may analyse 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
k channels indicated in Fig. 8. On the output-side, the
20 signal analyser 300a generates the switching decision for
controlling the switch 200 on the encoder-side and the
corresponding switch 600 or the combiner 600 on the de-

coder-side.

25 Alternatively, the decision stage 300 may perform a closed
loop decision, which means that both encoding branches
perform their tasks on the same portion of the audio sig-
nal and both encoded signals are decoded by corresponding

© decoding branches 300c, 300d. The output of the devices

30  300c and 300d is input into a comparator 300b which com-
pares the output of the decoding devices to the corre-
sponding portion of the, for example, audic intermediate
signal. Then, dependent on a cost function such as a sig-
nal to noise ratio per branch, a switching decision 1is

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

does not have any disadvantage from this. process, since



Fig. 10a and Fig. 10b illustrates two different inplenentations of the

deci sion stage 300. In Fig. 10a, an open |loop decision is indicated. Here,

t he si gnavoanslops@r 300a i n the deci sion stage has cert &CH/RP000H048M3 Or der
to decide whether the certain time portion or a certain frequency portion
of the input signal has a characteristi 81which requires that this signal
portion is encoded by the first encoding branch 400 or by the second
encodi ng branch 500. To this end, the signal analyser 300a rmay anal yse the
au dio input signal into the common pre-processing stage or nay anal yse the
audi o si gnal thBat fAECBYT t BN cARTAH gIepsdvesisendghst ayéput. ef, thhe gudio

i nt er medi at ecsugng! de&igr%yn an’ﬁllrl]é'ﬁ@fcﬁﬁb,i n@r]?é nﬁmﬁé& gwarhoaélth%\ﬂp&ﬁe comgon
pre processi st age such as t.he .output, o e downni x signal which may be
D ono i gnal S CarREn Ty T gnan o dUrhb K CHATIAAT H AP CAPedPT n B o
8 . On the owipgatsinie, imevisighdihanawsexi3@0afgeher deesdeheiswnbthi ng

deci si on §or agoRkEQL! kAgnt e Wi bQBaéQQs@Ih%hﬁopﬂrl%Q‘i"oh%i d8e2B8dthBge
correspondi ng _swi tch 600 ga t he _conbi_ner 6Q0 on th coder-sj d

e d e .
Al ternativel yS £R&YdEciSEPon SPBEET366 ﬁﬁﬁoﬁéF?oPH¥aac&8§88 PEBRSHetf si on,
whi ch neans tlhaebdéos hwleindodiing abdanches hperd drombehemart askd dredhe sane
portion of the audio sig nal and both encoded signals are decoded by
correspondin% decodi ng branches 300c, 30Qd. The out put of the devices 300c
and 30Cd is TRBUEOFht SUBCERRARRGEBA0b tIF QPreaRPpaF es0PRe™dYit BEit2of the
decodi ngldevicoes ttantheowodrevapogi ggabdty | aspadtd hey oy lexaapkestaudi o
i nter medi at e S heh, t 0 § h .51 g nal
to noise ratfgbgg?%%r%nphflggggﬁggﬁiﬁggagggs?%ﬁLﬁgqﬁéggfﬁ%ﬁigﬂgfgégg | oop
deci si on has 9ZAVFRCPRAREY T&fpIasReCty 5nPay ebe td THR id5eh cosép THBET si on,

but this conuliex driven by any combination of bit rate, quality, noise
(introduced by coding artefacts, specifically, by quanti-
15 zation), etc.

Preferably, the first encoding branch and/or the second en-
coding branch includes a time warping functionality in the
encoder side and correspondingly in the decoder side. 1In
20 one embodiment, the first encoding branch comprises a time
warpér module for calculating a variable warping character-
istic dependent on a portion of the audio .signal, a resam-
pler for re-sampling in accordance with the determined
warping characteristic, a time domain/frequency domain con-
25 wverter, and an entropy coder for converting a result of the
time domain/frequency domain conversion into an encoded
representation. The variable warping characteristic is in-
cluded in the encoded audio signal. This information is
read by a time warp enhanced decoding branch and processed
30 to finally have an output signal 1in a non-warped time
scale. For example, the decoding branch performs entropy
decoding, dequantization and a conversion from the fre-
quency domain back into the time domain. In the time do-
main, the dewarping can be applied and may be followed by a
35 corresponding resampling operation to finally obtain a dis-

crete audio signal with a non-warped time scale.



