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PARAMETRI C JO NT- CODI NG OF AUDI O SOURCES 1

| NTRODUCTION I n a general coding problem we have a
wOobms4906 (nono) source signals s,(n) (1 < /pr/EP20a6/650904

a scene description vector 5(n), where nis the tine

e HARBSHRTHE ST P e At Souagss.
wi dths, and acoustic paranmeters such as (virtua room
1. BFFROPMETIN “or “my be changi ng over time. The
source signals and scene description are coded and
in bighiefai cofihd BB e Havece Buriber G IPihRS splRTduai o ¢ <

description, S(n), to generate wavefield synthesis,
< Mlland ahscemel descriptioar eecter §ia), svkereanfiartbei timedhdéxeThe scene
scene description vector. The decoder output signals

deSériptid@nvé&ter contdins (sgérémété's NuchNabe(virfladl) sbarcec pBsitions, source
description vector S(n) may not be transmtted but ma

widils d andr asonslicaparaieetges syeh. as virvad) memneaametaes. The scene

3 " i ' " Al : :
coblnsh8 8 SRR Y mal 1B I Bybme, Tre source signas
anddibeaesdescriptionleserddded and itransaittedito @ détodkef iThescoded source

the scene description and uses for each ("natural") R
signels; e(n3 iage suceessiyely mixedea@ ungtion ob the scengydeseriptiaa, S (n), to
audi o cod '

ge Bt uEhieGeid, SYuRES R alIRo3nRe) B Slp20ongadk gn 2 [ungtion of the
' ' h f .A .
e eRsbloR atiReg T dtodhr bt mo iRl e PR v 0 < i< M

about, 60 - 90 kb/s. Previousl we addressed a speci al
Note, dbat,ihe meene dascietion ety SkabMmaw pal pe) ransmitid but may be
0o _ . ( o FL exi )
de%gn@erl %SMBsg?(?aﬂsﬁ ﬁlls%ﬁgn| y ot glsjéﬁﬁh g}é’rﬁa eénglfd\)/g’li al* always
referautodwoscharmiet stgres audio signalat e si de i nformation, | ow
bitrate is achieved. However, the source signals can

b vered at the decoder, angd the sche
SO PR Bt 6 o i TR AR oS RG- 3t Jafines the scene
deséptioataritNusdy foR eaehl Shatura)issutde SigNaNa svparats atbno audio coder,
based on anplitude and del ay _ _
e.g. an AAC audio coder. However, when a complex scene with many sources is to
be mixed, the bitrate becomes high, i.e. the bitrate scales up with the number of

sources. Coding one source signal with high quality requires about 60 - 90 kb/s.

Previously, we addressed a special case of the described coding problem [1][2] with
a scheme denoted Binaural Cue Coding (BCC) for Flexible Rendering. By
transmitting only the sum of the given source signals plus low bitrate side information,
low bitrate is achieved. However, the source signals can not be recovered at the
decoder and the scheme was limited to stereo and multi-channel surround signal
generation. Also, only simplistic mixing was used, based on amplitude and delay
panning. Thus, the direction of sources could be controlled but no other auditory
spatial image attributes. Another limitation of this scheme was its limited audio
quality. Especially, a decrease in audio quality as the number of source signals is
increased.
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panni ng. Thus, the direction of sources could be

controlled but no other auditory spatial inmge
w@rdociokties. Another limtation of this schenmeP@BEPID&050904

limted audio quality. Esperially, a decrease in audio

Th Hicbinterd 141, (S mRUT S ot BB Sidrde, MRg, Surround, MPEG
SuFRtauAdR tdoversSties easeMiBiefs! N Calitio éf‘i%ﬁﬁe@”afr@uéﬁﬁodéwﬁhé N audio
the case where N audi o channels are encoded and

chaals R BIBTIrGyes dhan | BF oriaioal RIG 1/0a0RAS: Aga decoded. The
traﬁ%ﬁtfédcweih%rﬁ{agoﬂeﬁﬁ{ﬂﬁe channteCF‘gHﬁgl i tdugd ﬁ%k%rﬁgters relating to

ofmatl on I nc €s cué para
diffieedradasrigetiveedithé enput chanbeisween t he i nput channel s.
The channel s of stereo and multi-channel audio si gnal S

a|n m es of audi o spurces signals and are
The PIaIMB o Stasa B0t Ml RhRR el ANJosTGRas chaialn Shxes of audio

so@&:@é eéfimgﬁ‘élg and tdre GRa8 "kﬁffel@r‘l@' iR fatdrRAkSarfpRird atRflo %%e signals.

t hat  ayed back over an appropriate playback
Stargetand rrulteclnarmeiraeldlwvslgnaiseazeemmechaudumatomlyers played| back over

an AR S aTAR R dmn e GG i BrlieReL B ARy spatial image

("sBudd agd®) HeBapturdd HYNPIEEFedofding Cddttip CHddEEIghad Byhthe recording
channels of a stereo or multi-channel audio sign

al
engiager BUERg Misings Adnpmber ofi schemsenNpnRIntcFoditg: for the channels of a

steff b et At oG AV Bl AREORUSE. Ui 1

using a m ni nrum bandw dth. In nost of known nethods,
SUMMARYaDIFaTHE INMBENTION g. stereo, 5.1 ) is predefined
and has a direct influence on the coding scenario. The

di t th d de | d t hij.
The,SiroeT i relivacs K praide i, Brelfas donrame & Pirals,of source
s.gha|sawﬁn@@§m N& PiRlAYRASANRAGHETH Iést: & kri Afdthodd)@he playback

roposed |nvent| on encodes N audi o source signals,
fortrgqbu(eeg | gteren, BHaraepredefined ans basoa d‘rmotun%Mﬂeebn the coding
' di f.f : .
scéﬁ@) 'ﬁber%l ﬁa ?ﬂ'ﬁgﬁ{]gﬁ tbﬁa{iggo s@é %@M?q ' §ﬁl Hs predefined

plalybhék favima tHarelord &indihg tthé tusedlto RRpRIBRIIAEE playback scenario (e.g.
stereo).

The proposed invention encodes N audio source signals, typically not channels of a
stereo or multi-channel signals, but independent signals, such as different speech or
instrument signals. The transmitted side information includes statistical parameters

relating to the input audio source signals.

The proposed invention decodes M audio channels with different cues than
the original audio source signals. These different cues are either implicitly
synthesized by applying a mixer to the received sum signal. The mixer is
controlled as a function of the received statistical source information and the
received (or locally determined) audio format parameters and mixing
parameters. Alternatively, these different cues are explicitty computed as a

function of the received statistical source information and the received (or
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relating to the input audio source signals. The

proposed i nvention decodes M audi o channels with
waledobesonde cues than the original audi o sour cepCT/BPBNG050904

These different cues are eidher inplicitly synthesized

ociy BBt Hdh Gl oA B FEHS H AbaE rpaters. These
ot . C ¢ O _
coffffi S oo Ut (41680B] o i ASeadSBRAUEA o Coding
Papameitrt eBtored| tIMPEGi Serourid)efasr dyhftristzingcties eutput channels
explicitly conputed as a function of the received

giverathestaceived suncsignél.or mati on and t he recei ved
(orlocally determ ned) audio format paraneters and

m xin raneters.. These. computed cues are used t s
Thg (Pmpcgqeoﬁs me ?q.{rjf)lna-gga@gro (aél %apgqce&%n%a ('ﬁ ﬁwée first of its kind. It
is dRsdigmed forjoint-ebeing dfRtdicEbuReNslgndler AGHiBt StrFtd sihald gre usually

out put channel s_cgl ven the received sumsignal. The _
manocgistie gignetewhicharejnat suitaklgifagplaybackipversa stegeo or multi-channel

_. : £ . Kin e . 0
auigr R b Eevibldh 4P Sefuhby Budiel s il BbIE arh Yrten denoted
sodicgrsigrialer e usual |y nono audi o signals which are not

suitable for playback over a stereo o r multi-channel

udi o system For brevity, in the follow ng,. qudio i
AugigPew o YAERIS TPk NGPE R brRiBkER (@otiPEeP, sMEliaFaanng e, wavefield

u| . I e . .

SyREHESCaqUS Moralt 0L 10398y SRS AT S8R S0y RseHBRal pan be a single
inspruiment too talkery madhe svmofaaidumbes of instsinerds andriatkerss Another type
fsiélal e inst.runlent or talker., or tthe L of a nurrbeh duri
of ydIP popFeielAna! 13 AMPAPIAUAL SIARGE FRAUSFMIt A Sgehmjcrophone during
a S6NUCHE OfteR3audié SouresOsighalsOafd Sfstbd CoMtMURIdra¢K Redorders or in

spot m crophone during a concert. Often audi o source
hargddigkatesordieg sy9leas$.o n nulti-track recorders or in

har ddi sk recordi ng systens. The cl ai mred schene for

ol Nt , N e sianal .

