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WO 2006/084916 PCT/EP2006/050904 | PARAMETRIC JOINT-CODING

OF AUDIO SOURCES 1. INTRODUCTION In a general coding problem

we have a number of (mono) source signals s;(n) (1 <i <M)and a
W&’e@b‘ﬁﬁﬁgﬂ(\/ector S(n), where nis tI;le time index. The scen CEIEMOWOS‘}%“

description vector contains parameters such as (virtu aIE source posmons

source widARAMBETRIGd Qe fRF M s Akl
parameters. The scene description may be time-invariant or may be
e. The source signals and scene description are coded
1 QWQ%%@@F 0 a decoder. The coded source signals, s;(n) are
successively mixed as a function of the scene description, S (n), to 10
inoe geraiealaudtifigldropidhesie haild-ehamberosfStermmismatssasignals si(n) (1 s 7
function of the scene description vector. The decoder output signals are

<9aNeied & @de<desibtdiPiebiat BESCANRALSFTIPHRE YAMOMIEX). MAY scene

not be transmitted but may be determined at the decoder. In this

despnentvigderdr ﬁméﬁ@mﬁma&;@iw@wwam eptweacpesitiehs, source

%eo%ﬁlo Si Is 15 ISQ/IEC MPEG- C(a resses the des%l ed The scene
dm@%%%c%lﬁ@ s ‘fp S and s SEHEEaRR: '1®

dé4uaitptial )mgmtme g vesepacatenayobhe abdngmgjevereﬁmeanTmmmostg nals

affQ4e de.igﬁowgtra{bﬁé e e A SUEETR tPhB%oded source

mixe ecomes , I.e. the bitrate sca es up WI e number
sighs#ioUCEs): @ed;ugoeaen&ﬂw m:ecetg a3l avitmbiign apidhty seaummabmjwo §(n), to

90 kb/s. 20 Pte we addressed a special. case of the descrl
geég(arfﬁ\ p\?@gé Yfflj uTLeRa ereo 3 ais bieu(%%an of the

ﬁﬁ'sa EA8R6t8 §|naura
séehElexdiattendaiins:. Byaassnitingeuly shihalinas &e@@@@%@grg% i< N).

signals plus low bitrate side information, low bitrate is achieved. However,

| Nésteaﬁutcmélmbecaemidﬂerremefee(ai)thﬂaﬁlemdaéamh&mmeaeme may be

SHRETING ShRee g A S BRLk R DI CIoEh AL ey aral

refarsingwblerarhel eimem;udfcselgnais could be controlled but no other
auditory

ISO/IEC MPEG-4 addresses the described coding scenario. It defines the scene

always

description and uses for each ("natural”) source signal a separate mono audio coder,
e.g. an AAC audio coder. However, when a complex scene with many sources is fo
be mixed, the bitraie becomes high, i.e. the bitrate scales up with the number of
sources. Coding one source signal with high quality requires about 80 - 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 o siereoc and multi-channe! surround signal
generation. Also, only simplistic mixing was used, based on ampiitude and delay
panning. Thus, the direction of sources could be controlled but no other auditory
spalial image attributes. Another limitation of this scheme was its iimiled audio
quality. Especially, a decrease in audio guality as the number of source signals is
increased.
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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. WO 2006/084916 PCT/EP2006/050904 2
WoEY S tHent [1], (Binaural Cue C(}ding, Parametric Stere&%ﬁ%m%mswm
Surround, MPEG Surround) covers the case where N audio channels are

Therdegemantlil . dRinausabRtHeI CatiRgiRrsreeidaRiprate Miteyaadns, MPEG
SEHBNRE]S ¢cFe opdedaddanisrasNitiashRidenaliaNatins IRaksles and N audio

inter-channel cue parameters relating to 5 differences between the input
9k i rc%ﬂﬁci The

chaquigie Wit SERHAR QY DeRIR PRRINBERIHIR SRR AR &5
rénBrontebaddie sokyEesiSIYNAIS aRskaiatirushaiftesentue nadwenthers prasiating to

di udio sou&\%f signals. .Stere%and glulti-channel audio signals are mixed
U gﬁ%l‘a gdq?é%lg R appropriate playback system, the

listener will perceive an auditory spatial image 10 ("sound stage”) as ,
Thapthranel thé RiedingdaiiplorRYIghRMHPtHIORAS gRRfaimgiias of audio
=SIHEDY iR AduEReHRISHRRes T IRilieoding: folBesRaenalabasignals.

stereo or multi-channel audio signal have been proposed previousl%. hack over

SgRARARYEiFChARNR PR BA0SRSS T RAS T HRINES8
afmatheshitateansiacpvyatimotiso lisendb winaisccelhideansingiitonyinivatiol image

.bandwidth. | t of k thods, t I k f t (e.g, st .
CROUNR, BreuR AR STRHE HIDE: THRAEES QR PO RG LSl ar poording
emgidees tdesingomittegd dcodertsid eskauddnesefon|pithisqdiageiindtle channels of a

layb . indi i k
S e e e B e R o
source signals l%}gicallé not channels of a stereo or multi-channel signals,

S eQEeF sz\.(l f‘gdgr[ﬁas different speech or instrument signals.

The transmitted side information includes statistical parameters relating to
Ttize aipubbititko isventiersignédsprovide a method to transmit a plurality of source

signals while using a minimum bandwidth. in most of known methods, the playback
format (e.g. stereo, 5.1) is predefined and has a direct influence on the coding
scenaric. The audio stream on the decoder side should use only this predefined

playback format, therefore binding the user to a predefined playback scenario {e.g.
stereo).

The proposed invention encodes N audio source signals, typicaily not channels of a
stereo or multi-channe! signals, but independent signals, such as different speech or
instrument signals. The transmitied side information includes statistical parameters
relating to the input audic 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 io the received sum signal. The mixer is
controlied 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 explicifly computed as a

function of the received statistical source information and the received (or
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The proposed invention decodes M audio channels with different cues
than 25 the original audio source signals. These different cues are either

implicitly synthesized by applying a mixer to the received i T
W%fggwgwclg SHE R 0 LG

ntrolled as a function of}he received statistical source
information and the received (or locally determined) audio format

logriiyrietaamina®iAHEIQ driTaleRR AMSIRAR AP HBRENGBATAMEIE S d Nese

R . rheve AL B Coding
Comlrﬁr%gag{igg ey ﬁ%@%@%@%ﬂo&&%ﬁ%@% Pzggg?osogem ocmne

ParaoatijciditensinedylRi® Buratpsiaiesterynihesiingg Hieamiryt channels
.The m S ed to control a prior art decoder (Binaural
giyen ﬁe %%C&HI%S: %ﬁ@é’f

e Coding; tereo, MPEG Surround) for synthesizing the
output channels given the received sum signal. 5 The proposed scheme

18 A S19 ) P . e
ThermsResedipeNeMaMbiskineeding Rl #1ip SAHER FIRNRIRJS I RfiRIRy e Kind- It
is 95 dRJ Rk 8iNBIRE abGIRySOLECRIS dDaIBcAlgHRIBO WIsEI S gnaseasig tisisalle usually

mono audig signals which are not s i‘taPIe f% }E)la#%ack over a}_ stereoQ OII,’{E hannel
AR BN BB E) G SP LR P R PO YD St TS L8 rRa e
awmignalsare often dieveigdnsbkréalisiginglsaldidstiorse signaly mats diisn denoted
need to be mixed to stereo, multi-channel, or wavefield synthesis audio

S aﬂg&@o%to playback. An audio source signal can be a single
instrument or talker, or the sum of a number of instruments and talkers.

AydiptRertgpesiaralsditsidined SR8 TR%EHIRSIRIGD TR (R itaveield

sy BRAINGIOBNSBRAIL Ebra s PeghhR iR asditosesieesSigneds 8sa be a single
_stored on multi-track recorders_or in [5%? harddisk recordin ﬁkerpss'ﬁg;'th%her iype
AR ENE 6 T BB AL D PUTHS SIT UIRAIS S Ra A e

ed on on
ofttARBOHEnGeigraniobthmaodicdivsigeatigaptered s(if) a tpsfrmpicfdphone during

a concert. Often audio source signals are stored on multi-track recorders or in
harddisk recording systems.