ity is only existing on the encoder-side, and a decoder does not have any
di sadvantage fromthis process, sincethe decoder can advantageously use the
out put ofwohlor/mssicodi ng deci sion. Therefore, the cl ose@#Crarpoomoos’s s pre
ferred due to conmplexity and quality considerations in ap plications, in
whi ch the conplexity of the decoder is i@ -an issue such as in broadcasting
applications where there is only a small nunber of encoders but a | arge
nunber of decoders which, in addition, have to be smart and cheap. The cost
function applied by the conparator 300b may be a cost function driven by
qual ity aspefE®eBAlRgyCheCH ot MpAEMEBha ey P BV 186 8ESaspetlhs W~ may be
a cost functiventdveverthydbjt that @naspects AELRBEYs beam s@n‘mmpe&n@@ﬁédfunc

tion driven q¥x %@ngggy Qat %.ﬁnsg%tvpége raI,the’ Lgnu emexg?ggcl)rife%%r %?)é/:luced by

coding artefacts, specrfi uanti zati ol t he
first encodlﬁ@rﬂﬁénéﬁkwkﬂ@rd@ﬁet%bcéﬁéréﬁecﬁﬁdhgmbraﬁcnmnﬁmmxm@naé%lne

war pi ng fenctdieeal ikt yvbnothe @DCﬁaein?l Qee@&%ﬁwarlqsypgeguagw St el
decoder si de.

t t
war per nndulelﬁo?ggaﬁgufﬁg EE Eéﬁ%rlﬁﬁﬁg§ﬁﬁ$g%%§g§%aWé§FePrP§?$ %%%%ﬁdehpe
on a portioncempuleragasbens ganth ahatsahpl énvéntive-mafipldmg@ian recor dance

with the det efFqaad V@ern@rraqwhar@f:et eptS4d e Méﬁr@lmmsn/tfﬂe%lf%@ey gomai n
converter, and an.entro converting a resu of the tinme domai n/

frequency doﬁﬁ?ﬁu§85v8F§§5ﬁmlRf8d3ﬁteﬁé58e8 6ﬂé§@nF89Foﬁt°fﬁ8 Var i%bl e
war pi ng &har getcbinstieadabler chudier i nthdepeopode deearli ve signaper dted

i nformation i, %@siféymﬁms R V@Jv%n%@b@”ﬁ@@h&@&%é?ﬂ tﬂ@aesmp@@& Rgasessed
to finally have an 0§B$Ut Si in a non-warped tine scal e, For ‘exanple,

t he decodlngQEFEnEHO ¥ of éﬂlfbﬁVmBBESHrn Y fiFarOr 28t i bRS arfel &~
conver si on fmowetm@tmpdsquemcytﬂunmﬁ@rbacb|¢nmpuﬂa;tpnugmkmnhaV1mq1ahe
time do program code for performing at least one of the inventive

15 methods when the computer program runs on a computer.

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

20 transmission medium such as the Internet.

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

25 nmwents and the details described herein will be apparent to
others skilled in the art. It is the intent, therefore, to
be 1limited only by the scope of the impending patent
claims and not by the specific details presented by way of
description and explanation of the embodiments herein.

30



mai n, the dewarping can be applied and may be foll owed by a correspondi ng
resanpling operation to finally obtain a dis crete audio signal with a
non- war pestot2nm®os@al e. Dependi ng on certain inpl enent at i @aTEPqUONRLBENt S Of
the in ventive nethods, the inventive nethods can be inplemented in
hardware or in software. The inpl enent-atdi3or can be per fornmed using a
digital storage nedium in particular, a disc, a DVD or a CD having

el ectronical |l y-readabl e control signals stored thereon, which co-operate
wi th programmabl e conputer systens such that the inventive nethods are per
formed. Generally, the present |nvent£&@_E§ therefore a conmput er program
product with a program code stored on a nachi ne-readable carrier, the

progran1code bei ope e o e fornln t he inven |ve t hods en the
conputer pro gra&n@%r(gd%%% éjeuns£%]ﬁ SLoh egr M PSS WIS TR 9 ven

