-1- MULTICHANNEL AUDIO CODING Technical Field 5 The invention
relates generally to audio signal processing. The invention is particularly
useful in low bitrate and very low bitrate audio signal processing. More
particularly, aspects of the invention relate to an encoding method, and to
a decoding method for audio signals.in which a plurality of audio channels
is represented by a composite monophonic ("mono") audio channel and
auxiliary ("sidechain™) 10 information. Alternatively, the plurality of audio
channels is representgdibyiarpiaality, eflantiochanngls and sidechain
information. The invention is defined by the appended claims.
Background Art 15 In the AC-3 digital audio encoding and decoding
system, channels may be selectivelpicahtisaiéd or "coupled” at high
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combined intg a "coupling” or compasjte chann§ The encoder ene %tes
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abtievepthededupling. frequency in each channel. The coupling coordlnates
indicate the ratio of the original 30 -2- energy of each coupled channel
subband to the energy of the corresponding subband in the composite
channel. Below the coupling freqéiség” @HehABls are encoded discretely.
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phase is inverted, are sent to the decoder. In practice, the couplin
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The frequency above which the AC-3 system combines channels on demand is
referred to as the "coupling” frequency. Above the coupling frequency, the coupied
channels are combined into a "coupling” or composite channel. The encoder generates

»z  "coupling coordinates” (amplitude scale factors) for each subband above the coupling

frequency in each channel. The coupling coordinates indicate the ratio of the original
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3500 Hz. U.S. Patents 5,583,962; 5,633,981, 5,727,119, 5,909,664, and
6,021,386 10 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. Methods according to some embodiments of the

present invention are known from-the document WO 03/090208 Al that
d&%g%% Of%eﬁ%ﬂugeafcﬂapmuﬁﬁaﬁ&%ﬁ@%ﬁo&% MRROPARAIS asligng in
signal’and a set of spatial parameters including a parameter repreSentin
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time difference and interchannel phase difference. The monophonic_audio
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interchannel time difference, The corresponding decoding metho :
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25 Disclosure of the, Invention, Aspects of the present inyention m )
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composite signal or to multiple C anne 50 aual along with relate
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ovements upon techniques for downmixing multiple audio channels
to a monophonf¥giligits sieprafBradormensprmbadant chahnerssnt iprention are
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5 channel or from multiple audio chaimels, Aspects of the invention may be
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(where "M is the nug{jber of encoded au Is and "N is t
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time-constants.” Aspects of the present invention may also’be employed in

20 N:uNiandiMneN speatialphasio codingiechmiqoekmereth itmignbel Liore
difference. The corresponding decoding method disclosed 1n this document
synthesizes replica of the N input audio channels from the monophonic audio

signal and the spatial parameters.

25 Disclosure of the Invention
Aspects of the present invention may be viewed as improvements upon the
"coupling” techniques of the AC-3 encoding and decodirig system and also upon other
techniques in which multiple channels of audio are combined either to a monophonic
composite signal or to mulfiple channels of audio along with related auxiltary information
30 and from which multiple channels of audio are reconstructed. Aspects of the present
mvention also may be viewed as improvements upon techniques for downmixing

multiple audio channels to a monophonic audio signal or to multiple



10 greater than 1. Goals include the reduction of coupling cancellation
artifacts in the encode process by adjusting relative interchannel phase
before downmixing, and improving the spatial 15 20 25 30 -3-
dimensionality of the reproduced signal by restoring the phase angles and
degrees of decorrelation in the decoder. Aspects of the invention when
embodied in practical embodiments ghould allow for continuous rather
than on-demand channel coupling and_ lower pouplin% frequencies than,

foRuAig iR RR AR deegrpiatingambin s audiarhapne sdrsbigh depaggnonophonic

raipdideseindar #bihenkayiinasifl Ghidsan idealized block diagram
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5INd c%din arrangement embodying aspects of.the present inyention. ., .
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10 nature of a hybrid flowchart and functional block diagram showing
desalrgtiate gs epdieinebdpbrsrripii rpCEowM e saedisdipg artifacts in the
argResMment-apbadxiamasassis afithe,prase VeIt AR Rk g RN
idealized block diagram showing the principal functions or devices of a
firdERTR ERE BN R angement 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

15 principal functions or devices of 25 a first alternative x:M decoding
arrangement embodying aspects of the present invention.
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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 30 Basic N::1 Encoder Referring to FIG. 1, an N:1 encoder
function or device embodying aspects of the present invention is shown.
The figure is an example of a function or structure that -4- performs as a
basic encoder embodying aspects of the invention. Other functional or
strdutwrat erbihgeitentpthdiopdattoe hspesiyriof tie iwentioglonaydotegrees of
eMROYEdL inRIRg saltcRatie, andietaativalRnt LAGHanBhal A ftalon

arrangements described below. Two or more audio input channels are
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examples disclosed herein are digital embodiments. Thus, the input
sigivalsRtbdaadifae samples that may have been derived from analog

audio signals. The time sampies-PasssheeRRODRMBSINear pulse-code
modulation (PCM) signals. Each lipear PCM audiq input channel is .
processealé, L RSN PTG DF OB Sb e ﬁgfﬁ&‘fﬁ%ﬁ@ﬁ%@f devices of
angreiN)Uadratiing auipptnrucBraiscdyil sppiatyviitowededomverdiciscrete

Fourier transfqorm (DET),(as, | ented hy a.Fast Fourier Transform . -
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and a sec%lrzl%j E’ Owghaélner}fg?afﬂ% u#é%%ﬂ%ﬁéﬁ,gg%%%ﬁ?%%ﬁ?@é{béns and
anetibefiftesivagie f{yrdieh) dredevics 2x5 | raxbblokkdaPefammglopg drihorizontal)
inp&&l‘@@e@e e iS@whole positive integer equal to two or more.

Thus, there also dre "n" Filterbanks, each receiving a unique one of the

"n" input cH&RAdKInRbBe I@ﬁﬁfﬁlﬁﬁgfhﬁbﬁfbﬂéﬁ%wﬁf&, Enetismalideshgiagm
inpgﬁ&d&ﬁ%%@o&ﬂ{g%ﬂﬁra{b @RiMbea-RmitesbankioplananiathbYrdthgement

FFT, input time-domain signals are segmented into consecutive blocks

andEROGEnamsISFTeERS PIR BRIdREFIIAG blocks. The FFT's discrete

frequencymutpuisidianaiemms coeffiognts) aiadeteredda:asNscRaf ram
having a complex value with real and imaginary parts corresponding

resTRECH RS eRe e RSP LARY s BPRRFBIRS TS HERRS! & dRiytipg e angement
trarsiesdy Rinaspayshs Brosppesinioaiaubbands approximating critical

bandWIdﬂPI&c %hxg ar}lu{;ri]eaaﬂz%gr‘lﬂ%g@ éPa%?%EIZ{SIIS gvglanlg 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. § 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 bloék diagram showing the principal functions or devices of
a second alternative x:M decoding arrangement embodying aspects of the present

inveniion.

" Best Mode for Carrying Out the Invention
Basic N:1 Encoder
Referring to FIG. 1, an N:1 encoder function or device embodying aspecis of the

present invention is shown. The figure is an example of a function or structure that
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information produced by the encoder, as will be described, may be
calculated and transmitted on a per-subband basis in order to minimize
processing resources and to reduce the bitrate. Multiple successive
time-domain blocks may be grouped into frames, with individual block
values averaged or otherwise combined or accumulated across each 30
frame, to minimize the sidechain data ratg. In examples described herein,
each filterbank is implemented by an FFT, contiguous transform bins are

groeibEEm e ShasiapRR dstoarEO AV ASDFREHO TS ARYRELCEN S Sre Brgtipnal o
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sent and the required hitrate. 5 A suitable pragtical implementation of .
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to practicing aspects of the invention provided that information described
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IS madakerein to 15 "frames" and "blocks." In practice, if the composite

. | DM ek
signal(s) | e reguency chamn are enc as for
ex&mgierbyr dpaccsfilarbadet ZasndeseibatiRisibvhatisicopveivemntd “n’)

empl e same ean ' ' e ' \

T e
lertgtfis"Supht Whantwiserbeteomm tifewbaieme sii souretapgedrehioive sfoerTe. Thus,
length.to angther» :ywauld.pe desirable i PReRLOR BF the sldeehAithannels. For

information as described herein is updated when such a block switch

oceimslipity o eraenainmiFEGh b Sheye Sl iH@drr e s ugo et

updating @figifeeHRINIEHRTNALORMHARET ISR PRITTaRkE LSRR WiahLs are

the frequency resolution of the updated sidechain 25 information may be

redgemgnted into consecutive blocks and are vsnally processed in overlapping blocks. The
FFT’s discrete frequency outputs (transform coefficients) are referred to as bins, each
having a complex value with real and imaginary parts corresponding, respectively, to in-
phase and quadrature components. Contiguous transform bins may be grouped into
subbands approximating critical bandwidths of the human ear, and most sidechain
information produced by the encoder, as will be described, may be calculated and
transmitted on a per-subband basis in order to minimize processing resources and to
reduce the bifrate. Multiple successive time-domain blocks 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 senf on a once per-frame basis,
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FIG. 3 shows an example of a simplified conceptual organization of bins
and subbands 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 30 subband increase
with increasing frequency. Returning to FIG. 1, a frequency-domain
version of each of the n time-domain input channels, produced by the

eablahativellssideghettidetiterbanR{Fitar MR TR ARS - arteibasis (e.g., once
eXANPIgaar st Ped-iogetier (Hawnmixed e, MeRARAGNIG 6 THARA known,

composite’audio signal by an additive combining function or device

" Athgnaie eI HdretweenrBedRumpIRiRg WHGsidathsre infermationtfesent and the
frqgggg&ym@ﬁgyvidth of the input 5 audio signals or, optionally, it may be
limited to frequencies abgve a given 'coupling” frequency, inasmuch as

artifacts f TRERRFRRGAGPPOTRELHIGY Bridisrls BlGR Ry Rt RRaY
to ipwitre auen tiesth frsteh cfases: tienchneelRinmehe CORVEYRehpling rate is

di I low th ling.f . This st be desirapl
eV e A AT AR e et oL P ReED oo
suldnaidging ristrectaghisy lgeokpingitran sheatidning bounid.critiddkdandsikéh a 50%
bbands (si h i t | .
o, R R LN B DA o

number-of frans

freloiertids)aido mﬁydder@in@ctlyfdﬂd@@ Wiﬂﬁg@fémm &ﬁpsmmf iBe
required 10 senthadoyaraixads moRe.Audioignal vt sidechain  per frame basts is
information. A coupling or transition frequency as low as 4 kHz, 2300 Hz,

108042, lersdirnentdan i atmeredLBe P wants of tRa e IRy s elghalgary size
appliethio- the. eNsraas Mare.accepiahiad ol me ARPHEAI Smployed as in the

particularly those in which a very low bitrate is important. Other B
frefieh SEM S5 80RTE: dUS i NRE AN teltirrce i ppade herein fo
listeeh@&cceateirieekd he choice of a particular coupling frequency is not

critical to_the inyentign. The coupling frequen ay be varjiable and, if )
aristle. TR SR PO ) B RSBt L shgposice
chatemsertstichicRenbef erenddsyandidingetiiraniaspent ofimple sentncoded, as for
invention to improve the channels' phase .angle alignments vis-a-vis.ea )
RIS P TSRS (RASEae GRRBes S SIRCO RS ohiBI50 B same
cotimmonendshivhk eanbgohetimels erplovedoimé anddpiyiovider aivioreover, if the

im %%%Fa %@%ﬁ% 98@8@%5‘8{:@@9% SHISHRAYLE8 %?%%‘ER!R‘&%Q €§|§1¥1?, a switching

contro ting over time the "absolute angle” of some or all of the

trafieforprditecinlenmb tof apetls, dhuawé|bersrisbimbraic s Bidtse! the sidechain
trapsfrmdRing s aREEISIH NG AH U aeMe RHeAURNAY block switch occurs. In order to

minimize the increase in data overhead upon the updating of sidechain information upon

the occurrence of such a swiich, the frequency resolution of the updated sidechain
information may be reduced.

FIG. 3 shows an example of a simplified conceptual organization of bins and
subbands 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

input channels, produced by the each channel’s respective Filterbank (Filterbanks 2 and 4
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frequency, thus defining a frequency band of interest, may be controllably
shifted over time, as necessary, in every channel or, when one channel is
used as a reference, in all but the reference channel. The "absolute
angle” of a bin may be taken as the angle of the magnitude-and- 30 angle
representation of each complex valued transform bin produced by a
filterbank. Controllable shifting of the abgalute angles of bins in a channel
is performed by an angle rotation function or device ("Rotate Angle”).
Ristéis A@F@P@s{@r@@@gg@gdtw%fé}fﬁ&‘%‘ﬂﬁ@mga@%ﬂ%%%&moh
to;thepd o I SURMBYon Malideddyidailivaciomnbineidd, whitkive Combiner”
Rotate Angle 10 processes the output of Filterbank 4 prior to its

aﬁplication to the Additive Combiner 6. It will be appreciated that, under

some signeldenntitionsnng baglelethtiothaal:béseepics dfodwigtrtic iarinput
transform bin over a time 5 period (the.ti riod of a frame, in.examples_ .
it i e R G R R
méydoenepcodadudisesettlfadmorShewovimEiGr d)deeprineiphecame more audible at

iergn%ﬁ)%it %E‘IQ&J%‘ 838@%9”%%1%%6@”@@0%&%%? M@%fﬁ%?@@ﬁitsgretely below

er may be accomplished by s‘niftinaﬁglre hase of every transform
bifrorosnbkamfadyyivie AdgntiveedimEEhe @ 6EeBAGROFSBHNBIGKS are

thygughoutthe &0 frequencyorpd of dneraat Hihrle thiseubsiantialiform bins

avoids cancellation of out-of- phase Signal components, it tends to cause
arfacs Hralch e SuRRBRdS SAfcIER) s ARl RSO BOHRGdRdave &
sigiRaliisdistepeditaniiselationt Thusidistesiiablesiao grmploYoth&equencies) and
principle of "least treatment” py shifting the absolute angles of binsina
CERIRY S5 AT R SAr R L P B R s

inthaé evampsRioetESidschim aidimiztospatiedipiagecotlagsenfithmency as low
multi nel signal stituted hy the decoder. .Technigues for. .
ARG o a8 et S CPRER R iR R e codi
insigoietimptiad doftbo menclzs mepthinganthbhefomsome amﬁvhmme?siwiy those
PRCRRRG, JESHRNRAR NG MESRAGE ShR ARGl RRKOX ORI AN  balance
may also be pertormed on a per-bin basis in the encoderto 20 reduce

fubtimrcanpitemangingo lisshptamserianmse| [Brorhocrselapa biméarppupling

: d%&&;&%‘éﬁ’ﬁ@%@&é&’& s dRRCrpgRABR ﬁ@é‘%ﬁ@qﬁﬁ%ybehvaﬁable and, if

20

25

30

normalization may also be performed on a per-subband basis (in the o
detnibiy mesuteramd: recsrary iR S HBiEsHh BRePSighERd Fhargcteristics.
the sumskthessngrgies ofithe SO iTgehaRBR! S FAGBING Wnehan ek

has an audio analyzer function or device ("Audjo Analyzer”) 2

asduEmBekt] WRACIERSISGLISEIAER sATHS CRElY Tifo P RRiER ortiiiccha frRfeliation

ang falt-sepialisgthesmusRhey WRgiee-changle ietabioniappliad {6 fhevide an

Chi?xrl];r?)lvgg ];?ul;ggtclgmposite channel. This may be accomplished by controliably shifting ‘
over time the ‘;absolutc angie” of some or all of the transform bins in ones of the
channels, For example, all of the transform bins representing audio above a coupling
frequency, thus defining & frequency band of interest, may be controllably shifted over
time, as necessary, in every channel or, when one channel is used as a reference, in all but
the reference channel.

The “absolute angle” of a bin may be taken as the angle of the magnitude-and-

angle representation of each complex valued iransform bin produced by a filterbank.

Controllable shifting of the absolute angles of bins in a channel is performed by an angle
rotation function or device (“Rotate Angle™). Rotate Angle 8 processes the output of
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applied to the downs ix 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 30 rotation for channel 1. Audio
Analyzer 14 generates the sidechain information for channel n and the
amount of angle rotation for channel n. ltawill be understood that such
references herein to "angle" refer to phase angle. -8- The sidechain

infelferbamln2roF enkhisHRRHEMEShiS e AasParaAnmaaiamprar g oy ddditive
chapnshmay nsledee Anpliuraceale: RactorfiAoipildeSHprianto its

Angle Control Parameter, 5 a Decorrelation Scale Factor ("Decoyrelation .

Spppli ﬁ%i‘%%ﬁt’*‘fﬁé’é’,‘@r@%ﬂi’ﬂfb‘?ﬁ&ﬁéﬂﬁl}&%FBB%’SPP&EB%FQE;‘% g some signal
sigaghadminiermationmansbengharagisrizethaspapatibh parafatetey over a time
indicatjve of , spatial properties of the channels and/or indicative of signal__..
cﬁgﬁgté%?ftfgg%ﬁgﬁc@a Pt?eé%ar‘el?e?/xfﬁ 1% Ss%%St?a bg(ritj)f(‘:aerglspl1 'gtf,%/geil? (‘%%% coupling
tréngientsy, ihedcincaseftheatidechaindsfondedidivapiolie s sheingls FIG. 1).
subband, (except.for the gggigg I | ' Sach:&f ¢
which a%él%g éﬁll%ualgbué%(gs Wlthirtg %%%a%?r%%é %nﬁn%%%%% oncé ropes

pee frinethas niaxthe sscamplish ek fidinp dhewhareupsencsesimaite o
a DIRGK.SwIGhdR 5&@%@1@%9&1&%@@5 %%?AJ $OLABEEHOWSRAA the

parameters are set forth below. The angle 15 rotation for a particular

cHimmeniy iradataversha ongkdhing b pliy ride reaerliatigheof out-of-
C@H&E@'&ﬁﬁ@ﬁkﬁkﬁ@k{qmm ehihasideshain nformadiob i, particularly if the
reference channel is employed, that channel may not require an Audj !
AR BIEGROBRSHBRVBIS, ) FolARET AL PRy SEP AL RRrRlado smploy
onlyAmpliticler SealeieasiRnsidechaimintasmakiome iigleob figieessaryhtamel only
send an Amplitude Scale Factor 20 if that scale factor can be deduced d
with S EAEEARAE) By SHe FORF R ARHIL A S AR ggess =

cale FacClto

thentieropatsieragees thswendlthel tisifidssintd dpudedreisititeddactaatecoder.
the approximate value. of the reference.channel' it S

i TG AR O h e e A S oA SR Fatl e
achasgsdertinaets] fuithienap prsabibémcked bstamisily suwhidfhecsienal pecessing

delsé%#br%gs lée é/p EQ& geegyaqg,%@&pproxmate reference channel .
Amplitude Scale Factor value may have errors as a result of the relatively

coarse qEantizatiomelizstiptitngs sloaleeprioredsntprirbimbgesdpifis pneoder to
reduce further any remaining out-of-phase cancellation of isolated bins, as described
further below. Also as described further below, energy normalization may also be
performed on a per-subband basis (in the decoder) to assure that the energy of the mono
composite signal equals the sums of the energies of the confributing channels.

Each input channei has an audioc analyzer function or device (“Audio Analyzer”)
associated with it for generating the sidechain information for that channel and for
confroliing the amount or degree of angle rotation applied to the chanuel before it is
applied to the downmix summation 6. The Filterbank outputs of channels 1 and n are
applied to Audio Analyzer 12 and to Audio Analyzer 14, respectively. Audio Analyzer
12 generaes 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 1 and the amount of angle rotation for channel n. It will be understood that such

references herein to “angle” refer to phase angle.
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the reproduced multi-channel audio. However, in a low data rate
environment, such artifacts may be more acceptable than using the bits
to send the reference channel's Amplitude Scale Factor. Nevertheless, in
some cases it may be desirable to employ an 30 audio analyzer for the
reference channel that generates, at least, Amplitude Scale Factor
sidechain information. -9- FIG. | shows ig a dashed line an optional input
to each audio analyzer from the PCM time domain input to the audio

analyzeths sidecehainielomiman Sor sach Bannsbaens aiRd Wi gulimapsbrae for

defectRHANSIER A¥RIaR time period (the period of a block or frame, in the
examples described herein%and to??enerate aPtfréaélsignt indicator (e.g., a

one 5 bit "Trarfiehmpligdencale Farse (o BuiieRat Alternatively, as

described beloyy iRdbR coammertatriep 408 of FIG. 4, a transient may
be detected in the frequency domain, in which C%se th 4,,udio Analyzer

need not receitd SHFEHBM AR R PEFCTAIREINS & ite audio signal

and the sidechain-ifasmation fad all the channels (or all the channels

except the reference hannﬁg may be Sg[PrEd’ transmitted, or 10 stored

and transmitte T8 R Ui eﬁ%caggg Fdevice ("Decoder"). Preliminary
tsthg sidecigey irfosmissionapbsidiage anddrarfspitsigarthetuwariondicative of
audia signals and yarioys sidechain informatio b '

AR TR e o s s TR MRS DRSS 680y b
ordtorage apdiropsrission mdti Maosmiénthé&_mm&l@@w@i@r{fommﬂ
AR08 L2 BRPUACIR R CRlSIAR HRCHERA AREANEARIBRS R Y1 3g, cach
15"such as, forexample d

, a perceptual encoder or to a perceptual encoder

and whidroly teebl sribagdsaridinarharmamahmaobrpists enpmasr frame, as
refeFedinngi@ JaRRiesshardedr RHR 40 SQHRYE ARSPISSIRYIM in a related

storage and transmission. Also, as mentioned above, the_mono

confssskarshmidesits Sl yrsiaRTrREA BRI Hrrlebriow frdhe angle
migtipien P Htpﬁhﬁﬂﬂﬁl sienbefon audiaieguaneRs:dROVA thepHaty-reversed

frequency (a "coupling” 20 frequency). In that case, the audio frequencies

beldw S RBBLRAGHEGHEREPRRSREH BF RS M nels may

be storeg iranamitiedranstbrechasidaamitedas tigaretechisnnelswatio

may Qe combined or, processed in.som nner other than as_described _,.
ROV i BRCEPRL S o LR OIS AN LAy Seg Gy Armplitade
afigeifacaodtrdesndirfgrentoding Provessesagicessdieh Asyfimde Scale Factor
X RNS A PEES LIRS R RRLET AL ED0UCEA0E Afrom the

en h o and the drscret

ropy encoder. The mono composite au e discrete .
multinfizmiesd cdlielidanang afithe athpliedroeder sy chtod gierdaptessible to deduce in

i %@c%&rr % %8 It'g}?ilm%%dvgﬂg%@ﬁlg @gf%géﬂge%%%%%f’ SOMﬁ{Eﬁe Scale Factor if

25

30

the energy nounalization in the encoder assures that the scale factors across channels
within any subband substantially sum square to 1, as described below. The deduced
approximate reference channel Amplitude Scale Factor value may have errors as a result
of the relatively coarse quantization of amplitude scale factors resulting in image shifts in
the reproduced multi-channel audio. However, in a low data rate environment, such
artifacts may be more acceptable than using the bits to send the reference channel’s
Amplitude Scale Factor. Nevertheless, in some cases it may be desirable to employ an
audio analyzer for the reference channel that generates, af least, Amplitude Scale Factor

sidechain information.
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The particular manner in which sidechain information is carried in the

encoder bitstream is not critical to the invention. If desired, the sidechain
information may be 30 carried in such as way that the bitstream is

compatible with legacy decoders (i.e., the bitstream is

backwards-compatible). Many suitable techniques for doing so are known.