The claimed scheme for joint-coding of audio source signals, is based on only
transmitting the sum of the audio source signais,

.24

sim =Y s{n) , (1)
fa=l

or a weighted sum of the source signals. Optionally, weighted summation can be
carried out with different weights in different subbands and the weighis 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 {o the
sum signal, side information is transmiiied. 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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r=L or a weighted sum of the source signals. Optionally, weighted
summation can be 20 carried out with different weights in different
subbands and the weights may be adapted in time. Summation with
Wtati2841h, as described in Chapter 3.3.2in [1], may also b Bpplted 1A
the following, when we refer to the sum or sum siignal, we always mean a

thaighasgaiereries 419 tnpeer@itayelving samsedl Arxalansh BdruIgsArelation
fuRidRAs Sidsolf el MO B HRNSHAestioH & B sweite sideshifienaitaal. At the

25 represent the outputted audio stream. Optionally, the sum signal is
recaiked, ssinga samalentidmp Mmonbsaudipase decoMsitestieidinithe b dersioneationed
in a file (CD, DVD, Harddisk) or broadcasted to the receiver. The side
statietinshtipropepiiese aprioxinsaiingidhep epeessoding: sepedishriisthe original
Scyyjpé%t‘é%rﬁa@%ﬁ&oﬁéw@&ﬁgctors determining the perceptual spatial

cues of the mixer output signals. It will be shown WO 2006/084916

I 0] rties are temporally evolving
Bgﬂﬁtﬁj&%&%@%ﬁﬁﬁf m@&m‘gﬁgunctions. About 3 kb/s of side
information is transmitted per source signal. At the receiver, source

Thiginarnagn)wil ke kaltpavadetsioerhonts tedhemiiachrpfiegiggs in which:

statistical properties approximating the corresponding properties of the
- Baigindl SHWSBSSIATER 'ArMhicE %ﬁﬁﬁfﬁeﬁmrsgafﬂérfg BASH B RONACR: s made

inGbifeRRANY SEEHee reestisingyill be better understood thanks to the
attached Figures in which: - figure 1 shows a scheme in which the

- tfansenigsioshaivench sounbersighadsncealdrandepbadeaty sunfusigagl plus side

En%?r?x%ﬁ%irqg’ 10 - figure 2 shows a number of sources transmitted as sum
signal plus side information, - figure 3 shows a block diagram of a

- Riry ek Ries otk (B drascoraSinaliediie desSheuwin BOET seheme,

génerating stereo signals based on several source signals,
- figure 4 shows a mixer for generating stereo signals based on several source

signals,

- figure 5 shows the depsndence between ICTD, ICLD and ICC and the source
signal subband power,

- 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 leveals
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 signais at the receiver by
processing the downmix of the transmitted channels,
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15 - figure 5 shows the dependence between ICTD, ICLD and ICC and
the source signal subband power, - figure 6 shows the process of side

information generation, - figure 7 shows the process of estimating t
Wﬁ)a%gg’rﬁr{%gfg’@ of each source signal, :figure 8 shows the prorgégéﬁ %% &%;&5%%4

(e-creati\r;ég\ the source signals from a sum signal, 20 - figure 9 shows an
- figrsmdhbawading for BROYRNBRARIHNAR 2EHNS FOUTR® FAREIS 2h tRggegeiver by

profgsimd thahearamimiyesanasaerating stereo signals based on the sum
signal, - figure 11 shows an amplitude panning algorithm preventing that

t e %p ﬁe‘* ,m? i p@g\meters, 25 - figure 12
“'s%%\?v@@m?ﬁd%bkggﬁg@% or a'wave fg%'synthesis playback system, -
figure 13 shows how to recover an estimate of the source signals at the

ThedelrRWing NeHeEessAng I aBIRA IR BB HHE MRRST channels, WO
2006/084916 PCT/EP2006/050904 5 - figure 14 shows how to recover an

n estimate of the soufowesighads at the receiver by processing the

. transmitted channels. |I. DEFINITIONS, NOTATION, AND VARIABLES

! The following notaftH R 8anghRESAPEERYS ¥ this paper: 5 n time

gindex; i audio changglRriggeice index; d delay index; M number of
encoder input source signals; N number of decoder output channels; 10

Mxi(n) mixed originalrsoubes efgrleder: inppharescgaigtaisoutput signals;

s; (n) encoder input soyrce signals; ii (n),transmitted source signals also
Ncalled pseudo-sour%gréijgeﬁaqsg;%ecwer%l}tp& © amgls’

x,{n) mixed original source signals;

x,(n) mixed decoder ouiput signals;

5;(n) encoder input source signals;

5.(n) fransmitted source signais also called pseudo-source signals;

s(n) transmitted sum signal;

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

5,(k) one subband signal of s,(#) (similarly defined for other signals};

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

ICLD inter-channe! level difference;

ICTD inter-channel time difference;

ICC inter-channel coherence;

AL(n) estimated subband ICLD;

{n) estimated subband ICTD;

e(n) estimated subband ICC;

p,(n) relative source subband power,

a;, by mixer scale factors;



10

15

20

25

s(n) transmitted sum signal; 15 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 {See (n) } short- time estimate of S[2 (n) ( i
W&’e%?ﬂﬁlagf*(%? Sther signals); ICLD |nt%r -channel level dlfference %%&%0904

inter-channel time difference; ICC inter-channel coherence; AL(n)
Creitimated subbandﬂ@ﬁtﬁefﬁﬁf)sestlmated subband ICTD; c(n) estimated

MFckIE WO 2006 00A8 18 PO ERESORSRRASE 6 o c. mixer delayo: AL
G,c(n) mixer level angifisresliffesapsa; G, mixer source gain; Ill.
JOINT-CODING OF AUDIO SOURCE SIGNALS 5 First, Binaural Cue

iilcﬁlw%&ﬁlﬂ\!é@r{aﬂ]ﬁﬂ@ p‘é?%%ﬁk@_@ coding tech- nique, is

describ en it Is shown that the same Insight as BCC is based on
one can devise an algorithm for jointly coding.the source signals fo
ﬁ ) ). % géﬁ ?}Tg tech-

Figglaifnaahiks AoSiRautECe TOFRNECTBICERE cﬁ
nitigNigliishaiiel. audia aadispowstbatniihiitedigarmdielitynt FHBEPUS based on
multi-chgnnel audioﬁisﬁ% | is ownm| ed to a SI le channel. As gppsed di
oG c%?ng%’ﬁ%?tr%s Attt ?mé?“o alggu {4 auanne %eavse] nr?ns onI coding
s¢beadownmixed signal is coded (with a conventional mono audio coder)

and transmitted.

A. Binaural Cue Coding (BCC)

A BCC scheme [1][2] for multi-channel audio coding is shown in the figure bellow.
The input multi-channel audio signal is downmixed to a single channel. As opposed
to coding and fransmitiing information about all channel waveforms, only the
downmixed signal is coded (with a conventiona! mono audio coder) and transmitted.
Additionally, perceptually motivated "audic channel differences™ are estimated
between the original audio channels and aiso transmitted io the decoder. The
decoder generates its output channels such that the audic 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 channeal pair are the inter-channe! time difference (ICTD) and
inter-channel! level difference (ICLD). ICTD and ICLD can be related io the perceived
direction of auditory events. Other auditory spatial image atiribuies, 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 inferaural 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 iemporal
resoiution that is used, are motivated by perception.
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Additionally, perceptually motivated "audio channel differences" are
estimated 15 between the original audio channels and also transmitted to
the decoder. The decoder generates its output channels such that the

WaHItrdi&HAel differences approximate the corresponding UG BHAA]*04

differences of the original audio signal. Summing localization implies that
B pBesematilty iosibvading diacdiansrigi#erences for a loudspeaker signal
channel pair are the inter-channel time difference (ICTD) and 20

Aierchanpgélenehsitfarcnendtatel). tuli-radEILAL RN dIgnERIaiRE Bnihauditory
ercejved direction of auditory events. Other auditqry spatial image

SBRliL TR0, fp 18E 3, RN L SR B VATt SYRITRIAN Bh BRI fiervals

Sihgkt)&lgliedfﬂol'lmmummr?mﬂ&?(@b ;E@'rkmmmm ; at_j pﬂimhetrtlmﬁro'rﬁhe good
or.back of a r, the intetaural coherence Q.

oA BRI RCRENEE (o0) UTar L S oA B Gt ffotes tro

tmum@imam;g@nedﬁ@eﬁaéfnaw by ?@E}yeiﬁfrrfnm é:tyd’siI@dCéT@, ICLD, and

tipated.in subbands a unction of time. Both, the spectr o

P RS GRRAER: BB AT SAe ey R BT, 2 miser o

,.2006/084916 PCT 200 0 . B etric. joint-godi i

mscp)! Lc(‘(%s ?& ﬂ% E%e/ggaﬁe% i§ %%ﬁg%a%g F]C;%rggfé@r% u%i@ﬁ)a%g?g‘ua (% (f i%ﬁgﬁhat they

rasith anyieuditeCy Sodidbjmagedy tking mirtornsgighabdodibgnthesizinsupplying
at regular time intervals a single specific ICTD, ICLD, and ICC cue per

e RARPURE EIRRIDER THEIPE RN B3 e &R aRRERDR of 5,(n)

. a wide range of audio material [see 1] implies that the perceived auditory
" spatial image is largely determined by the ICTD, ICLD, and ICC.

