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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 ogi es. 10 The international patent
ap%ﬁ_‘f%%ﬂ iim% MO9S 4857 4gémﬁré/’.ﬁ.n§9éﬂ?888c»gé_ac_ls€§9eo signal
audi o si gnalproce echnol ogi es. f or, riving a
pair of oppo%?te yég‘??(g Jé%“%e%’&p?\%%? PohaEhESREr s in
order for a user to get a spatial perception of the
audi o scene via the two qggﬁﬁgggggz%nhich 15. is. not
only a stereo representat | ti-channe
representation. Thus, the listener will get, via his

dheherprémadphopesenai spat irah aReECeRtd Omef + AO-RMILOT  audio
t he, best’ case equals his or her :

i [ in
gﬁ%tﬁ%ﬁnﬁépcéHFPomlQﬂuﬁﬁ?quq%?Esert%e BRitinghpangl audio

- PEprlddudtiicors rigomontrieadt ich 260 X ege Bshdye eﬂé‘&ﬂﬂ@ﬂo%ies .

with a 5.1 audio system For this purpose, for eac
headphone | oudspeaker, each channel of the
©t | Lt laual o peitesd  capphicaui ohschignneb/anlvo and wWo

93/agbBEaAM] RS dfe 1 dhSE T L K |ed .
sepaﬂéte fLIter#§%m§%§ﬁ%%np? %eﬁégﬁgitﬁ%%ﬁ%Of%gles for

{,0.a,
- PPEYEPED cRann@Pd o5, ‘el ompines itteget hera arangeidied, hesdphone

Wohiispeakklrast riaf ebradbsegpently. yRra heft zg%itde dN spatial
Egceﬁtiggeg% %ée the ,mul ti-channel = inputs 20 which _
"oget Ner repres St 22N SCeORai@ thep Tipriaadithanes which

6F et andily piecéeard heepueiondat 8shr @AM SUGRLBEi-channel

=§%§E@_§Eﬁt%—%i§ﬁe.nﬁ'lhﬁrsi | ¥pechgmat cal l"}é-eﬁg?ﬁﬁ ,Inn%}f%t g'hisa or her

: Flg. ows a reproduction spa

BadphPred . 521 sradie s perewnits. car dnged. authieo Hilecaditoich in
shiet BEstI RElsedesnm e &5 b pugdspeaker 1201, ]

nt-left | oudspeaker 35. 202, a Froﬁt-ﬂaﬁkceptlon’ should

£8 beaSL ' '
otidspeker °2035 Bt bAgk-12f 12 | oiRRpRAketioR04rapm avhich is
taekplaghiyl oe%iﬁwrlha%b & >3l gdlﬂgic%hqsy%ty%@en}. For this
HOPPLLEES A} LSt I?%%dﬁﬁéﬁgx)gﬂdspeakek? égéﬁ ggannel of
the multi-channel audio piece or the multi-channel audio
datastream, as is illustrated in Fig. 2, is supplied to 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 datastreamn.
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 1is also

referred to as low-frequency enhancement channel. In the-
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referred to as | ow frequency enhancenent channel. In
the 2- so-called "sweet spot” of the reproduction
space 200, there is a |listener 207 wearing a
headphone 208 conprising a |left headphone | oudspeaker
209 and a right headphone | oudspeaker 210. 5 The
processi ng nmeans shown in Fig. 2 is forned to filter

e ahaanel siee 2, f I tds '
ol e bt SR e, S o

C annéf from

| filter. HL.de
- ?iosua%pléﬂ%%n%d%%’e TG dpateiono R qnpriginmde left

thee aldplandh ticarkdgen ddd 1209 thed same ghanedddlorfe f1dd@Speaker
1R representing the sound fromone of the five
l'oudspeakers to the right ear or the right
| oudspeaker 210 of the headphone 208. 15 If, for
2 WQr%.the front-left

@Hﬁ“& | .n Eig. .
channeji%%(%n tte Eyabﬁe %hg{%lspléakeilgzof i +° FEgrmed, Yohefilter
fAterchginebul d Peprieseht thiee mofdninethamdilcat mpuby 20 by a

wioker | i Ag 21desWRERAS th@hefiliﬁﬂhdich Wds  from the
represent the channel indicated by. a broken Tine

ep
FPHISRE SRS Fe ettt | F§E 20 loNaisPsrker R08 gln 10ipy 40 and to
brdiénohiaiey214i1tke | ehe keadphenanheudspeaker 209ter H;,

|y ceive the direct ouynd,_ but _al so
S8PEeBehr Il e SalRa Peatt 0 O thtepddudtisipeakers to
5paceight, eefr couthe, rabhe [atelspefdient i200s o fexpice$sLdiphone
ppga diffuse reverberation. j 25 Such a filter
representation is illustrated in Fig. 11. In
particular, Fig. 11 shows a schematic exanple of an

Ifipulfer &eaponse ehaAnkil tier;n sugh as fof. eXalPl S ont -1t
the filter Fi g. The direct or primary

Q2 &1 cg'lb of b9 2 2p2nd igg~ 10

SOTREST 1T YR edPYn Bee Filpuospasikahe2PRnel 217 1ds » the

f'eiptesenm,g,dlwua?r)eaapaéséhe ] rkﬂil?‘lgn@i ti}gﬂééﬁ@a, by a
S e ctiaons, .as re 1llustra

BEBKERS B0 ¥pe! LERL OIS s ALfiot SR S roorecent the

eeaneelr dgiddnatadi y severakefidildoreetZ)3 srms | ipeakeniplarily

indicated in Fig. 10 by a broken 1line 214, the left

.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
Hin 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




[
L

10

15

20 .

. 25

30

35

Fig. 11. The diffuse reverberation is typically no

| onger 35 resolved for individual peaks, since the
sound of the | oudspeaker 202 3n-principle is
reflected arbitrarily frequently, wherein the energy
of course decreases with each reflection and

addi tional propagation distance, as is 3 illustrated

mﬂRd&ix&mmfabyn@nyuﬂéb&éébi@§ baelk QOGHiOBheW@éHk'ﬁbrtlon
use reverberatlon

r ef rred t.o
Eell-&h ‘?Uﬁ S“ hglvvn 55 rﬁ% 4 1R ahcldidease (g yesberation”.
i npul se 5 response roughly haV|ng a profile as is
shun np response, ill us tion
of Fi g@llél&lstﬁclgb@? Vi o‘lé ?hgﬁuﬁhér’] ﬁfaﬁc\‘?sdl?alglff?%rlmp‘llse
TR EE S eSpoaEe YW hBVlUEpe«md mrp e r epr odsct shown by the

Sﬁm@%aﬂﬂHE£MBﬂIé@n£@9pgﬁ éhgllh%%4%33%§?ﬁﬁf Pf§3|e It is
tenuatlon features in th reproduction s for
2 I dteat o toEy ekl e wvhs flér‘-égenltmmlmereaponse will

Hepeniuren | ohehe-dRpIadGidrPNssRaEe, takd pwﬁ@iéﬂlﬁésgf the
gg E@g %3%racter|sglcg of thg |nd|V|duaI | oudspeakers

i 515 TR8SPARLSt hattFRRUCFYARI s BpakpFes in  the
Fepdopgegkdrs aspacsupef@oseckaatplichedear b té‘@veral persons
bké%%ﬁ%rogoédésﬁdlfﬁ?ﬁfﬁ&?Ebyn £H§I?gggé§u6§18n space, and

nnel
%a?ﬁégﬁona@ﬁ@ PRt b orchaweadiedtisics o aferthesi npidividual

adddspetRersi gnal gcogpput by the filters which are 20
destined for the left ear to obtain the headphone

output signal for the left ear L. In anal ogy, an
Blldi t ifectby tither atider 33ghanst heyfri ght) eaio@ﬁsb@ﬁkers are

hon | oud a 10.in
§u§$£ng§g$ogogPalﬁgFﬁ§% Eﬁdéﬁﬁﬁén86t%89 %lgﬁ&ﬁuﬁﬁﬁated by
e ddparsarzbyemlip@Bposh nFizh afl theid oudsphakefiannel is
fiit th
ﬁigﬂikégrbboﬁéégg%ﬁg RELHEDRIRTE0 col!' hEl 1ERE oo then
Y fHer &P é#63a$%%ﬂ%bﬁlyuﬁ§ﬂte@m dﬁgeaﬁdltens which are

dﬁﬂﬁiﬁ@daforatﬂkify§§t %erQM§rBSEQEhOQﬁu¥hh§Qd%ﬁoﬂé output
artlg %arl nportance for the space perc

Higna OFO e?%%t Ly olgognglogy, an addlglon by the
adder 23 for the right ear or 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 reflegtions and, in particular, a diffuse
reverberation, which is of particularly high importance for
the space perception, in ordér for the tone not to sound
synthetic or “awkward” but to give the listener 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
of the multi-channel representation having two filters
already results in a considerable computing task. Since two
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synthetic or "awkward" but to give the |listener the

i npression that he or she is actually sitting in a

concert roomwth its acoustié& €haracteristics,

i mpul se responses 35 of the individual filters 21 wl|

all be of considerable 1engths. The convol ution of

each individual nmulti-channel of the nulti-channe
r%pl@@mmtamknnrhqwhmgdtmpofiIééﬁﬁs %Hﬁ%ﬁﬁ%aﬁesﬁhiﬁl'Ehannel

d b conpu t ask. Slnce two 4
are r u?ﬁg E?o %gﬁb i SAOuardnarethegamng for the right

lﬂsﬂ TE;}$¢hw¢af¢re®m?mm@lﬁﬁ@tﬁféooﬂﬁféﬁédtQé?arately,
rd ghlot 8ar , t he subwoaqf er ,channe al so tr ,

se arately?’ éﬁgbt% a#%un?omPlfﬁ @ Fé%gﬁ§e8Ffngéﬁ?rs 1s
5 QQ%%?stfQIreQUlh@ddpbbna heaﬁph@wetreproﬂﬂckuOB of multi-