tive nethods areSompmwisiingrie, a conputer program havi ng a program code for
performng at |east one of the inventive methods when the conputer program
runs on a conpute e inventive enco 0 signagl. can be stored on a
digi tal storage® nEiﬁ{hn?ﬂ£99§Hgb r?P%?sﬁ%béxa Qﬁ1e %Paéﬁgn?gs?% redium such
as a wrel ess trhgemdigiten stgdadm(dPSh Wi rectdndansei §$tbna nBdisimauth as

the Internet. The, bQMfoﬂQ:%‘ﬁ\“ bed %m?ggl&@aﬂltrﬁg %rl%o@_e_rcﬁllnthir&@tarrat e for
t he principles o% he present invention. It der st ood

modi fi cations antP¥R5HN cHd oM QPPaHGQﬁEﬂF%n%md“?H% %%ﬁ%ﬁl%?%ﬁ%crlbed
herein w0l be apparkernindlo ottmrts sigraled encotihd apectial i snfdwsndtniteent ,

therefore, to berljridad ¥hgya59§osgfgﬁ%fﬂ= the i npendi ng patent clains
and not by the specific details presented by way of description and

expl anation of the enbodi nents herein.Clains 1 . Audio encoder for
generating an enegodedoanddieocsidgngl breonpri($0Ay: farf iensbdéngodinngadatianch

(400) for encodi pg & AUHR idhgnal (195) in accordance with a second
15 coding algorithm, the second coding algorithm having an
information source model and generatihg, in a second
encoding ‘branch output signal, encoded parameters for
the information source model representing the interme-
diate signal (195); and ‘
20
a common pre-processing stage (100) for pre-processing
an audio input signal (99) to obtain the audio interme-
diate signal (195), wherein the common pre-processing
stage - (100) is operative to process the audio input
25 signal (99) so that the‘audio intermediate signal (195)

is a compressed version of the audio input signal (99).

2. Audio encoder in accordance with claim 1, further com-
prising a switching stage (200) connected between the

30 first encoding branch (400) and the second encoding
branch (500) at inputs into the branches or outputs of

the branches, the switching stage being controlled by a

switching control signal.

35 3. Audio encoder in accordance with claim 2, further com-
prising a decision stage (300, 300a, 300b) for analyz-
ing the audio input signal (99) or the audio intermedi-

ate signal (195) or an intermediate signal in the com-



termedi ate signal (195) in accordance with a first cod ing algorithm the
first coding algorithmhaving an in formation sink nodel and generating, in
a first ewmoadiog3sdranch output signal, encoded spectral PCHfERRODRIDL3MA3
representing the audio signal; a second encoding branch (500) for encoding
an audio internedi ate signal (195) in-acdordance with a second codi ng
algorithm the second coding al gorithm having an informati on source node
and generating, in a second encodi ng branch output signal, encoded
paranmeters for the information source nodel representing the interne diate
signal (195); anB®d EBEAMDIPFIEPPocESdiend 18Pagén( 100§ PHr IpPEI§RHBEEYSi ng an
audi o i nput signakdéP9}ot 6indt ai RikBecaudireghehey NBoLh Bdre & gnasirlds) ,

wherein the co e: i_ng .stage 0 i rative,to.process the
e Popie CoreD BESPEORRIS0.R' AEA 00, S0RE Shikey o precess !
conpr essed ver si GheofnEPREARIRPUtNpEENSL gaeie D®d by thaudissenemerd—in
accordance W th ¢hgi Brincnhf Wit hele COHMJUdS] MGt putsvé 1 ING g 200)
connect ed betmee@hgheeéég tengﬁdin%rbLQQCh (400) and the second encodi ng
branch (500) at i nputS Tt o t97€ 'HPartABS or outputs of the branches, the
swi tching stage being controlled by a switching control signal. 3 . Audio

encoder in accor danes Whtbd&t aiM dccofddddtery M dHd SbNJtiRe depLSdPThpt age
(300, 300a, 300b) .for analyz | t he audi o i nput si gnal 4992 Q%ngﬂﬁ)audlo
intermedi ate si gnar™{1o5} BPEh Tt THER RS SSPIRSFSF AT het Y )

