10

2
vh

30

| Description 5 Multichannel Audio Coding Technical Field The invention
relates generally to audio signal processing. The invention is 10
particularly useful in low bitrate and very low bitrate audio signal
processing. More particularly, aspects of the invention relate to a
decoding methodfor audio signals in wthich a plurality of audio channels is
represented by a composite monophonic ("mono") audio channel and
auxiliary ("sidechain") information. Alternatively, the plurality of audio
channels is represented by a plurality of audio channels and sidechain
information. The 15 invention is defined by the appended claims.
Background Art In the AC-3 digital audio encoding and decoding system,
channels may be selectively combibeg:siszisaupled” at high frequencies
when the system becomes starved for bits. Details of the AC-3 system
are well known in the art - se r.example: ATSC.Standard A.52/A: 20
Digital Audio Compression Sﬁélrﬁérgé( ?E{gg){\ﬁéeisﬁgﬁﬂ? Advanced
Television Systems Committee, X¥okeeap $Ba/dThe A/52A document is

availahig.ofthe WY auigtAlide Web Bt I AivamLsE e/ stapdards: bim-
The freqluer%%;f/gabove which the AC-3 system combines channels on

BEHRTE TSR Melf Yotieainand SEpIieg” Hatiiendis BB emrseopIMg
fregugnty, iiecouplad ghanhels:RE are carpbinesh #iOda-TCRR)IRGRAOE in which a
c%rlgPos(i)t agg%r}:@lel. 'I{_;pse enc%dertgéa erates "colfléalingj c%ordinates" . .
AUt SO ARG fSP Eah B rh A RS e MR ERIBling U Ay
nemchachamiisinTisi dobpliiy cdordinate sAhdioate ¢the tratiudltheobrginal
CRERBYQL ﬁ@?&éﬁ%{%,gimﬁ?'o%uﬁa%r&mn%i?a%a%ﬁaycﬁiﬁﬁfm?m The

corresponding subband in the composite channel. Below the coupling
freghiesicy, ehaph e thrarntesaéaidieretely. The phase polarity of a 30

coupled channel's subband may be,rpugss6M hefore the channel is

combine Wit%on  or more other coupled channels in order to reduce |
out-of-phisé* -an‘feﬁe%}ﬁaéwewegﬁéeﬁ%%%ﬁa ROpoEERRARPe selectively
atonignatthrSideghalh anfagmatign-thas inalides, sonaetcubband APRisbits. Details
e -L”%é?s Qordinates and wh tQ%HDee%h?@%%L%rgﬂ‘?‘%L?d’I}}’EJBEQJEEES/A :
sent to the decoder. In practice, the coupsllng ?reque ciées’émp oyeaaln
domiimeteits mbirents ofdive! AC-3 sytamo24 Wadenaedyéddraneabeuitms

1 hzd0 3Ryt 3998 Hzrld 2P AIENMS .83 282 B038 @8 World Wide Web at

nop:/fwww . atse.org/standards. iml.

The frequency above which the AC-3 system combines channels on demand is
reierred to as the “coupling” frequency. Above the coupling frequency. the coupled channels
are combined into a “coupling” or composite channel. The encodér generates “coupling
coordinates” (amplitude scale factors) for each subband above the coupling frequency in each
channel. The coupling coordinates indicate the ratio of the original energy of each coupled
channel subband to the energy of the corresponding subband in the composite channel.
Beiow the coupling frequency, channels are encoded discretely. The phase polarity of a
coupled channel’s subband may be reversed before the channel 1s combined with one or more
other coupled channels in order to reduce out-of-phase signal component cancellation. The
composite channel along with sidechain information that inciudes, on a per-subband basts, the
coupling coordinates and whether the channel’s phase is inverted, are sent to the decoder. In

practice, the coupling frequencies employed in commercial embodiments of the AC-3 system
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5,727,119, 5,909,664, and 6,021,386 include teachings that relate to the
combining of multiple audio channels into a composite channel and
auxiliary or sidechain information and the recovery therefrom of an
approximation to the original multiple channels. Each of said 5 patents is
hereby incorporated by reference in k8 entirety. Methods according to the
pre-characterizing portion of claims | and 12 are known from the
document WO 03/090208 Al that describes encoding of N input audio
ghanelsdorammenenbas avdiousional @ndia satefspatiak paameterss
including a parameter representing a measure of similarity of waveforms
57 thel NP AR AT OIS HETARY TRESTORE R TEU 4 e eaRaREE O
anthialseletietmnel ofnnterahamnék tinendifteré ace isamg ontadetizaimelfphasen and
frerence; (e menophonis audia,signals dered oM NG NAIRUEANIG caig
C annelsr}f)y summlnga%epﬁlrlnpu audio chanfiels after a phase correction
prEososdarade withrinesteh anmeletinge iditfe roREEY The corresponding
decodipgmathod disgloseddn.this.Aocumant sypthesizgsinerlica of the blown

input audio channels from the monophonic audio signal and. the spatial 15

parahedaarprcisLPe/ 87 TRES Avahtiol KEpet FA GRS PrBSBREIRYEGinnels to 2
/%igﬂgﬁﬁoﬁi@aéﬁﬁﬂ@@%mp ﬁ%%%m@raﬁsy&m ﬁ%ﬁnlﬁﬁéi@ kﬁﬂgﬁdhﬂgﬁlﬁﬂﬁﬁ_ﬁt@f ff:.k.lﬁeseming a
-o encoqing an ecodajng sy ana also u n other technigues In
SRR R A B 2 G BUh R BRRER 3 SR giae! leve
@'ﬁ)mmsﬁfarsigmal@tet@ommﬁm&@mw&lﬁi&iﬁmmgimq@amekjphase
%%ék!@%!ﬂﬁ%m%ﬁggh%ﬂ%fﬁ&\é{%ﬁ%m Wiple &5@%@1@ &LM&@EEMFAS by

reconstructed. Sp ctso e pr sent invention $0 may be viewe I as
iTnproverfeisiupsrudsheisuwssfofc ewhrhhaay vkt pleaatsditelsanitielg ggchanne!
imoaerapIc T@Hg%%@ﬂﬂhﬁﬁrt@e%!ﬂﬂg e amdicbrpnels andidfiment synthesizes

decorrelatin%multiple audio channels 25 derived from a monophonic

AERIEA i ARME) BPH GRS IERE SHaPRBRIRRS OF 78 AV Htfow 212!

payeemployed in an N: 1:N spatial audio coding technique (where "N"
is the number of audio channels) or an M: 1:N spatial audio coding
technique (where "M" is the number of encoded audio channels and "N"
is the number of decoded audigsciwanneish thiavimipsave on channel

CouDIinQ:s %QI’&V{Q& e&%@%&&@ﬁ%ﬂ%%@&@&%%&%%ﬁs upon the “coupling”

compensation, decorrelation mechanisms, and signal-dependent variable

tEFENIEOPS EANES A SPetIRO I 08 S BAIAVEHEBMPH 4S8 I4ePB & B prelaiguss M
Nixih andiMixeha spatiah augio.codingteehininuas Yhefeihow dBawMgik Ofenal or to
greater than 1. Goals include the reduction gf coupling cancellation _ . -
ARG FHIARF RS Progesd by fgg"ﬁfféﬁﬁél}@ra& TR AT gl mulisle
before:downniising, moshinnpreving shespatial glissansionality: efstheay be viewed as
(rj(laé%rcr)lgdrg (;e%ﬁllgé]?a# ép%ke{%li togrs% r%grtgoeuglglai}%glf r@%ll%%i%%gcﬁjoe %%%?egfm a monophonic
andio signal or to multiple audio channels and for decorrelating multiple audio channels
derived from a monophonic audio channel or from multiple audio channels.
Aspects of the invention may be employed in an N:1:N spatial audie coding technique
{where “N” is the number of audio channels) or an M:1:N spatial audio coding technique
{where “M” is the mumber of encoded audio channels and “N” is the number of decoded audio
channels) that improve on channel coupling, by providing, among other things, improved
phase compensation, decorrelation mechanisms, and signal-dependent variable time-

constants. Aspects of the present invention may also be employed in Nix:N and M:x:N

spatial audio coding techniques wherein “x” may be 1 or greater than 1. Goals include the
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Aspects of the invention when embodied in practical embodiments should
allow for 5 continuous rather than on-demand channel coupling and lower
coupling frequencies than, for example in the AC-3 system, thereby
reducing the required data rate. Description of the Drawings FIG. 1 is an
idealized block diagram showing the f#incipal functions or devices of an"
N:1 encoding arrangement embodying aspects of the present invention.
10 FIG. 2 is an idealized block diagram showing the principal functions or
fevigas of bl deseding s anaemantemRedyipo AsPestsialsthe relative
present invention. FIG. 3 shows an example of a simplified conceptual
&@M&WB&%?@%%BB%@}Qdﬂ“@%"%rﬁ&ﬁ?%ﬁﬁ’@?ﬁ?’ﬁ%@’%ﬁé the
bloeithaddigniibim ecalongahthphizenial)ctimel axisesdhd digomelisiooitohe decoder.
soale; A8 RIC, A s the.natyre of e hbrid lowchar and funciional black
lagram showing encoding steps or devices performing functions of an
enpouiods sattan Gementdembsthlinmespecdis ©itH éoprasmupimentiornFis than, for
SiEiplE petreolalubiddeurntandyastional ok diagram
showing decoding steps or devices performing functions of a decoding
arrangement embodying asp&&@PpBPtapeetahvention. FIG. 6 is an
idealizeghlock.digram shrwingdhepinsinak ilp ghicamarraemieas @f@vices of an
fﬁst N:xg:_ncoding arrangement embodying aspects of thetgresent
inve S T S AR B IEK ?’aQS PLHSWi TREBrincipal
functioR80r demidasaibahbiidd decading@riag gementiem bodying aspeadtss of a
fthe present invention. 25 FIG. 8 is an idealized block diagram showing
o R g
arrangéiertseamsoaingnasp et s sonhidipresepnrmbgRIZFIC,  srapnd subbands
idealizedhipek giaganm, shauing bepuRsPALIHNEIADS PRABMEES ARR axis. The
second alternative x:M decoding arrangement embodying aspects of the
FHEEEAt IRVENER3E 30 Best Mode for Carrying Out the Invention Basic N:1
EncodenBeferningiairles df anydliiensederfunctionamdeyics: erabedyigwing
aspects of the -4- present inventign is.showfn. The gggée is an exatmlglbe gf.
PRSI O SHF FEHIrES tRAt B S CHES B RS e EB R Ihg oty me
aspegtbftthgrésventiomtOther functional or structural arrangements that

PracticqRSeCts e AV ERAR A e SRSt NGO AN EI0BN o wing

and/or equivalent functional or structural arrangements described ﬁelowa
decoding steps or devices performing functions of a decoding arrangement embodying aspects

of the present invention.

FIG. 6 1s an idealized biock diagram showing the principal functions or devices of a
first N:x encoding arrangement embodying aspects of the present invention.

FIG. 7 is an idealized block diagram showing the principal functions or devices of an
x:M decoding arrangement embodying aspects of the present invention.

FIG. 8 is an idealized block diagram showing the principal functions or devices of a
first alternative x:M decoding arrangement embodying aspects of the present invention.

FIG. 9 is an idealized block diagram showing the principal functions or devices of a

second alternative x:M decoding arrangement embodying aspects of the present invention.

Best Mode for Carrying Out the Invention
Basic N:I Encoder

Referring to FIG. 1, an N:1 encoder function or device embodying aspects of the
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5 Two or more audio input channels are applied to the encoder. Although,

in principle, aspects of the invention may be practiced by analog, digital

or hybrid analog/digital embodiments, examples disclosed herein are

digital embodiments. Thus, the input signals may be time samples that

may have been derived from analog atidio signals. The time samples

may be encoded as linear pulse-code modulation (PCM) signals. Each

linear PCM 10 audio input channel is processed by a filterbank function or
psleviaeiravitign hothoam irFpb @iceranda quagiatefe fautpot suchiasra that performs
512-point windowed forward discrete Fourier trapsfor FT) (a
T e T R Rl S
sorsidersts thaberactimesgortain the frsgobercyndo hvainmtarefonalui g, aternative
&QBW_—%@W&%E%%M&B&Q%@%&F&iﬁf(ﬁ@@%%&ﬁ?éﬁ@@@éb%@é@&@&%rbank

function 15 or device, "Filterbank" 2, and a second PCM channel input =
(channBYerP apfsIadic AaBB RIS /5 aiathEr MiBAFARRFtInchibhPBRD, in principle,
deydae of ilkerbaniondnhher oy ey put dehanBels bW enet oa/ digieal

whole positive integer. equal fo two or more. Thus, there algo are "n" :
ERBTRS: CSRRTBCEHG ™ DA 5P LB AR oMl g il
simpiicitynirsaprdsentation; G eshdws ahiyotwenmipytohanmelss! Thanidne

"n: La Filter IS iImplen v.an FRd ime- i

S e b R SRS Samatag e
rrdparpppirgsbekso TP R d iRt raleifRGI9e eI Es e thaP@Topmm-phase

cnetficientshareaieractoasshing fachRawWag racamBIRX Nk MARransform
real and imaginary parts corresponding, respectively, to in-phase and

GUEAY ARG IEREMpErRYS TeshhigtRis AR EEmBihg: may FEEPalihEd o
sdbbands Rpapprexidmatingshticakhandwidinsahihedhuman ear, and

most sidechain informati roduced by the encaoder, as.will be )
omcrte. i Be Lot T AR B o et S o Tstan anccon
erdevteenfiiimizenbi Gcesdingeresd MChE caingitd ngodcehthechitriiepMistiple
§*%ﬁace%ﬁ%\lf% %T%(SE) Jpﬁf{&%%kﬁlﬂaﬁgnb& 9&%%?%’&%9&5&‘1@ %S’Méﬁe mayv be “n” input
individual block values averaged or otherwise combined or accumulated .
abrossle AciTTeames fo TR e BiRrsEIsa R 30 BT ArEeln Idianiptesalso are "

dessrined hareineachfiltaiRarkis inplementigrhyandE Thocomtiouaysn
transform bins aretﬁ(%rouped into subbands, blocks are grouped into frames

AP LAl il At TfY SOREOR S BRER P& Eme bH4is "Alternatively,
sidechaivhdatarinaypdt: sentdembaadrhore: theh, ance tpec-ftamenbasisi{eud.,
%%%gn%r#)llr%%kgénss e b‘?é%@g’a

well known, there Is a tra é%’f ﬁé%ﬁ%ﬁeg%ﬂ% e1‘Sf%eeeq§u%[e5 Ir%;c% ga!tp\%eﬁr% Iﬁqgg%r The

sidéchdiscinfofremitoryiswent anentherteceafEdititsates RisuitdiMeapraeticarh baving

i@%ﬁ{ﬂﬁﬁét@}i%&i@%‘aﬁ&ﬁa %@ﬁlﬁ@ﬁﬁ@t é@ﬁ%@@ﬁiﬁgi‘e%@m)ﬁy, to in-phase and
quadrature components. Contiguous transform bins may be grouped into subbands
approximating critical bandwidths of the buman ear, and most sidechain information
produced by the encoder, as will be described., may be calculated and transmutted on a per-
subband basis in order to minimize processing resources and to reduce the bitrate. Multiple
successive time-domain bilocks may be grouped into frames, with individual block values
averaged or otherwise combined or accumulated across each frame, to minimize the sidechain
data rate. In examples described herein, each filterbank is implemented by an FFT,

contiguous transform bins are grouped into subbands, blocks are grouped into frames and

sidechain data is sent on a once per-frame basis. Alternatively, sidechain data may be sent on
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5 fixed length frames of about 32 milliseconds when a 48 kHz sampling
rate is employed, each frame having six blocks at intervals of about 5.3
milliseconds each (employing, for example, blocks having a duration of
about 10.6 milliseconds with a 50% overlap). However, neither such
timings nor the employment of fixed tehgth frames nor their division into a
fixed number of blocks is critical to practicing aspects of the invention
provided that information described 10 herein as being sent on a

Pelcfeame basisis sent Resiess drasuendy than alueut everidpie, FIG. 3 and its

milliseconds. Frames may be of arbitrary size and their size may.var .
RIS AP D O TR TR e SRRt (e ey a whie
sijstémircitéchabioweis sast withtthatquirdétsteatding that reference is made

nerein 10,15 eesr';lﬁﬂ) | B SendR BIAGHIER 1N EQBROSIGNANG: oy employ
multichannel signal(s), or the composite mono or 15 multichannel

Sixpvalenythrftaiscrbtb i draglisrepdhaher st ikl rpabes méefiremployed, each
EXAORISRY ax Resoapiualeosiebas drscribad DeIQWs Hais GeRyenisnt 8r example,

employ the same frame and block cgnfiguration as employed in the

BTN E SdF2RABIIGREN it SHeTe RS RRAPIBYE YaHALIS BBk HaHE: metther
suahtthat dhese ds drafiimetotiined Rewitchingsiromanedbletilengthiiged number

. gggjgg({% %évﬂ(‘)#g Qaﬁp%% ;g%prlgsé@{e%é}%ﬁ{ @%&eﬁ%ggge%raggg t%ija l1r111 oyf‘r@%}%ndescﬁbed

erei IS update en suc switch occurs. In
Grdlein tos nimignize the: imcréase ndatasovexhzas ftgoenthetugdating ofry 40

%h%&'é‘&iﬁd@f u L%a?t%%'aﬁo ENGEPHRHGHR 2 SWIGH H}gxgmicauy. Variabie

equency resolution of the updated sidechain information may'be
rddeicénstions SEemaiarceramphe ofa SRTPified eomRstul b Mgah #ation

QfRins AlachsubhandnRlonshadverisal freduaReyxisiaid blocks and a
frame along a (harizontal) time axis. When 25 bins are divided into

subbantisHE Epp rBkiTHERS EMMS B e PoRe StERaL e RCiP S GBBRAYE more o
have therfevesidinstd. giscane ) @nd-thecnomivencfibins percgabbaridr example by a
increase with increasing frequency. Returning to FIG. 1.8 . .
T
prodysediby thenszohedhatinaty vespactivisFikéerranke (FilerbegisRplas 4anable

in;this | 3QExamR gl AR SN med {agathek ¢ dOWHIINRIELER SENRRAPRABIE w©

("mono”) composite audio signal by an additive combining function or _
o‘é\ﬂ@@HA‘dﬂ‘m&‘@Sﬁ%Bﬁ’i’&'lf@B—%@f?ﬂ%ﬁaBWH?rﬁ&GF@‘?ﬁaV@ét%ﬁﬁeﬁ fl5¥fePed herein
eRtireifreguans:kandwidth ofithe iopyt andidsignalsiarcpEonaty:st maya

be limited to fr %ue cies above a giv.e? "coupling" frt quency, inﬂaspu&lga switch
LEHHTATEBF the WO IR BrERe 88 TS BEEING Thore Riidipre at " " S+
nt?]iﬂcﬂeqmeimwrésemuem oiﬁga hpgerehi sjasésa,imhgfohamﬁmismabebed@oeWeyed

d |scretepf(9%1 %ﬂ/owseaggg%'fﬁ% %ff Ees%ﬁﬂ%amh%%ﬁﬁ?&%ﬁfﬂﬁ% 9%{5@%% subbands

even if procéssing artifacts'are not an issue, in _ _ ‘
along a (vertical) frequency axis and blocks and a frame along a (horizontal) time axis. When

bins are divided into subbands that approximate critical bands, the lowest frequency subbands
have the fewest bins (e.g., one) and the number of bins per subband increase with increasing
frequency.

Returning to FIG. 1, a frequency-domain version of each of the n time-domain mput
channels, produced by the each channel’s respective Filterbank (Filterbanks 2 and 4 in this
example) are summed together (“downmixed”) to a monophonic (“mono”) composite audio

signal by an additive combining function or device “Additive Combiner” 6.
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mid/low frequency subbands constructed by grouping transform bins into
critical-band-like subbands (size roughly proportional to frequency) tend

to have a small number of transform bins at low frequencies (one bin at

very low frequencies) and may be directly coded with as few or fewer bits

than is required to send a downmixeelémono audio signal with sidechain

10 information. A coupling or transition frequency as low as 4 kHz, 2300

Hz, 1000 Hz, or even the bottom of the frequency band of the audio
signalgapplieddoxihe eacodespiraydnc aaaeptade-for sande Applicationgnt audio
$articularl those in Whicg a}.verg/ low,bitrate.is irggortan.t. Other line” frequency
et fei “ﬂﬁ?if%r%%% 5 UERHEH BalSr RS SetvEas Dt ingg Bhge reauency:
listenehaccepifance! thhérehoicenf mqast codarbeouplimepfregddncyisaniiie to low
ilisalde g inyention. e coupling L leguency mavbe vadabia et lfing
variab e, it may depend, for example, directly of indirectly ‘on input signal
Brarentsri it BEEY B WA AThiRBLCIE TS BRjseETRS HelBTE SEhEMhvB ALY, 1 that
I improvethe.shanhglss Rhass-AaWe Alapmentsvisra-Kisaae Lathar.umhd-like
order to reduce the cancellation of out-of- phase signal components when

PHBRERd M8 RS RIS PSR WAL R TSRO TSR cR HBHoPapoer o transforn
sompasiterehaaneks This thay beratoomplishetby.eonimgllabdyrshiftingled with as
ver tiEne the "g%solute an%!n%" of some or all o&tigentgaair} ;‘grsgnmt%'nv%ij[g ones .
g"af“fh'oeI channdis: Eorexample, alt of 1 :ﬁ%‘ﬁlﬁ%rm%ms repreSenting audio
atfoweatigouplingfiegue treysithusidefiong z regusehdihantldliniéiistiz, or even
mexhe sonpl sl shiled AR ne RS NRGRSAANLIN NS Bhlianaeh .

en one channelis used as a reference, in all but the reference channel.
25 THEDaBEIReS ARBisatTS: BRAAY Dethare H A8 iRk gl OF fpigate is mmportant.

nagnitde-andsanglerseRreseriation afeacheemplexyalied diansiermeeptance.
bin produced by a filterbank, Cantrollable shifting of the absolute angles ..
IMBIFRCIfEP ERARTIEHHET SEND RSP BY AR AN otk AT CRSTISF deficsopine
(RaiatevAngled vRofstedAh gle Sipsbcesses thesnd!fut ofkifferbiarki® priowirectly
tonitg1 ap llicaati: nrgo tek}:]est%gwnmix summation provided by Additive

Eom mergg, white ﬁofafe“Angle 30 10 processes the output of Filterbank

4 prior Beftscapplivationgdthaneditive ConrbisenGr eI e iappraereehannels’
thatHnder some signal Gonditien3yne, ANGIBSOIRHOR WA BenreAMKE IR u:-of-

a particular transform bin over a time period (the time period of a frame,
iRfxa Pl aEEORBEY When e AR Eeieh ORI G @R Theroved mone
channgldnigrmation may.beencoded discistebh{oniisheniniin Gl thhelthe
principle, an improvement in chanpels' phase angle. alignments with

AR RO bUAGE e B0 SEAAPALTER iy A (e BIRGSA of Bugrgre

TIT1E,
C shifting the phase of every

transfaran dhinnobsubisandcinn Sathitoregative ofiis:absolee pHhsedngleg in

e@g&g{gg} %&Q %lfqglt %Jets{hx%a{}rf%g%%Q&lea%ﬁdsmﬁed over time, as necessary, i every

channel or, when one channel is used as a reference, 1n all but the reference channel.

The “absolute angle” of a bin may be taken as the angle of the magnirde-and-angle
representation of each complex valued transform bin produced by a filterbank. Controilabie
shifting of the absolute angles of bins in a channel s performed by an angle rotation function
or device (“Rotate Angle™). Rotate Angle 8 processes the output of Filterbank 2 prior to its
application to the downmix summation provided by Additive Combiner 6, while Rotate Angle
10 processes the output of Filterbank 4 prior to its application to the Additive Combiner 6. It
will be appreciated that, under some signal conditions, no angle rotation may be required for a

particular transform bin over a time period (the time period of a frame, in examples described
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interest. Although this substantially avoids cancellation of out-of-phase

signal components, it tends to cause artifacts that may be audible,

particularly if the resulting mono composite signal is listened to in

isolation. Thus, it is desirable to employ the principle of "least treatment”

by shifting the absolute angles of bins7n a channel only as much as

necessary to 10 minimize out-of-phase cancellation in the downmix

process and minimize spatial image collapse of the multichannel signals

eeanstituied by thagleeaienhechhiotrsforidaiermiomgasuchmome discretely
nrg)lg‘t%a&% gn b1 d below. Such techniques include time and frequency
moothing an manner in which the signal processing responds to the

prese ﬁﬁ@mmlﬂmm@toiﬁrﬁn@ﬂgghmghmhmmasm]alsbgiaeapeﬁmm @ckpect to

O AREL R ARSISIEROPRASK 10, JHUBRUICL ADLSRARBE or subband by

out-of- p asé cancellation of I1so ted”blns as describeéd. further below.

I&%@%&%é@éﬁbéésm\aﬂq@w@lév&keﬁ%F@y%ﬂﬁat@aﬂghﬁﬁﬁaéﬁé@@lﬁ@w band of
Redfarmadion Bel subhandibasisdnihedacadsrhie & Watin®mponents, it

ener y of the mono composite signal equals the sums of the energies of
%?ﬁ%t%f%ﬁéﬂﬁél@%@@&&? IR CRATR FHEE KA S aRakRposite

ﬁm&mmxgu"eﬁi@ytsen( iéidiorAmalyzer ) assosiatedmpibsitionhgeaeratingdhe

|nf%f atl f% tﬁa\t chapnel %nd for c ntrol!m{% the a moun nt or

&9 ree of an e%%a o applied to the channélbefore | gapp}ledatonﬁ%:esgaWto

dewmmmosuﬁmhm&crﬁenleterﬁarﬂowmﬁputgromh andeisimand waire image
@&@cﬂﬁg & tﬁ@%t%@l%&%@%&ﬁsﬂ%@ %@é@é@%@ r?%&ﬁﬁ&%f@sbfor determining

Audio Analyzer 12 generates the 25 sidechain information for channel 1

A ﬂ%iaﬁ%%mréf%ﬁ%@%hamo%ﬁéﬁ%mﬁﬁ rlféﬁ&dmmménAﬁwu
gpasiaies:HiaiRideahrRiNINIMAton $aRIGHaRNGHT ARGHNE MU QInce of a

angle rotation for channel n. It will be understood that such references
&Psifito - ‘angle” refer to phase angle. The sidechain information for each
chann@w&ﬁﬁ@aﬂaﬂamglaﬂbémfcﬁ@namha 3@r€rhabmi malye encoder fo

I%%wc%ef'ﬁgﬂeéa 9 lrltl%z%lem%%a{l)%tlz a g: de SFI é)l ed [3)1 r%le C e[s]{tn[l%led further
arameter, -g ecorrélatlon CtOf ecorre atlon

Peémsi ehtsmagd%n@b@étf@ﬁhﬂrww mr@rgb rextioke Eragosueh %ﬁ@é@hmﬁormed ona
ptocmation ¥nay BeGBALRCHRNZ8D A ShAlRLRAANCISNS n{BQ&C@J%M}%QJte signal

Spatial 5 properties of the channels and/or |nd|cat:ve of signal

AR ECTIRS thH T8 T aldbafpaibuting channels.