Harhdll tiep £O80RE L ISP €SENf At | filiers have
as. hecore pr|ous fromFig 11Fqgt$§%§ H%ng i npftit sePecomes

redgeise 1o°Beighl ko %oﬁe6ﬁlﬁiﬁnh51MEulsher@Bp@mBe to be
sbird thutnat senegr lopnsiefdreationg: ang:t Bediyf |

r%%ggggﬁgﬁgon ?h'Ch r%ﬁé%¥ 10 on% |ve§ugﬁ au |c§also carly
piece the propdf sblfd ‘HﬁthPHﬁr atd qgpodwhich really
§ﬁéﬁlﬁﬂvﬁﬁpﬁ@8ﬂumloIplamekﬂhd(pnhﬁeﬁfﬁbﬁwﬂ| réeyuction and

gogesRt shake gr I,CE, art froma nulti-channe
plgyer E a ?g&gﬁgﬁﬁﬁﬁh Fig. 10, 15 very

conpllcated V|rtual sound processing 222 is required,

nhi chdproybdes tt .
BEOY D pﬁt R@eSh@na %n%%ﬁ (e, da angH%% %%ﬁﬁé. apart

ﬁgg and 0, r resented by |ines 22
dﬁﬁéﬁb RR%s Pé?yﬁéné%ﬁdn@salMHﬁhowﬁmnneFlg 10,
h%aﬂphompl1&@t&@uﬂd&&m%ﬂﬂgﬁﬂﬁ&a%fgcegﬂhkﬁ 3nd ;g requ1red

S due to _the conput i ng powe
T B e ke s PananEoRor e e TR ARy 209 and
MeFepegaenbddahs fhaehi gB4wanki 2g6 ey, 10.
requi renents for the evaluations to be perfornmed of
!%gg i hpul se response and the high vol une or expensive

Pt SYFSPIMPh& 1 gRsre omieg t @dmuf¢rietchannel headphone
3&uﬂdcﬁﬁéoﬁ§mﬁilchﬁé§ kbﬁgk9r§nﬁh%§ hed 0 Q%H%hPQS due to
1§puq% q@rds or l.aptop sound cards grnh
syst e ?ﬂmBHFllPGUIpé’P”ertfhé'-l'}ﬁJlW%gléhﬁﬁﬁéﬁnheé@ﬂhl@ﬁf@ment for
tdeunbigénacosputing power required and the high working
memory requirements for the evaluations 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
requirements 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
typically battery-driven apparatuses. This refers to a
brice segment at the bottom (lower) end of the scale.



30 i naccessible for the continually increasing market

of nobile players, such as, for exanple, nobile CD

pl ayers, or, in particular, hardware players, since

the calculating requirenents for filtering the

mul ti-channels wwth exenplarily 12 different filters

cannot be realized in this 35 price segnent neither

with regard to the processorP -resources nor with

regard to the current requirenments of typically

battery-driven apparatuses. This refers to a price
Hgwgrfent 4t Jtshevﬁégt oH*F%F%we?@}gT%f?f&jt of ¥ hesPgmdcadly very
CirHewsssrindg kive wer yhpr hCeh segtieat s | Sf goienes.cal ly very

interesting due to the high nunbers of pieces. Exanple

enbodi ments may provide an efficient signal-
EXries si e QOMBS alMadiv ngrev e t i agharfgicgeatit gignal-
pheadphione rephedpet i o 1 isigTpl 8 rQ’@tEPQiJ-CéHanhel quality
h (ﬁgﬁgtuses I n. accordance ﬁnth a rst. aspect of ‘the

%EF A FRPERENGHL O AR BT &S %Jé’cF e GPEETRGHSES -

generating an encoded stereo S|gnal of an audi o piece

IrPrac%rQiéq{c% daLast r%aﬁ‘s'%a‘é's%%c% f' rt%% ?;‘r%rséﬁﬁﬁgfl%ﬁlcion,

and a second stereo channel
thedisr dsetratviisiedor ﬂ@éﬂa‘ﬁd|f@rp|9@@@ré¢lﬂaeana9ar:@ded stereo
g si@aiafa_stdssﬁanccammosimgedenf@f mahi Qﬁld@f@ Nt e it ol Waving a

N t1L-channe I Ng. rrean or [ OV 1 N t

B A A I =S
mwléipr@%nnatll orepnesdst 4 irorperdfor bhag dedtiphariecsi gral the

aumceéﬂalgtf&raeesh?wsmg uneeded 3t ehed,si gAak W  two
irst stereo channel and an uncoded second

uncode
“ﬂmiﬁéréganeﬁéﬁnelcoqﬂﬁéﬁﬁﬁéhs P%?n%eﬁ?ﬁ%npﬁavk%%%@ fr&emegore
thiam evatwat e nmﬂﬁ14nﬂdnneahannefrbm a fdHest f mlil€i-channel

ﬁfpgﬁg;‘eh%ﬁt%'}f'r) deriyed ¢ %%ﬁ%ﬁ&#ﬁ pﬁéé%%rl‘x’ °f gignal

speaker f or reprodu0|ng
- Prgicepgancf i ¥st 9eaerpdsi taronusfogded| i stagieer Si@malheflth an

unicobigt &H%%@OSQQ&%%EEma%%@la %ﬁﬁ@ngnfhﬁ&§£edf§@§5ﬁ@nstereo
_CthiRé di&lved froma V|rt% IOH of 1
FBafspeLREr T6AG"a o7 GF LCEESRE BALTBOSPERGH bP ehaluate
- eakhstrenrieri-chennthe bye @ond rstterid tehranhel gt itam geher atler aved
- from a virtual position of -a loudspeaker for reproducing
‘the multi-channel and a virtual first ear position of a
listener, for the first stereo channel, and a second filter
function (Hijg) derived from a virtual position of the
loudspeaker and a virtual second ear position of the
listener, for the second stereo channel, to generate a
first evaluated channel and a second evaluated channel for
‘each multi-channel, the two virtual ear positions of the
listener being different, to add the evaluated first
channels to obtain the uncoded first sterec channel, and to
add the evaluated second channels to obtain the uncoded
second stereo channel; and a stereo encoder for encoding
~the uncoded first stereo channel and the uncoded second

stereo channel - Lo obtain the encoded sterec signal, the




first eval uated channel and a second eval uat ed channe
for each multi-channel, the two virtual ear positions
of the listener being different, to add the eval uated
first channels to obtain the uncoded first stereo
channel, and to add the evaluated second channels to
obtain the uncoded second stereo channel; and a
stereo encoder for encodingathe uncoded first stereo
channel and the uncoded second stereo channel to
obtaln the encoded stereo signal, the 5a stereo
SISty eo‘rni‘?eoft%tiﬁ“tel’?i D 2Rt 2 r%?%aréﬁﬁ?r ggquired
:fdnntﬂam&m&mmuhgnghéhenea@Qmeﬂtéﬁeﬁ1£1gmagnab ismagmakl ehan
tEQE% gaq%t arécﬁflecercquﬁfecé.ragrsmggegﬁg] ttthl ngurligc?ded stereo
uncoded stereo” ‘Signha | N Accordancé with a se
sigglsdet of the present invention, there is prOV|ded a
met hod for generating an encoded stereo signal of an
audlo g ce or an_.audio datastream h V|n a fir
5t 16 CHidHifel "hd’ a* 3ec8AG St ePE8 Etan f?%%wapresent
imgnttiiochanted ra epsesamtatdesh ef ndighodaufibo pieeceradring an
eﬁd@ﬁe@Ud'sQegébaSE!E&ﬁmC%@r'a?ﬂn%dcﬂfoor%q @n oon HRN Caudio
han two mul ti-channel's ri sing the steps of
daf@Es\H §RRg Fﬁ‘él%ré‘tﬁéﬁsttv\nngﬁlf?f’ cFRAMALs M6 ehesecond
s trtlelol cﬁ&hﬁﬁﬂe|fﬁﬁwraseﬂﬂathManﬁeﬂfQﬁﬁﬁ@%eﬁ&&d@bﬁnﬁﬂf the
n roces 9, erate_an uncoded ste
s o R G TR B ORRE R NS SR rgrmacion
Onum@ﬁﬁédt@@@ohNOSﬂ@ﬂée CbhanﬁéB, p@@pgﬂepntq@ﬂfaﬁqp&@of

- r%m&hél Nghee¥Wdlkdaihag €aehmulihtlbnhRBNS! rBYmacher@bici-
|It§r function c HL) derived from avirtual position

' L3O e pr BHEI Y e mit4a R Rfnel S1onal
-pr@nésalngrnualgéneshteannpo&ntodedcﬁsuErdO|sﬁE@@al fs\arth an

un%'aﬁeﬁ' %ﬁE(c,'ﬁ_lt gﬁgge‘&héﬂgﬁ{gel angd, g Qﬁﬁgﬁgo&é&tgécon (fLereo

uncti on erive roma vir pOSIt on O
- chpyngdpekker Séﬁa vapﬁﬁflfélrméé@oﬁém@éﬁsb@%tﬁ@fﬁl@fﬂt%% each

. mullitstenghnel obyt be f&@@@ncfﬁtt%&eqlﬁmﬁ@@ﬂ (H D) GROEIAEE® Brom

first eval uated cha val uat ed channe
2 51 2t PREE ol natner, Tonbi oo BAr daPr et pansthe

mudtithkannel -and a v1rtual first ear position of a
listener, for the first stereo channel, and a second filter
function * (Hjg}) derived from a virtual position of the
“loudspeaker and a virtuwal second ear position cof the
-listener, - for the second stereo channel, to generate a
first evaluated channel and a second evaluated channel for
each multi-channel, the two virtual ear positions of the
listener being different, adding the evaluated first
channels to obtain the uncoded Ffirst stereo channel, and

adding the evaluated second channels to obtain the uncoded

.- seccond stereo channel; and stereo-coding the uncoded first

stereo channel - and the uncoded second stereo channel to
obtain the encoded stereoc signal, 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.




i stener being different, adding the evaluated first
channels to obtain the uncoded first stereo channel,
and adding the eval uated second channels to obtain

t he uncoded second stereo channel; and stereo-coding
t he uncoded first stereo channel and the uncoded
second stereo channel to obtain the encoded stereo
signal, the step of stereo-coding being executed such
that a data rate required for transmtting the
encoded stereo signal is smaller than a data rate
required for transmtting” t P uncoded stereo si gnal .
- 5b In accordance with a third aspect of the present

¢J§6%Hf&§hc %h%%ﬁcoﬁé r%y% % %%WQ%terr%% %Eaghyentlon,

aV|ng a progra orm n
r%ﬁ|RﬁfW%¢e€n@odéaM§w@ﬁgopr§ﬁ§ﬁ§| éHéBEdﬁnQrpérﬁﬁeCOde

fqnxpnmfaﬁmmng tNmemethdCﬁ@bugener@tﬁ@jaﬂmrHﬂSodeastereo
s Ut 8 o XA @oe'ml%dlg@gcgﬁ‘d a5ep Q@%ed hﬁqél e%ﬁgter

at the high-"quality and attrac Ive mu t|- annel
pW%%ﬁﬁh6H§SS ing €9MHPBESL nade available to all players
avai | abl e, such as, for exanple, CD players or

