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Devi ce and net hod for generating an encoded stereo
signal of an audi o piece or audi o datastream
Description 5 The present invention relates to

mul ti -channel audio technology and, in particular, to
mul ti-channel audio applications in connection with
headphone technol ogies. 10 The international patent

-appbucatandSm¥Eh88/ﬁ8574eﬁéﬁbﬁ¥hg9£ﬁLé%&ﬁﬁgis§£é§éb signal

audi o S|gnal PLOCES t echnol oqi for. driving a
pai r of oppS§i tRITY +?%1’g"e%ehcé’é ‘9 ers in
order for a user to get a spatial perceptlon of the
audi o scene via the two bheadphones, which 15 is not
only a stereo represent mul ti - channe
representation. Thus, the listener will get, via his

DhehebreB@ﬁ@thﬁ%@nt@oﬁpaEbﬁhtE%rCQE;'%mfglfghéﬁﬁgf audio’
glece in best case equals his or

t he
PRG ?)%r cRpti ont! s HRAN e CHdRr us g0 bé“%ﬁh‘ﬂ@amheh audio
amrmmd;m 190 WME et dis R IeXBHdly B PEShies .
wth a 5.1 audio system For this purpose, for each
headphone | oudspeaker, each channel of the
Thﬂtunthanaenoaadl@qmamz applheatilibhs - el0and®f 4 8804 0Oand WO

9§Vf@§§§aﬂls@fo$§ éu&fémﬁ§%ggl r0ﬁ%851hge%ﬁdﬂﬁ%logles for

{0 a separate [ ter eupo e res

F4itidI®ed chanmdis 25 del onig?mgﬂttcﬁde{ herarzgangeitied, hegdphone

LMddsﬂHéHéﬂéBtﬁﬁt%&dé@bsﬁaﬂenélYusg? atbef%e%'d%"Epatlal
é% t her é?ﬁﬁ the nmulti-channel inputs ™20 whi

RSt AR AR Aol he3 R RGBS Ay whi ch

igf nbe audiyo pi etereo thepﬁédéﬁtdﬂﬁ_aﬁt RAM a SW t8 —~channel

I I ! h Fi
6B T0 Hiowt 2 s GhodueTBis i 200 N \Ghiteie £F her

-f@@dpéme@d 5 Braddiad ppstemtiisramfargedudile fB.ekaudiich in

ty¥S L | Asddides, r,Loydsp
front-left |oudsp eéﬁeﬁigs £O§Q§ g?ront-rbeﬁ:%eptlon' should
B ASEERkeP2031 ChLBaCKi T el A |J@%£a%<p@aqz@onzonpcamd which is

ebamiplairghty | egdspeakenyiddb. aA §. 1 audii S)ézts For this
%% rlses an addi ti.ona submogfer 206 which is al so
PPEPEPPad 19 a§2FBw Y AHYARBAKRE - cIRAftel chppnel of

thﬁenmltl channel audioc piece or the multi-channel audio
datastream, as is illustrated in Fig. 2, is supplied tc a
separate filter, whereupon the respective filtered channels
belonging together are added, as will be illustrated

subsequently.

On a left side in Fig. 2, there are the multi-channel
inputs 20 which together represent a multi-channel
representation of the audio piece or the audio datastream.

Such a scenario is exemplarily schematically shown in Fig.

10. Fig. 10 shows a reproduction space 200 in which a so-

called 5.1 audio system is arranged. The 5.1 audio system
includes a center loudspeaker 201, a front-left loudspeaker
202, a front-right loudspeaker 203, a back-left loudspeaker
204 and a back-right loudspeaker 205. A 5.1 audio system

- comprises an additional subwoofer 206 which is also

referred to as low-frequency enhancement channel. In the
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- 2 so-called "sweet spot"” of the reproduction space
200, there 1is a listener 207 wearing a headphone 208
conprising a left headphone 2oudspeaker 209 and a

ri ght headphone | oudspeaker 210. 5 The processing
means shown in Fig. 2 is fornmed to filter each
channel 1, 2, 3 of the nulti-channel inputs 20 by a

tbhtel 1bHL gpseti gﬂa@g"tbﬁ §@@nﬂe£f@c&m@h&{ Os'f:Bécf@ 200, there

ugds er to leff |ouds er 209 in Fi
It"g % E%gge{‘%n% yWERT ey %h%%ﬁ%ﬁ%@%a%%%&%l&ﬂqg left
Fﬁﬁﬂphepeeéeudﬁpgakﬁﬁ Bo%Nand r ot dfter dHeddiphdre/ €l oudspeaker
boydspeakers to the right ear or the right
| oudspeaker 210 of the headphone 208. 15 If, for
exanpl e, channel 1 in Fig. 2 were the front-left

?H@nﬁ%bcﬁgbﬁhﬁdn@%n%h%ﬂhﬂﬂgs g%gnﬁg% i@ Ebg éO I¥3lter

filter Hi L would represent t i'hdr ¢at'e
BORaf" FPH@lzﬂz Zuhoi o the Y igy- iUl thputs 20 by a

fepresenty; Lhe d_e;éhﬁg'b@ng*dndtﬁég edscméudi b%%%ﬂelll nefﬁ
xge i indicated in Fi

#%hég %k£$ IE%F qﬁgﬁddﬁﬁﬁgﬂ GHEp rl@o§l@oe§0népd to
Emlﬂlytx@mlwe tfhiel i ecihe saund, kitandledo 8711w fllter Hir
£ uct.ion .spa
ég%éﬁﬁigﬂﬁ%ﬁ%g§Qﬂﬁggfe ectﬁgﬁéﬁptgb éés d%d%i%peékers to
e fight st st dthomidts: Sustlspdalerer? e prfe it atdagiphone
dmsillustrated in Fig. 11. In particular, Fig. 11

shows a schematic exanple of an inpulse response of a
filter, such as, for exanple, of the filter HI1L of

H,q. £@r €h3mﬂ[LE|Gthh@rnnl@m nmar ynsmi@d id st at;ﬁéklf&o%(% left
ine ente y a peak at

éiLaglnebe ?ﬁh??‘%@‘of Y hE%?I Pt feis 9(lerﬂyn Fig. 10, the

fﬂéﬂﬁﬁbtH@nswqmidareepmbbesmrathd exbmmmalllyndibéﬁeﬁ by a

t h
08 g X0, AR LA I e
E tbbnalbrpyﬁmcﬁﬂnﬁrﬁiEon@@rlSSexemplarlly

me{&e;la\t%di f oR IBQ@VI dupl meaks, pshReg thensound of dfie 1.¢¢
headphone loudspeaker 209 does not only receive the direct
sound, but also early reflections at an edge of the
reproduction space and, of course, also late reflections

expressed in a diffuse reverberation.

Such a filter representation is illustrated in Fig. 11. In
particular, Fig. 11 shows a schematic example of an impulse
response of a filter, such as, for example, of the filter
Hip of Fig. 2. The direct or primary sound illustrated in
Fig. 11 by the line 212 is represented by a peak at the
beginning of the filter, whereas early reflections, as are
illustrated exemplarily in Fig. 10 by 214, are reproduced
by a center region having several (discrete) small peaks in
Fig. 11. The diffuse reverberation is typically no longer

- resolved for individual peaks, since the sound of the

loudspeaker 202 in principle is reflected arbitrarily
frequently, wherein the energy of course decreases with
each reflection and additional propagation distance, as is
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| oudspeaker 202 in principle is reflected arbitrarily
frequently, wherein the energy of course decreases
with each reflection and addBt+onal propagation

distance, as is 3 illustrated by the decreasing
energy in the back portion which in Fig. 11 is
referred to as "diffuse reverberation". Each filter

oo thickos ey S Doy poron

ggﬁgﬁaiﬁcﬁf u# el?eﬁﬁgﬁgﬁg?lW%s??atq%£%¥ﬁeF#%feﬁﬁﬁrQWion"-

is obvious that the individual filter inpulse

0 S pend t he .repraducti on space,, the,

R Fonrat oPoPoI Eldspeatirs ekt Brttha  owputse

feapares irrudel n0 heedmngdust i propbee,ad orisexahple dog the

tenspyeral iRBL§eRs tior &Uﬁi furngt ipqth -
' iRBLIS8 re@bﬁi@?déaily aéﬁion %%eﬁfs. 1118 s

re rOdUCtl on Space, an SO_ on
Qg

t AL ettt clshof 1PAEVEARRYI duditern olpbakerssponseo will

@0fendSofhaactephaduéheosi gpaks, ofcral | pboUdSPLEKET S the
r at the ear of the Il istener 207 is

u osed ,

?%?%% ?%ﬁéﬁ%tn/ RY78 Hdfer s 255°8Hat380 n EPgtudesThykn  the

ertedhanhel ispadd,| t éved dyampor reepondi nge¥étdBr persons
f ar .t i ol d t.he,signal s

oyt e Pbpy EubHERu ! IR RISl odIg FEi Bk ce, ana

1931 lbar aleobrai nthhe teatphbaeistipst o8i griw fiodividual

theidmidkaas do1 Idy anad ogy, an addition by the adder
23 for the right ear or the right headphone

| oudspeaker 210 in Fig. 10 is perforned to obtain the
Teadphaoe Oﬂgautlﬁhgﬂabﬂgﬁ?ﬂéﬁidfghélﬁarlb¥dfpeakgrg are
| all_the speaker si s filtere

THRERRTEE H® f9dn o (O e Srn 2 Tmade 1 ped by
thegct agdars ajFar anfir i t he direct 2soufldys t hemseh atlkannel is
3119 281 Y, refd Botd N A td Gl 13 £

30 rever %r ation, vﬁ{bzﬁﬁ?%% oflflrlp;c%?fltr ifggluar ey l%fgh ealiséto then
SYRRIM St Wor thRe Sdpaad speEamt &y the of dékefar whieh are

deane el for seHad 1exntdiet | €o0loptawivaikk REhdbROALYSutput
ression that he or she is

4SR0 ThP R 1T npeFh BGoncor RGN 7 { S0aEbieR By the
acllgract?ey i sidrcs, thiaput Sghtt esp@ASesr the right headphone
loudspeaker 210 in Fig. 10 is performed to obtain the
headphone output signal for the right ear by superposing
all the loudspeaker signals filtered by a corresponding

filter for the right ear.