For example, many encoders generate a gtstream having unused or null

bits that are -10- ignored by the decoder. An example of such an

arrangeni@ot is$etfoithadddnitbinStateptiBateinb &, 807202 83id afalyeatm the

et titled "Adding Data to a Compressed Data Frame.. October 19

OB T B B e AR T R S SR TG TR AP sed by
exdm pledis thatljrerdicl detrain itrfosmatiorenadirise steddivgpaphitafly block or

en d.in. er's hi - Al ti ' i, 1
R 0 o 0% R Bticaor e, aome-
babkWarersiespagiDiEbrapraamioy Erpithditicashselp amdiesatifeed below in the

trapsissiQnLssiriag ofRYCH wi%megﬂﬁaggeaéeééaea MYNORIGEERy domain, in

bitstream compatible with legacy decoders. Basic 1 :Nand | .MDecoder

Refdnth§as A pdle dadet fifseumh Braecr ippdapdiriPeibodying
aspects gfithadiesempyentionsighawn feeilissaisan.e@bpIecfifhe

function or structure that performs as a. basic decoder embodying ‘ tied
et drmapited, or

asSRIReG} (Herth s AT SRRt S PP BROE FIRRDPR BAYRES
pragiiee aspeeisafibe ihveRtionipaydeeseordoyes(inekiding) Altesnativey to the

and/or equivalent functional or structural arrangements described below.

The B0 HaPTRLSIBs GhE o R0 BB EHE A B Y gHAP AR grle Al arious
infeideditan iichat dienchapbelsioitipleird aibpadis] exeepidhe fefeyhicecams

channel. If. necessary, the compaosite audio signal and.related sidechain ..
e S LR T ARG .
employ acapfsiscidn Ty boabiditd thexideiaframrtdoangrroculinggsiveess or device

auqmge@&eé%@w%&mmhw o %@g&r}gﬁm&&}é&m&mﬁ eniropy

respective ones o th.’e dio"channels applied Encoder of FIG.
suww-aLtm@mmﬁmm@mh@mgémmetw thaloggksss” coder)
deseribesprien +Qh GRIESEER AN IAYCRASH ARLIDFECRMES Ll AEIBShed above, the

channels applied to the encoder or to use only the monophonic _
co9BaitarBResHE Adie s aslpiehdrrdrindniugriion @and e fedvad drea multiple
to thedE REALelsAY berdativedinmdie DRI &fRiPerodencacacidingite”

aspects of the present invention, %employing aspects of the inventions,

dleSEFBERFIH Nt RiSRe TR BHCQBHIPETAI §452/056 PaRlate FSaRGary 1 oach of
200%s npuiRhed A uBusidbm2o M desinakisgithe binited Staeaaanaitsd as
resyllting U.S. national . .
scréte channels or may be combined or processed in some manner other than as
described hereini. Such discrete or otherwise-combined channels may also be applied to a
data reducing encoding process or device such as, for example, a perceptual encoder or a
perceptual encoder and an entropy encoder. The mono composite audio and the discrete
multichannel audio may all be applied to an integrated perceptual encoding or perceptual
and entropy encoding process or device.
The particular manner in which sidechain information is carried in the encoder
bitstream is not critical to the invention. If desired, the sidechain information may be
carried in such as way that the bitstream is compatible with legacy decoders (i.e., the

bitstream is backwards-compatible). Many suitable techniques for doing so are known.

For example, many encoders generate a bitstream having unused or null bits that are



application S.N. 10/467,213, filed August 5, 2003. and. in International
Application PCT/US03/24570, filed August 6, 2003, published March 4,

2001 as WO 2004/019656, designating the United States, and its

resulting U.S. national application S.I. 10/522,515, filed January 27, 2005.
-11- Channels recovered by a Decoder practicing aspects of the present
invention are particularly useful..in cgnnection with the channel

multiplication techniques of the cited and incorporated applications in that
tEpaedbE il deafeie A hexsnRlhala ek aR ATRIBPBIN et Agpiiiibinited States

relationskipshrtEalse PavsMsafdl intarchannelinhase, §lat Sed Data

Another alternative for channel multiplication is to employ a matrix

dedgifer (bR & adfditorarBIRRBRA hehresd mehBicrista indprnation.

phaserpERaRMAtOMAIRECIERTHIS PIRESREIMMERTIR HakaBRSMEANY encoded in
tg annels of decode F\gmbOd%/"gﬁ aspe ts of the present invention

FCRASHR S s, Bdsd SR TP B AR bR A

maﬁmﬁmbﬁ@m&vﬂﬁmf@mhmmﬁmdﬁﬁpampIbyswaiﬁbawdmw@mk;ue that
CIrCUI ato erate onIX %H‘?es nals agglle to them are
PIFHRIOR fl5e

Sl'ﬂ 5851 t%l‘g?l’llﬂ étel cO

red %hroug out e S|gna S5 andwn
présentinventionb aredmbgdizsddacadd&dN system in WhICh N is 2, the two
channels recovered by the dﬁéﬁg?r ﬁl%ge ﬂ&%led to a 2:M active matrix
decoder. Such channels may have been discrete channels below a
couplingReéapienyl Bs mertisnddr dbeionviadyy sgitiDlecadtiveemiadiing aspects

deearaian WelkiiBowniadhe 2h. Aading, 0 ABAH or strucgure that

decoders known as "Pro Logic" and "Pro Logic II" decoders ("Pro Logic'

|§§%§§|ﬁ%ﬁ@@@iﬂwﬁq{§@§?§%ﬁ%§ %f@@ﬁ%ﬁf&e&b@rﬁﬂ@r@%é@m@al or

Pignl0gig desdeisar ﬁzﬂ'ﬁ?&%ﬁ%@ ddesHRU IS i PR %H%loved inciuding
4, 941 177. Aspects of Pro Logic. Il decoders are disclosed in pendlnf
oW,

LRECTP iR AR BTiEHIS RIS NUDBISBOL P T Rl AR g B aE
Derlvmg mﬁ&eaas&hfeeﬁadmﬁwﬂi%mmﬁwmm wihudiadSignadechiiled

h22 2 @FE publish dasmlg)OlMl 04 on June 7,200 1. Endl'%
péﬂ MEURS g © KB i e g s tpe JAtETERS R
" M&ttmshfp,rﬂ@mﬂmﬁmsa‘ an&u dignM atrcixd'ﬂﬁmﬁﬂ%@haﬂhedf’c_r@hl{u@[ys%mumplexed.

200361 b hed a ijz /0125960A ! 004 .
R R e TR

eipimrth@l mmncewanwplete: apapeisanei agibualitthe Dmibydhabmrém)ci%inels
IR0 9 %W%ag?&*%%ﬂﬁf%ﬂ&ﬁéﬁ “ch PR 1.

HERIELE
of peration,” by Roger Dressiet, and Mixing wi o by ﬁ [L ogic |
Té@h};ﬁ@ @@pﬂ{@e—r@dumnc techniques of the present invention that are described herein.

Of course, one may choose not to recover all of the channels applied to the
encoder or to use only the monophonic compeosite signal. Alternatively, channels in
addition to the ones apphied fo the Encoder may be derived from the output of a Decoder
according to aspects of the present invention by employing aspects of the inventions
described in International Application PCT/US 02/03619, filed February 7. 2002,
published August 15, 2002, designating the United States, and its resulting U.S. national
application S.N. 10/467,213, filed August 5, 2003, and in International Application
PCT/US03/24570, filed August 6, 2003, published March 4, 2001 as WO
2004/019656, designating the United States, and its resulting U.S, national application
S.N. 10/522,515, filed January 27, 2005.



Jim Hilson. Other suitable active matrix decoders may include those
described in one or more of the following U.S. Patents and published
international Applications (each designating the United States): -12-
5,046,098; 5,274,740; 5,400,433; 5,625,696; 5,644,640; 5,504,819;
5,428,687; 5,172,415; and WO 02/19768. Referring again to FIG. 2, the
received mono composite audio channel is-applied to a plurality of signal

: : h | :
e Sl o R
ordeticuda st drecadjiesting Witictiorroandel iveliAghisrAraphitaes Y fdhe cited
a%ﬁﬁ&ﬁ%?&é&ﬁ" aéﬂﬁ%&%@ﬁqﬁ%‘fﬁe(;ggji%ﬁ%mgﬁ@lsm? cﬁﬂ”ﬁt\/e useful

Amplitudes apply gains or losses to the mono composite signal so that,
utideicBarpgisigharedrdHBREmh BYabnEvelsethigtsmiaas @rse
epgrgigshaltha.Quirubidhshanngisidanived frephdbacs similaninihoseek

the channels at the input of the encader. Alternatively, under certain signal
CORERIBREREN FARNBR TSI ARGTe V5 HEBHAR Arpsd, 2 Ak
desesibedion eonicallabie: proquntofcransdemizat: amplituslenweriatiodscoder
may also, be imposed on the amplitude ofare(io eredﬁﬂha?n_eli .order to
BV BRLS bR S BEO P STHE BHGS U e FaQBYURaon 10 an

champigigicl anthe:Roisidngtestapplycpitasd/kotatiorisisauthate anider employ
certain signal conditions, . the relative phase angles of the .output channel
ASTUBE O T A S SO pBAa SGAT ard S 13 toca ot the oo © e
chansets@atiteghput bf thenelsCoaetwiRitbfaratrlyif tndepcertaithsigresint invention
copdlipns anitolanle amaunh Anfandamizad AndieHALRUONR B850 e
imposed on the angle of a recovered channel in order to Improve its

delsspddativy Withordisdde s M ovtre rehes Briverdtehehsa thamasbaygdeen
digeussediiurter Qelow, 56%598%&&?9'& APRide W.tmﬁxnl%%ble active

include not only pseudo-random and truly random variations, but also
detsimirfsteay-ye et Uhatis sstnaludive. toe crautierrelicfsgoders

crogsveeretation hstwaenrehanpels IThisdsidiscussed durthes B of Dolby
the Comments to §tep 05 of FIG. 5A. 25 Caonceptually, the Adjust

AP RIS ARISSIOR hATRSHSCERER FERISHSROGRE froRiclosed in
compogiteraudipdbdiceeflicientsiio yeld-cecorstructad ransfosm dindisclosed in

‘S oL The s Apaluc o e amel o,

thépartiew k! charihielorA inlh8igask 6bm 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 ¢t al, entitled "Method for Apparatus for Audio
Matrix Decoding," filed February 25, 2003 and published as US 2004/0125960 Al on
July 1, 2004, Some aspects of the operation of Dolby Pro Logic and Pro Logic If
decoders are explained, for example. in papers available on the Dolby Laboratories'
website (www.dolby.com}: "Dolby Surround Pro Logic Decoder Principles of
Operation,” by Roger Dressler, and "Mixmg with Doloy Pro Logic Il Technology, by
Jirn Hilson. Other suitable active matrix decoders may include those described in one or
more of the following U.S. Patents and published international Applications (each

designating the Unifed Sfates):
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30 the reference channel, either from the recovered sidechain Amplitude
Scale Factor for the reference channel or from an Amplitude Scale Factor
deduced from the recovered sidechain Amplitude Scale Factors of the
other, non-reference, channels. Alternatively, -13- to enhance
decorrelation of the recovered channels, the Adjust Amplitude may also
be controlled by a Randomized Amplitude Scale Factor Parameter

derived from the recovered sidechain orrelation lg Factox for a. ]
e e A e A e R s AP R 5172415
pasti¢ Wep chdares. 5 The Rotate Angle for each channel may be controlled

at least | e.recovered ,Si in.Angle, Cantral Par inwhich . .
case, th?ég%%xeg& aéeetlori%%%ggé&g?eﬁ%%ﬁﬁggﬁ%%?%%%&ﬁgvag%%és applied
rotatioplygebitidddigpadnentle tos Afgld irthreeioke pireckahleecovered
degoirelation:of ihesacqvared ghannels.ARokRI ARYISINAY RSO _ﬁﬁeﬁither oxder,

controlled by a Randomized Angle Control Parameter derived from the

reepvesraiudg adininedipetonel AesivgCAS A B DAME da prHE AAfefion

ang thexegoysred sifgehainstansient Flag for the particular channel.
The Randomized Angle Control Parameter for a channel, and, if

employed bhadRih ddr B R AR Bns aleseetto F16 M RhaNRBRSHEy ama! so that,
desives chem herecovaigenbetorlatiosuinaleadtasdoldhenehaniner the output
and the recovered. Transient. Flag for the channel by a controllable

R PRl e LB o ETh o B ST P s i gaoder
to KleemsinudieeiietGeZsithe ged @vadtiibmovice Grapdsitézedithogh applieds are

to a first channel audia,recover th .22, which derives the n .

o S LR St Sl BT A S AR yariations
chaniyedlso dudiopokadion fiethn2findhudes e valfdstbampliinded26ica Ruere its
Angle 28, and, if.a PCM ' | 1R\ ilterbank function

or e(i/olxcrg1 %I\ilgvr@etlgl eerc(gg%l%%ﬁlé??é% %Sldrﬁ?gﬁ% c%%éfi%%&aﬁi%ﬂ%%gincludes an

Adjust ArfiptitRde8 2 zike rap yYoigie Sxationg, 56 ShPCMAsTgsifeiisstEns sgpditions,
an juerse,isrhank uadion o evicr iR Se BHIRRARE dfo ASItite signal

the case of FIG. 1, only two channels are shown for simplicity in

prése picatlentoitinangt theadrsadls ahthe inere of Hip1sa5eive fisfribey, under certain
chaphelso2ad R recoNsedridasbain infermmtionder thsfitatahannBlalso imposed

channel 1, may include an Amplitude Scale Factor, an Angle Control

PapRrisaRzie et Bitersnemh cDEMIs! Fhetaf o HIRINIe Af Eregralgon with respect to

optignalhk-apiniemelatiag lagnas,. stated above in connection with the
description of a basic Encoder. The Amplitude, Scale Factor is %’%plied to

Adjust AdDfitseRssse TFther SpShal ECTpGRt FPERGTE R SeHef s may include

OPHRPBhNEAUENCYandom and truly random variations, but also deterministically-generated
variations that have the effect of reducing cross-correlation between channels. This is
discussed furiher below in the Comments to Step 505 of FIG, SA.

Conceptually, the Adjust Amplitude and Rotate Angle for a particular channel
scale the mono composite audio DFT coefficients to yield reconstructed transform bin
values for the channel.

The Adjust Amplitude for each channel may be controlied at least by the
recovered sidechain Amplitude Scale Factor for the particular channel or, in the case of
the reference channel, either from the recovered sidechain Amplitude Scale Factor for the
reference channel or from an Amplitude Scale Factor deduced fiom the recovered

sidechain Amplitude Scale Factors of the other, non-reference, channels. Alternatively,
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30 interpolator or interpolator function ("Interpolator”) 27 may be employed
in order to interpolate the Angle Control Parameter across frequency
(e.g., across the bins in each subband of a channel). Such interpolation
may be, for example, a linear interpolation of -14- the bin angles between
the centers, of each subband. The state of the one-bit Interpolation Flag
selects whether or not interpolation across frequency is employed, as is
explained further below. The Transient Fidg and Decorrelation Scale

Fagienmie:appbgdata R (lableLecpirplaton?d 8 dhat Q@ﬁ@ﬁﬂl&é Ray also be

Randomized Angle Control Parameter in 5 response theretq. The state of

thes et rran Siardamiged homlipae s B Aoty degred from the
randeynizetiskitglenslenestelatition 34k explatitet fuiete hwnddeinBlaecovered

Control Parameter ich.may be interpolated across frequency if the
Intgﬂ%egllja%r?r asbcﬁg\#ga%%llﬁél%%fé?g?%?g%egoyed, and the

RandomiZzéd Rrigle Saritr 6hiRarhmietendsd neag bmenedoibgish Brakiybarihe recovered
addiive ¢ i [ ini tion.40 in orger. royide a. 1Q cantr
S e Y e
maspbaﬂ@@;ig@ﬁenémthmgmwm mmﬁﬂmmlhosmm_b reghersentisr). To
the.fitans ﬁg&ﬁéﬂt@&goﬂﬁg9&5@@9@0%&&[!1%1&%%@%@ &9&1&' %ﬁ%ﬁo be c(fntrolled

generating a Randomized Angle Control Parameter. The' Amp e Scale

Fabiot g seizidviinets (oerstRbl sinth ercfed vrbies i seppyeisttaigschain
ScalechratRtoRsan csitiversomiinenBr SOMRINIRG HACHOR &R d@echain Transient

shown) in order to provide the control signal for the Adjust Amplitude 26.

Sirhieepr e seEiewa shrmsh ihrsRRboR IR R dséomirehBaareter for 2 channel,
chanagkamFiayedlse:RalimiearARipltde: Seale aEiofon ABSIRIGANGY derived

Parameter, a Decorrelation; Scale Factor, a Transient Flag, and,
o T BT LSS PO UG LIS e PP A A
degeriptien Pleg hasiceheandrn T heohimplibidelSoald factaiddlvagplied

to A 'uska} itude 32. A frequency interpolator or interpolator function
("Irgt(ear%% a ggrgieéer%oa%/ 1%’Aﬁ"'ef::)i)oned in order to interpolate the Angle

Control PRedenetertodbrossafoptuaichi: As thithectramekiibth eostptesiof théio is

one-hi r 'gﬂﬁ(! C nek inte Q0. a¢ross .
freq}ﬁ%%?ﬁsge%r% éloye @ﬁgﬁrﬁgﬁgﬁt@%%zﬁ D@éc‘(i)gr%%gt%ﬁ%kca ee1 ! audio, and
Faétor ssreshpliegebaadoraeoleh odietbrrdinbdazvisshe cheratbs snd®. Audio
Raﬁﬂﬁ@%ﬁaﬁﬁg'&%}H&';ﬁaﬁﬁmﬁé%i,rhrﬁé&@@ﬁ%ﬂ@i@}%&%ﬁgﬁm output is

channel 1; the state of "the one-bit Transient Flag selects one of two ~~
mulepie BBy gredHihmie dasiie caseive i rremtidtashmine dt fivaiatly,
belawicThgrdndie-kesial Raameispianddbe Randenized ANgContseiM output

Parameter are summed together by an additive combiner or combining

furiStRSAITEA iAPIRIEF D [ SRhef HRGHFR PE AP S Rt AR el ) 36.” As with the

case of FIG. 1, only two channels are shown for simplicity in presentation, it being
nnderstood that there may be more than two channels,

The recovered sidechain information for the first channel, channel 1, may include
an Amplitude Scale Factor, an Angle Control Parameter, a Decorrelation Scale Factor, a
Transient Flag, and, optionally, an Interpolation Flag, as siated above in connection with
the description of a basic Encoder. The Amplitude Scale Factor is applied to Adjust
Amplitude 26. If the optional Interpolation Flag i1s employed, an optional frequency
interpolator or interpolator function (“Interpolator™) 27 may be ermployed in order to
interpolate the Angle Control Parameter across frequency (e.g., across the bins in each

subband of a channel). Such interpolation may be, for example, a linear interpolation of
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30 Alternatively, as described above in connection with channel 1, the
Controllable Decorrelator 42 may also generate a Randomized Amplitude
Scale Factor in response to the Transient Flag and Decorrelation Scale
Factor, in addition to generating a -Is- Randomized Angle Control
Parameter. The Amplitude Scale Factor and Randomized Amplitude
Scale Factor may be summed together by an additive combiner or
combining function (not shown) in ordef fo provide the control signal for

thenSeliv AR BLIES 32 ARG AR REESHEr 1ORAIAGY ASHMSLISCIRE o1ation

is_useful for understanding, 5 essentially the same results may be

b
ol sl aathen ativet pRETBSLEOL AT IBHIEENRAL SORIGVE TS ifrlained

- orfsitillasdesy Shd DiaaxemMpiRcthedardeas-ol Adju st ARl eRG(3R2dd and

Raotate le 28 (34) may be reversed and/or there e_more than one .
R e B Faa A o Ao CoR s s Bt Egmerer in
anetbersthhtnespihdstioe tdtiRanddinibedsiamgB g eateolsRarari eternitibiple

Rofale Apgle may a0 be Sé’c%%%gﬁ%%d 0,100 g%%%&g&ﬁ%% 1HA0,008 OF - o1
two tunctions or devices, as In the ex mpjleo . escribed below.
a Renivdfreerismpiitat o8y dleirgaolisdsniesyseuttrre ifiihy emolasion Flag

thé{ﬂi &8 %%Hﬁt&%l %Hﬂﬁo’y@@,eaﬂa%é ?@Qﬁ@ﬂﬁztéa tﬁﬁg‘fé@%lﬁﬁ@?ﬁfﬁﬁ%m are
Factor and one that res!oonds to the Randomized Amplitude Scale Factor.