Thepefiyes 35 CAESYIRIEINENg AR SUTSRRETBRSTLARANE Wil have

input in e I, we'just require pseudo-source signals

properly il heveRP Sl ELARTISAET R RoRns 1SSt IBMEEH 5,(n) were

output as for the case of supplying 10 the real source signals to the mixer.
There supttissbtgdadsriicehe generation of 9,(n) If s; (n) are supplied to a
mixer, the mixer output channels will have approximately the same spatial
cues (IR} |6rE00IBE s éraibt) witheas little as possible information about the

original source signals s{n) (because the goal is to have low bitrate side
information).
e §/(n)are generated from the transrnitted sum signal s(») such that a

minimum 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 availabie at the decader, a
stereo signal would be mixed as shown in Figure 4, i.e.

M » M
% (n) = 3 as(n=c,) x,(m)= ) bis,(n—d) )

in this case, the scene description vector 8(n) contains just source directions which
determine the mixing parameters,
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supplied to the mixer. 15 s,(n) are to be generated with as little as
possible information about the original source signals s(n) (because the

oal is to have low bitrate side information). s,(n)are geneggted fram the,,
W&&%%GI/T?%%IC? sum signal s(n) such that a minimum amount o%i?gnal )

distortion is introduced. 20 For deriving the proposed scheme we are

MED Tsiderifg: a- st@edmiPer (M 212) S firther S Siificion VY the (3)
general case is that only amplitude and delay panning are applied for

whBRS i fitleediaspeks: Ssiui cr signatitueten b iailtial evatitip raodders we ignored

stereo si na# would be, mixedfas %}own in Figure 4, i.e. Al M x,(n) = La,s;
th?ﬁlﬁ}?ﬁ‘(?‘?ﬁ PHEOTNEN BT TLHYY |n this case, the scene description

vector S(n) contains just source directions which determine the mixin_?f
Mopar axmaterse i oerg0eies o1 6PUTIRZDecIuBe0aE me and levei difference, T,

a %(RF@H%@%T@M‘Q{ d'ﬁw,’c&p g EMP1.d2,....dM)T (3) where T is
e Panspose of a vector. Noté fhat for the’ mixing parameters we ignored
the time index for convenience of notation. More convenient parameters

for cantfilling the mixer,araime and level differenee, T; 5 andAlfiwhich (4
a’éreﬁélq@%@ a;, bH? cﬁ%nd d,ml;%"loed GUM gt :“l??: 10(GE+d )L'{Zfia }c :( )
max {-T,, 0} di = max {Tj, 0} (4) 1+10nn0 where G; is a source gain factor

in dB._In the following, Vg are computing ICTD, ICLD, and ICC of the
WRRIRGinh@ SEpR A BRNCHLAST the input source signals s,(n). The

obtained expressions will give _
In the following, we are computing ICTD, ICLD, and ICC of the stereo mixer output as

a function of the input source signals §,(n). The obtained expressions will give
indication which source signal properties determine ICTD, ICLD, and ICC (together
with the mixing parameters). §,(r) are then generated such that the identified source

signal properties approximate the corresponding properties of the original source
signals.

8.1 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 5,(n) are zero mean and mutually independent. A

pair of subband signals of the mixer output (2) is denoted %, () and x,(n) . 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

= (B (m)}= YA ER ) E(FM)= L EEF ) ®)

where 5,(n) is one subband signal of source s,{n) and E{} denotes short-fime

expectation, e.g.
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10 indication which source signal properties determine ICTD, ICLD, and
ICC (together with the mixing parameters). s; (n) are then generated such
tt entified source signal properties approximate th
Wg}?)npé)re%% %nf the original source signals. B.1 ICTD, ICLD, and ICC%@%

mixer output 15 The cues are estimated in subbands and as a function of
%g’ﬂa(,w }thefdllomg ‘3 assumed that the source signals s,(n) are 288
méan and mitu pndependent. A pair of subband signals of the mixer
output (2) is denoted zI (n) and .2(n), Note that for simplicity of notation

Wi AFE JRINIHRESHE MR DOSE HGVHE 8 R HRING6E Riab Bandip@ad power

signals. Also, no subband index is used and the described 20
vamjr@yesmb(:ﬁ}?mgeeremﬁeebtomh solrprndiiiee paadsmtralnenvelope as a

subband power of the two mixer output signals is E {z2 (n) _ a,'Eg;2(n))}
fumclinz ofYimebT Pesithl} 46 RiHEre 3,(n) is one subband signal of source

s,(n) and E{.} denotes short-time expectation, e.g. WO 2006/084916

PCT/EP2006/G56904;, 8.1 n@Za E{s2(n)} = K Es,2(n) (6) where K
Aletesmpesytpestength of thé-moving average. Note that the subband {73

power values Ete@ @nﬁi} fepresent for each source signal the spectral

envelope as a functlon of time. The ICLD, AL(n), is M b'E{s,2(n))} 5

S B0 A M R o
i

fn,d) = (8)
VE{R (M} EE (n+d))

is estimated. The ICC, ¢{n), is computed according to

o(n) = MaX &(n,d) (9)

For the computation of the ICTD, T(n), the location of the highest peak on the deiay
axis is compuied,

T(n) = arg MAX &(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

Y EabF (n-c)50n—d, +d)}

(n,d) =
JE( aistn-c Y E{Y ) bisi(n—d,)}

(11)

which is equivalent to

Y obE ) O (nd, T,
i) = Y. abE(H(m)}(nd,~T) 12)

V& @EGE@HE, BES )

where the normalized auto-correlation function ®(n,e) is
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is estimated. The ICC, c(n), is computed according to c¢(n) = max '(n,d) (9)
10 For the computation of the ICTD, T(n), the location of the highest peak
on the delay axis is computed, T(n) = arg max cl)(n,d) (10) Now the
WELREHEFH Y how can the normalizeq cross-correlation functibhEr2006/050904
computed as a function of the mixing parameters. Together with (2), (8)
q’f’?g)b*e Wittensae ¥23(n,d) LM,E{a,b,s,(n-c)s,(n-d,+d)} (11) VE{LM1a, 3)
n-C,)}E{LMgii28x(-d,)} which is equivalent to = LM abE({si (n)}),(n,d,-T,
4~(n d) (12) M I- ~(L a'E{s?(n)}){L,M b2E{ss(n)}) where the normalized
auto-correlation function 4(n,e) is WO 2006/084916 PCT/EP2006/050904
ang b5 dySeriels () fRysontang 12 aives (b 7% ReeeAATHMRY that the
sighAl Dbl dEhas Haebnmss R thatdbasrignalsaigeddasense.c.
stationary within the considered range of delays, i.e. E{s2(n)}=E{s,2(n-c)}
5 E{s,2(n)}=E{3,,2(n-d,)} E{s, (n)s;(n+c,-d;+d)}}=E{s, (n-c,)s,(n-d;+d)) A
Eq8§mERtaFeRdpldiiordind source signals, illustrating the dependence
between ICTD, ICLD, and ICC and the source subband power, is shown
inNFg%gSe 5. The top, mpé dle, and bottom panel of Figure 5 show AL(n),
Eth) (&d T @B)] Fedfectiely, as a 10 function of the ratio of the subband
power of the two source signals,a=E{S12(n)}/ (E{sl2(n)}+E{sz

(M })., far different mixin rameters (4) AL,.,-AL2, T,and, T2. Note that
Eviy eﬁ’éfﬁy&‘n@ %U:?e'ﬁ ower ch@sﬁﬁbgﬁ' ?a_:% 5% 1), then the

A numerical example for two source signals, iilusirating the dependence between

[CTD, ICLD, and ICC and the source subband power, is shown in Figure 5. The top,

middle, and botiom 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 {52 ()} + B {57 (n)}), for different mixing parameters (4) AL, , AL, T1 and To.