Eﬁgﬁywaa@%u®da%%h§s QxeSBQb@etbﬂgtﬁe bbbl nghaRBe! the high-
dat ast r eam

t
S Al 438 PO RhER D! n2E e Ran LG 8L pe
nasiceceyvatdahbdadphonelsi gpdbyprecessahiplol si gaich as, for

eﬂympm@aracmlpysyers Qu-e%@ﬂﬁ%éﬁé|¥lh9e§sCOQ§Ut§Hb§gcﬁing a
n

h h | cul at
w00 %03V 20, DA SHCULEL 10 B L0 S80S

defpsdassinmg 1ie: IsemepeRrifyt ai fplly prayedebtation of an

ausiipp! pedcko atbypm@diphm@ll osisgr@rlelo ;Qﬂﬁ@@f ghinwhi eitkhgs a
rate ncoged st romt

' ha%%%%r%onélgﬂgﬁhelga%d t liﬁfgﬁi hgheggﬁgﬁgé of a

pr?ﬁigeéncsegangteﬁeohlghgnaﬁlﬁﬁ9ath@a PPW@ranyIBthéKampl@

empociddedtsst erteo segnat RG §oMpridphpgea fMyddl- chabbeksing

e e ti p Iay r :
i, AR R0, BERPVIP QU0 IV DERdbecs DL fhican
- augide 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 Ch. The
reproduction cor 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, i.e. the left and the right'headphone signal,
is not .reproduced in a headphone, as has been the case in




reproduction or replay apparatus will then provide the
user wth a headphone nulti-channel sound w t hout any
addi tional resources or neans having to be added to
devices already existing. Inventively, 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 ®ase in 6 the prior art,
but encoded and output as encoded stereo data. Such

an. out put be_stora tra n _or the
el RPEOP i PG GO <Uar oBiBaPE ARy THER HheFFgTeo
d#f@ - supplied to any reproduction device designed for
stereo reproduction, w thout the user having to

: sd’&rfé’ﬁm % utC'Pr%g/geﬁe on Al g Qe"&%%tn %h%s ”}{e'g"’fhe like.
concep I Ng an en oﬂe er rom
Syqhe %e§ai? gﬁVf—ﬁa ﬁ@&@ﬂﬁénét§|r@ﬁa|da§@o@wsl nipasily be

swldldwsl mubt i arohameekotiept esentadviare peeyigdhag aor stereo
é&%’eb?iu‘?:ec *ﬂby' mRLoved a%ﬂe”"h@eﬁ:eaha%%' t¥of°£ae§:?8m any

' so enpl oyed on al

CWﬁQﬂ§§pP€a@1§n§eVFﬁe future, even nore MAdespread
hardware players. In a preferred enbodi nent of the

rgesl%%nlta%nt EBAcephe o8t afdddth PNt &S %%c%a%adegtereo

nultl hanng] repre entati ar ane
e FoR CRRBLEsiong ‘Ot BraShiyfheartgnt hobbageasing
tfmqsannelsomd azddlttlmhahhylconqapraswtapapanetpn@m a

: canglg@&%aye ﬂrd@ﬁoméldt |arﬁi76\rﬁlf>‘§é Sr@falt la;%almalyt ieghapel yser,
resintatlogo ) ai% 0 % S channel s d i

hee par 3ketrP éfﬁfia DSI?] 3 ]?IP augﬁ%y Hetfaitaas

fulwtrﬁ@d even marei wederpetaddvodivayd 9 lgvefrerred, the
headphone signal processing is, in exanple

e TROd LS oL BRI {QLITE e 1 thehe time dommin By o e

esepse response
stegt ing tpﬁemftr é@eﬁ%yeaéﬁﬁ?ﬁ 5‘.\}“ tﬁuphiﬁﬁn%atrﬁ@ﬁeﬁynt:ﬁélonr
ikl tes trpm&messm@n foneténhtakhiich al komprasiheastonene or

t gkgﬁﬂg W?tb%glgeféﬁéh %F% gﬁ?dggﬂﬂﬁzﬁhgﬂﬁﬁr comprising

roces 0 be save
parametrlc data to generate the multi-channels of the

multi-channel representation 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 preocessing i1s, in example embodiments, 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 1is 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 time: domain, may also take place
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
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particul ar advant age when the subsequent stereo
encoder also operates in the frequency domain, such
that the stereo encodi ng of-the-headphone stereo
signal, without ever having to go to the tinme donain,
may al so take place wthout going to the tinme domain.
The processing fromthe multi-channel representation

tqﬁduﬂﬁdnmmmheks®EreoaﬁsgaahatlmhbhOH% Lhe ddd® QB it
reduce&'nuwberﬁﬁ It only

takd of . by, an
traggge t?o%% g?% i §SPZ§EFH§ FéMeoMhF L Gliete e daittd puts a
L&Wﬁ&aRﬁﬂ@Mﬁ%ﬂthglosaeseéﬁnceeﬁeWerb@&dagggﬁhgIgﬂgges will

tie tHelidey AQRses & [ Progessi sta es, wi Il
i ntroduce fewer arte éﬁ%ﬁ q# éﬂﬁﬁgj kﬁhﬁ 5 1n
particular in bl ock- based met hods perform ng

Guant iﬁm&D@uE@ﬂSi d&hi Ng 134 Y- Ikg%@&ous}n' ¢ HERSKI n%exiformlng

e stereo encoder

as |s referred for
EBEE%E% %h ing ey taﬁéeﬁh@m@mquylc masking
ﬁhreﬁaoﬂg asuslﬂsp@&yﬂéniedrEékDEﬁb'%ﬁéﬁéé’é%@%&éfedlt is

t t t
enpediaRat of ﬁggvgn S%%ETégg?gpéggmepcqq*p%agpgefacts as

representation havin
RAEAHEBLS-is used as a nulti-channel 15 representation.
Since the BCC nethod operates in the frequency |
fonaln the, nmul ti-channels are not transforned to the

Pe? ddil Gt arl gy murisaredis embadimady dohe tihe apresent

:B@Gexdei:@ﬂer a | psteadp ﬂe%%n%!é%qtorna' h%f?ﬁ :%:%gahcérggpgegerably

$% q¥ Li-channel s kn the form of
j ected 20 tG ¢hR®hBadphdne $F§Aal PFocesdsi ngulidrchannel
ﬁ@@@ﬁs¢¢mﬁti®mnsfﬂlnﬁélOﬂhéUnsttonﬁeﬁﬁoﬁheobb&E%%% in the

F f th |
xdndte TRler L[ pLIE L% TR BT SatTseey L

re use
Thepr BBAt slamsrirofafer nebiheshannels by tlaeaflilkt efone in a

%G%‘:%Eﬁcg;?g'f o%%ﬁiii}%g;é;t @fatbg;écmfuepgﬁagptéﬁ&ﬁn ectes

putsed &hd BGBjected
tdecotlee, adildpHond sesfphher MRSESSING TS RESTerdifd the
tW%% %ormatlon functions of the fllters, i.e. 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, longexr than
a 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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the inmpul se responses of the filters are separated in
the tinme domain and are transforned bl ock by block in
order to 30 then perform corte$pondi ng spectrum

wei ghtings required for nmeasures of this kind, as is,
for exanple, disclosed in WO 94/01933. Preferred
enbodi nents of the present invention will be 35

det % 1Jed S&b&ﬁ&ueatbﬂddﬁeéitﬁﬂlﬁodﬁwéﬁﬁmeggthe 1nYent1ve

dr awi ngs, ‘ME %h .1 shows a block cir
di agr am of tehe et |9(?é.‘er i"Ge Ao PG htS g & signal;
encoded stereo signal; Fig. 2is a detailed

iHilgustratiqy of gp t.arion S of the headphone
si gnal processing E?Eg%gwaﬁfﬁﬁi 15t 19T hdts 28 {rhplementation
wel | - known Ofoithe” Seacedionsc sdgnafloprogemsarialg R Fig. 1;
channel data and paranetric nulti- channe

qu rgatlon 10 Fig. 4.is an illustration of a schene

or "dét er nPAPKF  RCLBEllcknownd D@@nﬁaraﬁEﬂens faorcdB@E for

encodlng/dgenéragln@5 Eh8nn&1i Sga: bl agky 5
en oder/decoder chaln éﬁgtrl%i multl

illustratiop 8% 5
shows a bl 6¢ck |agra 5F254A°T Fpl enent ati on of the BCC

synthesis block of Fig. 5; 20 Fig. 7 shoms cascadi ng
begveen a pyl iy CP?DHﬁ%rQ@fSQe £ and t heaﬂg{odﬁﬁgrmlnlng

si gnal proceSS|ng Wi f any ctransf
time domai+el2s5 Fi §CTB shang caﬁeﬁdlngabammeemsthefor BCC

headphone en@s@lngpaosssshyg and a stereo encoder
wi t hout any transformation to the tinme domain; Fig. 9

shows a principle block diagramof a preferred 30
Bier b enciadera Fibd.ockO - | gidg ik NChph Bsthhygbhat ign og BCC

a reprOdwgﬂégher/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
stereo 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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scenario for determining the filter functions of Fig.
2; and 35 Fig. 11 is a principle illustration of an
expected inpulse response of @ filter determnm ned
according to Fig. 10. 9 Fig. 1 shows a principle

bl ock circuit diagramof an inventive device for
generating an encoded stereo signal of an audio piece
or an audi o datastream The stereo signal 5 includes,

igy an yncgded form an uncoded first stereo channel
10a ang agggﬁgod%dIﬁ%E%%kP%?e#%%“ﬂﬁaﬁﬁéﬁuﬂGb giddram of an

el oo s s .
adi Qyq P e di_g data, stream erein the ,
nulti-Eﬁ%n%gFeErepreggnﬁg i*Sn bt e i nfBPmatigieonsignal
udegn two 180 muinGedddnniisn, Amm bhcbaeex pFairaed stereo
lchizehe 1t D@ aMdlld = Ch tation be jn. an i
ﬁgcodeg 8raannengbde ,fﬁﬁ;gQ§§h eégﬁﬁ?qﬁgﬁﬁﬂﬁ% 108 and is
Spredsfifatliion i% Thlah-cheerel reprasentanibh iaftltide audio
pheee ar niie gublib- channedsre ! hyAerBE R @1 A1t i-channe]
ap kggghkgpigcenarlo,.the myl ti-channel 15
reEresen ari-oft i MCMRAeSeFi vandramadii®oran@®ronaiore  than  two
Bubhworbannehannehs -wiflthe mikpilaGha@nelater, the multi-
in an encoded form this