pre-procé8si ng stiagep¢d@o)ve o iced codaf e equemwy nne-grdeessongi parand+ ne or

frequency portioRef &o8i GNglork@ohe df aamAdLd ITh R eNcRdar Rt pyi- si gnal
either as the encgdgd output,3|%nal gengrg%ed q¥ the first encod qglbranch
or the encoded oGtPatestyriaitgéhefifled Bytterent second portion o €

audio intermediate signal (195) and to introduce an en-
coded representation of the pre-processing parameters
15 in the encoded output signal, wherein the encoded out-
put signal additionally comprises a first encoding
branch output signal for representing a first portion
of the audio intermediate signal and a second encoding
branch output signal for representing the second por-

20 tion of the audio intermediate signal.

5. Audio encoder in accordance with one of the preceding
claims, in which the common pre-processing stage (100)
comprises a joint multichannel module (101), the joint

25 multichannel module comprising:

a downmixer (10la) for generating a number of downmixed

channels being greater than or equal to 1 and being

smaller than a number 6f channels input into the down-
30 mixer (10la); and

a multichannel parameter calculator (101lb) for calcu-
lating multichannel parameters so that, using the mul-
tichannel parameters and the number of downmixed chan-

35 nels, a representation>of the original channel is per-
formable.



t he second encodi ng branch. 4 . Audi o encoder in accordance with one of the
preceding clainms, in which the common pre-processing stage (100) is

oper at i vewbaooalodulrat e conmon pre- processi ng parane ter CrmpP2@9p0+373 on of
the audio input signal not in cluded in a first and a different second
portion of the audio internedi ate sigraB5(195) and to introduce an en coded
representation of the pre-processing paraneters in the encoded out put
signal, wherein the encoded out put signal additionally conprises a first
encodlng branch output signal for representing a first portion of the audio
i nt er nedi at e®si ghelP3EHd 5 15 @6RATERRERI| i ThrcdRéR Sut put Whighaiheg grul-
representing thetseedithpqiddaie tefrst Iaeeaudt@rtn&zerﬁ@pdlé&@l Scﬂ:gﬂ‘?érerfé:e Audi o
encoder in accor?ance with ong. of .t he Brecedlgch ai ns ich the common

pre- processi ng stage { 100) (ﬂﬂﬂﬁﬁ%&ﬁ?ne j oAt © %?%hgﬁnéfﬁﬁﬁﬁﬁfs ®fo1), the

joi nt nul ti channedmelrid e iodepehanngl hatpvinbierentolnd réme temmeriat-i ng a

nunber of 5 downni fs@pcrcmeItamaeumgfsf&@éeerpatﬁa@@t@&squaélé %o &id hel ng
smal | er than a nunber nne Q%& ownni xer (101a) and a
Ul t1 Channel par ST S £C QRARGH 04 0y S TR o6 hrat PATFRG A 11 chanel

paranmeters so that, using the nmul tichannel paraneters and the nunber of

downmi xed Channe}\l%ll@- Lo gsent At Qb Rfanlhe vﬁrt'hg'd?l%l cpfhaﬂ}ﬂaelpfe%edlng
performable. 6 . Ag aratus i accordance with claim5 , in which t h

ti channel paramete? ¥ 4r et it C&ham’r‘?elcqmg\%l p(ﬁ?’r’?@?‘é‘ﬁ%%l%r%eer%l 0"
i nt er chabh®el corcehptiors or oherdnitd pateareder snalydier chaaywel (lgigse
di fference parangtgss;sidy.erchannel time difference paranmeters, audio
obj ect pa raneters or direction or diffuseness paraneters. 7 . Audio
encoder in accordance with one of the preceding

a band-limiting device (102b) for rejecting a high band

in an input signal and for generating a low band sig-
15 nal; and

a parameter calculator (102a) for calculating band
width extension parameters for the high band rejected
by the band-limiting device, wherein the parameter cal-
20 culator (102a) is such that using the calculated pa-
rameters and the low band signal, a reconstruction of a

bandwidth extended input signal is performable.