Due to the fact that, apart from the direct sound, there
are also early reflections and, in particular, a diffuse
reverberation, which is of particularly high importance for
the space perception, in order for the tone not to sound
synthetic or “awkward” but to give the 1listener the
impression that he or she is actually sitting in a concert
room with its acoustic characteristics, impulse responses
of the individual filters 21 will all be of considerable
lengths. The convolution of each individual multi-channel

0of the multi-channel representation having two filters

already results in a-considerable computing task. Since two
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35 of the individual filters 21 will all be of

consi derable |lengths. The convol ution of each

i ndi vidual multi-channel of #he nmulti-channe
representation having two filters already results in
a consi derabl e conmputing task. Since two 4 filters
are required for each individual multi-channe

ﬁaﬁebyson&réorrddUiﬂéHt £8ar &dch antdiesi I fﬁﬁl%hech nnel,
HagaY % r, qa% 1 ﬁgmoofer channel i's al so_ treated
separat eIy, %ft %l *ahoufitr F“fZ@ﬂﬂﬁ&%ﬁeﬂ%ﬁcﬁq#eW@htrlght
ﬁﬁtﬁewéenstﬁereqbwoeﬁeEObhanheadDboﬁesbeﬁfggﬂéﬁ'Q@p9£ately,
a5 |t nne resentatl n. filters

P Lhigfieonst ¥ 15pel vglgffreaﬁat Lfters is

as becones o VIOUS from
Fegpbnsd t%obeéiabﬁadpbonet Dﬂpyodoosndﬁr dmeeﬂlﬁect multi-

§H§Hﬂe@Utr@b%@s@ﬁ%h¥loﬁefl%ﬁt'o%%IQEQ:th%ldlfkaﬁs becomes

reverberati on, whi real Iy gives an ‘au
BPE%%u?hérﬁPoﬁ@ﬁ?soh%d ﬁep%@ﬂﬂcl¢mm ampgulaegagedponse to be

spati ab m@mf%ﬂﬂyﬂboﬂ§hégﬂefhéod@HEth%oW%Blﬂﬁ%mﬁhso early
roma multi-channe

e into prac art
EPEEER oot ° i o thRoaf e g rerrbepatieny  which really
Q@hmlgcmﬁsdawlamdmd s HOQEsSHEY Laend SrEEEMi@dion and
gw%égh gﬂg signals for the two |oudspeakers
209 and 21 represen edlby lines 224 and 226 in Fig.
10. Headphone systens for generating a nult|-channe

heasdphone: o 38;s o4y h?élel%{%f@cﬁ?@? agg}dactlce, apart

3§ ensive, which is_due to conp iI‘ng power
h? gRiud Gir SRENPEGuInlayaR 229 ﬁﬁeﬂﬁgﬁthmpmnlﬁgg 10,

WﬁﬂM”Cdmﬁﬂﬂ¢&ﬁbd”WhffﬁéhlQBuM@rbk6%e5@§H8r$22 is required,
%QHIrQQE’E§ f ol the ev to be perforned of
se resﬁbnsé‘ ﬁ 4u§h?\ﬁﬂ9uﬁ9 HISR8gI&HS P9 and
239 ae@mﬂesatfaﬂ kyh €. ipleay 12 4c ek G2 ifrhaTie}.0.10.
Applications of this kind are thus tied to hone PC
soungﬁ§ﬂrds or laptop sound cards or honme stereo
Hepdpdrge |15V siams cieargennbahiingi ac marisl-cheadsfioreadphone

s$ouad areMofp 1 13Q tiRBC RIK D a1 d Uxddis iGN i QQ%JXS due to

hncrea§|n mar ket of nobi'e pl ayers, suchH as
8atp C%B‘HH 06 BWRer sthe opidhn Cplmenéulrgﬂulrement for

ther dwegle moaypertsingsi peretrhersghcréat i 1w EREUI K BPRNES rking
mbRbrl! eI he ML) -qhannel s wth o to be performed of
the impulse response and the high volume or expensive
elements for the player connected thereto. Applications of
this kind are thus tied to home PC sound cards or laptop

sound cards or home stereo systems.

In particular, the multi-channel headphone sound remains
inaccessible for the continually increasing market of
mobile players, such as, for example, mobile CD players,
or, in particular, hardware players, since the calculating
reguirements for filtering the multi-channels with
exemplarily 12 different filters cannot be realized in this
price segment neither with regard to the processor
resources nor with regard to the current requirements of
Lypically battery-driven apparatuses. This refers to a
price segment at the bottom (lower) end of. the scale.
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exenplarily 12 different filters cannot be realized in
this 35 price segnent neither with regard to the
processor resources nor withSregard to the current
requirenents of typically battery-driven apparatuses.
This refers to a price segnent at the bottom (| ower)
end of the scale. -5- However, this very price segnent
stevemm talby wary gl e%te'gﬁﬁn@ue 50 L86nbh8la11y  very
g?gggtof plgce ghe opj.ect of the gresent I nvention

o provid g%n 5ERE AT A URR R Q hrivkeees ng
concept allowing a nulti- channel quality headphone

rquf n roductl n apparat uses.
2§Qect |é&§cﬁ$2v23gpygre%§V|ceztorq: réﬁlng anprﬁﬁlge an
&h baé%HEteﬁé@néﬂgnabceaabmglngonoeptalmﬂlo@nn@y @ multi-
ﬁﬁéﬁﬂgl foqug§m€pat'HgaaphgﬂeOdeQngE%B%%tib%”a' simple
accor to claim a conputer "program
Xe o) V% o IPRFFAUIBESThe present invention is based
on the finding that the 15 hi gh-qual ity and

AL actlve nultl ann adphone sound can be nade

AT | SBUE S API 3 aBXi | AbIeViGich a8 Ofpprating an
e, sw@cb ayegsabr ababdwang Rloayarssim by sHbpecti Rkthod
mﬁﬂ%ﬁﬁef ! ﬁe@ﬁ&é&£@i§£8?%$fﬁggggg fccgrglngo%o claim
]ep}%@htaatqcﬁrplﬁfferarprmralﬂma@q@lr@o@g te kdadphdiie

signal processing outside a hardware player, i.e.
Tehxenglarll in a conputer of a provider having a high

5 cBFSPPRY Pt A& ot 8i RIS t Rt edin@dngt hehat the

higduouadfi ty hm@lphaﬁeasrcgnal nﬁflqpleseﬁttdt%élslheggﬁéﬁ&ﬁ% sound
t t su 0 a typical. audi o

C%%é#%%ngéégdeg¥ﬁﬂ'%ﬁ'the Fé@g? §y &t eFBBN as,

ﬁﬂﬁyﬁﬂamnﬁﬁntQﬁa@kﬁyemmamphbaedaaaenpuagndstheyrE@hﬁecting

ahm@hm@qﬁn?é'lnefmg =S @Q@%ﬁlﬁ gt aneq &l %nn%Jrecé/ or audio

t hen, Iike any ot code stereo Si
deg ﬁ‘ﬁﬁr&aﬁ‘g alnﬁitueX@ﬁ@rlﬁéllere@reﬁsfelnt aﬁp@nsebeatlon of an

asdppl i pdete, t heo hagsy@sicomd ayer g1 fﬁocees)%qrmj Cotside a
| ayer in the forn1of a

h?égrsascw@ﬁy Frrept@y a%‘b%‘?%%%l%w |lft héh FERYer het a

puswider having a high calculating power. According to the
invention, the result of a headphone signal processing is,
however, not simply played but supplied to a typical audio
stereo encoder which then generates an encoded stereo
signal from the left headphone channel and the right

headphone channel.

This encoded stereo signal may then, like any other encoded
stereo signal not comprising a multi-channel
representation, be supplied to the hardware player or, for
example, a mobile CD player in the form of a CD. The
reproduction or replay apparatus will then provide the user
with a headphone multi-channel sound without any additional
resources or means having to be added to devices already
existing. Inventively, the result of the headphone signal
processing, 1.e. the left and the right headphone signal,
is not reproduced in a headphone, as has been the case in
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wi th a headphone nulti-channel sound w thout any

addi tional 35 resources or neans having to be added to
devices already existing. +ngentively, the result of
t he headphone signal processing, i.e. the left and
the right headphone signal, 1is not reproduced in a
headphone, as has been the case in 6 the prior art,

blie @naadeda faf_ sukPUnAnRNCOHEd Hhghe0 afabAcollaN srereo
gQ out put may be storage, transm ssion or the TTke. 5
uEﬁ‘a file having encoded stereo data may then easily

be supplied to any reproduction device designed for

e r uction, wthout the user having to )

§%§¥o%ﬁ1éﬁ§&ggﬁéwaésb8nﬁ%Q§%%§ﬂ(ﬁfaQﬁ?lﬁﬁQQ%v%ﬁtF@é like.
epkept foflegdweriaty repncaiesncogatk St@ied msignaknf AWily be
theo1 gsyl t of e qun i gnal . processin t hus

al 1 ows mul ti -%ﬁg‘nr#e%l% rep?&gé:ﬁlt alt oh Pr O\ﬂs&gﬁ%da BE? stereo

RSP UEF by i ipFidvaut ardhaorusarealhayiald t yod opdfeorm  any

tisRiges ténh bei al &0, 0] oyed on all sinple and
W despread and, in 15 future, even nore w despread

har dware players. In a preferred enbodi nent of the

Thresemvennient | ednckbe sFar§éNrPOING | 5n AR Qded stereo
aranetric

i- channel, representatio i.e. a ,
¢%§enﬁg i%ﬂecgﬁﬁpﬁ§iﬁ &ﬂgao?e?%p?ﬁg?cﬁFH?a%méWUCESSlng
Pusi ¢ 2hbowel smaid iadtdennenal |neempritsingn papaseifdisy a
Ria ner I = nnel.s of. th
mul t i%ﬁ%ﬁr@l%@pﬁ@e%@i Igﬁggnl}t%ﬁé bcﬁlsa}lsleto\ﬁ‘ to% basi &ser
tohdifhef LSan@mPReYear ifet2lt gammleSiamce widespuentyand, in

fuanEien- chasehoret hadekeroadl hhraharaebideeeding is
preferred, the 25 headphone signal processing is,
according to the invention, not perforned in the tine

Igonmi prlayfea:m&viplmbm:%rﬁétett bife tlsd gpalesgy&taniﬂmﬁﬁq, the
nt .
i TR TR ———

cmul tipl
1TRirs at | oRrgramelgast onepretqranstfiormat conpbékang t heme or

COEBRRADS SLNSRRLORRIIN 2l A AL, Sbomorising
PaREBALF - Cal d3tdpetat edengrate fihequandy idedsinmelsuckhf the
mthal -thenséer efepresentation on the basis of the basic
channels and the parametric data. Since a frequency domain-
based method for multi-channel decoding is preferred, the
headphone signal processing is, according to the invention,
not performed in the time domain by convoluting the time
signal by an impulse response, but in the frequency domain
by multiplication by the filter transmission function.