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

computed AL (n) and T(n) are equal io the mixing parameters (AL, , ALz, Tq, T2).
B.2 Necassary side information

The ICLD (7) depends on the mixing parameters (a, b, ¢; dj) and on the shori-time
subband power of the sources, E {3‘22 (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 ()} and additionally on the normalized subband
auto-correlation function, ®i(n, ) (13), for each source signal. The maximum of

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

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

min {T)}-Tis e < max{T;}-T, (14)
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computed AL (n) and T(n) are equal to the mixing parameters (AL, , AL2,
Ti, T2). B.2 Necessary side information 15 The ICLD (7) depends on the
mixing parameters (a,, b;, c,, d,) and on the short-time subband
Wtﬂéogg[} 88 E {s,2(n)} (6) The normalized subband crosd {;%EE AHEG0R /050904
function 1(n,d (1ghg)hsat is needed?or ICTD (10) and ICC (9)
SiggthphetSr dedEhds Gine (GG 2quFFaRERRINHIGRaIIRNSPIE FRorigNBk Fubband

subband_aute-correlation function, c;(n, e or each sour signal.
SRR e Gl o E e AR (BB i RSO e peroe signal
sﬁ@aﬁﬂ%?gp@ﬁlg& ST RPE IR mitteu s §|dg1ﬁﬂ%‘?ﬁ'%§ﬁ89nmga@?ﬂ?ef%at any
which the source signal subband % c;erty ;(n, e) (13) is needed is

otfighkinp ploxene.gyiNerwifh i SYothesiwomHsovmiuter, etc.)

haslsrineR Hreperibs %H%@@%I%déiﬁﬁd#mma @ $EFEPHIES WitkAbther mixers

subband praperties E{2 (n )} and 4)i (n, e) in the ran 4) |n r|nC| |
3 RS AP A AR E e B tS BT R g edRAbon, one

cdafareieion. ¥ée aswmﬂn@tiaamoomelamdwfmwmﬁe tn mMaﬂwmher and only

effect vefield thesis xer/convolut r, 5 has similar, properties
tr%’?%‘ﬂf 'Q?acfg%la% uﬁy%;| ?ﬁ?a?%rr?hg RSt B s%w er?[n%klg {FE ?Hrce signal
pwmmtwerammrrﬁguuﬁ@tbemmmm gittbifoemation { bhed{n, &)

_cpuld uta-correlatio

- PRSI o B A S BB SIS SRR o i
mﬁnnmaiatmgﬁfab paipanmanmurerélbaanﬁbwn a:lrg@mktsﬁmmtﬁa(n e) =1.

within the range (14) 4,(n, e) 10 = 1 and thus (12) is computed using only
1ﬁf&a%me%eM%V&%@Mﬁafaﬁc%qﬁfdmﬂw%JA@%@%%%@W?ange of the

Figure 5 has been computed assuming (D,( =1. In order to red

s«a%csrﬁwe%fssia@ﬁ%/ﬁ%m wré%rt.%fﬁyﬁameﬁaﬁa@ BT Shliestrongest

s6i358/s isdigvted. Weernhdmeufatieat fosubharsbieibeeontlipnding subband

oRHREShHING CURTaRCHLEEn At SPAT 124 S Ustr A o % oSS

pt:wwr”mrms the diromgéstangbaitihe quantizer can be limited to 24 dB.

gubband

Assuming that the source signals are independent, the decoder can compute the
sum of the subband power of all sources as E {32{1’2)} . Thus, in principle it is

enough to transmit fo the decoder only the subband power values 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 1o the power of the first source,

E{F (=)

Ap,(n)= 10 logw E{S’f ) .

(15)

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 1o the sum
signal subband power, as opposed to normalization relative fo 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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power. Thus the dynamic range of the quantizer can be limited to 24 dB.
Assuming that the source signals are independent, the decoder can

compute the sum of the subband power of all sources as Eﬁ% Zéngﬂtb. ]
Ma i ‘?’Pﬁ“ﬁ?ﬁwciple itis enough to trqgsmit to the decoder onkFtHERSIEHRN Y

power values of M - | sources, 20 while the subband power of the

toreathiin FRBGIE: rerhiienRpiftecaddinyy cxermi@nacsahbandde two “critical
baRERITBAHONTE) CaniBerRli OB dfidentd PYisansiEingnlie §Mﬂ?‘aiﬁ?pr?vement is
Irs

power of sources with indices 2 < i< M relative to the power o

2 QEHED, BYROB IO IR198) S (1) Mo (1ot BOPLAASralgE number o

sdiﬁlbﬁiﬁ@@’xd asdsiked renitvialy isparoecsert stiairtind ). b thseaand frequency
alternative, the subhand power valyes could he normalized, relative, tg the

S LGRS oot A ATARIGPRID £ e scheme

respineei fdshdnepsvbba(is) (Bey snediumpljriydreiesueyadsid.1 kHz we

use 20 subbands and transmit for each subband ap; (n) (2< i< M) about

ASMSHRnE? 1952 20:5HBhaPdsaosERsRANINY QMNGES484% different bandwidths,
PCT/EP2006/050904 12 to half the spectral resolution of the auditor

SUSRABAP ShA R SRS TS TRLE) ST N REOWHE) P figeands at higher

frexpefigrants indicate that only slight improvement is achieved by using
more subbands than 20, e.g. 40 subbands. The number of subbands and

THRYRRARYL w&%g;gg%@atﬁ%ﬂﬁ%%om{ﬂ%t%ﬂsrﬂwssﬁmgrf_fquS@% quantizer

resolution of the auditory system. A low quality implementation of the )
degeiivad iRddke saauidast iRrde Biistanefs ABW OBl High -1) kbis. Figure 8

ilf[aeBRGIeS ) DEECEINNG IRariaHifeh SRTRadieNcthR SHERANES RaVSide infor-

different bandwidths, subbands at lower frequencies have smaller
MEYRAGRARBHOT S BIRSHBLSIBWRREr frequencies. 10 The relative power

values are quantized with a scheme similar to the ICLD quantizer
Ststrfbedatida]rates crimd aditienallyf W@@Mn@)mmcﬁﬁ@u@r gach
sGulHIAEE ARG BHAF G ehEl G e DAl HrERNE RIS ERIRSBES R source if

the "Side Infor-
it is active,

As oppesed fo transmitting the subband power values E {37,-2 (ﬁ)} as siatistical

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

8.3 Computing $,(n)

Figure 8 illustrates the process that is used io 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 #; (n),
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mation generation” block in Figure 2). Side information rate can be
additionally reduced by analyzing the activity for each 15 source signal
and only transmitting the side information associated with t% 5 }é i
o 6050904
Wi 75?8&(9%‘),&% opposed to transmitting,the subband power va S‘Ces&g g; n
%
} as statistical information, other information representing the spectral

s envelopes of the source signals/coplgtig)ransmitted. For example, linear
S;ﬁ?éd?cﬂ%’ cdaity €0 'Dé‘r%'lvhe ransmitted, or ?%‘)
p

2
corresponding other parameters‘such asgljgttice Iter parameters or line
spectral pair (LSP) parameters. The process of estimating the LPC
arameters af each source signal is.illustrated, inzfrigywe, 7. RIS e side
WA TR B e RO N Lo R Hh T E U BBl e o
inBlefatnpiven the 25 sum signal (1). This process is part of the
"Synthesis" block in Figure 2. The individual source signals are recovered

by scaling eacfub&adﬂ-ﬁe sum signal W%]ﬂg’{n) and by applying a
Topralatiqn filtekwith impulse.respense b (T,
E?’%T% 00q6r)/ gggggil% (n) :ﬁﬁgr?) *?gﬁﬁ)bg(n)) éﬁn@?%@%ﬁ;(m%) l(:j{?

(n)} where * is the linear convolution operator and E {S,2 (n) } is computed
Aw?a&%uﬁé@goszgréﬁ%m}?m%p«%n@?m Eoiazl ﬂibérﬁ,lali—lir]éss]ﬁ}té&fcd‘d!ays, or
=lor n)} otherwise s de:-correlation filt .
LA G e RS BEd TR Giacs BF BRBS e Sejsgroition
picuestsdsréspedses maydiatiosetieWregdhbfcigne deadilectationogiias how the

ini &%6(%9U&%&&E{%%“"&Qﬁ&?&él&@ﬁS‘@@%‘%WP"&@&BHF&%M”QM%&H% cause

individual wavetorms are percelved. Different de-correlation techniques

difierset aifiéreist romplereotaptearsiaflieEmermRer SelRioso| drhiion gascribed
1O ARRE 18R spreading the energy of transients in time causing artifacts such as

"pre-echoes". Given their potential for artifacts, de-correlation techniques shouid be

applied as littie as possibie. The next section describes techniques and strategies
which require less de-correlation processing than simple generation of independent

signais §.(n).