8. Audio encoder in accordance with one of the preceding

25 claims, in which the common pre~-processing stage (100)
includes a joint multichannel module (101), a bandwidth
extension stage (102), and a switch (200) for switching

between the first encoding branch (400) and the second

encoding branch (500),

30
wherein an output of the joint multichannel stage (101)
is connected to an input of the bandwidth extension
stage (102), and an output of the bandwidth extension
stage 1s connected to an input of the switch (200), a
35 first output of the switch is connected to an input of

the first encoding branch and a second output of the

switch is connected to an input of the second encoding



clainms, in which the conmon pre-processing stage (100) conprises a band

w dt h extension analysis stage (102), conprising: a band-limting device
(102b) f owonrejoemséiing a hi gh band in an input signal andPCOEP@IMIESIS NG a

| ow band signal; and a paraneter cal culator (102a) for cal cul ati ng band

wi dt h ext ension paraneters for the high3band rejected by the band-limting
devi ce, wherein the paraneter calculator (102a) is such that using the

cal cul ated pa raneters and the | ow band signal, a reconstruction of a
bandw dt h extended input_ signal is performable. 8 . Audi o encoder in

accordance with JRSF 09 pr 08dioNGPEFS RE, the GRFeBIRKLBIRRGS are

pre-processi ng stagedtHidko acbitdest gedroi ftrmaut! t(BODANNel nodul e (101) , a
bandw dt h extension stage (102), and a switch (200) for sw tching between
the first encoding branch (400) and the second encodi ng branch (500) |,
wherei n an ott putUd¥C t§EJISITn i ndicerERanfel Y agel 3013 i fté¢ to an
i nput of 3 he bangkdidiivrextegei QBOSE agﬁ ddX2) iveand a]l:ia!Dyli@Lﬁ d?efchitsh@n )
bandw dt h ext ensj st IS e to an in e swt 200), a
first output of %%(e]gesvﬁq'g)ct %%ggggng%?e%eirocq‘alﬁlgi %g?jt 88FE¥%%S :‘A%Or gﬂte (éerrl‘codi ng
branch and a sece?fPblputhoffitsd Spicogdhngsbeadnplect €0k o7idm inatter t he

second encodi ngbg afredl (0@ iseandt 08t Prts frtlhe eneodhng bsmanches tar e
di o, encoder, i n, accardance

connected to a bjt streamforner. (800) ..9
with claim3 , i%he\?/\h‘?%%or} eend:eogilglgo%répgae((r’%@g) YREEpE} ath S 150 5404 yze a
deci si onl@t age ispadge sigAl foropenrchvagtd ornpoyts ohssed be en coded by

the first encodi ngor anghr{4Q) wikhbue hel t&fcsddnakno paiise dAldR At a
certain bit rate cqupred to the secoPd qupdln% brangp 50.3 , wherein the
deci si on sign or based on a close oop algorithm‘using 'an en-

coded and again decoded signal.
15 10. Audio encoder in accordance with claim 3,

wherein the common pre-processing stage has a specific
number of functionalities (10la, 10lb, 102a, 102b) and
wherein at least one functionality is adaptable by a
20 decision stage (300) output signal and wherein at least

one functionality is non-adaptable.

11. Audio encoder in accordance with one of the preceding
claims,
25
in which the first encoding branch comprises a time
warper module for calculating a variable warping chaxr-

acteristic dependent on a portion of the audio signal,

30 in which the first encoding branch comprises a resam-
pler for re-sampling in accordance with a determined -

warping characteristic, and

in which the first encoding branch comprises a time do-
35 main/frequency domain converter and an entropy coder
for converting a result of the time domain/frequency

domain conversion into an encoded representation,



stage (300) is operative to anal yze based on an open | oop al gorithm w thout
an encoded and agai n decoded signal or based on a closed |oop algorithm