This allows at 1least one retransformation before the
headphone signal processing to be saved and is of
particular advantage when the subsequent stereo encoder
also operates in the frequency domain, such that the stereo
encoding of the headphone stereo signal, without ever
having to go to the tinme domain, may also take Aplace
without going to the time domain. The processing from the
multi-channel representation to the encoded stereo signal,

without the time domain taking part or by an at least




10

15

20

25

30

35

encodi ng of the headphone stereo signal, w thout ever
35 having to go to the tine domain, may al so take
place w thout going to the-time donmain. The
processing fromthe nulti-channel representation to
the encoded stereo signal, wthout the tinme domain
taking part or by an at |east 7 reduced nunber of

téaﬁéé@rﬁﬁﬁbQBSof'%thE%B?@EkEQnQOt %%teMA%glagg%P% only

to the calculating tine efticiency
Yotguaraeyc IB@sé@espﬁéeuﬂeﬁengptemeseu‘.ﬁgcseages biultl puts a

Limt oduseqghenet alb§§é§t§1h8&°fem@ra5?b%e§%gﬂ@|st%ge% will
{tlgular i n bl oc ased net hods per

quah? 3% i O Torfs é%%%%ﬁr%}%ﬂﬁékrng

threshold, as is preferred for the stereo encoder It

| 0 pr.event, as denren
E?tef ?g&ggﬁa& 5§%|bl%f'q%?%% tlcﬂFBﬁPa preﬁﬁ?ﬁg&mlng
@ibuid Frdritorof t¢mm§ﬂdemwmg |naentpeypha -BEBustic  masking

RS oneni 40 e e e LY R R e s

channel s is use
%ﬁﬁﬁﬁefFﬁe'Eécpﬁﬁﬁﬁaa dﬁ%r@@EstﬁﬁdﬁmeEHﬂKEUUEhc&rtefacts as
morsmibLe .t he nul ti-channels are not transforned to the
time domain after synthesis, as is usually done in a

BCC decoder. Instead, the spectral representation of

Trhe a nphgticbaaneys pneZQEKé@rramﬁodﬁmgﬂesidf usee aﬁ@esent
; : t ea e s rocessin

TRRERIEES 2P BB e o AT SRR BB 97 epEeEerably
twoe, PﬁélFourﬁeﬁnnﬁdansfosns usedhe Bepul se rmsponsebannel

repecldsad 2t 9 oper f grm-a @Hgt'ﬁbtcaﬁbeﬂoaf Eﬁgrgﬂggtr§k the

represent tion of the 'ti- channels by
Treghspey PW@ﬁnruﬁéeu8H§tlvweﬁnﬂﬁészerEnﬁerséransformed to

thespamgesd@fiaimeaftblrerlssmhesiisn tddegsl %‘%ﬂ%‘llé/h%nea in a
§E°%§cod§ ec%ra& § q?ents at_the out put of BCC
&co a bl 0CR-WFSe f}V?e?p%?BE%%sFﬁ&re§eBFéFéPPedIf the
mﬁﬁeFeChﬁheeﬂﬁpuhs&hﬁeimamSQEWﬁlddksfiéteséda&ﬁd subjected
tsepaial ed ti e rangfor
h éﬁgne e o Sgpﬁﬁen per$ ™his, the

bl ock by b|oc in or orm
LEBrFEcpBRbing Spastiomswetighthegsiisquiss ed feor the Fourier

transforms of the impulse responses, are used to perform a
multiplication of the spectral representation of the multi-
channels by the filter transformation functions. When the
impulse responses of the filters are, in time, longer than
@ block of spectral components at the output of the BCC
decoder, a block-wise filter processing is preferred where
the impulse responses of the filters are separated in the
time domain and are transformed block by block in order to
then perform corresponding spectrum weightings required for
measures of this kind, as is, for example, disclosed in WO
94/01933,

Preferred embodiments of the present invention will be
detailed subsequently referring to the appended drawings,

in which:
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nmeasures of this kind, as is, for exanple, disclosed
in WO 94/01933. Preferred enbodi nents of the present
invention will be 35 detaileg subsequently referring
to the appended drawings, in which: 8 Fig. 1 shows a
bl ock circuit diagramof the inventive device for
generating an encoded stereo signal; Fig. 2is a

geyai lied i bhessrat 1190, of é@rbgﬁ?te'&@g@t d on0§ gfhet hlenventlve
headphone 5] %nal rocessing o

vel | - known“$ ot Rt st erdentiobes 4QweﬂQﬂﬂﬂﬁeﬁﬁQR?0 Slgnal
channel data and paranetric nmulti- channe

L.nf orgati on; illustration of a schene

P50 GBeer i fio GEiRed rfutird e pap Sever G tnade tLon
encodi ng/ det odiegheddptdrg: i driala pldade dirdgroaMrig, 1;
illustration of a BCC encoder/decoder chain; Fig. 6

shows a bl ock diagram of an inplenmentation of the BCC
it hdsi s Btk of FigllSn@t Fifpirt showsraaseadiader for

bet ween a qay éﬂaéﬁﬁﬂ"“éha%%%ﬁdeﬁatgnd?ﬁ@na$lon %§¥%$] rmulti-

signal processing wthout any transfor
time doan@aQE?QHifo¥mﬂRN%Lcascadlng bet ween t he
headphone si gnal proceSS|ng and a stereo encoder

hout any. tran ogn to the tine domain; Fig. 9
ﬁ%%méya prlnc?Blé' gaa&ﬁg§ra of EPrNer el q§yerm1n1ng

stereo endédér,; FIFTDLO |331ca pricaci plpa ranlatedtsat i g rof BCC
a reprodugklg%& gﬁgggkhq Qr deternmning the filter

functions of 495 Fig. 11 is a principle
illustration of an expected

Fig. 5 is a block diagram illustration of a BCC

encoder/decoder chain:

Fig. 6 shows a block diagram of an implementation of the
BCC synthesis block of Fig. 5;

Fig. 7 shows cascading between a multi-channel decoder
and the headphone signal processing without any

transformation to the time domain;

Fig. 8 shows cascading between the headphone signal
processing and a stereo encoder without any

transformation to the time domain;

Fig. 9 shows a principle block diagram of a preferred

sterec encoder;

Fig. 10 is a principle illustration of a reproduction
scenario for determining the filter functions of.

Fig. 2; and

Fig. 11 is a principle illustration of an expected
impulse response of a filter determined according
to Fig. 10.
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I mpul se response of a filter determned according to

Fig. 10. 9 Fig. 1 shows a principle block circuit

di agram of an inventive devige.for generating an

encoded stereo signal of an audio piece or an audio

datastream The stereo signal 5 includes, in an

uncoded form an uncoded first stereo channel 10a and

an uncoded second stereo channel 10b and is generated
roma nulti-channel representation of the audio

%f‘%ce or shR¥Saudi PEREIRYS edhodkhecditautiie diagram of an

v éht chanmedicd %@Qﬁiﬁ@fét@ﬂﬁ@o&m@rﬁe&jécﬁf&{ dAN L1 of
$Dre t.han two 10 nultl-channels w1 be explaine
a

t gpds Ph@ﬁ%ﬂQ|orcﬂ8nﬁ€ilPeﬁFﬁ§éﬁ%ﬁﬁ%wlﬂh? éeirgoarpignal
imcbadels or ian encodedodéar Fﬁodﬂrrf t he thbd@ﬁlalnf@fstlz dstereo
i is in an,upcoded m it w i ncl ude
compeErol g iy DA (D Dl
Qﬁﬂﬁﬁiﬁﬁdcﬁﬁ@@emamubtlfhbanmé1|repaaaehtaﬁlon of the audio

ﬁfﬁﬁé5§ﬂtghb0%uﬁﬁglﬁ%f%féyfé ??@ﬁé?e dt%%enmlti—channel

subwoof er channel he nu lanne
TPt iconmdwerer inferamtiomcoded fiomg  tihiam  two
mmﬁﬂxkﬂhdﬁﬁénww|hstM@iP§|h¥3'@%bqg§ngae 18007 sever gluiti-
Qﬁ3| channel s as wel| as parameters for synthesizing

ereepo’?esi‘?ﬁ}t@trhﬂrtl %lﬁaﬁﬁel% Aot HREHeO L oAt B coded

Aoarwi- CIdhaﬁnfhsuld&¥nﬂdnn®haﬂ@§feﬁ@m@ﬂ@ioﬂllEhm& b vakRoded
f%&gppl f OVIdIn t he np

|}%E%gﬁﬂgﬁg§ %éﬁﬁtﬁpree %%E%n%P?FépFQEEH?éF.oﬁlth a

PFﬁf@ﬁéQQS mARD L tdainiet reﬁcegemnatlon filse howenér,~channel

r&b&%@@%tbﬁléﬂ PR PEgss f oF e | cﬁann@qFor§§le5¥F' N8 cfer

orm 5+1 PCM channels, the neans provi
COBPPE ponds to an input terminal for means 12 for
perform ng headphone signal processing to generate

1 o e el Tt S e s adacBectna Srerkpt, in an
ephadndl foah, Phéfereattioded hisomeansl 12t foicpel foiAtagde one
obeadehope, p9shy PEASERRANG 13 |HETEC b SYELUBLELE cor
S¥athepyzangi £Be thireer or more multi-channels from the one
Oor two basic channels. A multi-channel decoder 11 thus is
an example of means for providing the more than two multi-
channels from the multi-channel representation. If the
multi-channel representation is, however, already in an
uncoded form, i.e., for example, in the form of 5+1 PCM
channels, the means for providing corresponds to an input
terminal for means 12 for performing headphone signal
processing to generate the uncoded stereo signal with the
uncoded first stereo channel 10a and the uﬁcoded second

stereo channel 10b.

Preferably, the means 12 for performing headphone signal
processing is formed to evaluate the multi-channels of the
multi-channel representation each by a first filter
function for the first stereo channel and by a second
filter function for the second stereo channel and to add
the respective evaluated multi-channels to obtain the
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function for the first stereo channel and by a second
filter function for the second stereo channel and to
add the respective eval uatedOnul ti-channels to obtain
the - 10 wuncoded first stereo channel and the uncoded
second stereo channel, as is illustrated referring to
Fig. 2. Downstream of the neans 12 for perform ng the

‘hﬁad@é@nélﬁegnsterﬁboéﬁéﬁh@g bfdatskengecereodlicoldl stereo

ﬁﬁ }s forned.gﬁ egcoge 5 tge first uncqded stereo

anner’ 102 ARd tABSSEEbRT GRESHEUNI sE8r éd9ch&nndloHrgream
¢H obhai rmedres entddetbist greadf xingma)  athe amemﬂppiﬁnel4 signal
@ioé@@s cfrFQ fnsctpéjfé'o o-lg{%ir Slt3erw c%ncl%d orlnp%f’ or %Bncode

ta rate reduction suc at a ata rate eqwre
‘f%‘? ﬂla%%nkirt@@c#@dtsfeemdd@dlrﬁleﬂ@@ singhdlhe sset®nd uncoded
st@tder chhgne 8 @@Bat%ak%ﬂé¥ﬁ“ﬁﬁgjé§% @n§HEEEbng gﬂgl at

uncoded stereo signal. According to the Invention,

TonkRpr Ut sldchife vHigtee #nender shippl Jhagsaereo encoder
p&MEOEﬂ&hgﬁneHatherawﬁlQﬁ%?f?ﬁidﬁJ S&@hrefﬁéﬁed?tcﬁéﬁﬁ rate
", . to_stereo headphqnes via sinp ayers ,
iR roE eXhApPFELt St prayersd THeethm tional is
aﬁ@rltlaam channeisdm;a exetp| arddui rest f 6oredtaenssitpley the
SHghal; prgcessing to obtain the output 20
channels for t he %Stereo dat a. | mproved net hods operate
with nmore conplex algorithnms which in turn obtain an
Hdﬁﬁﬁ@ﬁﬁ% ‘E@pﬁﬁﬂﬂcih@@nﬂﬂ@e'tﬁ. éénéépﬁglge Jendenedynich

git the in entlve conc allows _th
BACES afivRg Wﬁpghsé s §1F6Paﬁﬁﬁﬂl-§ﬁ§ﬁmelW&é@@dlﬁ@ also

r@rf@trrﬁe@r t@erafsar‘mmgrdthﬁ:l ‘heaglphopersd gnahdpreaessivig simple
din itself but to be

b f pl
IYPar roa B el natty CLHNE PSP EO8F  Eng PRYGT | vo
concept is an encoded stereo file which is, for