Each input channel has an audioc analyzer function or device (*Audic Analyzer”)
associated with it for generating the sidechain information for that channel and for controlling
the amount or degree of angle rotation applied to the channel before it is applied to the
downmix summation 6. The Filterbank outputs of channels | and n are applied to Audio
Analyzer 12 and to Audio Analyzer 14, respectively. Audio Analyzer 12 generates the
sidechain information for channel 1 and the amount of phase angle rotation for channel 1.
Audio Analyzer 14 generates the sidechain information for channel n and the amount of angle
rotanon for channel n. It will be understood that such references herein to “angle” refer to
phase angle.

The sidechain information for each channel generated by an audio analyzer for each
channel may include:

an Amplitude Scale Factor (“Amplitude SF™),
an Angie Contro} Parameter,
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spatial processing, such as transients. In each case, the sidechain
information applies to a single subband (except for the Transient Flag and
the Interpolation Flag, each of which apply to all subbands within a
channel) and may be updated once per frame, as in the examples
described below, or upon the occurrefice of a block switch in a related

‘coder. Further details 10 of the various spatial parameters are set forth

below. The angle rotation for a particular channel in the encoder may be
taken as thegniasiteegivarsedeAngle CoritohBatamerey,that forms part of
the sidechain informaltﬁn If a, reference channel is employed, that
channel may 7 notTe require §na,l&ud|o Analyzer or, alternatively, may require
an Audio Anafyizeriiyatigbrnerstet@medmplitude Scale Factor 15

%qu% gﬁ}}ﬂf?ﬂfgﬁﬂ%ﬂ %ﬁﬂ% %9&?%@!&935%95{1%%@}3%9 §ﬁ§!§cwe of spatial

actor If that scale factor can be deduced with sufficient accuracy b

riepoter Hohe heTRAOIRANE SeisRs ARSI rifEs I %6WP§‘F§Y&W€81WM o
%!31 Msis pessible dondraucanindhecdecasies thenapprasimaion vl 0b
e

reference channel's Amplitude F;Scale Factar if th%aene%qg b of which anp
B AN TECET b AeT AL FALCLHA e B FAAYBr e ef6l of which apoly
ahanmﬂ&m&humm stubhehdisthstanti aﬂmmﬂ& seuiipertoak, imghe examples

descrod below. e fedueed.aprexinale (eietence channal AP seui

cale Factor va may ave errors as a result O ere atlvely coarse
qUdntizationspfitahmpltogescates thirshsbaiewitingd @nﬁiagéaswmécrrﬁwwular

E%%HQHE%%H%@O%L%Q&%M%%}&%{ '@e@é@éﬁ%@lé@@mro | Parameter that

environment, such artifacts may be more acceptable than using the bits
foresmatfe ?ﬁé@?@@%h‘éﬁ%@i’g%mphtude Scale Factor. Nevertheless, in

some qases@onituanhE desitabledoemeeymaneiidioasalyzenfanthe Analyzer
reference channel that gene I%ﬁ Qw%‘ east, Am Iltudte Sc IeAFaTtglrdo ale Factor
e R S A S BB tiORRl HRtTES

npu
eachnaldic@analyzer fromdhe:R@Hy timedomaimirpuddGthle Bedio lf that scale

gﬂa zer mutclﬂ% Cch%nn | T l%lefﬁ?géﬁﬂ?ﬁﬁﬁ UGS g&}%&ﬁ‘k@%ﬂ%@fc‘;ﬁv Factors

&tect a transient over a time perio e perio ock or frame, in the
30 irathplewtestrited. sbrentsalditoerbrdeedadiantidhn fisarsatohyerproximate

aaned '@heTl@&%i?c@tclﬁllﬁgﬂ) dn\ FeSRARssdoaransiente &k@ﬂﬂ'eﬁbfﬁlm;%m in the

described below in the comments to Step -9- 408 of FIG. 4, a transient |
U5 B SR e e SRS O T N L 26 PR AR antialy sum
Apadyzey needxatsecedieva limeddamainippetiniie Iﬂfamﬁoecmﬂ’fmslt&mphmde

d'o nal the dechaln mforma r all the channels. (or. aII
ycﬁf\fhe?%%& %e%? fﬁ@'re Erence ¢ aaﬁﬁse& Pr?agg e{sgtlafreéd “transmitted, o o r Otj
sionsichandeBetfansmitted Hoga decatitig iy orssrerdénice m@@@éﬁ@l@rﬁ) audio.

Regliminacy, 19 ihe;storage, transmissian, orpkage fad HARSISSN. e, using
various dudio signals and various sidechain
the bits to send the reference channel’s Ampilitude Scale Factor. Nevertheless, in some cases

it may be desirable to employ an audio analyzer for the reference channel that generates, at
least, Amplitude Scale Factor sidechain mformation.

FIG. 1 shows in a dashed line an optional input to each audio analyzer from the PCM
time domain input to the audio analyzer in the channel. This input may be used by the Audio
Analyzer to detect a transient over a time period {the period of a block or frame, in the
examples described herein) and to generate a transient indicator (e.g., a one-bit “Transient

Flag”) in response to a transient. Alternatively, as described below in the comments to Step



Lh

10

-2
Ly

36

information may be multiplexed and packed into one or more bitstreams
suitable for the storage, transmission or storage and transmission
medium or media. The mono composite audio may be applied to a
data-rate reducing encoding process or device such as, for example, 10 a
perceptual encoder or to a perceptual®encoder and an entropy coder (e.g.,

-arithmetic or Huffman coder) (sometimes referred to as a "lossless"

coder) prior to storage, transmission, or storage and transmission. Also,

A mertinned @hewe: e mosacampositeagoiaanbrelatad videchaithe Audio
information may be derived from multiple input channels only for audio
AR OB MBS AR ?énofﬁ%%?é% {a "coupling" frequency). In that

case, fhie audiodreguenciesibelgns 15 dteccodpiing fisquentoyni foealt thothannets
(0T BIENRNL S0ADREISRIRN RERARRSH HANSIURS A MRHRY L Bilstored and

ransmitted as ISC}‘ annels OI; may pe COII] ne .0[’ processed n
wersaitidinerdesibngmarces dederibed Reveisr SubrebBargetp the storage,

pihenusercempingd shapnelsman alsoRscapplied i fdaldiresicingdechain

encoding process or device such as, for example, a perceptual er%fgéjéeog_ the

Brerpatas fan P Mg HBIC A HPRA RATSh P QRS PP RS b THI
aueigeanshthes20iscieterauitichasnelsaudiccinay aflhelapiedtomtomposite
integrated perceptual encoding or perceptual and entropy encodi
PR LS i B o K WA S o e e e
caiechimieceneodsr bitstrermismotioraichinethonnvention.4f desiredic or

%ﬂ&fﬁﬂ%%@@)'@%@ %M@@ QR ielgsé-féscsu %&?}‘ﬂﬁ%r%&@@ge, transmission, or

itstream Is compatible with legacy decoders (i.e., the bitstrearn is 25
beskavardsTeaTpaible ) Nty BERESGabAYHg e TTORUBTAR S are kA g elated

ERESXAMBIS AR ERGRARES e NRkA e adYISHeRmMRaMIAg siyset0tibdquencies
bits that are ignored by the decoder. An ex%mgle of such an arrar%]gement

2098 RO BT ORI Stte S BRISS SBBFEIE B P8 Frontiee'a TR below
"RAddinglRatatpaSamprassethOataibramest Oetobirmig; 2004reSuahshitged or

may be replaced wijth the sidechain information. Another ex le ist at..
D BTN T B B B B LRt g e macmes
encodbrisayitsterine haltarn &tiobIgisthaesid edkrainsaformzton e may also be

ks)r%gﬁgd% ransmitied.sepamialfromihe sddcbagkwards-compatiblecrceprmal

tream by any technique that permits the transmission or storage of

SHERPTEFBIFGARAIB Y it 2GR GRIEPS S Ritst B ari CBIARAEBR O audio and the

legpeydacedeianBasiGoiNend LMbecaterRefersiagiotGdaatectes:
function ?r gé%\‘{ice "Deco%er'g}embodgép%.aspects of 5 the present
iMETRBR &P SHEWRD THE Hiylre IS AR 8XAMPIE of a function or structure that

performehagathasicdecadér embodyirgaspectsefithesinvertion i@tteoder

f%gggor}glig o gm%%%dr?cs %'ér%%%ﬁ{beaf“ff H&%QJ%%%%@&P&EH%%%OH may be carried

invention may be employed, including
in such as way that the bitstream is compatibie with legacy decoders (i.¢., the bitstream is
backwards-compatible). Many suitable techniques for doing so are known. For exampie,
many encoders generate a bitstream having unused or null bits that are ignored by the
decoder. An example of such an arrangement is set forth in United States Patent 6,807,528
Bi of Truman et al, entitied “Adding Data 1o a Compressad Data Frame.” October 19, 2004.
Such bits may be replaced with the sidechain information. Another example 1s that the

sidechain information may be steganographically encoded in the encoder’s bitstream.

Alternatively, the sidechain information may be stored or transmitted separately from the
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alternative and/or equivalent functional or structural arrangements
described below. The Decoder receives the mono composite audio signal
and the sidechain information 10 for all the channels or all the channels
except the reference channel. If necessary, the composite audio signal
and related sidechain information is-démultiplexed, unpacked and/or
decoded. Decoding may employ a table lookup. The goal is to derive from
the mono composite audio channels a plurality of individual audio
whanarls appraximpatingses peclivecones:efithepatitin tharumelsiappliedstorage of
ihe Encader of £IG: dubiect o bltrateeducing L3 4chnioes ofdhe aer,
présen RYSHEBR AT B 4ReRBEd herein. OF co%rse, one mgy ¢hoose
not to recover all of the charhels apptied to\Hécerdder or to use only the

monophenic campesite §@3@&?‘&%&%"&%@9%'@%5Sﬁfﬂq@m&g‘ﬁ@%épecm of

ones appliedto the Encoder may be derived from the output of a Decoder
BEGBPEAGRYALHB S UV BreSBHE iMVBITIGITBY ShipleRARG o BF the!
yventions described e tamnationan2edrnlication e T Mig-PRIRAAHA! or

filed Fepruary 7, 2002, published Au%;ust %5, 2002, desianatin the Unitleg. .
B R PATAY DS Hattaar e SaH SN oM T LY g veine
Augusts,a2003 candairinfeinidianal ApplicalianAEHB0R/4HE0 biled.

August.6, 2003, published March 4, 2001 as WO . o :
oo T et i AR AR A Bucshaig formarion
SiNli105220B85 ol tBanbemye ke xa0shORrnpreds dBTRtoEPsEcEpE - the

Pecosier practicing aspecis:af the pigsentinyantion ae.n Eié%&é'&rbﬁ(f&@cg&' and/or
an

in connection with the channel multiplication techniques of the cite

RRCORsBrdtEeP EppatioRI tHAPHh L PKEBy drsEeran RASHET BRI fgyrone
H%Mﬁk%%ﬁ%ﬂ@ﬁﬁ@l@ﬂ?@'ﬂ%i%ﬁtm&ﬁhm Aul alspvespsefuinating respective
interchanne se relationships. Another alt tiye for channel .

R A B AL e RESRE: 6 oo SR dn A AR
Téw;ﬁ@;'gatefdlr@psmeimmnpﬁmﬁde-ﬂamdrpkiaseibwbermtion aspects of the

presenbl Verl]éleogn@?‘nlg% %%OSBUIEBH\FOCJEQ%T 'élpéﬁ%%ec%?ﬂx%? Eﬁgﬁg&/ W%he encoder or

aspects of the present invention particularly suitable for application to an
amptitode-tama pleabensereiivasin Atepet et BaBRtVRI BRI it fAgditipn to the ones
decnders empley i Aeband corirel sirevitsdhat operale propeuysayo aspects of
W

ien the signals applied to them are stereq throughout the signals’

BBRERTIEEh PFRDOH TH S RRISSES BPGE HrbsdRY sAVERSH AR Mo BHHEg Anal
anpblibabbgystammonhist N 562, tberiae Charmielubiateueteguby!the002,

decoder. may be applied to a 2:M active matrix decoder. Such channels, - , ;-
RGN GRS SRENA S KTy & CoURTy PLIENL: Ra 0367215
rigntionadch 3063 Mahyr Suitaieosativepiratrn ®SCOHERS & We iledotmeunt ©.

theeart, ingliding., for example. Watodeaedsss kaoNnASHPIkA0G:@Ndnd its
"Pro Logic 1" decoders ("Pro Lo%{c" is a trademark of D(ﬂbzy
resulting U.S. national appiication SN, 10/522.515, filed January 77, 2005. Channels

recovered by a Decoder practicing aspects of the present invention are particularly useful in
connection with the channel multiplication technigues of the cited and incorporated
applications in that the recovered channels not only have useful interchannel amplitude
relationships but also have useful interchannel phase relationships. Another alternative for
channel muitiplication is to employ a matrix decoder to derive additional channels. The
interchannel amplitude- and phase-preservation aspects of the present invention make the
output channels of a decoder embodying aspects of the present invention particularly sultable

for application to an amplitude- and phase-sensitive matrix decoder. Many such matrix
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Laboratories Licensing Corporation). Aspects of Pro Logic decoders are
disclosed in U.S. Patents 4,799,260 and 4,941,177. Aspects of Pro Logic
Il decoders are disclosed in pending 10 U.S. Patent Application S.N.
09/532,711 of Fosgate, entitled "Method for Deriving at Least Three
Audio Signals from Two Input Audio-Signals,” filed March 22, 2000 and
published as WO 01/41504 on June 7, 2001, and in pending U.S. Patent
Application S.N. 10/362,786 of Fosgate et al, entitled "Method for

&@W@té@ﬁ%&ummem&emﬂgthitlageﬁa@maﬁyr%ngwﬁean@b signals

blished US 2004/0125960 Al J 2 t th
RO GRSy BIG HEOBH 0 BRY GHRCH HiodBrs 3 S EpRrieE e
fossexampla;on papeis dicdi lalahel\ohmh@mibyz kathdrafosigsthwebsitbannels
e SL% 5@20@@%%%3”0 9 R0 LO0IG R LIREPIESA channcls may

pera oger Dressie Fan |X|ng with y Pro Logic Il
mwmmto@ycrw gienpils baloGthepunlitebie aave. ettty tayany sultablc

inGluds those. descriheddn onganmereefihealiowing s, Palems atdders

ublished International 20 Applications (each deS| nating the United
atasy s Be g8 517 4 1rer 8UA0943IS 5B G Gl GRGTmark of Dolby

DR BHY; Did4ARiR8 Cobrdratichld ,A@ﬁébW@ PRl l%éﬁﬁdd@@f&l’sr g égawrdo in U.S

1G. 2, t d it h lied to
BT AR Mo iR e OB dhaeoy SBer o rgesed i pending
ecoverad Appliiplecaltiio. @Haknels i’ desired. caaghichacthed derivimyipath Least
gﬁludgﬁdln ﬁr#a%s @Sr T30 A IJM{QS} %{’nﬁgﬂys?ﬁ&if}dﬁ?&ﬁ)%oﬁﬁﬁy 168 published as

djust Am and an ahgle rotation function or device ("Rotate

AVQIBHF I srouse At B gy gaiRs o F S Sses R B PAGY, 10/362.786 of

GQJRAsite signakaothahodRde s RHAR SoRLCORIIoNStiginelative) February 23,
pé)ut magnitudes (or ener |es) of the r%ﬁ)ut channels derived from it are

SRR FUNHIS Hhe LAY e WHoouEREgopeet o h operatcr
Alﬁ@'@@ﬂ?&&ﬁ@d@ﬁ@?fﬁaﬁbsﬂg Mal eengkitiarsswhansdaiit eraizett, anglsers available

im osed as nex descrl d acgont@glablgu mou(p}gm Logic Decoder

var
I%%E%‘l gofagﬁ{pﬂu e varlaho Wéi - if aIP 0 bé |m ose
émpdmnldeaﬁmmmvé red Rhmd@mlmo@dtmgwthm%&@éw i

with &%Qﬁgtb?}ﬂmﬁﬁ%e%ﬂﬁép&E?a%%v&r@@‘iﬂézﬂwécoﬁ'aﬁ ROEIRARIIESs.

app ph&se rotations so that, under certain signal conditions, the relative

p#a@rebawé%wﬁ@wﬁ&teé?&ﬁmg HetiRadersmtherisher darpadne:!

cacgl%ré @%@H@%&%&ﬁﬁe ottheichannels atam@agﬁm @Mha@mfm.
Pretera y,.unaer certain n IOI‘IS a cantro 0
Ehh g Rt vtk el ety
recoveerfﬁhag rehin ordEl. D, inprave S decometgticiamttivespectite appiied to a

Terﬁ’@% spggg?%ar NEhGY q] e peeégl}saactlve one of each of the recovered multiple audio

channels is derived. Each channel-deriving path includes, in either order, an amplitude
adjusting function or device (“Adjust Amplitude”) and an angle rotation function or device
(“Rotate Angle™).

The Adjust Amplitudes apply gains or losses to the mono composite signal so that,
under certain signal conditions, the relative output magnitudes (or energies) of the output
chamnels derived from it are similar to those of the channels at the input of the encoder.
Alternatively, under certain signal conditions when “randomized” angle vanations are

imposed, as next described, a controltable amount of “randomized” amplitude variations may
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As discussed further below, "randomized" angle amplitude variations may
include not 10 only pseudo-random and truly random variations, but also
deterministically-generated variations that have the effect of reducing
cross-correlation between channels. This is discussed further below in
the Comments to Sten 505 of FIG. 5AZC€onceptually, the Adjust Amplitude
and Rotate Angle for a particular channel scale the mono composite
audio DFT coefficients to yield reconstructed transform bin values for 15

ihe shanpebdhedisstAmplifudedareacthehannebriaybinpantedtiedadrrsiation
least by the recovered sidechain A&n@éitude Scale Factor for the particular
‘Eﬁgﬁﬁggf’ffrﬂﬁ@%%ﬁ@ P FYEIEh e Wi hnel, either from the
recoveredisidechairicAapplituideScalaibactortior. thelreference ghdnmalitoms, the
from an.Amplitude Scale Fact r | '

P R e e

Aindlenativielys o6 bpkbareldathiednmionichesacreeoVeicereninmeer ¢rdain signal
AslikstAmplitude may Alsehe coatiliad fy adfzandemizadisAPIRulged on the

Scale Factor Parameter derived from the-recovered sidechain
ERELO P BT SRS 18OFIF D HPRERTAr S NEF BHEP R GRS iy Other ones
sidgehaip - Irangigntcklag for the particular channel. 25 The Rotate Angle

for each channel may be controlled. at least by the recovered. sidechain
Anle QoA BT RBtap (A n A LALS i FOLAIET K R Heaugylode o
ndy pstiistantially anddo: theaangke voiation providkedibythe Reselie-2agleths

tha%a %%Eﬂ%{t) h;—\% )EEQI Qﬂ@&%P‘%‘&%Eﬁﬁ?&%@g%@&i&&%&%%'aﬁﬁ{h%h% &his is

otate e may also be controlled by a Randomized Angie Control

Piseapsetdndenveefdniin e vespveict Sitéhant Détortelation 30 Scale
Factor fof,a.pRisuiat ehannelapgihe secavriroisislechaln Tansie 0EAg scale

for the particular channel._;l'he Randomized Angle Contrgl Parameter for .
APEIRRTHETOIRES T BINSIG ot AR RE Bt AT e SRR PRI oS 1

arehariel]. may be derived from the -13- recovered Decorrelation Scale

Factor for the.channel. and the recovered Transient El or th |

=S o ] sk g Sd
iy 2 coNTANGITR S OGS Ar i o et PRy BV B Rbover
Beconetator)itRieferaind totthdaatormpiaiof & Geppeher racbyerad phdig eference

%%%9?'5%9%‘8{1@%@89&% %gggﬁeﬁﬂ%ﬂﬂiﬁﬂg IQLRCOVERY RAR 22 crence channel

ich derives the channel 1 audio, and to a second 5 channel audio _
recBoBrypATPEBdR A FERRE SRR AR I ARRAETAHLRIG Path SZplitude Seale
inglige s ran AgisishAmplitkee-26n aRalatednale 28, andiirAGdMweiiaoh of the
5SSt n e Moo et o e (nyrss e
AnglsiiBdic dneleif acBCMroutpert dsidedifiecn ancinversesd sidechain Decorrelation Scale
Factor for a particular channel and the recovered sidechain Transient Flag for the particular
chammnel.

The Rotate Angle for each channel may be controtled at least by the recovered
sidechain Angle Control Parameter (in which case, the Rotate Angle in the decoder may
substantially undo the angle rotation provided by the Rotate Angle in the encoder). To
enhance decorrelation of the recovered channels, a Rotate Angle may also be controlied by a
Randomized Angle Control Parameter derived from the recovered sidechain Decorrelation
Scale Factor for a particutar channel and the recovered sidechain Transient Flag for the
particular channel. The Randomized Angle Control Parameter for a channel, and, if

employed, the Randomized Amplitude Scale Factor for a channel, may be derived from the
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filterbank function or device ("Inverse Filterbank") 36. As with the case of

FIG. 1, only two 10 channels are shown for simplicity in presentation, it

being understood that there may be more than two channels. The

recovered sidechain information for the first channel, channel 1, may

include an Amplitude Scale Factor, artBAngle Control Parameter, a
Decorrelation Scale Factor, a Transient Flag, and, optionally, an

Interpolation Flag, as stated above in connection with the 15 description of
ahasicEneadaiadhestimptiivde iSeale hastel isapplistbie AdiNshsient Flag for the
Amplitude 26. If the optional Interpolation Flag is emplo i%‘ ap optional
SRR, BT PO HAE FbCTOR oh r RIS ey B
employeadcifiof dethioetierpo Eeithe AhglecSentiohParamnstesiacrods is applied to
g 19&%%?\% g?'agidig'cgggse%?%a% 2 '”w%?%hd%%-{?/g aﬁlge' g&%&h@n@(ﬁ% a‘%HcEQ a second
Interpofation may be, tor examplé, a'linear mtserpotfatlon of the bin angles
betweéauttie temers ROhGHeabirBdbbandhT kbaotelaohthe dhelipipath 22 includes

Interpelation Filag. selects wheier.ornot dnte petationaeross freaueneyds.

employed, as is explained further below. The Transient Flag and .
Beebreidtes Starseiaorarerspplia a CohttmDRE bt G apcludes an
thahgensrsiesia: Randemizad b nglenfeomtiatEXrameales intespans@verse
thereto. The state of the onpe-bit Transient Elag selects one of tw ltiple
R e oo et o MRS R TPy
helaw:d he Mogle Cosntipli Barametermwinchimanberintenpotated Geross:y be more

f eg;éenc if thle Interpolation Flag and the Interpolator are employed, and
tp?e aﬁ%&nﬁ%a Angle Control Parameter are summed together by an

additive bombirencésicorhbininé fontns i thin ford ehaengdrevdaech copprgpciude an
signal for.Retate Angle, 28, Alternatiyely-the:Contseliable, Recorielatan 38,

may also generate a Randomized Amplitude Scale Factor in response to
thEmYAPSeHt Rt SOl DELSHERRIBeS E18 EASRIFdiAPAtRigiBecton with the
aRBesating & Rendomized-Anglecantrelc Basarmetes: Fhgphisankituda:Scaleplitude
Factor may be summed together with such .a Randomijzed -14- Amplitude

i BB o B o P S iR TG TS (s By
dtdarpd]atpr@m’nde’othé”_cmtmihs_ig halfforaghies Adjustyainplitddet2 GriSimikielfhe Angle
r%}% WOl %{9&%@ %%é@@égﬁ%ﬂ?@ (];OJ; EQ@%&%@%&Q%‘% Mﬂgl(ﬂ} o B@¥nel). Such

also include an Amplitude’Scale Factor, an Angle Control Parameter, a
DecapriditiomSchie B Faale.a TrapsiBistolag oand thsptibaagips Arveen the centers

Iterpelatsiziag, A descibed shove ingoonestianavith dhe deseEption.of
a basic_encoder. The Amplitude Scale Factor is applied to ust

: I Adjust__ -
ARTBRAE 3SR SERHEY EPBUTARSr B RSRUORGto RO The Treasiont Flag
(‘dnterpalatart)sa3 cnay e emplpyadinardentmintesindater thacARgldat generates a
C}%’] tr%&e%%am%%%r&%%&%gr% %?e@c 'rfés m"z‘é'éth@éazn.” eklhl ’Sgi]t% (S)%%tl% gxﬁét?)% Transient
one-pit Interpolation Flag selects wne r or not interpolation

Flag selects one of two multiple modes of randomized angle decorrelation, as 1s explained

further below. The Angte Control Parameter, which may be interpolated across frequency 1f

the Interpolation Flag and the Interpolator are employed, and the Randomized Angle Control

Parameter are summed together by an additive combiner or combining function 40 n order to

provide a control signa! for Rotate Angle 28. Alternatively, the Controilable Decorrelator 38

may also generate a Randomized Amplitude Scale Factor in response to the Transient Flag

and Decorrelation Scale Factor, in addition to generating a Randomized Angle Contro!