usi ng an w0 0wd®sbiand agai n decoded signal. 10. Audi o eRrCOAEPRONOMO4BCEOr dance
with claim3 , wherein the common pre-processing stage has a specific
nunmber of functionalities (10la, 101b,- B02a, 102b) and wherein at |east one
functionality is adaptable by a decision stage (300) output signal and
wherein at | east one functionality is non-adaptable. 11. Audi o encoder in
accordance with.one of the preceding clains, in which the first encoding
branch conpri ses¥3I¢He W pér ipbd6l WarBing ARanastierd saicat f abtel Y&8Pi ng
char acteristic tlepetsleniccatrda apaibi efigndlt he audi o signal, in which the
first encoding branch conprises a resanpler for re-sanpling in accordance
wi th a determ ned warping characteristic, and in which the first encoding
branch conpr itéesPadi® nBneRdN nil f REGREFRCONEIM Wohver t Bre apBe @A r opy
coder forsconvertiagnsg, (rjﬁsumidhf tIhléecbhﬂ?(@n\jﬁf@ﬂd‘d’eﬁ@dﬁ@Cytﬁi@é’aiﬁ op-
conversion into 0 representation rein_the variable. warping
characteristic igp?ﬁgf%dgg in PHE er}iriccoi et taug‘f% %P%%ﬁ E.’(%lazte. ih%l‘?%fse’ncoder
i n accordance wi 8hdonaestinhe fprec@iimgaudis nkntemeagiiadle thi@redmmuoihe
pre-processi ng stagsti anaP t@eatidEordd QsdiY Btad@ashndWa itiQCIedit e
signal s, and wherej N, for e%():ﬁh aucé%ho Lnte}{)madi ate.siNgnal tcrlle first and the
second coding br SAEhCAHE £ TPEr CERi Y THIHG SodtwlERVEA®Tt wo branches i s
provi ded1013. Method of audi o encoding for generating an encoded au di o
signal, conpnizsi REth6ACHEI REA{ 40N AN RHES: IgaherAedhqt &n SLYOGIed 182) In

dio signal, comprising:

encoding (400) an audio intermediate signal (195) in
15 accordance with a first coding algorithm, the first
coding algorithm having an information sink mddel and
generating, in a first output signal, ‘encoded spectral

information representing the audio signal;

20 encoding (500) an audio intermediate signal (195) in
accordance with a second coding algorithm, the second
coding algorithm having an information source model and
generating, in a second output signal, encoded parame-
ters for the information source model representing the

25 intermediate signal (195); and

commonly pre-processing (100) an audio input signal
(99) to obtain the audio intermediate signal (193),
wherein, in the step of commonly pre-processing the au-

30 dio input signal (99) is processed so that the audio
intermediate signal (195) is a compressed version of
the audio’ input signal (99),

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

put signal or the second output signal.



accordance with a first coding algorithm the first coding al gorithm having
an information sink nodel and generating, in a first output signal, encoded
spectral woforommBiéion representing the audi o signal; encedrep2¢S00487an audi o
internedi ate signal (195) in accordance with a second coding algorithm the
second codi ng al gorithm having an i nfer@8tiron source nodel and generating,
in a second output signal, encoded parane ters for the information source
nodel representing the internediate signal (195) ; and commonly
pre-processing (100) an audio input signal (99) to obtain the audio

i nt er nedi at elgl \éqm( 198§0dehetern, 49Gpimg strepeBrogedmEicy OprelPrideessi ng
the audi o i nput sbElsi@) is processed so that the audio internediate
signal (195) is a conpressed version of the audio input signal (99), '
wherein the encoded audi o signal includes, for a certain portion of the
audi o signal eitfefixgle ¢¢QQﬁlW§u@r§GFhS|éﬁﬁi 6#01 heos ederrtling mm en-

signal . 145 Audi océlegpderqgrfar ed%a@unQnaac@a@esl@@e abtio $1gNdde CRRId Si ng:
a first decoding ranc adi n ed signal encoded

4
in accordance wi th9E ¥ (Pavaﬁgnﬁ%afgéﬁFf ﬁfﬁbgﬁﬁg gﬂg?ﬁfornatlon si nk

nodel ; a second decodi ng branch (530, 540) for decoding an en coded audio

signal encoded i g SCEHAMCR M n%hbaaﬁaeomiacm@mg %bgoaé&mmvamga@n
i nformati on source %$del a conbi.ne |n|n put S

fromthe first d&gd ﬁaﬂﬁﬁhﬁeﬂ“€&36n0§$6$ éﬁdaFﬁggE ﬁ%ﬁf anch
(530, 5409 to obtadin@ guited saghad a(rﬁglgyﬁora\adlancamme pexielpr ocessi ng
stage (700) for processing the conbined signal (699) so that a decoded

out put si gnal , o )
a combiner (600) for combining output signals from the

first decoding branch (430, 440) and the second decod-
ing branch (530, 540) to obtain a combined signal
15 (699); and

a common post-processing stage (700) for processing the

combined signal (699) so that a decoded output signal

{799) -of the common post-processing stage 1is an ex-
20 panded version of the combined signal (699).