Te%ANRUE, o AN MR Sfii gzl}aal'ﬁel?so te&leﬁlﬁégg rrg ARC fhhﬁed as

or one ot her stere e. In her e
CPRAARI MR c Sdigng: 1 h@é@%ﬁ@ﬁén%utghapbﬁaé@es@wg output

CaaﬁnélsrQ@reﬁﬁ@dbﬁ@rGQVdE@apeEﬁ@&@ﬁgdoﬁetﬁbﬁgebggkate with
and | nput dat a,

moeglces i nce %he ouﬁﬁ
PeSpectii FOF hENMPRAI P Glal > bl bEkE P& PRt dgproved

reaspﬁyctlon quality.

It is to be mentioned that the inventive concept allows the
calculating—intense steps for multi-channel decoding and
for performing the headphone signal processing not to be
performed in the player itself but to be performed
externally. The result of the inventive concept 1is an
encoded stereo file which is, for example, an MP3 file, an
ARC file, an HE-AAC file or some other stereo file.

In other embodiments, the multi-channel decoding, headphone
signal processing and stereoc encoding may be performed on
different devices since the output data and input data,

. respectively, of the individual blocks may be ported easily

and be generated and stored in a standardized way.
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and be generated and stored in a standardi zed way. -
11 Subsequently, reference will be nade to Fig. 7
showi ng a preferred enbodi-mant -of the present

i nvention where the nulti-channel decoder 11
conprises a filter bank or FFT function such that the
mul ti-channel representation is 5 provided in the

Bubgugnet dpmairlrehBnpar tjigul e #ggﬁshgfiﬁ%%ggbrgpowing a

nul ti - channel s are generated as b

YaF 8§r?ar eé‘ﬁ%%héfﬁé‘%ﬂe‘lﬁf IThenProeept tiwertdadphwhere the

sighatchaneessidegodsrnof 1 p%bfnﬁﬁ:ﬁ%@si N tRe1EERR pAOMBLR ppr
annels with the filter

| ug i t.he .t enpora
bi-geryel uiigg e tearal chamnels W th che (iTrer” 7T
Preyidedy inonehe repr@sentat idsmafnt hermulgdrichamnel s the
by r D iton_of the filter i_npulse
regggﬁggg%sa%%%¥gr%§%$§égé U%E%degegFg?gggsiﬁﬁalbﬁ§CkS of
AHTeVRY atalHesoutfrrt ofarhe deadphone $nyeatively, the
mﬁéﬂﬁﬁ§m@gsi@ﬁh§hﬁﬁ%cé%@%ﬁf”%ﬁnHBt' S R d | tgF time

omai n but includes a left "and a right stereo channel,
WHET B P8 et 9P st ermso CRarkIP R lgiafernras < WWédueingo Filter
xgﬁulﬁamksspbnspfptkﬁk Wﬁ'Mgifiﬁﬂﬁaaﬁﬁ?ﬁkcﬁﬁf@?ﬁCE&@quency
es _representing a -term spectrum o e
GID ERERRErT 50 1 Phe tefodt oHICRaTsie § P¥ §. sBectral
TR drsadphione Sifgridle firlaeas Simpg o ale sk nise, 1@ g€ ormed.
AP side, [ iLth. _either tijye-domain o
freqdénégfd%ﬁ%?%$dgggﬁgzhlﬁhgdﬁ%ﬁﬁﬁdﬂaﬁcéﬁgtﬂ%EPHt of the
S5 tSrBE lc HfiE 5 1a1®  genkeslat B9l | hovédeer, not in the

dinequeney ndOR Lndlulle 2GR £3S 2R S AYEREE . & QCkS annel ,
25 spectral values. A stereo encoder "which is based

f .
éﬁ?%?lqrﬁﬂﬁﬁcﬁ%nﬁqﬁﬁﬁoi9%@“9%%cHspﬁbﬁé§§e§ss§bc??%yence of
Dlalckes ofv theatralf vequenGy/dide BOBYRN YONs@8EtBal values

i nelfrequency conversi Qn bei ng necessar
e g 4 R e (30 e B8eDRg  Thanhel.
stereo encoder 13, 30 is preferred as the stereo

18ncoger oo nd N S sEARE. i@ ﬁf&. ?9‘9H£23ﬁ9§§ ﬁgﬁe signal-
stereo. encoder 13 then outputs”a tile wth e
PEREGHEY"Et &G Ksi hal Swhi%h, thapaipPifomisiede supplied with

eibhermatimerdomaehudes mrepnrGRAedIR A AdasPecdiathe output
sYééyeSthe uncoded stereo channels are generated in the
frequency domain, i.e. again as a seqguence of blocks of
spectral values. A stereo encoder which is based on a
transformation, i.e. which processes spectral values
without a frequency/time conversion and a subsequent
time/frequency conversion being necessary between the
headphone signal processing 12 and the stereoc encoder 13,
is preferred as the stereo encoder 13 in this case. On the
output side, the stereo encoder 13 then outputs a file with
the encoded stereo signal which, apart from side
information, includes an encoded form of spectral values.

In a partiéularly preferred embodiment of the present
invention, a continuous frequency domain processing 1is
performed on the way from the multi-channel representation
at the input of block 11 of Fig. 1 to the encoded. stereo
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35 In a particularly preferred enbodi nent of the

present invention, a continuous frequency donain
processing is performed on the-way fromthe

mul ti-channel representation at the input of block 11

of Fig. 1 to the encoded stereo 12 file at the output

14 of the neans of Fig. 1, without a transformation
t@lghgglﬁﬁéd a ssi bl r t sformat.i_on

Lo the (reg e ener ot Tavi v Teafai 8t S SR dRue
nghebBRrier &9 Aﬁhﬁeﬁé@ﬁ%rdp@amgedBQQ,tﬁ@ﬁ@l&ﬂ@meoa re-

Bﬂ@@ﬂﬁbrmatl&h|pretﬁkﬁfQ&%%@eh@yt{%gﬁ%gggb%%ﬁ%ng to take

g urier s ectrgg% t the_ output o

FgRar - ‘b%c%% S%‘P%%%e*f FParfMIEE PreddumisThiped jas the

$sepag uregdodzaGor dicngwi D1t hee | presFeraRd hab t@ﬁa@@ﬁ@ﬁm the
U|red reci se_faormf

%%%g% tlggfg6§ﬁua |oﬁhf0 BttHHe Sﬁaﬁﬁgi g?ﬁdPﬁgne signal-

Preaephoieg shgpak - proees MY béwekt ien. cDhwert ¢d tie tdisured

. &@EB%&fﬂﬁeﬁﬁﬁt%kﬁonlﬂg n@ﬁgﬁatkﬂgt'Pgigfﬂéﬁﬁ%orlnﬁfrmatlon

hase correct way at neans
THM T Thelbi e ms& trkmefoF eghencprdionwition/syali@t ion

dﬁmtﬂéxahaﬁﬂﬁigrﬂﬂntﬂé5ﬂégdﬂﬁﬁﬁé'é%%ﬁéy ﬁﬂy%égéyﬁﬁ)block is
encod n 15 contrast to nor mal® MP3 "encoder or

FORHel G @ istetOCT FF§PT8SeRb0A 8" gBABT SPOBRGERY in such
anpmnﬂa qbznpeunway,asu@metﬁateﬂeshgrearem@gdgﬁorﬁh%g from

I ; h d
SILTE0EnagLy | 06 WIES Dy s LB 92,0 L1 Bbe v

-%ﬂ?%kﬁ$n|véSMHyOﬁhetﬁ@ulaedonﬁ@n sher ed censodiamg,odeor,  in

craipRlse ith thedfam ofb3a centen/ side n%Q%QQ'ﬂﬂC encoder.
provides a higher encoding gain t han a separate

processing of the left and right channels. The joint
Fitgere® mbdulse 15 r@@ylefrlarlt heyi e f erifRehit0 PRLLEEM akor
stereo encod @gﬁ wherein an intensit
a

d ity
é{étef%g%egncgcaerego S1Co %%{:tl SLELSP h?%% er :anXudes, on
theequemeites s ipleavi des Foonsi sieeadd e meﬁubdanSgawhlch is

pWelrleyl, 1gudihl.e Eﬁ%faQFS {ﬁ#éﬁ 1908, tQH%Eh@E Lhe smmon

joint stéreo no rocessed fur
SGEERG Gnoskiéxt: ofterexampheanty tﬁ)@du‘mlﬁtg pRasucester/side

efdohlidq, a%)rcqurde%xadmﬂlf hd NSehicblehyNGa 130158 saeparate

substitutio to then supply the results to
paagﬁﬁﬁigp Tg ﬁﬁ?cﬂeééhﬁg§e§lght channels. The jOlnt stereo
module 15 may further be formed to perform an intensity
stereo encoding, wherein an intensity stereo encoding, in
particular with higher frequencies, provides a considerable
encoding gain without audible artefacts arising. The output
of the joint stereo module 15 is then processed further
using different other redundancy-reducing measures, such
as, for example, TNS filtering, noise substitution, etc.,
to then supply the results to a quantizer 16 which achieves
a quantization of the spectral values using a psycho-
acoustic masking threshold. The quantizer step size here is
selected such that the noise introduced by quantizing
remains below the psycho-acoustic masking threshold, such
that a data rate reduction is achieved without the
distortions introduced by the lossy quantization to be

' audible. .Downstream of the quantizer 16, there is an
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a quanti zation of the spectral values using a psycho-
acoustic masking threshold. The quantizer step size
here is selected such that tBe-noi se introduced by
quanti zi ng 35 renai ns bel ow t he psycho-acoustic
maski ng threshold, such that a data rate reduction is
achi eved wthout the distortions introduced by the