BEvERSS freihen aiy g ombing i SeRABRiB B RIS Ydmghssttp provide a
phasgollaRand BizRAANBILIA BeAIB FRCIBRIS HRE MBSt ENAY PR may

desirable to scale its effect relative to_the effect of the Randomized Angle

CAsHEPER A SRS iRet reuilidorramphtitiandqensdn tramptent Flag and
thBkthaeRendosiz BaoARgle Lanitl B ataneiar hasanopliase andlecfgrol

another alternative process qr topology, the Decortelation Scale Factor
i e AT R R R R
plasiangtd (athiuthairaddinga paraméian2@satiaseatiagwbining function (not
randomized phase an a_parameter. representing the hasi ase
ot et R G e e b b e

Versus mmmm@imm@@maMdgmm@mm@, channel n, may
(eRLESERING.A ARgRIRALAT Mo £ SEAIG RGP LRSI racion
basic amplitude) (i.e., a variable crossfaden each case). tea r’eaference

cHmkdiistentoloyetonFinsc andeeb itnaly iarcaimaelivn ath sdessibekibove in
encadss SRS ROIRLG ARGl AR e RGeSl ARGHALNINE Factor is

Combiner for _that channel may be omitted inasmuch as the sidechain
infbiHediBnrdiush A varkiredic a2 cHafR@IsH iteRlatery enehsntfgection
5@!&5@&%&%?Hﬁ@@é%ﬁlélé%ﬁ%ﬁ&%&h@iﬁté&i@fﬁ@ﬁf&%@%ﬁhoﬁ Parameter

contain an Amplitude Scale Factor for the reference channel, it ma

b
dSGRsE AFEBRIA AR Shanadt A cthy staerEthtaedRbleroite yﬂ‘%? selects

EREHBher or not interpolation across frequency is employed. The Transient Flag and
Decorrelation Scale Factor are applied fo 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
decorrelation, as is explained further below. The Angle Control Parameter and the
Randomized Angle Control Parameter are summed together by an addiitve combiner or
combining function 44 in order to provide 2 control signal for Rotate Angle 34.
Alternatively, as described above in connection with channel 1, the Controllable
Decorrelator 42 may also generate a Randomized Amplitude Scale Factor in response to

the Transient Flag and Decorrelation Scale Factor, in addition to generating a
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30 normalization in the encoder assures that the scale factors across
channels within a subband sum square to 1). An Amplitude Adjust is
provided for the reference channel and it is controlled by a received or
derived Amplitude Scale Factor for the reference -16- channel. Whether
the reference channel's Amplitude Scale Factor is derived from the
sidechain or is deduced in the decoder, tlinngz recovered reference channel

is an amplitude- scaled version of the moho composite channel. It does

nat fediire angle rodier bpaansserit [Elibd rgfbrelctciby faetotherd Randomized
channels' rotati . 5 Although adjusting the relativ itude of .
R AR e B e e e RIS B o combining
usiad ilen enanshiitutdmaitstivenbisdikély torediitgrebioebroddinstiAmplitude 32.
soundfield, substantially lacking. i ializati imaging, S
condition%] e?&.g,haa‘%rgl 5%%@1%3%%% . A?r%%ﬁegg_adjusgr%%{r%ﬁr%égy %Bﬂl_g’
affsstititdinthesaoeetsite rancbs elbttincd a7t ACHEIBRRFefsEset fdopologies that

psyshoacausiic direclional cues19:emploved vbrigass Zaps: according26 (32)

to aspects of the invention, certain angle-adjusting techniques may b

y be
erapioyeiicepalsdiA§3dh wignbe EotImeFad{8: Shet deh daitrasg fhan one Rotate
deggriglatin (RefRipRcs: MAkDE BRAS - Bbieifa! M@WidRRer that responds to

abbreviated comments useful in understanding the multiple

arlgrRBaairnirgibcstrdaniT EarmmiiEs SRRt SrBpaaYalakasiered to

be,employst i @eaAkdancewithaspects efthesinventionsfathsk BB FIG. 5 described
decarrelation techniques as describhed b?%/)\%m conriecti ntwith the
0

exafiled bt BraomZ 8 e é’ﬁli?) A = GERIOVR, hiere mey: be more than
thesdectyiauesefiffatle dntriptactioedppliing apliedotatidns it and one that
magnitude alterations may yesult.in_cigcular. volytion (al n )

oy 5 B OB A i B2 SP DR S roatr
cireetisitiottyvolutphindedekitoble phdib)é farkfaviemisd dnoplitrerdr Sakier 1s
convolution are somewhat.r b ifHARg i :
oA gl A0 SR i
be Anigeatieat ! Paveowstimptbeh éntdion sorashicis isfeprthia denefiect that the

'”‘ﬁgﬁ%&@&tﬁﬂ,@@b&%@ RIgE- the JoNuaRaixRe: OAN QRS AHdtRIB e process
channels occurs only in E)art of the audio frequency band, such as, for

exaniphelassy e Bsoorslaion el RS MHE A RABRF L HetRB e hE digP 25
CORYRIBLSRARHRRINMAY vARsEativaach sules Galivothiionddiay bearameter
avoided or minimized by an suitabfe techni uee{é'rn(élur%jc;r%gtilfloréﬁé%gns Iehase angle)
an'BBFSBHAkRGERIgPIEe Pgﬁ%ﬁﬁﬂé.%%% 3\75%%, (<87 &8 paading 1S £
trapséarmithemppase thir eslieatyaodimaied wanidttods (i eseut bgsangtplitude shift
rotations and amplitude scali gez to the time domain, window @u&/\n h an. e
aale. - fact

artREr SRRy 6%&0“%%%% 0% S%Irl]{%%r%sr%l m a%[i (RS reeéouaé%(%%e actor

representing the basic amplitude) (i.e., a variable crossfade in each case).

If a reference channel is employed, as discussed above in connection with the
basic encoder, the Rotaie Angle, Controllable Decorrelator and Additive Combiner for
that channel may be omitted inasmuch as the sidechain information for the reference
channe! may include only the Amplitude Scale Factor {or, aliernatively, if the sidechain
information does not contain an Amplitude Scale Factor for the reference channel, it may
be deduced from Amplitude Scale Factors of the other channels when the energy
normalization in the encoder assures that the scale factors across channels withina
subband sum square to 1), An Amplitude Adjust is provided for the reference channel

and it is controlled by a received or derived Amplitude Scale Factor for the reference
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30 domain and multiply by the frequency domain version of the audio to
be processed (the audio need not be windowed). Table 1
Angle-Adjusting Decorrelation Techniques -17- Technique 1 Technique 2
Technique 3 Type of Signal Spectrally static complex continuous Complex
impulsive (typical example) source signals signals (transients) Effect on
Decorrelates low Decorrelates non- Decorrelates Decorrelation frequency
and impulsive complex impulsive high stelédy-state signal signal

CORMRBRENWHERMGNC Y5107l ERMRACPEAls NRMRONAN S EifeGt Rfiived from the

transient Operates with Does not poperate Operates . present in frame

shatderheiriits desineeshiv fimde HonbeseRIRPRAHE ATIS t6AMRe bivqte gpplitude-
Addsia thesargledt disamesBydspelhachnipded sotiragrirbeshiigdedich becanse
bin_angle in.a invariant rapidly-changing channel randomized angle (block
by%%g& r%%rgnﬁfn%&ﬁﬁ%ﬁé%arﬁﬁga g?ltéféc’lﬁasis in a channel on a
subband-biflsmighadphdagishia @l thannehiCedtraleddyyred Basichasg provide a
angle is nt of. Amount of le contr b ie ran ized :
g R b e R B B O gt o

indiegotipésd Dendhddbsidnisrialsdarkétationstalizaine goaiginecfosgiany signal
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frame u dated every frafmme Frequency SL:Jbband (same or Bin (ditferent

Substyghidifeeamges Rfetéémr@w@&%ﬁ@ rlrtenpelieopsrrhorsABBinidaectnmel cues

randpimigesshift shiftvalue applisd 1 alhvalusrapplisddoyalia ARREREIAGusting

al 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 technigues or modes of
operation that may be employed in accordance with aspects of the invention. Other
decorrelation techniques as described below in connection with the exampies of FIGS. §
and 9 may be employed instead of or in addition to the techniques of Table 1.

In practice, applying angle rotations and magnitude alterations may result in
c.iroular convolution (also known as cyclic or periodic convolution). Although, generally,
it ig desirable to avoid circular convolution, undesirable audible artifacts resulting from
circular convolution are somewhat reduced by complementary angle shifting in an
encoder and dec__oder._ Tn addition, the effects of circular convolution may be tolerated in
low cost impiementaﬁonsh of aspects of the present invention, particularly those in which
the downmixing {0 mono or multiple channels occurs only in part of the audio frequency
band, such as, for example above 1500 Hz (in which case the andible effects of circular
convolution 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 the time domain, window
it (with an arbitrary window), pad it with zeros, then transform back to the frequency
domain and multiply by the frequency domain version of the audio to be processed (the
audio need not be windowed).

Table 1 .
Angle-Adjusting Decorrelation Techniques



bins in each 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 shift values updated frame) same and

do not every block) change For signals that are substantially static

spectrally, such as, for example, a pitch _pg e note, a first technique

("Technique I") restores the angle of the received mono_composite signal

refative to the angle ofieachrefthri@ther recoverbdintiquerizls to an dhiefanique 3
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determined by Technigtie 1 under certain signal conditions, theré& p ol
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same scalig acto
subband, scaling subband, scaling
updated every frame | updated every frame

Frequency Subband (same or Bin (dif'ferent _ Subbam"l (smn§

Resolution of angle | interpolated shiit randomized shift randomlzc.d shift

shift value applied to all | value applied to vatue applied io all
bins in each 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 shift values updated
frame) same and do not every block)

change

For signals that are substantially static spectrally, such as, for example, a pitch
pipe note, a first technique (“Technique 1) restores the angle of the received mono
composite signal relative to the angle of each of the other recovered channels to an angle

5 similar (subject to frequency and time oranularity and to quantization) to the original
angle of the channel relative to the other chamnels at the input of the encoder, Phase angle

differences are useful, particularly, for providing decorrelation of low-frequency signal
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subband. Although changing the amplitudes of spectral components within
a subband changes the envelope, large amplitude changes are required
to obtain a significant change in the envelope, which is undesirable
because the human ear is sensitive to variations in 20 spectral amplitude.
In contrast, changing the spectral component's phase angles has a
greater effect on the envelope than changing the spectral component's
amplitudes - spectral components no loriger line up the same way, so the
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operation, depending on whether or not a transient is present.
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5 amplitude scallng tha seeks to restore the original channel amplitude.
TetRIsRy ERPRES HEmsTE ¥ Bomplex continuous signals that are rich in
harmoniqsanauﬁﬁua@ dmassedrosthesiral vialinsddwcbhiquy ® is:ssitetidoinized
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The 15 amount or degree of this basic shift is

cosmneb ﬂmpﬁi‘tedﬁm Heotmrorheansier therdnifconesphraheterngies hasa
Zeé%at%? SyRiained.THies Relow S Hheh e Sarme.ar aniiesReliegiitudes —

spectral components no longer line up the same way, so the reinforcements and
subtractions that define the envelops occur at different times, thereby changing the
envelope. Although the human ear has some envelo?e sensitivity, the ear is relatively
phase deaf, so the overall sound quality remains substantially similar. 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
canse undesirable audible artifacts.

Preferably, a controllable amount or degree of Technique 2 or Technique 3
operates aloﬁg vﬁth Techﬁique 1 under ‘certain signal conditions. The Transient Flag

selects Technique 2 (no transient present in the frame or block, depending on whether the



parameter is applied to all bins in each subband and the parameter is

updated every frame. 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). 20 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,
eoseial R RAHEIRUAN SR QY ERA MR AR SRR Bresent in the
amplitude of recovered channels because all channels tend to have'the
sa’§@§rﬁ

phitecle. ovesHb e AscBH Bremrdes o iweriguaiopopdingtes whether or
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5 chanpttutassiigetiat eavglepastofdhie channelhiahe diffexgat from one
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randomized phase angle added to 5 the base angle ‘shift (of Technique 1)
aci?d?fﬁ?@“to Technique 2 is controlled by the Decorrelation Scale Factor

in a mannectRafuINBFRRSAHE IRSIEBRIMaE) e REIIBEtS in3USnnel. The
minimization_of signal warbling artifacts rel% from the manner in which

15 th@HSUBLIFISESH Slaie PROrE BEa P IE LpRIGHBRTf Parameter (no shift -
apiiitheriatediens smaoihing, casdrstfibddtieiow, Al ughsantifiteraninterpolated
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subloaseieerditheastalibyaisduddathcdbaesi framienvEeqhiniousi® epthratgsedn to other
th ] ient | f . in the ra
e BB Bl SRR A i 3o o

20 chBoveiviro rhcshedgu Wb fec kiselthia unsijiabledivd o fvirsidrd nigieal aheb as applause. For

commfeha tAlRIRS, i&éﬁ%ﬁH@@%&%ﬁ%ﬁﬁﬁ%Mﬁ%& Haeaﬁaasﬁgn%%&% comb-

also the amplitudes and phases, of the signals in a channel toc
withliespiast tdtothrorash ansen svepnasiselkally no decorrelation is provided by adjusting

only the relative amplitude of recovered channels because all channels tend to have the
same amplitnde over the period of a frame.

25 Technigue 2 operates when a fransient is not present. Technique 2 adds to the
angle shift of Technique 1 a randomized angle shift that does not change with time, on a
bin-by-bin basis (each bin has a different randomized shift) in a channel, causing the
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

30  constant over time avoids block or frame artifacts that may result from block-to-block or
frame-to-frame alteration of bin phase angles. While this technique is a very useful

decorrelation tool when a transient is not present, it may temporally smear a fransient



block. These changes in time and frequency resolution of the angle
randomizing reduce steady-state signal similarities among the channels
and provide decorrelation of the channels substantially without causing
"pre-noise” artifacts. The change in frequency 20 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 different)
in Technique 3 is particularly useful in minimizing "pre-noise" artifacts.
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characteristics of the signal ‘minimize block-rate artifacts_that mi
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Te@ﬁ’fﬂﬁlfes‘%% daa%na%fg earltsaél%gfmlgéi Vn%%%% which may be zero,
and (2) a Techhigatidmpidteshmiheeresems afmiantiordnibe Brpe ek

3 \ghi%plcg'ﬁa%g%h%er%?é QLSRN RMEN6E di IR SR LRHOM: KeteAn A uas: in cach
are’ freated as being three techniques. Aspects of the multiple mode
decuiretadon tebrnigh eratiogioahiedio ot #ER ST BEh ﬁé&&ﬁh}e» common

15Proyiding:decorrelationef audinsianalsigeryesaspby, tpralxinge droptitodes and
or more audio channels even when such audi chancg%lﬁs %{err%]%t degﬂqv
u

d
frorbase 16 RS IBR A BRSPS 48 SEEAS BT B ETREAY PUBHHBRPEn e Plock o
" afr%&&@?ﬁ&%@@ﬁﬁ%@ﬁﬁ'iﬁﬂct@l@mqwaye&mm@amfmmmﬁmmg reduce
referred to as "pseudo-stereo” devices and fur’ictiogs. Av@{s italbrﬁaggﬁi(&?tha
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des%réctimenqq%% " %rs] ﬂ%&guigrﬁrnug&g'f%?ﬁnﬂm “nre-noise” artifacts. Although the ear
does not respond to pure angle changes directly at high frequencies, when two or more
channels mix acoustically on their way from loudspeakers to 2 lisiener, phase differences
25  may cause amplitude changes (comb-filier effects) that may be andible and objectionable,
and these are broken up by Technique 3. The impulsive characteristics of the signal
minimize block-rate artifacts that might otherwise occur, Thus, Techniciue 3 adds to the
phase shift of Technique 1 a rapidly chenging (block—by-block) randomized angle shift
on a subband-by-subband basis in a channel. The amount or degree of additional shift is
30  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 is updated every frame.
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derived audio channel to which the decorrelation techniques are applied
may be switched from one mode of operation to another by detecting
transients in the derived audio channel itself. Alternatively, the operation
of the transient-present technique (Technique 20 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 Arplitude Scale Factor, an Angle

Control P 2 aﬁ[ﬁrtﬂerp Corée%f:?é]t §Enfuf A5k %Jﬁ%ﬂﬁi‘?&%ﬂ?@agﬁgee

25 optlon GlStion Y'sidechain information for a
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may{gﬁ iged %S%B%HQM%T@P@@%%M Ihesifechairdyeraation. 2,

pdated once per frame. Table 2 Sidechain Information
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e e o, TS EorL o B PEMESD Bl S

binrémsssehandet audef erﬁnﬁeig:dfmvdk&lﬂubhrad@o&h@péstm n8thitiSed fmm an

Ievgxlggé C%'c%ordmg to aspects of the present invention. Such arrangements, when applied
to a mono audio chanhei, ‘are sometimes referred to as “pseudo-stereo” devices and
functions. Any suitable device or function (an “upmixer”) may be employed to derive
multiple signals from 2 mono audio channel or from muitiple audio channels. Once such
muliiple andio channels are derived by an upmixer, one or more of them may be
decorrelated with respect to one or more of the other derived audio signals by applying
the multiple mode decorrelation techniques described herein. In such an application, each
derived audio channel to which the decorrelation techmiques are applied may be switched
from one mode of operation to another by detecting transients in the derived audio
channel itself. Aliernatively, 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 Angle Contro! Parameter, a Decorrelation Scale Factor, a Transient Flag, and,,
optionally, an Interpolation Flag. Such sidechain information for a practical embodiment

of aspects of the present invention may be summarized in the following Table 2.

Typically, the sidechain information may be updated once per frame.

' Table 2
Sidechain Information Characteristics for a Channel
Sidechain Represents Quantization Primary
Information Value Range (is “a measure Levels Purpose
of™)

Subband Angle |0 >+2= | Smoothed time 6 bit (64 levels) | Provides
Control average in each basic angle
Parameter subband of rotation for




Decorrelation The Subband steadiness of randomized Scale Factor
Decorrelation signal angle shifts Scale Factor is characteristics added to
high only if over time in a basic angle both the subband of a rotation, and,
Spectral- channel (the if employed, Steadiness Spectral- also scales
Factor and the Steadiness randomized Interchannel Factor) and the
Amplitude Angle consistency in the Scale Factor Consistency same

subband of added to Factor are low. a”

Tahnel of bin basic angles with

mptugie respect to Scale Factor, gogeseandinglandudiigadba Primary
optinalor eferenceghanrnaekscalesidegiaasiie Interchaengt of Anglepurpose
reverberation Cansistency Factar) Subband 0 to 31 (whole Energy or 5
bit (32 Tevels) Scales Amplitude integesa@mplitude|in Granularity is | each bin in
amplitude of Scale Factor O is high&stsnhbglddf a 1.5 dB, so the hioRalhe]
a amplitude charjnel with range is &thhmsubband in a 31 is lowest
respect to energy 46.5 dB plus chauistehdfaplitude pr amplitude for final
value = off. samg subband acrosskdhmchamhéigt-23 Sidechain
Represents Quantization Primary dfifamation Valug Range (is "a
measure Levels Purpose corresponding bin
in subband of a
reference channel
Subband 0 =>1 Spectrai- 3 bit (8 levels) Scales
Decorrelation The Subband | steadiness of randomized
Scale Factor Decorrelation | signal angle shifts
Scale Factoris | characteristics added to
high only if overtimein a basic angle
both the subband of a rotation, and,
Spectral- channel (the if employed,
Steadiness Spectral- also scales
Factor and the | Steadiness randomized
Interchannel Factor) and the Amplitude
Angle consistency in the Scale Factor
Consistency same subband of added to
Factor are low. | a channel of bin basic
angles with Amplitude
respect to Scale Factor,
corresponding and,
bins of & optionally,
reference channel scales degree
(the Interchannel of
Angle reverberation
Consistency
Factor)
Subband 0 to 31 (whole | Energy or 5 bit (32 levels) | Scales
Amplitude integer) amplitude in Granularity is amplitude of
Scale Factor 0 is highest subband of a 1.5 dB, so the binsina
amplitode channel with rangeis 31*¥1.5= | subband in a
31 is lowest respect to energy | 46.5 dB plus channel
amplitode or amplitude for | final value = off.
same subband
across all
channels




of") Transient Flag 1, O Presence of a 1 bit (2 levels) Determines
(True/False) transient in the which (polarity is frame or in the technique

for arbitrary) block adding randomized angle shifts, or both angle shifts
and amplitude shifts, is employed Interpolation 1, O A spectral peak | bit
(2 levels) Determines Flag (True/False) near a subband if the basic
(polarity is boundary or angle arbitrary) phase angles rotation is within a

channel interpolated have a linear across2progression frequency In each
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In each case, the sidechain information of a channel applies to a single subband

(except for the Transient Flag and the Interpolation Flag, each of which apply to all

subbands in a channel) and may be updated once per frame. Although the time resolution

(once per frame), frequency resolution (subband), value ranges and quantization levels

indicated have been found to provide useful performance and a useful compromise

between a low bitrate and performance, it will be appreciated that these time and

frequency resolutions, value ranges and quantization levels are not crifical and that other

resolutions, ranges and levels may employed in practicing aspects of the invention. For

10

example, the Transient Flag and/or the Interpolation Flag, if employed, may be updated

once per block with only 2 minimal increase in sidechain data overhead. In the case of

the Transient Flag, doing so has the advantage that the switéhing from Technique 2 to

Technique 3 and vice-versa is more accurate. In addition, as mentioned above, sidechain

information may be updated upon the occurrence of & block switch of a related coder.