15. Audio decoder in accordance with claim 14, in which the
combiner {600} comprises a switch for switching decoded
éignals from the first decoding branch (450) and the

25 second decoding branch (550) in accordance with a mode
indication explicitly Cf implicitly included in the en-
coded audio signal so that the combined audio signal
(699) is a continuous discrete time domain signal.

30 16. Audio decoder in accordance with claim 14 or 15, in
which the combiner (600) comprises a cross fader (607)
for cross fading, in case of a switching event, between
an output of a decoding branch (450, 550) and an output
of the other decoding branch (450, 550) within a time

35 deomain cross fading region.

17. Audio decoder in accordance with claim 16, in which the

cross fader (607) is operative to weight at least one



(7 99) of the conmmon post-processing stage is an expanded version of the
conbi ned signal (699). 15. Audio decoder in accordance with claim 14, in
whi ch t hewoantwaas17( 600) conprises a switch for sw tchi RgTdEPec@d®M83’ gnal s
fromthe first decoding branch (450) and the second decodi ng branch (550)
in accordance with a node indication ex@9 eitly or inplicitly included in
the en coded audi o signal so that the conbined audio signal (699) is a
continuous discrete time donmain signal. 16. Audi o decoder in accordance
with claim14 or 15, in which the conbiner (600) conprises a cross fader
(607) for cross PAdFRg, dpreding Ranchs (uteNtngianaht , Whth eeharcmasut of
a decodi ng branchad#sd, r&&D)n aqred aro oadduit ofeddte Ghdene dgenadi ngi dranch
(450, 550) withip a_ti ’ in.c . i r eqgi,o 17.. ,Audi.q decoder in
accordance with g a?mk’%g?ﬂ?%gmﬁfckgﬁﬁle&ggéo%gslfgg%etr nf(rboérV)tr}es ootgleerratelnve to
wei ght at | east 8A8b?9 teaEt oI br ahelednt paiokignased wiehiweidie ©r oss

fadi ng region angn§otRddagt 1keast opBEsWELGNT @60 B INGH 7110 @ dved L H5h OF

unwei ght ed si gnalinfﬁ(l)@é hoe sotflé%rinenrgog(lj ng branch (607c), wherein weights
used for wei ghtifg the at 1east ofe"SP4¥al (607a, 607b) are variable in the
cross fading region. 18. Audio decoder in accordance with one of clains 14

to 17, in whiigh hhEi&OHBBAIHF €ipr QEe5SHAUCSt APen COAPT bges1atimkeast e of a
joint multichann l7 decoderﬂélo}ig or a bandwi dth extension processor (102).
19. Audi o decodef ' n*Rc¥BFHANER® WF PHW 4R PECCPRSWAT cRt e FYUTRELSes

mul ti chahfel decetleteds0)necmipri §esnh palaimwtaamededededef 7020)) and aan

upm xer (702a) cpgndwphired HendiBarl paBtesssecader (702b) output. 20. Audio
decoder in accordance with claim 19, in which the bandw dt h extension

processor (702) com
19. Audio decoder in accordance with claim 18,

15 in which the joint multichannel decoder (702) comprises
a parameter decoder (702b) and an upmixer (702a) con-
trolled by a parameter decoder (702b) output.

20. Audio decoder in accordance with claim 19,
20 '
in which the bandwidth extension processor (702) com-
prises a patcher (70la) for creating a high band sig-
nal, an adjuster (701b) for adjusting the high band
signal, and a combiner (701lc) for combining the ad-
25 justed high band signal and a low band signal to obtain
a bandwidth extended signal.

21. Audio decoder in accordance with one of claims 14 to

20, in which the first decoding branch (450) includes a

30 frequency domain audio decoder, and the second decoding
branch (550) includes a time domain speech decoder.