é@SSypﬂU@ﬂébééflﬂm b@r?@rm@HQ'@B@slggﬁn%BEQQE&OEnE%%ing of
guantizer. 16, there is an 13" entropy encode

pe‘?f%‘ﬁmlgzer%s%@%%%rae%ﬂfw%n@otd.w SFtRWe ofudhts 2aFropy
S@@@d@ﬁ} Vabn6834¥utﬁ@eeﬁubﬁaﬂ aft elre Qﬂkh&ﬂy whlch apart

) the encoded st ereo signal .
aparte&?r mel{tg Ape\ﬁtro ifpcoscped: t A Sl we&mﬁudes side
iner Uerdsl agi dee Bl iatf dramtdesrodienui red for decodi ng.
Subsequently, reference will be nmade to preferred
i npl enent ati ons of the nulti-channel decoder and to

TP Linl t i rehgsRBrS | 1wk} at ibens uwsag Figs. p3eferred

finp 1k nthariomns e seveeak t eRNniiques fn r%%%%&gkthsnd to
anq¥ E%ﬁgﬂﬁgfta requi red for transmtting
mi 9% ned; d&éuStgﬁéﬁopécHﬁﬂ@@egiéﬁe al 6 ©-
called joint stereo techniques. For this purpose,
ef.ere [ de t 3 15 showing a joint stereo
e&%%eggg s%ﬁ%%a ev?%e Th9UBe 4° el TRt DI EREntFRgint of
e examliged hefdnt epsanymsteimy (4&S) mul echnhgueedr audio

sﬁ@%aﬁ'na@ﬁ%% C%%c%%&%@b@g %g%hang% (§ %ed Sﬁ%@egl stereo

eﬁ\ﬁl‘l ce genera y recelves at | east anne
niques.cfprasthhgupuspesal éﬁéeéﬁﬂﬁatésa mgEdfyl e Fig. 3

s et ﬁogeahamneét@f@o pa%aﬁ%terle;orrulﬂqllscf@émfée may be a
deVl%rnath The arametri at a ﬁre defi ned so that
o T BRLTEOA"Sh 44" GrPOPiat EHENAGFopeMEY Ghprco (1S
techni@de) omy the cbinmhaabdcnneaendedmdgr tedhnique (BCC).

I e i 4 ncI de. subband
SE"EF@”%E‘“E%&%%% Shyr PREREY B pRSNNE R B ReLs cnL,
whCER a5t oliplet asiehali wekly dutmatreepr esembel garrier

CﬁEnhBQ uRder | Waltmet Gnal , miel ea%adder Paf REBLALE1 9t @ The
do no%ﬁlnclude such sanples or spectral coefficients,

PgLeME gpogaﬁgrgﬁgtékglned so that an approximation of an
original channel (CH1, CHZ2, ..., CHn) may be calculated in a

decoder.

Normally, the carrier channel will include subband samples,
spectral coefficients, time_ domain samples, etc., which
provide a relatively fine representation of the underlying
signal, whereas the parametric data do not include such
samples or spectral coefficients, but control parameters
for controlling a certain reconstruction algorithm, such
as, for example, weighting by multiplication, time
shifting, frequency shifting, etc. The parametric nulti-
channel information thus includes a relatively rough
representation of the signal or the associated channel.
Expressed in numbers, the amount of data required by a
carrier channel 1is in the range of 60 to 70 kbits/s,
whereas the amount of data required by parametrie side

information for a channel is in the range from 1.5 to 2.5
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30 for controlling a certain reconstruction algorithm
such as, for exanple, weighting by nmultiplication,
time shifting, frequency shilfstiing, etc. The
paranmetric nmulti- channel information thus includes a
relatively rough representation of the signal or the
associ ated channel. 35 Expressed in nunbers, the

apDYBY soF . data Fequir ed by A SRELT €%.¢D
t he rang)e of 60 to 70 kblt%/ sl ecgggt e aﬁ%%#te ?umbers

ABPAY r EGUi TEPIRF S et i ¢ AsinR - GamrsiaRRdhnCPochannel of

chansel lréquﬁlrébe eppgexingtelyS ten2o2q- ¥tz rates. an
nti oned t at the above

i ec 0_be
%%%Jﬁéig % p?@r?%e%%rgggéd A athR g EbnpFassedagiors,
Uhmm%it}of stenew sénfernuat sn appr BRCMphekyeterkol dsdati@l pe
13 xappl e of paranetric data are the known
sca(F lk?%@t%?s 5 intensity stereo informati on or BCC
paraneters, as wll be descrl bed bel ow. The intensity

B ET B0 SN0
Z§ print 37 %%ﬁf%?ed "Int§n5|t §Rggéo C&% ﬁ%ﬁ%dgfn the
%§Fé??@?l@@Fﬁ7%§aﬁﬂ%hbh?% EﬁtﬁéﬁéFErStﬁé@@uﬁpﬁlﬂgg4by J.

Hmasrtee,r damHln geaetahbuthe C@CGDEe@éréf‘ten$bbYu§E§r €0 994,

a_main transformwhjich is to be
apﬂile %} f%aggngfa he%PﬁoC§¥E¥%%bHﬁ%lEHB%H?th stereo is

fasmthets. al mados taxdiat atrmmmawhlchndenttrcatl@@l appundd to
fdgs axi ng
dhe fd# stpamip, ét%reggpéglg Q% éﬁgﬁcer aln aWﬁFE data

achi eved by rotating
PRefGrie BRE odiaTF SrHket g5l aééouﬂdmeW@¢ fiihiss weés nmtis, an

aﬂd&@ﬂhga@ﬁuﬁ h@yr%%|a%%@%%%@h%@'%o&%&ﬁ%@U%Ut%n51gnals by a
ni_ques this technique is nodified in that

h Th
Ceﬁialgedﬁﬁﬁﬁ%r#ﬁSBSﬁaﬁ”Eﬁﬁﬁﬁﬁb FaF§5e%@@&Géd He¥pyer, this
doeisngn@0 E?anﬁngthﬁﬁlyn1ﬁhefﬁhﬁft$f§ﬂéiﬁﬁbhﬁﬁt|%$production
ruc si g or.the left and ri chan
t%%%&??% 5 (iﬁ%%ergﬁ%Fygmgﬂﬂﬁ%§§(ﬂssgggéég§gr§fbn hﬂ? the
Sﬁﬁ@“ﬁam?ﬂth@ﬂﬁnﬂltedompgnahtP%WErtbahda@emrmfrom being
t&ﬁﬁ@ﬂ§%%EQtGQHS'gﬂélsblngEggm'n %ﬁﬂlltUQﬁe byt LAY ructed

are identical wt respect

SLAPSL fat f6R. The erérfdy tans erﬁmzape@h@nn@bsh consist of
doffgireat1gudive ighaeael sr howeviely arerfBbid ai Hed B¥e same

tPE80% 1 tted signal. Nevertheless, the reconstructed signals
differ in amplitude, but they are identical with respect to
their phase information. The energy time envelopes of both
original audio channels, however, are maintained by means
of the selective scaling operation typically operating in a
frequency-selective manner. This corresponds to human sound
perception at high frequencies where the dominant spatial

information is determined by the energy envelopes.

In addition, in practical implementations, the transmitted
signal, i.e. the carrier channel, is produced from the sum
signal of the left channel and the right channel instead of
rotating both components. Additionally, this processing,
i.e. generating intensity stereo parameters for performing
the scaling operations, is performed in a frequency-
selective manner, i.e. independently for each scale factor
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of the selective scaling operation typically operating
in a frequency-selective manner. This corresponds to

human sound perception at -hiigh -frequenci es where the

dom nant spatial 30 information is determ ned by the

energy envelopes. In addition, in practical

i npl enentations, the transmtted signal, i.e. the

5@56' er P_hé‘nnelq od S %rgﬁlluceg ch>8 theff'élg]s? ngltpa%ltlon

F [eft chann and the ri g channe
bE&er ARl bot Roébmsbraned s Ak t¢onaingd thi form a combined

processtiGsr” | cdang@ner ahing { Nt enfiit 5L €E80 the combined
erforn1n t he scaling operations, 1S

rarre%: f or
DRPPBF hod THE ol SRtEREy S tEERECt I VES TRRTHG - | TBE intensity
speependantd snftororeagkpsedke bactidme - ell%rg?angf I tle first
QL2 h gH%oggrrfreﬁg ﬁﬁé partitio Preferably,

oth anne s“aredéo §°PEAMCR2RBRbi R&d ther energy of
tl@%rwrebln@fhacrimhn@hd, in add|t| on to the conbi ned

channel, the intensity stereo information. The

intensit¥ 5 stereo information depends on the. energy
e tReCr feghnigpanhel deshvibadr gp chet RESsécovgntion Paper

mn@ht@tléae "SRRG 20 cd@eceeﬂﬁgg%% ghanel, IP€reo and

nventlon Paper

‘{5&5 chni oﬂ1u descrl bed in
) B HERReAS e’ &diThg Faddisted f-o Baumgarte,
D@t}ermﬁmmumﬁ,m chanpet aﬂdbalﬁgﬂpaeﬁ&mbe BY Tudio input

, rhe
cg%cAg |'“Lnsg,arae nuri‘r%}ae gl:l,(l)dl o eﬁﬁr cﬁfr?rﬁﬁs?ngcglon using a
Qﬂﬂﬂhﬁﬁ%ﬁj&n@W§EQﬁmnwmﬂhIQﬂaniagnumg oringsiwsy ghe resulting
sREthaged J IARSTQIM MW 3>\ﬁardfe3c&ag>gnwﬁng> 8- oHie oy which
i Vi 0 no

resulting 15 spectrumis overlaﬁ
e&&?‘t iNGiTs, 2bf 1M en EadenPaEsiahonner. aEkendpast tiwbnch is

_dmmpdidﬂNM&M(ﬂﬂbVWﬁﬁ@ |§unﬁ§@@ﬁE'°@§ htLgn m@d bandwidth

;él val g ed bﬁndvvl dtC{1 féiﬁ
r-c é%né? ?Ev% BNPet erlENEds 1Y tF%§LD) and the
lmmeefr-ccblaammél time diiffferences ([ CID)) anecdedetdimibted for

efa% %%r% 3¢h partid 190 2&!59: Ofra?x%‘&hlaf[g I%CFE !:ICLLETg are

are quantize encode y°feac
qBé@tE\lZ?gt @élé%n%fsco%ﬁiﬂetcpnf@nﬁétlworreaﬁhe d NBeF - bhaahekam as

skaxeli tidferanges and 15Q%r'%%%%n%ﬁawgﬂef' fferences and
glfferences are given for each channel wth regard to

€, ot BFBREENRRAGS e|t1mﬁeﬁj1fﬁ%rences are given for each

channel with regard to a reference channel. Then, the
parameters are calculated according to predetermined
formulae depending on the particular partitions of the

signal to be processed.