Parameter. The Amplitude Scale Factor may be summed together with such a2 Randomized
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10 across frequency is employed. The Transient Flag and Decorrelation
Scale Factor are applied to a Controllable Decorrelator 42 that generates
a Randomized Angle Control Parameter in response thereto. As with
channel 1, the state of the one-bit Transient Flag selects one of two
multiple modes of randomized angle deeorrelation, as is explained further
below. The Angle Control. Parameter and the Randomized Angle Control
Parameter are summed together by an 15 additive combiner or combining

Mﬂﬁiﬁ@%ﬂk@&%ﬂ%@y&éﬁ;%&h&%%bf@&ﬁ%ﬁ?ﬁ@mﬁa@ l@34hown) in order

Alternatively, as described above.in connection with channel 1, the

SRS SBEO VR IP YT Sl<oTRIMEIS 1 a Randomized Amplitude
Scale Fasliertin respenseitedie: TransieiirHagiand eadohrelatiocthSoalen, may
Factor | addijtio e ng a Randomized Angle ControlParam .
ﬁlﬁo udé @%m%ac ({;?%lnd) hang\gmgéégn& Opplﬁﬁgle §CaI§P ac %lft i%{"‘ Seale
Fraay)be §m1mwdﬁkage&he,rdw<aﬁladdm@@@ﬂﬁbmﬂﬁ@ra@mbﬁﬁn@ FoRiEion

QB%%%W%EHH%%E&M&?\S%% coRHgl sigpalioy é)m@dé‘gﬁéﬁ AmpHt quhed to

32 Although a process or topology as just described is useful for

ige EssAriiiRPIRG SETRS FAQUNGIATY Bu St (vitperpolator™) 33

%WB@EM%@Q@@Qﬁ%?&:@HQ@&&QQ%WWIM@zﬁ@ﬂi@e@&@%@ﬂ@ﬁzquencv As
results. For exrgf ple, the order of Adjus A r#gudeg nd 25 Rotate
Bt &

RHGIER80e5 0 iy Ae e rOs P HisP %rnreohlo%ali%omon
Angie franenthat eespemls %tﬁﬁa‘kﬂa@lﬁ Eentral Bacam@temaﬁdawfather are applied

that Sg"oﬁ %e ?{)E:rcl:grrRe EHLO gtdcré%\gl CS%Q‘{"{%E) gma[ 5&&1‘51%%&1& 1m

n € may also pbe consl ere tobe ree rather than on§ or two _
fusm:@ngkme@kevmewﬁ@s:mmhe eﬂéﬁﬁm*év(ﬁf RSB aeiEriBadhElewsafegts one of two

Randemized APpikde Reale Facionisi SRy et IhareMAvIRS BIRI®. The Angie

than one Adjust 30 Amp litude - one that responds to the Amplitude Scale

Etee! &’ﬁaae%e%ﬁa@ fag B@ﬁ%&%ﬁ@ﬁ&%ﬁﬁé’&lﬂ%ﬁ&&we&a}s@a&&ﬂ byan
E@&@M@%&ﬁ&hemm@:ﬁm&s greaier @@ﬂﬁﬂfﬂ&yrﬁ%ﬁm@élw&iﬁzﬂi@l@ﬂmldor Rotate

a Random zed e Scale Factor is emplo ed a
N R T e L T R
Amtm@mtrreﬂ Elanamireteafnsmmafimdeﬁewbﬁmmpbwa deds Essothandimpense to the
effeckiha Q&%&\%%%@}éﬁ%é@%k&%@é&?'Ifa%fm%t% has.onnhase angle.q angle

As anot er alternative process or topology, the Decorrelation Scale

Fagtbphiaybetesethto’ comtreie s datia o F aioRHSUNBIRA SISy Fsifs! 2ctor

basicehaserAargiestather thaniadding aasAmeISh EPFARRIMNGA shown) in order
randomized phase angle to a parameter representlng the basic phase

ARG 4R i LB L HFIAY RE HRe AL SFRIHYSMized amplitude shift
versus bagienamplituciesshitbfratherathas dddiriped saaldifattomderstanding,

rese t|n a rando ized glotude as le factor re resent{nlg; the
? resu ts mid tarnéd with aliern uve ro{Esses or topologies that
§?@é plitiday e a var e’crossfade in each case).
achaeve the same or s1mﬂar results. For example, the order of Adjust Amplitude 26 (32) and
Rotate Angle 28 (34) may be reversed and/or there may be more than one Rotate Angle - one
that responds to the Angle Control Parameter and another that responds to the Randomized
Angle Conirol Parameter. The Rotate Angle may also be considered to be three rather than
one or two functions or devices, as in the example of FIG. 5 described below. Ifa
Randomized Amplitade Scale Factor is employed. there may be more than one Adjust
Amplitude ~ one that responds to the Amplitude Scale Factor and one that responds to the
Randomized Amplitude Scale Factor, Because of the human ear’s greater sensitivity to

amplitude relative to phase, if a Randomized Amplitade Scale Factor is employed, it may be
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10 If a reference channel is employed, as discussed above in connection

with the basic encoder, the Rotate Angle, Controllable Decorrelator and
Additive Combiner for that channel may be omitted inasmuch as the

sidechain information for the reference channel may include only the
Amplitude Scale Factor (or, alternativily, if the sidechain information does

not contain an Amplitude Scale Factor for the reference channel, it may

be deduced from 15 Amplitude Scale Factors of the other channels when
dheranetgycar malizatioadivihe ancdter dAskuiemthatitee saale factarsParameter
across channels within a subband sum square ta ) ,An. Amplitud Just

R o T e L s PR M A
FesvedrAnplitptiesS eagi: F Astordfbrthbantsrenpeahannaiptiss ey Fisgorrelation

seference channels. ATPUHgeRcaIe Facigukaived domihe.sifechalihnase

or Is deduced in the decoder, the 20 recovered reference channel is an
weiplitader seanled VBESII BTN ABIECEBRYTOSISURISASRATE ABYS ot parameter

FEALiERRRGIR tligR.besause ihis thadeiemnas falthe otenthanpelsmplitude
rotations. Although adjusting the relgti\égfﬁénplitu%e gf recovered chUanneIg ed
LS Brvites AL U e A S PSS USSP SIdB Simplitadénaomize
adjlstmentsdifke ldoresulsinimpehrdducednsonielfigld, sulbstantiatysstade in cach
Iac%ing in spatialization or imaging for many signal conditions (e.g., 25 a

"eo apsed" soundfield). Amplitude adjustment may affect interaural level
differeHoesardhe: chrnpdhicsimpbmisiorelistiivecpspebo HcouBle Pt b Hag Dasic
CHEREMRIGYSE DX 13- €85 HH1ASCAHHNG JPABREEIR: Of HRHBUE R Mhat channel

certain angle-adjusting technigues may be employed, depending on ‘
gianhar CBREMJRS T Provide Aebn ArasasHaldtioh e RdrrarerAngy pery include
DRfgetad Ethat pravidesabhsaviated conmnaatstaseflofnation does not
understanding the multiple angle 30 adjusting decorrelation techniques or
vl s R R e
thm;iﬁu&!&tﬁmllﬂthﬂmd ecasrelaiio nhtechivgues s de@@jb@dﬂ?élmﬁdg il e encoder
sonpecioniih e samples ahEIGE. #ia0d Mk arigueq netead
Giorina Ch lonto the tecﬁnlques of Table 1. 1n practice, applying angle
ristationdeand uridg nirideca fer Stfoisérarse dsundhepi éularoBBPNRSGhrecetved or
(@50HNowR AR CYCle o% PeFiagdic, COMAIMION), MINOUGR Be BRI Al dhde Shanne!'s

desirable to avoid circular convolution, undesirable audible artjfacts

BRI FrRSHCTIRA S S AVEILITION Are St Felfguggt by the decoder. the

Gersplemestae@nglashitting impnercadesdandsidecodermimadditiprithehannel.
ffects of circular co volution,ma}/1 be tol%arate in Iov¥og St

. & : e £ r 1s” rotations.

ith PRSP hEatBHs %%ﬁ%% SorTRe Spr(]atslén SAvEntion, par |c(131[t<'§1€r1yC those in on

which théhdesinmdinitigetérereio crampliipte chamesisccdursdnipdn pariéf 2 modest

(he.Audio Heguaney band,d O st 0t CXRRRIEARANETRORR U1 reproduced

which case the audible effects of circular convolution _ N
soundfield substantialty lacking in spatialization or imaging for many signal conditions (¢.g.,

a “collapsed” soundfield). Amplitude adjustment may affect interaural level differences at the
ear, which is only one of the psychoacoustic directional cues empioyed by the ear. Thus,
according to aspects of the invention, certain angle-adjusting techniques may be employed,
depending on signal conditions, to provide additional decorrelation. Reference may be made
to Table 1 that provides abbreviated comments useful in understanding the multiple angle-
adjusting decorrelation techniques or modes of operation that may be employed in accordance

with aspects of the invention. Other decorrelation techniques as described below in
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are minimal). Alternatively, circular convolution may be avoided or

minimized by any suitable technique, including, for example, an

appropriate use of zero padding. One way to use zero padding is to

transform the proposed frequency domain variation (representing angle

rotations and amplitude scaling) to théttime domain, window it (with an

arbitrary window), 15 pad it with zeros, then transform back to the

frequency domain and multiply by the frequency domain version of the

aﬁﬂm@xbﬁmmq)(&@@ﬁqdig sead nethewingowed )instdd bablasladdition to
Ie Ad usti I?gz ?rrelation Techniques Technique 1 Technique 2

e%“ %f) Signal Spectrally static Complex continuous

Co mplixpimputsivep! (iypicatiexantite) aod roe gigad silesigned sifiransiEntsyircular

Effec orrelates low De lates n lati

L S e R SN G R R

denplon @%gqréqw@ﬁ@y@gﬁ&mr@@m@é%ﬁiﬁfwrﬁm%@CEﬁ%ﬁ@% from circular
rarigpbPpeRigswith:RREsSINAL QRGIRILRAIalRs: MERRRLINIraMSder and

shortened time constant What is done Slowly shifts Adds to the angle of

Aerado iRedligne - obersliean Qs féweéﬁma@éar BeiEraesRALEoFs

RifpRBGR ARAY awag@atsrapmﬁmamgmnﬁh@rﬁmasameh@rmzaduangken th°
?ock b blocﬂ! on a bin-hy-bin rarﬁomlzed Ie bas |n acﬁgafn

TRy et R L RSP CARIBHET By BF Bty RAGERY band
am@iassf@rmmﬂ@ﬁmm Upt(bHS Calediby contiic!ledhycAfigies Q’éﬂdm&mz;@dvoiutmn

’ﬂdﬁﬂ‘éﬁ%@é‘?"8&&&9&%%\%@5% éeéﬁg%?&c@“‘ﬁ?ﬁﬂ}ﬁmzéﬁ%'\?%

ire ct y Decorrelation SF; Decorrelation same scaling across
§aﬁ@éigéﬁlMgla%rt§§§l@Hbtfaﬁ&%@dﬁn@mi%é% fgzero padding. One way to

use zero padding is to transform the proposed frequency domain variation {representing angie
rotations and amplitude scaling) to the time domain, window it (with an arbitrary window),
pad it with zeros, then transform back o the frequency domain and multiply by the frequency

domain version of the audio to be processed (the audio need not be windowed).
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updated every frame updated every frame Frequency Subband (same or
Bin (different ' Subband (same Resolution of angle interpolated shift
randomized shift randomized shift i shift value applied to all | value

applied to | value applied to all bins in

each j each bin) ~ bins in each |

subband) subband: different randomiZed shift value applied to each

subband in channel) Time Resolution

Frame (shift values | Randomized

shift Block (randomized updated every values remain the F shift values

updated ,

frame) same and do not evemidlock) change ' | For signals

that are substantially s{atie-spEcitalhpsuaheasidol exatgats, a pitch pipe 5

i

note, a first technique (‘Tkeshinigue 1")

restoreshtheuangle of the Tedeied 3

MeBeLCoHHDSIte S
akpionledsatapid) ang

grktaltivedo the adglepé-cashiofithe offverpiecoventdve
leosimailar (subject tosfeegigency and. timeigraktemityents)

i

affdctaoguantization)iecthektigiar ang

useful, 18- particul
components below

|&ofdiveichanme] re|diiv@teltdwes

Diherrchénnels at theemputphtile encodern®haseamgls: difforenses-angb
asfyadprsprowidnty decarmelaiorrofdow-fr
absnents0 Hz where the ear follows indRARAFEcles

el aicrat: 1

ofitve dudissiinal

_ PrefaieiblyiiTechniq
sEHEi ohEaBProvid PaTHESIE HHgle shift. For high-frequency signal

b BPeRas undef At aighal

("Technlque 2" and "Technique 3", 10

Lcomponents ahove SPiA™Y 500 Hz. the .ear-does not followi 5 individual
Vefe$EP8duUNd but ﬁ%%i‘éléic?l@pondst %é?&%a@ﬁ%%pe‘g %%hﬁﬁ%ﬁe of
band basis). Hence! 55 aB8BE 150 lrH‘é‘%‘b‘rr]eT‘aTﬁ?f)‘ﬁ is BETapaue !
provided by dlffere!: &%Eéﬁgl envel ?aé'fh an pha %’1 V% %}g?ou}o
differences, Applyir ﬁhﬁﬂgse angle shift Ay in ac ance di);m;e d(;;l;)x
Technique 1 does not alter the enveloy%S $9 %Iigcaj 8%% icie Qi[g/ &b‘nand b;b
decorrelate high fr f}quency signals. The second and third techigues, .. i, -

respectively) add a ?gmﬂgb e

keghaigue 1 under|ceriainsignakgondi

controllable amountgfrandemized:en
decorrelation. Randomized changes in

‘cause randomized changes

FORPIN R Wom'f%%&%%s‘é%@é%s

g ANge determingg iy of

Qlopel vaualions, Whm@ah@iﬁ&ay by
phaseangle ar a delswabiezmy BF,

| same scaling across | same scaling across
subband, scaling subband, scaling
updated everv frame | updated every frame

IORS oINBIADN CRUSINGRdomized angle is

|
|

Freguency Subband {same or
Resolution of angie | interpolated shift
shift value applied to all

bins m each
| subband)

Bin {different Subband (same
randomized shift randomized shift
value applied to value applied to all
each bin) bins in each
subband; different
randomized shift
value applied 1o
each subband 1
channel)

Time Resolution

Frame (shift values
| updated every
frame)

Randonuzed shift
| values remain the
same and do not

. change

Block (randomized
. shift values updated
every block)

1
\
l_

For signals that are substantially static specirally, such as, for exampie, a pitch pipe

note, a first technigue (“Technigue 17} restores the angle of the received mono composite

signal relative to the angle of each of the other recovered channels to an angle similar (subject

to frequency and time granularity and to quantization) to the original angle of the channel

relative 1o the other channels at the input of the encoder. Phase angle differences are useful,
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in the envelopes of signals. A particular envelope results from the
interaction of a particular 15 combination of amplitudes and phases of
spectral components within a subband. Although changing the amplitudes
of spectral components within a subband changes the envelope, large
amplitude changes are required to obt&in a significant change in the
envelope, which is undesirable because the human ear is sensitive to
variations in spectral amplitude. In contrast, changing the spectral

SRMRONBNTS pRAsEaNgles has angrerieriRijech orsthe broeiopentianl @ about
changing the spectral component's amplitudes - spectral co nents.no., .

o BT R G R SR PTG A G BTELBBne pmiase
ﬁt&fiﬁlesthﬁdemekbp&lomidﬁtatﬂif@mﬁdﬁmb@imgbyhdnangipg _the

envelolpoer' '?JEE rlég%ltzgxe% sgs%r%ﬁ&%?g 3 %s%%g]\% I?S’(ﬁﬁ?{,‘%ﬂé\/é%’d&@gr%%%llow

is relative y%) ase ded e overall sound quality remains substantia

withitauaNevesthetess] fort doredrsnanéoRdim s SomEdapid Rl Zatibir gfband
the.amplitudes ol sprclrak @ eonponantRAlangivth sandemization AN signal

phases of spectral components may provide an enhanced ran%omi ation
eniliinar BRI GpeS pro sl HECERERsampRItidS PARG At L ot
gass8aupdesirabieaudiblejastifaatsiuk raferahinrasoehialiable fniauht ordecorreiate

egree of Technigue 2 or Technique 3 operates algng with Technique 1 . »
e GUrE VB cONS e A SN eg Do aei g
2efpectrangienit presentlisbtherframiecdrablbokizde pegidingiononhiet Hisr e
Transient.Flag i t r - 100E, FRGBAQUE 3, (ARRIeR able
8 r?ges%rﬁ??% H%egfer%lr%%% rqb%{g ﬁ% 9%_?%%1551%%% i%ﬁgﬁ%%tiple mode%%f ’
GpENtion rRideBHifA §roR WsetiEHsRA ST B SN e IS pieseation 9
Alternagiyghyin addition. undescertain slonabcemuitions:Acsantralaiigzed changes

amount or degree of amplitude randomization also. operates alon Wgh deul
ther i AP HERS SRR thaf SUEREUET FESTORRS (S TG CRANRES F%'p? ddgro
Testvigueningpitahles tordosmplext epatirlioussignaisvitairareubbhna Although
harmanics, 5 such as massed prchestral violins. Techni is_suitable . o
O BTG Gk TRRLTES o G R e LSS e SR Betope ore
etop{feshrique atinmedsimebisatiaps:i nigpprausehangkindghitarsiarabld et 1s
SuElLsigna'sl.Asxp'ained turtherhelow Jnardestoimipimize Audiblg:. 1n contrest,

artifacts, Technique 2 and Technique 3 have different time and frequency
reelateriETercE IsARP PaRHoNRIZS AHge RahadioHsT cFechidhia 21siope tan
selesiad whepadiansignrsnobi piRsent, wheargashechnigue Siszer tine up the
selec ed¢yvhen a trapsient is present. Techni ue?l Igmﬂg shif lgf:_rame b¥d'ff .
f3re e DIMPaRgR SR .S%?%Rﬁ%ij b E§%g?ee68¥? (8 hasic o reren
shificis tentsoitdrainthelnglesGontiohRatatheten(mosghiftdfstives envelope sensitivity,
Pt?nréaergre ;[se rre Stlzv%gq)r??ié%ge%gha é%qgefg{f‘él’r]a i ?oeu!ng q@a!m@ 'feq?ﬁiﬁ?gﬁgsparnﬁgﬂy similar.

nterpolated par er

 Nevertheless. for some signal conditions, some randomization of the amplitudes of spectral

components along with randomization of the phases of spectral components may provide an
enhanced randomization of signal envelopes provided that such amplitude randomization does
not cause undesirable audibie artifacts.

Preferably, a controliable amount or degree of Technique 2 or Technique 3 operates
along with Technigue 1 under certain signal conditions. The Transient Flag selects Technique
2 (no transient present in the frame or block, depending on whether the Transient Flag is sent
at the frame or biock rate) or Technique 3 (transient present in the frame or block). Thus,

there are multiple modes of operation, depending on whether or not a transient is present.
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is applied to all bins in each subband and the parameter is updated every
frame. 15 Consequently, each subband of each channel may have a
phase shift with respect to other channels, providing a degree of
decorrelation at low frequencies (below about 1500 Hz). However,
Technique 1, by itself, is unsuitable for%a transient signal such as
applause. For such signal conditions, the reproduced channels may
exhibit an annoying unstable comb-filter effect. In the case of applause,

g3senialyne desarelaien isRewWded Ryrdising c@ﬂ%ﬂh@i@@xf@lﬁﬂ\(@ degree of
amplitude of recovered channels because. all channels tend to have t
SRR AIRERI BRI A1TE PRETTRIES SH O AR Lottt S°B Atass Sipgestore
ttartsigﬂﬁl&}ﬁumhplresemua'@chmque 2 adds to the angle shift of Technique
la ran(ilo zed %I'H at doe not chan e Wlth time, on a QX
JiE) omcs
as A

Of cOmplex GOt als that are ric
basis (ea erent ra omlze ) ina channel, causmg

emvelopessof mgk@%hwohm f&ﬁemmferemsfmﬁ@he @mhreirlrtmi@m or transwnt
Q{&Qg'%gcﬂ%ggﬂﬁ@ggncgt% pé?tx %@Eﬁlﬁqﬁ%é@ﬁ%?&gﬁﬁn applause, making

Maintaining the randomized phase angle values constant over time

s pibciobrramenalt faéﬁset‘ﬁ)a%l VHEBETORN: RS0 bIBze audible

framedotisamrualieralion.phigin Bhase angles: Wil thisleehnigeRisi@ns for
ver usefuléjecorrelatlon tool When% tranS|en%t is ni) rEF? %nt it ma
i refe

BT SRRAT S AR Bt T WNaC 1S SHENToToHEA S TraLS ot
‘ipEsenDisdlreinE @asidansientamearing ﬂstmm@&dslwa%mtranaent) The

amou mfor de % fc))w";t‘d %UES g{: BZITFeIf prgi\il d D-llileag%ﬁ]éag% ghlg‘lﬁ% |ft e amount or

directly by‘ntlf%l ecorrelation actor here is n ition
thezssaléthichosicskéio) crivwilizdthe hmoupiestonoo! naoriz deophisd the

%%ﬁlégdﬁqgi%)thﬁp@ﬁﬁaml .S ggfoﬁe chRigyg. Lhaecrrdi nigcéﬂaokaied parameter

echnique 2 is controlled by the Decorrelation Scale Factor in a manner

tﬁaﬂtvm}ﬁwﬁz@é%blaam@% REVARART RAFTRRTET SUBHAR PR A 6ERP6f

sighsdauasbling artifasissesuisHamhnh enmannes I@Mﬁﬁ@hlmﬁfﬁh respect 1o other
Decorrelation, Scale Factoré% derlv d and he ag Ilcatlon a

f5
RS0 BTG 26 (e Boba Ao TGRSR 0 He)
reioslomiz Stcanigie shift valliciisuappliedkiveachibinmasigthiashifs vaiense. For

ds%%ﬁ &a‘iha”%%bthee?ﬁa'?é AINY MPP&%%B%%&%H}?&%W&Q%EQ%M fiiter

scali ng“ls up dated e\/ery me. Tec nique 3 operates in the présence of a

treffesieritifaisest RO RSRUS CRSBEB BN 8 et thslpats BIORASRGhDihadiusting only the
Transienthiagds (%@EOU&(EH%%QJ]&'[@)Q&Q§S@ Saghsbband i d0he same

channel from block to block with a unique randomized angle value,
cORBAS 4T Binkerethet iBBSnd, causing not only the envelopes, but
also thetarnplifudespnsdhases; ﬁﬁﬂblerslgnﬁispftsalcham’hﬁhcﬁam&ngﬁo the angle

RIS STt I A B Mook Thess aREa T I,

sigual(skelilanities a different random1zed sh1ft) in a channel, causing th.. envelopes of the
channels to be different from one another, thus providing decorrelation of complex signals
among the channels. Maintaining the randomized phase angle values constant over time
avoids block or frame artifacts that may result from block-te-block or frame-to-frame
alteration of bin phase angles. While this techmique 1s a very useful decorrelation tool when a
transient is not present, it may temporally smear a wransient (resulting i what is often referred
to as “pre-noise” — the post-transient smearing is masked by the transient). The amount or

degree of additional shift provided by Technigue 2 1s scaled directly by the Decorrelation

Scale Factor (there is no additional shift if the scale factor is zero). Ideally, the amount of
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among the channels and provide decorrelation of the channels
substantially without causing 15 "pre-noise" artifacts, The change in
frequency resolution of the angle randomizing, from very fine (all bins
different in a channel) in Technique 2 to coarse (all bins within a subband
the same, but each subband differentiin Technique 3 is particularly
useful in minimizing "pre- noise" artifacts. Although the ear does not
respond to pure angle changes directly at high frequencies, when two or

FRRESHShanpels mixiacausticalle eastheibway frasp-foudsneakesstRaneQo

listener, phase differences may cause amplitude changes (comb-filter
PR ats R BRC b B AT EER oA S 28R The BRI BrEiRiigp2es
bydTecbinRigue abEhedputsivenchatmieterisiiescobife signblh g piiTiees results from
%ock-rate artifacts th%t mig t%)the§wi[s oceur, hus c,lTe%vnig[ueif ?ddsfto
& PHELE BiRISE PSCRRIGTE I 3Fity RghGiNg (1o Ry pIERks " ©
randgmizetnengle shiftoasalswbbahtebys ublizngiba sistimea: clddimeh] Taalomized

%g%?e“&tli)f?‘bﬂ‘ﬁgﬁggp fig® addisionalshifh s sealed indiiectly. Asdesaibed.. scaiing

befow, by the Decorrelati.on Scale Factor (there is no additional shift if

tharsdisibaraetop igberny aTA Es spESCS Y AscaSpHBUEEI®SSs a subband
and the sgaling is yreatedauendiame o Altharghthe @PaIgRAIUBING depending

techniques have been characterized as three techniques, this is a matter
SPdBrTAHELAIE ey AMSF S8 b E chtral e Pe 4 LD fAG R ARG TR & @
dbeaehbinativscotodcbinigite duahgaruadiablecdegssevafut eahnigue:@ all bins in the
Which maybe 2619, and,,(2),2 sombinatign of Techniaue. 1.and 4 ¥alale sienats in
aegree Technigue %, \X/ﬁlch may b€’ zero. For convenience in ’ =
presentitionhane: tethmigpes aretirsatedms Buingbthrseadbiniiglbsse-2langes in

AsRegls ﬂé&@&@%%lﬁd&?ﬂﬁﬁ@&%@@ﬂ&&&%‘fg‘@&&% AR medlGalaNSmitarities

of them may be employed in providing decorrelation of audio si nals .
darEdhasBY ARG RED FIEIGHE SRUATHE the Sl AN ia Wt Ep Ut causing
syshadio chapRelsarenat derivef drem-ad BNeade haesRringitenizing, from very
ects of the present invention. Such arrangements, when applied to a
O S LRGBS 2B R GHertat TR BLdaRt aBiah P uoband the
dewicesiandfunetonsdiAnynsuitabliendenice sriumction {ancfupmixer)imay “pre-
bn%jl%é“%'rﬁkfaeqs.t%g veaultiple, signals It &cﬁ‘mm%{‘eo audio channel i as nigh
from mu' Iple audio gﬁanne S. once SUC mu tlpf)e au I% _cﬁanﬁe S are
derivet s arnep K er, Topie oraisie Bithesniwea) berddes ialataehvwihdspeakers 1o a

reSREC! i Qneemere QhihaRtherderivedandio cianalsy apphingdhgay ve
multiple mode decorrelation techniques 10 described herein. In such an

PR ToH, BiCH Behe raUBRS RARMEITOURITEH tHETERTOreltigulsive

tephaigtes arefapplied:may be swileheeh framiane made of opesationdaur. Thus,

a?omr by d(%eg;tit traangi qF i%] QC degVﬁd, agdi(ﬁ c(f:}%rﬁn%lcit Ifc yv-block)

AT e D PErREES UFthe tERBISHT-preSBit tedhiite Crathig e s

Spndaynbedsinydified: to: providenid shiftibgpobthe in a channel. The amount or degree of
additional shift 1s scaled indirectly, as described below, by the Decorrelation Scale Factor
{there is no additional shift if the scale factor is zero}, The same scaling is applied across a
subband and the scaling 1s updated every frame.