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

20, in which the first decoding branch (450) includes a

35 frequency domain audio decoder, and the second decoding
branch (550) includes a LPC-based decoder.



prises a patcher (70l1a) for creating a high band sig nal, an adjuster
(701b) for adjusting the high band signal, and a conmbiner (701c) for

conbi ni ngwohelsawpagt ed hi gh band signal and a | ow band PCHERROWOI43DE ai n a
bandw dt h extended signal. 21. Audio decoder in accordance with one of
claims 14 to 20, in which the first decadi ag branch (450) includes a
frequency domai n audi o decoder, and the second decodi ng branch (550)

i ncludes a time donmain speech decoder. 22. Audi o decoder in accordance with
one of clainms 14 to 20, in which the first decoding branch (450) includes a
frequency doAdi Mriadidt odelerdsderin apdcehdamsmc onidtideeotli 0§ blanoh (3500
includes a LPC based decoder.23. Audi o decoder in accordance with one of
claims 14 to 22, wherein the commbn post-processing stage has a specific
nunber of functionalities (700, 701, 702) and wherein at |east one
functionality i swixtaptraliihe lbpmaonodesteprtertsisingf ahege omag 6019pearnid iwher ei n

at | east one fU%&s&na&ftyuﬁétlmﬂc&qggatxh%o 24701'\@7*@9@ oafnda%mé}e%cod' ng
an encoded audi 0 Ssi con1$r|5|ng decodi ng ﬁLhan encoded si gnal

encoded in accordan %@%ﬁt%P%. MRSt PGty éﬁg@ﬂ%?ﬁ ﬁvpﬁgaaﬁqdﬁf Tati on
si nk nodel ; decodesmiqrbSOincemicenc@dad aindi ovhsirghial aendedsd ioneactwwar-dance

with a second Cogiéﬁhfi ryigt HthHé Sybl n formati on source nodel ;
conbi ni ng (600) out put t%Ognaps fro e first decoding branch (430, 440)

and the second decodi ng branch (530, 540) to obtain a conbi ned signal (699)
; and cohfronby. precessicg {udi®) ddaediagbanednsogedl afdid?)sismalhatcom-decoded
out put si gnal (7p§§Qi&g:the comon post

decoding (450) an encoded signal encoded in accordance
with a first coding algorithm having an information
15 sink model;

decoding (550) an encoded audio signal encoded in ac-
cordance with a second coding algorithm having an in-

formation source model;

20
combining (600) output -signals from the first decoding
branch (430, 440) and the second decoding branch (530,
540) to obtain a combined signal (699); and

25 commonly processing (700) the combined signal (699) so

that a decoded output signal (799) of the common post-
processing stage is an expanded version of the combined
signal (799).

30 25. Computer program for performing, when running on a com-

puter, the method of claim 14 or claim 24.
26. Encoded audio signal comprising:

35 a first encoding branch output signal representing a
first portion of an audio signal encoded in accordance
with a first coding algorithm, the first coding algo-
rithm having an information sink model, the first en-



processi ng stage is an expanded version of the conbined signal (799) . 25.
Conmput er program for perform ng, when running on a com puter, the nmethod of
cl ai m 14 wo 2010zi086124. 26. Encoded audi o signal conpri si rgT/ER2600084878NCcodi ng
branch out put signal representing a first portion of an audi o signal
encoded in accordance with a first coditrig al gorithm the first coding algo
rithm having an information sink nodel, the first encodi ng branch out put
si gnal havi ng encoded spectral in formation representing the audi o signal;
a second encodi ng branch output signal representing a second portion of an
audi o signal, whFefiPrd REFTLY ORCPUFomigRal fhgeingp@naedrdofrerbr dut P
signal, the secopdrp&tidondigidi@nenagdene i dudics ¥idmagce with a second cod
ing algorithm the second coding al gorithm having an information source
nodel , the second encodi ng branch out put signal having encoded paraneters
for the infor mati 68c9bdr eecasiey bopnekenbtpgt t Aegnat er etk 3Nt igiqy aal
(195); and comDBepsRd PHOSESSH NYE Pah ABBHES SsEgREESEeRkid di f her eneast
bet ween t he audigrgkggﬁg fy¥%€an expanded version of the ?udLo si gnal

port ‘

ion of the Toutput signa he “second

portion being encoded in accordance with a second cod-

ing algorithm, the second coding algorithm having an
information source model, the second encoding branch

10 output signal having encoded parameters for the infor-
mation source model representing the intermediate sig-

nal (195); and

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

of the audio signal.