T hies SRR (8 M- GRHRG o ARG, Seu'oB HBRER, T hased on only
traibmitting the sum of the audio source signals,

>k

s(n) =

s{n) , (1)

i

1l
—_

or a weighted sum of the source signals. Optionally, weighted summation can be
carried out with different weights in different subbands and the weights may be
adapted in time. Summation with equalization, as described in Chapter 3.3.2 in [1],
may also be applied. In the following, when we refer to the sum or sum signal, we
always mean a signal generate by (1) or generated as described. In addition to the
sum signal, side information is transmitted. The sum and the side information
represent the outputted audio stream. Optionally, the sum signal is coded using a
conventional mono audio coder. This stream can be stored in a file (CD, DVD,
Harddisk) or broadcasted to the receiver. The side information represents the
statistical properties of the source signals which are the most important factors
determining the perceptual spatial cues of the mixer output signals. It will be shown
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S(n) =S {A7) (1) (=1 or a weighted sum of the

source signals. Optionally, weighted summation can be
wearwioediout with different weights in differepPtT/EP2006/050904

subbands and the wei ghts nay be adapted in tine.

thag R biFbelhes a N RhachAly. Sy PERiA! BfideibBer B dfo-cometation

funtfiens WRbo&f 8rku/® of ide infomaticii 18 FhasmittedBePv@it® signal. At the
mean a signal generate by ( 1) o r generated as

recdhat| sb@de dignalddi () qn ¢ of & hyf)srerecovered wvittdthe before mentioned
information Is transmtted. The sum and the side

staitiQ{iéHI”ch%ﬁérr‘tiése@;ﬁ)‘iéﬂhattihgl e FEHrFe%ﬁoﬁHiﬁEg pzéﬂé?ﬁ&% of the original

Optional I'y, the sum sign I's coded usi
sourea\signaleaad the sumesighal. coder. This stream can be
stored in a file (CD, DVD, Harddisk) o r broadcasted

BRI, SR R OF FRESDRAWINGECT: co'si Gnars whi ch are

the nost inportant factors determ ning the perceptual

The praterdibnavit beddetien einderstood tHamkis toitige attachdd Figurés mewhich:
shownt hat these properties are tenporally evol ving

- figlRC shbwany stivaag inhich! tife GAhSMISBIAPEf &adIE tdRifGe signal is made
out 3 kb/s of side information is transmtted per

indeggndently tgnfurthexipreeessirgei ver, source signals s ,{n)
(1 </ <M are recovered with the before mentioned
- figusei 2t i showprapeumbes cfppoucesatrangmitied @sr sugpsighialgplus side
, fgro erties of the original source signals and the sum
In ﬁ"&%&ﬂ"ﬁ BRI EF DESCRI PTI ON OF THE DRAW NGS The

inventjon wll be better der st god fhanks th
- iguies RRQWE Ppe diad aih &t @ Binapia) taue GodREVBTL \shems.
in which the transm ssion of each source signal is
- fighme 4 Shewsna gntxey fopgengrating staree «signalg, based gnrgeveral source

SigﬁP%WS a nunber of sources transmtted as sum si gnal
pl'us side information, - figure 3 shows a bl ock

- LRSS g S BenSs e ERB AT Ut ARG G e the - source

sighabswbbzhdspowerl source

- figure 6 shows the process of side information generation,

- figure 7 shows the process of estimating the LPC parameters of each source signal,
- figure 8 shows the process of re-creating the source signals from a sum signal,

- figure 9 shows an alternative scheme for the generation of each signal from the sum

signal,
- figure 10 shows a mixer for generating stereo signals based on the sum signal,

- figure 11 shows an amplitude panning algorithm preventing that the source levels
depends on the mixing parameters,

- figure 12 shows a loudspeaker array of a wavefield synthesis playback system,

- figure 13 shows how to recover an estimate of the source signals at the receiver by
processing the downmix of the transmitted channels,
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signals, - figure 5 shows the dependence between | CTD,
| CLD and I CC and the source signal subband power, -

wo c@angt9be shows t he process of side informati OPCT/EP2006/050904
generation, - figure 7 shows the process of estimating

.1 h r f each c i .. -. figure,8 .
- gl £ S ARG RgPlerct BaliRHIcS e “Rfloq ol af e receiver by
prddeesing thd apisaiitééd chandlslr € 9 shows an alternative

schene for the generation of each signal fromthe sum

signal, - figqure 10 shows a _m xer for generating
1. BEEING IONS NQTAZIQN. AN MARIAGEESgnal | - figure 11
shows an anplitude panning al gorithm preventing that
F&P‘gﬂ | i raneters, -
Th??gf??’@"'gg‘%é t?@@ ou s%%gﬁglrjégtﬂr{;ﬂyﬁo aé}a\'/vavefi el d

synt hesi s pl ayback system - figure 13 shows how to
n recover an estlimatrdex; the source signals at the
. receiver by processing the downm x of the transmtted
I channel s, - fi ga#dio chaBRJE S98E] tdeEcover an estimate
d of the source (iélgnal at the receiver by processing

the transnmittef'eh s. 1. DEFI N TIONS, NOTATICN,

AND VARI ABLES Th ' ' i abl
M used in this p%ﬂﬁpéphgé)ﬁl&‘?&%fﬂfﬁé@fsbﬁ%fﬁ%ar&% Li’;\ﬁneﬁso?re
i ndex; ' : . d [ t
N Sourco signai sTufiferd dquir Mol RN al, Breo o ol o
i xed i.qi . L4 ¢ i xed
5,80 Seter "out put MRS e SEARISEL " Lhut sour ce

si_gnal s;

x,(n) mixed decoder output signals;

s;(n) encoder input source signals;

S, (n) transmitted source signals also called pseudo-source signals;

s(n) transmitted sum signal;

y,(n) L-channel audio signal; (audio signal to be re-mixed);

s, (k) one subband signal of s,(n) (similarly defined for other signals);

E{57(n)) short- time estimate of 5,°(n) (similarly defined for other
signals);

ICLD inter-channel level difference;

ICTD inter-channel time difference;

ICC inter-channel coherence;

AL(n) estimated subband ICLD;

t(n) estimated subband ICTD;

c(n) estimated subband ICC;

p:(n) relative source subband power;

a;, b; mixer scale factors;
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S (li) transmtted source signals also called
pseudo-source signals; s(n) transmtted sumsignal; vy

w@ pookigdrannel audi o signal; (audio signal to bECT/EP2006/050904
re-m xed); S 1(k) one subband signal of s (n)

im ]l I def | f th [ I . N
Ci g‘ﬁlo:nt - a.tri ?/ne :s#"]%gtdg?%yfs?s ((3:1) SI( g:n% Is?arl y Sjgfi §1er %or
AL,-Io,t(#@ si gnal S)m#&%é%hg{t?ﬁ@am%n& evel difference;

i nt er-chan erence; %’CC i nt er-channel

_coherence; AL( ' subband | CLD; t(n)
G esti mat ed subb’gh(ﬁ%@f@gﬁﬂ) esti mat ed subband | CC;

Pi(n) relative source subband power; a,, b, m xer
1. JEING -EARINGOE/ AURBIQSOURCEY SIGMALS t (n) mi xer |evel
and tinme difference; G mxer source gain; |11,

Figh, PR &9 Gt PrERFE: mbliiandl JS cocing tech-

niq@:_@disﬁdeécﬁﬁiédn 'Fl'_ﬁtéﬁ,it i'sSsHiﬁﬁrCtHdmﬂth tHeesarme ih§gﬁh§§\BG¢1<‘r’é based on
with the sane insight as BCC is based on one can

ongleLAns dleyisea@goRIgoRM ofor j jeindly| godingi e saerceosignals for a coding
s ' s for a coding scenario. A Binaural Cue Coding
| A BCC schene [1][2] for nulti-channel audio
coding is shown in the figure bellow The input
A. Birauralc@ae Qeldirgp(BOC¥i gnal is downm xed to a single
channel . As opposed to coding and transmtting

A é&%orsc éring rhﬁg]o H)tr r%lullti-c %%%gFlau |0V8cf> II[lrgTEiS s?\%l\/\)ﬁ }nhﬁ\e figure bellow.
The input multi-channel audio signal is downmixed to a single channel. As opposed
to coding and transmitting information about all channel waveforms, only the
downmixed signal is coded (with a conventional mono audio coder) and transmitted.
Additionally, perceptually motivated "audio channel differences" are estimated
between the original audio channels and also transmitted to the decoder. The
decoder generates its output channels such that the audio channel differences
approximate the corresponding audio channel differences of the original audio signal.

Summing localization implies that perceptually relevant audio channel differences for
a loudspeaker signal channel pair are the inter-channel time difference (ICTD) and
inter-channel level difference (ICLD). ICTD and ICLD can be related to the perceived
direction of auditory events. Other auditory spatial image attributes, such as apparent
source width and listener envelopment, can be related to interaural coherence (IC).
For loudspeaker pairs in the front or back of a listener, the interaural coherence is
often directly related to the inter-channel coherence (ICC) which is thus considered
as third audio channel difference measure by BCC. ICTD, ICLD, and ICC are
estimated in subbands as a function of time. Both, the spectral and temporal
resolution that is used, are motivated by perception.
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downm xed signal is coded (with a conventional nono
audi o coder) and transmtted. Additionally,

w@edosopou@l |y notivated "audi o channel differ ePCEEP2086/650904
esti mated between the origihal audi o channels and al so

B. PR e ke e R RS i o channel

di ff erences approxi mate the correspondi ng audi o

A BCaOdetodbrf isedisie a0 sgarerafeca anhui-arannalidudiossignal with any auditory
Sunmi ng | ocalization inplies that Pergept ual l'y ] ]
spatial dnage Bydakdng RaRieRo 3ignalare GyBthesizing @b radyan tigre intervals a
oS £ I ' ' rs e [ ;
singl e o R T P70l 3G Pub et sqbtRRoCand cffnel pair. The good
peforthaice ¢{BOCaschdmikfaranwide rariget edaudio trhatepdal [seevddmplies that

G o Tl AR T 00, an
8 SRR PSS PRRED o RS R Pl SBHEETHIA) o mver o

. pback qof a listener, the interaural coherence jjs ofte
in GGUER A} We; IS ieeP3qHdorFRUIFS Salale b1 oYt ihe properly that they

ol e RSETE S5 AR soor supin
theFralal g?%:fi:@ Sighaid ?régﬂﬂéjﬁm&? *’r‘pér‘én&r’e' tﬁ[]bﬁ)&cl)éslb'?@r th%odfrhgréﬁ% of §,(n)

spec oral resolution used,
notivated by perception.B. Parametric joint-coding of
audi o sources A BCC decoder is able to generate a

mul t |- chaQnel audi o signal wth any auditory spatial .