An alternative scheme for generation of the signals §,(») is shown in Figure 8. First

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

pole filters are computed as the inverse z-transform of

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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10 techniques are spreading the energy of transients in time causing
artifacts such as "pre-echoes". Given their potential for artifacts,

de-carrelation techniques should be applied as little as posgi I&g fext,
WO S cribes techniques and sfyategies which requiresfegs%lsﬁ: P00

de-correlation processing than simple generation of ind ignals
VM AHEN CORDEI ERA G bt 16 S AT o
shown in Figure 9. First the spectrum of s(n) is flattened by means of
in dbenpintingaheolirtaar seetimiioareinopianentaition, @peorptadl BEflewsing a BCC
estimate e 0, , r ing:all- fi | : i
o e oty e EnpoRel e, AR e ey meresiing
sintiepslstile RO feprespniherisSebazif BRfCOAN L IBERBSISRIE G MPES
other side information than rametes.| mitted, P .
SRS 1T A SR o oL e SR, 6 & not excliity
cdRipURation. A idbe, atkenmehemesdlrsoreaimndieal htontplesast.foiso, this
making the source signals . independent. 25 WO 2006/08491 .
SPETR IR0 BT TR RIS OHE B S Rgiyely fess de-
cIRAGINGAhSONSTBART rdndhssfiksidrathel dbis e eigmIans,(n) are explicitly
implementation example is given, using a BCC synthesis scheme as a
camgret@dr multi-channel mixer. This is particularly interesting since such a
BCC type synthesis scheme is part of an upcoming ISO/IEC MPEG 5
TeiaRdarhdpaated ispatrkbandiciredngs. Ehasoweesigialprbfojedescheme is

explicitly computed in this case, resulting in reduced computational
oRRIRHIAUA RIS SR TSRS B BT o ARG ol Sueh @
schepeccHastly eywisssainpleaite Hion sssubedee titm ferchoaialowpeasessing, but

g HES S IINES AN LR CHOUGHK . CRTUNIRS
ideally, one would like to apply de-correlation processing such that the generated
§,(nycan be considered independent. However, since de-correlation processing is

problematic in terms of introducing artifacts, one would like to apply de-correlation
procéssing as litle as possible. The third part of this section discusses how the

amount of problematic de-correlation processing can be reduced while getling

benefits as if the generated §,(») 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 siereo” 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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10 The second part of this section discusses issues when the proposed
scheme is applied with any mixer and no de-correlation processing is
applied at all. Such a scheme has a lower complexity than a scheme with
Wab28HYPEf3tidn processing, but may have other drawbacks AT aza0e/050904
discussed. Ideally, one would like to"apply de-correlation processing such
B@fat syalhenisraeitrms LARAndbeneRisideiRdsiftianepRidhe 1oresepnding cues

ARG AWRI AL RIRGSSSING.S (Arllesnalizimerms of introducing

artifacts, one would like to apply de-cofrelation processing as little as
ossible. The third part of this section discusses how the amount of :

T - BRI B B8 T B0 ST LRER e geng ! scheme s
ufenetitpaini thiegdossdtedts; tomperte itde pemmetima0sAbbapic pentatioalues E
Mthout explicit computation of s; (n) Mixing is directly applied to the
[ fraehlivé thewousimsal Genithb8l Explicthe gaipeaiors of (%) gAiBEigure 10 are

synthesis scheme is used for this purpose. In the following, we are
CUURSEERR) the stereo case, but all the described principles can be

applied for generation of multi-channel audio signals as well. 25 A stereo

BCCs Sts- S‘h >me (or a "par bcz €0, Pcheme), applied for
gHrgcessntribe. nalgiln,) is . 10. Desired would bg(18)
that th BC@SS%}}]esis scheme dgeneratés(® ignal that is perceived

similarly as the output signal of a mixer as shown in Figure 4. This is so,

sUAPEIAE T & t@ﬂ%&@?@%@@&ﬁ@ﬁdﬂ@ 2P08/08A8 ame as for the mixer in
PCT/EP2006/050904 15 BCC synthesis scheme outgut channels are

Fighiaf ad MRe! €dHeS[oNEIfe DR A5EarHIg D ARV O (RRIPRREIHL{HR: dajays D/
anl@nalipagneisiglhe same side information as for the previously
described more general scheme is used, allowing the decoder to

compute ge. ﬁ' rt-fime subband po valyes E 5 {-12(n) } of the

Deftircdba i\“/’é's 2 (r#*},rﬁ@ §§%¥?§@gr§?g and g2 in Figure 10 are“g)
computed as ,~ a,~E{s;2(n)} _ Ff

The ICC ¢(n) is computed according fo {8) determining the de-correlation processing

in Figure 10. De-correlation processing (ICC synthesis) is described in [1]. The
advaniages of applying de-correiation processing to the mixer ouiput channels

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

s Usually the number of source signals M is larger than the number of audic output
channels N. Thus, the number of independent audio channeis that need to be
generated is smaller when de-correlating the N output channels as oppesed 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‘ +bf =1, l.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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" ~E ,2(n)} S,(n) E{s2(n)) gz(n) V E{s'(n)} (g) such that the output

subband power and ICLD (7) are the same as for the mixer in Figure 4.

The ICTD T(n) is computed according to (10), determining the delays D
WM H21h Figure 10, DI(n) = max{ -T(n), 0} D2(n) = max{"f(H}:"3 ({(1%30904

The ICC c(n) is computed according to (9) determining the de-correlation .
owiriesigngl. if lgdesaderouiraign prigessitg) (iEdhsyhameigsidf the mixer
oSIBREEAGREIN Bdurd ) ARVRNERRIOH PRIV SEQ0P R RN NESSHIB &R oder in

the mixer output channels 15 compared to applying it for generating
thisdasendénesalsy Bl WalilIGRROR @ RRFBE source signals M is

larger than the number of audio output channels N. Thus, the number of
Thed dpendentau dict cimdy detenite texl dyduiageaevdiad isasinaktereghento appear

- ting th t I -GON ' .
oS U I S S PR o
afl €6 >0) B EssRjenchiatetmsedrog ebsingitgube applietizian didlid

be needed for generating independent M or N channels. Due to less

da—correlati n pro e;E:sin better.audio quality is expected. Best audio
B, Using .no de- Qrreiation processing :
gua |t>9|s expected when"the mixeF parameters are constrained such that

25 ax+b;2 =1, i.e. G; = 0 dB. In this case, the power of each source in the _
Thanerifiedaneiihgigrayicusly fRssHRRS 4R BenEr BrlBISARMS SRHgg out with
a i BAE $phtpdHieseremt/ O 7908 (RS 4946iREIHBRBAMIATHIENS QAT 6CIIPUCL D, and

N e

encoder/decoder in this case. Thus, also similar quality can be expected.
Homweders ddevaydrerdasiiely thelearipinghaidreeaod sifatiRprosesssyareande used.

THLER includes wavefield synthesis mixers (often denoted "convoluters™). For
using existing mixers and effects processors, the §,(x)are computed explicitly and

used as if they were the original source signals.

When applying no de-correlation processing (fhi{n) = 3(n) in (16}) good audic quality
can also be achieved. it is a compromise between artifacts introduced due io de-

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

correlated. When no de-correlation processing is used the resulting auditory spaiial
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 3,(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 ampiitude
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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5 but also the gain of each source can be varied. The gain is increased by
choosing a, +b, > 1 (G,> 0 dB) and decreased by choosing a; +b;2 <1

G,< 0dB). B. Using no de-correlation processing The restrictio of}g )
Wér%?ﬂ%%ﬁ flescribed technique is ttigt mixing is carried out \yvc#["ﬁ}ﬁgzg @Sggm

synthesis scheme. One could imagine implementing not only ICTD, ICLD, B
ampifude REOMpAAASTHM feIGiibIaHRe e @sané dustinghRighistin Bewe 11, 7,

synthesis. However, it may be desired that existing mixers and effects
aﬁ&e%%&o%w&yed. This also includes wavefield synthesis mixers

(often denoted "convoluters™). For using existing mixers and effects

e computed exp' " 'Li‘f as if they were the

2 Opipl! fandls. 15 Whew applying-ne dé-tortélation processingay
31 = $@)T {16),g9q audio quality chral3o besohiéyed. Itis a

compromisg between artifacts introduced due to de- correlation

processing and artifacts due to the fact that the source signals s;(n)are
Noteritaten). suteh raseleccopuidisngrdbet sy swinse guhbaes ngmgr is the same

auditory spatial image may suffer from instability [1]. But the mixer may
agrifrédddewriaiedppenienbit 6eEBPERREN reverberators or other effects

are used and thus there is less need for de-correlation processing. If 1(n)
c ARAGURLAIR IMThoM sleseqisplaippPrreesskiagthe level of the sources

dependson the direction to which they are mixed relative to the other

sources. By replacing amplitude pannin _alggrithms In existing mixers

Aq/RAEAHQNGE RAPYIDBSRO iR AERRABIRN (idNEGerAERBhdeHbE SHRIFRIGRIRE: Here
of lond i i lxi i hile effectivel

SCHES A LSS ERE H0R  BR AI 88 g vt ey
gEitnge klnvilaichfaich adaf thenpgndaterthmsepeceiémiel dependence on

mixing parameters. Given the gain factors of a conventional WO

2006/084916 PCT/EP2006/050904 amplitude panning algorithg, .
RN aJo% AT W 1o SRS oS 12 The
desired virtual source positions for sy, sz, ..., Ss (M = 8) are indicated. A strategy for

computing §,(#)(16) without generating M fully independent signals is:

1. Generate groups of source indices corresponding fo 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 seiect the source index of the strongest source,
imax = m2X E{5(n)} (21)

Apply no de-correlation processing for the source indices part of the group containing
imax, 1.€. B{N) = 8(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 h(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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1 EM a2 E{s;2(n)} EM b2E{s,2(n)} (n)= M and b,(n)= (20) Note that a, and
b, are computed such that the output subband power is the same 5 as if

Wg,é(zr(}égwere independent in each subband. c. Reducing the amount of

frétdifon processing As mentipned previously, the gen%?g{Fgr%Og 030904

independent s,(n) is problematic. Here strategies are described for )
genepRiadt iBie descohathirinpiiie isAgoaRRIIcHIevERN §ittrR & pHifiehannel

affesiamit he snimavere independent. 10 Consider for example a
wavefield synthesis system as shown in Figure 12. The desired virtual

Vi%#n%ﬁmﬁ\{;}rgﬁﬁop éﬁjﬁm;ﬁﬁ;ﬁﬁ? Fﬁl&}ﬁ% A strategy for

out generating M fully independent signals is: 1.
Generate groups of source indices corresponding to sources close to

Then&opaser BEReRENRBIM SRRy dife3e ot PRIy Signals; vifigh can be
cdde®) With2. At eseleimmin eashsubband selaet thevseurcadndas thaickwards

SRS R BB AL B A SRR e of mor
than{Bhe= (o Ivdafeachtotheraposguchomsmehesabe sofigdvithinteewith more
th%o%%ezg)r%' emqg%sllgﬁggl taaﬁlg(?('ttllﬁr;a'snﬁgdilf'e@éﬁﬁ?ﬁ%ﬂ%?ﬁ%%&in sevezg! SUm

components leas iona e num _ ) that are use
signaleedtitte diiffdrienis subadimniathe IpbensOUCROReNRidN 8 clisiepthesubset of

i t 20 o - .
S P SR el At auelty

exgrsiiedole WRerC¥R@® SianbHbeanAkIranairhAYdife tharrely is increased
bexa s RIELTVdBLERRMS RAnRAIA Ve AN B Id s TdietineypRPesaeiation from

scheme transmits only the sum of all source signals, which can be 5
RN LRI P RRAG L IRIBE CESE SURER FETROHIFD IR
VI. BACKWARDS COMPATIBILITY TO EXISTING STEREO AND SURROUND
AUDIO FORMATS

Consider the following audio delivery scenario. A consumer obfains a maximum
quality stereo or multi-channel surround signal (e.g. by means of an audio CD, DVD,
or ondine music store, etc.). The goal is to optionally deliver fo the consumer the
flexibility to gensrate a custom mix of the obtained audio content, without
compromising standard stereo/surround playback guality.

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

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

computing §,(#), 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

muilti-channel audio transmission is illustrated in Figure 13, where y(m) (1 < i L)
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compatibility is needed and capacity is available for transmission/storage
of more than one audio waveform, the proposed scheme can be scaled
for use with more than one transmission channel. This is implemented b

Wé’e%‘?@?@ﬁf‘?d(éeveral sum signals WIIB different subsets of th SR/E}FIZ%%G gt

signals, i.e. to each subset of 10 source signals the proposed coding
argcdhénhecianpsie &' ﬁm/mm;ﬁtwseu@rqwﬁy%a@saﬁé@téaq@I@ﬁgioveeagum signal
ofthie HHTRRE O BaNSRINE HRHBIOFHAMLIRdSHHERLPATRE LRAMIS 18%5single audio

independent channels have to be generated by de-correlation from_eac

PRSI HEURIARG R AARH QU PIhERaRS Of AR RIS IRE S ER 1B, channels
WY} BACKWARRS COMBATIRUITY IO FUISTING STERSAAND

ROUND" 15 AUDIO FORMATS Cons wing audio delivery
scenario. A consumer obtains a maximum quality stereo or multi-channel

Feusesndsitnaldecg, by meansmraadslitheDiHaVIBveDbdtHn & oisic signals is
store, etc.). The goagls to optionally deliver to the consumer the flexibility

adegederdte dochis{om (X ofsstevatiain () sudio tuwiténe, piMeuralo between the
compromising standard stereo/surround playback quality. This is

SGHBRMSPRIIIRPERANINAIRY 1RRRO WBRERHATE ¥ hichobRoPRITSES AGEopRIAINed in

thig gamﬁrgmgdwmmhmbmgmm wisigleastgrinativwwhichofiow sransmitied
com tatlon of i’ %& as a on of tp?h%jven stef1 por murltl Ch(aHrFl scaled
%éﬁﬁl RGNS 3 g algo it s T enea%%?eccﬁ’o e gr(r%
versighdHetniing, two pOSSIbI|ItIes for 25 computing s;(n), given stereo or
multi-channel audio signals, are described. A. Estimating the sum of the

Aﬁ%{&rﬁé%@w&éag m&ylys%as BoRijsieiaRt faadimesRidiingdhife signal

proposed cod mi; scheme with a stereo or multi- channel audio

'W&F%ﬁnﬂﬁé@ﬂ% chaRidaHan Qirthe Sidm bR Jhis Progess adaptively in
1R APAS (RE TP 2006{2D 0% é&ms tigrlarhaesedsiraidhe gieagiven stereo

stere multi-channel gudio, si e sum signal_of fce
%t% %oﬁ/ﬁﬂﬁﬁ r%'ﬂ{et?ra%lg it Pear"%honﬂelgc{m% é?rfg e gu ﬁevel of each
sahmarmbr&bvsnﬂnenr’qﬂmmwmduhbyameaiwwmﬁpatlntgskmsahtcnthhéevel at
w%?c@\nﬁ'w%l%oume is containad in the stereo or multi-channel audio signal.

B. Using the transmitted channels individually

Figure 14 shows a different implementation of the proposed scheme with stereo or

multi-channel surround signal transmission. MHere, 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) = b, (W) *(g,(m)}_ W, (m¥,(n)) (22)
I=1

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

channels' subbands. The linear combinations are chosen such that the §i(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.

Vil. APPLICATIONS
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y,{n) (1 <i <L) or more sophisticated techniques may be applied. 5 For
best performance, it is recommended that the level of the source signals is
adapted prior to E { sit (n) } estimation (6) such that the power ratio
WQ&Q/@%%EHE source signals appro>§Hnates the power ratio Wit WS e
sources are contained in thgﬁgiven stereo or multi-channel signal. In this

Alteasty pie\deviinveomeriigasd minemkepharolicatiansilrs yngopprosed coding
schelinaateRb NG e WirahikYe-8QHERRSH] (RErisrAiedwl RS HippIRRIGeS).

An automated process may be used to adjust the level of the encoder
A SpuIce Si Innal 1,ir?_pult:%r?(n) prior to computation of the side information.
' li'g Brg% sga%ap ively in time estimates the level at which each source

signal is contained in the given stereo or multi-channel signal. Prior to
Wiipraav6 HE R PRUBRSORIRARIH NERCI &Y SR B ARH qrsfg%ﬂﬁw?ﬁarm&iﬂ@ﬁxmg them

tooSlaRtyehyis imaadiusied sialeiatliiscedaliadhadeue! abevdisiolitRl scheme

source is contained in the stereo or multi-channel aug'o Si

|. B, Usi
AR 2GR A AR ST RI0RR, A SO EMRHOLEi BRI T eatn source

signglenaeptaigenof thesuiong se d dshetwavnithsiestss orithn ifie-chanimed of sources.
urround signal fransmission. Here, the transmitted channgls a .
TR AT BOE S AN, 10 SN G DS (] R Shufes signal
wijenaralhgithensobbandicigadisr oples(rmptvebmiswebivgle Rdgninomngipn. As
d%s(&itggél‘iﬁv SR, (£2) MRAECNAR %‘A@égm.%%&fﬁwaﬁ?%@ than one
Inear combinations of the transmitted’ channels' subbands. Thelinear
traosabiiedishenael.dhiememantsaprarty hparsc iSaadalleas much
decorrelated as possible. Thus, no or only a small amount of de
Beaselaliog pigcessiagiaeds to be applied, which is favorable as
discussed earlier. VII. APPLICATIONS WO 2006/084916

AB Gd4ERZR0H/ Q0804 VIO AIAg IR AR ARBRTARE d i PRIk an be re-
applications for the proposed coding

mixed with the help of additional side information (i.e. "meta-data"). As opposed to

only selling optimized sterec and multi-channel mixed audio content, meta data can

be sold allowing a user to re-mix his stereoc and mulfi-channel music. This can for

example also be used for attenuating the vocals in a song 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 wouid be very attractive
for enabling custom mixing of music. That is, because it is likely that the music
industry would never be willing io give away the multi-track recordings. There is 100
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-channe! signals are re-mixed a certain
degree of quality reduction occurs, making illegal distribution of re-mixes less
attractive.