Although the angie-adjusting technigues have been characterized as three techmiques,

this is a matter of semantics and they may also be characterized as two techniques: (1) a
combination of Technique | and a variable degree of Technigue 2, which may be zero, and
{(2) a combination of Techmique 1 and a variable degree Technique 3, which may be zero. For

convenience in presentation, the technigues are treated as being three techniques.
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phase angles of spectral components when a transient is present. 15
Sidechain Information As mentioned above, the sidechain information may
include: an Amplitude Scale Factor, an Angie Control Parameter, a
Decorrelation Scale Factor, a Transient Flag, and, optionally, an
Interpolation Flag. Such sidechain infdtmation for a practical embodiment
of aspects of the present invention may be summarized in the following
Table 2. Typically, the 20 sidechain information may be updated once per

frame.p fiable & Bidechain liarastion-GhafactaiiBfies 468 médinaniRhs of them may
Sidechain Represents Quantjzation ] Primar 9_l\r%fé)rma ion ] Value Ran

: ange
e BRBE HEPOF S D BROTAIGRS SUBEARTANGTE B B BORGug” ™
Hudit {6didartalis)elRrovidésn Cantrokavehage:ineacht dbasid dglemn encoder
Parameter subband of rotation for differ AN :

SELRIRR SR T T I S, T 1 S8 mone
sofresponding biameinsybbanddobarcfsradesieranmiericep andideifah AnY
Represgnis Quantizapnn LhimanenierpatiomMale RanrgelisuRiple signals from a

measure of") Levels Purpose Subband 1 0 -3 1 Spectral- 3 bit (8 levels

: /els)
DeaRe R ebarRD TR & 8Bl SIS s SrTa B Stl channels are
bacten Pesoualationsignahangle shiisnScale deactadecharnetesiaties one or more

SSSeCiRr MR (ore e s bt Atpl OIS AL A
described herein. In such an application, each derived audio channel to which the
decorrelation techniques are applied may be switched from one mode of operation {6 another
by detecting transients in the derived audio channel itself. Alternatively, the operation of the
transient-present technigue {Technique 3) may be simplified to provide no shifting of the
phase angles of spectral components when a transient is present. '
Sidechain Information

As mentioned above, the sidechain information may include: an Amplitude Scale
Factor, an Angie Control Parameter, a Decorrelation Scale Factor, 2 Transient Flag, and,
optionally, an Interpolation Flag. Such sidechain information for a practical embodiment of
aspects of the present invention may be sumimarized in the following Table 2. Typically, the

sidechain information may be updated once per frame.

each bin !
subband for a
channel and that
of the
corresponding bin
in subband of a
reference channel |

Table 2
Sidechain Information Characteristics for a Channel
Sidechain ‘ Represents i Quantization | Primary 1
Information Value Range | (is “a measure of”) Levels Purpose .
I Subband Angle | 0 = +2n | Smoothed time 6 bit (64 levels) | Provides

Confrol ‘ average in each basic angis
Parameter | subband of rotation for

| difference each bin n

| between angle of | channel




Steadiness Spectral- also scales 1 Factor and the | Steadiness Factor)

randomized Interehannel 1 and the Amplitude Angle consistency in the
Scale Factor Consistency same subband of a added to Factor are low.
channel of bin | basic i angles with Amplitude respect to i Scale Factor, |
corresponding ~ and, i bins of a reference optionally, channel (the i

scales degree Interchannel F of Angle Consistency reverberation i

Factor) Subband 0 to 31 (whole Energy or 1 5 bit (32 levels) Scales F'

S‘i%‘&ﬂ%ﬁ’e bCaIQ mteger) ampll}uae mﬁg@ﬁwanm IS anh@ggmﬁude OTanary
Frastonois highesy,suliband of@sd@rr%asta% mqe binstigyaiamplitudepurpose

nghé tshifts and auriphitddes| shifts,
| Spectral- channel (the
Steadiness Spectral-
Factor and the | Steadiness Factor)
Interchannel | and the !
Angle consistency in the |
Consistency | same subband of a

GiRnel With IS 3L 5=46.5su
dB.Blvsdinal champekwmiplitud
suhbagioacrossiadbehantiets |
(2 levels) i DeterguigieFatiotie/F
frame or in the tadbnienie ifor ar
shifts, or both

Factor are low.

~ 31is

Tsangient Flag 1

channe! of bin
angles with

West £aspaet to erergy |

| Presence of a

is employed

,sk@ﬁafmlgpde fo value = off. same randomized

= dngit shifts

adaetnanisient in the which (polanty iglded to
hitranynebtock ~ apdlng randomized

apiglengie

rotation, and,
if employed,
aiso scales
randomized
Amplitude
Scale Factor
added to
basic
Amplitude

i
i
i

| respect to Scale Factor,
corresponding and,
‘ bins of a reference optionally,
1 channel {the scales degree
Interchannel L of |
Angle Consistency Teverberation
Factor)
Subband {10 31 {(whole | Energy or 5 bit (32 levels) Scales
Amplitude Scale | integer) ; amplitude in . Granularity is 1.5 | amplitade of
Factor { is highest supband of a dB,sotherange |binsina
amplitude channel with is31*1.5=46.5 |subbandina
31 15 lowest respect 1o energy | dB plus final chanmnel |
amplitude or amplitude for value = off. ‘
same subband
across all channels
Transient Flag 1,{ Presence ofa P it (2 levels) Determines
(True/False) | transient in the | | which
(polarity 1s | frame or in the | | technique for |
arbitrary) | block adding
randomized

angle shifts,

or both angie |
| shifts and

amplitude
shifts, 15

| employed
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-23- Sidechain Represents E Quantization i Primary Information Value
Range (is "a measure of") Levels Purpose 11 Interpolation 1., 0 A
spectral peak 1 bit (2 levels) Determines Flag ! (True/False) near a
subband if the basic (polarity is boundary or phase angle arbitrary) angles
within a rotation is channel have a intsrpolated linear progression across
frequency In each case, the sidechain information of a channel applies to
a single subband (except for the Transient Flag and the Interpolation

i apply 10 all SubRapdsef a CNanngkhAAdBRY D€  Primary
URdaisshance qer\ﬂ@ﬁemﬁu@wﬂg@ thetimedesejution (aneeiper 5 framakpose
HeGHeRGY eSO\UI'Qﬂ (SUbband% , Nafedanaar and guantizatad levelbetermines

mg&cated have |heenflound to r@ﬁhd@susgjgﬁperfﬁrmance and a usefithe basic
compromise be &/ law bitragevaaskyperbaarance, it will be appregigited
that these time pmdifraqpency espligtiorsivalue szanges and. quanitizmidml is
levels are not critical and that othermesdkitions, ranges and levels mayerpolated
employed in prictlcmg aspectsLdﬁﬁwemwﬁmm or example, the | across

| Transient Flag and/or the 10 Interpolation Flag, if employed, may bbﬁ"eqﬂencﬂ
updated once per block with only a minimal increase in sidechain data

overhegd,,In the case ot the T 1adsien! a0, dRing-sahas:the: apvantagsund

that the switching from Technique 2 to Technique 3 and. vice-versa is

ravserhEBUPstEraps g bitian aﬂéé%é‘ﬁﬁ@ﬁé”&‘%@% &14R Ch TR R RRARA! subbands

1‘?&1@)’0@@#&??@&3@%&%&@ ﬂ@aawee @@e@zﬁeblpmoagﬂtm gfa relatetheosiers per
5 It will be noted that Te escribed above (see.also T
SRR B e ERER b CAETARe L LA Sy i v

ml thiod (b @rpaldzfteﬁénﬂmémmmaaﬂMmpﬁaSeoa%Mﬁ%mWh échtditrate and

hin rather n to eac 0 thouah the. ranges
%rc%?}}e Sation gc rtec?ﬁ app ?‘Qgt %og Qgﬁ[ ns |§1) %gs ul%)e? gﬂ?tﬁ w%ﬁglt;%%
mﬁe@@ma@ar@@rlm@isea@ e soiistidubbve (dee aist Tabie M Pravidesly may
i gkotr&gﬁ&%&&ﬁ%@l&%%%lu{m{ﬁe%@n@km@rm raRdpmizRATRRARS:ARGlSand/or the
shi

is applied to each block rather than to each frame) even though the

JAFIESUBBAHECDE COREIEED r’ii%}ﬁgf‘eup%%pﬁleg P BT minimal increase
sHlhrokhiSUSH beSﬂittttDﬂﬁ, geeaternthae mﬁzg&a@m@mefmh sosigletRaidvantage that

L?E%gﬂa%%?e (?r %Irgleunr? a%(g th]geghéggug :{}Ixzceedvg ha?semaorll le glglfgsléﬂlaa/ddmon

oW n the encod
themame&céabﬂhemn@wemmeamglm@wcaw@m@z@dm the occurrence of a block

switch of a related coder.

It will be noted that Technigue 2, described above (see also Tabie 1), provides a bin
frequency resolution rather than a subband frequency resolution (i.e., a different pseudo
random phase angle shift is applied 1o each bin rather than to cach subband) even though the
same Subband Decorrelation Scale Factor applies to all bins in a subband. It will also be
noted that Technique 3, described above (see also Tabie 1}, provides a block frequency
resolution {i.e., a different randomized phase angie shift is applied to each block rather than 1o
each frame) even though the same Subband Decorreiation Scale Factor applies o ali bins in &
subband. Such resolutions, greater than the resoiution of the sidechain information, are
possible because the randomized phase angie shifts may be generated in a decoder and need
not be known in the encoder (this is the case even if the encoder also applies a randormized
phase angle shift to the encoded mono composite signal, an aiternative that is described

below). In other words, it is not necessary to send sidechain information having bin or block
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25 phase angle shift to the encoded mono composite signal, an alternative
that is described below). In other words, it is not necessary to send
sidechain information having bin or block -24- granularity even though the
decorrelation techniques employ such granularity. The decoder may
employ, for example, one or more lodkup tables of randomized bin phase
angles. The obtaining of time and/or frequency resolutions for
decorrelation greater than the sidechain information rates is among the

a3nesisPihehsase tldaKentians didsnecoy lpionsoyeh B afty. The decoder
randomized phases js performed either with a fine frel%gz%]%fare olutio

PR SR IS (e ST RS ABT ChENGE SRR Ere ARG gngles. The
cbaise Jequengydresokdinncfhandduynbandjet@rdafine freqaethay the sidechain
resolution (bin-by-bin) when frequency interpolation is loyed .
R
(Teuhinigzedhassyilt afstrheed pphetiatick that Ssdnerensimfuiogréesff-bin) that

Rodomized.ehase shifts aigidQ added te e ARase-anale, At R ERRAVEHRHE. by-

channel, the absolute phase angle of the recovered channel differs more

Bpne hiore oMl eNTgiFRIP A S| (B AR At BrAHSCHARRR AR 1s employed,
aspectetdhe-pespitdinyentionis the appres@tiondhaltbe TRsHiiNG 3).

absolute ppgfé %?%Ie of .the recovered channel ngedfnot maIcrht at th' < ar
the oridfifal' EHSHSTRRFSH Iy HAT BORTTBHE S SaR AP (R TR 284" 2
phéaskeshittpiace added(in @acocorddntewithtaspecisief thepregent 18 recovered
invention.For example, in extre S cqrrelati

e T R R
shiktatatifediyyeTiethislyive B Sicreprniguen Biovibpitraine s Yasigihageste of
%Héﬂe%@ygl%g DEREARGYR Indeverhs! @&smqéiﬁu.ﬁ? QAR 1GANSEHRAR RkRions are

randomized phase shift is audibly the same as the different random

SHES B P TR RigHattHE G A F b R PR AR GTPS T IR FR BT
thateasisesothe agslition afwthsome degreaobrbdomized phasecahtifisises the

As mentioned above, randomized. litude shifts ma loyed.jn . . .
RO PO R e Eob Ao Mg AL S Rphiap Techmiase
rhayaisohe d@muephb;e ahﬁa:nwmma_ﬂempmude B@aflehlé_é@mﬁlis is of no
'F:cgé?(er)?r? '{Iel Eh%?Q‘%%%BE%[PeH‘h%E?& 9&’1?{%%&1%9'1%%%%9 r&%_l %E@Qe%fﬂ'lﬁdom phases m

or a particular channel and the recovered sidechain Transient Flag

ABeforigin FagteLip Chanhel ISuBSSRIRIgL SerlnhpRUTdB A8 sk addition of

oRetatR dr-twe,medes ik 3pmMannes analogous to the application of
randomized phase shifts. For example, in the absence of a transient, a . .
§1£ua§él 1011 10

randomi A HHIBREI AR Shift RGPS Bl By Rl R A o
ofrRiohindiybiscbasis (difterentftambindosdinmainddimthesprebencatofiad by a
transjent (in the frame.or . block randomized litude shift that . .
R R e P e R e B st
charmgesafiontsubbandtdosalpbrndl b saricshiftforalt bidssideahain Transient Flag

for the particular channel, Such randomized amplitude shifts may operate in two modes in a
manner analogous to the application of randomized phase shifts. For example, in the absence
of a transient, 2 randomized amplitude shift that does not change with time may be added on a
bin-by-bin basis {different from bin o bin), and, in the presence of a transient (in the frame or
block), a randomized amplitude shift that changes on a block-by-block basis (different from
block to block) and changes from subband to subband (the same shift forall binsin a
subband; different from subband to subband). Although the amount or degree to which

randomized amplitude shifts are added may be controlied by the Decorrelation Scale Factor, it
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subband; different from subband to subband). Although the amount or
degree to which randomized amplitude shifts are added may be
controlled by the Decorrelation Scale Factor, it -25- is believed that a
particular scale factor value should cause less amplitude shift than the
corresponding randomized phase shiftsresulting from the same scale
factor value in order to avoid audible artifacts. When the Transient Flag
applies to a frame, the time resolution with which the 5 Transient Flag

Relestschechnighe el dechpidueyaieaydedenianeedyp RQHAING than the

supplemental transient detector in the decoder. in order tQ provide a . q
BB PR ARSI AR Rt S A TS 2 SR e RRRF i BIBEICFatE M sty der T
avstipplénientafdeansient detector may detect the occurrence of a

transi in the.mono ar.multichannel composite .audio signal received.

i e B B S, AeRER e
Consrolldiie Ractyetetorazxs210 3gMiyet Fiaay)e Thiamcehbn mheidoeipt

of 2 iLransient Flag %é@o?@ﬁ%%&&@@eﬁﬂr&r@éﬁ@l?r&ﬁ%qinglﬁﬁQfa§Y%li§8ﬁ%%1l finer

from Technique 2 to Technique 3 upon receipt of the decoder’s loca

thandhsriraRtstaon ETCREROCHES, & Ythstamrimeprovansisht fresipBia] detect

Eﬁ@@&ﬂa@gicse &qs?@,lﬁMitﬁq%éhm@@aﬁigﬁm?&&g@mm@ﬂ@mm bREWReived by
ecreased s atla ccuracy. e encoder detects trans . nts | INPpuU

Rl OR 5 ha GO r . b o LE RN GedSa e o

d@nrezaﬁ@l@immnmmmgpoAﬁameaﬂi@z@aﬁvﬁmsm d iil-ag Eidﬂ@bmmal, the Controllable

8)? somﬂta}ﬁfersa pro%ﬁbyé&%%g kﬁ%ﬁ@f %?%%%%%I %é%&ofé%g? e Qﬂ@ﬁ&%céer’s local

iﬁ]éogmati

up&alfreofievery ock, at least ic signals.”As mentione o
atsovienujstiating tBcTvansiEhes kg BreHO Rt erimerpora o FrPREgeevRsafution is
bloagko kesiltn ey A smalincieassiinsideshainfata-ruetheadilmhardary (he

to accomplish such an 20 increase in temporal resolution for other ,
STROERRATHerS FrRBTIBH VRt EUBStARtRIPTIRE Fe K § N SiFeth At isas detection

rRtte-ablogk-floptagmeinbwifferantial coding arrangement may be used.
For ex?\mple consecutive transform block may be collgcted in groups of
-framsg basis,

six ovef 2 PAEFH e AP AR N AT B RSP B 88 for Eieh
stiblband-eliannebinithe fiestrdliedevmtivéofivessidesefpuéithbjotksnonlyignals. As

d&%%{%%“%%@é%?%qa%%b%é% -%{Q@ﬁﬁt%ﬁﬂ@%&%@ﬁ%%a@aﬁry biock

current-block amplitude and angle, and'the equivalent'values from the
prsviBUs-oblp els i shesatts Ty ver) o aty PR for Bratfesig Astematich such an

a3 Qe RIGH PIRG AOtEs T SR 96L oSN FRUCHSIANRISHR IR h RN 88 Qfntially
difference values is required, but at less precision. So, for each group of
fARSTERMB ARG AIGATALS %A %&%ﬁ%ﬂﬁ%@@@mﬁ@%&% ,WI&%%F&WT« may

Siksdthes @iﬁﬂiﬁﬂ,ﬂ&hﬁé&&l&ﬁaﬁf&@f@ﬁﬁﬂﬂ@dﬁﬁmﬁy examaled2ebitoups of six over a

SEHe TR g S etbies s o R S8R A0SR
block. In the five subsequent blocks, only differential vaiues may be sent, each the difference
between the curreni-block amplitude and angle, and the equivalent values from the previous-
block. This results in very low data rate for static signals, such as a pitch pipe note. For more
dynamic signals, a greater range of difference values is required, but at less precision. So, for
each group of five differential values, an exponent may be sent first, using, for example, 3
bits, then differential values are quantized to, for example, 2-bit accuracy. This arrangement
reduces the average worst-case sidechain data rate by about a factor of two, Further reduction

may be obtained by omiiting the sidechain data for a reference channel (since if can be

dertved from the other channels), as discussed above, and by using, for example, anthmetic



941

10

15

20

bJ
[94]

may be obtained by omitting the sidechain data for a reference channel
(since it can be derived from the other channels), as discussed above,
and by using, for example, arithmetic -26- coding. Alternatively or in
addition, differential coding across frequency may be employed by
sending, for example, differences in.-subband angle or amplitude.
Whether sidechain information is sent on a frame-by-frame basis or more
frequently, it may be useful to interpolate sidechain values across the

9&‘&%&3 'Ri@e;ﬁﬁmi%}yl-dg ses LRt RRRtign AV e dRAY B SPRIYeEHE dheioyed

manner of the linear |nterpolat|on across frequency, as described below.
O BT e ELIGRCET B PO AR FelBRE Wiention employs
prOCeSWﬁgthSi@Q&%ﬁanﬁﬁﬁtihaﬁ inpierpe atithe cespeahive e e $sing frequently, it

ste§§ anda%{e functlo allé/é ted as_next set Boritjllﬁo Althougrh the Encodlng
8 %)

C HUSe i) o a1 values ac S1
eco nS’J[il te oW may eac e carrie 8 OUtaB?Ly computer

suftwaleiimstraction seguenues opsratitly inatins:artibe dibthe tbesipwidistedicross
%{Sg%?en twill he undarstpad that equivalent or similar results may be

by steps ordered in other ways, taking into account that certain
qUANtitABeAHA TR (PRl FPRTRLEAIEY BTRES SF 8 REFHHIIHICthPERRIE Processing

GRIRPLHRESELWRNE NS LHEHON SRANSNCE DN RS RIBH @M@@r@%ﬂﬁbuﬁﬁy related as

certain sequences of steps are carried out in parallel. ernat|ve
6‘8§E?ﬁﬁé%‘%te’é¥}tﬂ%%}‘f%€t?é‘ﬁ%‘ﬂteﬁf§§ SRR %ﬁ‘gt’fo‘% i be carred

dﬁ$®§ll@6dllﬁumt§0ﬂﬁfaibelmtﬂu& deyieaschayingnfynctiensdénmdftinchidoal listed

|nterrelat| as descri ed he{elnafter nco Hll coder o
L t dered
Sl T ey L Tl S U I s ot

s@ewqamamaamagumm@@wm|mmemtﬁessawéﬁ@wammlga®q ones. For
%Qgttpt@%&mﬁe&d@%ﬁ%%%%@a%tm% DRSO e mploved so that

example of FIG. 1, described above), or to_multi eaudlo channels (in the
(AR PTG S RARIENE BF FRG1LCE, %’é%ﬂﬁé&%el% a’érrtaeéesmbed steps may

%@e&&%m&t&m@mm%@p&mﬁfm &@s@cﬁ%@@ﬁl@fm@i@%@@aﬁtﬁlﬂ&&ﬁd@rhavmg

to begin de |ng| medl%ﬂ! B&nrec gj emo or multiple

AR ﬁ?fb‘??ﬁ Pe 05 8Rcodin F?)E’é & ("encoding

steps") may be described as follows. Withdegpect to 25 encoding steps,

referenc fs,made 10 £iGa it wen s n s et e o DAt BPehAkore i denves
ﬁ] rouéﬁ%

and fun ctiona agra tep 419, FIG. 4 shows encoding

sseftvglf@m ovfeorinnEnd SespEnIPD ARt A ohamTsihe Mgl @onopbonic

cHABNSIS B ALSCOMPIREHIRIQHIR Bx£RPIPOSHRIMORAsSIgNAl MRyt Qo
are matrixed to ether to provide muI%PIe channels, as_described below in

cBRNEGSHAN MBW@FGO eg;i,ample of FIG. 6, described below). By doing

50, sidechain information may be sent first to a decoder, allowing the decoder to begin
decoding immediatety upon receipt of the mono or multiple channel audio information. Steps
of an encoding process (“encoding steps”) may be described as foliows. With respect o
encoding steps, reference is made to FIG. 4, which is in the nature of a hybrid flowchart and
functional block diagram. Through Step 419, FIG. 4 shows encoding steps for one channel.
Steps 420 and 421 apply to ali of the multipie channeis that are combined to provide a
composite mono signal output or are matrixed together to provide multiple chamnels, as

described below in connection with the example of FIG. 6.
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Step 401. Detect Transients a. Perform transient detection of the PCM
values in an input audio channel. b. Set a one-bit Transient Flag True if a
transient is present in any block of a frame for the channel. 5 Comments
regarding Step 401: The Transient Flag forms a portion of the sidechain
information and is also used in Step 411, as described below. Transient
resolution finer than block rate in the decoder may improve decoder
performance. Although, as discussed above, a block-rate rather than a
frame-gatg diranpiaptFageeiaydorm a portion of the sidechain information
with a modest 10 increase in.bitrate, a. similar result, albeit with decreased
patial ARy TG Do LS M Ca VIO e S
bitratethpdeteatihy TrensicotFiepdosfiframmients inftecemonorsornsbgite frame for
ﬁlig@%‘?igived in the decoder. There is one transient flag per channel per
rame, which, because it is derived in the time domain, necessarily
applieSwrunesibressdingthietHt channel The transient detection 15

may be-perianied indhemanneh-eimilacio it iemRlayadaiandiGs 3iso used in
encoder for controlling the decision of when to switch between lo %

SHB f ien GHISEERT DRSERE, DI A TRIAEr SBIG P16 Wit
Transientidag federftmany Asimedn whichibe Jsamsienblelagrior atilobkn 2
is True (an AC:-3 encoder detects transients on a block hasis). In ... :
SR e A BR300 b B AR S B g modes
msﬁﬁviw wirtie gra‘n@lsnﬁdé?e@ﬂﬁ@ﬁ debeliben R0 snaSecticn &2, oavay be
NSRS By A0 R SERRIYILG fACIOn  dRa0 s%u&@%g%m&ﬁlaﬁ&s@
Section 8.2.2 of the A/52A document is set forth below, with the sensitivity
farsenitadhe(DERHEEI1E HEIRTFGEUEEd B8 Edrrected to indicate
that therlQy pass filtatiis. e sassades hinvaddire ciiarm iR diltes sathed in the
than “form P' as in the published A/ %A docuﬂger}gs(gction .2 was detecti
ORI the ST gt A MO AR ety PRIRotOH & hEPeRtical "o8 gsent detection
sensiivity factor of B2nmadeenifoundiio berdcsuitable valug incaderdoticahtroliing
bodiment of . aspects. of the present invention. Alternativ imi -
T ST TE Rk 25 B R DR IS RN B Bl « e
exploydE 2Mhe 4 7BpatentdeBaibes apeens lefrsenarbak decumersnt Flag for a
trpnsientdetectardngreater datall 30A8RNEher aleallyentaRsiants see Section

may be detected in theff”requency domain rather than_in the time domain .
(B ARSGRIMERIS 4 Stkp BT tHAE SHRTSHE 4T FEY B iRteg described
andanmalternative, step erplaysdiltiiefequeancy domanasmdasetibesk: forth

below. -28- . : , e
&er\é\{n. ZSecuon 8.2.2 of the A/52A document is set forth below, with the sensitivity factor

nd
gecoder may

added (Section 8.2.2 as reproduced below is corrected to indicate that the low pass filter is a
cascaded biquad direct form 11 IIR filter rather than “form I as in the published A/52A
document; Section 8.2.2 was correct in the earlier A/52 document). Although it is not criucal,
a sensitivity factor of (.2 has been found to be a suitable value in a practicat embodiment of
aspects of the present invention.

Alternatively, a simiiar transient detection technique described in U.S, Patent
5,394,473 may be emploved. The 473 patent describes aspects of the A/52A document
fransient detector in greater detail.

As another alternative, transients may be detected in the frequency domain rather thap
in the time domain (see the Comments to Step 408 ). In that case, Step 401 may be omitiec

and an alternative step employed in the frequency domain as described below.
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Step 402. Window and DFT. Multiply overlapping blocks of PCM time
samples by a time window and convert them to complex frequency values
via a OFT as implemented by an FFT. Step 403. Convert Complex Values
to Magnitude and Angle. 5 Convert each frequency-domain complex
transform bin value (a +Jb) to a magmitude and angle representation
using standard complex manipulations: a. Magnitude _ square root (a 2 +
b L) b. Angle = aretan (b /a) Comments regarding Step 403: 10 Some of

the fo'g{@ﬂ%ﬁ%ﬁ;ﬂ% QL Msyuse, as an alternative, the energy of a bin,
defined as the above magnitude s%lgéed (i.e., energy = (a-' + b2). Ste

. [ P
404. Céistirteostiimai Enekyy! 8 -ehisnrtatnksibbERY SiRigy prt conver
Rlas Kobéfbﬁi%@iﬂ grin-aperavaliLes Hithineaghsthband farsummation
across frequency). 15 b. Calculate the suhband. energy per frame by
averagifi 6P§cé%mﬁﬁ&%?ée§§@§§§ﬁ Ao %%‘é‘%‘%%@%v‘h% nagF?ame (an
ave ragﬁ}agdeammmﬂemadmsiﬂ mapix fthefoouplingfrequenty oftmemgnitude
encodet s below aou( 1000 Hz, ARl e suBland, frame averaged or
rame-accumuelatecf)ener@y to a time smoother that operates on all
subbandszbdlagnitide frequasacypeird abbve the coupling frequency. 20
Commentg regarding sltep,404c: Time smoothing to provide inter-frame

smoothing in low frequency subbands may be useful. In order to avoid
artifactCcBBIpRF Lregariingit&e Héveen bin values at subband

boundayias: it mayonewisefslda apply mprogressiveli-deareasingisns of a bin,

smoothing from the lowest frequency subband encompassing and above
t%%%% ?ﬂ%‘ﬁ ?gg)ﬁﬁéﬁa&?}f\ﬂ%@egr%%ﬁe ;‘S%n@l%%tgﬁiﬁgl‘}naﬁa ﬁave a significant
effect) ﬂ_mﬁfﬂ@hg@_aﬂchﬁgtﬁdmmrﬁ)y_esgbpand in which the time _
smooting, gt B reasHable Rnaudile. gl oeady aHdbledn cacn

suitable time constant for the lowest frequency range subband (where the
subbrned dsunsiaglentsirdss SPEBRINGS are critical bands) may be in the

range of Q10 1QQinilisesends  forexample.y Riegiessivelycdariaasinge energy in
time smoothing may continue up through a subband encompassing 30

AHONE PG WHERS e F RS AATHIATR AR 2BSE milliseconds, for
example.JAltheughiia diteiqosder sminothesdsrsuiialble athesrhobtheamdy the subband

two-stage smoather that has a,variable fime constant that sheriens s
Zfﬁag@?( %Fr?gaﬁ%c% e i responseeFo F12Y P
subbands below that frequency and above the coupling frequency.