[ iaglf By 2 S UPAlBRo e o Miken Il yRXRE Uty Channels will have
regular time intervals a single specific |ICTD, 1CLD,

and ApRraximalely the,seEe) SRAtalceuam ACLE: ICTRHICGhas if s,(n) were
performgnce of BCC schenes for a wide range of audio

mat ePvRPligdtedhe mixen| i es t hat the perceived auditory

spatial image is largely determ ned by the I CTD, 1CLD,

and 0@) areteiber genarataxppdtheds tlittle @agupassitye "infozmation about the
source signals S (Ji) as mxer input in Figure 1, we

j ust original seurEeesidnakos(e (bégnsestne §al) iswviot havdiéow bitrate side
property that they result in simlar ICID, |1CLD, and
| CC fornpatian)xer out put as for the case of supplying
the real source signals to the mxer. There are three

gaal § () ard NfertpaRdFloph tAE Fahémitted 'sufn (diéﬁala[sﬁlz)l such that a

i

supplied to a m xer, the m xer output channels w
haveminimum amount of signal distortion is introduced.

For deriving the proposed scheme we are considering a stereo mixer (M = 2). A
further simplification over the general case is that only amplitude and delay panning
are applied for mixing. If the discrete source signals were available at the decoder, a

stereo signal would be mixed as shown in Figure 4, i.e.

x,(n) = iaisi(n_ci) x,(n) = ibz’si("—dl’) (2)

In this case, the scene description vector §(n) contains just source directions which

determine the mixing parameters,



10

15

20

approximately the same spatial cues (ICLD, ICTD, 1CQC
as if S (Ji) were supplied to the mxer. S (Ji) are

wo ooobesgenerated with as little as possi bl e i NPOT/RPL00©050904
about the original source s8gnals s(n) (because the

al,_is_to have | ow bitpate side inforjmtjon). (Ji)
M(ﬁf (@en2% at e8Mt PonP? e E’Maﬁé et ed C4y ﬁﬁ? iddna'l " ﬁ) (3)
such that a m ni mum anount of signal distortionis

whief8 T8 45¢€ tran5p6seI8F 4 Viebbr! NBt@ﬂ%@%ﬁﬂe%ﬁ&ﬁi&p%n@é@m we ignored

considering a stereo mxer (M . A further
thestimplindeéxctar convenience bengtatienal case is that only
anplitude and del ay panning are applied for mxing. If

Moé SaausiTest SaBRSS BrEPRUSHING Be MR e hptilSys difference, T,
20 = b i i O
anE'Ag_%”v?n éhzal‘e F‘%Ia%'\{b'laﬁ,))bt,,ac,,aércﬁiaggb tﬁeI )scenZE descr: St : on

vector S(n) contains just source directions vvhi ch

det gpfiizthe the m xi anmeters, I\/(n) = (ai |,

ot e e P o Bl et 0F | it w0} (4)
)t 1(*31)0 where T is the transpose of a vector. Note that

for the m xing paraneters we ignored the tinme index

thPéGC‘?{éies%'u ﬂff Hhtalgn More conveni ent

ar armet ers con I Ng the mxer are tine and
IeveI dlfference, T, and DL,, which are related to a,,
In thie followimgg wet, areycomputing FETEXCLDT anddE CloFtheesterde®, mixef output as
ﬁ(ug where G is a source gain factor in dB. In the
liemi afgthewinpait esatioes $ignals |1 CD,- Toe mbtained) expr@sspne will give
stereo m xer output as a function of the input sour
Indéﬁaélﬁanyhlsm(quwce S@ﬁ@' M%ﬁrﬁéﬁl d@%ffﬂ@@@l'@ﬁ@ \ABI—D @"@e'CC (together

wﬂh%%%qb‘ér[bav}gh%?qrs us f&] %ﬂ}en gér?é)ra{etd gﬁc’chdt%aﬂhe |dent|f|ed source

signal properties approximate the corresponding properties of the original source

signals.
B.1 ICTD, ICLD, and ICC of the mixer output

The cues are estimated in subbands and as a function of time. In the following it is

assumed that the source signals s,(n) are zero mean and mutually independent. A

pair of subband signals of the mixer output (2) is denoted X, (n) and X, (). Note that

for simplicity of notation we are using the same time index n for time-domain and
subband-domain signals. Also, no subband index is used and the described
analysis/processing is applied to each subband independently. The subband power

of the two mixer output signals is
E{X (M}= Y alEG ()} E{%; (M}= ) b/EG () (5)

where §,(n) is one subband signal of source s,(n) and E{} denotes short-time

expectation, e.g.
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with the m xing paraneters). S1(Ji) are then generated

such that the identified source signal properties
wapmoosionmt e t he correspondi ng properties of tPeI/EP2006/050904

original source signals. B9 ICID, ICLD, and |ICC of

the m xer outpuyt The cues are estimated in subbands
E{éﬂjt(y@&}a: ncyiphxpf time. In the following it is (6)

assuned t &t ,ffhe source signals S1(Ji) are zero nean

and nutual ly independent. A pair of subband signals of

the m xer output (2) is ,denoted 10z) and x2(n) ., No

wherg, K ‘#Qi?r@!"ﬁﬁlth%i"?@ﬁtﬁfosfﬁ%? ALY me%g@. E‘lﬁtﬂ éh%tri@essé&’ga"d power
time_index.n for time-domain and subband-domai n

valgpgal {5 éq)s}o,rqpée%emﬁ‘ah@adad&umg sigeal thed spaetral envelope as a

descri_bed al ysi s/ processing is applied to each
fur@ﬁamﬁamen @Béﬁ-gﬁtﬁﬁw)’ﬁe subband power of the two
m xer output signals is MME [X1 (n)} = f {S>)} E (
2 (")} = Db &szg‘}{&p&éi (5 (=1 (=1 where 1(Ji) is one
AL@.R@?@%% |71 ot Jce S1(Ji) and E{.} denotes (7)
ort-ti };ﬁpﬁg{ggﬁg, e.g.1 "+"- /2-1 E{ 2 (") >
s,2(n) (6) ere Al term nes the length of the
novi ng average. Note that the subband power values E (

- t i ; ral
FoCedifialing ROTD P10 e RiraTagh o Ritfpalitf [iRehy
AL(n) = 10 logio ' (7) For estimating I CID and I CC the

noy mal i Z4d (8)y¢s+ad}rel ati on function, F(n,d) = E X
(3,8 %2 7 ()} E[X2 2 (n +d)) (8)

(M IER(n
is estimated. The ICC, ¢(n), is computed according to

¢(n) = Max &(n,d) (9)

For the computation of the ICTD, T(n), the location of the highest peak on the delay

axis is computed,
T(n) = arg m;.x d(n,d) (10)

Now the question is, how can the normalized cross-correlation function be computed
as a function of the mixing parameters. Together with (2), (8) can be written as

ZizlE{aibiE;'(n_ci)Ei(n_di +d)} (11)

JEQY " @252 (n-c Y ECY." b2s? (n—d,)}

®(n,d) =

which is equivalent to

Y. abEEn)}®,(nd,~T)

i=1 '}

®(n,d) = — —
VX CEEmNE, BESm))

(12)

where the normalized auto-correlation function ®(n,e) is
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is estimated. The ICC, c(n), is conputed according to
c(n) =max f (n ,d) (9) d For the conputation of the

wo O9hes4bis), the [ocation of the highest peak POT/EP®06/050904
delay axis is conputed, T(A?) = arg max f (n ,d) (10)

d I\bWEEEhE g est ':}on I's, how can the normalized
d(BlePsS: ) i€ functl on be conputed as a function (13)
of the nE{t (g} parameters. Together with (2), (8) can

be witten as which is equivalent to where the

normal i zed auto-correlation function F(n,e) isand T, =
andfl; = d; - .. Nolettbat fesiicomputingnfigdd gn@n((j]ﬂ) |tg1a3etme€(n asgymed that the

.1t has been assu dthat bhes a(rje Wi & $S0SE |
S'QQF"ﬁ‘?rSﬁ’Xx'S? %ﬁ"?ﬁu ii¥iNg % 6‘?"%? ‘?é?y?'.'@:
E[s 2 =ES1 2 ( - Cl)E[sZ(n))-E[sZ(n-dI))
+C | +d =E['sl (n - Cl) 1( - d
E{E{@I)(%’)A Er{l?rl(%'gl ei<}arrpl e foz}t\}/vo [source signal s,
illustrating the dependence between |ICTD, |ICLD, and
|.CC and the source subband power, is shown in Figure
E {5, ("hg = B4,S, finddId ) }and bott om panel of Figure 5 show

AL(n), T(n), and c(n), respectively, as a function of
the ratio of the subband power of the two source

{ a & -EL = ENHR 2 O
R AT B A Do R e
Tl and T2. Note that when only one source has power in

A h@meﬁéﬂbéi&nb@ forOtwey s@urce1§|gnafsh¢lms‘h’%ﬁn§GtHBU@@;Sbn@ence between
and are equal to thé m xing paraneters

IC 2ICLI3n and andghg sqexf@%ubpa@,d BEWEHRfi8 Ishawndin Igure 5. The top,
middle, and bottom panel of Figure 5 show AL(n), T(n), and c(n), respectively, as a

function of the ratio of the subband power of the two source signals, a = E {312 (n)y/
(E {5’ (n)} + E {5,2(n)}), for different mixing parameters (4) AL; , AL, Ty and Tb.