éﬁ@ﬁﬁégnfkgb%gg'ehﬁ’attt}%}ﬁg\zﬁ%%/ PRcEld@Monderrfief g&yé@nalencoded

gncoded ormw .
&P c EhahRel suds iwmsiharge Iparepmet sxst d40fon syst Kesiazi Nhcoded

foemt hiee -Q&l”‘ih@:lﬁﬁ'«ﬂ'“‘r&{?@ ;one_ or.two, .
baske cngﬁnels. Al tiec angg%%g%%%géémﬁi Fﬁﬁ?nﬁgs‘awlth a
exanpr & of nékkd YEt istovi dFAgNEKEORDr e tan t wellti-channel

mpresentmnneh s fifanddie Mkl - eRaRReh s eRRESU A I woofer
dfadiieg 25 multi-channel representation is, however,

already in an uncoded form i.e., for exanple, in the

formof 5+1 PCM channels, the neans for providing
neans 12 for

b L S R
stehed sngrdedwifidrnt heill typically include one
or several basic channels as well as parameters for
synthesizing the three or more multi-channels from the one
or 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
prqcessing to generate the uncoded stereo signal with the
uncoded first sterec 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
muiti-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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30 uncoded first stereo channel 10a and the uncoded

second stereo channel 10b. Preferably the neans 12

for perform ng headphone signdl® -processing is forned

to evaluate the nmulti-channels of the 35

mul ti-channel representation each by a first filter

function for the first stereo channel and by a second
fQWQQﬁeqLﬁkﬁ$@nSt©Ie¢hehsnnemdaaﬁet®@ eidRld Hukdid stereo
atthnridie respesti e [ti.-channel.s tqg obta

TG o oed FrrErPabdncleBRERAE B0 e dodiedstrean
Sdcortditst deds cheghndior agpeamfdtmirs r atted rrefaipticige t 0signal

@I@Ce&sﬂa@\ﬂ?&t reaffe o - JmaNs; 13,104 ReY fﬁ#ﬂ&g Egeencode

d S proceSS|ng IS a stereo enco
V\El% %h St &”ngr:é’&l &b s Fhamek ¥ anst ddel steoned uncoded
@ﬁ@mﬁaevl cnmmmﬂd 1 bie secmaqmpoae@ eBt6869 shapas él%al at

t tput 14
of TR 18 ERCOHE TsToRndiien tacolloe spemrs mncodes

: aeaépamﬁaté r@@batunﬂxsummdduﬂldnda@@hrataatreQUIagaa rate

kegulik-ans i tereo signa .
qugg?atﬂgﬁia ta Fa e qdﬁ}ed ngdgﬁan§h?F?Pngsfﬂ%al 1s
ﬁ’ﬂ@ 84 stiereo i gase. I}aw@cmanmg:etcb fbe itwantmouting the

eonoocaptl s8eaebi g¥gdanhi ch allows supplying a
nultl-channel tone, which is also 15 referred to as

"surround", to stereo headphones via sinple players,
Rgehrdsngf do exaaplnmvdﬁafﬁ?w,r e|ap|@<y1€<f§pt ng Sé,@?lpévled which
SEIL@LN may exemnpl.ar ornmed as npl e
headphonghggfﬁaﬁgproce@giﬁ b éBlentpﬂgfouWB&Fh 28 also
ThEPreed F@raﬁhésyHED@mddatana|n@¢nw@dhasabndﬁegpeﬁat%1mp1e
P4 e PO €56ORPLEX AL g0 n_turn_obtain an
i npr oved reproduct%oné%%g h%?dwar?o Eg YWEAti oned
that the inventive concept alloms t he

Tred cabmt i0fy-¢9te858 SheksfiQr ﬁﬁ&tbxéﬁgﬁﬁ§ g:gg?h?grmed as

0 orm ng,t he_headphone, si
14, heBaRERG nRiSTIALL her Gegekng L 4el { ObbeLno Hee output

qhﬂﬁnﬂkﬁxfor the stereo data. Improved methods operate with

more complex algorithms which in turn obtain an improved

‘reproduction 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 procéssing not to be
performed in the player itself but to be performed
externally. The result of the inventive concept is 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 stereo 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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externally. The result of the inventive concept is an
encoded stereo file which is, for exanple, an MP3
file, an 30 AAC file, an HEIAAE file or sone other
stereo file. In other enbodi nents, the nulti-channe
decodi ng, headphone signal processing and stereo
encodi ng may be perforned on different devices since

Subee@}'ﬂemﬂl}datﬁeﬁlﬂelﬁ@é’uhldit e 31%3&85E%Ctﬁ'3’:’<§| Y osfhow1ng a

d dual bl ocks ported easi
p%%%&?ﬁﬁ%%'%ﬁ@ od{BeRE Fﬁ?at§ﬁhnﬁﬁﬁﬂﬁ§ﬁd‘N&Kﬁntdfml where the
mgdbdeqhentley, defedenca w kbmpeisade 4 0rkhger? ﬁi‘ﬁm}gﬂe:&g FFT

present_invention _
R P RanhOr C derbfer ™A E Lo aeL FeFTearnbankon is
PEPVF:thd fl-}lﬁlCt itbie s date quteatc yt he:icdeIri Clla’nn%iartlcular, the
:Lfl@@"v@&ﬁﬁtlat @ ¢l s-c%arﬁr% vigded, | he L egrﬁﬁg gﬁocks of

i cul ar, V|dua
SBEHEF& ed %f‘sllb%ck@éf %@@htra:hamiajes faanveacmvely, the

hehdphehe |gnepnl vlskaceéBﬁngh%aadeQBep%'r%% 0 L‘?S%h W time
not, perfornmed i n the tine conv
d%"ﬁ%lPeﬁgoFangﬁaﬁﬁesstWet ﬁeF!P@Ifaih tcélanI@LSrrthle the filter
lmlesbsasetsasﬁmﬂs% subtit pld cabien ??LChﬁgﬁﬁ;f&?Jegﬁé frequency
tlon o e multi-c
SR 1P BRSSP ReTieR i bR, M i e Sy & spectral
r?lé%‘p@ﬁ&‘éatSopecfothedfllABrUIiﬁ@de@eStr%[s%n%legri%' Pexformed.

A@Cﬁhéhﬁﬁgdatst%l}% l'g flgh%ch ead%ho et ut of the
, %omeve A6t n dhé ?PEB

rocessi ng, i r
%%ékP?P%uFlGﬁéﬂuBéQCQSEeﬂgrawduaMH{ﬁu sdecear channelin the

ilﬂiker@cbrfﬂa_SMCﬂﬂu@ §§1§I§Qe§h§nﬁlgkt' Sndl \clie[@ gétafs%%%lé N“fhannel,
of bl ocks. of sgectral val ues, each bl o0 spectra

WRETSHL  SPEBr dse F?ﬁﬁoaQﬂﬂﬂqeieﬁﬁ1éb@%ﬂ?uﬂﬁof a tpequence of
bmcekteoocfhasrmaejtraZLO valtbe, erdesH meNbcRhown éﬁegf:ga% values

one nal rocessi ng block 12 is
e S e P S e P PP b8 oak e heg, channel.
frequency- donaln data. On the out put S|de t he

Irﬂn@}‘?ge@mﬂogﬁ%‘én‘%h%ﬁ q4Le Eglenergt e%& ncl‘ée%qplb?%%kfglgnal_

frequency donain, 1.e. again a"&e
préTce(SSZIS‘%p'é%WEII 12alifs. OA srthaer ebnputodedephi ippbied with

eiltagad Oimé-démasf OF "MeLbglenicv@doliGh 2 QCeSSESthe output
s:.%ioecucge Vdarllgoged stereo  channels are generated in the
frequency domain, i.e. again as a sequence of blocks of
spectral values. A stereo encoder which is based on a
transformation, 1i.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 stereo encoder 13,
is preferred as the stereo encoder 13 in this case. On the
output side, the stereo encoder 13 then cutputs a file with
the encoded stereo signal which, apart from side
information, includes an encoded form of spectral values,

In a particularly preferred embodiment of the present
invention, a continuocus frequency domain processing is
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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wi thout a frequency/tinme conversion and a subsequent
time/frequency conversion being necessary between the
headphone signal processing 12 and the stereo encoder

13, 30 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,

faf (af T eMesi Slecpb Al QuMRld One | RELHCS, Anrecoded form,,

of s ctrﬂy val ues. 35 In a particularly pr ferfe
teﬁ?dbsg‘f%‘?ﬂ Wt k€ pEB8erftimg ndlemeion, aadeorpenaboby, a re-
tregrpEneya thiorai rtdr AERS Sift@ duendfer HoraBe Oﬁatvﬁ%g\’\?¥8f take

j - tat] t th u
Rk 0 3 g7 Teadet ik oHibdhAG crsgodar 1ol bsag 2s the

- StUegresut pocotiérof tihe wihbs é Rir@gfekrad t ROUt t@ansform the

j i.me_donmai nd ossibly, a re-
RISOLIBLLSIS hech  LatEoR r 21
HQQQ%ﬁshwﬁnb%ﬁpKFBoeﬁ@oqﬁxrbrspmcﬂwmmen@hdec lit usedensured
a@%o&@gn%'SE%rth%nCQH%Entﬁbnm”khapetﬁéggﬁ§%§?eg?i?ﬁ%rmation

transformthe Fourier spectrum at

. TREXIFRGh e Si GnBLe FisSe ey Lpr odket ccevaDOTion/evaluation

ofpedier wanfRUs iid the RSHHbNACCYH NG LO:4 d&‘ing block is
inyvention that t hase information required In"a
CBchiri:g%f St REE CORREFERbAF bRl pat: GPSERENG hier such
ac paasel-sonretdie weeadphocie sh@ﬂahethCQ@?|ﬂkgﬂ%5%$m$ﬁg from
e t he representati on not operating _
t§82ﬁ%&% p%ﬂﬁi%oF%ﬁ%ﬁe f?qgﬁﬂ?%t1?m%@%hsgf8r to” the MDCT
SPrPak&E®r nm hg fRom reguired dbomi nthe tiecfeequemcyder, in

cdatRhBt tofa heriREe M@greﬁ%§$$g%ﬂlai%3¥%af .réﬁgﬁg§r.

for the stereo encoder, in contrast 10 a nor
encoder or a normal AAC encoder. Fig. 9 shows a