Comments regarding Step 404c:

Time smoothing to provide inter-frame smoothing in low frequency subbands may be
useful. In order to avoid artifact-causing discontinuities between bin values at subband
boundaries, it may be useful to apply a progressively-decreasing time smoothing from the
lowest frequency subband encompassing and above the coupling frequency (where the
smoothing may have a significant effect) up through a higher frequency subband in which the
time smoothing effect is measurable, but inaudibie, although nearty andible. A suitable time
constant for the lowest frequency range subband (where the subband is a single bin if
subbands are critical bands) may be in the range of 50 to 100 milliseconds, for example.
Progressively-decreasing time smoothing may continue up through a subband encompassing
about 1000 Hz where the time constant may be about 10 milliseconds, for example.

Although a first-order smoother is suitable, the smoother may be a two-stage smoother

that has a variable time constant that shortens its attack and decay time in response to a
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transient (such a two-stage smoother may be a digital equivalent of the
analog two-stage smoothers described in U.S. Patents 3,846,719 and
4,922,535). In other words, the steady- state time constant may be scaled
according to frequency and may also be variable in response to
transients. Alternatively, such smootifig may be applied in Step 412. 5
Step 405. Calculate Sum of Bin Magnitudes. a. Calculate the sum per
block of the bin magnitudes (Step 403) of each subband (a summation

@gﬁ%%}f(ﬁ%ﬂb%%%s@g%mk@a@ the sy md@%waqnm%ﬁa @ﬁmdmﬂw%igu@eﬁage

of each subband by averaging or  accumulating t nitudes of St e
TS AE BB DTbS (oA B e o o kRN A gged-
time)inlhesesumaate ustd tocaliujaie feainterchainne) Alngle variable in response

Consistency,Factor in Step.410 below. ¢. If the coupling freguency of the
SnEERSPR Bl E V(‘)th?f’ ig) Sﬂ%‘,’%‘&m&“ ﬁ%’eﬁjselfgﬁla?%dgmfnl%ﬁ?e'/gﬂeraged or
frame-SepUudSH et nhatgrfitud o8 BonaMimgaitrdebther that operates on all
subbands helow that freguencyiandirbey e .thaiGRMRIBE Irea Yo Ribband (a

Comments regarding Step 405e: See comments regarding step 404c
SHBEPLMATYSTHE G Bf Step 405c. the time smoothing may

alternatively-baperfaimest asparbomsten AkoniSiep AQaciCalstlatey averaging or

Relative Interchannel Bin Phase le. Calculate the relative interchannel
pEEIE e R R T e

hinangleiaf Steps403:ihd tor esponding:bin angleaf areferenoedHaryel

0 (for example, the.firs nel). The result, as with other angle
g%éﬂllsotﬁ%c ?éi% 0‘trrialllc igc‘)“ éj' ﬁ&;%r}gl%& is taken modulo (r, -r) radians by adding

or subttabitthg @uniivg fiseuesulpishwithivdpeisdebife ahand 88 He apiy, the subband
FERAQEGalcylatedniprehannel 3 PhaseAnglgofher @8Chberates on all

channel, calculate a frame-rate amplitude-weighted average interchannel

SuhABED SO AR TEaEAISY BBARRPHS RIIRRRB A EGAAEEK bin, construct a
complex dindrs fonr-the:pagnitide SéSien403 angdathieyelativedic except that in
interchanpgl bin phase angle of Step 406. b. Add the constructed compl
S o SR 0 AEHeSE AR LD ARY T4 SN AN ABTGeg o Sep 410
frequerkigh 8% COrtenbrit ibgaticinipStepat@izh BRoP examdpigieif a subband

has o BINA RO R RIRR IS 3.0 MR ValUe Bl forrd ARYHU8n biock by
other bin has a complex value of 2 + "j2, their complex sum is 3 + j3. -30-
subtracting from the bin angle of Step 403 the corresponding bin angle of a reference channel

(for exampie, the first channel}. The result, as with other angle additions or subtractions
herein, is taken modulo (r, -x) radians by adding or subtracting 2 until the result is within the
desired range of —x to +m.
Step 407. Calculate Interchannel Subband Phase Angie.
For each channel, calculate a frame-rate amplitude-weighted average interchanne!
phase angle for each subband as foliows:
a. For each bin, construct a complex number from the magnitude of Step 403 and
the refative interchannel bin phase angle of Step 406.
b. Add the constructed complex numbers of Step 407a across each subband (a
summation across frequency).
Comment regarding Step 467b: For example, if a subband has two bins and one
of the bins has a complex value of 1 + 1 and the other bin has a compiex value of 2 +

j2, their complex sum is 3 + j3.
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c. Average or accumulate the per block complex number sum for each

subband of Step 407b across the blocks of each frame (an averaging or
accumulation across time). d. If the coupling frequency of the encoder is

below about 1000 Hz, apply the subband frame-averaged or
frame-accumulated complex value toz time smoother that 5 operates on

all subbands below that frequency and above the coupling frequency.
Comments regarding Step 407d: See comments regarding Step 404c

except that A.He-CR3eRAfRISR AR NSNS HNARINGEI@Y: for each subband of

alternatively be performed as part of Steps 407e or 410. e. Compute the |
magniftieR 07 s eshipral YdsUf 18 HRMIAY A SR R EnYgtion across tme).
CommentiregaediogpBigird@reicy biaisagritésiscusediouBSiepriapply the
below. In. the simple example given in Step 407b, the magnitude.of 3 + |3

o sauSPB TR R I R G B i e thr
as perdpteged08. Conhinentsorégartingr8temaoid Ebtive Whipplepbrafgsiecncy.
givenin S&E%Qn ale?s pggaxjénm&)qf(@d"' J§e‘§c}%§ﬁm&3{§aaﬁﬂ§g @‘?@)@féﬁé%mept that

m/4 radians. This subband angle’is signal-dependently time-smoothe

(see Stepha sy dandhticcheses swpbing wsygisuritectndstsioamad as part of
Angle gaptral-Rajameter sidechain information, as described below. Step

408. Calculate Bin S?ectral-Steadi ess Factor 20 {:or gach §J1ré calculate 403

a Bin Spebtial SEKdIBABLRIS N IRETRRGE BB IO 15 TONORRPH Tk

Xn, = bin roagntegte-of ppRse ISk ajolk ealChilated-nnGtep 403, ibSteptiyia selow, In
corresponding bin magnitude of preyious block. c. If xm-> y,, then Bin i
Dynarm i ARO[ 2 A EIeB s Tk S lroon 09
DynamiciAhplitude Factor = (xm/ym)2, e. Else if y" = xm, then Bin
Spectral-Sieadingss FAGHof. 7 dn SOMPETILeAABISAERAOS: "Spectral

steadiness" is a'measure of the extent to which spectral components (e.g.
spectral cEETHIRERES Br2aRding $6e) ththde SyeimreemRle given m Step 07b, the
Specgr%hgmlneﬁafﬁﬁw Qi) 30sindisates ROChaNge. OVEk augiveid HRe: is
period. Spectral Steadiness may alsp be take an indicator. of wheth

a transFéf‘r”ﬂ%‘}??@g?ﬁ?]yﬁf?ﬁﬁé’i’é’ﬁ@ﬁ?a@???a%%@ %%E%deﬁuﬁ%%zg%gg?ﬁlgfﬁp 40

- spectragiireyammplititiendven detithetpeé Mackofetd1sidechain information, as described

below.

Step 408, Calculate Bin Spectral-Steadiness Factor

For each bin, calculate a Bin Spectral-Steadiness Factor in the range of 0 to | as
follows:

a. Let x,, = bin magnitude of present block calculated in Step 403.

b. Let vy, = corresponding bin magnitude of previous block.
¢. If X > ¥, then Bin Dynamic Amplitude Factor = (yn /Xm)

d. Else if ¥;y > Xm, then Bin Dynamic Amplitude Factor = (X, /ym)2 ,

e. Bise if yu = X, then Bin Spectrai-Steadiness Factor = [,

Comment regarding Step 408:

“Spectral steadiness” is a measure of the extent to which spectral components {e.g.,
spectral coefficients or bin values) change over time. A Bin Spectral-Steadiness Factor of 1
indicates no change over a given timne period.

Spectral Steadiness may aliso be taken as an indicator of whether a transient is ﬁresent,

A transient may cause a sudden rise and fall in spectral (bin) amplitude over a time period of
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one or more blocks, depending on its position with regard to blocks and
their boundaries. Consequently, a change in the Bin Spectral-Steadiness
Factor from a high value to a low value over a small number of blocks
may be taken as an indication of the presence of a transient in the block
or blocks having the lower value. A fusther confirmation of the 5 presence
of a transient, or an alternative to employing the Bin Spectral-Steadiness
factor, is to observe the phase angles of bins within the block (for

SXAPRIEAItRE:PRARS ARG IS QR Rin SRR 403N Beteusas HinisiRihitries.
likely to occupy a single tempaoral position within a block and have the
Gl B A gyt BIJER, TREBXISIERIP T PUSTIENTLT A HhrEp @ lov
vaay be-rndigaledbya stifstantiadly inifpemad eleiniicapbase froprdsimeo of a
bin in the hlock - namely, a, 10 substantially lineayr of phase .angles .
eSO oSy, Vet A oo e R aARe A e

phsemvedfethirsamplitudedoven e shraibhuninisshoBplGaks b texdingsteactor. is to
gh ie;%%géﬂ%gﬁn%?&% QL SiaRA0R) flameivaxlagking, dresifonaie outpur of

and fall of spectral level. Alternatively, Step 408 may look at
fired GbndisatveaiteersThistE ke DROHS BIb SIS L B RO BBHGn within & biock

freomanRay ol dhessncadeanishhelowsabaut 10RRH2 «aieR 408wy taokat may be
more than three consecutive blocks.. Th nu&nber of co&sem{[éi‘vrg blocks
AR

FRAYASKERY fhEB SRS STERTLPS itk REGAIY iR fpfberamely- 2
graduaiiyintrrasesmsthdisulbaid afre duetoy rdigewecreases. fifither Bin
Spectral-Steadiness Factqr is obtained from more th ; .
SRR SR B gL A AL T, 20 Mo blocks (o
stepspl20titat respondeoniytbahBtenutibe meisio dkslemeng doedbtéetingrdden rise
tgg@%ﬁrg{ssﬁgt&f%ggr alternative, bin energies may be used instead of

bin magnitudes. As yet a further alternative, Step 408 may employ an

"event AdierIITeefiehns ek g e AL BRSRISEHBERIRAI tREsnteRtiock: 1f

following:Ster ARf: Stemd 0. /aommir S ubhand@pecitalSieasiaessok at more
Factor. 25 Compute a frame-rate Subband Spectral-Steadiness Factor on
s SROTr By R B AR, O WPISA RUGFAdR N Bk
SpediakGieadinessiFacmuithinhebehthsuishard sredosE;theiocksdmha subband
frame as follows; a. For h hin te the. the B i
R R A5 A, SRS R SR o mor e
498. 180ck. Budvitd profnsmnitmineachdsetbmed Tasbitisiamownudiy sgparate steps

frequentns snAVE R SRR i mlate thesummation of $iamA09b in all
the bIOC}L(sS zltnfu?t{é%r&?er(r?aqwgvgﬁ? géggo{e?%gv%%lggginh%%gg gft {)rpne%ia@litudes.
, g 3

As yet a further alternative, Step 408 may employ an “event decision” detecting
technique as described below in the comments following Step 409.

Step 409. Compute Subband Spectral-Steadiness Factor,

Compute a frame-rate Subband Speciral-Steadiness Factor on a scale of 0 to 1 by
forming an amplitude-weighted average of the Bin Spectral-Steadiness Factor within each
subband across the biocks in a frame as follows:

a. For each bin, calculate the product of the Bin Spectral-Steadiness Factor of Step 408

and the bin magnitude of Step 403.
b. Sum the products within each subband (& summation across frequency).

¢. Average or accumulate the summation of Step 409b in all the blocks in a frame (an

averaging / accumulation across time).
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32 d. If the coupling frequency of the encoder is below about 1000 Hz,
apply the subband frame-averaged or frame-accumulated summation to a
time smoother that operates on all subbands below that frequency and
above the coupling frequency. Comments regarding Step 409d: See
comments regarding Step 404c exceptthat in 5 the case of Step 409d,
there is no suitable subsequent step in which the time smoothing may
alternatively he performed. e. Divide the results of Step 409c or Step

409d, aspRprRRpale, e sWiief dhebin imagnitdeas (StenBORpNitnsubband
the subband. Comment regardin%?Step 409e: The multiplicatio

ion by the
ma AT TF2Sh Py A A R éwmg}aﬂ%gﬁﬁé@tﬁﬁ%%ﬁ " Ries oo 1
in StepA4Q9s-pravide fwaplitudendeighting: cbheiputfuahStep 408 is
independent of absolute amplit and, if not amplitude. weight -
caties OB o S OB e ot R By cr LR s e e
whit isendésiradlédf 18cale thewiediit o eisrein: tepSubthaghdthe time smoothing

Spq&%@;%gggj%ﬁ E%%QX mapping the 15 range from {0.5...1 } to
{0...1} . This may be done by multiplying the result by 2, subtracting 1,

and linsitiAty iksstiseradts aianeo 49% vaRierct® cobrmpREigdithg SR the bin

409 SteR A maybewmsefiinassuming that a channel of noise results

in a Subband Spectral;Steadin;ss .Fsigtor of zero. .Cogmleonts re adrbdin%t 409
Steps A0FPRAAGE NI YOA GF StpTATE AHE Hovis toHeHtlre™ >rep 4078
spectiaihsteatiness <ehangestin speatraiccontiosititie puerndinaenjnimde weighting.
subhand of a chann lternatively, aspects of an ISION™ e
o S e R A LS R o
02/0873192 Ay design ity Uriitent‘Shate Sy arayrpltcemplsyesns!] ampiitudes,
measiirg sheciialsigadiness instead of the approach just described in
connection with Steps 408 and 409. U.S. Patent Application S.N. 25 _
10/47855B14ilbe WV ethBRRPON L HBR AP e SIARS Ay mapping the
applisation.ef the . published PCApplicatiatn/e 8RIQQRIO2Ad resuit by 2,

According to these incorporated lications, the magnitudes of the
comPRPEEE &oaéi‘ﬁgfgﬂ?%f léeé%]ﬁsﬁ%gé& ncgafguﬁé’tag “and normalized

(largestmmgnitudeds-daid Saalléé: of ondfomexempleftThensdrerg that a channel
maggiyies Augorepandingsbias i deain conneguig,plocks are

subtracted {ignoring signs), the 30 differences between bins are summed,

and, if themmentsasaddinghiehdit, ape Hi6ek boundary is considered to

be an aydlitory; evepi RAMRAAN /e DAl CHRPGAS Ik &MRILOS B, in spectral
block to block may also be considered along with spectral magnitude,

CWWR}H& i} a subband of a channel. Altema?ively, aspects of an “event

decision” sensing such as described in International Publication Number WO 02/097752 Al
(designating the United States) may be emploved to measure spectral steadiness instead of the
approach just described in connection with Steps 408 and 409. U.S. Patent Application S.N.
10/478,538, filed November 20, 2003 is the United States’ national application of the
published PCT Application WO 02/097792 Al. According to these incorporated appﬁcations,
the magnitudes of the complex FFT coefficient of each bin are calculated and normalized
(largest magnitude is set to a value of one, for exampie}. Then the magnitudes of
corresponding bins (in dB) in consecutive blocks are subtracied (ignoring signs), the
differences between bins are summed, and, if the sum exceeds a threshold, the block boundary
is considered to be an auditory event boundary. Alternatively, changes in amplitude from

block to block may also be considered along with spectral magnitude changes (by looking at
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-33- the amount of normalization required). If aspects of the incorporated
event-sensing applications are employed to measure spectral steadiness,
normalization may not be required and the changes in spectral magnitude
(changes in amplitude would not be measured if normalization is omitted)
preferably are 5 considered on a subBand basis. Instead of performing
Step 408 as indicated above, the decibel differences in spectral
magnitude between corresponding bins in each subband may be

SUNMeH: B asaaLdanss With:1eeg) teachings of said applications. Then,
each of those sums, representing the degree of spectral change from

block % #RSER Rt 0B SERIEH YA RRS RS ARP IS 2 Ao TR A ggeasure
{pstanhadngeastangaaiiomd iasl, nvhieseiquarvaluel ailcindieatassthenhOmagniude
highest stead?egs, ag{aan%) of 0 dB from bloc tot.block forttad?ive €]k:)ikrﬁ. A
VERRESHD A RGeSt e 18IS P&t G e 8 Ay bE aksighed to decibel
chaniesiequaldibardpreste Mthaadao fsistRisteiagitemi 0§ rshrascd2dibofisr the

ggca tegg%ﬁfgrgﬁ%%hﬁﬁy&%&ﬁé SRgctakRleadiness FACI WmndNRY.PR 1885hd may be

. the same marnner that Step 409 uses the results of Step
408 dasesidencapoetpreiiges s 1pgl rdadicaionsgiphen, each of those sums,

gelabgtgadingss frapleiehtained iyl HISmRING e iustaesceibe: the result

alternative event decision sensing technique, the Sgbband L b
SreRr S AIRES A P BRSSO 9 Y Hiso BBTHRG 4% afedizyes e

af dsansianieF ol cexarphy) fferabgeiobvsitsarodicacdiny Steg0d (.

is 0 to.1, a transient may be considered tq be present when the, Subban :
S B e B R e P Qs o
indigaltingeubistarkiab $pefir&hunstmpidinébes 20t il Forapmatiatae s Factor,

}ggﬁ@&@fﬂ@éﬁmﬂ%sﬁ@&%ﬁﬂ&%&?@t@%@@%é@‘%ﬁe @aaqlexﬁrs%be 408 as

escribed alternative to Step 408 each inherently provide a variable

theessiveitiateva CRRIBINSIRIER IRFEHEE thBYR arep et GRSt ERaPigRsd by
i blaekie flockQptianatnaitayheassei tersupplementsuehSubband
inherenc by_specifically?%qvidinr% a shift in the hreshol%in resraonse to,t F
PRI G AT S BF B GeARUIGE AmoRgrast or

smallertransiensyefyslasopddransient eomigsaiop midsdoslowdeyele considered
APREURELI LG 28Rl SR GE SRR AN SN ASIEA Ok Nch os. for
inttially identity each clap as an event, but a qua transient (e.g., A drum
hitemly. hakedicdosi abhsteotshispeasalhresprsld e that only the drum  hit is

identifigd a5 a0 syent.Aligraatieli, 8 Jandersness metic MayBeed by Step 408
employed (for example, as described in 30 L.S. Patent Re 36,714

B8 BRSO CEERD S SRS AR, oS 18 threshol

Galculaten atersbaniel AvgleGersisienayiacifinges from block tw block. Optionally,
it may be useful to supplement such inherency by specifically providing a shiff in the
threshold in response to. for example, multiple transients in a frame or a large fransient among
smaller transients (e.g., a loud transient coming atop mid- to low-level applause). In the case
of the latter exampie, an event detector may initially identify each clap as an event, but a loud
transient (e.g., a drum hit) may make it desirabie to shift the threshold so that only the drum
hit is identified as an event.

Alternatively, a randomness metric may be emploved (for example, as described

U.S. Patent Re 36,714) instead of a measure of spectral-steadiness over time.
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For each subband having more than one bin, calculate a frame-rate
Interchannel Angle Consistency Factor as follows: a. Divide the
magnitude of the complex sum of Step 407e by the sum of the 5
magnitudes of Step 405. The resulting "raw" Angle Consistency Factor is
a number in the range of 0 to 1. b. Calculate a correction factor: let n =
the number of values across the subband contributing to the two
guantities in the above step (in other words, "n" is the number of bins in

the subhandy Ifdlis iaes thaR-RalfldNemdnale fansisiepsysactor be 1
and 10 go to Steps 411 and 413. c. Let r = Expected Random Variation =

1/n. StBErasbrsHRRrntheasuTPere e St i SN Stz XR dVEEIRYr! Angle
Stap ddnQrbdividisigRy: (1 - r). The result has a maximum value of 1.

Limit he g value (00,28 Mecesealy. 15, CoUmens eanag S,

410: Interd onsistency is a measure 0 ar
interchangehphaséSangles drecwithinz SubbandgbyEoastrammey FeciotisIf alhmber in
bin int %h nnelm les of the subband are the same. the Interchannel

Angle %‘oﬁ%‘%ﬁ'e%cy %abtor Is 1.0; whereas, if the interchannel angles are

randomly Bcaalenis: erewestienaispidaches ZE1onZObFhe’ SalBRATAhHiR subband
ConsistgRemiacial idicatgs.iinersnisn AR Magedew@enthethe number

channels, If the consistency is low, then itjis desirable to\_decorrela&e the be | and
channdlSPRsARgHe Faianftichles SFULEE miagBe Mg FafsHeRey Factor be & an

indepepdensehothersigasl. characteristics. It will be noted that the

Subband Angle Cansistency Factog, although.an angle parameter, is_ .. -
determinetcl’r;jﬁe ﬁe%p Fom V\%gnglrgg?}? Gdes. Ifﬁ%ir?t%?%ﬁ%ﬁné Izr;lmg?erss}';llrte0 -
all 25 thepstifie, adding the complex values and then taking the

magnitude,yields the. same.resi'sas eking. Al e pagritudesand.adding »

them, so the quotient is 1. If the interchannel angles are scattered, adding
the coriprexevalnasI¢stich AaHbHIng arisFs BBV thfefsAtaNRgles)

results ¢ig,akigast-paitighcanesliation, so the magnitude of the sum is less
than the sum of the ma%nitudes, and the uotie,nﬁ is less than

1.30
Followi IS H SRS NI T SLbBARE AU B B S EpoRgnel phes
thiagithebvoitamplechid valuedane: (Brnid) et (6 wj8)c{Sarierarigle! the subband

D (ol S e 4 gl
L2 mragn radenD WIS, diy e U (SRS e

The Subband Angle Consistency Factor indicates if there is a phantom mmage between
the channels, If the consistency is low, then it 1s desirable to decorrelate the channels. A high
value indicates a fused image. Image fusion is independent of other signal characteristics.

It will be noted that the Subband Angle Consistency Factor, although an angle
parameter, is determined indirectly from two magnitudes. If the interchannel angles are ali
the same, adding the complex values and then taking the magnitude yields the same result as
taking all the magnitudes and adding them, so the quotient is 1. If the mterchannel angies are
scattered, adding the complex vaiues (such as adding vectors having different angles) resuits
in at least partial cancellation, so the magnitude of the sum 1s less than the sum of the
magnitudes, and the quotient 1s less than 1.

Following is a simple example of a subband having two bins:

Suppose that the two complex bin values are (3 + j4) and (6 + j8). (Same angle each

case: angle = arctan (imag/real), so anglel = arctan (4/3) and angle2 = arctan (8/6) = arctan
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= 15. The sum of the magnitudes is magnitude of (3 + j4)+magnitude of (6
+)8) =5+ 10 = 15. The quotient is therefore 15/15 = | = consistency
(before 1/n normalization, would also 5 be 1 after normalization)
(Normalized consistency = (1 - 0.5) / (1 - 0.5) = 1.0). If one of the above
bins has a different angle, say that thessecond one has complex value (6
-j 8), which has the same magnitude, 10. The complex sum is now (9 - j4),
which has magnitude of square root (81 16) = 9.85, so the quotient is

285/ Aa&R-86misonsisteney befare normalization) Jiadrai@liEe, root (81+144)
subtract 1/n= 1/2, and divide by (1-1/n) 10 (normalized consistency =

0'66 - 0.5) / (I - 0.5) = 0.32.) Although the above-described technique for
determiningua Sttbbangdmvagle 1 Gonsiniency Faetsn-hasdheed:folidd-ysefu, + 10 =
it e is nqt critical. Other_suitahle techniques .m employed. For

LS G B LB I it ot A L TA I G i boutd aio
stanairdrformiilatom @nyasadindesirapte to-&apldy afplitude)-

weiohtipg,fo RIS B e Ueshaltamal sianals guihe.calguated: compiex

consistency value. in addition, an alternative derivation of the Subband _
Aslgte Coristeirbhradramayameeirerdy (the omirssypisgow (© - j4), whick
mAgRILHes) nsigadofmagnituds. Thissmaykeassamplisbed: by 0.66 =
squaring the magnitude from Step 403 b,efgre itis aqépligcgo Stg%sﬁ 1)
SHEFBEPCSIRY A FOTE R SlbbEh BB STeldRBA S hle Factlr. 96'Detive
arfsamesateddacernrelationScals) Factar. Sor-aath)subband as follows: a.

Let x = frame-rate Spectral-Steadiness Factor.of Step 409f fy.=:.
frame. AL R e atare Ea e oG o s L bl Xgle o
Sishkiardd® Eeonetatiores taladametol B Bsexy rqtleripgyal PibmibserYEaveERIques

%%%68%3161%?1&/9@1 MAENIZ FGORrINOBIRP AlLhialbe SHBRaNE RRCANSIAIAR, using

e Factor’is a function of the spectral-steadiness of signal

credRtbRSTSe6y R TG o 'SHINBEP I EHAKHErHEuAS weighting to mnimize the
Spestainadingssoracien ansethe sansigtengydn the same subband of

a channel of bin angles with respect to corre ding. bins.of a reference
channeﬁﬂ?@‘ﬁ%‘r%3%‘??87‘%@48%%%5?2%@%%8%%ﬁ% UbbaRg 30T M
Decerkelation: SqateFatterishighdnlyifbottn fne SpedtrakBieadinesgccomptished
Factor and the Interchannel Angl nsiste Wos38a A

o R e o o e clonia o
envelopstaietbrr Bletion wioviad dDier teetptiauiBeasiBaeiy that exhibit

Spec’[ra%@@ﬁﬁﬁﬁe@é@é ﬁ%@nelaﬁom Scale Factor for each subband as follows:

a. Let x = frame-rate Spectral-Steadiness Factor of Step 4091,
b. Let v = frame-rate Angle Consistency Factor of Step 410e.
¢. Then the frame-rate Subband Decorrelation Scale Factor = (1 -x) * (1 -y), 2

number between 0 and 1.