15

It will be noted that Technique 2, described above (see also Table 1), provides a

bin frequency resolution rather than a subband frequency resolution (i.e., a different

pseudo random phase angle shift is applied to each bin rather than to each subband) even

though the same Subband Decorrelation Scale Factor applies to all bins in a subband. It




bin frequency resolution rather than a subband frequency resolution (i.e.,
a different pseudo random phase angle shift is applied to each bin rather
than to each subband) even though the same Subband Decorrelation
Scale Factor applies to all bins in a subband. It -24- will also be noted that
Technique 3, described above (see also Table 1), provides a block
frequency resolution (i. e., a different randomized phase angle shift is
applied to each block rather than to eachszame) even though the same
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highest degree o ase S ase shift caused
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phase shift is audibly the same as the different random Shases in the

ongmhaf%?@a%ﬂ qﬁ%wr&%&h&m%%a%w@e‘a@a Figeh Gagel when
the additiomefisema daaee.ef fendamized PPree shiftSare added in accordance with

aspects of the present invention, For example, in extreme cases when the Decorrelation

25  Scale Factor canses the hi ghest degree of randomized phase shift, the phase shift caused
by Technique 2 or Techrique 3 overwhelms the basic phase shift cansed by Technique 1.
Nevertheless, this is of no concern in that a randomized phase shift is andibly the same as
the different random phases in the original signal that give rise to a Decorrelation Scale
Factor that causes the addition of some degree of randomized phase shifis.

30 As mentioned above, randomized amplitode shifts may by employed in addition to
randomized phase shifts. For example, the Adjust Amplitude may also be controlled by a

Randomized Amplitnde Scale Factor Parameter derived from the recovered sidechain



30 As mentioned above, randomized amplitude shifts may by employed in
addition to randomized phase shifts. For example, the Adjust Amplitude
may also be controlled by a Randomized Amplitude Scale Factor
Parameter derived from the recovered sidechain - 25 Decorrelation Scale
Factor for a particular channel and the recovered sidechain Transient
Flag for the particular channel. Such randomized amplitude shifts may
operate in two modes in a manner analogus to the application of

rangdomized DhASE RIS 95 SrpmRleL R ihe.2Pseee %@Jé?era%ﬂ&h%m Transient

randomized amplitude shift that does not change with time 5 may be
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Flag ever resu s in on a small increase In si aln
overwbsdninalgrdpionsmetbin Fm:gporal resolution is possible W1thont increasing the

sidechain bitrate, albeit with decreased spatial accuracy (the encoder detects transients in

each input chanme! prior to their downmixing, whereas, detection in the decoder is done
25  after downmixing).

As an alternative to sending sidechain information on a frame-by-frame basis,

sidechain information may be updated every block, at least for highly dynamic signals.

As mentioned above, updating the Transient Flag and/or the Interpolation Flag every

block results in only a small increase in sidechain data overhead. In order to accomplish
30  such an increase in temporal resolntion‘for other sidechain information without

substantially increasing the sidechain data rate, a block-floating-point differential coding

arrangement may be used. For example, consecutive transform blocks may be collected
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30 such an increase in temporal resolution for other sidechain information
without substantially increasing the sidechain data rate, a
block-floating-point differential coding arrangement may be used. For
example, consecutive transform blocks may be collected -26- in groups of
six over a frame. The full sidechain information may be sent for each
subband-channel in the first block. In the five subsequent blocks, only
differential values may be sent, each th&%ifference between the
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the present invention employs processing steps or deviceas that
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as next satfekiur Aliboigh tiferencodingandule dodadpstEpH iSRS PR

may each be carried out omputer.so q [ QUERGRES in a frame.
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the order of the below Jisted steps, it will be understood that equivalent or similar results
may be obtained by steps ordered in other ways, taking into account tha'_t certain quantities

are derived from earlier ones. For example, multi-threaded computer software instruction

25  sequences may be employed so that certain sequences of steps are carried out in parallel.

Alternatively, the described sieps may be implemented as devices that perform the

described functions, the various devices having functions and functional interrelationships

as described hereinafier.

Encoding

30 The encoder or encoding function may collect a frame’s worth of data before it

derives sidechain information and downmixes the frame’s audio channels to a single

monophonic (mono) andio channel (in the manner of the example of FIG. 1, described



30 The encoder or encoding function may collect a frame's worth of data
before it derives sidechain information and downmixes the frame's audio
channels to a single monophonic (mono) audio channel (in the manner of
the example of FIG. 1, described -27- above), or to multiple audio
channels (in the manner of the example of FIG. 6, described below). By
doing so, sidechain information may be sent first to a decoder, allowing
the decoder to begin decoding immediatéfy-upon receipt of the mono or

multiple.c i0 information. St ing.R! . .
("e%(‘:%r ?hg%%gglsl@%u%%@ég escr%geg%a%%s%%fgh resr%g? t§o§ 16 6, described

enbdiginy dizdoinaferesidechimidernaing meyihsiesnidimtineg feederoiigwing the
hyhrid dowsBagaad- facionalalack diagrameipsruabraies dufl dannel

shows encoding steps for one channel. Steps 420 and 421 apply to all of
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described below in connection with the example, 10 of EIG. 6..S .
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present in any block of a frame_far.the channel. 15 Comments regarding_.
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finer, E)Iock rate in the decoder may improve decoder performance.

10Altﬁg gh, as discussed above, a block-rate rather than a frame-rate
TransientStquyifiiayietasialpensisntef the sidechain information with a 20

modest IngTpase. RIERIE A SUBHG se el lelo Il HaE FRRethaRAURnel
accuracy, may be accomplished without increasing the sidechain bitrate

by detectibgthe osethitshoassitBnsENsifp tianmendsduripydRaRydiark of a frame
rec ‘%’ﬁ% i&;lgﬁegrecoder. There is one transient flag per channel per frame,

which, because It is derived in the time domain, necessarily applies to all
15subbands&armmemisresarsiae Fite fllisient 25 detection may be

performedrify g, RRRRNE T3 Tl iopiabe ey sddoham Aodarendad 9klso used
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20 modest increase in bitrate, a similar result, albeit with decreased spatial accuracy, may be
accomplished without increasing the sidechain bitrate by detecting the occurrence of
transients in the mono composite signal received in the decoder.
There is one transient flag per channel per frame, which, because it is derived in
the time domain, necessarily applies to all subbands within that channel. The transient
25 detection may be performed in the manner similar to that employed in an AC-3 encoder
for controlling the decision of when to swiich between long and short length audio
blocks, but with a higher sensitivity and with the Transient Flag Trae for any frame in
which the Transient Flag for a block is True (an AC-3 encoder detects transients on a
block basis). In particular, see Section 8.2.2 of the above-cited A/S2A document. The
30  sensitivity of the transient detection described in Section 8.2.2 may be increased by
adding a sensitivity factor F to an equation set forth therein. Section 8.2.2 of the A/52A

document is set forth below, with the sensitivity factor added (Section 8.2.2 as reproduced



30 sensitivity of the transient detection described in Section 8.2.2 may be
increased by adding a sensitivity factor F to an equation set forth therein.
Section 8.2.2 of the A152A document is set forth below, with the
sensitivity factor added (Section 8.2.2 as reproduced 28 below is
corrected to indicate that the low pass filter is a cascaded biquad direct
form Il IR filter rather than "form I" as in the published A./52A document;
Section 8.2.2 was correct in the earlfdr-A/52 document). Although it is not
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document transient detector in greater detail. As another alternative,
trirsREEFRA) e HoReQSHTPIRE HEGchRIp e S bateniR{RiRcHeof the

tirpe:stomiairefsee the Comments to Step 408). In that case, Step 401 may

be omitted and an alternative step employed in the frequen omaip as
oo SERE s R SN QEIP St e o bpent
of POMiIMhesatepies oy altifie WiridewsandesativarispeemddicoreXx document

frequency values via a DFT. as,implemented by an FFT. Step 403.
C%%Selfz é%er?ﬁﬁ‘i%&%’fﬁ%gftg ggnitude and Angle. Convert each

frequencisdontizinaempiox.thansforyin vallstetiediy) toedranagmituderamdather
adi . . ons: : _
s eSS ST T . e o

Stepifedasimelstaas o RswirigBwEps i dbeok vrusncisdomsianaliesaawddclow.

the energy.af gbiny Hiefined A hp@bove magnitude squared (i.e., energy
= (a2 + h2). Step 404. Calculate Subband Energy. a. Calculate the

subbandHERLY et BRERDY eEiAbTSHY iBtgyrpRiGe BYvithme Bafpw and convert
sulphan&(@ aRMALGR-ACTOSHFEHIGNOYT Bs raltiiriadh e subband

energy per frame hy averaging or accumulathr\;qq the energy in all the

blocks ins¢haffie (AT SGMPIACLIIAN T MRS ARE) A0 Skthe
coupling freguanaylofthaencatienis belaplabeuista0dizyapply the) o a
subband frame-averaged or frame-accumulated energy to a.time.
Smg}gﬁ{lé‘[}lfﬁ aa[ngﬁélg;% équresentg‘uon using Ctmdar complX mampmamons:
a. Magnitnde = square_root (a° + b%)
b. Angle = arctan (b / a)
Comments regarding Step 403:
Some of the following Steps use or may use, as an alternative, the energy of a bin,
defined as the above magnitude squared (i.e., energy = (a’ + b%).
Step 404. Caiculate Subband Energy.
a. Calculate the subband energy per block by adding bin energy values within
each subband (a sutmmation across frequency).
b. Calculate the subband energy per frame by averaging or accumulating the
energy in all the blocks in a frame (an averaging / accumulation across time).
c. If the coupling frequency of the encoder is below about 1000 Hz, apply the
subband frame-averaged or frame-accumulated energy to a time smoother that operates

on all subbands below that frequency and above the coupling frequency.

Comments regarding Step 404c:



on all subbands below that frequency and above the coupling frequency.
Comments regarding Step 404c: -29- 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 -sfioothing may have a significant

effect) P BRI Hhdie e FRAUHADANAIMIDIEN ey subbands may
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may be app In Step 412. Step 405. ulate Sum o agnitudes.
a.TaHisatardthéosprapatiblock of the bin magnitudes (Step 403) of each

subband, @MRion, Ac AR HRUEReALR. FRIGHIAIG G 20 PRYo-stage

frame of the bin magnitudes of each subband by averaging or o
acEpRthatihgtine ragisibeorSiEpLiEh Berbss thaBrskiaadiecaaine in
(afesAeSARI AGARGOHTIGIORALERRS WMEEPESE SUME;alaIYae] dRnt of the

calculate an Interchannel Angle Consistency Factor in Step 410 below. c,
If #R8LeB OB RRHe SRISREP SRR dhRebitey 18 @rswsa%%f‘a@ié%p@ﬂﬁ%’pmh@ other
subbangifenadevensges ot drame-aee o wated magnitedesita@tiiiand may also

S ootheri?}hat operates on all subbands bel wthaﬁ frequency and above | .
&p Fe ted in

SOt BN TG heRty ‘CoRBhS YA STER 405 888 Wi

re§anoifig step 404c except that in the case of Step 405c, the time
smoothing, mayealeRRlNEY 88 iEmenhasRakeL.

a. Calculate the sum per block of the bin magnitudes (Step 403) of each subband
{a summation across frequency).

b. Calculate the sum per frame of the bin magnitudes of each subband by
averaging or accumulating the magnitudes of Step 4035a across the blocks in a frame (an
averaging / accumulaiton across time). These sums are used to calculate an Interchannel
Angle Consistency Factor in Step 410 below.

¢. I the coupling frequency of the encoder is below about 1000 Hz, apply the
subband frame-averaged or frame-accumulated magnitudes o a time smoother that
operates on all subbands below that frequency and above the couphing frequency.

Comments regarding Step 405¢: See comments regarding step 404¢ except that
in the case of Step 405¢, the time smoothing may alternatively be performed as part of
Step 410,

Step 406, Calculate Relative Interchannel Bin Phase Angle.
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Step 410. Step 406. Calculate Relative Interchannel Bin Phase Angle.
-30- Calculate the relative interchannel phase angle of each transform bin
of each block by subtracting from the bin angle of Step 403 the
corresponding bin angle of a reference channel (for example, the first
channel). The result, as with other angle additions or subtractions herein,
is taken modulo (7c, -7c¢) radians by adding or subtracting it until the 5
result is within the desired range of -n t®#n. Step 407. Calculate

Interchannel Subband. Phase Anﬂle. For each alculate a.,
frame-ra&@iﬁ %ﬁt' &S ’i‘é‘?&lét rgvera%g i grﬁ%aﬁr%er%%gﬁcgégsﬁraﬁ’ tor f each block
eagtyshtbleting Aerfolle/insn angontich K3, thonstrastambompiexoglenerreference
from th agnitude of,Step 4 a ve:int | iR, -

cmanne @?1%)%a§%g%,jbgggst Ac %1511% %é@gs{ﬁ‘!ﬁt{k il ;c?{}%}ad}l ?é Qﬂiﬁmons or

phase angle o ‘constructed complex numbers of

Stehteiaradrosinendhlsubbedid (& sumadinisrbaeassagirs gubhiestjng 2 until the
C%EM%&'[}%%%@@@%@ AQ2boFor gxample, if a subband has two bins
and one o

the bins has a complex value of 1 l-;é | and the other bin has a

Shaps Av@lgerage or _
accumulate the,Rekhiecksemplex PumbelsaiphaiRanki sukbang:ot Siepchannel

407b across the blocks of each frame (an averaging or accumulation

adtorss ARy ToF SReRS RIS FPWShey of the encoder is below about

1000 Hz, applydheacB®:51kbantianergieragatbar famboeagrittidted Step 403
complex valye to a.time smoother, that operates an all bands below

that freqﬁ%%ﬁ?éﬁ&thv&f{}ée ﬁ?éa%%ﬁ)ﬁﬁagﬁgéﬁﬂg%c?? %ﬁrﬁ%nts regarding

Step 407d: BesdbinmentsruegdrdingStepbdcs ekSept 4(atimthe abeubband (a
Step 407d, the time smo%hin ma}y alternatively be performed 25 as part

8 alion ACTOSE ITequency .
of Steps eor4f67e” &6 pu the magnitude of the complex result of
Step 407d a€penSpaBediGoRiamet7iugBedieny Sy KeabTing has two bins and
magnitude | 03 ! e te SIMGHRAANPIGOMER Kbmpt
Step 40?&%@3%2‘6@6%%2&# g%ff%?% i%ﬁélauari; _rcfét (9+9)=a.24.30f T
Computethits afgle i theic 6PaRNSE fSBUIS Astér Step 403.

¢. 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.l If the cﬁupl%ng frequency 'of the encoder is below about 1000 Hz, apply the
subband frame-averaged or frame-accumulated complex value to a time smoother
that operates on all subbands below that frequency and above the coupling
frequency. |

Comments regarding Step 407d: See comments regarding Step 404¢ except
that in the case of Step 407d, the time smoothing may alternatively be performed
as part of Steps 407¢ or 410,

e. Compute the magnitude of the complex result of Step 407d as per Step 403.

Comment regarding Step 407¢: This magnitnde is used in Step 4102 below.
In the simiple example given in Step 407b, the magnitude of 3 -+ 33 is square_root
(9+9)=4.24,

f. Compute the angle of the complex result as per Step 403.

Comments regarding Step 407f: In the simple example given in Step 407b,
the angle of 3 +j3 is arctan (3/3) = 45 degrees = n/4 radians, This subband angle



Comments regarding Step 407f: In the simple example given in Step
407b, the angle of 3 +j3 is arctan (3/3) = 45 degrees = 7c/4 radians. This
subband angle -31- is signal-dependently time-smoothed (see Step 413)
and quantized (see Step 414) to generate the Subband Angle Control
Parameter sidechain information, as described below. Step 408.
Calculate Bin Spectral-Steadiness Factor 5 For each bin, calculate a Bin
Spectral-Steadiness Factor in the range ®f 9 to 1 as follows: a. Let xm =
bin magnltude f pres 8} calcul% ee&j Qe%?e@ 4,93’2) atd hﬁ&ﬁ{mea (see Step 414)
correspo“lsncﬂ’tﬁ’@;a ‘g of previous Iock C. If Xxm > ym, then Bin
Dyn amlqd\geﬁ&&tﬂehE&fdn@QMﬁﬁZﬂK@l & ApgstfY Wﬁ@w ifHarusip as
Dynamic Am e Factor = (xm/ym)z, e. Else if ym = xm, then Bin
Spectral- @F@gh raesg%ctor = 1. Comment regarding Step 408: "Spectral
steadinesséjistesmeastuintf Bie SxeenntSiRAREpEAF A components

5 (e.9., Sp aI OEff'C'e cﬁgtrel%“%iﬁaé %é&&t@c@mveyam iAiBétange of O to 1 as
Spectral nes§ actor of 1'indicates no change over a given time
pefdﬁ)m\ﬁpectral Steadiness may also be taken as an indicator of whether
atransientis presept, M@ﬂ%@ﬁﬁg@g Sepisec Slcdenidstraddd Slen403.
spectral (bin) amp itude over a time period of 0%80 ?orreﬂl:())gs Bick.
depending on its-geitiem WA HIIEREBRE” their

ounaaries.

Consequently, g cffangen, t@Wwa&@Wﬁ(ﬁﬂﬁx@) 20
high value to a low value over a %‘maa&%. Lg)nber of 9%11 hkﬁlg@yagﬁ)gak&r%%m) ,
10 an indication of $hel iﬁ% ot AFanSient) or blocks having
the lower value. &@g@h@gﬁeammﬂcﬁmﬁphmmw Hagkisidnt, or
an alternative to employin Bin apectral -Steadiness factor, is to
observe thOPREE 5?@&@98 §‘h§’ within the block (for example, at the
phase an@@é&&@!ﬁt@é&ﬁe@ﬂ&a 1Bevansd herarian it KRR HECGRParents
25 single temporal positi thl iRaRtaneYyadiness
in tﬁ%ﬂaléﬁﬁctfﬁlew&%é 6rrllcseoén So%f'% naé?ﬁa tréﬁ&eliﬁ@mg?/ be w?dlcated by
152 syhstansiallyudhisosamdelmpie prasEieRBIAREBIH in the block -

namely, a substantiall I|n nhase aﬁrﬁglﬁﬂﬁﬁt@&ﬂmﬁimoﬁmnswmm
frequency’ Pfj&ga}%{ il a%ﬁzrrxg'ﬁﬁ’oqf

er con ation or alternatlve IS to obsgrve the
amphisseles Averaisntaten anieRSPHISBRE B GEHIBCLY ébm}ag né[)h%lde overa
output of Ste(g %%%)mraﬁmaem depkinmdisactipiatipsudderegsd mridocks and
fall © eve

the1r boundanes Consequenﬂy, a change in the Bin Spectral-Steadiness Factor from a
20  high value to a low value overa small numbcr'of blocks may be taken as an indication of
the presence of a transient in the block or blocks having the lower value, A further
confirmation of the presence of a transient, or an alternative to employing the Bin
Spectral-Steadiness factor, isto obsewe the phase angles of bins within the block (for
example, at the phase angle output of Step 403). Because a transient is likely to occupy a
25  single temporal position within a block and have the dominant energy in the block, the
existence and position of a transient may be indicated by a substantially mform delay in
phase from bin to bin in the block — namely, a substantially linear ramp of phase angles as
2 function of frequency. Yet a further confirmation or alternative is to observe the bin
amplitudes over a small aumber of blocks (for example, at the magnitude output of Step
30 403), namely by looking directly for a sudden rise and fall of spectral level.
Alternatively, Step 408 may look at three consecutive blocks instead of one block.
If the coupling frequency of the encoder is below about 1000 Hz, Step 408 may look at
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Alternatively, Step 408 may look at three consecutive blocks instead of
one block. If the coupling frequency of the encoder is below about 1000
Hz, Step 408 may look at -32- more than three consecutive blocks. The
number of consecutive blocks may taken into consideration vary with
frequency such that the number gradually increases as the subband
frequency range decreases. If the Bin Spectral-Steadiness Factor is
obtained from more than one block, the3@etection of a transient, as just

d ?E&@?ﬁ@é }E%%%%%&%%Pfff?&&.%%er&%@&? éf%BﬁsQ&?z{i%}%%HE?ﬂQs QMY Hen into

the num cks usetul for detecting transients. As a further

aleonsidvatiosivasn aviie s enasneie sush thin She arobpiRdgHiUsesams gethe
fugtheralternative, SieR 4084y amployiARpeMeNtslesisions BRlectiNgstained

technique as described below in the comments following Step 409. 10
stapmoorchinpae it S Speitrnl sl arrifEta et hsduteny be
frapgratedtland S pepl al-Sleadinessii actns oMb scatdkRstastY for
forming an amplitude-weighted average of the Bin Spectral-Steadiness
FAEBFRAMTESRE- subband across the blocks in a frame as follows: a.
For eachhbinfiediet idtertiasver bduchatitenBin Bpeet alsBtahdirtes snkaotores.
of Step 15 408 and the.bin magnitude of Step 403. bh. Sum t roducts . .. '
i oA ST S e A S Faity AL S AR Rtccting
adedmigiatestidesstbuhbtiow o Stepod@sminiallekdns6tks40% frame (an
a"erag'”@tégaﬁﬁﬁ”l?)@ﬂgﬂtéma%‘ggegtrgilﬁ?eﬁﬁﬂ{é'éé‘ g jigquency of the
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encoder IS 1000 Hz, apply the 20 subband frame-averaged
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subfangds,helgyiihal GRAURNCK ARG ADOYE IR SPLIHNGIFRAHRR K actor within each

Comments regarding Step 409d: See comments regarding Step 404c

exebbend et iie Hledks tsidirmedd foHersis no suitable subsequent step

in which thefimensnoiing e alernativels PerssionmedcaBifeP R of Step
the results of Step 409c or Stgg 409d, as appropriate, by the sum of the
[

bin mAShiHbs butaprspaydsi Stehd Gibband. Comment regarding Step.
409e: The mutiplicatidndayWwhtimaghitusiednl GiepmdfiSa-anctbefrequency).

e e L S0 0 T T . e

‘and, ifancivéf@mplinccenveigibtedtrosaiimogiuse the output or Step 409 to be

controlleg. lﬂ/ e %&pr?ﬁlé 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 except that
in the case of Step 409d, there is no suitable subsequent step in which the time
smoothing may alternatively be performed.

e. Divide the results of Step 409¢ or Step 409d, as appropriate, by the sum of the
bin magnitudes (Step 403) within the subband.