c. Stereo/multi-channe! 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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schemes. Here, we summarize these and mention a few more

applications. A. Audio coding for mixing Whenever audio source signals

need to be stored or transmitted prior to mixing them 5 to stereo
WiAdedifatiiel, or wavefield synthes'ﬁ audio signals, the progggé%t’%%%/eo?ﬁ)gm

can be applied. With prior art, a mono audio coder would be applied to )
MEYiEls FtieesshgRabm axirlrch iy, Havalisli Sy Higsie PARPISSaRs Fdding side
infBRMHIBINCERF S0UieRTe, TIRTY ORESSU SGHINToRCITANDS Gaih eheaslaendigh for 5.1

number of audio source signals with a single mono audio coder plus

bagkyta/gs FamBiaty SRANABHAIRIRN WRYSHRI SHNNRPIR BEIAEIFA/ §hDVDs play

haskdi® 1l eaD SeunpEedmicHitmettatyapiepestransratiesfield synthesis

chaé;nel, if the memor /Caﬁﬁai%/ to do so is available. B. R?-trrpixin v.v{i1 N mation

SHBEROGHLRY GECERER QLR Wp B% 'tﬂ?gpsr 270 M muti-2hannel '
audio signals can be re- mixed with the help of additional side information

VIl SURIECTAVE ) EXAledpdsettn 15 only selling optimized stereo and

multi-channel mixed audio content, meta data can be sold allowing a user
we redrinbigsieseeanine décghienos inusigofiths sandposexam Slecttso IV-A and

use ttenyati vocals in a_ song, f raoke, or .
N oA 2HSE e R o DSy A Dk BRI Bl Ag 4 ST window
siEwenf iTS®rogithwaar petbiegh dssuesetie Tbscsbediughesadigiontd lbee grouped

oY o R o s e v

eqliNalanickerianauiag Hantiwidts (ERBudnfrmandisiepingoRveai9 that the audic
qﬁé‘ﬂﬁpéﬁfjr&ﬁh%f?oﬁﬁﬁ@é@é@\%ém;w&“m@ﬂ@o@ﬂécﬁi& usdldien. A lower

mulfi-track recordings. Furthermore, as soon as stereo or multi-channel ,
refpIsYresRIUNRRE IPYRTRRIG 9BAGdLFRRIIR(NAREF RAIACIRIFGCLRE, ransmitied.

making illegal distribution of re-mixes less attractive. c.
FSteracinualirahdheanplitadefisEtpyniheisg eodheasiotenistiasiiusied individually.

T S SRR B DAL o v 2
panying

The decoder allows 5.1 surround mixing using a vector base amplitude panning
(VBAP) mixer. Direction and gain of sach 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 atienuation
of the sources (e.g. up 1o £ 6 dB) still sounds good. A critical scenario is when ali the
sources are mixed to one side and only a single source 1o the other opposite side. In
this case the audio guality may be reduced, depending on the specific mixing and
source signais.

IX. CONCLUSIONS

A coding scheme for joint-coding of audio source signals, e.g. the channels of a

multi-frack recording, was proposed. The goal is not to code the source signal
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WO 2006/084916 PCT/EP2006/050904 21 moving pictures can be
extended for wavefield synthesis rendering by adding side information.

For example, Dolby AC-3 (audio on DVD) can be extended cnan,
WS §Gcompatibly coding audig for wavefield synthesislgs%/%f%%%%%ﬁ{?é’?gm

DVDs play back 5.1 surround sound on conventional legacy players and ,
waneferBr Withthighisaatiininowhiciefrgedeiahsrding wpid diysm arinigal coding

gdIFPSRRINGOTdhGiSde irdesmatonsudlly dBaBRIEME TREAGSEATIONEE Wean the
implemented a real-time decoder of the algorlthSé)rg,%osed |r‘ Sectl% ned. B
cqder AP SIKIREFPBaLUYSTET HEEHAHRY LEHH'OA T893 pinPRIBPeC: BY

cayidainhr Satisulen [siaparfids Sofwitle zesarpaddigniaretoseprofiesties of mixing

I ffici . d '
S 0 A A B NS B 0 e i improvement

isractéangrd dryljaindwickti (G RIB) sifiocensigistiening revealed that the audio
quality did not notably improve when choosing higher frequency

THeSEBHIRG - MiRWHaPrEeSMene Yy erRiUtip s fRierakie sinEoidasulis ineasorm is
parameters to be transmitted. For each source, the amplitude/delay
tBasMiHE%nd gain can be adjusted individually. 15 The algorithm was used
for coding of several multi-track audio recordings with 12 - 14 tracks. The
Additonatiplisids Hiognatemdrenkasguitggthecaiistiast arapattiee of the source
si% Qly%i%%lﬁ@%@fe@ﬁ??&%@w&inﬁ@?ﬁesgﬁé‘ﬁ%lsﬁﬁfééﬁ%hb@f the final
Justed. The software allows on the-fly switching between mixing the
iRt 8igbarcr SigARS AHEPD0 mixing the original discrete source signals.
Casual listening usually reveals no or little difference between mixing the
Thedsdwinforigitairsmttcs sigoatstifides pachamersignghivu@/, ofizaroaiBbis applied
ed. The mare the_ saource,gains are varied the. ifact :
wﬁ‘g ear%%l i2ation ahd lg{t'g!n%a%' n S§F {%8’55{\1%@(5%&%% Ep%%%%%gg%d)‘&slﬁllsymhe%
mggersds good. A critical scenario is when all the 25 sources are mixed to
one side and only a single source to the other opposite side. In this case

tthe sitliharali-ay Saaledreaskogenendinadmd farsigeidic titbsrgantiquality by
means of transmitting more than one audio channel. Furthermore, a variation of the
scheme was proposed which allows re-mixing of the given stereo or muiti-channel
audio signal (and even changing of the 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 fo be fransmitted. 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 {o his liking.

REFERENCES

[1] C. Falier, Parametric Coding of Spatial Audic, Ph.D. thesis, Swiss Federal
institute of Technology Lausanne (EPFL), 2004, Ph.D. Thesis No. 3062.



source signals. IX. CONCLUSIONS A coding scheme for joint-coding of
audio source signals, e.g. the channels of a 30 multi-track recording, was
vJ)ro osed. The goal is not to code the source signal WO 20(}))%/%%%%]0%0_0904
¢ 3Y66/050904 22 waveforms, with high quality, in which'case 7

joint-coding would give minimal coding gain since the audio sources are

[2LiGallaiRIepaAdEnBRHEGBHPIs TRRANRNGHe SotitGsouF@isiinsishgees and

appirafisniiolequalitaasdin Sgaatis aianeib Procousideningosiatingeab0os.
properties of the source signals, the properties of mixing 5 schemes, and
spatial hearing it was shown that significant coding gain improvement is
achieved by jointly coding the source signals. The coding gain
improvement is due to the fact that only one audio waveform is
transmitted. Additionally side information, representing the statistical
properties of the source 10 signals which are the relevant factors
determining the spatial perception of the final mixed signal, are
transmitted. The side information rate is about 3 kbs per source signal.
Any mixer can be applied with the coded source signals, e.g. stereo,
multi-channel, or wavefield synthesis mixers. 15 It is straight forward to
scale the proposed scheme for higher bitrate and quality by means of
transmitting more than one audio channel. Furthermore, a variation of the
scheme was proposed which allows re-mixing of the given stereo or
multi-channel audio signal (and even changing of the audio format, e.g.
stereo to multi-channel or wavefield synthesis). 20 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 stegeo or multi-channel signals could be
complemented with side 25 information to allow that the user re-mixes the
signals to his liking. REFERENCES [1j C. Faller, Parametric Coding of
Claim$patial Audio, Ph.D. thesis, Swiss Federal Institute of Technology
Lausanne (EPFL), 2004, Ph.D. Thesis No. 3062. WO 2006/084916

PCT/EP2006/050904 23 [2].C. Faller.and F. Baumgatrte,."Binaural Cue
1. MG%B&F%-SMSE?E%BH&F&%ECY 3%5”95%8 ?,mI‘E E IIERQ.SbnrgSpeech and
Audio Proc., vol. 11, no. 6, Nov. 2003. 24 Claims 1. Method for

retrieviYgHeRzHD B Hraibaat atdiaghsnsslsmeaignaisiagraetinivig s fsum af source
i naiaUd'O stream at least one sum signal representing a sum of source

9 §'rgnals, retrieving from the audio stream statistical information about one
or more source signals, receiving from the audio stream, or determining

retrievRgathorparerieis stesenbitgtaticalipisrautiodabmttand nixingre source

Signaigarameters, computing pseudo source signals from the at least one sum
signal and the received statistical information, synthesizing the plurality of
audio channels from the pseudo source signals using a mixer, on which

receivihg feseithe antbioaltyedete mnidet audimfoinrat iparmretatsemdaheribing an

outpuf%yc?%%lgpg}l}ﬂ ﬂ%ﬁ,ﬁ?%m@@g parameters are applied. 2. Method

for synthesizing a plurality of audio channels, comprising: retrieving from

an audio stream at least one sum signal representing a sum of source '
compgifmalssectizedig toaianeiaiion sheahletaistioalsHomighidrasdiedgseived
statis@dNPHOSAHIER,

synthesizing the plurality of audio channels from the pseudo source signals using a
mixer, on which the received or locally determined audio format parameters and the
received or locally determined mixing parameters are applied.