Comments regarding Step 411:

The Subband Decorrelation Scale Factor 1s a function of the speciral-steadiness of
signal characteristics over fime in a subband of a channel (the Spectral-Steadiness Factor) and
the consistency in the same subband of a channel of bin angles with respect to corresponding
bins of a reference channel (the Interchannel Angle Consistency Factor). The Subband
Decorrelation Scale Factor is high only if both the Spectral-Steadiness Factor and the

Interchanne! Angle Consistency Factor are low.
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preferably should not be decorrelated by altering their envelopes,
regardless of what is happening in other channels, as it may result in
audible artifacts, namely wavering or 5 warbling of the signal. Step 412.
Derive Subband Amplitude Scale Factors. From the subband frame
energy values of Step 404 and from the subband frame energy values of
all other channels (as may be obtained by a step corresponding to Step
404 or an equivalent thereof), derive frame-rate Subband Amplitude

Scale ﬁ@%%ﬁiﬁ%fgg%ﬁh%%)@cf@ﬁ%ﬁ%ﬁ%%r%%&%@é@%@%%iope

per frame across all input channels. b. Divide each subband energy value
BROTFBIMEST(REHISER HOAFHY e SO BTHRECEHRRGYAtISEaESS QT tme

nprkahasnals dam: Jepdiea) 1o areate valuasiaithesl angedadsd oforbaCis
Convert each ratio to dB, in.the range of - . 15 d. Divide b)(vthe scale
RS RS SARIGH o) B CHC Bt P e o B e B

of example. cﬁange sign
ioaytidiltb @ Miba-viggative value, limit to a maximum value which may be, for

exaimpie, 31 S RSSO\ AN BHOL IR ARRLeSt Ineger o reate

the quan value. These values are rame-rate Subband Amplitude

Scale Faowticatbbard Gompaypettnsabian Oftie $ifcurtiiomiberiidignd fume
endtdhe souplingifragenawnat (he aRcadebisiRalow @a@yaa,?é?dﬂai@qglgmp 404
Itu

the subband frame-averaged or frame-accumulated magnitudes to a ti .
m%ﬁ'élﬁfﬂ%%?a&éﬁhvsﬁr%@é%&%&r&ma{%ag&ﬂa}i b ows:
the coupling fierveneydGammertsregaitiogpSienhi 2eoses: commentacls.

regarding step 404c except that in_the case of Step 412e IS.NO R
cutable B A GLSS N WHEh RA e CRVSORRG My Dl ) e sum f
altesnatiyeiyibes perferrictp@oimments fionStep 4122 Altheatyhy thees in the range of 0
graqgl?rity (resolution) and quantization precision indicated here have

been found to be useful, they are not critical and other values may provide

acceptableorastilgschrrbpiamieli baearenhse dtriplitude instead of
energy foigenerataitbe stkRand. 30 .Amplitude Saledeactars. f AISIRG example.

amplitude, one would use dB=20*log(amplitude ratio), else if SiEh . f
ciBRES, B ST TS TSRS AIBLE 0N (e YaHtS) ¥ e gfﬂ?t%Bz-:f or
rafignpleQUaLe reot(prergyniatid)rod Step 4dBzSigrabDepandeitlyuantized

Timl?e.s szg;[zhw!l &er%pea&g Ia?n“e%%?@uﬁ haaf}%eAAn ! e é@aﬁ’% actors angd are conveyed as
sY& al- ependenfstemporal smootehlng% sub@%gl%}rame-rate interc anne€i
part of the sidechain information.

e. If the coupling frequency of the encoder is below about 1000 Hz, apply the subband
frame-averaged or frame-accumulated magnitudes to a time smoother that operates o all
subbands below that frequency and above the coupiing frequency.

Comments regarding Step 412e: See comments regarding step 404c¢ except that in
the case of Step 412e, there is no suitable subsequent step in which the time smoothing may
alternatively be performed,

Comments for Step 412:

Although the granularity (resolution) and guantization precision indicated here have
been found to be useful, they are not critical and other values may provide acceptable results.

Alternatively, one may use amplitude instead of energy to generate the Subband
Amplitude Scale Factors. If using amplitude, one would use dB=20*log(amplitude ratio), else
if using energy, one converts to dB via dB=10*log(energy ratio), where amplitude ratio =

square root (energy ratio).
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angles derived in Step 407f: a. Let v = Subband Spectral-Steadiness

Factor of Step 409d. 5 b. Let w = corresponding Angle Consistency Factor

of Step 410e. c. Let x = (1 - v) * w. This is a value between 0 and 1, which

is high if the Spectral-Steadiness Factor is low and the Angie Consistency
Factor is high. d. Lety = 1 - x. y is higiif Spectral-Steadiness Factor is

high and Angle Consistency Factor is low. 10 e. Let z = yCX , where exp

is a constant, which may be = 0.1. z is also in the range of 0 to 1, but
skewegtowayddls 8 ditg iR Somolia sRpshanhd subieddansieningles.

Flag (Step 401) for the channel is set, set .z = 0, corresponding to a fast
time cARERANEINF REFBLEHEBYA PARGIEHE 5 SBRBOCTIE 8 Hbsne!

allowablesdluseh 20t = 1 - (0.1 * w). This ranges 15 from 0.9 if the
Angle Consistency. Factar is high to 1.0 if t n sistency Factor is
low (0). ha.l'LII@TE]i"[J z )éi}q%i’rfa"l%é egi[:%i?ségolﬁjr@q?ﬁe(gfhf im %ﬁé%gﬁ :bcﬁ;rri. i. Smooth
the subbandangtecof Stema0z fAnsisd wrsiveey Spgiertf ararniivg

smoothed value of angle:maintained far eachaubband. If durRRAUG P the

Step 407f and 20 RSA = running smoothed angle value as of the previous
block, HrataERredingss Freelt PR B IhA Ral gL 6T S iR Shen:
NewRSA & RSAL £ +A ¥ {dhigh) if ThavalurcafiRSATscsslisasmenidy sefle

equal to NewRSA before processing the following block. New RSA is the

signal d¥BERASH Y S dMibothed angle output of Step 413. 25

Comments fegardiiyj Stéprd 13 Whemstdnansiecit isagdetectéd, thes sisobaitied range
angle update time cons I t . i id ngle
changd The B e
mechanismiféhestransenyBlas (Rl Sohairhepsistiscaminpamgeponding to

image ,wandering, during staticQrauasistatic signals, yet fast-changing
signals are treated with fast 30 time constants. Although other smgoshi[}%_ )
technique§- &HEPPAIAITR R RIHE B IREHNE Wit LofdlP Smadther W) 1Tus ranges
implentepting $tep 4k31basheamigundito hasuitable. if inplepiettedissrey

first -38- order m08ther / lowpass filter, the variable "z" corresponds to

the fee -?6%\?&%%6e)fficient (sometimes denoted "ff0"), while "(1-z)"
corresponisitmihe fgdabackecestizientz(sdmetintes. = lim.

1. Smooth the subband angle of Step 4071 using the value of z and a unning

smoothed vaiue of angle maintained for each subband. If A = angle of Step 4071 and

RSA = running smoothed angle value as of the previous block, and NewRSA is the

new value of the running smoothed angle, then: NewRSA =RSA *z+ A * (1 -z).

The value of RSA is subsequently set equal to NewRSA before processing the

following block. New RSA is the signal-dependently time-smoothed angle output of

Step 413,

Comments regarding Step 413:

When a fransient is detected, the subband angle update time consiant is set to G,
allowing a rapid subband angle change. This is desirable because it allows the normal angle
update mechanism to use a range of relatively slow time constants, minimizing image
wandering during static or quasi-static signals, yet fast-changing signals are treated with fast
time constants.

Although other smoothing techniques and parameters may be usable, a first-order

smoother implementing Step 413 has been found to be suitable. If implemenied as a first-
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denoted "b1"). Step 414. Quantize Smoothed Interchannel Subband
Phase Angles. 5 Quantize the time-smoothed subband interchannel
angles derived in Step 4131 to obtain the Subband Angle Control
Parameter: a. If the value is less than 0, add 2rz, so that all angle values
to be quantized are in the range 0 to32m b. Divide by the angle granularity
(resolution), which may be 2n / 64 radians, and 10 round to an integer.
The maximum value may be set at 63, corresponding to 6-bit

Qantizaiin- /%Wf}%@ HgLegardingsRiep 44 de Auamtized v aleals coefﬁcmnt
treated as a non-ne atlve Intefger SO an eaS{ W éeto quant|ze the an

(soraetrag fapshorlnegdtive Ibating BeiRe (esdbeshy cﬁqggéemgweumes
Bakingbthe range 0 to (less than) 2it)), scale by the granularity

(resolution), and round to an |nt r Similarl in at mteger
(i L TR e AR S e
accomplistied th;a a@m@%&smb&ﬁez@éﬁh&m@t@xg}mm@mm/ﬁa&t@ 413itc

cgta}/eélln%gb ?tlll’(l) ﬁ’% .2.non- negative floating point angle
again, range t) arter w it can be renormalized to the range r

for furtherauﬁéhwmmgﬂ@@éhﬁz@ qdartzeriBe o e sSurbegtdosgeantized are in
Contral Paramegtgrfias been found to be useful, such a quantization is not
critical and other ((];Jantlzatlons m lg provide acceptable results. Ste

Quantize SUBBHPDECSHelRFTTSES FSeiBr QUAMR B S St %%f& tans, and

Decorrglation Scale Lactprs peaaderd byiSten ¥d dcta &, @xpapolalife to 6-bit
levels (3 bits) by multiplying by 7.49 and rounding to the nearest integer.

These 28" ed values are part of the sidechain information.
Commé?mtmmgardhggzﬁmg Bk 4Afthough such quantization of the

Subbard De %c%aue Seals F&%EOJ%&PE %S&‘{Pe foupd. tQO% USEMWay to quantize

quantlzatlo usmg the examp e values Is not critical and other

durartidationsmmy mm@méﬁfaﬂﬂéum@t mygbstd{sdr &7 e divase making
W@@@&Q&E%ﬂ@ﬁﬁerﬁa D%H@@H?%r&@@l@%?%@ ARS8 an mteger

Control Parameters (see Step 414), to use prjor to downmixin Com
A S 555 B SEi Ao O T W SR B e
malaiaiNcsy RehteByPieinedear tieleaeedss imverse of the angle granularity facior,

converting a non-negative integer to a non-negative floating point angle (again, range 0 to
2}, after which it can be renormalized to the range =1 for further use. Although such
quantization of the Subband Angle Control Parameter has been found to be useful, such a
quantization is not critical and other quantizations may provide acceptable resulis.

Step 415. Quantize Subband Decorrelation Scale Factors.

Quantize the Subband Decorrelation Scale Factors produced by Step 411 to. for
example, & levels (3 bits) by multiplying by 7.49 and rounding to the nearest integer. These
quantized values are part of the sidechain information.

Comments regarding Step 415:

Although such quantization of the Subband Decorrelation Scale Factors has been
found to be useful, quantization using the example values is not critical and other

guantizations may provide acceptable results.
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and the decoder. Step 417. Distribute Frame-Rate Dequantized Subband
Angle Control Parameters Across Blocks. In preparation for downmixing,
distribute the once-per-frame dequantized Subband 10 Angle Control
Parameters of Step 416 across time to the subbands of each block within
the frame. Comment regarding Step 24.7: The same frame value may be
assigned to each block in the frame. Alternatively, it may be useful to
interpolate the Subband Angle Control Parameter values across the

blocksgpplh@ ddReshiuaspolaiencanatdinamayihe. employed in
the manner of the linear interpolation across frequenc%/1 as ggﬁ;ribed

below DSEBIES iR WG QUL AR RGHS EBnt/eR P ARG 818 ©
&inanidstabute the block Subband Angle Control Parameters of Step 417

for each channel acr .sslg uency to bins, preferably using linear
interpo AR tdegggﬁbn ?egio%{\/‘.&c’zo Comment regarding Step 418: If

linear ititergiolativizaicrebefiadue pespisEmipoyeih S teyyarhgomiiehizss the encoder
phase angle..changes from bin to bin across a subband boundary, thereby
minimizing aliasing artifacts. Such linear interpolation may be enabled, for

examphéerd!de RisHdepteramsiBakn g tHBa e iprbhrafapi Sentrol

sybhand,angdasaigeegliculated independently of one another, each 25
representing an average acrgss a subhand. Thus, there may, be a large.
o B RSP G S AHTE R A Bt T VA AGp Ged Subband
subbandnsapptiecteraliting il thesubbardo (ad' rebtandguldrashbbabdvithin the
%irstribution), the entire phase change from one subband to a neighboring
subband occurs between two bins. If there is a strong signal component

there, CheneerdydgasBee®epdddibly audible, aliasing. Linear

interpolgtion, bepween the ﬁﬁ'{ltﬁ’é%@@cﬁ@%&%@@@% for XA PG sematively, it

spreads the phase angle chan%e over all the bins in the subband, ,
RiRRARRthe EHamgkIsehmSBRDARY DR OF BING! SamaIsforAliEIRpRSS thg Plocks m

angleat theclownenshiohehvbband mates withishelangle atiherhipheihskaf
the subband belov}vgit, while ngjntai i’égD;“Oi the overall average the same
D T T e g oY 853%%? " Sther words, instead of

rectangséar slthbanerpigtibutiahsSthbmsubbapi Gegled Bibuoticer miaBbe
trapezoyiallf, 20aRaT L RIS AL ERASR KIBLINEIOWESIEOURIRE cach channe
subband has one bin and a su ang 5 angle of 20 degrees, the next
subsbsirfechemehitedbin S subbErinem dRaceId Tige ghesscrang delow.

Comment regarding Step 418:

If linear interpolation across frequency is employed, Step 418 minimizes phase angle
changes from bin to bin across a subband boundary, thereby minimizing aliasing artifacts.
Such linear interpolation may be enabled, for example, as described below following the
description of Step 422. Subband angles are calculated independently of one another, each
representing an average across a subband. Thus, there may be a large change from one
subband to the next. If the net angle vaiue for a subband 1s applied to all bins in the subband
(a “rectanguiar” subband distribution), the entire phase change from one subband 1o a
neighboring subband occurs between two bins. If there is a strong signal component there,
there may be severe, possibly audibie, aliasing. Linear interpolation, between the centers of

_each subband, for example, spreads the phase angle change over all the bins in the subband,
minimizing the change between any pair of bins, so that, for example, the angle at the low end

of a subband mates with the angle at the high end of the subband below it, while maintaining
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the third subband has five bins and a subband angle of 100 degrees. With

no interpolation, assume that the first bin (one subband) is shifted by an

angle of 20 degrees, the next three bins (another subband) are shifted by

an angle of 40 degrees and the next five bins (a further subband) are

shifted by an angle of 100 degrees. {dthat example, there is a 60-degree

10 maximum change, from bin 4 to bin 5. With linear interpolation, the first

bin still is shifted by an angle of 20 degrees, the next 3 bins are shifted by
ARAWERD, 40580 h S HRUFEES NG thecunaxd fiverhins.age: ShifieBby alaeUinstead of
67, 83, 100, 117, and 133 deg#;:es. The av raé;e subpand aggle shiftgsuf
SRS AP DR DR SO AR S ST RLGEETES 17 Brgrausl

@ppanally, changes in amplitude from subband to subband, in connection

with this 15 and other steps,. described herein, such tep 417 3 d
e ot R e AECENRSE ML S 85 R O A Y 5
megle 9626 dzdos sthbrrssbbdval baethas totsenthe rethansrangersifdigeaces, and

aplifdefrom pressubhanddq themaxtmteR 4k HRRIY PhageA & votation,

Rotation to Bin Transform Values for Channel. Apply iElggae:e angle rotation

5 SRS PHST O QR FEDRETOI5WRiTEE BY pRaRelelintrigrdey thicifi three bins
amsalculateshi) SteR it bPal 8hJeoNYICILAMPULE Be Adth ity bagniudener

complex phase rotation scale or with angle y, z = cos (y) + sin (y). d. .
SRR A6 DM 3401 By 00 S N T e e
phaseangledetation ajppliedtin theVéisdiderrisnthupatrenselof firwe Bngldl is shified by
de.ré\r/xgg J%?Wdtehe égsl:l?rparped f?r‘&lﬁ g:rggﬁ?éeg %W&&? gﬂFmiﬁaaﬂglfegrees; and the
aaajus’fmen S, a escribed erein, in an encoder or encoding process prior

teeafofmerhinirge (S4B Heay e sSvet Alativariah bl feymrrey MinfHizege subband
caocelatiqna.ofthe, 59 ghannsisdhatiare SHMMedd0:340Ree COMResHRs,

sighal or matrixed to multiple channels, (2) they minimize reliance on

energy PeiRAIY SR SSEI P BRI dH BT SRt &e SR pus dte gpection with this

deaedes inversesphiasenanalesriationidherebyreducingraliasinga ohiidhe

phase correction fa tlors can be applied in the enctod({sr bybsubtra tin cends 10 be

OB PSS BB CE ARG ORI HoR e ngIex 87 BRaYraRerarads 1 be

briroeaiiieuin tlaatisuﬂqb'andnpiﬁhjéeiﬁ{emmvalmbpwdmu ltiglying each complex

bin valug B3 CONR PN MR RaAYY BACILQ AAAANBIML Channel
e negativeof the p

equaltot phase correction factor. Note that a 5 complex
numberAaiii B AIELARRIS TRlEERS 20 idrely bl TR W et HeRiE 1atter

quantity iS5 1et x = bin angle for this bin as calculated in Step 418.

p. Lety=-x;

¢. Compute z, a unity-magnitode complex phase rotation scale factor with angle y,
z = cos (y) +7 sin (v).

d. Multiply the bin value (a + jb) by z.

Comments regarding Step 41%:

The phase angle rotation applied in the encoder is the inverse of the angle derived
from the Subband Angle Control Parameter.

Phase angie adjustments, as described herein, in an encoder or encoding process prior
to downmixing (Step 420) have several advantages: (1) they minimize cancellations of the
channels that are summed to a mono composite signal or matrixed to multiple channels, (2)
they minimize reliance on energy normalization (Step 421), and (3) they precompensate the

decoder inverse phase angle rotation, thereby reducing aliasing.
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calculated once for each subband of each channel, with A = -phase
correction for this subband, then multiplied by each bin complex signal
value to realize the phase shifted bin value. The phase shift is circular,
resulting in circular convolution (as mentioned above). 10 While circular
convolution may be benign for some-a@ontinuous signals, it may create
spurious spectral components for certain continuous complex signals
(such as a pitch pipe) or may cause blurring of transients if different

phase ﬂi@éﬁ%@t%ﬁb’i‘%ﬂﬂ%&&@&%ﬂ%@%%@é@ﬁx theQnsBa LR sitakigch
technique to avoid circular convolution may be employed or the Transien

PRI BAISTEA SHE oo e B LR B PPAREIRR TP T ihband
Tmﬁst&@ﬂ@aﬂm{mﬁm@&wmmﬁmaﬂwHMeﬁnﬂaﬂ @lmber with a
subban SI nnel ma same. ph rrection facto S
oraPan mlzeda\rll @t%ﬁ Efdl eﬁ)é%‘%]r(%é(g %\?\/Sr?n%%? o%%%ﬁaoc%y Ote:that &
a@ldmgﬂhﬂmﬂ eﬁmmgecb mplEextransiotrtolsirs Adioss Achafnelstier quantity is

RIRANGE:3 MO %9 com m&%&@%m'c%%wwgwm S GRARREIR DM

matrixing 20 the input channels, as for examEHe in the manner of the
sxehnisie bIFIGIiRliad Rlesrdidun CRBRIRK alsipagaliai s uPBisa bin
thg.encoder, once the transform bins of all the channels have been phase

shifted, the channels are summ\}% bin-by- b| to CreFte th mono. y
compo S B il VAR ATVRRE DA oIS 1B BE SRS 1507
anpassiventdr activelumatrixdhat peaigddsraitheragimphe sigmizationatocorage spurious

channel, as Qnéhf rlcsnﬁg%%“@g&o@s% Lyorto.my i ucﬁ@%q elsy THE) or may
rrPa rIX coetrricients ma e real or comp e rea an aglnar . St 2
Nmmamngwhmdmﬁdiéﬁmmhw anstEbars @ﬁ@d ﬁv@f@mﬁh éléi@@iﬁs

ip-phase.signals: 30 peumalize e amrids b eashRIneE e BARIGyed or the

composite channel to have substantla;ry the same energy as the sum of

theresipitiBlagpre R RO v RS o s¥ P kh VB icroRs ERaRIkaIS Trus. the

ofbip enengies tesulithesaaresaidhe hia a4Zupragitudeseamputadia the same
Step 403). b, Let energy of corres ndln b| of the mono composite
dﬂﬁ‘ﬁ?\‘é‘?"@é&‘mﬁg@r SCBEY & ﬁﬁéa% q_“élfg ="&¢4le factor = square-root

(x1y). If tep@heDyvsftiand z |s setto 1. 5d. Limit z to a maximum value

of, for eﬁg‘\rwnrpmm oor%blrIOZm% aI(ril{Iit‘.ll aé|¥hg r%%%?é'ng}ﬂﬂna complex transform bins across
channels to produce a mono composite channel or downmix to multiple channels by matrixing
the input channels, as for example, in the manner of the example of FIG. 6, as described
below.

Comments regarding Step 42¢:

In the encoder, once the transform bins of all the channels have been phase shified, the
channels are summed, bin-by-bin, to create the mono compostie audio signal. Altermnatively,
the channels may be applied to a passive or active matrix that provides either a simpie
summation to one channel, as in the N:1 encoding of FIG. 1, or to multiple channels. The
matrix coefficients may be real or complex (real and imaginary).

Step 421. Normaiize.

To avoid cancellation of isolated bins and over-emphasis of in-phase signals,
normalize the amplitude of each bin of the mono composite channel to bave substantially the
same energy as the sum of the contributing energies, as follows:

a. Let x = the sum across channels of bin energies (i.e., the squares of the bin
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100 (implying strong cancellation from downmixing), add an arbitrary
value, for example, 0.01 * square root (x) to the real and imaginary parts
of the mono composite bin, which will assure that it is large enough to be
normalized by the following step. e. Multiply the complex mono composite
bin value by z. 10 Comments regardiany Step 421: Although it is generally
desirable to use the same phase factors for both encoding and decoding,
even the optimal choice of a subband phase correction value may cause

one o, mare audibie,spaciral penents within the subband to be
cancelled during the encode downmix process because the phase

shifting ofstei YTEHEBEAbFATESRRPS BB A (PFARNEP TETTRAM S BIPBaIsigicuiated
In this gase Sediffgrent phase factor for isolated bins in the encoder may

be used if it is detected. that the sum ene f such hips is much less .

than the heRl) SO G AU el B SCURSE feahy i
generally adtingecessamyaoapplyduchiafer isolateld. dofretiion fastoltgmneer than
decodgpy q&;&%&% ASsUalediRing HSHARY AN ile effect ogQvetalhe. for
image quality. A similar hormalization may be applied if multiple channels ,
rather 2GuRiA 8 MchuleRane! BreieMpeYetniSTaiFEsD RESth iR AP composite
Pack inj@ Bifstieam(@sufheAmplikde 6ale kaslasminale Gomghliowing step.
Parameters, Decarrelation Scale Factors, a%ra sient Flags side

channel irﬁobﬂ'lgi%ﬁ%cgglﬂ%eéﬁﬁ?ﬂ?e??ﬁﬁ?@t Yﬁr@%gﬁw‘?‘non mono

compogiienatiain efshelimasfxedanultiple channels are multiplexed as may

be desi&?ﬁo%gg L% ?S.%ggé% vl %te%i%% 635 Y rt%ebggl%"ee @?ei%é%@g'%%&ﬂ%modmg and

storagé, transmission or storage and transmission medium or media.
Comtiventvey drelngSté phdR2:0T heubleang pbapositect o iGlOe thavratifpRne or

glg%%%ﬁh%hﬂgégm be-applisd doR falasais e dusng: LPEaing Y 9LeSSeode

vice such as, for examgle, a perceptual encoder or to a 30

RGP AF 9D HRSRTHCHbPBHRS SBY SR Y8Ry ARRATTEIE PRHFHERRDC rathes

GasdenHsanetimesrefarediaasma pRiossless 1eoderarign arackingder may be
Also, as mentioned above, the mono comr%osite aud}ilog(é)srt he muItIiipIe

CHERARET BB SA (PP ety i GR R T o PR ShTPNS 31 S RISy sum of the
feadivivudtiplading it chantel&anlynfor audigsfreglipnoiesabeve @ epptainuch an

ﬂ;gqgtg{iﬁgégcﬁ%? a[)c]ltlcrjlxgtof{heeq&]e%gggl)1'%8?1??‘%&%???0%%{?8&'&1@3&@ ingﬁtﬂe sffect on
below the coupling frequency in each of the multiple input chanhels may
bevstdidulaaamsiitted smyieradrant A A MitEr 45D BSCfaTe BEHHERNeY Tather

gy, Re-SaMBingdioL-pEREESs&d in some manner other than as described
5 herein. Discrete or otherwise-combined channels may also be applied to
a data r%@ﬂ&%?g Assemble and Pack into Bitstream(s).

The Amplitude Scale Factors, Angle Control Parameters, Decorrelation Scale Factors,
and Transient Flags side channel information for each channel, along with the common mono
composite audio or the matrixed multiple channels are multiplexed as may be desired and
packed into one or more bitstreams suitable for the storage, transmission or storage and
fransmission medium or media.