Comment regarding Step 409e: The multiplication by the magnitude in Step
409 andithé division by the sum of the magnitudes in Step 409¢ provide amplitude
weighting, The output of Step 408 is independent of absolute amplitude and, if not
amplitude weighted, may cause the output or Step 409 to be controlled by very small
amplitudes, which is undesirable.

f. Scale the result to obtain the Subband Spectral-Steadiness Factor by mapping



amplitudes, which is undesirable. f. Scale the result to obtain the Subband
Spectral-Steadiness Factor by mapping -33- the range from {0.5...1 } to {
0...11. This may be done by multiplying the result by 2, subtracting 1, and
limiting results less than 0 to a value of 0. Comment regarding Step 409f:
Step 409f may he useful in assuring that a channel of noise results in a
Subband Spectral-Steadiness Factor of zero. Comments regarding Steps
408 and 409: The goal of Steps 408 and 389 is to measure spectral

taadi [ iti time in a. subb f
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event-sensing applications are employed to measure spectral steadiness,
notPRETi SRR ABR ireattitcanan it chalide simBlsadiral Gomgritatel sach

(cm@%&moamuaﬂta%emmd ctmt(bb@gmdmb& '@llﬁdl@@éia&li?@@?ei%m&tﬁ%)
prefera copsidered on a subban sis. Instea erformin Step

e b R e i P
betwlgeredifespongdisigriointcidifacmsuiirandamainbersunmmed iand, if the sum

ac GeAVI i ' lication hen, each of tho X
o O S Rg Bouncars
mayltsangesriy sbaness thewmmiiide ﬁ%@é@ﬁ&l stéduthasy flstorehavingaaed along
rangeftpm PalQrhorWiBLeim ARINR, %dkiﬁg'&@ﬁ?éaﬁ%ﬁﬂgtﬂﬁ&é{%%g&mﬁ?mqmmd_).

fr)

a change of 0 dB from block fo block for a given bin, A value of 0,
indicating thesRAvESE She dernEssaivhs BRI ssBiRR aPRlicaiensere KRS to measure
equndde0ELdatesthamaskiiRbl enameiie fitEhas A @R, changes in spectral

magnitude (changes in amplitude would not be measured if normalization is omitied)
preferably are considered on a subband basis, Instead of performing Step 408 as
indicated above, the decibel differences in spectral magnitude between corresponding bins
1n each subband may be summed in accordance with the teachings of said applications.
‘Then, each of those sums, representing the degree of spectral change from block to block
may be scaled so that the result is a spectral steadiness factor having a range from 0 to 1,
wherein a value of |1 indicates the highest steadiness, a change of 0 dB from block to
block for a given bin. A vajue of 0, indicating the lowest steadiness, may be assigned to

decibel changes equal to or greater than a suitable amount, such as 12 dB,



34- for example. These results, a Bin Spectral-Steadiness Factor, may be
used by Step 409 in the same manner that Step 409 uses the results of
Step 408 as described above. When Step 409 receives a. Bin
Spectral-Steadiness Factor obtained by employing the just- described
alternative event decision sensing technique, the Subband
Spectral-Steadiness Factor of Step 409 may also be used as an indicator
of a transient. For example, if the rahtye of values produced by Step 409

it dmpiransient Ny bese S&%{iﬁds%ad%ﬁn&@qs&%fmgp 6@%@3%9;@19;) 409 in

Spectral-Steadiness Factor is a small value, such as, for example, O:
in
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Biicpreotialpiead DRSS icacinl REFIMGE F R R eRaHE8 NchiPIdRe the just-
just-described alternative to Step 408 each inherently provide a variable
tH %ﬁé%@%%@%ﬁ%%@%ﬁ%%%?@%%@% TRt BRctjedcadiness
fra@mbmmb pbélog_lfmig)i?iimmmg&ﬁraa&nrk:@?@a@ﬁw &ﬁwﬁi@ﬁmeﬂbﬁaﬁmnplq if the
inneren Speciica rovidi a Ift In the threshold.In respanse to,

O BRI e EGL RS SR T ot SERSIGR A SeAb TSRS 1o De
smalentveinsietsS(blopnd Spuch trafisiaiiheonfingatop smidk tallevwsieyeds, for
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hit) may rakdl e desirablieddhehiittientbrastoldsa drasohiy threpdrdmddibis Step
epiliag ae D avenl AIETAENN 8 ROLANESBANEHISIIRY M8vide o variablc
employed {for (gxample. as described in U.S. Patent Re 36,71 msteaa/

oftArereRisifcr sEEpBCAeIratan diACDs oy i ogtsidocioakes|gen block to
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than one bin, calculate a frame-rate Interchannel Angle Consistency
FaEROHHBTSIRWS D g Mgt Bf ectamiferislin piigtssnts in a
AGfaRyoieg admehit magnikdeohalerAQ. The 1asuHigisidWoming atop
2 O IR TEo B ] 8 VB U A BB ) SEPBe
copitibliting-teitheathe gpantitiesdn: thetalioue stepidin ether GaidhitNhd$ make it
Coa ey PR DA oR Vet TR R 8 et
Random Vdratiivelyl dmaBiobirest nitom the fesethjobyvie Stepdidh. a83%escribed
in U.S, Patent Re 36,714) instead of a measure of spectral-steadiness over time.
Step 410. Calculate Interchannel Angle Consistency Factor.
For each subband having more than one bin, calculate a frame-rate Interchammel
Angle Consistency Factor as follows:
a. Divide the magnitude of the compiex sum of Step 407e by the sum of the
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 vaiues across the
subband contributing to the two quantities in the above step (in other words, "n"
is the number of bins in the subband}. 1fn is less than 2, let the Angle
Consistency Factorbe 1 and go to Steps 411 and 413.

c. lLetr=LExpected Random Variation = 1 /n. Subtract r from the result of
the Step 410b.



d. Normalize the result of Step 410c by dividing by (1 - r). The result has a
maximum value of 1. Limit the minimum value to O as necessary.
Comments regarding Step 410: Interchannel Angle Consistency is a
measure of how similar the interchannel 5 phase angles are within a
subband over a frame period. If all bin interchannel angles of the subband
are the same, the Interchannel Angle Consistency Factor is 1.0; whereas,
if the interchannel angles are randomly.sgattered, the value approaches
zero. The Subband Angle Consistency Factor in |dﬂlqates if there_is

phantom im&gdpealies e, HrPEHESRRRY 1S o, Fﬁ@ﬁﬂ?‘%‘ has a

desirabletg.decatreiaie dhe. 10shannelsiAuhighieluetindicatasaayfused
image. Image fusion is indepe deg% f other signal characteristics. It will
be noted AR EJI5EAH S|stency Factor, although an angle
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angles Ble RERILeIad) %> a5 Ao nRler RS e han adingyectors
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havmg S ﬁ:erent results in at least partlal cancellation, so the
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two bins: 20 Suppose that the two complex bin values are (3, #4) and (6

10 +Jsah@$mhﬁeéﬁe@ wken indicategidised FAgF (Maghidsiinddy argaldﬂm of other
g@g%ﬁﬁ@&@r@@m‘ez arctan (8/6) _ arctan (4/3)). Adding complex
values, sum = j 12), magnitu whi rer t(81+144
15. The sHiffk ﬁé‘%?é‘gfﬁ @Eé@dbﬁﬂéﬁﬂ?z%g??%s gtgrﬂ éﬁo‘%%h(%n angle
18) sarhedb Hisdmihfbigdiotient iotherefareghfitiibe nfmmm@nam angles are
f re 1/n normalizatjon, w uId so be 11 afte lizat
ﬁf@&‘%&ﬁgﬁ%ﬁl cm?f \é}l}e(sl %}t%e %Q&B nlgonza 1de arleggse the same
15 blrx&shﬂSaa diffepesit dngiessitpdbatith edbeg tibonedas @eﬂﬂmé;@ Lakbée
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wh|c Tas magn square_root

16)=09. e quotlent |s
9 Sz ity élff@ént mb@)mmﬁﬁ@ymﬁﬂpgﬁ%ﬁmn,m hsrmagitde of the
% Cl YRR v Ve P namalzedion aistenainT 1(0.66 -

1-0.5)=0.32.) -36- Although the above-described technique for
determmﬁ@}&)g’@%w%%exampie of a subband having two bins:

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

cach case: angle = arctan (imag/real), so angle] = arctan (4/3) and angle2 = arctan (8/6) =
arctan {4/3)). Adding complex values, sum = (9 -+ j12), magnitude of which is
square_toot (81+144) = 15.
The sum of the magnitudes is magnitude of (3 + j4ytmagnitude of (6 + j8) =5+
25  10=15. The quotient is therefore 15/15 =1 = consistency (before 1/n normalization,
would also 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 the second one has complex
value (6 — 8), which has the same magnitude, 10. The complex sum is now (9 -34),
which has magnifude of square_root (81 + 16) = 9.85, so the quotientis 9.85/ 15 = 0.66 =
30  consistency (before normalization). To normalize, subtract 1/n = 1/2, and divide by (1-

1/n) (normalized consistency = (0.66 ~ 0.5}/ (1 - 0.5} = 0.32.)



Consistency Factor has been found useful, its use is not critical. Other
suitable techniqgues may be employed. For example, one could calculate
a standard deviation of angles using standard formulae. In any case, it is
desirable to employ amplitude weighting to 5 minimize the effect of small
signals on the calculated consistency value. In addition, an alternative
derivation of the Subband Angle Consistency Factor may use energy (the
squares of the magnitudes) instead of ma§nitude. This may be

accompli@h@@mwaﬁmmmmﬁi{ﬁ%&@u@ﬁ%@%@ﬂgm Angle
applied to Steps 405 and 407. 10 Step 411. Derive Subband ) _
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Spectral- s%eadiness Factor of Step.409f b. Lety = frameléra
An

RTBHIET FREBY SP€dbiad el R SR PR ?‘?ée?e"‘@iﬂ%i&ﬁé"
5 Deghitelat die Stfate faatall sighalxdd ik cyinlifedoouniberdpeteen 0 and

1. Comment arding Step.411; The Su ngf correlatjon, Scal
Factor is %fiu8 rﬁ{é O 3 SR AT LTEA 4 48% u%lggaﬁlél‘%ﬁéﬁa% e

overayme: ienersylibanguefa chtuemetftie dpeotiahdod acipeissdeadibiy rarythe
the ' ' n i j
SISO MRS e

Angpé €bnsistency Factor). The Subband Decorrelation Scale Factor is
10 high onlydihoih {hg SRediAnaleeBGes b AGHOs Aid #agdaterchannel

Angle Conastenc& Factor are low. As explained above, the Decorrelation

Scale Fall#i tonifgRaneuBEreE drtienfompE Wtdhertb RbRswHd et flows:

the decoder ;Sighals thahexhiblsReslelSeAdESs 02 60ME) HOTE,
preferably should not'be decorrelated by alteringfgeir envelopes,

regardless oP iFAYiS HaRsEA g el P EREARLRc PinisP et in
audible artifactShaathefyawavatituinereiogifbe sanaliasiep-412.x) * (1 - v),

15 Derive Subbaqgl égtn Iitud48 Scale Factors. From the subband frame
energy vaI (B3 ee%’% &R4 from the subband frame 30 energy values -
of all othefehanmeic-tgsmbayg BéeplitbHined by a step corresponding to Step
404 or a”r%%é#ﬁ‘éé%ﬂ{xﬁ%&‘%f aé%'%&'ﬁ?%% @aﬁ&%&%%%%@@@L@:ed&ﬁ&%%%mss of

Factors as follows: -37- a. For each subband, sum the energy values péer
framﬁmmmﬁm én a subband of a channel (the Speciral-Steadiness FPactor)

and the consistency in the same subband of a channel of bin angles with respect to
20 comesponding bins of a reference channel {the Interchannel Angle Consistency Factor).
The Subband Decorrelation Scale Factor is high only if both the Speciral-Steadiness
Factor and the Interchannel Angle Consistency Factor are low.
As explained above, the Decorrelation Scale Factor controls the degree of
envelope decorrelation provided in the decoder. Signals that exhibit spectral steadiness
25  over time preferably should not be decorrelated by aliering theﬁ envelopes, regardless of
what is bappening in other channels, as it may result in andible artifacts, namely wavering
or 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
30  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 Factors as

follows:



b. Divide each subband. energy value per frame, (from Step 404) by the
sum of the energy values across all input channels (from Step 412a) to
create values in the range ofOtol. 5 c. Convert each ratio to dB, in the
range of--a to 0. d. Divide by the scale factor granularity, which may be set
at 1.5 dB, for example, change sign to yield a non-negative value, limit to
a maximum value which may be, for example, 31 (i.e. 5-bit precision) and
round to the nearest integer to create the #liantized value. These values

are the frame-rate; Subband MRk ?&%ﬁ%’ﬁ&e@%@ﬁéﬁ@@@sﬂu input channels.
or

conveyedaa Oﬁél’r of the idechain In ation. e. If the cou Iing frequency N
of the enchdivideheicnsabloandlaBaEyalappry fiene Bsangtep 404) by the sum of the

frame-avel a%%gugg é%%%ﬁg ALGED AORHUGSS 192 i er&MOaIReE in the range

€
that oper ona ands below that frequency and above the
coupling frégiency. Comments regarding Step 412e: See comments

sregarding éé%en%ﬁﬂegaﬁ%&fe@aééﬂwﬁ@@efosﬁte@. 412e, there is no
suitable subsequent step in which the time smoothin ay alterpatiyel
be perfornfeBiaHnivntitsde ﬁ@ﬁrﬂ?"/&muﬁ’%&éﬁ& gﬁ% gtri %P% i Yor example,
(resglution: ane quantzgliondaeesis i) digdted heradhavevbberviggheey be, for

be useful, they are not critical and ofher values ma ' e
o ORI ey AP Dot AN I o S gy o e fetied

gengrale theesihbanchrdmplitune StatiFatorsmilisitgSantplates opé are
would use dB=20*lo éﬁmﬁpl'tugéa ratip gé%% if using energy, one converts
1Go d@@@%ﬂ@%ﬁ? BrOGFARD) Where

amplitude ratio = square root
(energy ratio)s 26 StefiatFrGignay DEperderdly FihetoBidthl 00 Hz, apply the

gmg%?ﬁ%%a | Su?a?va&:?g Phase Angles APRbASiepal6eRepdenkdemBen that

W6 ahdrframe-rate interchannel angles derived.in Step

407 fmerhtet v b aliiandShebet Sha feemrenss s a9V B {ISteprBbRs D5 Y-

Let w = correspond] istency Sactemnal-atendddide: fep edicexcept that
(1-v)*w. ﬁf@‘,‘sﬂ%{%ﬁ@eﬂ%&%ﬂﬁ and 1, which is hi h%ﬁh%g% the fime smoothing

1 SpedirileSmadiides fhtrotRIGh I ATERE BEHSER Y EEL O iE

high, - 38 il k81T 15 Yedtbsdgh if Spectral-Steadiness Factor is high
and Engle
Comments for Step 412:

Although the granularity (resohition) and quantization precision indicated here
have been found to be useful, they are not critical and cher values may provide
20  acceptable results.
Alternatively, one may use amplitude instead of energy to generate the Subband
Amplitude Scale Factors. Ifusing amplitude, one would use dB=20%lo g(amplitude ratio),
else if using energy, one converts to dB via dB=10*log(energy ratio}, where amplitude

ratio = square root (energy ratio).
25 Step 413. Signal-Dependently Time Smooth Interchanne} Subband Phase

Angles.
Apply signal-dependent temaporal smoothing to subband frame-rate interchannel

angles derived in Step 407 _ _
a. Let v = Subband Spectral-Steadiness Factor of Step 4004.
30 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 Jow and the Angle Consistency Factor is high.



Consistency Factor is low. e. Let z = y"P, where exp is a constant, which
may be = 0.1. z is also in the range of O to 1, but skewed toward 1,
corresponding to a slow time constant. 5 If the Transient Flag (Step 401)
for the channel is set, set z = 0, corresponding to a fast time constant in
the presence of a transient. g. Compute lim, a maximum allowable value
of z, lim = 1- (0.1 * w). This ranges from 0.9 if the Angle Consistency
Factor is high to 1.0 if the Angle Consistet¥cy Factor is low (0). 10 h. Limit

z by lim as ngCﬁgéggiif_g %l dhepg, sl kemaelb thasubhand Aadiagle

of Step 407f Using

he va ueyof z and a'running smoothed value of angle

maintaineQofoistensty SabloaisdoW A = angle of Step 407f and RSA =

running smogthed angle-valug aspfitheBrpviaysvhloekanc NOURSAs itso in the
the new value of the runnlrFléq smaqothed angle, then: Nev¥RSA =RSA*z+

A 15 (1 -EReFRE Vitue B

o/t LRl R EIRAP (B N B AConstant

sbefore procegsipg thafaliewirndigels Nevy REAdsithedignadeperdgntly
time- smoothed angle output of Step 413. Corﬂments re%%rgéga%sslégp 413:

When a tréfTEsepRIdIE {04 det RS THIERY B

feP ﬂepsgl% & time constant is

setto 0, 20 allawing:AsERic stbhandadie diangee P lediratiiel * w)- This
because it alows the ngtTal Angle Upgate MeENANISTMB B AP i

relatively STORFHIRERS

nimizing image wandering during static

or quasi=gtatic sigiealBaytet fakiveli@nging signals are treated with fast time

constants. Al h%y i}[o eli.ls],lmo%gg:ier)%
usable, a first-ofder 5 %

tech ameters may be
a]%fﬁf] %.%%ﬁnfiy}ﬂe%f et

Moother implementing Step 413 has been found

to be suitablei. Bimptéhertdtiaas artiretobfder 4Aéssing Novseimid 2 runing
the variable "z".co : -fqr. Hicient {sametiiprRf Step 4071
denoted "ﬁ&"}?% Lﬁ(rf ﬁggg)éj%g?a%ﬁ%é@ MRt ol B

rresponds to the feedback coefficient

(sometimemdBgtetirtsinesrapried. agsitecsnridhiaucrimrt hlogkefnd NewRSA

Subband Rhase Apqias. 3P:QuaRtize tiedimessmeelies SWRRARIA = RSA * z+ A *
interchannel angles derived in Step Z13ito obtain the Subband Angtll‘gﬁai%

15Control PafanteThg VrikeolBRA 1§ RSl sigPrESEL AN
values to he quaetizad §BewR BIHRE range RIA Athe signal-dependently time-

20

25

30

smoothed angle output of Step 413.

Comments regarding Step 413:

When a transient is detected, the subband angle update time constant is set to 0,
allowing a rapid subband angle change. This is desirable because it allows the normal
angle update mechanism to ﬁse a range of relatively slow time constants, minimizing
image .Wandéﬁn'g duﬁng static or quasisstatic signals, yet fast-changing signals are treated
with fast ime constants.

Although other smoothing techniques and parameters may be usable, a first-order
smoother implementing Step 413 has been found to be suitable. If implemented as a first-
order smoother / lowpass filter, the variable “z” corresponds to the feed-forward
coefficient (sometimes denoted “ff0””), while *(1-z)” corresponds to the feedback

coefficient {(sometimes denoted “fb17).

Step 414. Quantize Smoothed Interchannel Subband Phase Angles.