Note that when only one source has power in the subband (a = 0 or a = 1), then the

computed AL (n) and T(n) are equal to the mixing parameters (AL;, ALy, Tq, T2).
B.2 Necessary side information

The ICLD (7) depends on the mixing parameters (a;, b, ¢, d;) and on the short-time
subband power of the sources, E {322 (n)} (6). The normalized subband cross-

correlation function @(n,d) (12), that is needed for ICTD (10) and ICC (9)

computation, depends on E {322 (n)} and additionally on the normalized subband
auto-correlation function, ®i{(n, e) (13), for each source signal. The maximum of

®(n,d) lies within the range min{T;} < d < max{T;}. For source i with mixer parameter

T; = d; - ¢;, the corresponding range for which the source signal subband property
®i(n, e) (13) is needed is

min{T;}- T;< e < max{T;}- T, (14)
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The 1 CLD (7) depends on the m xing paraneters (a,, b,,

c, 1) and on the short-tinme subband power of the
weouwsoe®I6 E [ S1 (n) } (Q. The normalized subbemdP2006/050904

crosscorrel ation function B{n,d) (12), that is needed

el RN’ A IER) REPHRAS Ty BB 58 ol subban
p@éﬂrﬁ%{%?ﬁn@)'}ogﬂé%: %wﬁé g-%{]gff L}i),lﬁzegrir\fﬁ%lﬁﬁﬁggﬁ gource signal

sobSAE TR o o oo ERBR B b ettt any
othéhikfid bihRixep %.genﬁié}nmth sfibkaNga s sdithesis(rhikbricénvoluter, etc.)
needed is mn{T/} - T/I<e <max {T/} -"T/ (14)Since

hag similarTmoperties, anshittup dUsciide infepealiprois wselulsase yéden other mixers
o e GRS PR BT ot et e BFBuL o} g hdhaton, one

cosldbstarel apsetper pretiefineddalito-doerdlations farictieds ds thé ddecoder and only

informati on, We assune that any other kind of m Xxer )
trapemy. inglicesr fag; ehpasing: dhe  ongs, 81| ¢osglyt matshing the source signal

ordHgH e 4o o bl BB ekl EARRH TR Bils 14 0t

= Marer thusher)tisecatesetedbesing reniytiee widdané giowerdvsluag (6) as side
the anount of side information, one could store a set

infermadicad d herdiada shewndo FiguratS lbas beer crapstedassuming ©(n, e) = 1.
decoder and only transnit indices for choosing the

In 8fYet tBDréauc?é ﬁ?%e %a?homtc %P s[4 ﬁg&ﬁ'nféﬁéh;ﬁ'bes P&?ﬁ]\}rﬁ gg%rﬁ‘iecsrange of the

propertres:. rst version our ori
solifeetsigmaliis lititedr Abeack lie, Foneaeh sabbamdithé bowet b2the strongest
is conputed using only the subband power val ues %6) as
sourcgds isiasteht Werfound df spticieahionewen baugd the sorresppading subband
S : = f
PoREFER aAnBCHEr BBufcek o3 vaie TP IO bt B ERohoet subband
power.tThussthardyeasiig rarige ofstheiquainéider dan badimitedrie ,24f dis.
each subband the power of the strongest source is

As S fit o~QitER o<l sk SfiCeedknic U ABRoRE, bf compute the
I dB | h h band
SuoabiNe PHBRANAPaNATaH Bl RANGEREStnd Sl = Lhdsain pEnCiple it is
limted to 24 dB. Assum ng that the source signals are

enoyugh i Hapamit toriBe faceder oplyrthesthbapdipawer valles of M - 1 sources,
while the subband power of the remaining source can be computed locally. Given this

idea, the side information rate can be slightly reduced by transmitting the subband

power of sources with indices 2 < i< M relative to the power of the first source,

~ E{5] (n)}

Ap;(n)=10logio ——7—. (15)

E{5] (n)}

Note that dynamic range limiting as described previously is carried out prior to (15).
As an alternative, the subband power values could be normalized relative to the sum
signal subband power, as opposed to normalization relative to one source’s subband

power (15). For a sampling frequency of 44.1 kHz we use 20 subbands and transmit

for each subband Ap,(n) (2 < i< M) about every 12 ms. 20 subbands corresponds
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sum of the subband power of all sources as E { (") }

Thus, in principle it is enough to transmt to the
waolewmedemionl y the subband power val ues of M - BCT/EP2006/050904

sources, while the subbandipower of the remnaining

to BRIARE Situal e e S e g Ll sBfgnd ¥ wo “crtica

bahdwrdma”t Wwideg. thferradbeRperimensy wﬂfca@ume&mw @ﬁghﬂ%pﬂﬁ/ement is
</ < Mrelative to the power_ of the first sourc

acmeveq by (ur‘s;g Rere snabamémrt 2%ne 8- 14Grisuibhgnds. The number of
Bgyﬁ@pahéfwlc%hé: 4 aé bﬁgséHJEc% gfﬁrg trootlhgltﬁ?é e dnd frequency

U & terngﬁl Ve band” power val ues “cou
resotution bietderaudltoryesysiemheAslom gugliiyl implebremdatiowef, the scheme

as opposed . to nornali zagtion ativ 0O one sqQurce's
re%@@éﬁge Rl Rree suppangdy 'OW’MI%?P%QQ?}%W% 44. 1

kHz we use 20 subbands and transmt for each subband

Acébrbing Yo (2 ;farﬁcnﬂaMerﬁ%t}IFneﬂYefﬁé Js%bﬂﬁndsz%a%%baﬁfé‘?ént bandwidths,

correspondst o half the spectral resolution of
subbaftidsoal/ I@wem é&nequeneies utaven gnmiadler \wandwidthi than subbands at higher
fr baqgmﬁdths wi de). Informal experinents indicate that
CUNPYC'EYi ght i nprovenment is achieved by using nore
subbands than 20, e.g. 40 subbands. The nunber of

Thé wblEing powed valldsadare qusmdivedtwith asehemessimilae &t IGLD quantizer

to the tinme and frequency resolution of the auditory

desgrineginin A2] ofesylting: iy 3 Riraigent aﬁtﬂ%‘hx'i’ﬂat@'bie3@\éh'ér):ekb/3 Figure 6
|Ilu$ﬁgt‘é'srtﬁé p%s:é S'pgi'ﬁ%”@gﬁgﬁgar ?fég@f(a(rcaﬁg%%%dn%{no?fﬁe "Side infor-

requenci'es
mdtiba gﬂniebatltﬂﬁ Ulm}eund?igtﬁr@rzpt bandwi dt hs, subbands at

| ower frequencies have smaller bandw dth than subbands

sid, inforalon, (4 Sanchn aqneralY 550ucs RE sl B bty for each

so&#%écé‘gr%%ridbrﬁlg]tranrsﬁﬁfﬁhg'tﬁg sidb mifdridtdintasyociated with the source if
appr oxi mat el y . Figure 6 illustrates the

it I-‘pﬁ@fb@s of side |nforrrat| on generatl on (corresponds to

the "Side infor mati on generation" block in Figure 2).

Side information rate can be additionally reduged by
Asaoppgssichdo tthansavittingi the fsubbaad hpewer velusisghaf S,aﬁa) brasy statistical

transmtting the side information associated with the
inferaation, i gther information representing the spectral envelopes of the source

signals could be transmitted. For example, linear predictive coding (LPC) parameters
could be transmitted, or corresponding other parameters such as lattice filter
parameters or line spectral pair (LSP) parameters. The process of estimating the
LPC parameters of each source signal is illustrated in Figure 7.