Comment regarding Step 42%:

The mono composite audio or the multipie channel audio may be applied to a data-rate
reducing encoding process or device such as, for example, a perceptual encoder or to a
perceptual encoder and an entropy coder {e.g., arithmetic or Huffman coder) (sometimes

referred to as a “lossless” coder) prior to packing. Also, as mentioned above, the mono

composite audio {or the multiple channel audio} and related sidechain information may be



16

20

oo
h

30

change ac

encoding process or device such as, for example, a perceptual encoder or
a perceptual. encoder and an entropy encoder. The mono composite
audio (or the multiple channel audio) and the discrete multichannel audio
may all be applied to an integrated perceptual encoding or perceptual and
entropy encoding process or device-pidor to packing. 10 Optional
Interpolation Flag (Not shown in FIG. 4) Interpolation across frequency of

- the basic phase angle shifts provided by the Subband Angle Control

RarnaiprsdnRy besiadiac i theEoeadan (©igRAdiShasd/ arcithe frequency (2

Decader (Step 505, beJow). The optignal Interpolation Flag sidechain :

AT ARG eGSR BN ST B dpoenes i

&ther memtam@immﬁﬁ@hmyeaammg flagstbtsimitaataedrrad transmitted as

%‘stcer@ocl:%tlonegloagmrga¥eb§ %%iergeéno%h%o%&%g ?ﬁq%l%&%%?%ﬁ%?ﬁ?aﬁ% described
NCOdST hAs accass to data at the bin Teve , It may use different

Teterpolaiionty alugsaidsrthrrbEcd derniwhickr i pbstamy it Sufiargucing
ARGIEC prirel Farametersin the,sidgahain Ifaunaiian IhR Use 9k &4shial encoder

interpolation across frequency in the Encoder or the Decoder may. be .

eHblEa OO FSRARIpIE TR TTREP SPIRCIITANG Qe MRS Rt dadigpand the
GenditienlicHamsirang. iselaind spesil peakiislooatestatptunearctiitmg or
bound%%/ of two subbangs that have sgbstgntialrl 0difa1l‘e£}enr(1yt phase rotation

RAGRR A SYHRERRY BEXBHPIRS Y Rt Poration. & farge phase change

at the igmtiatylweaypokation Fiezd Werilevim indFissldled spectral

compogent B enantaaglalion e, 25.501ead e RARSHGRAASLRRASE: Subband

oss't ues within the band, the amount of change at

theckubbaind Boamsmieniy hsduebled ThBe Rornsitor Spe th) s m the Decoder

$YEpIy dasenessdbounsanyand diflerance inipRaseEaiation Bosmployed for

subband to subband to satisfy this condition may be adjusted em ir'callﬁ.

CHRURBIT SR HEPIA R 6P FTERENTE BRERPHIKIRA 2E thaP fiacyge flae

interchanneliphase-aog Badne:{raasieatnohtenakzoel Ut phissangleshe Encoder
ithin a channel (transient), comprise a.good fit to a linear progressi

A TSGR e A A SR pecode

asheftentittoithe trdginthastanilotedhiaetRer stoperoithie Hivsahproniassban.

ne ed n%? %s%%%%tzﬁ&wét@u H&géée}ﬁl%@énamﬂ ithin each syhiandder may be

since angle data will still be conveyed to the decoder on a subband basis;

amabisafolneremeninptithe tels fRtphaBrsR4eRs FRédegree to

which the datz prevides. argoadi e satisithis.ceaditiopsmay Alsonbe: the

determi‘t')‘lc?u%d?arrrglfpg? g\gg%hbbands that have substantially different phase rotation angle
assignmments.

Reason: without interpolation, a large phase change at the boundary may
introduce a warble in the isolated spectral component. By using interpolation to
spread the band-to-band phase change across the bin values within the band, the
amount of change at the subband boundaries is reduced. Thresholds for speciral peak
strength, closeness to & boundary and difference in phase rotation from subband te
subband to satisfy this condition may be adjusted empirically.

Condition 2. If, depending on the presence of a transient, either the

interchannel phase angles {no transient) or the absolute phase angles within a channel

(transient}, comprise a good fit to a linear progression.
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Other conditions, such as those determined empirically, may benefit from
interpolation across frequency. The existence of the two conditions just
mentioned may be determined as follows: 10 Condition 1. If a strong,
isolated spectral peak is located at or near the boundary of two subbands
that have substantially different phase4etation angle assignments: for the
Interpolation Flag to be used by the Decoder, the Subband Angle Control
Parameters (output of Step 414), and for enabling of Step 418 within the

15 Encoder, ghesontnuif Stepddiohein@sisantizalonmaybesipad i a better fit
determine the rotation an(gle fro%?#bband to subband. for both t

[ e .
terpBIHoR 95 AEHor SR ABH T AR D HEBEER S e consam
outputaefoStap #6Q;dinecc snéntvidind sacignitirded, shay belasad teifisdll be

colatedpegls o svhband boundares: 0 ondian el despdineen
the présence of a Fansient, either the interchanne phase angles (no

transiéntyrppidier Sogotife fhaseastie stihithadatapriosidtramsisnty, to satisfy this
comprisg #9990 {tR A ineRArRIRA eSFIRRA1ll the Transient Flag is not

true (no transient), use the relative interchannel bin _phase angles from

Step 408 toFRETPTS SRR GRISIMACE STRRRF o Ma Y5 i iAE
Trepsienbiiasis frug:dransientixusthe chasnetsahsakie/phaseanglémay be
from Step 403 1Dec.oding The steps of a decoding process ("decoding
SRR Yo cribed as follows. With respect to decoding steps,
reference is rantéttonFl Gt Hstwhnighsisdiedrepaaninecaf & hybrid 80flovac izt
anc! fu %8&8(? arl blro ‘Ckodslu oAl tlr:x%r Al QUBL%&Q%QQH’E%&H W&Ssy}gtation,angie
derivation of sidechain information components‘for one channel, it being
understghthgitisidechain -45- information components must be obtained

for each changelyunigss,theichannalisaleferencenehannahionsiiehd Angie

components, as explained elsewhere. Step 501. Unpack and Decode

Sidechaf ST AFERBIRUPHRICARE AL O HOLTIY B8 duaifh Hior) e e

necessakyodbe sideghain ity £ cosipeneaisitAnapliuge Sealeibdetataine the
Angle Control Paﬁ eters, De&ct)rre tior&ScaIe Factors, and Transient
Flag) f6P8ACH Farn S SF SR Eh AR EIS:

anne flone channel shown in FIG. 5).
Table lookupsmaytibéebecttolaeeotie ghedmplitdm SwatsrRactorsodmgfies

Controgzx%ﬁmtg{ltput of Step 403, the current DFT magnitudes, may be used to find
isolated peaks at subband boundaries.

Condition 2. If, depending on the presence of a transient, etther the
interchannel phase angles (no fransient) or the absolute phase angles within a channel
(transient), comprise a good {1t to 2 linear progression.:

if the Transient Flag is not true (no transient), use the relative imterchannel bin
phase angles from Step 406 for the fit to a linear progression determination, and

if the Transient Flag is true (transient), us the channel’s absolute phase angles
from Step 403.

Decoding
The steps of a decoding process (“decoding steps™) may be described as foliows. With
respect to decoding steps, reference is made to FIG. 5, which is in the nature of a hybrid
flowchart and functional block diagram. For simplicity, the figure shows the derivation of

sidechain information compenents for one charmel, it being understood that sidechain
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and Decorrelation Scale Factors. Comment regarding Step 501: As
explained above, if a reference channel is 10 employed, the sidechain
data for the reference channel may not include the Angle Control
Parameters, Decorrelation Scale Factors, and Transient Flag. Step 502.
Unpack and Decode Mono Compositgser Multichannel Audio Signal.
Unpack and decode, as necessary, the mono composite or multichannel
audio signal information to provide DFT coefficients for each transform

Rinalihs QanRsomRgsiie.OfsimBaulichannehaudionsianal GRRMEN reference
regardlng Step 502: Step 501 and Step 502 maybe considered to be part

SRRSIHG IS HFSERINg Bt 2tieEieiReg el5YSt8p 502 may include a passive

or actls&gsr\ﬂﬂxxﬁw@gﬁd Distsdteadagin E’ﬁr@ﬁ@wnvalues Across
Blocks. lock g& @l le Control Parameter values eCrIR/e
8¢ ’Pﬁ

from t B‘aec (RS BANARAYIS B APSE PR} me I
Gamonent (egartind: Stefe 5080 8tefmn BRI nmano bRammpheme Pdisiation Scale
istributin ter e e
tépr%(%l@ rans%gnmﬁg%ig» %eﬁ f"{% OEO&:ac\ﬁ ¥ Oecflfoxlxra Eﬁgnga%v%?m FIG. 5).

Istribute Decorrelation Scale Factor Across Blocks.

Bibkki Sibbamd Dedsrelatiserst e Fasttrdahrels dns@esiva @ i opptrg Parameter,

deapantized frace Suband Decorrelation Scale Factor values.
Comment regarding Step 504: Step 504 may be |mplemented by

distribthBRat 58 Logi e FRCE8! VA B R AR §° SPblbER S i

Siecveb thinemdihntespolatenAaeas E esleRT LD pionai R e P Control
% les fro the bllotck sy l?ajig 1Eangles decoq%r1 Step 503 by -46- linear

St ’oneg Fo reqﬁ%nc aCa%rdescr J&d SBoveh connection with
encodéitGiép24 Tupliricand TlecpoiddondrLSteposSds endjuibtcbnabib d wihefignal.

the Int%r a]at'(%r%gsﬁéégd'é ﬁi &%QQ’)’Sthté%On%tg&%%étt@%ﬂﬁgm@%qmo signal

Phase A et (Technique 3)°5 In accordance with Technique 3
dﬁ@@ﬂb@@é@@@lmﬁ”&ﬁeﬁf@mﬁé@% FRIEARLS Rin A HSI SHORERBOSIe OF

theihlacknsubhand Angle Control Parameter provided by Step 503, which
may have been linearl mterpolated across frequency by Step 505, a

randon 28 sHESeRAfiRe Step S02:

Step 501 and Step 502 may be considered to be part of a single unpacking and
decoding step. Step 502 may include a passive or active matrix.

Step 503. Distribute Angle Parameter Values Across Blocks.

Block Subband Angie Control Parameter values are derived from the dequantized
frame Subband Angle Control Parameter values.

Comment regarding Step 503:

Step 503 may be implemented by distributing the sarne parameter value to every block
in the frame.

Step 504. Distribute Subband Decorrelation Scale Factor Across Biscks.

Biock Subband Decorrelation Scale Factor values are derived from the dequantized
frame Subband Decorrelation Scale Factor values.

Comment regarding Step 504:

Step 504 may be impiemented by distributing the same scale factor value to every
block in the frame.

Step 505. Linearly Interpolate Across Frequency.

Optionally, derive bin angles from the block subband angles of decoder Step 503 by
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scaled by the Decorrelation Scale Factor (the scaling may be indirect as
set forth in this Step): a. Let y = block Subband Decorrelation Scale
Factor. 10 b. Let z = y' XP , where exp is a constant, for example = S. z
will also be in the range of 0 to 1, but skewed toward 0, reflecting a bias
toward low levels of randomized varation unless the Decorrelation Scale
Factor value is high. c. Let x = a randomized number between +1.0 and
1.0, chosen separately for each subband of each block. 15 d. Then, the

NaldeiadHRIiRANe Blo sl SithbARIARGIBL aRLkR! iR abametRn @ adehdoder Step 418.

randomized angle offset value according to Technique 3 is x *é)li * 7. dandi
EBrAhBRTE Yaiardihg Bte- 5087 AR HE SPFtittier i ahgfse sg 1s used and s
grdinary skill in the art, "randomized" angles (or "randomized amplitudes

if amplitud re alsq scaled) far.scaling by the Decorrelation Scale 20
Factor%eé’ﬁ}éll?(lﬁégr%)%norﬁ?%ggu gffa#&%n%%?]faegﬁ%cr%% oM 'ariations, .

but alsh: deterdmisistictlVegemaratedivembid nbahativiethapplieg b rmpdicates a

ANRS O 40 RNASEIAN0ERHand A9 AMPlTHde s AV e RHeM Qf eFHSIRwhich

cross-correlation between channels. Such “'randomized" variations ma
BEobRAfeEIHRRamY WATRSIHed asam plecuepeetiusitanton TriifpEd otfset vaiue
g%d&r%@fhwmebgqréwmge@lm@ﬁ ﬁ%ﬁ&!@iﬁﬂiﬂ@a X?dn&iﬁﬁfcr%@\%ﬁﬂérﬁﬁ%ythis Step):
random 25 numbe a rated, using.a ware random number
generator.alkg%zuﬁwogg %B%%gg? 28 iﬁ%&?gsfgggfﬁﬁg’ﬁ'of only about 1

degree m_&ybetm#f@éi‘éntyﬁadalespdﬁ randermzeidr axambérs Bavingitwieodse in the
three decimal-BIACES, (¢, e%e8d4t&5§’ru8§,4r)e&ﬁ%%%{nb%%i‘%ﬁﬁP’BX%% 159800

the randomized values (between -1.0 and +1.0°with reference to Step

505c, sngva)izadvanformipidistiisuisdostelitaadifpladteose aatls éhaghel.
30 Althoughythe;nonslinganindirgehscaling QhStep 2061NASRREN JMRAHQ for each

be useful, it is not critical and other suitable scalings may be employed -
in parti€BPRFHtREF G S or the exponent may be employed to obtain

similar resgltshed AhdVhRR Hie=3ubbanddlesaseladion Sealenracraramue to add a
is 1, a full range of ra#dom an%Ies from -'Lt[to + X arg added (in which case
r

the FBARPERSERS AU EER ST PARMEISTAIES prdduded by Step

503 arelienaergsl tegpislianthifs3te Subb_and Decorrelation. Scale Factor
value decregsee dnaideero-ahelandamizediancialiset alag ARoieaasfies (or

toward zero, 5 causing the cutput of Step 506 to move toward the .
SubisamizahgrrDuftiof PariiNess eailespletfeetr tnsuptsoBesprrelation Scale
desitsdniheRILRIRE describedabavsmay also add.aseaiathransamized

offset in o _
deterministically-generated variations that, when appiied to phase angles or to phase angles

and to amphtudes, have the effect of reducing cross-correlation between channels. Such
“randomized” variations may be obtained in many ways. For example, a pseudo-random
number generator with vanious seed values may be employed. Alterpatively, fruly random
numbers may be generated using a hardware random number generator. Inasmuch as a
randomized angle resolution of only about 1 degree may be sufficient, tables of randomized
numbers having two or three decimal places (e.g. 0.84 or (.844) may be employed.
. Preferably, the randomized values (between ~1.0 and +1.0 with reference to Step 505¢,
above) are uniformiy distributed statistically across each channel.
Although the non-linear indirect scaling of Step 506 has been found to be useful, 1t 18

not critical and other suitable scalings may be emploved — in particular other values for the

exponent may be emplioyed to obtain similar results.
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accordance with Technique 3 to the angle shift applied to a channel
before downmixing. Doing so may improve alias cancellation in the
decoder. It may also be beneficial for 10 improving the synchronicity of the
encoder and decoder. Step 507. Add Randomized Phase Angle Offset
(Technique 2). In accordance with Te€hnique 2, described above, when
the Transient Flag does not indicate a transient, for each bin, add to all
the block Subband Angle Control Parameters in a frame provided by Step

503 (Siap-»ak epssaieeny-ydiRm el rrsertileg indiaaies@els random

transient) a different ra ized.offset value scaled.by the Decorrelation
S P 1 TGy i BT B B ot BRI @ 8 e
ety mrblackdSutthan 40D ecorsatatigh:Sdaterfactor s, Jusbxrd Becorrelation Scale

ndomized number between +1.0 -1 e e
R LS
Conp Rareme el Temalbde rmadowized haglebbmyetpalo & arEdriimgneser values
Lechpigywe 3:s xdspi * Y. Comments regarding Step 507: See comments
above redgarding Step 505 regarding the randomized angle offset. _
Althougrgﬂﬁge&ir@&%éaﬁﬁ‘gdﬁ?@f’@ﬁ hEe ek 10hAGRIPSAdartzst gfiset in
Reicktical w28 aschather swmblegkalingstpaydoe eompleyeteTe Minimireng.

mporal discontinuities, the unique randomized angle value for each. hi

B AR By SRS B A Wt A TR R S
angtewadbs whalktheityinstie arsultyand dreealed by the same

Subbang PeeerSlA ALRAAE EA SV ANG Vi Pr bRl . the frame

rate. T , when the Subband Decorrelation Scale Factor value is 1,a30

full rangeaetesaaeny dhdiedimens 2zdeyrinchrbodaeenihwiichied Boeres not
subband angle.valpes dasivedidrer the dequantingd frame subbaneangiters in a

values are rendered irrqlevan%. As the Subband Decorrelation Scale .

FEEERE PUATLRS Ui RS towl a7 eterities AR STRo b algne s Rticates &
aleasdinninisitRsdowaltbzered bilke Hiepad, thehstaingrikthis Stap BHOTor (the
ma .boe a direé:t futnctiopéf | erSUb;B%Qg sI;L)e(:orrelation Scale Factor

VAL P%aﬁe%aﬁﬁfe?%s uBband Decorrelation Scale Factor value of 0.5
proportionalliaiedabésleGabprah donreiglovadatidiacisy. 0.5. 5 The scaled

randomizeg angle value;may e he agdeckio the hin anglefram desadery or

Step 506. The Decorrelation Scale Factor value is updated once per
frame. RitheprisBREddRca Transient Flag for the frame, this step is

skipped, to.aypid tiansientAeaaisg@pibactsin Angle Control Parameter to add &
randomized angle offset value according to Technique 31sx *pi *y.

Comments regarding Step 507:

See comments above regarding Step 5035 regarding the randomized angle offset.

Although the direct scaling of Step 507 has been found to be useful, it is not critical
and other suitable scalings may be einployed.

To minimize temporal discontinuities, the unique randomized angle value for each bin
of each channel preferably does not change with time. The randomized angle values of all the
bins in a subband are scaled by the same Subband Decorrelation Scale Factor value, which 15
updated at the frame rate. Thus, when the Subband Decorrelation Scaie Factor valueis 1, a
full range of random angles from -7 to + n are added (in which case block subband angle
values derived from the dequantized frame subband angle values are rendered irrelevant). As

the Subband Decorrelation Scale Factor value diminishes toward zero, the randomized angle
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If desired, the encoder described above may also add a scaled

randomized offset in accordance with Technique 2 to the angle shift

applied before downunixing. Doing so may 10 improve alias cancellation

in the decoder. It may also be beneficial for improving the synchronicity of
the encoder and decoder. Step 508: #formalize Amplitude Scale Factors.
Normalize Amplitude Scale Factors across channels so that they
sum-square to 1. Comment regarding Step 508: 15 For example, if two
shanmelsinavesBeguantiz egscaldifactaes §430: dBim2inghantilarifp ofbboe a

B) (,70795), the sum of squares is.1.002. Dividi ch by the
AT 0L o1 R0 ORI VATLGERF A (S 0T chgprrone
Bo@rBrust Stbénd S calecRd o mrenvelsof@r ordiyeOptiuntiiiomaaitigration

tg%rgient Flag indicates no transient, apply a slight additional 20 boost to
ubband Scale Factor levels, dependent on Subband Decorrelation Scale

Factor! teveredrndprisutrnaismbinag:Shsbanadtemniid s aamedppecoder

bypsematiiacioh @ Biich schlradsbhandiDaeniealationpacalentatiank prosence of
When the Transient Flag is True, skip this step. Comment re ardingrtSéttaﬁ[g/g
SOBTTTS Sl iy e TeeHIF eS8 FRE O B TUIBYON S o

may rasuHsifedZ&SEgmﬂgfddméﬁd@helﬁeimﬂy@mnaﬁmwmsbdimmked offset in
B985 50 TA0 DI Sybenc B NS AG108S Bl somay

ep may be implemente g the same subband”
anppiitadBas catedhation walwedaswizen) birirethrebsUtsbahela Stsprenosioader

Rangdemized Amelitude Offset(Qptional) 30 Optionally, apply a

randomized variation to the normalized Subband Amplitude Scale Factor

dependésh Y SUBBEEZD dcepiitoncateai@Eattor levels and the

Transieplhiage I8 thenaksencerat adrassienthadda RKandansizeen-square o 1.
Amplitude Scale Factg,r that does not change with -49- time on a
bin-by-bTBAEE (EERE S

ft ##6h Bt to bin), and, in the presence of a
transieRb(xathgidrahnecorhbloek) hadddadRantomized Anplitude Scide= 2 *
Factor that chan lock-by- block basis (different .hlo o
T T T
irpet sb9aAd; diferestdyoive siablsand 18 SUbBdHABStep 51 Oa is not

shown e P4 HAWINGDHH2AMGIERIFRHRLNING HifB RN Although the

degree to which randomized amplitude shifts are added may be ...
Optionally, when the Transient Flag indicates no transient, apply a slight additional

boost to Subband Scale Factor levels, dependent on Subband Decorrelation Scale Factor
levels: muitiply each normalized Subband Amplitude Scale Factor by a small factor (e.g., 1 +
(1.2 * Subband Decorrelation Scale Factor). When the Transient Flag is True, skip this step.

Comment regarding Step 50%:

This step may be useful because the decoder decorrelation Step 507 may result in
slightly reduced levels in the final inverse filterbank process.

Step 510. Distribute Subband Amplitude Values Across Bins.

Step 510 may be implemented by distributing the same subband amplitude scale factor
vahie to every bin in the subband.

Step 510a. Add Randomized Amplitude Offset (Optional)

Optionally, apply & randomized variation to the normalized Subband Amplitude Scale
Factor dependeni on Subband Decorrelation Scaie Factor levels and the Transient Flag. in the

absence of a transient, add a Randomized Amplitude Scale Factor that does not change with
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controlled by the Decorrelation Scale Factor, it is believed that a particular
scale factor value should cause less amplitude shift than the

corresponding randomized phase shift resulting 10 from the same scale

factor value in order to avoid audible artifacts. Step 511. Upmix. a. For

each bin of each output channel, congtruct a complex upmix scale factor

from the amplitude of decoder Step 508 and the bin angle of decoder Step
507: (amplitude * (cos (angle) -j sin (angle)). 15 b. For each output

t;:zhiardﬂ@ bIRWIRLY heicanfRiexdinvaleabmh heComplesrdipmbosealgnsient (in
actor to produce th mixed complex output pin. value, of each bin of the. .

i R S A SR S R R

sndinvessd Gifefetransio hiodndhdobinsef eacyodtput chammbiteuidBuyiditic same
DRGNP YBIES: AP WBLAA AN, AAN BB hot shown in

such an'inverse transformation, the individu cks of time
dardpiegiare windowed, and adjacent blocks are overlapped and added

together,inQEderdrarRnSieics fhg final continuous time output PCM
audio signal. Comments regarding Step 512: 25 A decoder according to

the predEruaY ety RO BN PElrBREHE iR et WRarde

thafleradsriRiosessrisaammoyed anly, abe e k-given:coyplingifreguRnaysor value
nd . discrete MDCT coefficients are sent for each channel below t .

R 9 B e AE 1 KomVER IR DL FRO Ml e By e

therdécoder upiviingSteps Bkt derand v kndoMBGReoefficients, so

that th e%aﬁpe ined with the lower frequency discrete 30 MDCT

coefficients and requantized in order to provide, for example, a bitstream

compatible VvithrFeEhEHRRiFasERTheRaRES £ RRRTEH arrBP ST mgtinsaele factor

users, guahiasAstandasd Al SRIPIFhitstiganiier applicationtaap 507:

external device w*here an. inverse transform may be -50- performed. An
inverse BT SIS HEY be’ abiA%E ' ones of the output channels to

provide PCMw@puis:rSechianithzugl ohihafAo0A donglment Wikithand the complex
Sensitivi%Fact?r “F" Agded 2842 Transjent d?tecti%n Jransients are

j 4 e ot bin of th
detecteuc? ml)fﬁ’ga El jf- Cg)frldp\l\ﬁg{ﬁ C anengfglfﬁeor %IP oaﬁglcll %W evr?t% CéLV\e/:IE%((:Z no ©

to shorthenggth audio blocks to improve pre-echo performance. High-pass
filtered Step 512. Perform Inverse DFT (Optional).

Optionally, perform an inverse DFT transform on the bins of each output channel to
yield multichannel output PCM values. As is well known, in connection with such an mverse
DFT transformation, the individual blocks of time samples are windowed, and adjacent blocks
are overlapped and added together in order to reconstruct the final continuous time output
PCM audio signal.

Comments regarding Step 512:

A decoder according to the present invention may not provide PCM outputs. In the
case where the decoder process is employed only above a given coupling frequency, and
discrete MDCT coefficients are sent for each channel below that frequency, it may be
desirable to convert the DFT coefficients derived by the decoder upmixing Steps 51la and
511b to MDCT coefficients, so that they can be combined with the lower frequency discrete
MDCT coefficients and requantized in order to provide, for example, a bitstream compatible
with an encoding system that has a large number of installed users, such as a standard AC-3

SP/DIF bitsiream for application to an external device where an inverse transform may be
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versions of the signals are examined for an increase in energy from one
sub-block time- segment to the next. Sub-blocks are examined at different
time scales. If a transient is detected 10 in the second half of an audio
block in a channel that channel switches to a short block. A channel that
is block-switched uses the D45 exporént strategy [i.e., the data has a
coarser frequency resolution in order to reduce the data overhead
resulting from the increase in temporal resolution]. The transient detector
perasatdo deterairenviendorswiteh froaumpiaagdransionmddblackannels to
), to the short block (length 256). It operates on 512 samples
1?6?‘%\%/ ma‘%"%ﬁ)ck This is done in two passes, with each pass
processing 256 samplesSdransieht détizetl 62 A dorakenidown into four
steps: 1) high-pass filterlr}gﬁggggsgmspgagggfof-};h e;hlpgk into
submultiples, 3) peak amplitude detection within each sub-block segment,
and 4) threshold comparison$ £re transiehidge@or outputs a flag
bikswirlfenaach-fullbandwidib shannehZ20vdishahaneel te defte when to

indicates the gesence of a transjent in the second half of the 5 2 Ieng
P BRRICTo R e e PR L § PP SRLAR S it Res T herea
highopass dikerdsaimnplementedi dsra-cascadedn blﬂt@dfﬂjﬁeﬁhéaﬂm—ﬂdrdlﬁlm&

g%eﬁle\:%lt?o%c%gg %f § ‘ngstz BIO%&%& eyeonrg nTh]eescpal flt%answpt 1s detected
pass T1i ltered samp es are se mente nto a |erarc free o

ipvbtssimomticH lefed auém@mumm@mlmtmmwwmerszwmm block. A
EQAES%%HE Epgtnd s Anddexe! §4'§ ORI MSRIS,Qf ENGLtNiBA na coarser

Detection: The sample with the largest magnittide is identified for
ERERCBEY FEHE RN SVEFITePerorthéh %%H‘r@ﬁ%]é?%éwmé% peaRéhfongrease in
singlsrlevealargdound as follows: 30 P(j][k] = max(x(n)) for ii
—(512 x(k-1)/27)),(512x(k-1)/27)+1,...(512xk/27))-1 andk=1 1
where: %&ﬁfmﬁ%‘h‘iﬁt&fﬁ%bﬁé‘ﬁﬁdﬁedﬁ(@é‘%‘ﬁg BidRRYLeh Ty A astorm

hulebarahi@lh lﬂ\[el nunbéprkbothd isegine it nlmberadthins evelpNatéctiakery audio

P ], O)l defined to peakofthel 5 vel |
R 8 S B P b ot A A osson

B Bffelieim dh@rpvéeé@mngtmelwq@w@}ﬁ AitivaEy r?ém@ﬁ@émwﬁfébﬁbiﬁck nto
@WEQQGTB&Q%&% afthe dhresheld Lomparaior GhRekS. and 4) threshold

comparison. The transient detector outputs a flag bikswin for each fuli-bandwidth chammel.
which when set to "one" indicates the presence of a transient in the second half of the 512
length input biock for the corresponding channel.
1) High-pass filtering: The high-pass filter is implemented as a cascaded
biquad direct form II IR filter with a cutoff of 8 kHz.
2) Block Segmentation: The block of 256 high-pass filtered samples are
segmented into a hierarchical tree of levels in which level { represents the 256 length
block, level 2 is two segments of length 128, and level 3 1s four segments of length 64.
3} Peak Detection: The sample with the largest magnitude is identified for each
segment on every level of the hierarchical tree. The peaks for a single ieve] are found
as follows:
P{jl[k} = max(x(n))
forn=(512x(k-1)/2%), Gl2 x (k-1) /2% + 1, ..(512 xk /27 - 1
andk=1, .., 2°(-1):
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to see if there is significant signal level in the current block. This is done
by comparing the overall peak value P[11[1) of the current block to a
"silence threshold". If 10 P[1][1) is below this threshold then a long block.
is forced. The silence threshold value is 100/32768. The next stage of the
comparator checks the relative peak févels of adjacent segments on each
level of the hierarchical tree. If the peak ratio of any two adjacent
segments on a particular level exceeds a pre-defined threshold for that
level, then a flaghsrsetto indicate thepresehce df ladgansient in the
current 256-length block. he ratios are.c ed as follows:

a0 PUID X Th1 > (- rag P BT (e P bR ity factor]
where: T[j] is the pre-defirtadstimesiroldifbetevebin defthed as: T[1] =.1 20
T[2] =.075 T[31 = .05 If this inequality is true for any two segment peaks
on any level, then aNefaHieRt iKinticatet for deétird thbif tbe oseksaizbe last

length input black. .TBE 8ecand thags.thipuahdhimpiassss delarmimesdhent tree.
presence of transients in the second 25 half of the 512length input block.