On the decoder side, the decoder typically receives a mono-
signal and the BCC Dbitstream,. The mono-signal is
transformed to the frequency domain and input into a
spatial synthesis block which also receives decoded ICLD
and ICTD values. In the spétial synthesis block, the BCC
parameters (ICLD and ICTD} are used to perform a weighting
operation of the mono-signal, to synthesize the multi-
channel signals which, after a frequency/time conversion,
represent a reconstruction of the original multi-channel

audio signal.
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25 paranmeters are cal cul ated according to
predeterm ned fornul ae depending on the particul ar
partitions of the signal tojpe_processed. On the

decoder side, the decoder typically receives a nono-

30 signal and the BCC bitstream The nono-signal is
transforned to the frequency domain and input into a
spatial synthesis block which al so recei ves decoded

| CLD and ICTD values. In the spatial synthesis block,

thet BEC a paraihdt@t s {HCljD iand St€Hdo arelulsedlt ds operative

oer f o weight i operati f L nQ-signal,

to's H?%esizég?héﬂ%b tie ccghngﬁﬂ§¥gﬁgﬁ§%ah%€ﬁﬁ a%PgF the

%aﬁ%@q‘ifér&y?fwrh%eleoﬁ%as@am, queeprigsentargl encoded ICLD or

RED@nﬁhEHﬁét@ﬁstwh@%e@h'Qhﬂﬁloﬁukhb'Qfﬁﬂgﬁﬁal aufifnels is
the case qof BCC, the joint stereo

signal. - 16_1n

Trodul 2° 68 LSTERERSE VEAE ok Put Sr R EManRBE - §hgenel-side
imfamedticon such that the paranetric channel data are
quanti zed and encoded I CLD or 5 I CTD paraneters,

wherein one of the original channels is used as a
Noaferldiioe Whmnnerrier engodilng st héoohedhnef - sihede sum of the

Haf TR ORy MonRBhlY, hAGEaLrier signal s formed of
the sum of the participating original channels.
The above techni ques of course only provide a nono-

Thepr eserkat teahheguasdeegdetowhiseh eanyonLyoRELAEESS mono-
nnel , ble_to process

the carrier ch ut ich is not a
rfgfngs&sHPB dita Fordb@fe%ﬁ%t PRGCBnE W SBYEr girocess the
cappriexi matiaomslof norte thwahcloneisnpubtchamiel . dhe BE6cess
techpigue is al.so described in the US patent
DRl T cat on t%‘oos/%‘%913%%??%%“%003/3@62644%Al gRyeral
2pPRrozpmM2pO3Ne035583ral thaddbneohably, chafreknce is

made to the expert publication "Binaural Cue Codi ng.

ar t . Schenes and Applications” by T. Faller and
TE? B%‘t#gatﬁ%’,mi%@e 1Fr aAd SoOndpgar BPaRd Speddte PHSc. patent

p¥olicdijolNoUs6,20daverer132008, 88 2003/0026441 Al and US
200370035553 Al. Additionally, reference is made to the
expert publication “Binaural Cue Coding. Part II: Schemes
and Applications” by T. Faller and F. Baumgarte, IEEE
Trans. On Audio and Speech Prec., Vol. 11, No. 6, November
2003. '

Subsequently, a typical BCC scheme for multi-channel audio
encoding will be illustrated in greater detail referring to

Figs. 4 to 6.

Fig. 5 shows such a BCC scheme for encoding/transmitting
multi-channel audio signals. The multi-channel audio input

signal at an input 110 of a BCC encoder 112 is mixed down

~in & so-called downmix block 114. With this example, the

original multi-channel signal at the input 110 is a 5-

- channel surround signal having a front-left channel, .a

front-right channel, a left surround channel, a right
surround channel and a center channel. In the preferred
embodiment of the present invention, the downmix block 114
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Subsequently, a typical BCC schene for nulti-channe
audio encoding wll be illustrated in greater detai
referring to Figs. 4 to 6.-30;FKig. 5 shows such a BCC
schene for encoding/transmtting nulti-channel audio
signals. The multi-channel audio input signal at an
input 110 of a BCC encoder 112 is mXed down in a
I X _hl 14 Wth t exa e, the .

RS i v SRR Ao ab e o Thpacnis ditgon of
§@e€ﬁa§ﬁgﬁ sheanpoahd shgnabnbavong-sidnent -1 eft
channel, a front-right channel, a left surround
@ Ennel a right surround channel and a center

fy ﬁﬁePOWPﬁthéCB?@Pér?éa kaatodirrebiie of rt hespriesantusing a

mn&emPChannéme:ﬂq&ﬂﬂ1%1@h@qk 134 ddun@tne’ @888 SHWing a

b e addition of these five
§Eﬂﬁ§glgxa ﬁ% ﬂghﬁlggﬁnal O her downnmi x schenes
are known in the art, so that using a 5 multi-channe
THPYt Si I, X ¢hi havi_n
ch annglngggoﬁﬁg?n %fn# i S SI e° %hﬁn%%Fn §l%%t§u€l8ﬁ 115.
2idemiafgraRtEPRe obtBines cferqrrnfmemsci:@n aobtigisned Hlocak 116

theoBKa@ana Vi sidd ogke 146+ 40, I8 qutput on a

side-information line 117. Inter c annel | evel
differences (I CLD) and inter-channel tine differences

Iﬂﬁﬁi»chﬂﬁheiﬂ Gekatedyi nrd hen BOE Qﬁ@ﬁk?ﬁ?an@l(HH%efﬁ%hannel

'%ﬁﬁ g é}lustra %T bove. ﬁ anal ysis 15

ﬁg% i 950 g t%r%aFEE%H atede ap- 6ﬁ§n@QC analysis
}?.:JG?CF}@I &g drevdiams (1106 tuad tes )abovEne Ny Sdl’gﬁéElCCal’éadtaly81s
giek si degi nfigrmat i on ac %lgragiy}tgggFug?ﬁSBCC ecoé%annel

120 in a quantized and “encod or na
tigmivalupe (IChswipived) surfins gaal isitgmad and the

Snﬁﬁxﬂhﬂﬁrmaﬂﬂﬁﬂﬂﬁkéﬂﬁkéggﬁﬁﬁﬁ@@n@osgahtﬂgﬁecgagg 0 in a
and .f.urt groceSS|ng steps to_ provid

BN HE U 178 C RERREF S i 5 tranflf s BC5 Cﬂ)%c‘?ﬁﬁtlbuﬁpllts the
tfhm$np¢mﬁﬁBSBM@ i sipasfior iRdosugh dlxa@be t heod Clddphddeldd ang

RS RSl (gvea) o ASRS LRSS I s

Pé@ﬁﬂé@p@ﬁ@lﬁ@bbandaepffameth@l&m1mﬂ@ﬂne&uhudimh&mmanels to
bl gnabuat @H%s‘%&%%e%%Qng is performed such that the ICLD,
ICTD and ICC parameters (cues) of a reconstructed multi-
channel signal at the output 121 match the corresponding
cues for the original multi-channel signal at the input 110
in the BCC encoder 112. For this purpose, the BCC decoder
120 includes a BCC synthesis block 122 and a side

information-processing block 123.

Subsequently, the internal setup of the BCC synthesis block
122 will be illustrated referring to Fig. 6. The sum signal
on the line 115 is supplied to a time/frequency conversion
unit or filter bank FB 125. At the output of block 125,
there is a number N of subband signals or, in an extreme
case, a block of spectral coefficients when the audio
filter bank 125 performs a 1:1 transformation, i.e. a
transformation generating N spectral coefficients from N

time domain samples.
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in the BCC encoder 112. For this purpose, the BCC
decoder 120 includes a BCC synthesis block 122 and a
side information-processing,hl ock 123. 30
Subsequently, the internal sétup of the BCC synthesis
block 122 will be illustrated referring to Fig. 6.
The sumsignal on the line 115 is supplied to a

ti me/frequency conversion wunit or filter bank FB 125.

At the output of block 125, there is a nunber N of
§u®bﬁ©@|S&gﬂh?SiSrblbﬁkamZEXEueﬂESSS1ﬁa$edeé E|Q%Ka®fstage
ctr icie n the audi o ter _bank 12 .
%ggfor%s g% ot tran ﬁ%%%ﬁqg1 ? T a E%%ansFOHﬁﬁﬁﬁ) ation
peves 21t 1y Bt@@ecﬁﬁala@dehm(nmﬂﬂﬁsérbnitértbaekd@magﬂ IEB

297! £8. thel%utgg% $ﬁ¥:§ﬂg%§e§2? ﬁ@k %%%ns%&h%%ed multi-

i.ncludes a ay stage
%’?aal@éehﬁudho c%:c%@hth@ﬁlmpr oé@gseﬁgm§ﬂ-agef128 sharaels in

&myew@e fot ters handnrsdags ARk 25, the, %ét mﬂtgﬁi‘t to a
t he reconstructed nmulti - channel aud

1
%ﬁtgnaif ﬁg\% ARGS3KEF Sexafpl €25 f PYR dHNNEreted JtrheFJc%lseS or

fg.a 6- channel surround system nay be output to a

set of |oudspeakers 124, as are illustrated in Fig. 5

or Fig. 4. 10 The |nput signal sn is converted to the
Threequandy damaln sor ist lenfvidrted bankhdofaiemusnaealmsmain or

tqfe thl‘el@élerr%%kl?cﬁomam bges}ré%' ouf put py etlfl'kﬁn £€MeBE  The

5 I.s copi ed such veral versions o € sane

12
S gréPYbt alPhedth%s qlememny | [Lgst r afed-Byithe THPY that
m@e_»allsoveir@sormym@r Q{eV@éﬁlborhSlgHathEeOYdtg:la{l&led as is

s th nb f t h I
R R, PR oRaa o el eithn ToF THAGsH i gletsions of
hhqymﬂlqﬂmaﬂhel@m@é E3@ails sine) mmm@@rt@faomammalmhaﬂmaﬁs in
tHe  of2 ut: % ej[\' hedelay parangrers, are i ginal
e b he SI € cK

cal cul'a i nf'ormat i on-processing bl o
sizBailn at gthes rame HeP i yedshiborcthRe itat ér Cidmial delr@ di,

dglffereages as apeyTh@ee%lggJ Cpalaetrﬁedcéwst@@e BSG1culated by
Si; S block 116 of Fi sane _applies to the

It bi§ cafit 8ﬁm}5’&|'18|‘?e19§|°§e§|51“52 blOCk 123 in Fig. 5 and

derived from the inter-channel time differences as they

were calculated by the BCC analysis block 116 of Fig. 5.

The same applies to the multiplication parameters ai;, az,
eer  Ai, .., an, which are alsc calculated by the side
information-processing block 123 based on the inter-channel
level differences as they were calculated by the BCC
analysis block 1il6.

The ICC parameters calculated by the BCC analysis block 116
are used for controlling the functionality of block 128 so
that certain correlations between the delayed and level-
manipulated signals are obtained at the outputs of block
128. It is to be noted here that the order of the stages
126, 127, 128 may differ from the order shown in Fig. 6.