2. Method for synthesizing a plurality of audio channels, comprising:

retrieving from an audio stream at least one sum signal representing a sum of source
signais,

retrieving from the audio stream statistical information about one or more source
signals,

receiving from the audio stream, or determining locally, parameters describing an
output audio format and source mixing parameters,

computing output mixer parameters from the received statistical information, the
parameters describing an output audio format, and the source mixing parameters,

synthesizing the plurality of audio channels from the at least one sum signal based
on the computed output mixer parameters.3. Method of claim 1 or 2, in which the
statistical information represent spectral



signals, receiving from the audio stream, or determining locally,
parameters describing an output apgli format and source mixing
parameters, computing output mixer parameters from the received
statistical information, the parameters describing an output audio format,
and the source mixing parameters, synthesizing the plurality of audio

enveld BRI eBLIRE aldRaR! AP Epeiinal daverpes BIaO B Rd-QeR dudio

mixer aramete,rs.j. et of claim 1 or 2, in which the  statistical .
Sourog R SR TRTEE A o AL BRI BE0 B BRSSP RGeS PEE
which $pectatisinel dpfesottion orresend e ralativespomesy sigaddnsdiopesdrequency
and tingdlisetilkesinpaanefess aicinggmngstral parameters or in which the
statistical information represent a relative power as a function of frequency
and time of the plurality of source signals, 4. Method of claim 2, in which
4. Metnedsel|sgitod putitian &eusien fiesr paiiR@ {6 OLEPMb ¥ CBRBUIRIG™S
comptisesuempiiheyhealine obausiopphanne!s’ andizoohutingstbadatspyuting the
c
ot S T G A T SA ) LA, S hlo ghannels.
computed in a subband domain of a filterbank. 25 6. Method of claim 2,
5. Methodhidlothienatidio whariniéls pse synthesizedsiybeds bivand njomednimBasubband
domathSf%aﬁKe%éWE.thqd of claim 5 or 6, in Which_ a number and bandwidths of
the subband domain are determined according to a spectral and temporal
resolution of an human auditory system. 8. Method of claim 5 or 6, in
which a number of subbands is between 3 and 40. 9. Method of claim 5 or
6, in which subbands in the subband domain have different bandwidths,
wherein subbands at lower frequencies have smaller bandwidths than
subbands at higher frequencies.



10. Method of claim 5 or 6, in which a short time Fourier transform (SIFT)
based filterbank is used and spectgd coefficients are combined to form
groups of spectral coefficients such that each group of spectral
coefficients forms a subband. 11. Method of claim 1 or 2, in which the
statistical information also comprises auto- correlation functions. 12.

6. Meth/&ﬁmd;@frﬁ@mrswmmﬁ@ sharirehanrelonee aymtepsesenind aubibead

domaigﬁﬁ H] % ng (LPC) parameters. 13. Method of claim 1, in which the

8 ivided into a plurality of subbands and the statistical

information is used to determine the power of each subband for each

7. Methsgusfaromy ceaignat. whidiethaehbiclaimd baindmiithsadfribarspistictibdomain

are cie?éF%l%%}gc%%%ﬁg%lé 8&@6% faliousid s alrp@ie: e AUman auditory

e spectr enve termined by the statistical information for
SyS’fe”éach pseudo-source signal. 15. Method of claim 13 or 14, where a

de-correlation technique, such as allpass filtering, is used for making the

8. Met%%? REEHAS-SPHIGR SiARAS: IRdrRRndaiLbBaMeshobefwirimItandae

the computed cues are level difference, time difference, or coherence for
different frequencies and time instants. 26 17. Method of claim 1, where
9. Metihednikeleisnah anfolitigdishrmvhbangsithine s hpansarg #o sayreifferent

bandmﬁhdmiéﬁngawgﬁw%@ IBVAMRIgI R Ma EiRics BpiitTesim twieths than
naur ixer, or a 3D.audio mixer. 18. Apparatus for synthesizing a
SUbbaﬂﬂ?aﬂ% RUdI6E nner wherein the apparatus is operative for:

retrieving from an audlo stream at least one sum signal representing a

10. M&tHOPbFOII0e 5Sigrailin ietieviag fiamtithe Hadidestteamsforati<Ece T) based
filterba er@@EgH 3ha mmg%me oA erSIgnAIBFeaal NG YRblin idiBectral

am, or deter ocally, parameters crip
coefﬁcnents such that each group of' sp %ﬁ:ﬁents@grms a subband.

pectral coe
11. Method of claim 1 or 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 1, 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 ctaim 1, 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 claim 13 or 14, where a de-correlation technique, such as allpass
filtering, is used for making the output pseudo-source signals independent.

18. Method of claim 4, where the computed cues are level difference, time difference,
or coherence for different frequencies and time instants.



output audio format and mixing parameters, computing pseudo source
signals from the at least one sum s@fal and the received statistical
information, synthesizing the plurality of audio channels from the pseudo
source signals using a mixer, on which the received or locally determined
17. Methdib 36 cadmphraherertharitlives iscverewp blude g aéteralaréifixing
competIARGLESS S5araBnEee| d8pdniaial riahBynt paizingtepiy ealin wifiidio
syntheI8ANCls: WhereinnG, aapatatis s oppiatiys or: retrieving from an audio
Stfeam at lfeast one sum signal representing a sum of source signals,
retrieving from the audio stream statistical information about one or more
18. ArgeiHges Signaysiiestiiga:immdhiy afidieditretan oeldetenariaingieaalyaratus is
operatﬁ’\?é eters describing an output audio format and source mixing
parameters, 26a computing output mixer parameters from the received
statistical information, the parameters describing an output audio format,
retrievingl flvensanmedinisg raranesetsynsysitine Siking thepphaaditin o faasidio of source
Signa,&hannels from the at least one sum signal based on the computed output
mixer parameters. 20. Method of encoding a plurality of source signals,
comprising: computing, for the plurality of source signals, statistical
retrieviimip fiveati dher qpidiocsitiegrthelatinbiosl intsrensdiipbeadighbi I RE MaFRR FIHS
signalfe computed statistical information as metadata for an audio signal
derived from the plurality of source signals. 21. Method of claim 20, in
which the statistical information comprises information on a subband
receivingvEp ! e ISR eREbIREEARHRIBING AoRRZear3UMSMRI4§8cEbINg an
outputatgiatiomfanatdmeiking earatizadrsubband auto-correlation function. 22.

Apparatus for encoding a plurality of source signals, wherein the

apparatus is , , ,
computing pseudo source signals from the at least one sum signai and the received

statistical information,

synthesizing the plurality of audio channels from the pseudo source signals using a
mixer, on which the received or locally determined audio format parameters and the
received or locally determined mixing parameters are applied,

19. Apparatus for synthesizing a plurality of audio channels, wherein the apparatus is
operative for:

retrieving from an audio stream at least one sum signal representing a sum of source
signals,

retrieving from the audio stream statistical information about one or more source
signals,

receiving from the audio stream, or determining locally, parameters describing an
output audio format and source mixing parameters,



operative for: computing, for the plurality of source signals, statistical
information representing a spectrat@avelope of one or more source
signals, and transmitting the computed statistical information as metadata
for an audio signal derived from the plurality of source signals.

computing oufput mixer parameters from the received statistical information, the
parameters describing an output audio format, and the source mixing parameters,

synthesizing the plurality of audio channels from the at least one sum signal based
on the computed output mixer parameters.

20. Method of encoding a plurality of source signals, comprising:

computing, for the plurality of source signals, statistical information representing the
one or more source signals, and

transmitting the computed statistical information as metadata for an audio signal
derived from the pilurality of source signals.

21. Method of claim 20, in which the statistical information comprises information on
a subband power of the plurality of source signals, a normalized subband cross
correlation function or a normalized subband auto-correlation function.

22. Apparatus for encoding a plurality of source signais, wherein the apparatus is
operative for:

computing, for the plurality of source signals, statistical information representing a
spectral enveiope of one or more source signals, and

transmitting the computed statistical information as metadata for an audio signai
derived from the plurality of source signals.