B.3 Computing §,(n)

Figure 8 illustrates the process that is used to re-create the source signals, given the
sum signal (1). This process is part of the "Synthesis" block in Figure 2. The
individual source signals are recovered by scaling each subband of the sum signal

with g{n) and by applying a de-correlation filter with impulse response h; (n),



10

15

20

25

it is active. As opposed to transmtting the subband

power values E{ s (") } as statistical information,
wo@bdens4omé or mat i on representing the spectral ePOPEPPE&050904

of the source signals could3be transmtted. For

exanpl e, linear predictive RC) paraneters

& be 2 th
5 G R RSl e Cﬁq@“@ggnzt 5% or 1ine (19
spectral pair (LSP) paraneters rocess of

estimating the LPC paraneters of each source signal is
illustrated in Figure 7. B.3 Conputin (") Figure 8
whierd tids the lisearteonyohutiessopeator iandus ¢4, &6)|}e|so¢cmnpmed twith the side
source signals, given the sumsignal ( 1) . This
infermaatiessby s part of the "Synthesis" block in Figure 2.
The individual source signals are recovered by scaling

each SUbban signal with g{ ) and by
g e o

where * is the linear convol ution operator and E( (
h the side informat,i

AsldeSorgaleh Silere. hieh Sniaieencomb Al plalise ditgrs, delays, or
f"térgrmtﬁ ARSI Iﬁ@US'epl%%f’Joﬁééé Ry bél@IsBYS Thergddl 'férefh% de-correlation

random i npul se responses ‘'may be used.” The go
prdoessnadod@duce regireglation pebwesrs the signals:adndle not modlfylng how the

: | at t he.si S wWhi | i fving.

i RO S " w0 e Cifer L Fordflral®ih; Madfiiques cause

difféeerftOaifacis. CBnipReMBhEIHE Scopft! Fiter Chase Holaratibh.aAll Sthe described
Conpl enentary conb filters cause coloration. Al the

techaigiesrrrg srreadingulbe enargy Fﬂfé@ﬂsﬂﬁﬁm i tisree £gysing artifacts such as
"orbliidl §mélv!eﬂ thb@o‘i%lqgr k. %t@cfié C%Vr%tbt ehniques should be

pre- ECH0BS for fac
applied as rleﬂlatasomsmbn Theeasext hwd:ltldn desep bés Etchanlhes tand strategies

I Th h
whigh ERCRifeceSiudectorraalion orocesSing. s i1kt GgReralion of independent
RC ng than sinple generation of independent
SIg@%gni?@I S1(n) .

An alternative scheme for generation of the signals §,(n) is shown in Figure 9. First

the spectrum of s(n) is flattened by means of computing the linear prediction error
e(n). Then, given the LPC filters estimated at the encoder, f, the corresponding all-

pole filters are computed as the inverse z-transform of

1

F(2) :m

The resulting all-pole filters, f,., represent the spectral envelope of the source

signals. If other side information than LPC parameters is transmitted, the LPC
parameters first need to be computed as a function of the side information. As in the
other scheme, de-correlation filters h; are used for making the source signals

independent.
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An alternative schene for generation of the signals
1(H) is showmn in Figure 9. First the spectrum of s(n)

w0 s006losgotened by neans of conputing the |inearPCT/EP2006/050904
prediction error e(n). Then4 given the LPC filters

V. ARREENTATIONS CEARIBERING FRACRICAR P TR ST

resulting all-pole filters, / , , represent the

In $Reditstadart oy ehispsectibn] be isplementitipnaétample it gueén§u§mg a BCC
informati on than LPC paraneters is transmtted,

syntpesigschprieas & pleseo ﬁ’éé@“|¥'t9h98n€bm9fﬁreah%'saoqrﬂﬂé?ﬂb mnteresting
smgg ¥R 5'3’(% oﬁbgﬁpr‘%?% SChehe fshgat?td"feén %PBSWQ%ISO/IEC MPEG

e-correl are use

ta%@éfc?‘i‘ie’ﬂo%tﬂ" t@ﬂéﬂ@iﬁ%&ﬁ "V. THVES BN élQﬁS( t licitl
S %AI CAL CC]\ISn I NTS In thedﬁrl r st np)a?re ncf; eXpICTY

coMbUﬁadSﬂﬁtthl@ncaﬁl remltmgem aéd e e xanputationalli codfiplexity. Also, this
using a BCC synthesis schene as a stereo or

schamei otfergn e mtﬁeval fori detter p%idlocqu%!rt}'ys'nﬁeeeﬁgfftlveb/ less de-

coflBiin i NPeaeS Eher FHHE, GHRR1en J6A SOUEES Sioaeis:f, (s explcty

coCOd . The source signals S (Ti) are not explicitly
TBH}pﬁﬁged in this case, resulting in reduced
conputational conplexity. Also, this schene offers the

Theoseuvindaparftosf s tsection discupsaki issusd MWeretie propsdad scheme is
| ess decorrelation is needed than for the case when

appliad withr agy dniyanEEdNY ﬂe;C%rr@aB&rmnr@Wasgng:éﬁr@eplé%ﬂ atr@dl. Such a
scﬁ&ﬁ@%§§rlb 8f cbi eﬂf&%’aﬁ H%S\?/ﬁh'cfesﬁgﬁ%ll‘ﬁﬂ% drBEessing, but
proposed schene i m xer and no
mayechaver otheatrawbguoke @sssill g dlscmsqeldt ed at all. Such a
schene has a |lower conplexity than a schene with
have .ot her

I0eifiunane Ruot Yielfo° 585 dicofelatoniomipssing r?é‘%hha& the generated

5. 8 tfe. TR FfleoBLabhR HANPEST Bk, BiiGRpieitlon Biocessing is
ordBUENEC i 108 of AU S 908 BRSRUP8, 1, 1o apply do-corlation
progesbingl a dittleo asppogsible: dtver Hird part ofr thie seictign adiscusses how the

littl bl The third t of thi
anmlugilléfsgzo %I{?Q}Sal|1f:|ege-correelatlolnr pr c%rssm% canI Secc}uceg while getting

benefits as if the generated $,(n) were independent.

A. Implementation without explicit computation of §,(n)

Mixing is directly applied to the transmitted sum signal (1) without explicit
computation of §,(n). A BCC synthesis scheme is used for this purpose. In the

following, we are considering the stereo case, but all the described principles can be

applied for generation of multi-channel audio signals as well.

A stereo BCC synthesis scheme (or a "parametric stereo" scheme), applied for
processing the sum signal (1), is shown in Figure 10. Desired would be that the BCC
synthesis scheme generates a signal that is perceived similarly as the output signal
of a mixer as shown in Figure 4. This is so, when ICTD, ICLD, and ICC between the
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amount of problematic de-correlation processing can be
reduced while getting benefits as if the generated S

w@ Toop/oswdne | ndependent. A. I nplenmentation w t hBCt/EP2006/050904
explicit conputation of S (1Fi) Mxing is directly

SR kA s HURAL: LaSh " B8t 4, M fbeponding cues
appéariEbeétvdesafleiiket BuHUP)geal chanhél. f ol | owi ng, we

are considering the stereo case, but all the described

principles can be applied for generation of .
Thehsame sideninéermationcas |f<§ nesPreyions|y described,gresgeneral scheme is

us%%g%ﬁ@giinﬁoﬁiﬁhﬁgﬁo&é’f o c't'om&ﬂgefhre! gﬁgﬁtﬁiﬁ;su’%ﬁlgﬁggé%v\vlﬁr values E

I processi ng sum Si

~D ' e 10. Desi.red 1 e, that. the BCC synt hesis

(5o Lrlh a8 aicee TVED 58 (A i eiorar Siiee T Flpure 10 are
as &ergf out put signal of a mxer as shown in Figure 4.

CORRPEG @S 50, when ICTD, ICLD, and | CC between theBCC
synt hesi s schenme out put channels are simlar as the

corr S appeari he m xer out put
(E'ﬁL Pgnédl Echdfbel s @Zg nlstde (Phf or mati on as for(18)
91Phe r evi@aghy descPRBid reg@epgyal schene is used,

all owi ng the ‘decoder to conpute the short-tine subband

power values E[Si1l ( ) } of the sources. Gven E
su¢tSttat(th¢ dutputt subbgmidnpdveet ang IGLD @) darg 2hé samead as dod the mixer in
~are conputed as V.M a2E{s 2(n)} V M b2E{s Zin)}_ (n) =
Figare 4., he ICPP)(ny: is-computed ace@rding=fe; (YY) deterpiningihe delays Dy

: t out put subband power and ICLD (7) are

an@hlﬁénntFﬁ@}reS or the mxer in Figure 4. The I CTD T(n)

is conputed according to (10), determ ning the del ays
D+(@) =omdx{2r(h)) oFi gur ©,(H) = BakUI (s, 0px{ -T(n), o} D2(n) ¢9)

max{ T(n), 0} (19) The ICC c(n) is conputed according

to g:?) determi ning the de-correl ati on processing in ]
Theilglr &l is C%PH@CE@% fing tar(9¢ estarmynipg diee dergarealation processing

in FRquesSt6! PRcdelbtidn prBEessing (ICC synthesis) is described in [1]. The

advantages of applying de-correlation processing to the mixer output channels

compared to applying it for generating independent $,(n) are:

e Usually the number of source signals M is larger than the number of audio output
channels N. Thus, the number of independent audio channels that need to be
generated is smaller when de-correlating the N output channels as opposed to
de-correlating the M source signals.

e Often the N audio output channels are correlated (ICC > 0) and less de-
correlation processing can be applied than would be needed for generating
independent M or N channels.

Due to less de-correlation processing better audio quality is expected.