It is also to be noted that in a frame-wise processing of
the audio signal, the BCC analysis is also performed frame-
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25 ..., ai, ..., aN, which are also calculated by the
side information-processing block 123 based on the
inter-channel level differencges as they were

cal cul ated by the BCC analysis block 116. 30 The I CC
paranmeters cal cul ated by the BCC anal ysis bl ock 116
are used for controlling the functionality of bl ock

t hat certaln rrel ations between the del ayed
an% Ievélqananlp ﬁﬂglgﬁﬁfﬁa f%’ob?ﬁgne&qi t tWgirther a

duegues cyf- whsec Bccm&allysuss itso cve- arioteel] hey edrhate td€en by
Q%@er h a 2 28 differ fr

e g%QEEESEaﬁk 9§§&§§oﬁ B¢ %g§8 érsgﬂa¥ %%a%%tg%afng e BCC

ﬁfémﬁFﬁﬁﬁ WirSe Cﬁﬁo@é@ﬂ n@mof eachhepaudirelsibgmal., Thies also
Beenanatyst S inS 8hs0 RIS OL R ftf}?e!TEaudlg MB& ! H8nk 125
% Era%&%“;ar|able and that further a

F%E S BCENRRAI ydiogails igHtai nEdr §%aBRAShe 32 band-

gaeﬂ by gntalie , f idHeerBdyandn 4] v 54 op1 8&x FbBtabns TAI Sset of BCC
e obtai nhed for ea

CC
pec Fr%akgﬁrT%?%h g%g teri%z%ﬁﬁgﬁ i Pk heCr&Es, tf&ﬁe BCC

ﬁh@th@ﬁm fallaer bank dR25Fibredks @nwmht his i ApAistrated in
FgRabyi pk@y i fior; exanpl e, 3 d ignal s, the

% anal Slgll Iﬁ gggalég éig 8?BE§%@§ &r anpryghruction

W%%C*éa{e% Yot59 Heamed baindehe Ghxeukael 1y freerBOGned 32 bands.
synthesis block 122 of Fig. 5, which is illustrated in

&q% reater . detail in Fig. 6, also perforns a
® % 45ty on? m%?%fhalfﬂso al$69h s SR teRBiatBapl Hdiyidual

ROt pamedlefﬁ%rlsandisll SébeI[LLeéﬁﬁafaecﬁ %%meaguswl ey, 4.

du p neters
I\gicﬁllus S ?g¥?fn?&?8 Flg. 152" 5s ﬁ%ﬁﬁ mégppe defined
hQEﬂﬁeHCﬂMBanﬁllQ@lparaﬁﬁteﬁ$ nngwaeedefpnederbedmemmt the

whannald Pat¥15 . pd fapShe MOWBVETG &fﬁrﬁler{éc?q% tﬂ?éeﬂ fge reference

|.CLD ndIGmeamuﬂsam eeﬂmne et wee

GRaTH Rl R ROk hehicharhel 1L Ut e in Fig.
dﬁlustrated in Fig. 4A 20 ICC paraneters may be

defined in different manners. In general, |1CC

paraneters nay be determined in the encoder between

1810 pessinbkershammel beai dsfiasdi sin | ustteated imanners. In

general, ICC parameters may be determined in the encoder
between all possible channel pairs, as is illustrated in
Fig. 4B. There has been the suggestion to calculate only
ICC parameters between the two strongest channels at any
time, as is illustrated in Fig. 4C, which shows an example
in which, at any time, an ICC parameter between the
channels 1 and 2 is calculated and, at another time, an ICC
parameter between the channels 1 and 5 is calculated. The
decoder then synthesizes the inter-channel correlation
between the strongest channels in the decoder and uses
certain heuristic rules for calculating and synthesizing
the inter-channel coherence for the remaining channel

pairs.

With respect to the calculation of, for example, the
multiplication parameters a;, ang based on the transmitted
ICLD parameters, reference is made to the AES Convention
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Fig. 4B. There has been the suggestion to cal cul ate
only 25 | CC paraneters between the two strongest
channels at any tinme, as is,jllustrated in Fig. 4C,
whi ch shows an exanple in rch, at any tine, an |ICC
par aneter between the channels 1 and 2 is cal cul ated
and, at another time, an | CC paraneter between the

hanneb §$ﬂ hg cal cul ated. The 30 decoder then

thedPzes’t He i APEr -SHEhNBATRBFT & &t F6F F e et t RESLIY

@i$twmhﬁnumhaoﬁeba|drﬁduhaknmmﬁﬁlfwmhnnﬁ$ stenkal NnWithout
I St rc Iculatln nd synthe3|2| t he

ﬂ§ erggh ﬁhg %gfengé pf%ge¥5%%1nfﬁglj%a% noin Fig.

%%dr§x>356V®th4rd§ﬁébtpaoambéecalcuépxﬁsﬂnbingf(ﬂhe energy

EXE & cd h@et@éﬁ' Qh%_%"e‘ %‘éd&%%m?} rﬁafealjs AN Paged cront-

on the transmtte raneters erence 1S nmade

®f ft @%E@%@brﬁh%ﬁ%inﬁmawn"mmsm@q @lpck 122,
ﬂﬁéaﬁ@lﬁiﬁll@@%E@ﬁnbaﬁﬁmﬁﬁéEgyend|Str'@#ﬁé¥é08e§9ved from
|ghgﬁ1 mul ti-channel signal. Wthout 1.o0ss
t&e I y Parames epSef &Py ebhaks 1f%‘*"sht'o‘i’/\‘irf"’}r n qf}egrgy 4RE all
H&rdnﬁﬁxu@ddﬂjbqﬁpuﬂﬁﬁhﬂﬁhdﬁ$rESeﬂhengahhe(eme@gppﬁrtlonal
¢l fher ehge Retnean e e3pechi Y6 glaTReky)and the
ron t chann

I'n th
i nformati on- processi ng bl ock 122 the nmultiplication

Al aRBt ef@p&biment . ANA{ € sder Fygd f omtﬁéﬁe fireblency/time
paraneters so that the total energy of all

f
@@éf@ﬁﬁlﬂk@@&a&@%tbbtﬁérﬁwe}@%sq h%l%"a% papks IFB 129 of
Fargapor 6i ongd M) dpeddey ena&w of Iﬂﬂ@té&kﬂn sighad spectral

F th
< BREIFE RS cfé%e OBt hed By The Thybpeeinput of
thdmaﬂlmNHWSelﬁBltaﬁ(ﬁanﬁagaré el spedsedippltied to the
he% ?%% Egﬁ %%s%% re%%%ﬁ%%t%%lgﬁg o% E%e erform the
vi dual an il thes

Is at i nput e inve
eﬁfallﬁlértl@anksvfar eth%eleS@llp@l i e@uiblrﬁbanh@éaph@ﬁéh the

rélsgeakiprocassi ngrdevies OEer'gnﬁﬁﬂfldﬁﬂﬁﬂglnthﬁthout an
eval yation of the individual multi-channels with the

apdd e epp effﬁﬁuﬁpwéﬁgmﬁeﬁrﬁﬂﬁ@f&lﬁ&ﬁﬁ& wi t hout an

20 additional frequency/tinme transformation.

With regard to a complete processing taking place in the
frequency domain, it is to be noted that in this case the
multi-channel decoder, i.e., for example, the filter bank
125 of Fig. 6, and the sterec encoder should have the same

time/frequency resolution. Additionally, it is preferred to

- use one and the same filter bank, which is particularly of

advantage in that only a single filter bank is required for
the entire processing, as is illustrated in Fig. 1. In this
case, the result is a particularly efficient processing
since the transformations in the multi-channel decoder and

the sterec encoder need not be calculated.

The input data and output data, respectively, in the
inventive concept are thus preferably encoded in the
frequency domain by means of transformation/filter bank and

are encoded under psycho-acoustic guidelines using masking

'effects, wherein in particular in the decoder there should
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Wth regard to a conplete processing taking place in
the frequency donmain, it is to be noted that in this
case the nulti-channel decoder, i.e., for exanple,
the filter bank 25 125 of Fig. 6, and the stereo
encoder should have the sanme tine/frequency

resolution. Additionally, it is preferred to use one
articularly of

dth il ter ban which is
B SReBTal | LbBEaPRRka IR B e Foiy Shral e Eamples of
FBgai me@ MNR3 fhbeent ARE [FrideassimghACASfitekl | teiveateed the
LApEL Y- ddea | i as he result .is.a
ga?ti cul aﬁy%&#i giug%PEpr%%%‘;s’si n{;eSpselchclé’etWé may also be
PERSPDr Rt ifowging tthe mim i andhadhEfedenceer aands tthe case

$heseoceNLodena PELL MO 4 §§é§9'n@%aﬁrgp1egé;eof' HAs AR po1py

nd outgut data,_respectively, | I nventive

%6?1%%%{’ ar e ARfs’ prdt eldBIoyY SenS8EEQUNA - t hBhef régencgf, in
piorei ou byr meansthef ht ran&&@f&aﬁhaegf: | tﬁép?@%ﬂ@@@ic&ﬁre may
e er, psycho-acousti c_gui i nes usi ng maskin
R P RSSO i e o geraaen t erdods, as
Shobhd <cage ibe MPBpactralnd eprleseat@at thnsofiethed is based

& Al ssedExarm e _ this are MP3 files, AAC files or
AC3 files. I—bm:evzq’u,cgthe i nput data and out put dat a,

respectively, may also be encoded by formng the sum
Dbt frfcPr 8AC @ hedSci SolfS £3688s 5 kReSonfAlded, dBhLiXEd for

rocesses. Exanples of this are Dol by Prologic,
g%élgeir B9 c e Bur r URtEM RS dat ANof €1fRer  hardware or

qmﬂﬂﬂqnd&u?héhEmﬁWEmsnghgmBﬁ|r&ﬁpf?éeﬁhakioﬂigﬂyal storage
itjonally encode means of parapetr,ic .
el ﬂls plggt%ﬁlé%]éseo' n AVPSSGr r Enoé,rgvxﬁbarve]iw t fegtrol

met hods, "a
SHEiREE | whbalsedanlObon rehel BOM t edkuitgqueicBéfendingi on can

ch%eQE%%UWﬁ%@n%eimpr%ﬂkﬁﬂTgidﬁhﬂﬁ%ﬁg%y%%%ghgpghoFhat the

ge%ratl_n may be i mpl enented in-el har '
MESPORarE ITRE (9 @t at i brofRgr 8k, ohha dngepiion also is
ist oaagecriputedi Whodramapkiotkl-ar ABvandi & Yrddram encode
SE?\&?g contr ol C\?Olﬁg‘nql S |b h can be reéad out .