Quantize the time-smoothed subband interchannel angles derived in Step 413i o

obtain the Subband Angle Control Parameter:
2. If the value is less than 0, add 2=, so that all angle values to be quantized are
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b. Divide by the angle granularity (resolution), which may be 2ir / 64

radians, and round to an integer. The maximum value may be set at 63,
corresponding to 6-bit quantization. 5 Comments regarding Step 414: The
guantized value is treated as a non-negative integer, so an easy way to

guantize the angle is to map it to a non-negative floating point number

((add 2ir if less than 0, making the range O to (less than) 2it)), scale by

the granularity (resolution), and round te #h-integer. Similarly,

dequantizing that intgge%twhich could otherwise be done 10 with a simple

table |00k1lIJ}"p l,eggrﬁgﬁe a%complished by scaling by the inverse of the angle
granularity factbiyshrivertingreingnanegety &rémtbgmmniovehitbnuag datire/ 64 radians,
floating p_Q_HH: rm?o(@%%éép%gﬁﬁﬁﬁaﬁvﬁﬁ%b?‘bg é@@t%‘%, corresponding to-
renormalized to the range tic for further use. Although such quantization

of the SulSbkihauamiiatieBntrol Parameter has been found to be useful,

such a quaplizatien is AataHEsbargdLther quantizations may provide 15
acceptable results, Step 415. Qu?géize Subband Decorrelation Scale

Factors. Gtaiza' R SalsdntHaBelsT e BavR GRS FRETrSHAORIEET B t
St&ﬁaﬁtﬁﬂz&hﬁ%ﬁl@%@ﬂﬂ@ 2128 iEMeisl @h@h‘zﬁ%@bﬁtﬁﬁb{ﬂ@bﬁﬁﬁ&@d 27 if less
rounding to the nearest integer. These quantized values are part of the.

P TG B e e R o A BN Lo and
quastizétieamdhthe:S dihdnei) degurelatiop Bebiedsac (ot dhastidenhéonid be done
to be useful, quantization using the example values is nat critical and

ot IS ANS RR B o e PR a o e R B IR TNEHE of the angle
DegrandizéSibloarinrgleConmohPratam aitess: 26 Deguegized ilwating point
Subb Angle C Rara . ]

oA Sl ) A e SR ASP Al P S O g o frthe

encedertidipesmaiptainanyivetiromf Benwedmadd\ae Sgaralititadechisdreen found
30 RIeR dbfnDistd Q%ﬁ%%ﬁ@t&o%%ﬂﬁﬁ@%@f%mm&%ﬁfe%de

Parameters Across Blocks. In preparation for downmixing, distribute t
oncgsatehtarsdguantized -40- Subband Angle Control Parameters of

Step 416 agrgsa iMe:[Rdhe- ARSI BACARIOR IS cale Factors,

Quantize the Subband Decorrelation Scale Factors produced by Step 411 to, for
example, 8 levels (3 bits) by multiplying by 7.49 and rounding to ﬁ}e nearest integer.
These quantized values are part of the sidechain information.

Cemments regarding Step 415:

Although such quantization of the Subband Decorrelation Scale Factors has been
found to be ﬁseful, quantization using the example values is not critical and other
'quantizations may prévide acceptable results.

Step 416. Deguantize Subband Angle Control Parameters.

25 Dequantize the Subband Angle Control Parameters (see Step 414), to use prior to

dowmmixing. . .
Comment regarding Step 416:
Use of quantized values in the encoder helps maintain synchrony between the

encoder and the decoder,

30 Step 417. Distribute Frame-Rate Deqguantized Subband Angle Control

Parameters Across Biocks,

In preparation for downmixing, distribute the once-per-frame dequantized
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within the frame. Comment regarding Step 417: The same frame value

may be assigned to each block in the frame. Alternatively, 5 it may be

useful to interpolate the Subband Angle Control Parameter values across

the blocks in a frame. Linear interpolation over time may be employed in

the manner of the linear interpolation across frequency, as described

below. Step 418. Interpolate block Subband Angle Control Parameters to

Bins Distribute the block Subband Angiét€ontrol Parameters of Step 417
forsgaeihd A RBRMGAN PSS HEIHENMNAP PIBSAESIADIY HRIBGIAGAY of cach block
interpolation as described below. Comment regarding Step 418: If linear
intEiPetdhE A afoss frequency is employed, Step 418 minimizes phase

angle chmémmegg}ag@lstapm a subband boundary, thereby

minimizing aliasing artifacts. Such linear i terpol n may be enabled, for
examplenl%s cfméc?fﬁa}i’ i Cpcﬁl%s\ﬁ}ﬁ‘& g&ﬁ eSﬁé‘HlﬁZéhemat“’em
Subhan b cmmited mrmmim]m&blﬁdﬁmﬁdfa@y ﬁbmemﬂws eilabs across the

re v band. Thuy there be
e A S R L RSB 3F ey oo
is Hppriiduterralitiomedrosh drspisband:{dcvedian del aW subband distribution),

the entire,aass CHANGS fTMLAIRE §HBQMA%OQES{‘§]&§{P@%§&%P 09, Bins

occurs between two bins. If there Is a strong 2 component t ere

there mayipEikevdhs %@@é%@@éﬁ@%ﬁ%@ﬁgi Eﬁﬁ@ﬁ@tw@fﬁmtﬁﬁ for each
betwran theoseplarsat tﬁ@&&ﬁy%ﬁe&b{% St 16r SREERESERNAS  hed below.

angle change over all the bins in the su , minimizing the change

between GPRPPHrEHdingSieRA 18 example the angle at the low end of
a subbarxﬂ1ma£eﬁ1m§5bm@oaragiesatﬁaﬁwh@h§&ehmﬁbw stebbandbeigwvds phase

while maintaini overaII average the same as the_ 25 given_ .
TR B e OTh TSR BRI R ST b Aliesine
dlmmmgnSuﬂh&ﬁb&ﬁﬁf@pafﬁl@dﬁﬁb%ﬂﬁb[@@M%ﬁai@ﬂﬁd ZCHQ@ELM%%@@%@IOW
xam ose t es an e hin a
P iP5 ke (e m S R PR A B0 PP B P pdentty of
subimambﬁlagleadﬁ aﬂépriaegnaeg ,araml:ﬂf@ theireh sulstistna haBhiigethinrsanoba a large
n Ie of 1 regs. Wlth 30 in ola ion, assu e that the
flrs ((1)%1)(13% Sub ebsélngfmsq y alg%ng?e ol%gg%vﬁegrees 5 Qé ng £ apphed toall
th r’eestlméléanbﬁaed $u ﬁtfatmigake Shitfeodismiarigie) ohd endiegrénscanhdnge from

I D4 WS 8 AR S AL PN MO B0 ong
degrees. In I that exa ere IS a 60-degree maximum ¢
frofighthcampenans ﬂwn@h thaeamaytbepolstiompossly audible, aliasing. Lmear

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 Jow end of a subband mates with the angle at the
high end of the subband bélow it, while maintaining the overall average the same as the
given calculated subband angle. In other words, instead of rectangular subband
distributions, the subband angle distribution may be trapezoidally shaped.

For example, suppose that the lowest coupled subband has one bin and a subband
angle of 20 degrees, the next subband has three bins and a subband angle of 40 degrees,
and the third subband has five bins and a subband angle of 100 degrees. With no
interpolation, assume that the first bin {(one subband) is shified 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. In that example,
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first bin still is shifted by'an angle of 20 degrees, the next 3 bins are shifted
by about 30, 40, and 50 degrees; and the next five bins are shifted by
about 67, 83, 100, 117, and 133 degrees. The average subband angle
shift is the same, but the maximum bin-to-bin 5 change is reduced to 17
degrees. Optionally, changes in amplitude from subband to subband, in
connection with this and other steps described herein, such as Step 417
may also be treated in a similar interpoladive fashion. However, it may not

be necess 0 do so bhecause there tends.to maQr tural continuity .
e s e B SRS Heion, e

Arfigie Bottilbis il Hy ansfogin M3(0ds foves et 3/Appiyspishikeaigliebout 30,
rotafion daeashbin E@d‘tﬂ&ﬂ&yﬁ%@?ﬁeﬁﬂgﬁ%ﬁ Bin @ngleforthigng 133

bin as calculated in Step 418. b. Lety =-x; c. Compute z, a

undgerprig iR esaTplekhsna sa st akivhi sdnemeSr v s ignglcbyn-fobin

cog,nplistRddediMultiplydhe bin value (a +Jb) by z. Comments
regarding Step 419: The phase an%g rotation applied in the encoder is the

inverse of 03l huss 40 AERIRESTRIB SHBL AR NBBAND P spansstian with
20:185(;@@@ angletash @%&@ﬁj&fhafeﬁpﬁﬁ&b@@m%m #&h@@@@ﬁe@%ﬁ@a in a similar
encoding process. priQr to downmixin tep 420) have, severa
ERIORES BRHED TS QAR R SRl i e fonds
sutrmeddostmbamtontpositengiindldromadeix echtami ddtihlenetiannels, (2)
they minigize reliance .on,enerqgy normalization (Step.421), an th
procompSka e B R ek Al b iR G A UL S¥r Channel
reducing Apa&rq@xa%aﬁgi@ gh&é@mrﬂ@duibmfa@@f@mmg apioliledvin the
encoder by su E@@%@\%ﬂe@e%PBﬁ@QﬁQ@éﬁb&ﬁé{&fﬁoﬁké’fM% from the

transform b

angles of each value in that subband. This’is equivalent to
multiplying ebchetsmptex bin value by a complex number with a

magnitude OE.]G%xﬁ'thé"z" Q%?y@ﬂﬁ%fﬂ&@ eRHIRLNERL 1IERNASE e factor with

correction factor. Note that a complex number of magnitude 1, angle A is
equal to CBEAY+FEHTgR)YTHié 98 Biter quantity is calculated once for each

subband of eagirhanneb Witk (Phasepreerrection for this subband,
then multiplied by each bin complex signal value to realize the phase

shifted bif- ¢aments seeprding erAlYis circular, resulting in circular
convolutionéaniaeniiones aaVveiplied in the encoder is the inverse of the angle derived

from the Subband Angle Control Parameter. -

- Phase angle 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 aliaging,

The phase correction factors can be applied in the encoder by subtracting each
subband phase correction value from the angles of each transform bin value in that
subband. This is equivalent to multiplying each complex bin value by a complex number
with a magnitude of 1.0 and an angle equal to the negative of the phase correction factor.
Note that a complex number of magnitude 1, angle A is equal to cos(A)+j sin(A). This
latter quantity is 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.



While circular convolution may be benign for some continuous 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 angles are used for different 5 subbands. Consequently, a
suitable technique to avoid circular convolution may be employed or the
Transient Flag may be employed such that, for example, when the

~ Transient Flag is True, the angle calculaflén results may be overridden,
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and all sylbands: iRif SharirkmawKse theisame AhRse:coR ecliaRiaGel above).

such as zero or a randomized value, 10 Step 420. Downmijx. Downmix to
BB P ERIS ARk SR RS RTESC T FEYP AT B § R Gsd may create
channrissteperedusemponenoicorspatiteatianng antdwrvigbate @udiipte: pitch
channels by matrixing the input chanpnels..as fqor example, in the ner...

o P LS S B &, S SRS e S e bR g rerent
Steypb¥aoisInGheseneotes a2 cuitebinéctiangforn binkl ciralilzthecoivahrisis hayde
been ph i he cf € ' -B h
B R Y e T B i e

to Brpasent Eleg sictives.ithatrdeth salsrosidosresitiemarshhprersdammaaioretbsubbands
ONg GRARRRE ASY R &N dnRNGOINGEFGh tacRb- i AUlliple2 shanelE ed

The matrix coefficients may be real or complex (real and imaginary). Step
4248 ormalize. To avoid cancellation of isolated bins and over-emphasis
of in-phage.signalHoranmalize the amplitude of each bin of the mono
composite channel to have supstantially the same energy as the sum of
Bl et b

the contridRRAEEHErBREY MR 1O SIRAT DS ins across
chamnrlgabhinanergiasHi. conthestguhiesdiindoiimnMagnitilasis channels by

computed in Step 403). b, Let v = energy af corresponding bin of the
e b AR e e b GRS B Be s Tplgps FIC. 6, as
factescrilsguaiewoot (x/y). If x =0thenyisOand z is setto 30 1. d. Limit z

toa maxi@um valye of, for e&mﬁg@ 100. If z is initially greater than 100
Iy %11 e 0
10f fro

(implying s?%e%anggﬁlé ownmixing), add an arbitrary value,

-43- for ekathpiacodend oneqdayerosiofe) tinthef rblteraidmalgihavy pamobise

th%ﬂﬁ%&? the chamnels are summed, bin-by-bin, to create the mono composite andio signal.
Alternatively, the channels may be applied to a passive or aciive matyix that provides
either a simple summation to one channel, as in the M:1 encoding of FIG. 1, or to multiple
channels. The matrix coefficients may be real or complex (real and imaginary).

Step 421, Normalize.

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 have 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

magnitndes computed in Step 403).

b. Let y = energy of corresponding bin of the mono composite channel,

calculated as per Step 403.

¢. Let z = scale factor = square_root (x/y). If x=0+then yis 0 and z is set to

d. Limit z to a maximum value of, for example, 100. If z is initialty greater

than 100 (implying strong cancellation from downmixing), add an arbitrary value,
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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. 5 Comments regarding 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 or
more audible spectral components within the subband to be cancelled
during the encode downmix process beckuse the phase shifting of step

419 is pegfprmed an 8 d0:suhband seiherihap éﬁ%@ﬂﬁ@ﬁ@%ﬁﬁﬁfﬂ% mono

different phase factor for isolated bins’in the encoder may be itis
detected AHBPATE SR Bihdel b assere Bias isiniads reeyshiabemerondizsd by the
sum of thglipdivigyalchannel bins at that frequency. It is generally not
necessary to ei\%ﬁi%l such an isqglated correction factor to the decoder,

[

inasmuch as" Y B SEPISHRRY S RB BT b BSStaF-image

quality. Asimiamoraalicationtepagzipe 15 applied if multiple channels

rather th mqnQ channel are employed. Step 422. Assemble and Pack .
o itstrALTEST 118 KRBT SRR A1 KA Eah FGIoBs et hcoding
Deaodrietation: Ssake theagiansalahdl cbrafisientitdag sinideabhamoalvalue may cause
information for h channel, along with the ¢common 0 composite .
e e S R 1 SOPORfR ring e
desiceqeafmvpaﬁkqddnwmmerﬁm@h&swbﬁhg siitaplé1foisthefstoraden a
trRNes O 2510 P0% AR AN Sslen BRI QHME AR CRIVISNL bins in
regarding Step 422: The mono composité audio or the mu?tlp e'channer
ad%ﬁﬁﬁ@%@@p‘ph%@ﬁé H itdeieted deridirrysenceiny proedsbin: idevivd less
SUghPhel O LR MRIC ARETCRIIMAL BRERLETH 2R %Y %ﬁé&?ﬁ%h&@&&&ﬁﬁy not

and an entropy coderég.g. arithmetic or Huffman coder) (sometimes

PSRBT SRR an Sl FrIoreE PaRIEs intapders e itrsAmgh as isolated

ahaMe udAIIRRR GARRARIE AUAGP NG EWHERIS. ChARRENBRFon may be
related sidechain, information may be derived_from multiple input channels
orﬁ%]df’aa{fd%%‘é’éﬁ:‘é]f‘ﬂ%gls BOT L2 AR P SRARATEF LA RN g
frequencgieputimt azsanthie aidtiadtemies Bigs-3shke/ow the coupling
frequency,in each.of the multiple input channels may be stored, .
transmittgheogrs'élrléqﬁé §r$ é%%%%r%ﬁe‘g“a%a;é%?&%@ %&%ﬁc&f Hgetption Scale
cc_i'mbined aorl ’;ﬁremﬁsaeﬂiﬁrgsn?dnghmmh auﬁ)mmtmb}afmmdﬁdmmn diengimvith the
DissiainRLANeNERsdt £ABRINGL RS AR B0 RR RIS xed as may

data reducing encoding process or device
be desired and packed into one or more bitstreams suitable for the storage, transmission

or storage and transmission medium or media.

Comment regarding Step 422:

The mono composite andio or the multiple channel andio 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 andio (or the multiple channel avdio) and related sidechain
information may be derived from multiple input channels only for audio frequencies
above a certain frequency (a “coupling” frequency). In that case, the audio frequencies
below the coupling frequency in each of the multiple input channels may be stored,
transmitted or stored and transmitted as discrete channels or may be combined or

processed in some manner other than as described herein, Discrete or otherwise-
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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 5 and entropy encoding
process or device prior to packing. Optional Interpolation Flag (Not shown
in FIG. 4) Interpolation across frequency of the basic phase angle shifts
provided by the Subband Angle ControlBarameters maybe enabled in

the ERGederHSian4S) AR dspitbetDs catdariStem 50 deiawdcder device
optional Interpolation Flag sideihain arameter rﬁﬁy 10 bﬁ employed for

erfBhiS AT URRIGrAREPPIRL SRR SRR B PRLEPTAEH 584 Bw%fal&fmgm
enabling flagsinviar denbestntengtlaton HaglnpiydhenuseehiidhamEneatiatrete
Note that because the E %oder{]a tacces toa e(%tae%tc thgﬁalfig Ic%\éel, i'g) may.  iaal
us‘é“&ﬁ? F@ﬂ?fr?ﬁa cffé‘ﬁ'o?ﬂv%ﬁ?gsl anthe Deco e?, WHRIch In erpé%tes ReF
SubbantohpgecGhing ptdasametsisdmpiibe teighebhEin information. 15 The

use of sych,.interpglation.acr [ in.t oger or the Decoder

may beL&gﬁéﬁ%ﬁ%%&&%%ﬁ%?gl%%ﬁ%%%ﬁ(ﬁ@ﬁg wo conditions are

true: Conditielatifeastesnfeissnaeaishe basir phasecisngeatitsaroyidehpy the
the, BonRdanRfwa s Phapis b At fave RubRIBRIAY IS N5 RDAI8) and/or in

rotation angle” assignments. 20 ReasSon: without interpolation, a large 4
phas®endegédend biirary Thagrimrsbiiiereripdnndreiddaiapgameter may

SPECUahRAMPRRRRLHRY L SHe- NIROR e aRie Atk e danstdedIanth Flag or
phase change across the hin values within the band, th%g%(?;%nt 04

chheRe iR dlaE SR BoliRdaiEvleiuiesdmPhpedhs By Note that

pesdcsise HgEasanessitecs: ho undarnand ditiere aain phasieretatigarolation
d.to satisfy thi d

from 25 subband_ to subb cangdition may be adjyste .
erAHEES oD T B O R AL AR LR meters in the
eitbiﬁédlﬁnihiﬁji@hﬁiﬁmel phase {ingles (no transient) or .the ab;olute phase

angles Wik . CHANGELULANRIEND ., CONRHISE APREL IBPH e Decoder may

progressione. ?fgé)son:_ s!n interpolation to reconstruct the data tends to
prveiebenbledafbEitertityd hatheigif dedfalto Wogs weatahd stoperofiiee linear

progression ne%gﬁghgg EQPQ%%%&%&@A' SHRAYANRIES:ABLAtNB ARG the

subband, since an ata will still be conveyed to the decoder on a

subband brauidannel it febhasdh tans beire ssbentielmdsfssratoh sicpiatipn angle
The degrg&i@ﬁpﬁm the data provides a good fit to

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 spectral
peak strength, closeness to a boundary and difference in phase rotation from
subband to subband to satisfy this condition may be adjusted empirically.

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

Reason: Using interpolation to reconstruct the data tends to provide a
better fit to the original data. Note that the slope of the linear progression need
not be constant across all frequencies, only within each subband, since angle data

will still be conveyed to the decoder on a subband basis; and that forms the input



satisfy this condition may also be determined empirically. Other

conditions, such as those determined empirically, may benefit from

interpolation across frequency. The existence of the two conditions just
mentioned may 5 be determined as follows: Condition 1. If a strong,

isolated spectral peak is located at or near the boundary of two subbands

that have substantially different phase rotation angle assignments: for the
Interpolation Flag to be used by the Decdtfer, the Subband Angle 10 '

Control P@@@ﬁi@{ﬁd%pg&éyﬁt@m%%éggtmﬁfaﬁt%ﬂyga'fmb%é&g good fit to

within the Encoder, the output of Step 413 before quantization may be

used to LTINS sradibenimarigd frésesainsdripRiialBand. for both

the Interpoladiomidamandden enallinassthindieERcRasy, he 1eagnikds
output of Step 403, the current DFT magnitudes, may be used to find 15

isolAAPRIRSSIOSH BisaHAsBulda TEsethafiibh ot adiionaing stetiened may
5 prasetweraimdransBmiLither the interchannel phase angles (no

transient) or the absolute phase angles withjn a channel (transient),

comprise a goo@?ﬁ%&lﬁqifeﬁlﬁp% é%?%?%ﬁﬂ?@“?f&?@?éﬁ%ﬁ%qgﬁtnw the
true (no ttamsitany)ofisedthebietadythinterehabaehi20ip tiffhasernglesdiomangle
Step 406 for the fit to a linear progression determination, and if the

Transientalli—sllgaiflse%ta'e (transient), us the channel's absolute phase angles
from Step 403. Bedodliniprpslathe: Slep® dfcardatbylihg Peoodssihicidading Angle
0 steps") ma ta% ' Wi S 0. decoding.StepS.o .. ...
! reference iénméﬁ%%gﬁév@éﬁg% %?t%%ig’a%%?%fega?ﬁ%i%gﬁz?ﬁc gr}?ﬁhm the

and functidraiiodie argrnt Ser $imphititg, ghenfigtiienghexs tired to determine the
derivation.nfsig Ininformation canmpengnts for one channel, it being

understood that _sidechain information components must be obtained for

each channel uAfedeinihedairrrlsioriae mbfaceingaribintherfncoder, the
Componefisy A eXBaiRed eienNsehe SIRR-ROBFY ARAGKARE RRFOHSsed to find

Sidechain Information. Unpack and decode (including dequantization), as

15 hecessary HAESRIZER AT tRRANUBORERSnents (Amplitude Scale Factors,

Angle Control Pataigier . DERealatiobrSBaleresence of a transient, either the
interchanne! phase angles (no transient) or the absolute phase angles within a
channel (transient}, comprise a good fit to a linear progression.:

if the Transient Flag is not trie (no transient), use the relative interchannel
20 - bin phase angles from Step 406 for the fit to a linear progression determination,
and |
if the Transient Flag is true (fransient), us the channel’s absolute phase
angles from Step 403.
Decoding
25 The steps of a decoding process (“decoding steps™) may be described as follows.
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 components for one channel, it being understood that
sidechain information components must be obtained for each channel unless the channel
30  is areference channel for such components, as explained elsewhere.
Step 501, Unpack and Decode Sidechain Information,

Unpack and decode (including dequantization), as necessary, the sidechain data
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Factors, and Transient Flag) for each frame of each channel (one channel
shown in FIG. 5). Table lookups may be used to decode the Amplitude
Scale Factors, Angle Control Parameter, and Decorrelation Scale
Factors. 5 Comment regarding Step 501: As explained above, if a
reference channel is employed, the sidechain data for the reference
channel may not include the Angle Control Parameters, Decorrelation
Scale Factors, and Transient Flag. Step‘goz Unpack and Decode Mono

Cesnisitato (Ahtishrmal Fridie rﬁ,igfiigie &Mf?@asjm@m,e?edf@n@gﬁpn Scale
necessary, maqno composite or multichannel audiq  signal information

o Rk S T RS o PR S EBR TR GBS R FIG
orsinuitibheinnkhmudiy siginald @aiméntiegargiiigds tepibiReStepbi¥lednschirol
Step 502 ma considered t rt of a single unpacking and 15
deﬁ:%%%gcg’téﬁp{). %Brge %‘Pﬁla%/cﬁllggé%e%gsbassive or active matrix. Step 503.