Fiigner 8l bhoek Ciar Cliehediaagr Ny %ir@uelfte”&dag:‘}a%eofor a
pEPEEEEn; RS (FRe Totul Ehes WA | SheRiF eRardbrps, on
stder "8 & e u 5 | BF ef&cdiidy
thet einpning siidiean adapidmet Waytebes hemoaut@MAB  which is
R e IR R —
Skarect RaRcdisgparfate epampkssiing thie tferm ebf andtaritght/side
eRBGANRE 5. plBe ikRisNta ShESROr encoding gain than a separate
processing of the left and right channels. The joint 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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nodul e 15 may further be forned to perform an

intensity 25 stereo encoding, wherein an intensity

stereo encoding, in particuldr—wi th higher

frequencies, provides a considerable encoding gain

wi t hout audi ble artefacts arising. The output of the

joint stereo nodule 15 is then processed further
cosiregydicfifaadem bt heerfeduinlantpssédesi rptmasUr@scoding of

c f exany fi ' ise

tégb P%?S?%gﬁ,%gFE., t%aﬁ&g%'s&%%ﬁthﬁgnggéﬁl?g e Lentropy
cpgaferzertisahileh tdehi enesded giEmMdszasignadf whieh, apart
feBRCt Lak val ' P ACOUSE ] skj ;
,tEr eshol d. %Tﬁg%&@r@zegr step .sriagle ﬁlzatrle&?%? sie ecl%%%s side
1BHERMERAPTE FEINGITEE LRI §8FEEH 8 quanti zi ng 35

remai ns bel ow t he psycho-acoustic masking threshol d,
SSECQ th?g a data_rate reductjon is achieved w thout
PRESIYPLESYri on5SERFFBEGced by t hdPd 0s&fIGuantPzathEmierred
implbeengadibhe. DRofwnstheammofl tihelpimmgl zededbdethemid to
i .0 der. .17 .perf.orm ng Jl ossl.ess
pgﬁfgggégeﬁgggﬁng%ggggﬁhél&&&%ﬁ@%@'rg%ec e e W ©-

t he output of the entropy encoder, there is the

TRAgeded st %E%r%ilgn@écfﬂwvi‘acﬁg%séa@%@ r ae&hg: tl"ée amount of

ent ropy-coded spectra es, Includes sid
dahd or KBRAMGR SPeqUiided §ornelRtbEiRg. Subdedddmdabannel audio
sighelencguvhl | tbenmdacko prefeyied IdRENtAIANS stereo
tof t he nultl-chaqgg% decoder and to preferre .
TR IRRENNECT ITUsT rBETRARS usFRGCERGS® 3% onede to Fig. 3
sltreiegare gevatal stecdmi deed cleor 60 edutiizg Hbeiasowdy be a

oBfsp A R ol TR0, MR o

( &chit qUes “dr e &
teglepdguet ephnithgesbimaurahi syrir posedingf etenbrigse (BCC) .
S@@@eathEEGenéeﬁéréﬁgp”Qgc@ib%%n%tSQQE%&.qg%i%%é%%els CH1,
Thi s device be a “device inplenenting, for _
Ci&anpt e, CHRe §5t BHR1E ySi8BR 0 dRdS)OL RN queisglensarrier

clhameel al agde eRERMNG ilkechihiitie-EBS he]l SYGFRNEENLEE The

enerally receives at J.east two, channels CHl, . CHZ,
pé%§¢eth¥a A Ap A Csi &n%ﬁuFQnﬁ?ﬁﬁsaﬁ gPRgPEIRALLPEr 0T an

original channel (CH1l, CH2, ..., 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 multi-
channel information thus includes a relatively rough
representation of the signal or the associated channel.
BExpressed in numbers, the amount of data required by a
carrier channel is in the range of 60 to 70 kbits/s,
whereas the amount of data required by parametric side

information for a channel is in the range from 1.5 to 2.5
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20 channel and parametric nulti-channel information.

The paranetric data are defined so that an

approxi mati on of an original4channel (CHL, CH2, ...,

CHn) nmay be calculated in a decoder. 25 Normally, the

carrier channel will include subband sanpl es,

spectral coefficients, tine domain sanples, etc.,

kiphitelseproviteia rtel abéveriahtfaihdr%d ephasenirad | Qﬁogfe trli\.t%nbers
rlygd n reas, the paranmetric da no

PE?? gd s%% 54_»85‘9& \g?%r ‘specl PRI COBREFSSeEh tég nnel of

C@BﬁﬁﬁolrﬁﬂmaﬁﬁﬁerﬁpﬂldXWmaﬂﬂmyoItengohdcedhaan rates. An

ekﬁﬁﬂmétQﬂ?tbggaﬁEQQFEthﬁatéu%Qe aéhe oW WBF?%SUé%%gxors

tin I cation I'ng,
l%?%?i‘-‘ﬁg Séﬁéeomélf@arm‘@m ©IMBES - pehameee::s, as will be

depteipadli pa1bhus includes a relatively roygh
representation of the signal or the associated
channel . 35 Expressed in nunbers, the anount of data

Theqmntedsbyyastéaﬁblehcﬁhdﬁ@ekebﬁphﬁfbggfr@éﬁ%ﬂﬁbéy)1n the
/ ere unt . o ata require

Aégré?r%{%?#gsﬁggg i %41%1%{% n%l%%a‘%ﬁ%FePs PRiDGE %Y J.
H@Jar@e f Eohh. 1. 531ta31c23r5311ﬁg kbDt s/ deieddr,i s Febbaary 1994,
Arﬂ@if‘éi‘@é‘rﬁd &Hage%@%a"’lbovtgbgu fL8pt fﬂqulI’EH?%rgg re?}?ggeo is

data. A non-c ressé anne cou
bagfl oRNmat évi/lrt ek bp d tdans foareswhidph  ésarkl d0©f applied to

déﬁﬁaﬂﬁtth@(Hﬂéiéﬁé&é@ﬁhgﬂP@“aﬁaébedﬁ%ﬂdgfg STf most data
i Nt ensi Iyedster eo information or BCC paraneters, as

PR TS h@LSdeSERFBRUTBERB W, 2HPeNY nitdifsi £y tster®ain axis, an
erermdich N gyd ¢ hnd g Uuge | Sceseed beg tBthBQngAE@th %B.g‘n%tls by a

RO IONE SR TR

- domfst acdane Lvaygergidly,  the n@mbemaﬁedpﬁcﬁn&ttyeﬁrﬁd&@tlon

' 0 nmai | r $ t,0 .he
e RESRE, ORyBe i B LEATRL MRS LGS P cnac ene
SeGedtthel @rthf’gﬁﬁétl deganppothts dree corcéntedt edf momundbeing

tﬂdﬁ%ﬁlﬂﬁﬁd'nhﬂ1fﬁﬂé5 EHEQ@EéﬁﬁOd'fﬂuga'ntHBy Qgconstructed
.achi_eved rotatlnggboth signal s by a certain ang

Sigtdre di Hee t ak Hovifer chanrels congict of

differently weighted or scaled versions of the same

‘transmitted 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 performéd in a frequency-
selective manner, i.e. independently for each scale factor
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does not always apply to real stereophonic _
reproduction techniques. Thus, this technique is

nmodi fied in that the secondlorthogonal component is
excluded frombeing 20 transmtted in the bitstream

Thus, the reconstructed signals for the left and

ri ght channels consist of differently weighted or

kszm:ﬂ.ed vieresi on< caf tl@ec&arreent;bagg,m tgggngg@gl . partition

S con truct ed_si gpal di ff
Eﬁ%f bu?“t?hegﬁgpg PdéHtS ™ gr Eepdarn oa (combined
O(37ne| |Ca|§lifa§€f i nf:banaeﬂonanafhe Bmeragw;tﬁlrm envel Qﬁt@S Qémblned
ar e aj

or i al; ag ver
cggr{rheeaitns ggfg tlhe se egl vg%s%gl |lnr\éF%]81é'?%W%n chPF?nSltY
Sé%eﬁ%ﬁl Ag frama t ionegderendsel ext i thes nemergy Tltufs the first
(ﬂﬁﬂﬁﬁﬁpomh%téh noﬁoﬁﬂg sBEbAEPLHAR AL NON . - ghergy of
fre ci es, where the dom nant spati al 0 1'nfor
the %&"E’ r‘f‘leﬁle(?h@fmc% energy envel opes. In add!tl on, in
pr actical inplementations, the transmtted signal,

hannel is produced fromthe sum
SI gnaclréqecf rr{lciet}rﬁflgﬂgﬁﬁeéflaﬁ f*ﬁetPiegﬁ*tEScl?é?ﬂféqntlon Paper

|5H§te%[tt:d:fle35 r‘Buaaumglbmde cow@ﬁgnta@plli@att@n%ltle&eo and
mhli‘t‘?tcﬁéﬁﬁ§§s ﬂgl’lo I‘%r%esr.]ser aLi n 3[" R J%{flt%.qugé)aqr%garte,

par amet er s per
Mﬁé(r £68Pded Muﬁlléiff o @Ueﬁﬁfyf eseb@:cngearmnrmbe,r iofe.audio input

chadapepdantl ¥ohQereach t3cd gf25t9n 12 ﬂ%ﬁﬁ%taq%qq1u51ng a

oder frequency partition. Prefera
- ofRZhAsrd

EF@négﬁ‘EFﬂné’&ttho OVEEhapPdawb imiedlowsr. "er nieerdlting

sphathneh aﬁddlvﬂdédduht@nnb@~bQ%IQ%E@ﬂH§jpd¥¥¥3H§ Jf“%hlch
ormation, The intensity 5 ste

e K R g LT (R BHEI Gy, BRSt AbRRAsidCh which is

p@cmaﬁn‘eionahe ener g;heof ed;nelml:@:mﬂ CBQQHQLaQQ%KeHG bandwidth
(ERBTOY 8L NS LURIIGE CHRIRT qulIZARES SIS Lhd ehe

escrib
l%ﬁ?sﬁ‘lﬂé@nn%lnm @aéf@@enngsapbm‘ﬁm ) t arst eai@ﬂeﬁnﬁned for

emtpgbaﬂﬂ%naaﬁaof%%”@a%‘iﬁ' eb)éi:‘c & %Eio ahd ICTD are

au 2002, Muni_ch. enco
%WEE ‘%faaﬁdle&}qoﬁiﬁﬁ t%hﬁhﬂ@l%}ram@a@@n\ﬁerm@@ b@tatream as
skpectinabrmepiesent®id OMnd8kRBhaAnnel level differences and

the inter-channel time differences 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 bitstream. 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 spatial 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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DFT- based transformw th overl appi ng wi ndows. The

resulting 15 spectrumis divided into non-overl appi ng
portions, of which each has ah 4 ndex. Each partition
has a bandw dth which is proportional. to the

equi val ent right-angl ed bandwidth (ERB) . The:

i nter-channel level differences (I1CLD) and the

i nter-channel tine differences (I CID) are determ ned
for 20 each %rtltlon and for each frane k. The ICLD

qBahti $B8 apdnenebasect Bofhal F) ieacheaative

BGC. biut-plureamhas cﬁbﬂﬁe&néﬂﬁgathﬁﬁorﬁh§lbﬂteEuSHanﬁﬁét the
t he i nter-channel

|ffer nces an
By Pl B b HRETG L)t o B CHUAERARNEI SRFt (PHasgisc 1D o
&CIQfFﬁﬁﬁmetehamneWheﬂ&Enlohhecﬁs p@%aﬂf&gﬁ&F&rQMannels is
ulat et.erm ne Qr ae .
e nitng on LY A OEBET MR 68 T “champt -sice
to BémﬁFb@@ssed On the decoder S|de t he decoder
typically receives a nono- 30 signal and the BCC
gitst£ﬁgn1 The nono-signal is transfornmed to the
? y UBfeiGR &R npana nt bsa fogpat £ £ sybe heylns of the
o otcke I ©in @l S01 ¢ Befl v@sardecogded | CLD and | CTD
values. In the spatial synthesis block, the BCC
paraneters (I CLD and I CTD) are used to performa
Wi ghtlione 33 cperiajicn off t hesuwmso- Sd%l ,phﬁd)rlfde a mono-
1t he tis s N | s ic after a
J% gUk 8@@888E c%nreé%%%tPugFF8ﬁ the

frequency/tlne conver3|on represent

GERYE or¢hpmeg 1 mul bRt chabish auﬂlonetgnable16td|1process
paheneasg of BG4t heghpi nt g%r?efreacfﬂg;du' € several

t o out put the channel e in ornatlon suc

oper at.i ve
'apﬁgtoxtlﬁ'@ L 10mSa Rt F‘iodfecﬂ'éﬁﬁ]elonzfatlélpé%te eaialzed and

encoded I CLD or 5 I CTD paraneters, wherein one of the

Ll ghpal nnels is, _used as a ref. rence channel for
gnco%?ﬁg ?%gh%h%ﬂﬁell%l 59 nAsErat ngﬁ?y,uﬁrnPatent
Pekdiicetiongitl 2603002kl D0 Bhe sum12603XEﬂzain1 Al and US

Z'QBngbgggbngAPr'% 'tféﬁ?fﬁ? rgggrgggve igchniques, the

course onl Yy
expert publlcatlon “Blnaural Cue Coding. Part II: Schemes

and Applications” by T. Faller and F. Baumgarte, IEEE

- Trans. On Audio and Speech Proc., 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 a 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 1left 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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representation for a decoder which can only process
the <carrier channel, but which is not able to process
15 paranmetric data for generating one or severa
approxi mati ons of nore than one input channel. The BCC
technique is also described in the US patent
publication US 2003/0219130 Al, US 2003/0026441 Al and

e P 2003/ 050315553gAJal Aﬂdlméaﬁgl Iy ggetsgfn nee iS4
s 1o 4 41 éfs | cation "Binaural Cug d’él ition of
Part 171" enes pr pPRRAPPRRSTLBYA . Fal | er and

F. Baungarte, IEEE Trans On Audi o and Speech Proc.

otler L ubseqguent | y
ercal wémcgé%h%ﬂn\g}{ rﬂn%l ]t%l(?((';)‘§ anne&"ﬁu%ﬂg{(:)J %ﬂcsaﬁﬁgusmg a
m\}dynpﬁl'ﬁjé’qr}rledst ARPSE | Aignedt er aded@inmizef emamg:1 ohaving a

shEingsle 4Hanrfel 3G l—'dkg-_al&l@(ﬁ]oms such a BCC schene for
encoding/transmtting nmulti-channel audio signals.
The nul ti-channel audio input signal at an input 110

Thfi sa B@@jbmccdamnkﬂ is oieettdoyn i Ngi@, S e

S%l‘@m'ﬁ! q#&lcglril%b th thi wexarHJ e, the ngﬁéh c%I]me 115.
mul ti- anne 3 gRBFeatethd b tha 1%C?sa§a§3’§55 block 116
1§h8Hﬁ@PtsQﬂr@ur$dC@l-gmeﬂoﬂnmmrtga d freontr1 ef t channel, a

front-right channel, a left surround channel, a rlght
rroupnd channel and a center channel. In the

S
_ IBE@F@F @aneénbbqubntdi(ﬁfqmcm@s drICHDr)veah&jOmnﬁélﬁ—channel

tﬂmmﬂdh&fbk@@%eklﬁrcﬂg' ?glgﬁlgté m gi g alﬁﬁ& analysis

? ps of ﬁﬁ ggle a ition o ese |ve C
0’ ohd Fgnat L UStHET sdovineve s dlreive S her BUhoaamalysis
lethhelelr&d 39 thdlscusi agla &dmléélgﬁalgggl hiir}lqﬂ%r—channel
vin singl e channel is
B B e R L YALHET L. SRt Soh $1eMAL and the

obt ai ned. This & ngI
sifgnanfprneties. arsi dedmdnoraid oro obt BEoedetbaayt heg in a

qLE&igtﬂi@&Y§h%1 s +<C|ine ff]fglal it ef %hgﬁﬁelﬁ?%r splits the

i nformati on
LRt eieds fYeLFigml i ntrto chmnmelmber of subbands  and

performs scalings, delays and further processing steps to
provide the subbands of the multi-channel audio channels to
be output. This processing 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 conver51on
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 coeff1c1ents from N

time domain samples.
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time differences (I1CTD) are calculated in the BCC

anal ysis block, as has been illustrated above. Now,
the BCC anal ysis 15 block t188is also able to

calcul ate inter-channel correlation values (I1CC

val ues) . The sumsignal and the side information are
transmtted to a BCC decoder 120 in a quantized and
encoded format. The BCC decoder splits the

% per f)grﬁrr{s:ic scd %Ingggcﬁeigg %Eﬁgggﬁﬁﬂﬁ@%@%fgz@%ggy stage

1dtbeps a0 l@V@i/l d@qmefmmhamjs ofagde RN - chanpetrelation
PR 01 -, he .aut rpgessin
perfe%rsf'rLEl suc etth%ltzgt %ﬁ ‘F%%‘T)epa %Eﬁ g’gp}nﬁte‘?’%e IFB
1edued)t ofhey peEBREL rqfct@@aqml 129, chhrnelecsimgtatucited heulti-
dmﬁﬁ%ﬂ b&&ﬂ@“§3 fde ﬁQﬁiﬁ&Pofgkng g ngeséFQ§téH%??Fls in

%I nal | ti-channel_ signal at t nput
BCaREoer 2152 Chegmat .%Jrﬁﬂ%@yqqﬁénrse@wé@@d@mtput to a
smo afnclonlespeaBeEssyrdhesis Breck 1122tand & sifderig. 5 or
foggmatl on- processing bl ock 123. 30 Subsequently, fhe
ternal setup of the BCC synthesis block 122 will be
iIIustrated referri ng to Fig. 6. The sum signal on

[ fr
T nvaPLF on nat, St B dd T8 R encydapain or
tBe Hilddern dsankt ifomea jins JaYnmbaexs N> Bf ti;t@bb@heknsm‘gnamﬁ The

sQQnaRn S EXE T 35 £as8, H%rlttl 0‘1'2 of ; spe
coef fici en[tglg V\hqigﬁ the aud o tilter bjé%k (%é?pe fEPGR that
SEVErilt VATt Pén,the esare (Sigmglor ABei orptained, as is

ipenstabiag blysmiét E:@|pyC@1%fd@ Qizent Il amnzlﬂﬁ Idﬁehméhs of
urt her

nt hesi s bl ock ]
tﬁ%gﬁk%glnaldgﬁg gt é% €, Y ﬁ@éﬂHqQﬂq(ﬁpannels in
tReageutiyt esma]el at‘]]h;m pm@ssvagsﬁ;bageoiZStla@d @fliginal

_ si. Ngisgfkhier okai%nglnff% age gggﬂgﬂlég tﬁgﬁhgqeerotmfmdeo{ay di,

age 129, the rec ructe
dQatudl . s‘iizgnal rhadi -ngThe odedranpagarater chanaekslicmlated by

thée sGare %f@rﬁaﬁﬁ]@ﬂnE!rOI%B%%QHﬁd 1§I/t§c§}?m12'§aylge Lq[put:) and
to.a ,set of |oudspeakers 124, "as are illustrate
d@gbve% gponpléhe4 1nter channel time differences as they

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

The same applies to the multiplication parameters a;, a,,
--r @i, ..., ay, which are also calculated by the side
information-processing block 123 based on the inter-channel
level differences as they were calculated by the BCC
analysis block 116.

The ICC parameters calculated by the BCC analysis block 116
are used for contrelling 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-




10

15

20

25

30

35

10 The input signal sn is converted to the frequency
domain or the filter bank domain by means of the
el enent 125. The signal outpt by the elenent 125 is
copi ed such that several versions of the sanme signa
are obtained, as is 15 illustrated by the copy node
130. The nunber of versions of the original signa

Wxﬂﬁus fihe. numbmpdﬁéﬂmylﬂﬁa%ﬂ?ﬂﬂg|f h?ﬁa}hﬁggytpﬁﬁrther a
Al no i
ﬁ%e no&ggnggglggégb%gé ggl?olﬁ &P%dbeﬁﬁw @D bg2seen by

the figtter ban}dN:llﬁ'heldelaSj Eﬁc_r;arret eTslgrleegalscuhatte%e BCC

ﬂB&é%EﬁJF%Ségé bBE%rg% SIn%gE 123 I This also

Fi g. and derive
“&ﬁc‘ﬁ%r éhaés W3 tthey casee ‘cladi‘cultateedabgllbhefBCCer bank 125

tanalis! Sobhothel Lhols Fldonds iI1&, sapE, aBRLLES 4,0 {hepang-
ITU|tI JIC |on gararretersa
3|@9Qﬂ%ﬁﬁhﬁﬁ#&mbb¢@b obtalns a set of BCC
parfamerwnh sonf@foeéw ngs blft%k §-§3b§§§1t§ﬁegﬁwteggurse, the BCC
n V, | erences
é@‘l cul gt ngg%{‘hg?gcc f;n’éwsu bl BRECR16 s 36 1mstixeted in
IprErdeat elsterl cuhatel by 6t ha IBCC poatyshs Bl 0sKcdABt ruction

_W%E%huggd sha %%Q;Qplllqg]the f u Ct%é;ﬁdﬁéﬁ%#éﬂ%%?ﬁ%e%ands

so  that certain correl
and | evel - mani pul at ed S|gnals are obtained at the

fi yol 0gK 51281 n ere_t hat
SgggggthQ%ﬁé §§ases 35 126h§?§7igﬁi 8&%8 glPﬁgﬁ 19 (Fidual
Bie RIS sHo™wn WJ'H']'FI Be Glhqsqrsafﬁdsor@ﬁebelngt edot mEly. 4.