“ePectr ofif cal | Y\ WHiEh “E4T2 pEPafécn t hoy performing an
lpvéaftammeehmdnmhieer ﬂ;ét@fm@u@éttﬂamgfm pﬁisah@_d runs on
Wi £xec . n , the inventiaon also is

%in amEg'gtrrpu't erl#ugtro%#g;fngg?géggt h%\’/?n PY B GG ar @R ddeC be
realized as a computer program having a program encode for
performing the method when the computer program runs on a

computer.
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20 stored on a machi ne-readable carrier for performng

an inventive nethod when the conputer program product

runs on a conputer. Put differently, the invention

may al so be realized as a cOifputer program having-a
program encode for perform ng the nethod when the
conputer programruns on a 25 conputer. - 22 - Cains

1. A device for generating an encoded stereo signal of

an $ 5 audi o piece or an audi o datastream having a

first stereo channel and @1segend stereo channel from

a nulti-channel representation of the audi o piece or

the audi o datastream conprising information on nore

Y han A tdevims tﬁorctmmaaeﬂastlr@ommr iesicagte dl G traans S(J_'l;b)al of an
for prpumidgi EQeEQe Jprept Ql{i'd%éﬂw cﬂ}@a}étrea?r? Egl Ing Lrom eirst
the multi-channel represen I on, means 2

perfdﬁqﬁQﬁf hebaphshe Hidgnal @%@@@@S|&Rpre£5 pbageﬁérafEDm a

an Uﬂ@ﬂ@ﬁd{ﬁk@ﬁﬁﬁ %%@&%%éﬂt%@z%% Wicqeged , 1§§§J%ﬁ‘the
channel q;g and an uncoded second stereo ch nnel
(10b)AuH R P RncoUBFL ARy g cgreddiong Qthemore than

firstwoneoded -ch@nskeseo cohgrielingt0a) and the uncoded
second stereo channel (lob) to obtain the encoded

stereo signal (14), the stereo encoder being forned
suchmehats al(dat a farat proedqdingd flog trearsnthahngewdemulti-

encogﬁgnﬁggée?rgﬁ'gH@'mh§t§n@h%ﬁﬁeﬁhQQBegg%b%aégE%;

required for transmtting

.signal. 2. The device according to claim1l, wherein

the neans (123) for §E¥f6¥ﬁﬂﬁ@ h@aéﬁﬁ@ﬁg s§9n59 processing

‘eval uat e each mul ti - channel g? first [ tér

f unctof 8 @)tef Gt FRCPRFdt SEEEREO Sdi%ﬂ"}elwh% By yncoded
secofidrbil t erefanct cloanfd R) (f@x) t hendecond wsitcerde® second

changggrgg ggggﬁgﬁe(§0£5§sgngvaluated channel and a

a stereo encoder (13) for encoding the first uncoded
sterec channel (10a) and the uncoded second stereo
channel (10b) to obtain the encoded stereo signal
(14), the stefeo encoder being formed such that a data
rate required for transmitting the encoded stereo
signal is smaller than a data rate reguired for

transmitting the uncoded sterec signal.

2. The device according to claim 1, wherein the means

(12) for performing is formed:

to evaluate each mnulti-channel by a first filter
function (H;,) for the first stereo channel and by a
second filter function (Hijg) for the second stereo
channel to generate a first evaluated channel and a

second evaluated channel for each multi-channel,

to add up (22) all evaluated first channels to obtain
the first uncoded stereo channel (10a), and
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second eval uated channel for each nulti-channel, 35 to

add up (22) all evaluated first channels to obtain

the first uncoded stereo chapgel (l0Oa), and 23 to add

up (23) all evaluated second channels to obtain the
second uncoded stereo channel (10b). 3. The device
according to claim2, wherein to each 5 nulti-channe

a se pair a first and a second, filter . .
Funct 2o PR (2D Bl S e RERIR charndlay to obtain
f unctiln $ecatet iwerbdadmtaendor tohalnnedsi(tlioon .of a

| oudspeaker for reproducing the nmulti-channel and a

virtual first ear position of a listener, and 10

her eilte t KevdECondcEPreenyf ket icdmims deriwedréiomto each

vi rt yallqiosdHdreie10fa tdeyd oudspeaker o angd @iYBEt%ﬂbuglsecond

second ear position of the listener, the two virt .
ear i 15 ond W | ilst efs Bt i f fdegmin 18he  first
The deMitee abeoardidy 19 @8ei 9édt heoRr ecedirfgat! @B tion of

wherein the nmulti-channel representation pri ses one
or 52V2¥5C%&§ﬁ&?%h (finef SPH3“Wet 19 a %aWHEggFFbaﬁﬁe and a

i nf orv¥ettivend. ffdir s¢aleaul atisrig ithe ofulat lichaneel, s ahkom

one or several basic channels, and wherein the neans

(11) for providing is fornmed to «calculate the at

| eastDEEd® rille i Separdelfilieomithetion de @derived from a

SeVeh@EtbéiiCEQB@HDSHS(ﬁ@dtﬂﬁﬁ PBLABBLEKEYr and a virtual
information. 5. The, device _according to claim4

. . 30 .
wher &7 fle SAERMROT 443 O% 0P L pibFi dilrd S"$ Hord tgo virtual
pr oviede, posithensubputhei destanbkobkingsaifreguancy
domai n representation for each nulti-channel, and
wherein the neans (12) for performng is formed to 35
deval Ghecedenéchl eckoniddaaf feqouercyfdbhei preceding claims,
representation by a frequency domai n representation of

wherein the multi-channel representation comprises one
or several basic channels as well as parametric
information for calculating the multi-channels from

one or several basic channels, and

wherein the means (11) for providing is formed to
calculate the at 1least three multi-channels from the
one or the several basic channels and the parametric

information.

5. The device according to claim 4,

wherein the means (11) for providing is formed to
provide, on the output side, a block-wise frequency

domain representation for each multi-channel, and

wherein the means (12) for performing is formed to
evaluate the block-wise frequency domain
representation by a frequency domain representation of

the first and second filter functions.
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the first and second filter functions. - 24 6. The

devi ce according to one of the preceding clains,

wherein the means (12) for pepfaormng is formed to

provi de a bl ock-w se frequency donain representation 5

of the uncoded first stereo channel and the uncoded

second stereo channel, and wherein the stereo encoder
13) Ls_a transformation- based encoder and is also .

bor nelle o pT e ST ST i e TS axpddincy mihoarime

representation of the uncoded first stereo channel and

the upgcoded s n e h I without a .

omveRE OBt S O SR o 2 A PR EBEHLAR s FRpmed to
to a Reapoial ar dpraadentiss ofreq@erfcy THemdéni cepresentation

accorglf nghto Bneq the-or egggk@a Q}grm%;. wherenl theoded

d
stereo encoder (13) is forned to performa common
st er P EMOR MRYF A5 M he G st and second  stereo
channels. 20 8. The device according to one of the
preceding clajns,  wherein the st 0 encoder (13) is .
for rrewg"?lgejdhah}??zgte(%) R &rﬁspéﬁt F‘altﬁf‘glsd‘v)é)srmatlon"
usi ngoas grs yohmr RS acelsts a s kidghddrtes padatearzd the block-
subj egt d t py. odj . Obt aj he
encode EitE?ggsgﬁégmqoﬁgﬁﬂhﬁggéé%%étég%ggdgﬁg %%EOHQCOded

of tHeyFteceirngocidiamnel 3endherls nunisededanse¢arly stereo

for RRMHHING iithdu@r B A%t siBHC fdeePAee FAQquERey domain
devi ce according to one of the preceding clains, 5

wher &P THFETEAASN £D) ¥ SEMPREFELIITSF FesSréafddnas a

mul ti -channel decoder conprising a filter bank havi ng

| ts, -25- .wherein th 12) f. :
Ber 1 Or1R M0 ISS BFRA VS evariit s haPe SGECiRg c1ains,

filter bank outputs by the first and second filter

. func%%%@%ina@%e5sW%%%%i%n%%%e%tqﬁgq qncqder 13} 5%rform a

formed to quantize _
common stereo encoding (15) of the‘first and second

stereo channels.

8. The device according to one of the preceding claims,

wherein the stereo encoder (13) is formed to quantize
{l16) a block of spectral values using a psycho-
acoustic masking threshold and subject it to entropy

encoding (17) to obtain the encoded stereo signal.

9. The device according to one of the preceding claims,

wherein the means (11) for providing is formed as a
BCC decoder. '

10. The device according to one of the preceding claims,

wherein the means (11) for providing is formed as a
multi-channel decoder comprising a filter bank having

several outputs,
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(16) the uncoded first stereo channel in the frequency
domai n and the uncoded second stereo channel in the
frequency domai n and subject 44 to entropy encoding
(17) to obtain the encoded stereo signal. 10 11. A

nmet hod for generating an encoded stereo signal of an
audi o piece or an audi o datastream having a first

stereg el_.and_a_ second, stereo _channel, froma

mil ti-g gggglf¥gﬁr%%%%?aﬁﬂgﬁ 0 O?hge§%§53uﬁﬁedﬁsoF°FW§d to
15 aufValdatastyigamlconpt i sheg fnfosmabiaok omitmies by the
than ri{wer nhgi schanpe | S he, st eps of:
providing (11) ?%e@ﬂ%réf%%%ﬁnf%éﬁﬂéﬁh%ﬁdﬁ%%nels from

the multi-channel representation; 20 performng (12)

headphage 5h gpRE BEBEESSERGOHRr J8RET Al A MCAdedantize
stere?%ﬁgggﬁé with an uncoded first stereo channe

(10a) URRoHder sktiotd St o vkl 11 101 ; fegmuency

25 stevenicodhndg t(hk3) utideddd r skcupgodad Sier 89aghanngl, the
hannel b) to

(10a) uncoded second stereo, e} ,
obt ai 1 %ﬂé%g%éoggﬁaéPngl s ﬁﬁ%?c%liﬁﬂ ?%eeggéﬁpgfenCOdlng
st er ebl odingpiis ity Wheecutedlesuicit drat s giatia rate 30
required for transmtting the encoded stereo signal is

iﬁaller than a data rate required for transmtting the

coded" St ¥ d % difdlerakAngA Aompacsiehrggrean dneg @f an

programieodgitee Sb Rer fandipy dhedmtded Hahing a first

gener%% ng an enco?ed stereo signal according to

cl ai ML WhER3PRELC t & SProgramTeHRC ofhgnnel from a

compuudit.i-channel representation of the audio piece or the
audio datastream comprising information on more than

two multi-channels, comprising the steps of:

providing (11) the more than two multi-channels from

the multi-channel representation;

performing (12) headphone signal ©processing to
generate an uncoded stereo signal with an uncoded
first stereo channel (10a) and an uncoded second
stereo channel (10b); and

stereo-coding (i3) the first uncoded sterec channel
(10a) and the uncoded second stereo channel (10b) to
obtain the encoded sterec signal (14), the step of
stereo-coding being executed such that a data rate
required for transmitting the encoded stereo signal is
smaller than a data rate required for transmitting the

uncoded stereo signal.

12. A computer program having a program code for

performing the method for generating an encoded stereo
signal according to <claim 11, when the computer

program runs on a computer.