Best audio quality is expected when the mixer parameters are constrained such that

af +b,.2 =1, i.e. G; = 0 dB. In this case, the power of each source in the transmitted

sum signal (1) is the same as the power of the same source in the mixed decoder
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advant ages of applying de-correlation processing to

the m xer output channels conpared to applying it for
w@eonensiang i ndependent S1(Ti) are: Usually ther/RPI0e050904

of source signals Mis larger than the nunber of audio

oufigh enai B aSecrsr b slpPBL CEAE PR S HHECRNE s it the mixer

outpie Bigha ¢Piguee &Y igret é?ﬁ:d&eﬂuérﬁwﬁe@fi@éw ®lySa BCORMRDEEr/decoder in
to de- correlatlg\%the M source signals. Oten the L/

thig,gase Huspatsoctiaviaendalily sapberexpactad.(1 cC > 0) and
| ess decorrel ation processing can be applied than

Thé‘&&c@dFFCQ@%‘Fanyoéetgﬁﬁﬁfeaﬁwbr@ dtBRRRNGSEA eMcHrso@éﬁ is to appear

| ess de- corre at1on processing
bubalsoathqugdin tof eéaxhesquece edn e variaddTbe @a# is increased by choosing
,expect ed when the m xer paraneters are cgnstral ned

a; sﬁh:f?i H&3i >4 dB) ppd decregsed byrhaosingis; Hay < hi(Gi € A<B).

the power of each source in the transmtted sum signal

bﬁlé) |s the as the Eower of the sane source in
B. QSQ% ARfOFEPS'SBgnal . The decoder out put

signal (Figure 10) is the sane as if the m xer out put

Thé'r@élﬁbtlér'i:bﬂtHeep@vld/M%hEdéwMQeéﬂﬁlqdéwm rﬁi{(lr@ iB@arried out with
encoder/ decoder in this case. Thus, also simlar

a BR@IsynihesimsaheresfAae cauldimaging saplemeating aot onlyCTD, ICLD, and

106 Syl B el SR e p b Esng R M G Slffeniy

The gain is increased by choosing a + b > 1 (@ >0
Hodlé)/ea,ﬂﬂmdieedeﬁcbmthat lexiztingdmixers dnd effe€ts, prec@sstisy .can be used.
Usi ng, no de- co];rel ation processi % The restrjiction
Th@f aFﬁe'%‘@ﬂ%M@@ iglgs Bynthesist @@fﬁﬁ?q@? eNs ?Mﬁdmc,@i"M@'UterS) For

s cartied. out Wi

usinBBHG FiFRA] RICHBPORFPaTeTIe FadBmresHuisd explicily and

USﬁEgB%Ebiy%*éé@?@h hBlRrbe iRy De desi ro that

exi sting m xers and effects processors can be used.
WHen applyiig he devstsrfelatiore pradedsingn(hfap =5(n) ke (16)] gbbdraudlo quality

denoted "convol uters"). For using existing mxers and

capfaisq e aehievaddi és a pempromisp fa@twe@@n@rmmis datpeduged gue to de-

and
correlatlon processing and artifacts due to the fact that the source signals §,(n)are

correlated. When no de-correlation processing is used the resulting auditory spatial
image may suffer from instability [1]. But the mixer may introduce itself some de-
correlation when reverberators or other effects are used and thus there is less need
for de-correlation processing.

If §,(n)are generated without de-correlation processing, the level of the sources

depends on the direction to which they are mixed relative to the other sources. By
replacing amplitude panning algorithms in existing mixers with an algorithm
compensating for this level dependence, the negative effect of loudness dependence
on mixing parameters can be circumvented. A level compensating amplitude
algorithm is shown in Figure 11 which aims to compensate the source level

dependence on mixing parameters. Given the gain factors of a conventional
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used as if they were the original source signals. Wen
appl ying no de-correlation processing (h,(n) = (n) in

w@ 1@ppsgood audi o quality can al so be achi evedpC1/EP2086/650904
conpronise between artifacti3 i ntroduced due to

relatlon | ng and t fac e ta the.
ampffidel b S ERGH i 67 FBlfe 1, peBid b i sty Adre 11, @
337 correl ati oBadc)roces& ng i s used the resulting
and i 3G SPERURAAY i rage may suffer frominstability
[1]. But the mxer may introduce itself sone

decor, e rever ber at bef’r a ffects are
_used d 4SS tHere is | ess nde E@e(odrrel ation
2,5 y , Ji pndrie(men rgéigl—w—t-mp‘l (20)
de- ¢ atgBMprocessi ng, t heElexelb8(mYhe sources

depends on the direction to which they are m xed
relative to _the other sources. By replacing anplitude
Notaathatng andydr iarareomputed issich thaiihecpytput subbkand power is the same
al gorithm conpensating for this | evel dependence, the
as ifegét) wereirddependént imusbohssubbamendence on mi xi ng
paranmeters can be circunmvented. A |evel conpensating
anplitude algorithmis shown in Figure 11 which ains
c. Reducing ¢ne ameunt of dergorelationsrodegsinglence on mi xi ng
paraneters. Gven the gain factors of a

ne AR e ool o LRoodSn . it e vor
str%fﬁg est %l% <§)<3./sc}/rdbaedzo%E %W%&d ﬁe)ssje-r%olz?gelzégr; %oqq%ﬂggt H\gﬁle effectively
ooftE 5 LBr REBEAEF 51D e R o Vo0end o

subband. c¢. Reducing the anount of de-correlation

Colﬁé ?Sféf %&a&?ﬁ’jﬂ“%&%ﬁgldp h8§|§' YystéMead M i Figh re 12. The

ependent I's problenatic. re strategies
desieaxt virtuall sburceapqaitjonsyfar es ssle- c sy (M1=6) are dicated. Agﬁtrategy for
while effectively getting a simlar effect as if the
computing Soiehd 16 hwisheuigenerating M fully independent signals is:

1. Generate groups of source indices corresponding to sources close to each
other. For example in Figure 8 these could be: {1}, {2, 5}, {3}, and {4, 6}.

2. At each time in each subband select the source index of the strongest source,
inex = ax E{5(n)} (21)
Apply no de-correlation processing for the source indices part of the group containing
imax, 1.€. h{n) = &(n).
3. For each other group choose the same h{n) within the group.

The described algorithm modifies the strongest signal components least. Additionally,
the number of different hi(n) that are used are reduced. This is an advantage
because de-correlation is easier the less independent channels need to be
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Consi der for exanple a wavefield synthesis system as

shown in Figure 12. The desired virtual source
w@omshsons for Si, s, ..., S (M= 6) are indiBet/BE2006050904

strategy for conputing S1(n¥% (16) w thout generating M

Ly, iqde t,signals .Ls;.1, [ r S .
getgfaidh, TG BER BLBABME i 3isd 20BiRRlE Whedl B8P 8L ait-channel
aud@iblsidinal§are Mixe! € in Figure 8 these could be: {1},

{2, 5}, {3}, and {4, 6}. 2. At each tinme in each
subband sel ect the source index of the strongest
V. SGMABILI T IN TERMSOF QUALITIAND RHIR4 TR

de-correl ati on processing for the source i ndi ces part
n ) R
Th@ rbBSs%‘!3 ?,Hg?@%pfré‘ﬂﬁ%}gg% c{nﬁ?él‘fgeaﬁgﬁ'h?f‘{aﬂ scr%éé‘)s%r%Is Which can be
co@ed)umthﬂae arwentibeal aheno | adionwedder.edVher sor ongrest backwards
Si . co on s l.east. .Additi onal | he nunber  of
compARaliyn R REREY Bnst Csrasios AuataDle.tircashissenygiage of more
thad¥AS taaeifo b\mf&m ,dAeChtopeséd iseReme 8% ihRr sééléd lIf68 &ise with more
i ndependent channel's need to begener at ed.
thame ooei traasmission ghannel. dihi Iapmnlemen@dwh}érgm@am @everal sum

sioflsfeafg el s o i aReE JBUIEK sidnaiSiTec et subset of
solircansighals thelpropbsed doding sdhens® iy appliad dividuanty. Kudio quality is
can be coded with a conventional npno audi o coder.

experded e W@Vﬁa%%vtaﬁdﬁu@Bﬁbétfl%@msm?teﬂsaﬂ@@déh?%ﬁis is increased
be %&% \ds¥ in &ﬁbérﬁb{;ﬁar{ﬁl tHa%BSfES' Bé'g@é}{ %&T&Bg &é-g&ﬁér%tion from
an one aud o wavef or m I hE pr opose ene tan be
eaclt Fbasmitted cleannal (domparedttb dine case bf ane tiaasmitted channel).
channel. This is inplenmented by generating several sum

ViR DS CaMEATIBIL I SFOSFXs NG S EReS 4D surrounD

AUPTIOPPORMATPYI Nng schene is applied individually. Audio
quality 1s expected to inprove as the nunber of

transmtted audi o channels is increased because |ess _
Congigepdhea ciellowingnaudio Halivery csagnagiondk Lopgumer obtains a maximum

oy 58 BRG0P 4, 6 0 aeBeso, ovo

ase
or on-line music store, etc.). The goal is to optionally deliver to the consumer the

flexibility to generate a custom mix of the obtained audio content, without
compromising standard stereo/surround playback quality.

This is implemented by delivering to the consumer (e.g. as optional buying option in

an on-line music store) a bit stream of side information which allows computation of

§,(n) as a function of the given stereo or multi-channel audio signal. The consumer's
mixing algorithm is then applied to the §,(n). In the following, two possibilities for

computing §,(n), given stereo or multi-channel audio signals, are described.