Nomma 1l panehe SEHﬁW0Qﬁ§§mnﬁn@fICth§a§HQb98§%gﬁééf @edeflned

nal SIS i-S also perforned rame -
téﬁ%%?aﬁ% Eﬁﬁ% ana tﬁﬂ’f%ﬁW?ﬁﬁr preferred that the

IﬁL@qaedc?CWDspaB%eaneaisy&Jr& Ic&t@t&ralfd%gﬂ,bea:&é@fﬂ Pereference
h di_vi.si 0 |
e At "Frc neEn oo RS dh it s Gattrin Fig.

nmeans t
4%pectral band. This also 5 neans that in the case that

'the audio filter bank 125 breaks down the input
ignal into, for exanple, 32 band- pass signals, the
PATARRGS DI Bél oBRaidRfnedt isf S0Eferent manners. 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
multiplicatien parameters a;, ay based on the transmitted

ICLD parameters, reference is made to the AES Convention
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paranmeters for each of the 32 bands. O course, the

BCC synthesis block 122 of Fig. 5, which is

illustrated in 10 greater delQi I in Fig. 6, also

perfornms a reconstruction which is also based on the
exenplarily nmentioned 32 bands. Subsequently, a

scenari o used for determ ning individua

EBeepalanet®Er st wi Fhebel GID uptrated eref erepngsént Fih energy

A-stha i | Y5 Lhe d%tﬁ.ne%pgufgg 'L;Egnpl%rlans?meﬁqrasl ma%lthout

be defined between alrs
ﬁ%ﬁeﬁ?eaeﬁﬁﬁﬁlﬂﬁ§rIkﬁi}%nﬁrﬁéﬁDrﬁﬁnnﬁﬂeLs sheown in Fig.

4@t exni negdxbet yeercp I d?&ﬁ%%%r§3h%%@%%s%%%&%@Fhtﬂ%heénergy

nel. This is illustrated in Fig
dﬁ%%n YWeR0 dERPNE® SHE diifeer ehenhahfepdd I¥he front-
lggercalanneQC par &Rl &fisidTeh Reriled BSii Peské s 1h8 block 122,

ween all possible channel pairs, as’is
R O L P RE R PR BT e e o beenot hatsugisitish From

the cdCell aperenkye25 | €6 pahanet ehe bebwaen thergwo of all
r%EBQ@Q%%Et%%a fncﬁgﬁheién?s %%elsIllL‘%ratggpégtlonal

,  Whi ch shows an exanp i'nwh
tPu %@e SRCrQE Pdr &hst @ﬂlﬂb@thm“@i thensibgrted)s. 1 and 2
is calculated and, at another tinme, an |ICC paraneter
hannel s and 5 is calculated. The 30

bet en t
IBec baer ?ékﬁﬁ%@%?ﬁeéﬂ%@gltﬁéllﬁ?@r cHannkhe cofredagnen/time
cbﬁtrmemohhebs:faﬁ@ﬂﬁgiES:lIy Clil'i?éf Inﬁhﬁ|et§k|ﬂ{ﬁ§l@%‘i°@%&1]@”¢?—§?§29 of
rtai p heuristj.c_rules, for culatin
IE‘g§nthe§|2|ng 4ﬁ§| NF@%ichgﬁ% co QPE%@g'fortFﬁe spectral
reprasahhgtébasnelf qhﬂrrndiﬁh&ﬂah chspaelst att ke input of
thakeul gl o ffl&ﬁ% heuseét'gg Cm”‘1§ed to the
ase d

pararret ers a e transm
headahener §lgr1éflepm@§srssnma@@m@et £ ABES .Cohventpenferm the

e¥¢Q1FapebnNo of55k$e-”Ehéf¢£ﬁﬁéianﬁh§%§ %@Eﬁ%ﬁgt HYith the

ener di stribution of an original
r%?@ﬁg¥lvﬁltﬁ&ﬁ Fokkeps géﬁékmqﬂ§¢lT@h@%n9lef@ﬂﬁ&@Ut an
addit $o880Wiregubhg@y/time 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 stereo encoder should have the same
time/frequency resclution. 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 stereo 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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4A, to take 4 |1 CLD paraneters representing the energy
5 difference between the respective channels and the

front- left channel. In the gilde
i nformati on-processing block 122, the nultiplication
paranmeters al, ..., aN are derived from the |ICLD

parameters so that the total energy of al
beecanspreotirad arttdsEMILdS oF tdife SNBNLPE . [Examples of

to t f th
trans#%?gg;a f1]:‘Lqetsr(?ie ‘%ﬁ% s %érho%\fﬁsﬁ?ﬁglégn%o‘ft%r, the
inpeduedeyat | apd comveutsi ate bt alrlwﬂ:d@tltdéay nvmbf?e also be
ehiddd@ia W@oh{@h% fng guﬁl ganc? g eg%fedfiﬁels the case

| nst ead, 't he spec represe
ipn@ovicdddied Matidre capndres sgaun Bfanplesef nuerseare Dolby

P&bmb@ﬁcbanm@ggbe ug@d @Qgcigppghgg %gdthe hhe &ggone

gnal -process H device 0 per orm
p86 FGHLRSm of tRE .ndwlaaachﬁnneit chareptssentatibe  may

add&p&ohla\leyt\me fdrddcriest NSy AWkhk- cha %%'am\éﬂttr'l%ﬁheacrhods, as
lgot%%dltlonal ?guenc /tlne transfo mat 1 on
fegard T0 a %%n@ t§u§¥8@@§§|M$?¥ﬁﬁmgt%¥%c@eﬁh0ﬁhés based
onr ehaeB€Y tHemhnnguiet is to be noted that in this case
the multi-channel decoder, i.e., for exanple, the

filter bank 25 125 of Fig. 6, and the stereo encoder
D%ﬁ%ﬂﬁé“ﬁaﬂé’thbes&ﬁgcumahaﬁa&&wenhy ries@intiivan. method for

| SAGEL 9N | oy ¢ 1S Land the
I¥ L] ter bgnk " |ge [iﬁéutléﬁharly of 89% gﬁtaég aTe  or

S?% Y2bht y Q%ﬂ%@ﬁ%ﬁm¢m¥%¥l%@nwaﬁsb@qgnred ﬁngltahestorage

medt bn e PIOCessitiGulas | ©r | hustgatedyin (F[*) agv % tcontrol
i'cien

0_cas the result is a particular
$%%%§sﬁ%l CHi g8 G FPaRsrOttmElsfSrPRiFRALY, which can

' Ccrmttra‘c@atmn‘eh depodgraandbltheospatee eggeéﬁw steed thlt the

I gy at ut .data and pout pu at a,
I?ér*g‘é&pﬁc‘?l {./Ig g£d- e;@% ltgﬁ Idnv%%?w,coﬁ%%p%ngggt%ﬂasalso is
1fbr@feﬁ@WPVt@ﬁCo§éQgrﬁmthprOﬁueqUenayld@nainphxmnﬁanSencode

A rdd arsf ognag L a encoded
? rcho a(:oust|%l:@gillfiéeitrlé%ggali]g 99rrf§§ fﬁ&ﬁ ormlng an
1 Y ietaed i thear the tq@@m:etmmmmrem mhodidt 2tuns on

a bsomp&mé@tr abut epfes@ait O, ofcHdheialgRalsn Erﬁggplaef‘so be
re¥lized as a computer program having a program encode for
performing the method when the computer program runs on a

computer.



this are MP3 files, AACfiles or AC3 files. However,

the 1input data and output data, respectively, nmay

al so be encoded by form ng the_sum and difference, as

is the case 5 in so-called matri xed processes.

Exanpl es of this are Dolby PrpLogic, Logic7 or Crcle

Surround. The data of, in particular, the

mul ti -channel representation may additionally be

encoded by neans of paranet€lzimethods, as is the

case in MP3 surround, wherein this nmethod is based 10

on the BCC techni que. Dependi ng on the circunstances,

the inventive nmethod for generating may be

ﬁﬁp|emE@b@dc@nfakt@éheh@&@ﬂ%r@noénc%@EHW%E%reBh%lgnal of an

| npl enentation may b gt@@stma.e15 di

in pafti¢dl &t O a i seor® G SESREF oI ag%@ﬂaﬁk first

- whi chstamebe clamhealt aﬂdECthﬂkﬁﬂkiystwhEQh Cﬂﬂnnel from a
coope W\ r er, sy m.such

thar Thecimeraadel; PRERERERLErEaAP e yBr BT Phdoe or the

-|nvenﬁPéﬁOaM@iasiraameﬁQmmm&ﬁ%ngpnogpamapnoductl more than
havi ngwa ﬁﬁ@%%ﬁﬂﬁ@% 2008bPk 8¢ngn @ _ _

machi ne-readabl e carrier for perforn1ng an inventive

nmet hod when the conputer program product runs on a

ConpumeansPWbﬂﬂﬁﬁdﬁﬁdﬁﬂQ/tﬁ@embﬂée&HdHWEWW 1301 P8hannels

reali uter program havin rogram encode

f or %er?o?ﬂ?ﬁﬁu %"%%?ﬁ%%gmﬁ%ﬂr?%%ng%ﬁb &r program

runs on a r. :, 25 conputer. r~ ~] -2Z Cdains L A

deV| er n re aI of an.
By At A N

‘stere%ﬁ%%%mﬁ%lEﬁhdUQCQé@dndSEEQﬁéo %h@mmblwnﬂdnwan uncoded
mul tifLhannal HeRr eseatali on Qﬁdt%%.a&ﬂb@d@aegﬁxﬁﬁmfhgtereo

audlo dat asfream conprising information on nore th
“two nER3REhan JeRiptpr @F e L FREmkng d?em%vf@wrﬂ@d
the nmore than two nulti-channels fromthe
nU|t|_Chan§|e€§f£ Eg”ggg multl channel by a first filter
function (H;;) derived from a virtual position of
-..a loudspeaker for reproducing the multi-channel
- and a virtual first ear position of a listener,
for the first stereo channel, and a second filter
function (Hjgr) derived from a virtual position of
the loudspeaker and a virtual second ear position
- of the listener, for the second stereo channel,
to generate a first evaluated channel and a
second evaluated channel for each multi-channel,
the two wvirtual ear positions of the listener