Distribut€'smylenPragandies YaiE81AclossBlooke aBIvek Sulshancadylanel is
Copialharal iRl Al 85216 4REVEE 0N e HaqHANtzad Iia0Ge Angle Control

Subband Angle Control Parameter values. Comment regarding Step 503:

20 stEeEos Resprdatinpleealatesters. drtibemsigthdaame parameter
value to gieryeb) ogﬁﬂgcib%ﬂ%§@ﬂa§%@fﬁgggﬂ%§mﬁ@ﬂannd Audio

Decorrelation Scale Factor Across Blocks. Block Subband Decorrelation
séig#tactor values are derived from the dequantized frame Subband

Decorre f@ﬁ@@cﬁﬁ@dﬁi&%&@ﬁaﬁ %lét%‘i;sé’rg?, GHBenLEagREHNG: BieR SOdnSteRTio
SO oy dsbulng Lo e sl acoraie o,
Frestismty. doptittayndesiidiieasigles from the block subband angles of
dosribe T DB SR A Bncoder Step 41 S, Linoar
interpolaficey 1) Step 56p $Haynbs baabiedisvbd tv firepktedpotatigia kipgridng and
St sicd 502 1RR R A8 RaRde TSR n0le Offset
Step 503. Distribuie Angle Parameter Values Acress Blocks.
Block Subband Angle 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 same parameter value to every
block in the frame.
Step 504. Distribute Subband Decorrelation Scale Factor Across Blocks.
Block Subband Decorrelation Scale Factor values are derived from the
dequantized frame Subband Decorrelation Scale Factor values.
Comihent regarding Step 504; |
Step 504 may be implemented 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 linear interpolation across frequency as described above in connection with encoder

Step 418. Linear inferpolation in Step 505 may be enabled when the Interpolation Flag is

used and is true.
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In accordance with Technique 3, described above, when the Transient
Flag indicates a transient, add to the block Subband Angle Control
Parameter provided by Step 503, which may have been linearly
interpolated across frequency by Step 505, a 5 randomized offset value
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. b. Let z = ye P, where exp is a cofistant, for example = 5. z will

also be g sEnge Y Rifchulil hsuccinupio Auioieing abizs

toward low levels of 10 randomized variation unless the De

Scale Faltgiegantienrs migh TecheigreSadarsHbasisberaurise treinasient F g

anghdieshosenreparaialy e rb@a@&@a%an@lgfe@&z{wi%ﬂe%%s&med by Step
value adgée(aq to the bloclgq}siigba d Angle Control Parameter to add a

randontTZH GBS ¥ CBIRHRRI A TR EUSIERY Siter, 24 &
Cqmm@md_ _ﬁgrf@ﬂieﬂw&@mfga&ﬁﬁgvﬂk&ei@m?@pm@ﬁmmgﬁ% @I:?;ing may be
ordinary skill in art, "rapdomized” angles (or "randomized amplitudes
if éﬂ%ﬁlﬁtaaésg%trém%%@g@glg@gr scaling by the Decorrelation Scale’
Factor may iaclude noi ety isenddxandeiand thldyrandom variations,

but also deterministically-generated variations, that, when applied t :
phase angleg'(t)ﬂrettozpt?ése’ glearﬁgf‘é)slsaﬁg %%ar% |ﬂé’éa§? IIzlglvegt)‘n% ‘gf-ﬂe?ﬁ%fb ¢ in the
reducing wrasseddrte htion SistvedenwhdhetsleSugh tiantomidddiv levels of

variationsfmaafnngea%&asgdm@yw&%&&a&l&mgu c?&%fﬂ% is high.

random number generator with various seed values may be employed.

Alternatively ¢-théhXrandendmuiFidarsmbay istvrenarafennd difgchtandwpartely for

random numbsligsneraig-nmasinuch as a randomized angle resolution of
only about 1 degree may be sufficient, 25 tables of randomized numbers

having two of RRsE-deeRRF I pally Bask Shhmuinelay BeteiRreyeeter to add
Preferablathsizansiosyzga oakies Abaasnore-Ragued & withyreference

to Step 505c, above) are yniformly distributed statistically across each

channel. ARABRGREFEFBHIESAFBRAPECt scaling of Step 506 has been
found to besusgfuk abrisetiatcd ticalcandihiinayitrblastalingsmalRezed” angles

eI o alies 20 0 0 SONEIIALE b peorion
Scélmk dagovalueiisiida fotl cangeatitanddom and tedfranmisitteatistiare, but also
G e O T
angles and to amplitudes, 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 various seed values may be employed. Alternatively,
truly random numbers may be generated using a hardware random nwmber generator.
Inasmuch as a randomized angle resolution of only about 1 degree may be sufficient,
tables of randomized numbers having two or three decimal piaces (e.g. 0.84 or 0.844)
may be employed. Preferably, the randomized values (between —1.0 and +1.0 with
reference to Step 505¢, above) are uniformly distributed statistically across each channel.
Although the non-linear indirect scaiing of Step 506 has been found to be useful,
it is not critical and other suitable scalings may be employed ~ in particular other values
for the exponent may be f;mployed to obtain similar results.
When the Subband Decorrelation Scale Factor value is 1, a full range of random
angles from - to + 7 are added (in which case the block Subband Angle Control
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Decorrelation Scale Factor value decreases toward zero, the randomized
angle offset also decreases toward zero, causing the output of Step 506
to move toward the Subband Angle Control Parameter values produced
by Step 503. 5 If desired, the encoder described above may also add a
scaled randomized offset in 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-B& -eneficial for improving the

synghronicivapithe oncoder and decader, Step H7s AddiRandpmized.

Phase Angle Offset (Technique 2). 10 In accordance with Technique 2,

dd3esisedatipe wealoheaonsayafererns M dgrase Zerpithsdrdemizad asidnofiset also

forsaehinewad RAll dhehloglk SubhandRnote SRR RAFANRICE b Angle
frame provided by Step 503 (Step 505 operates only when the Transient

FISGHal e aridnsn iradnrd BnttemdBinized offset value scaled by

Lhe Decmﬂfbaﬁeﬂ, tﬁ@ai@o'ﬁaﬁmc(mlﬁcsga&ﬁgbrﬁwﬁd @cﬂﬁd&@.ﬁs@ﬁl&ﬂri@dﬁiﬁixed offset
erein in this step):.15.a..Lety = block Su nd Decorrelation Scale

e R T R P B SRR & R Sen

sefioratetyifgr Baolp binefydaghdvanieasecahbeiiibe ivahseledded © he also be

bl%%ﬁe igl E@? I%I1 Control %ram%%% }01 addf & rand%“nizegl gmgée offset

value according %m%n&nlq@én IS X P y. 3836%rﬁrmaélntse{r:eg%fding Step

507 S ceSéamifigntsddblsedeyivaliith Step 6ok Rffartifgeidqaandpmized

angle offget. Although therdisesh scalingakSie R0, Q@g&&%vrg%& n%fig%g does

useful, it is not critical and other suitable scalings may be employed. T

mifikiecRthBRar R cEntheies, tdd idubadinshbandnineledloattol
eatfaeilininferehohaoneh Wﬁ@&%@%%@@ﬁ:@@%& Wity tmg, %}Q%‘ransient

randomized angle values of all the bins in a subband are scaled by the

sanfi SRR TeRYREIAitH en epdemred atisctyalen seinddudhe Sagrrelation

 fregpgaaiecius whiley he,SidbandDescuelationiSoalgiskagior value is
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1, a full range of randgm apgles fram -it to + n are added (in which case
block subbz%ﬁ“aggﬁﬁ |éq38ﬁ¥e§s§8% Forris &% frame subband
angle value$ aiet30~endeker dlawaint. basdm Subband Decokitationarately for

Scale Fact rgaluef dirgi%_ishes toward zero, the randomized angle offset
1N G €40 ame

also dimiRIShes tOward Zero- Unlike Step 504, the scaling in this Step 507

maybe a direcThmgtionvelfuthel GdlihahaHhetdsie|Atigle Soatest #3:shaeioto add a
value, oL SXARRIG rPNBRANE RECRHE AN BEAIG.E 451r valug of 05

Comments regarding Step 507:

See comments above regarding Step 505 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 employed.

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 is updated at the frame rate. Thus, when the Subband Decorrelation Scale
Factor value 1s 1, a full range of random angles from ~m to + 1 are added (in which case
block subband angle values derived from the dequantized frame subband angle values are
r@ndered irrelevant). As the Subband Decorrelation Scale Factor value diminishes toward
zero, the randomized angle offset also diminishes toward zero, Unlike Step 504, the

scaling in this Step 507 may be a direct function of the Subband Decorrelation Scale
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proportionally reduces every random angle variation by 0.5. The scaled
randomized angle value may then be added to the bin angle from
decoder Step 506. The Decorrelation Scale Factor value is updated once
per frame. In 5 the presence of a Transient Flag for the frame, this step is
skipped, to avoid transient prenoise artifacts. If desired, the encoder
described above may also add a scaled randomized offset in accordance
with Technique 2 to the angle shift appligad before downmixing. Doing so

may imprqve alias cancellatio%n tgﬁ)deco er. It mz;#/ %%o beéitrieneficial

fof IiprSHRY Hor Frreiler SHRIRI ORI EHREOR PSHE ey d@ e i ¥ 508,
NororalizenditnplifiiteSale FadioisnievadlireAimifude Scale Factors
across channels so that they, sum-square to 1. Comment regarding St

508: For )?asr%ap?é?, ﬁ?‘f\?@?}%ﬁ%{n%n § ﬁ%%g Gé G}é%lhzeeé sc‘:agltte0 acilgpsag’ﬁ?g%om
dBidco@eriBegraivul Aty DletotrdBioh Fo7eFadthe solre of thdabgUenesyier frame. In

1.002. Dividi hbyt 0t of 1. = iel

oG OE SR RALE i) e b e e
(Optioviat)a@istitsnally, when the Transient Flag indicates no transient,

apply a slght;addijonal R Fble-RrbhanNd FERIGIEARIATISURLEE HRRGAAEA et

on Subband Decorrelation 20 Scale Factor levels: multiply each .
nomastvdansupBinteaniiraddodbafagta stef syriiethafosdar pangting Doing so

0. 2iySiubband.RacorelationrSealp fastan. Whey e TransianaHagisproving
True, skip this step, Comment %%%ardin Step 509: This step may be
uSERSEEILE T dBR SBEEE B ASRSH: Step 507 may resultin 25

slightly regjrscsleviigrmibe fingdliovés Sedlisarberkprocess. Step 510.

D e AR e Ao S Ee AR B s o
value to ékm;mbm h‘egaegﬁngmqﬂsw:ep 510a. A_dd Ranc_ior_nized Amplitude
o SR A T ey o o
Degrenrdtzitiont ScaBBf 4G16T9eN dhs s Qﬁélﬁ'ﬁaﬁsfehis FRRY.- IPthidinbsericby the
o B T RO 1o i, anc,

inthe  Step 509. Boost Subband Scale Factor Levels (Optional).

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: multiply each normalized Subband Amplitude Scale Factor by a
small factor (e.g., 1 + 0.2 * Subband Decorrelation Scale Factor). When the Transient
Fiag 1s True, skip this siep.

Comment regarding Step 509:

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

Step 510. Distribute Subband Amplitude Values Across Bins.

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

Step 510a. Add Randomized Amplitude Offset (Optional)

Optionally, apply 2 randomized variation to the normatized Subband Amplitude
Scale Factor dependent on Subband Decorrelation Seale Factor levels and the Transient

Flag. Inthe absence of a transient, add a Randomized Amplitude Scale Factor that does
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presence of a transient (in the frame or block), add a Randomized
Amplitude Scale Factor that changes on a block-by-block basis (different
from block to block) and changes from subband to subband (the same
shift for all bins in a subband; different from subband to 5 subband). Step
510a is not shown in the drawings. Comment regarding Step S+0a;
Although the degree to which randomized amplitude shifts are added may
be controlled by the Decorrelafon Scale ¥krctor, it is believed that a

patticslangoriefasioyale sharheauseinseamplitudeshift than thene

corresponding randomized phase shjft 10 resulting from the same scale

faBIST VSRR th TR FYb R e ErTRRAE etk RS e BeIPIiEsh hmopiydg Scale Factor
eaibht lolmnfee achs MGt ABIAGE b e @liffetat desnplexcl piilosEpia dfatiefes from

from the amplitude .of decoder, Step 508 and the hin angle of degoder
R R e L AP A e Biptbend
chabhaidm@taplys the Gormpibxvrinyledranthghe complex upmix scale

factor to @591%%%@ mixegd, complex output bin value of each bin of the
channel. Step 512. ggegrg?}ﬁg iy r%ie%BFT (Optional). Optionally, perform

an inversﬁ@ﬂ%ﬁrﬁl@@m@o Wi dbingdb méusid ewpitudhsiifiela2Gddeieldy be
muligharRslAHPEEEGM ARl 953@%% ell @%@Yﬁ o) gg{lﬁrg?éw%m factor

such an_inverse DFT transformation, the'individual blo
satpR e hiaeiret ek s dedrbmobrs eresooadiagseelamizediterse shift
togeiigh dher erdQAasAbS st Hhe finalnCRRtPHeHR MERMIPHLEBGM

audio signal. Comments regarding Step 512: 25 A decoder according to
the pres Fﬁﬁrﬁ?@ntigﬁ“ﬁ%y not provide PCM outputs. In the case where

the decoder process ésrppleied driphatRmaVen aaup NG HERYeBAYX scale
and disc%ete CT coeﬁ%%fnég g{g sent fgtr each channel below that
B

frequencyIPESFb AR SPRASHTIRE DETEO SHABML IR AV EEreger

the decolep opihixmopEteps Sleda (anded 1 fxto MiQIEN. coefficients, so that
they can be combined with the lower frequency 30 discrete MDCT

coefficients ang)] %g’ﬁg%m%‘z%‘a%h‘@%é’? ?gi ]glr%%é : 51 exs rﬁa‘gfﬂa‘%.?&?ggﬁ?e
compatilsiempi¢x apehcedied=ystanptbdidedbaiargeed worbeeobinstabédvalne of

users, s%g&%§0§{ﬁgg%@c-3 SP/DIF bitstream for application to an

external device where an inverse -51- transform may be performed. An

inverse P f&ksBeriormbeerisoNEd (Optiend).the

Optionally, perform an inverse DFT fransform on the bins of each output channel
to yield multichannel output PCM values. As is well known, in connection with such an
inverse DFT transformation, the individual blocks of time samples are windowed, and
adjacent blocks are overlapped and added together in order to reconstract 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 dhannei below that frequency, it may be
desirable to convert the DFT coefficients derived by the decoder upmixing Steps 511a
and 511b to MDCT coefﬁcignts, so that they can be combined with the lower frequency
discrete MDCT coefficients and requantized in order te 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 bitstream for application to an external device where an inverse
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output channels to provide PCM outputs. Section 8.2.2 of theA/52A
Document With Sensitivity Factor "f7" Added 5 8.2.2. Transient detection
Transients are detected in the full-bandwidth channels in order to decide
when to switch to short length audio blocks to improve pre-echo
performance. High-pass filtered 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 tim&l scales. If a transient is 10

o) o[ﬁlﬂc qg[ﬁlq! that nel
swﬂche%lntggﬁfgg@%&%%\ éﬁg}ﬁ?}%ﬁg%hat IS%%H io tc e ]Ceé‘]{‘ 8 45 of the
exjydipitshenntdedy frevidh@ GhtaHastsa coarser frequency resolution in

order to reduce the data Querhgad resitiing fsom e, ingrease in temporal

resolution]. The transient detector is uSed to determine when to switch

from a long transform 15 HEEKSEEEFEI2:ab the 4RéH block (Ilength

256). It operates on 512 samples. j@oq*%;yn@&g&tpjgck This is done in
two passes, with each pass ro%e eﬁ% 256 samp es. Transient detection

is broker! BEWAERESGHeSEDS HFhgnes B ghtishtaisHids When to

thew hihaks Hhtmiﬁbgﬂﬂk&ﬁi@&l&l@&a&ﬂfmm&lﬂe—&ﬁ@gﬁﬂ&ﬂéﬁﬂﬁ €ABRpass filtered
sub- block ment and 4 thres %]?ld com arlson The transient detector

outpute & fag bikEWIR 6 e 38R %élﬁ A CAREE WhRNG Fihat el time-
tosé@trﬁhtrtd itatesxthBubrbbeicanfadnansicnt diffhensaaenchiralffof thersient is

5% eec'?% BE f‘? n%f y’f‘%llc%dﬁsgﬂ)c@n a cﬁ? nne{ ct’%‘% q&%ﬁ&asatghr tto a short

fil terlng pass filter 1Is im emente as a cas
fobhadk. u‘RWWﬁkﬁmhkmkomtw @;&Bﬁml@%gmmmteﬁm iotkeafata has

256.highs H%?Qséﬁ%l% 9{&&5@8&5@%&6&4@&&@&% {E%HS% the

of levels in w vel | represents the 256 length block, Ieve
sé@?ﬁ%ﬁﬁ?sl%f%}ﬁ’@fﬁli‘i%’ha%@]evel 3 is four segments of length 64. 3)

Peak Deﬁg@ﬁmmemﬁw@m@ deraeshmaeBiudeisAgRHAe iR ransform

each segment on every level of the hierarchical tree. The peaks for a

R R IS Yo AP I P E e RER b 515 saunsies fo every
forna {6 bRk-ThHia ) dSde bRl witk Rd 22N b cadmang Ksandples. Transient

A .
2 é!et]é%ﬁon is broken down into four steps: 1) high-pass filtering, 2) segmentation of the

block into submultiples, 3) peak amplitude detection within each sub-block segment, and
4) threshold comparison. The transient detector outputs a flag bikswin] for each full-
bandwidth channel, which when set to "one" indicates the presence of a transient in the
second half of the 512 length input block for the corresponding channel.

1} High-pass filtering: The high-pass filter is implemented as a cascaded
biquad divect form II [IR filter with a cutoff of § kiiz.