A. Estimating the sum of the source signals at the receiver

The most straight forward way of using the proposed coding scheme with a stereo or

multi-channel audio transmission is illustrated in Figure 13, where y{n) (1 < i< L)
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VI . BACKWARDS COWPATI BI LI TY TO EXI STI NG STEREO AND

SURROUND AUDI O FORMATS Consi der the foll ow ng audio
wa@ledoc@819y6 scenari 0. A consumer obtains a maxi NPOT/EP2006/050904

quality stereo or nulti-channel surround signal (e.g.

aregtfp?_%%ﬂﬁglagogltﬁ#%ii\?e&%%{gog Em({@ti-g@?%m{}@fal{"ﬂéé itsclgg’f’ﬁ.ofhee sum signal

of teNEaUTess Isestinhtsd by déwninikite iy #alsrhitiedsdHaiinglsxtodd single audio
t he obt ai ned audi o content, w thout conprom sing

channgldRpwnsiidngds sarriesladt by saansioframputing the sumof the channels
impl emented by delivering to the consuner (e.g. as
yidilionat bRfirgresArhisticatediechniquesdnay be@rpligde) a
bit stream of side information which allows
computation of S(Ji) as a function of the given stereo _
Fop bestiiperrformanee) itagdiesosimended that thentavekof sthei seurge signals is
algorithmis then applied to the S(Ji) . In the
adaptedopiargto Ewds; pabk)i kestimatien (6)rsushnihat ithe pBwkr)ratio between the

given stereo or nulti-channel audio signals, are _ _
souree ignaisl approxinatesathierppwéraratiowitit which thewsatecas greacantained in

i BeB6 5 Bl Bl T 3 B8y Bl gl of B Pansim
channdls € Raralglively opdt estiaiessf te sam bf #sd saufsési (1) (or a scaled
Figure 13, where y{ri) ( 1 <i < L)are the L channels

versfont fherepfken stereo or nulti-channel audio signal. The
sum si gnal of the sources is estimted by downm xi ng

An;sftolrafF BlddeRS ffidf B tisad © Aot Woo®Iteang utikBkr source signal
inpsitsns@h) phier theomputatichndf thelsidei inforination. iTbiseprocess adaptively in

B HUSFeHE 406 19T AL WKL AR deW cerianai coBne M fecgiven stereo
or %Mii%aﬁhan?g]d@Pﬁetﬁ\ﬁgteﬁgﬁgh%rn{aﬁioﬁ tomputatibn} the level of each

estimati on suc power ratio getvveen t
sougreersignaliigibén adpptivaly imtiese adpispedweuch hatdt s equallibdhe level at

whight P B Eis S gRan in T vleres Bt BRamid aiRiceignat ne
transmtted channels is a relatively good estimte of

B. Usthgsthen tednsnfited enbARsls (Adividaally scal ed version
thereof). An autonmated process may be used to adjust

the | evel of the encoder sour.ce signal )
Figure 14 shows a different implementation of the proposed scheme with stereo or

multi-channel surround signal transmission. Here, the transmitted channels are not

downmixed, but used individually for generation of the §,(n). Most generally, the

subband signals of §,(n) are computed by

5,(n) = h(m)* (g, (n)z, w,(n)y,(n)) (22)

where w,(n) are weights determining specific linear combinations of the transmitted

channels' subbands. The linear combinations are chosen such that the §,(n) are

already as much decorrelated as possible. Thus, no or only a small amount of de-
correlation processing needs to be applied, which is favorable as discussed earlier.

VII. APPLICATIONS
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inputs Si(n) prior to conputation of the side
information. This process adaptively in tinme estinmates

wo b@clogiwes at whi ch each source signal is contBCTER2006/050904
the given stereo or nulti-ehannel signal. Prior to

ArgbHF arSYiUR e T ERYS, fhet 1 driGaudlp B He 3REpSSea coding
schdmes. 1earea el surhiarriz€ teéserandmdHiiohefew Hio?€ applications.
contained in the stereo or nulti-channel audio signal.

B. Using the transmtted channels individually Figure
A. And NG fQfimi%nt i npl enent ation of the proposed
scheme with stereo or multi-channel surround signal

1 J 1 . L . .
R s gio ot sipale fiodd B8P R10B8 o IRMEA oS RRoP R} ixing them
to stefao,) multivdianngs nem wavgfield isgnthelsisamddieisigrdls, the Bopdsed scheme

caif 59, SAURO, RUIFEBrio! A & reon PlielSorsh oyl Sopl 1 gach source
SiQQEEE@@gQRMtﬁ@%QﬂﬁH@ﬁn BSitrbfePRABht éc%l’esﬁhﬁmrtﬁésriumber of sources.

ands. The |inear conbinations are chosen such that
Theropased coding s¢cheme\cansenerde achighrrumberiofaudio source signals

wille3oH Pafe. ot st ook elud (Y enE B e e dnforpation. As
ded@ibaidainl SeétforVs e a@diccqualityicanVbé improved by using more than one
APPL| CATI ONSAl r eady previ ous g’ we mentioned a nunber

trapsmidiad chasnebrikthedhemeey/prRaRitde dooRn isp\aliablees. Here,

we sunmari ze these and nention a few nore

Wor:1 . di o codi ng for m xi ng Whenever
B. g%%g&@%%ﬂ%etéd

urce signals need to be stored or transmtted
prior to mxing themto stereo, nulti-channel, or
Asvieseofibed ih SgelioreY|, exialingsteiegrandmulthehanngl @sdid sighalsecan be re-

i3 i B o Al s et . B e 9, opposed to
onkeseliig Bptirized $tbidcRhRd \WillfilthadnbEmixdd BudiBeconieme melh data can
Sources. The proposed codi ng schene can encode a high

be raieh @llowingaa diserteuiecmixs hignsieseaviand mubii-ehannekspigsic. This can for
ex@ifle® A BE BEYSF 6P dtenliBling! Y Gbidi8"iR &' Eohg for karaoke, or for

attenuating specific instruments for playing an instrument along the music.

Even if storage would not be an issue, the described scheme would be very attractive
for enabling custom mixing of music. That is, because it is likely that the music
industry would never be willing to give away the multi-track recordings. There is too
much a danger for abuse. The proposed scheme enables re-mixing capability without
giving away the multi-track recordings.

Furthermore, as soon as stereo or multi-channel signals are re-mixed a certain
degree of quality reduction occurs, making illegal distribution of re-mixes less
attractive.

c. Stereo/multi-channel to wavefield synthesis conversion

Another application for the scheme described in Section VI is described in the

following. The stereo and multi-channel (e.g. 5.1 surround) audio accompanying
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described in Section V, the audio quality can be
i nproved by using nore than one transmtted channel,

WO Rooslogtonenor y/ capacity to do so i s avail abl e. P@I/EP2006/050904
Re-m xi ng with neta-data Aaldescribed in Section VI,

o beiied B Peed o suareRid BAtal MiRlsTnGRy Atcing sice

inférimation. "Edraesainple), - D&lbyOAGC@E(duHiQ enl PveR! tarmbe extended for 5.1
optim zed stereo and nul ti-channel m xed audi o

ba@l@mréﬁtcomr@at@lwgeﬁlnsaaudj@ feowavelield sypthesisusystems, i.e. DVDs play
ba?l?B"‘] )§ulFr'o|?1nﬁt gﬂﬂs&ﬁ) b&loﬁgla{égﬁhgzﬂl%&? diy %vé?/%ﬁeldnsynthess

or ~exanple a or at he "vocal's

soandona riew gleaeemioa of players sapperingtprogesgimg of the side information.
instrunments for playing an instrunment al ong the nusic.

V. [ net be an issue, the described
V”Eeﬁ@ﬁé@%%%‘%%act ive for enabling custom
m xing of nmusic. That is, because it is likely that

Wé hﬁpl@Hﬁa‘n‘Eed Adeali Me"d&&o@ef‘@f’ﬁ’fe QI@thHrhé, Bﬁbﬂd%ea' |H%e't‘ﬁ6ki IV-A and
mul ti-track record heré is too nmuch

|V~Bo IAFHBE§@aSBIdeS'5|F'5 psldieetw amdeﬁe‘[ﬂ%pp@ﬁ i argd a STFT window

S|z§a§1a?§%3 n@rylthw"gg,ﬁ %ép%rdg n@rgi‘ﬂ%%dotn?gg nésﬂeé: rgL c%%kﬁments are grouped

togstthdr swdraimzeleathagreup representsTsignal withea trindwiditr sfetwdf times the
gual ity reduction occurs, making illegal distribution

equivalest iesiangylas bancwiath (RB). dniosmal deieming revarleshdrat the audio

[
quify 4 Bt Bpfocly BNt o tRGBEAB B0 feadEitl REENABN. A tower
freqbendyotesoluting.is Taveralblersimcenit cesulistin ledsgrarametersgo be ttansmitted.

surround) audi o acconpanyi ngnovi ng pictures can be

Fof B8 SRHEEnS BHPIS dS M PRERS, ) GAE. & B GisiAd individualy.
ThQ\@jorﬂHI‘h %s%ﬁe@nﬁﬁ%ﬁl ig of Qe\k@QI‘H@Iﬂiﬁaél@%GId F&dbrdlngs with 12 -

coding audio for wavef d synthesis systens, i.e
14@okspl ay back 5.1 surround sound on conventi onal
| egacy players and wavefield synthesis sound on a new

SRS e B PyRERRE TR SR Rl BMBituce panin

(VBAP) mixer. Direction and gain of each source signal can be adjusted. The
software allows on the-fly switching between mixing the coded source signal and

mixing the original discrete source signals.