N:MEncoding “ASHERRE of t& piB S irRASHIBH SIS Rot Ifthifed e res-
encoding as geseribesldT conppeHoMWIHsE kG ed oMbtetgeneraliymaspeatshecks
of the invention are applicable to the transformatio y-aumber of

input ctﬁa?ﬁ%le%%gfﬁeihspsu& 18%11[%@1 qo?%“ﬁey 1rrfu{rgn &t 0 %g{%%lg ér%lsc Sanor%lgltg (m
outputcchgrnelsiia Qheaﬁ@nﬂevaiﬂﬁ&[ﬁ C(f._élst Nmbmmiodmg)i ‘Beéeaggbrigshold”. If
many GomMman aRRICAHENS INEAMRSI S EIRUL GRABREIS MR Qe AREhold value is

than the number of output 52 channels in, the N:M encoding arrangement

of FIG 180wl 768 réfemest s e oibneAIRpigfoTohcsshliEidageeipcak levels of

descriptipReReferringdedbe fetalsplif! G Hrinstaacd O sUMPING ARG of any two
outputs of Rotate Angle 8 and Rotate Angle 10 in the Additive Combiner

6 as inamécawaﬁgaﬁ%ﬁ%? PHEC B S OTRAPTHAS B Qppiag foly that level
downmie:meatkix device BrdfunetionpeisEiown miaddatixs)thOomamds dMatrih block.
6' may e a gggg\!e ar aa%tié{gsryoq{r%sthat provides either a simple

summation 1o one”c(har?neﬁi, A5 the N:| encoding of FIG. 1, or to multiple
channels. The mag®Gdéthicidiitsniay begedl BiebiplEXxdreat dAd sensitivity
imaginary). Olzgc%r)r?evices and functions

where: T1j] is the pre-defined threshold for level j, defined as:

(1] =1
T[2] = .075
T3] = .05

If this inequality 1s true for any two segment peaks on any level, then a
transient is indicated for the first half of the 512 length input block. The second
pass through this process determines the presence of transients in the second
half of the 512 length mnput block.

N:M Encoding
Aspects of the present invention are not limited to N:1 encoding as described in
connection with FIG. 1. More generally, aspects of the invention are applicabie o the
transformation of any number of input channels (n taput channels) to any number of outpuut
channels (m output channels) in the manner of FIG. 6 (i.e., N:M encoding). Because in many

common applications the number of input channels »n 1s greater than the number of output
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in FIG. 6 may be the same as in the FIG. 1 arrangement and. they bear

the same reference 10 numerals. Downmix Matrix 6' may provide a hybrid
frequency-dependent function such that it provides, for example, mn.c
channels in a frequency range fi to f2 and mrz_ channels in a frequency

range 2 to f3. For example, below a-é8upling frequency of, for example.

1000 Hz the Downmix Matrix 6' may provide two channels and above the
coupling frequency the 15 Downmix Matrix 6' may provide one channel. 7
dBnesipioirRONWD ehading | srhalkew dheo didplingiftégueireyedietie dpatialxing” for
fidglit ma b&sgtlglta%ilged, especially if the two channels represent

{8iZ0nta directions (‘%o match the horizontality of the human ears).
AltholRytieFiG: ® $hodesatisertiBlteratior ot thiesyamengithechantintd et Angle 8
I0x gaeh: shannel asio hefle clarnanaementnl May e nessible to, amik

certain ones of the sidechain 20 information when more than one channel,
PRSI B YIRS (R DT RS EWHNTEY MR iR s b ehoyguaix Matrix™).
Bs6apiabieresultemay:heehfainedanhenanly the gnplitddairealeifgator

sidechain information is provided by the FIG. rangement..Further
mﬁ?&d‘épﬁmg‘%@cﬁ ) tgﬁﬁ\%ﬁgﬂgéﬁ%gégégd% 10 mu&t le channels. The

StoWw T conhedtion
witlhi the ddgseriptions af £iGS cdpdland@! Asljustprentioretakbvesthad functions

g%ﬁ@'@%@@%&% 9@@55@%@»@&@6 Mﬂvx&@%&{% 8o, A2 065000 BErerence

ewer thanthe number of input channels n. When the purpose of an
ewoodér such as in FIG. 6 is to reduce the number of bits for transmission

or storagemihis Nkainthatihenaumben of-channelaRraskicRd R Y doNsAmih that it

matrix 6 will be fewer than the number of input channels n. However, the
aFeRiteriE FEBPRIG TS MATERSS B Sel S B AREH TR 2 T csiggnels in 2
therefay.he-applications iawbielviexrwisoberef BoqrnelsdT) fragusettby00o Hz
the Downmix 30 Matrix 6" is more than the number of input channels n.
IS PR R T b BB SHS A e%%éagéx%r%vp égsggP E?[k’“s.r%%‘%]ﬁé o
B ovaynaisdainelGimiheooiin docahadecddBy engéeoding furietionlirmdrtethe
to determine if the andio 53, infprmation ANdUE, SIdeChBIR IR banmel
R B B e el
restissrohetietniidiiterHinatio eyl b BoGZeH Y MIPIEv iR hEFameters

by employingrfetEeXxanmples AsQeHERINEINORSME AdIoGk aRERFING AN cach
decoding system, recursion calculations could be performed, for example,

GRBPEF IR BEfore e RUREBIGLR S SRASTH U e T hTHTAL & e tdfay ecbar
imtransmittinga bleckiohamdichinfaimation anthitstha sseeiatédns fasiahmix Matrix
Efwe*lrao%]gotr%resé %&Ds.arcr;ggpcgaebmeer@giil Svl\lllillzlg L?Jley(]) tgi%%g% reﬁlgohifnt%léj gﬁglg%ﬁﬁ\/gpﬁle factor
ecoder or decdding’ tunction could also be employed advantageously
whierbspatiflrpatametersddediot Stoféd. grarrangement. Further details regarding
sidechain options are discussed below in connection with the descriptions of FIGS. 7, 8 and 9.
As just mentioned above, the multiple channeis generated by the Downmix Matrix 6°
need not be fewer than the namber of input channels n. When the purpose of an encoder such
as in FIG. 6 is to reduce the number of bits for transmission or storage, it is likely that the
number of channels produced by downmix matrix 6 will be fewer than the number of input
channels n. However, the arrangement of FIG. 6 may also be used as ap “uopmixer.” In that
case, there may be applications in which the number of channels m produced by the Downmix
Matrix 6° is more than the number of input channels n.
Encoders as described in connection with the exampies of FIGS. 2, 5 and 6 may also

inctude their own local decoder or decoding function in order to determine if the audio
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sent only for certain blocks. If unsuitable decoding would result from not
sending spatial 10 parameter sidechain information, such sidechain
information would be sent for the particular block. In this case, the

decoder may be a modification of the decoder or decoding function of

FIGS. 2, 5 or 6 in that the decoder wbild have both the ability to recover
spatial-parameter sidechain information for frequencies above the

coupling frequency from the incoming bitstream but also to generate
sionated spatiakisarametefositaahawlinfermaliaifenithaldoétereould provide
info atlo w th pling frequency. In a lifie Iternatlve to

T e o AT PhOPATAG Soas LTS nfs TR prametr
w@ahmemgeﬁooe)dm@daM$l®npth®5nd®debledumh®mpgﬂeﬁéékﬁn System,

determine, if inere wete %@%mga%%gm &%;mls@g SESOMGRCHext block
(de of th

termined in'any suitable way, for example, a sum e energy in
Erelq iR g insimtiolag hehde i G BRSPS RGUY k9 AT P TRATIRD SBA S

ggsét%gdsgﬁggﬁlpg@ﬁg@@t@r sidechain information rather than not doing so
if the energy were above the thresholdﬂ?ependl on the gﬁdln dine
schene? FVSSHISAT RfSHTAIER BERT e BEpf %iﬁ“?é’ ?P gme

f@wibmmmelimwebﬁmgagmabﬂﬁta@bsﬁmdwhgnsaplmﬁiwranfamam@not stored or
SRS a drenelae i all0s AURAIRMEN QO i

ShO ni erein an upmix matrS( nc‘glon or device
Mmmc@ra@imn/es”qmamqm midhsferidyederadnbyctie trrengBmisapafticular

61 Th& %@%%@U&ﬁe@ Qnmﬂye heaRassiNe MaHDG LB PEeRiding funcion of

nee}§ not be, the conj ug%te transposition (i.e., the complement) of the

Bl ik WIAEB! 1 BREERS PSR ARYPAEND SRRl E15, YHeseiAiRarameter

M@é%%qrm@%@ﬁoarf@%y@;éﬂaié@@b@zé%yaﬁaﬂmgwmue@&aﬁmswemommo
matrix in combination with a variable m trix. If an acgl%%lmatr decoder is

SHRTOE AV PAEREE B PR MAB Ay DA BB on o the
canjugatenafitbe baowmhmmdh‘lﬁimxfm'qmgm@y be independent of the

Down ixa'\sﬁ%trll Jhe tgrrlggf(:h D4 1&@%“%&(%}1 N&Y o?a% lé%goﬁﬁrq%g}lx\{&es

in FIG.'7 $0°58 16 cont djust Amplitude, Rotat
(eptiotizt) terpel ol fiersiisnercicersAcBEchPh &te‘c%@dﬁﬁ équbfrﬁw%ﬁhﬁck to

a0 AGUVeIRAIRL-ORSTaleRNdaRendenty et EQ%’?]EI@ ehairAp{oBRlAMhed in any

and responds only to the channels applied to it ernatlvely, some _or all
SRHHEISBBHANFHATEPIRat SHTh A B ESHRIIBu ey REth BTN fo ReRfarY
it RE Ao 48 that Gagecsome uraip afdheaAdjust Amplitit ey fdRataien rather than

Angle, and Interpolator function be omitted, The Decoder.
e‘i?gﬁﬁ%fj@ of ! ?:tl% PNy aiso’ erﬁff)lci)mqt%r 1&:;1%: &"of &ppr ;1}}1"9 308e§ g tieme, low
ofigaridefmizetoarnglitide: varatigfseander cariadirsigsal congitionts, @311% available
dFscrlb 2d abé) in 0%11[}5&%1{1 with FIGS. 2 and

OT Sending s ain 1
M:N Decoding

A more generalized form of the arrangement of FIG, 2 is showsn in FIG. 7, wherein an
upmix matrix function or device {“Upmix Matfrix™") 20 receives the | to m channels generated
by the arrangement of FIG. 6. The Upmix Matrix 20 may be a passive matrix. It may be, but
need not be, the conjugate transposition (i.., the complement) of the Downmix Matrix 67 of
the FIG. 6 arrangement. Alternatively, the Upmix Matrix 20 may be an active matrix — &
variable matrix or a passive matrix in combination with a variable matrix. If an active matrix
decoder is empioyed, in ifs relaxed or quiescent state it may be the complex conjugate of the

Downmix Matrix or it may be independent of the Downmix Matrix . The sidecham
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5. 10 When Upmix Matrix 20 is an active matrix, the arrangement of FIG.
7 may be characterized as a "hybrid matrix decoder" for operating in a
"hybrid matrix encoder/decoder system." "Hybrid" in this context refers to
the fact that the decoder may derive some measure of control information
from its input audio signal (i.e., the aciive matrix responds to spatial
information encoded in the channels applied to it) and a further measure
of control 15 information from spatial-parameter sidechain information.

hetalanmentsoffpifed Zsaipas In e avaRgenentaftit Gddanthigalde, Rotate
the same reference numerals, Suitable active matrix decoders for use ina .
AR BT AR ThHE e Ao a b BALD TS Sich PR Fgg ™ fan
seentionetk alevaandineadpoatiatefithy sidtehancefincludingnforsexainptéy to the
atrix. decqders known as..'Pro Logic" and "Pro Logic II" decoders (" :
b e e
iltberrative DuTBeiation FBSaBoandrivh onsuataong bafiie Adjust Amplitude,

generalizad RRCOALrALEIGuthParieylats Aot IhsarANGSMBRLREF G mpie of

8 and the arrangement of FIG. 9 show alternatives to the decorrelation
HEnrigue serrmnios BRd b igrriipsailrens radesrirah emmitdr
2brdevigemfPesonrelatorsiydband, 48 aerindh etimnadermainieacht FIGS. 2 and
following the respective Inverse Filterbank 30 and 36 in their channel In

1G. 9, respective decorrelator functions or devices ("Decorrelators™) 50
and 52%henUthe fregtenty demainyeachrprebedingdtrecresHEBtVEmay be

Inverse Filterbanl 301 I[-C el- th. |
R B o S B b e
shigtracteribiesd tidhBonEk satpntse Hre fashthal rudsor sty dfitHe some measure

ISSReGLIRAGLAINS N RecosRiRtiomaGale, hagtarMayRe USehie w spatial

control, for example, the ratio of correlated to uncorrelated signal

pREvTIRHC BaePr A MTEnBPHEAENYSTHE TraRS T PRy AR B Gsed

e chiflathe modephbi-phapetatiancofibeiliecaitelatarias deeeplaiftiG. 7 arc as in
below. In both t%%glx(i 8 gréd FE& 9 arrapngements, each Decorrelator

r%lgﬁ%ngeglgﬁ} r-tflﬁg T ear the same reier ence

verberator having |’fsn%r\§lv€hmusl’ﬁique filter
characteristids igtwhichtthedanedemtior degreehobrevarberaltordis sontrotlede active

%atcp& &%g&gﬂ.ﬁ&?gﬁﬁ&g Mgm%%%%gm%%mg%e@éﬁnce: inchading, for

controlling the degree to which t[]e S Decorrelator output fg’rms apartofa
irreario PBINATSACE EEDEE Gfretator PP UERAd B0 KRS AitdirrdRielyl o Logic™ 1s

ofher&antrQllabig.decorelatientechnigues maydea employed either alone
or in combination with each other or with a Schroeder-type reverberator.

Schroeder-type reverberatory X8 I kGRS Hay trace their origin to
two jourialpapeasss skselaressons on the generalized Decoder of FIG. 7. In particular,

both the arrangement of FIG. & and the arrangement of FIG. ¢ show alternatives to the
decorrelation technique of FIGS. 2 and 7. In FIG. 8, respective decorrelator functions or
devices (“Decorrelators™) 46 and 48 are in the time domain, each following the respective
Inverse Filterbank 30 and 36 in their channel. In FIG. 9, respective decorrelator functions or
devices {(“Decorrelators™) 50 and 52 are in the frequency domain, each preceding the
respective Inverse Filterbank 30 and 36 in their channel. In both the FIG. § and FIG. ©
arrangements, each of the Decorrelators (46, 48, 50, 52) has a unique charactenstic so that
their outputs are mutually decorrelated with respect to each other. The Decorrelation Scale
Factor may be used to control, for exampie, the ratio of correlated to uncorrelated signal

provided in each channel. Optionally, the Transient Flag may also be used to shift the mode
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Artificial Reverberation” by M.R. Schroeder and B.F. Logan, IRE
Transactions on Audio, vol. 10 AU-9, pp. 209-214, 1961 and "Natural
Sounding Artificial Reverberation" by M.R. Schroeder. Journal A.E.S.,
July 1962, vol. 10, no. 2, pp. 219-223. When the Decorrelators 46 and 48
operate in the time domain, as in the E¥G. 8 arrangement. a single (i.e.,
wideband) Decorrelation Scale Factor is required. This may be obtained
by any of several ways. For example, only a single Decorrelation Scale

Fagienmayot mbegensratedhindbepensedesiollIfa v @I, § and FIG. 9
Alternatively, if the encoder of FIG. 1 or FIG. 7 generates De&l orrelation

S B oroh EURHAREBRSRS 1S SOBtPD ETRETAIS o ag e oV unique
fiaetotamaybecaimpliiobiehe amomzerosulaymd)fneﬂ%bemmdes afﬂ%ﬂﬁleﬂi oy the

EIG. 7.0r.in thaeTl ecoder of FIG, 3. e/\ll,hegntlh%3 ecorrelators 20 and.o5g - the

decorrelatio acior ement C e es
operate Iin he requency Homam as’int 20 arraﬁ’gemeﬁr they

Peaprstaive dri doms|aten scalefacwmibinetich sUbbasdomelfioupy@iand output).
mmae@%@n&h&%%m%m{ema%e @%ﬂﬁ%ﬁ@tﬁe%q{ﬁ?éafmther alone or in

-decorrelation for such subbands or groups of subbands. The

ErEebEiYE R 65R 31hY oF Hil. as%?f&?ﬁ@“ﬂ@@éﬁ*@%@ﬁiﬁ%o%ﬁ&)@%ﬁm
%ﬂ&%r@d@t@ﬂ@”}:}/e[ﬁﬁ@i\@ the ansieptiaeHathe tkkm?od@mwgers h ]Eioior}ess’
Decorr rs.of F Transient F to shift
R ST A Mol R R b ot Ly MAB A g Auco. vol
Bébérmiaﬁt@@ﬁlay igdraié ‘asaanBt BroedercstypiiraveRbecdianintidy M.R.
gm%%%"}o&?%ﬁ%%e% l2gBYt RO ! ﬁsecoeﬁﬁtﬁ@gi%r. a short

ubsequent time period, say 1t0 10" mil s, operate as a fixed

delay Bt Erdpererieialphi s Bdpte aeestimidbicriiad datainops thebgdidy: 8

A Enyariedip @%Pao%%é@aﬁd?'@r&%%&éﬂ@!ﬁ%tﬁa\é’té? I8 RARAUE 1M may be
period. In 30 the frequency-domain Decorrelators of FIG. 9, the transient

ﬁg’éafﬂ%‘ifbélﬁ‘ﬁg SHpRYET o eh ﬁi‘i‘ﬁ@‘md’&é‘»"&f%‘&%i’éﬁ%ﬁ’%ﬁ* fitign Scale Factor may
@@@@ﬁtﬁ%cﬂﬁ&@é@i@d@ﬁ bfaievekHinnhis caﬁeaﬁiaemgelm&&m&a of FIG. L or

s nt fla for Ie trigger a shor sev ral. mjllis
e A DS o
tﬁeal%l GacBand®d berangemientspamchrierpotator m e(%))damﬁtﬁ"@l}eﬁ thyFﬂlﬁTe 7 or m the
o&tégggjo ﬁ@lgnt Flag, may provide interpolation across frequency of the

phase a gles 5 output of Rotate Angle 28 (33) in a manner as described

above. Bdendrtibaedralsbve S Heh mRpeit dhdheHzramens et a5 10 the FIG. ©
additiomiosidechain riRformation.: it imay ke pceertaile-ton s dRR groups of

number of S|decha|anarameters For -example, it may be acce;é1 table to
Ryfife SRAPTUA BASRY L5 BT IIRIA 45 TnaT feeariiagi for such
aiﬁﬂiﬂiﬂ@lﬁodgm&ﬁﬁcﬁrsﬁbbmdsns in the decoder may be omitted (in that

CaS€.  Fhe Decorrelators 46 and 48 of FIG. 8 and the Decorretators 50 and 52 of FIG. 9 may
optionally receive the Transient Flag. In the time-domain Decorrelators of FIG. &, the
Transient Flag may be emploved to shift the mode of operation of the respective Decorrelator.
For example, the Decorrelator may operate as a Schroeder-type reverberator in the absence of
the transient flag but upon its receipt and for a short subsequent time period, say | 1o 10
milliseconds, operate as a fixed delay. Each channel may have a predetermined fixed delay or
the delay may be varied in response to a piurality of fransienis within a short time period. In
the frequency-domain Decorrelators of FIG. 9, the transient flag may also be emploved to

shift the mode of operation of the respective Decorrelator. However, in this case, the receipt
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10 FIGS. 7, 8 and 9 reduce to the same arrangement). Alternatively, only
the amplitude scale factor, the Decorrelation Scale Factor, and,
optionally, the Transient Flag may be sent. In that case, any of the FIG. 7,
8 or 9 arrangements may be employed (omitting the Rotate Angle 28 and
34 in each of them). As another alteriaétive, only the amplitude scale factor
and the angle control parameter 15 may be sent. In that case, any of the
FIG. 7, 8 or 9 arrangements may be employed (omitting the Decorrelator
& %ﬂs%ﬂﬁﬁaﬂ ANd:Amp8 1B0:h2 @ﬁ&t@s%v&aamdlﬁéed&ﬁ&@) és&asd in
2,1h rra ents ofgg?rhsg 6-9 are | tended to show any number
ea{ﬁ Sﬁ P Voo %Fsmpllcny in presentation, only
two criammﬁisﬂwrél@h&)m Poritrigeoomenaplaedndatave? Gy theprelenby the
SRR AMEAT %pen HORRerYIRUPYR L SAMNAISUS NI angles

In the scope ms -57- Claims 1. A'method for
MQ@%&W@H@%@@%@&M&hW% Pé@ﬁé@@h%@bﬂ"audlo channels,

where a3 NSIMEOHMQI G RAGR IR HR6NE LBI0KE. SBRYIAl RATRE iR chain
wherein one or more of said spatlal parameters are differentially

BRI ARG IRE CBFADIA M as%@&%ﬁ%&%%h%&@&&%% For
chanpiels: ang saistsgifispatialipanametemspbhapPyingraditfarentiah case the
gecodllen rocg he one or mare dlff(?h tlgll encoq}ed d%da?nthat ase,

Sram é‘)gae rﬁ}flncgs "a0010 Signars from said M enco Rannels,
WHKE €Tn SeachVaadiossigtial smdmdeaem@*a plurality of frequency bands,

Where'ﬂl?&ﬁﬂ@@\? 3%9@&&%1&9&@%@%&p%@w&&@%&@fe@pgcf& amd,

generating a mu annel output signal from the N audio s 8%%als and the

spanelipahaierarisnihiesanil BoVRRS Wtk fRsfe 2aY Ri48E e of SN

Signalsnis aconslsted cianahderivesfioma weitkied ¢ombinationm),
of at least two of said M encoded audig channieé? said set of Sp: tial

param&é%?ﬂﬁﬁ@%?ﬁ%ﬁ%ﬁﬁﬁf@? HRfEaRRoe G155 i Blrtigteagpnirol parameter
uRgosEalaiedsigaad e rahy withariore) stesignakandn2Onste parimbiyeé somitting

q}er%lnc% at Ia as%§n Lé‘qcc%r}ge@ted %%%g%’b‘ $3id ﬁ;t 5@% on orrelated

S|gna controlling the proportion of sdi ét one corre ted signal

to said &5 leadtzoné and 2, the arrangements of FIGS. 6-9 are intended to show any number
of input and output channels although, for simplicity in presentation, only two channels are

shown.

It 15 contemplated to cover by the present invention any and all modifications.

variations, or equivalents that fall within the scope of the appended claims,
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uncorrelated signal in at least one channel of said multichannel output
signal in response to one or ones of said spatial parameters, wherein said
controlling is at least partly in accordance with said first parameter. 25 2.
The method of claim | wherein said differential decoding process is
applied across time. 3. The method-6f’claim | wherein said differential
decoding process is applied across frequency. 30 4. The method of claim

1 wherein said differential decoding process is applied across both time

and frequency. Claims

1. A method for decoding M encoded audio channels represeniing N audio channels, where
N is two or more, and a set of one or more spatial parameters, wherein one or more of said
spatial parameters are differentially encoded, the method comprising:

a) receiving said M encoded audio channels and said set of spatial parameters,

b) applying a differential decoding process to the one or more differentially encoded
spatial parameters,

¢) deriving N audio signals from said M encoded channels, wherein each audio signal
is divided into a plurality of frequency bands, wherein each band comprises one or
more spectrai components, and

d) generating a multichannel output signal from the N audio signals and the spatial
parameters, wherein

M is two or more,

at least one of said N audio signals is a correlated signal derived from a weighted

combination of at least two of said M encoded audio channels,

said set of spatial parameters includes a first parameter indicative of the amount of an

uncorretated signal to mix with a correlated signal and

step d} includes deriving at least one uncorrelated signal from said at least one correlated

signal, and controlling the proportion of said at least one correlated signal to said at least one

uncorrelated signal in at least one channel of said multichannel output signal in response to
one or ones of said spatial parameters, wherein said controlling is at least partly in accordance

with said first parameter,

2

The method of claim | wherein said differential decoding process is applied across time,

(2

The method of claim 1 wherein said differential decoding process is applied across

frequency.

4. The method of claim | wherein said differential decoding process is applied across both

time and frequency.