being different,

to add the evaluated first channels to obtain the

uncoded first stereo channel, and




means for perform ng headphone signal processing to
generate an uncoded stereo signal with an uncoded

first stereo channel and an upgoded second stereo

channel , the means for performng being forned to

eval uate each nulti-channel by a first filter

function (Hi L) derived froma virtual position of a

| oudspeaker for reproducing the multi-channel and a
virtual first edd positdwonlwfted | betendr changreltsheto obtain

first stereqChandglqd aBeoAas6¢Rdof bht@he1; and
function.(H R) derived froma virtual position of the

| oudspeaker and a virtual second ear position of the

|i st emer stéoeot hensaeond stereoc£baaNRY, tHO ABNRYRIE first

a first eval uated channe nd a second eval uat ed
channgﬁefgp é%@ﬁ 'Itfgg%a el YheY %gtﬁBCQ??tﬁ prggr channel

posi t itonsobtaihe tliest emerndetei ngediebfl esbghalt o adthe hetereo
eval u L.r . n 0 ai.n. t.he ded_first .
@B‘égdte'r %eﬁﬂ_;g f‘(g%,rﬁe{i Sgl ttﬂ'x(i‘aé1 a Q! Jgate aequlred

sterea channel, arg 0 eval uat'ed secon
channéPg taaskiaithinghéhencodedlieskcairirae e bonzhahnebmaller

and atphfrgoqdgegodgtef peganeadi RYrt ReaHOROdEdNnET ERL uncoded
stereo channel and the uncoded second stereo channe

to obfhFREPhELERRbded stereo signal , the stereo
encoder being formed such that a data rate required
_%or transn fting the encodeg:ste;eo si.gnal _is smaller

han a %ataVF§F% FeORF el &° t ransHi tti nfPeh8 inddifedneans
st.erebosi gpatfolnifihe devi fermedoodi nget otbtéai iitst filter
wher e} s far r.f.orm.ng. | r us .
1 rsc T RpfLomiRy, | Sonbibepatlidal feb0! Tt *Eofietions
refl e2idoAd ffune disviardenadiarbetlaei 6scond seiddrmr function

filtergfyunctdonsiddiERg congirderi NosdhhgCt s@YNdetions and
reflg&tkgns and diffuse reverberation
1rffuse reverberation .

3. - The device according to claim 2, wherein the first and
the second filter functions correspond to a filter
impulse response comprising a peak at a small time

- value representing .the direct sound, several smaller
peaks -at  medium time wvalues representing the
reflections, and a continuous region no longer
resolved for individual peaks and representing the

diffuse reverberation.
4. - The device according to one of the preceding claims,

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 for providing is formed to
calculate the at least three multi-channels from the




3. The device according to claim2, wherein the first
and the second filter functions correspond to a
filter inpulse response conpsjsing a peak at a snal
time value representing the direct sound, severa
smal l er peaks at nediumtine val ues representing the

refl ections a_continuous region no | onger .
resol%@ﬁ ?ﬁ? ?ﬁ%i3Fgﬁg?ip§§ﬁécaﬁ%“?gﬁ? et njPEhparametric
di f f us@fiogwethenati on. 4. The device according to one

of the preceding clains, wherein the nulti-channe
representation conprises one or several basic

Channélh€ g&Vvier| agsopdinmetri €1aimf drmati on for

calculating the nulti-channels from one or severa

~basi c_c¢hannel and wherein the neans for providing is .
f ormed 59}8aﬁéﬁlg?§the%SF PERTE AL RPed SmilcEmegh&rnBIrevide,

from the tR4- arpur theesever ablbasiwi shamel@antd; domain
the p ' Lnfornmtion, 5 -The device accqrding

to clg%§?§%g§E8F%Pﬁ Fﬁg ﬁggﬁng%FlngePB? g ?ggforned

to provide, on the output side, a bl ock-w se

frequgneyedAMine rapERSENt akLen LALrB2fbng is . formed to
mul ti - channel , and wherein_the neans for pgrfornlng 'S

for me@VEbU2kGal uat’d® he bPberkuisaef r eqUetRINaIGiRi n  domain
T epr eseptaséNtabyon Hyeg ugﬁéiuéﬁayi doh8pheseptatifBaelion of

the. first_and second filter. functLons, . 6. The device
abcor%ﬁ%gffﬁsgn%ngfS??@P%ré% E?ﬁgk%?%Fh%?s'mherein'the

means for performng is fornmed to provide -a

Ol ockp\ Sg= | resentation of.the . .
D oot vl EEMENGIA T D GRET SR ThE BBt ratatns,
. stereo channel, and wherein the stereo encoder is a

tFansﬁﬁéfgﬁﬂoﬁh@ﬂﬁé§hsenf@geﬁeﬁﬁgr%§%§!§Q FOLIEY 8 provide
process the bl ock-wi se frequency donain
repr e3eftCKoH16F tHeeWHReRied doredn  representation of the

uncoded first stereo channel and the uncoded second

stereo channel, and

wherein the stereo encoder is a transformation-based
encoder and -is also formed to process the block-wise
frequency domain representation of the uncoded first
-stereo channel and the uncoded second stereo channel
without a conversion from the frequency domain

representation to a temporal representation.

7. The device according to one of the preceding claims,
wherein the stereo encoder is formed to perform a .
common stereo encoding of the first and second stereo
channels.

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

wherein the stereo encoder 1is formed to guantize a

‘block of spectral values using a psycho-




stereo channel and the uncoded second stereo channe
W t hout a conversion fromthe frequency domain
representation to a tenporal_gepresentation. 7. The
devi ce according to one of the preceding clains,
wherein the stereo encoder is fornmed to performa
conmmo I caodi e first .and,secaond, stereq
channecgﬁggngﬁ§“%§V? egéE%%?ol%gaFg EEQJEF he- €6 entropy
pr ecedingyddngi mso olftersi hhehenspdedoséncedesigsal.
formed to quantize a block of spectral values using a
psycho -25- acoustic masking threshold and subject it
tlo” entthSpfevéfcodrrgrdangbt i AnenefehbBdrgesediag clains,
signal. 9. The device according to one of the
receding clains, wherein the neans, for . praoviding is
fpor med §ge&nl3=(%se BT . q:f(f %%Vb‘ikn%el qg&r&’ieﬁg p @ BCC
- one oflechdepr.ecedi ng cl ai ns, wherein the neans for
providing is forned as a nmulti- channel decoder
conprising a filter bank having several outputs,
Wher eFhet %@Vﬁrﬁanécmvsdfpégfbﬂnpng P§ thenpdeteding claims,
eval uate signals at the filter bank outputs by the
first and second filter functions, and wherein the _
‘st er eBPEREOBeF P sMPBPARALPE HHAKLFFBIt he fanEEHeds a multi-
firstcstened chambekri ncohgrficegdency domaidy apgnkhehaving
uncodgdvseCEnd fteéeo channel in the frequency domain
and sub) et i YUt8"eRtropy encoding to obtain the
encoded stereo signal. 11. A nethod for generating an
encodgde pLef oL ONALa QL an Bl Qe PSER: B aD5aUBLPucq  to
datastream having a first stereo C Ahnet and 8 second
st er edvehambre| sfosmls @l tihechBhheerr prdsenvbpuba ofy the
-the apgior ph€gCsOEohdCr i PUEE Of GREBPLAEAM £QNPT I Si Ng
information on nore than two nulti-channels,
conprising the steps of:

wherein the stereo encoder is formed to quantize the

uncoded first stereo channel in the frequency domain
and the uncoded second stereo channel in the frequency
domain and subject it to entropy encoding to obtain

the encoded stereoc signal.

11. A method for generating an encoded stereo signal of an
audio piece or an audio datastream having a first
stereo channel and a second stereo channel from a
multi-channel representation of the audio piece or the
-audio datastream comprising information on more than

two multi-channels, comprising the steps of:

providing the more than two multi-channels from the

multi-channel representation;

performing headphone signal processing te generate an
uncoded stereo signal with an uncoded first stereo

channel and an uncoded second




providing the nore than two nulti-channels fromthe

mul ti-channel representation; perform ng headphone

signal processing to generateyan uncoded stereo

signal with an uncoded first stereo channel and an

uncoded second -26- stereo channel, the step of

perform ng conprising: evaluating each nulti-channe

by a first filter function (H L) derived froma

vi rtugltegesi channefl, ahkovdspealfepefrdormépgodovipng stihe :

mul ti-channel and a virtual first ear position of a
listener, for the first stereo channel, and a second
filter fuRYEIlSRTEAIR)ICHET | VeltiTohranelr bala pbsrstofilter
of -the | oydspeaker @ng adytitadl £56608dveakupPSkbbk9Rion of
of the Ilste er, for the second steEeo chanpel tQ

generate acf IR e CEh&fiei® ng Egﬁoﬁ@ltl -channel
eval uat ed ahdnmﬂvirﬂu&hcﬁlﬂnttba@h@m&ﬂtlodfmftmollstener,
virtual ea 0 [ f the |i ner., being

di fferent, %og %h% ?E%nga%ugﬁedéﬁgpgﬁléhéﬁ% sggond filter
obt ai n théuuﬁﬁéééd(fhmbtdquﬂqﬁ)f#@mn@lv1ahdaédﬁpﬂgtlon of

the eval uatgd §@98§ﬂe8ﬁ@9n§h§ 50 oREgLA sEE%an%Qg69051tlon
second stereo channel; and stereo- codi ng the uncod

first ster@ c,tlli‘énrﬂe’rs%ﬁfberrt h@oﬁn@8§eoﬁ%d5§?é‘?‘é00hannel

C.Pannel tOtegt@éﬂfﬂ%féJee e@coﬂlqutst @mlﬁh@wl ,céqtafﬂﬁleiterand a
of stereo-coding bein ec uch that a data.rate

required f3r<° ? ﬁgﬁ# ﬁé jodg s?%?%omgﬁgﬁéFLannel'
i s small erthharwea tstairauaat esarequiosdd ifoors toAnsthd t Lhgtener

the uncodeg.; s eﬁf?fék?ﬁ@" 12. A conputer program
havi ng a program code " performng the nethod for

generating an encoded stereo signal according to

claim 11, syheinghe COPRLEN1aREAI &M EUNELAANBTSs to obtain

comput er.
' the uncoded first stereo channel, and

-adding the evaluated second channels to obtain

the uncoded second stereo channel; and

stereo—coding the uncoded first stereo channel and
the uncoded second stereo channel to obtain the
encoded stereo signal, 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 <c¢laim 11, when the computer

program runs on a computer.