Casual listening usually reveals no or little difference between mixing the coded or
original source signals if for each source a gain G; of zero dB is used. The more the
source gains are varied the more artifacts occur. Slight amplification and attenuation
of the sources (e.g. up to + 6 dB) still sounds good. A critical scenario is when all the
sources are mixed to one side and only a single source to the other opposite side. In
this case the audio quality may be reduced, depending on the specific mixing and

source signals.
IX. CONCLUSIONS

A coding scheme for joint-coding of audio source signals, e.g. the channels of a
multi-track recording, was proposed. The goal is not to code the source signal
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W inplenented a real -tine decoder of the algorithns
proposed in Section IV-A and | V-B. An FFT-based STFT

wo pdobesdank i s used. A 1024-point FFT and a STPAT/RPI00©050904
size of 768 (with zero paddkng) are used. The spectral

coeffi cient r 0 . er. . th ach :
waffrinsch il ot gt R SRR ERP do Rt s nby fEGle el coding
gaitdsingg! that alidi6 tsvigcs s ard uzduily inddpgeiident.| THE | |s that when the
|istening revealed that the audio quality di _
cogrfl 23AUFCE PIOBRE AR NMeIRsLA THighi GuRlity fa _geﬁtgpal Is obtained. By
[ [ .
cof GBI [Asttel HB5erbE Y ARl Ydlls! Fid BEBAMLE of mining
sch‘emese,aaxiudspalﬁaj gxeahgg .a‘gas:srmml ﬂﬂk alggmfwanitq ogdmgoba;;agmprovement
e adjysted jndividually, The algorithmwas use
is ?Qﬂ'e‘@S’d‘Ph@'Qﬂy cQdjrg the seHrce SigNAl% audi o recordi ngs
with 12 - 14 tracks. The decoder allows 5.1 surround
ThE1 cddirty g%'lrp%ﬁrd(/%?ﬁéﬁt iBaife 3 Mhé tfH&etr%@rBHIF%n(‘eVW b waveform is
m xer. rection and gain of each source signal can be
trapginiltaded. The software allows on the-fly sw tching
bet ween m xi ng the coded source signal and m xi ng the

o 34 5855 ToR AT P EEkpL RGN o, fpo souro

sighbis whighdarer ther ietdvamlt faslorsCéeter dgthé sbélfalq%?beptlon of the final
source a gain G _of zero dB is use The nore the
mixeslsigraly are Fapsitiagki ed the more artifacts occur.
Slight anplifi cati on and attenuation of the sources
Thé Sidk uﬁé’rnﬁé’u ﬁ ?565{;{'3 RBS @? S804 si nﬁhéﬁrb‘h GRixer can be applied
scenario is a e sou ces are one sid
withnitheonbgech snungp signals,ce.g cteren, anbkirchanpesi ore \Asaveﬁeld synthesis
.In this case the audio quality may be reduced,
MXfPBendi ng on the specific mxing and source signals.
| X. CONCLUSI ONS A codi ng schene for joint-coding of
It |§l$%'ai§rﬁcféma?rd5tb%tﬁlé the plopdded SAHUmE fér Mighar bitrate and quality by
mul ti-track recording, was proposed. The goal is not
mqa@sa)‘déansn@ttmmée thamaneLudio channglt ﬁuﬁggﬁnf@f@alal variation of the
Cc
scﬁ&n%’%‘n ge ﬁ chRHWe erlﬂggéfV @l%ﬁzéé%@a% déﬁﬁjultl-channel

gal _ sources ar e usua
audibesignall (and é\lmtch‘di@“ng bethe audio format, e.g. stereo to multi-channel or

wavefield synthesis).

The applications of the proposed scheme are manifold. For example MPEG-4 could
be extended with the proposed scheme to reduce bitrate when more than one
"natural audio object" (source signal) needs to be transmitted. Also, the proposed
scheme offers compact representation of content for wavefield synthesis systems. As
mentioned, existing stereo or multi-channel signals could be complemented with side

information to allow that the user re-mixes the signals to his liking.
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synthesize a plurality of [ hannel s conpri si ng
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1. o oMatOS 1o SRe 08 o HERRT Srrudid aftaiads Sonting the steps of

- réfr@Vln‘gt frem tHd'bHRLIréama80 IHast dPRes@h STBAE FePeséhting a sum of
ignal’s, - receiving fromthe audio stream or

sour@eaignai&ng | ocally, paraneters describing the output

- 8 s RO SR TH A BB Pl BAOAR e sourco

sighbRy, i stical information, - synthesizing the plurality

of aud| o channel s from t he eudo, source signals using
- recaiying frosm thgiasdia pseame oF rauains IpealhyatPasamatars é’@cnbmg the

ou@gngHB% thﬁéf‘Qnd’ﬁ{n@Hﬁ;p%"r?"m@{e? gapplied, 2. Method to

esize a plura Stdro channel s conpri si ng
- congputingppsaido sourder signalsg frbnoithe sana st mals tanglareceived statistical
| east one sum signal representing a sum of source
infimat!ons - retrieving fromthe audio stream

- szﬁtﬁbb It plOfR ﬁ éL?d]O%kPI% hef RS tRE fﬁg%&o %?HFc%esignals using a

|gna - recel omt e audi o st
mixkst ey whmrmg\el recaived aqdm foread paratesters anddhe meixingt parameters are
a]ud' o format and m xi ng paranmeters, - conputing the
apg dput signal cues fromthe received statistical
infornmation, the audio format parameters, and the

2. M XMEheRiPSRItREéSize a HirIiRest Zudie chBfnélk Womprisingthe steps of:
audi o channel s fromthe sum signals based on the

- relsigyingetroputhe audio stream at least one sum signal representing a sum of

source signals,

- retrieving from the audio stream statistical information about a one or more source

signals,

- receiving from the audio stream, or determining locally, parameters describing the

output audio format and mixing parameters,

- computing the output signal cues from the received statistical information, the audio

format parameters, and the mixing parameters,

- synthesizing the plurality of audio channels from the sum signals based on the

computed cues

3. Method of claim 1 to 2, in which statistical information represents the spectral

envelopes of audio source signals.

4. Method of claim 1 to 2, in which statistical information represents the relative

power as a function of frequency and time of a plurality of source signals.

5. Method of claim 1, in which the pseudo source signals are computed in the

subband domain of a filterbank.



3. Method of claim1l to 2, in which statistical

wo Jobd/eudmt i on represents the spectral envel opggralpaaié@is®os
source signals. 4. Methodhsof claim1 to 2, in which

statistical information represents the relative power
as a function of frequency and tinme of a plurality of

6.  SRIstINGD SHfIBRIIM- 25 .in Mehichdihef atidid "Bhbnnkls \Whé Cdyrithésized in the
pseudo source signals are conmputed in the subband

subbanshdemaist oba filteibankank. 6. Met hod of claim 2, in which
the audi o channels are synthesized in the subband

7. JREMEY Bf cirh's foeé,ﬁg%icﬂ thé\/ﬁlzl'?:%r Qﬁdcﬂa‘ﬂdWicﬁth}f She slbband is

I ch the nunber a andw dt hs of the subban
determinest aceardingctoothel sppdiral and tepweralatesahdionefitbediuman auditory
systeté‘esm ution of the human auditory system 8. Method of
faim5 to 7, in which the nunber of subbands is
conpri sed between 3 and 40. 9. Method of claim5 to 8,
8. i Metiwd hofsalabmn8stoh@y én dithitkerilvet noeibni of sabbands de domprised

bet at %om§r46requenci es have smal | er bandw dt hs than
etweshh2A8<SL Yt hi gher frequencies. 10. Method of claim5s
to 9, in which a short time Fourier transform (STFT)

9. Dbrmtitod ijduft etdgmwhls its &sﬁﬁ \@inidh s pabsards cnaltvfef U“fﬁ?éms ban@widths,
coO I N Su t hat. eac grOU (0] S ectra coe I clents A
subbaTglLh Wl fRGUEAdES JavRamBler Panthviths, thar SybhANGs, at higher

frequéh@est atistical information also conprises auto
correlation functions. 12. Method of claim 3, in which
spectral envel opes are represented as |inear

10. pMedned of slaimd ke 9¢ inPefiicha shettdinge Fpyriextrapsterar (STFT) based
. I » I
oS8 ot S EBLETEoATTNO8E ctint i) 0 o roup of
spectial coefivierds flemearsubbande power of each subband for
each pseudo-source signal.

11. Method of claim 1 to 2, in which the statistical information aiso comprises auto-
correlation functions.

12. Method of claim 3, in which spectral envelopes are represented as linear
predictive coding (LPC) parameters.

13. Method of claim 2, in which the sum signal is divided into a plurality of
subbands and the statistical information is used to determine the power of each
subband for each pseudo-source signal.

14. Method of claim 2, in which a linear prediction error of the sum signal is
computed, followed by all-pole filtering to impose the spectral envelope determined
by the statistical information for each pseudo-source signal.

15. Method of claims 13 to 14, where a de-correlation technique, such as allpass
filtering, is used for making the output pseudo-source signals independent.

16. Method of claim 2, where the computed cues are level difference, time
difference, or coherence as a function of for different frequencies and time instants.
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