2) Block Segmentation: The block of 256 high-pass filtered samples are
segmented into a hierarchical tree of levels in which level 1 represents the 256
iength block, level 2 is two segments of length 128, and level 3 is 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 level
are found as follows: | |

P{j]{k] = max(x(n))
forn=(512 % (k-1}/2%)), (512 x (-1} /2%) + 1, ..{612 x k / 2"} - 1
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where: x(n) = the nth sample in the 256 length block j=1, 2, 3 is the
hierarchical level number k = the segment number within level j 5 Note
that P[j][0], (i.e., k=0) is defined to be the peak of the last segment on
level j of the tree calculated immediately prior to the current tree. For
example, P[3][4] in the preceding tree is P[3][0] in the current tree. 4)
Threshold Comparison: The first stage of the threshold comparator 10
checks to see if there is significant sign’églevel in the current block. This is
done by comparingdhe-overall/gpak.value P[1I[1] of the current block to a
"silence threshold", If p[1][1] is_below this threshold then a long block is

forced. The silenc¥ fredIT i dthsampyds toa2shienehibleske of the

comparator checks the relative, paakdevels-afiadiacanhsggments on each
level of the hierarchical tree. If the peak 15 ratio of any two adjacent

segments on a particulard&/BFsxeBsaphelEladevstéshold for that

level, then a flag is set to indicate the presence of a transient in the

current 256-length b|5%%€’ghﬁé ﬁ;ﬁ@’a{f@tﬁﬁ%é?@ﬁ%’f%ﬂ’o%@ﬁ%@’(ﬂf]%lagt
x T[] > (F * magRfidgiiked) i}y ENatbthearte caengitbdtynhaaitnk R vidratahd Birent
is the pre-defingd threshold for |, defined as:. T[1] =.. =.075

T3] 08 If o s L AL LA o e B e kB G o geent
25 then a trangieat is indicated for the first half of the 512 length input

block. The se I‘—HB %ﬁou h this process determines the presence of
transients in tﬁﬁ secgﬁ‘?il a ﬂo% g@ﬁ%ﬁ%t% Ut IOk, :SE) n%oona?r%amr
Aspectsabpehie toressafithaveistitgnifienniot fimltéry tbittheamcodiigoas. This is done

describag) Bl AARMREHIRM LAl Garke MAIE SRAEAINeAREES Nionce

invention are applicable to the transformation of any n input

channel&§yeshbiit- dRBHITBEIS tel amghin fhrsdiodd 153: olupabbitkinésceh The silence
output CRARRRIRA)VAILRGMBNAST A, TR nEd Kacd RO COLINA): BALANSS . elative
many common applications the number of input channels'n is greater than
the peak levels of adjacent segments on each level of the hierarchical tree. If the peal
ratio of any two adjacent segments on a particular level exceeds a pre-defined
threshold for that level, then a flag is set to indicate the presence of a fransient in
the current 256-Jength block. The ratios are compared as follows:
mag(P{il[k]) x T(} > (F * mag(®[i][-1)1)) [Note the “F” sensitivity
factor] ‘

where: T{j] is the pre-defined threshold for level j, defined as:

T[1]=.1
T[2] = .075
T[3]=.05

I this inequality is 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 input 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 applicable to the

transformation of any number of input channels (n input channels) to any number of
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number of output channels m, the N:M encoding arrangement of FIG. 6
will be referred to as "downnuxing" for convenience in description. 5
Referring to the details of FIG. 6, instead of summing the outputs of
Rotate Angle 8 and Rotate Angle 10 in the Additive Combiner 6 as in the
arrangement of FIG. 1, those outputs may be applied to a downmix matrix
device or function 6' ("Downmix Matrix"). Downmix Matrix 6' may be a
passive or active matrix that provides eithés a simple summation to one

ch ' : ' FIG. 1, or to multiple chan The 10

matri ctc;)g?ﬁic{:;:lérgt %%@Eﬁ%%@ﬂg? géjr]n%%in?%gfgﬁgkﬁiﬁg;lh%r?/\%%?ﬁg?d}ng)‘
devicesuanth Mactiomsmier igpleatiaystba nershenefdshint tharmkG. lis greater than the
arrangementandiieyReahe,same Jfé@ﬁﬁ{éﬁ&ﬂﬂ@éﬁ{é}l&%’ﬁwﬁﬁ%bﬁzefm-ed .

Matrix 6' may provide a hybrid frequency-depéndent function suc

protfidesdsrexampidorfPERisarhBlslpsaipéuency range fl to f2 and

m12-f3 chageging 16 i3SI aN9R{G P0? SERRSXAMP IR NRIOW Rotate Angle
COUé)_hn frequency of, for example, 1000 Hz the Downmix Matrix 6' may
|B‘é(§

probitRd fahAREEd Aiithe Odithe Couphing: fraginhe tressarmmabELC. 1, those
Mammtp@'l_ 'tsrwf @&ﬁgﬁe@n@ slaow ﬁil fi_:ﬁﬁd I_a@mpdi@yga@ dbv\@xcdﬂ_ ?ariﬁl@‘mﬁ;l%%_ ” _fiskhlﬁaauix”).
coupling frequency, better spatial fidelity may be obtained, especially if the

v SRR PR Y BR oT T TR RS (5 s oA BT Ot ey Rrle
thedormatid@Geans chitthel ghifr itk §: showsithg ¢rFleration f theisamBannels. The
sidechain infermation for.each channel as in.the FIG. 1 arrangement, it

e e o e et R i and
mofanttamond thatnetidptoyidot: by iththo flgutiohthesdennmixiMatsber the same

6" | cceptable results may be obtained when only the 25
amﬁﬁpﬁ%ggﬁé%%gor sidechain information is provided by the FIG. 6
arrangem&etvoEux hértdes b geedidg slgdchbircgpticpsiependist tissetibn such that
el FANREURNNID e (ARGHBIIRS Adlfan T390 3 ARl - channels

mentioned above, the mul%igl% channels generated by the Downmix FiX

6' ndcdtifat g Yewsethaly the Romssampladnie vreemeling fisavenchet, for example,
PUrPOSE DS A BOGRAGRIRESHERA%4D gﬂ&a& S0 RAYER thE IRl Wupling

bits for transmission or storage, it is likely that the number of channels

profSBRER By bR RS (ilPsE REwiaRas themshnibererimying two channels
chaswiels the tayene friheeatianegsneniind Bleli6 may JsbRmMSERSIAN if the

-54- "upmixer.” In that case, there may.be gpplicatjons jn which the
B POP O RRIG R BIHIEE S R AAEE A ARG & g fman

20the gmsnber of input channels n.

25

30

Although FIG. 6 shows the generation of the same sidechain information for each
channel as in the FIG. 1 arrangement, it may be possible to omit certain ones of the
sidechain information when more than one channel is provided by the output of the
Dowmmix Matrix 6’. In ééme cases, accepiable results may be obtained when only the
amplitude scale factor sidechain information is provided by the FIG. 6 arrangement,
Further details regarding sidechain options are discussed below in connection with the
descriptions of FIGS. 7, 8 and 9.

As just mentioned above, the muliiple channels generated by the Downmix Matrix
6’ need not be fewer than the number 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 arrangenient of FIG. 6 may also be used as an
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Encoders as described in connection with the examples of FIGS. 2, 5 and
6 may also include their own local decoder or decoding function in order
to determine if the 5 audio information and the sidechain information,
when decoded by such a decoder, would provide suitable results. The
results of such a determination could be used to improve the parameters
by employing, for example, a recursive process. In a block encoding and
decodmg system, recursion calculations ¥buld be performed, for example,

or-gyaiveRlogk thafeie thenaxkPleckpndgithoidertieimin nummmmds m
in transmlttln%??: block of audlo 1\% informa d its gss |ated ati

atjon
AR WhIE RS BAR SR P ERS RetRas
decoder Eﬁddaemm dedtiictivm contatalsn @ﬁteﬂmohxyeqbladvﬁﬁté@ausmd 6 may

spati arameters r stor i r ocks I
G R R el feet i e B g ne
s@edimamfmﬁmhmatmd thachl gilsichaiioinfsionatibendead a9 ssneior iﬁ@(lﬂs, would

gggtl%!i%rsg G@ﬁg rd08:9EE00Er AR AMATicAIE8 NS ; improve the

coder or eco |ng unctlon of FIGS. 2, 5 or 6 in that the decoder would

hmm@w@m&am&e‘@w@?@p@ma|r§fa4a§ﬁi@t§9§¢a%d¥a¢rﬂﬁ%r?ﬁa?% g and
forfreaxansies.abava s, canning ieauRny feamniha, insaming Rt 6 block

but also to generate simulated spatial-parameter sidechain informati

AR Stehet RSB 9605h B RS B HEGACSgB i - bock of audio
simplifigstatierpiivetesuel L@@ﬁh{d@mdefemcorporatmg encoder

examples, rather than havi ocal d cof(ij’]er or decoder funénon the

encoder COUFEIFHIHHR SRR A TRdPSS B R RIS Ridspodme
befouetig &Qﬂ@'ﬂi‘@fﬁe@ﬁ@ﬂ@ﬁmﬁmaﬁlmy amyskitableowayefors are not stored

it et bt R
infesatiatipaiaiBes ilmmmm tdimon o, thmlendeg];zamﬁcahxauexthe)uid be sent for the
threshol on the_en od| sch me, low.signal informati

e 13%%%97& dﬂrr%n e E0GesNg Sehame IovHanal 0N RGN or

regueney may a so TELult in'more eing availa
fordeendiingfsictiohaifiiif Aafion Mmﬂeﬁwdmodbmé%@r’aﬂﬂeﬂi%bﬁiw to

of %nga&angteﬁoﬁ%age%ép e?eéﬁaﬁﬁ%a't: 3£ ﬁQq‘a’é}E{Qﬂmyﬂi@ Bbupiing

matrix function evice UmeX Matrix") 20 receives the 1 tom

chémretsgeftoratbeibyothien a hiisitramidt 61515 G geacrie WiHintolisnpbabparameter
May 6.3 PAPSINGIAEX 1BRYRG, iRRERGEHNN S (R SQHHE 6%5‘?%?@

transp05|t|on (| e., the -55- complemen i%f the Downmix Matnx

FIG. 6 arfargampiitiehrlemaivyo mieh sRdanaFxine wRip g Speadeh aramples,
MaliK e mYRHFPIR NN BEARISHRINRN Bulltion, the encoder could simply check to

determine if there were any signal content below the coupling frequency (determined in
any suitable way, for example, a sum of the energy in frequency bins through the
frequency range), and, if not, it would send or store spatial-parameter sidechain
information rather than not doing so if the energy were above the threshold. Depending
on the encoding scheme, low signal information below the coupling frequency may also
result in more bits being available for sending sidechain information.
M:N Decoding

A more generalized form of the arrangement of FIG. 2 is shown in FIG. 7,
wherein an upmix matrix function or device (“Upmix Matrix”) 20 receives the 1 tom
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.e., the



combination with a variable matrix. If an active matrix decoder is
employed, in its relaxed or quiescent state it may be the complex
conjugate of the Downmix Matrix or it 5 maybe independent of the
Downmix Matrix. The sidechain information maybe applied as shown in
FIG. 7 so as to control the Adjust Amplitude, Rotate Angle, and (optional)
Interpolator functions or devices. In that case, the Upmix Matrix, if an
active matrix, operates independently ofthe sidechain information and

respghgispRhiefthe channels Maplies i thdltEinativelysome altathefively, the

the sidechain information maybe a[%glie_q to 10 th% actii\i/e r%atrix toi\a}ssis ..

its dperatiofRHTAA TSRS SRR G AR EF (e XAjARICARPITGS PRI G I
Anglemandiateratlaleafimiionsiar descesiveaydbéiodnitidet. iT herbeeddiar its
example of FIG. 7 may alsg employ.the alternative o i ) .
oGO SHRTS o T e P S M BAREE R o
sdesesilyet atfeperidenonfidetiDnwwithk MEsx 2 dihvd SdeehaiHapuphor may be applied
Matrix 20 is an.active matrix, the ar n GG /HBAY-0601 d (ovtional
chafacienize gg%‘ﬁ%ﬁ%ﬁ?ﬁéﬁ?&%é%%%gﬁﬁoj}%%&ati% in a}e"h %r?aar%a%ﬁ‘ﬁ lo_n )
encéderpdbtotmsiistem:dgidseidmbeiseeartd parek I8t apafe matr,

the %8&% ?rhgﬁgﬁfexgﬁgﬁ? SPME MEATHAS2H SRR IRIOrRANR Hiadshe channels
inputaudio signal (i.e., the active matrix responds to spatial Informa&%%plied to

encetpkeihiene chipmalialpRencsdieide fifFbr sy HRRainD g

1 dnformationdrom-spaliaspatarestesridenhain infesneatiern: Qthdiheledentamplitude,
of FIG. 7 are as in the arrangement of FIG. 2 and bear the s %e ﬁeﬁnc%
U SUAAORE IR RIS RS CBRES 57 S8 TR B et Decoser

decogenplaysineltdenastiversaisdecatiersasively Aspiiigisg mintieneitandomized
above and incorporated by reference, 25 in l%cllding, fo[{eegrlabm I%brréa]lgrié anection
decHBROVRY 3L0n8 RPEHG e AR d BP0 LHGH P udtodsTs E(‘PF?}roY_ogichs

a tragemprks O ReWy Laboratories Licensing Corporation). Alternative

Decorrelatigrs FIGS. 8 and 9 show variations on t ggtp‘gr ized Degeder. ... 1,
13t FIG. 7. Iﬁ&%%}t &ﬁgﬁ%ﬂcﬁtﬁl}fhe ésr%nagg‘rﬁenﬁta%ﬁ#g an%ktlﬁég , ‘. .may ©
arrangemenieiEG hghodo Hidenativi Sooopreatisgdm eldndnidaainigue

of FIGS. d 7 InFIG. 8,1 ve, decorrelator funcliansm deYigkSiccoder ma
("Degg??é%?g?g %68?;1%%%8 :r%%ﬁ eﬁ%ime domain,. each following the ) . d
respédetive somersefilrerbbeiuol afarsatinnfemchiammst apiin g gel Gg., the active
respective de 855%'%%%&%5&%&%@%&%&&@&% rglataks k3 %ianR 53 and a further
are in the fre uency domain, each preceding the respective Inverse |
“Piltenvartec® Eechaeliinfhanation from spatial-parameter sidechain mformation. Other

elements of FIG. 7 are as in the arrangement of FIG. 2 and bear the same reference
numerals. _
Suijtable active matrix decoders for use in a hybrid matrix decoder may include
active matrix decoders such as those mentioned above and incorporated by reference,
25  including, for example, matrix decoders known as “Pro Logic” and “Pro Logic 1"
decoders (“Pro Logic” is a trademark of Dolby Laboratories Licensing Corporation).
Alternative Decorrelation
FIGS. 8 and © show variations on the generalized Decoder of FIG. 7. In
particular, both the arrangement of FI1G. 8 and the arrangement of FIG. 9 show
30  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,



channel. In both the FIG. 8 and FIG. 9 arrangements, each of the
Decorrelators (46,48, 50, 52) has a unique characteristic so that their
outputs are mutually decorrelated with respect to each other. The
Decorrelation Scale Factor may be used to control, for example, the ratio
of correlated to uncorrelated signal provided in each channel. Optionally,
the Transient Flag may also be used to shift the mode of operation of the
Decorrelator, as is explained below? fir both the FIG. 8 and FIG. 9

NG MRS GRS PRERHGIIIG dBAYD P B ROFASHRN RFHRVE R AR

haying its own unique filter characteristic, in which the amount or degree

of FederBeYAEris-COrt BIRG B SR GEREHNRHBI e Ak FERar 30 and 36 in their
(i%ﬁk@ﬂiﬁmﬁﬁof@ﬂ@;ﬁm@mbym}flﬂﬁmﬁﬂgﬂﬁﬁigF@ﬁﬁ%ﬂtfﬂ&beéhﬁ‘eia{om (46,48,
Decorrelator output forms a part of a linear combination of the .
DDt R B AR R RN L Gl decomelated wit
dgmp@iﬁﬁmth@hh&qu"ﬁbemmmmmi@@& Eittter aloyn ot co nulninaiti dor
Wit SA51L ANSEAE Wit A SSIaS BT INRR RVaIherBInt SEIasderbS
reverberatory are well known and may trace their origin o two journa
papetsmaitolbe é“gsngntﬁ tiap mgerbe fstieredig MiRkiBchede dépraneliBumf the
LO@%@@I‘I@%&IQ@?)&?%%MQ@pinVQ(LﬂﬂA‘Mé%I@P'8%%%’%% ; é%@x]aﬁaﬂle?ls each

"Natural Sounding icial Reverberation” by M.R. Schroeder, Journal A.

E. Decauigigioppaydie a0 e SiehB R rovasriiin S g teewengsesiler
?n&léﬁfaggﬁ%ﬁgv&hﬁﬂ @@ Qﬁﬁéﬁﬂ?ﬁ&@e@&fﬁé%rﬁe%ﬂ@rﬁr‘] Gemerd Lbétjeapgﬂﬁ

l.e., Wi an ecorrelatio cale ctorisr quireaq. IS may Dbe .
obtSE 055-%7%"? Ew%?&rwl%?ﬁsﬁ%?ﬁaa? rﬁp’&%al NS Bt Rggrvhich
ScaleDeastelinayheuganeraiadinotheiaagadenishiile df éefdezofelator input and
Alternatively, if the encoder of FIG. | or FIG. 7 generates Decorrelation
SR o e o S BR B £ Bloved
Faad&t:msa&qagl draramplibuthé @r wilverchuringies inithe Brivodder-ofE G ctborator.
Fl %ﬂ(}%&?—ﬁﬂ% 9&%99&%%&4: A%\ﬁeﬂ%&&l{%cpﬁg? %Sé%t%@r%%@ﬂ 05£gv0 journal

operate In thi requency domain, as in the FIG. 9 arrangemerit, they may
reBaiives ' dederkesatiii SeticietticrsrenchisiibBanaheregioupd BoF - Logan, /RE

subbaRds Bnd.c ReeMiaNtYUROMiderd commeNSH AR e RhBREH rificial
relation for such, subbands o%?roups of subbands. The Decorrelators 46

ARG OFRREE A D BRCHRAMERE0 Bt S 6f B985 S rHagho- > . 219-223
optionallywageivie: thecbranaiqpubiag! i8 tir-tirendhmain DeserrelatarsoFIG. 8
L FeO R TROIRO SUE MOty 1,y
Déecarvelatal hyayvpératerabwa$cinetarnypeontyeriesit dyacvitdation Scale
APENGSLL e HRnRient g L YRS CPIRART OB SN ey, if the encoder
of F1G. 1 or FIG. 7 generates Decorrelation Scale Factors on a subband basis, the
Subband Decorrelation Scale Factors may be amplitde or power summed in the encoder
of FIG. 1 or FIG. 7 or in the decoder of FIG. &,
When the Decorrelators 50 and 52 operate in the frequency domain, as in the FIG.
9 arrangement, they may receive a decorrelation scale factor for each subband or groups
of subbands and, concomitantly, provide a commensurate degree of decorrelation for such
subbands or groups of subbands.
The Decorrelators 46 and 48 of FIG. 8 and the Decorrelators 50 and 52 of FIG. ¢
may optionally receive the Transient Flag. In the tune-domain Decorrelators of FIG. &, the

Transient Flag may be emploved to shift the mode of operation of the respective



subsequent time period, say 1 to 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 plurality of transients within a short time
period. In the frequency-domain Decorrelators of FIG. 9, the transient flag
may also be employed to shift the mode of operation of the respective
Decorrelator. However, in this case, the receipt of a transient flag may, for
example, trigger a short (several milfigeconds) increase in amplitude in the

chanagkinophishahefiag sresreddagoth.ihs, g;ae Saargjcﬁroedelr—type

arrangements, an Interpolator 27 (33), controlled by the optiona
TFSH@?@@’?%‘PT&@ haabssrssiabthaeaporitidiramdspaeitsseipoitéophabert

angiRsqRuinihobRAAIeANS RBuARdadbanneiasdeseibed AbeYEN channel
As mﬁglonm%ove,, ngﬁ%t 0 ?r more:channels are sent in addition to

SR IRSHRSHENS %i@ ELE P ORAL FE e RS i sRr B to @
sideeiiainopataniatersvifton «etanplee ionay. be hedapriable tacsend DBiyrrelators of
thﬁér@p&}g e Sl%% I;act(,()ﬂrfai180 tg%h case &he %%{: rrelatéon g@\nd an%e fihe
devices or functions irthe-decoder Thay-be omi iRt CheeraupRat the

8 wpkGireduceteetiesdime anangdnenty:. Ateraativedy aarlystee flag may, for

a'EBPng' fie SeRIS 1AGI0h é?eﬁ?ﬂﬂ'i?s%%ﬂ@ 2 optignall i
the Transie ag may be sent. In that cS s@ger%%gb tétg@%de?ﬁjéﬂ or fhnel in
arrehgemenismay-hgemployed (omitting the Rotate Angle 28 and 34 in
each of gw %As ‘tr%er lternative, only the amplitude scale factor and
the angl & OO A A BETLER, AR ERG oy S ARG IR by the
8 epfcantdigesicantiayayderevigh dyetumittingrthe iRgoentelatdisdthandngles
420%13[ Iﬂ%ﬁﬁg{]‘%ﬁiﬁéféeé% é% o{ FaI(IB%ﬁS randg(?,i A% i% FIGS. | and 2, the
arranaemen S of FIGS. 6- re>ir11]ten ad'to & 5ﬁye 3}%’& of input and
output chissmelsiatthdaighy fonisimplicity tnopeesantaiion: caly iwddaianoelsechain
ar Wh i ﬁg@tgg&g@éﬁ% oV. %w e.presentinvention any and all
moé?é}gat%ﬁs’, \I/arT ations, or g% {e%)qrg;av[é g#t% t%?%gil%sﬁhd%]%g}g%%%% 15 For
thexappsndeaaidifiscagattidmend oryriistHodfbude Sedingavicenicotleigh case the
augiehanng!sdeareseatngN avdie Thannels wiis Nds HWO R0 that case,
and a set of one or more spatial parameters, the method

FIGS. 7, § 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 empioved (omitiing the Rotate Angle 28 and 34 in each of them).

As another alternative, only the amplitude scale factor and the angle control
parameter may be sent. In that case, any of the FIG. 7, 8 or 9 arrangements may be
employed (omitting the Decorrelator 38 and 42 of FIG. 7 and 46,48, 50, 52 of FIGS. 8
and 9).

Asm FIGS. 1 and 2, the arrangements of FIGS. 6-9 are intended to show any
number of input and output channels although, for simplicity i presentation, only two

channels are shown.

It is contemplated to cover by the present invention any and all modifications.

variations, or



5 comprising: a) receiving said M encoded audio channels and said set of
spatial parameters, b) 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 spectral
components, and 10 c) generating a multichannel output signal from the N
audio signals and the spatial parameters, characterized in that M is two
or more, at least one of said N audit®signals is a correlated signal
compriara@idvrnioliet docepRipationptaideastiyg of said M
encoded audio channels, said set of spatial parameters includes a first
parameter indicative of the amount of an uncorrelated signal to mix with a
correlated signal and step c) 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 20 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 1 wherein step c) includes deriving said at least one
uncorrelated 25 signal by applying an artificial reverberation filter to said
at least one correlated signal. 3. The method of claim 1 wherein step c)
includes deriving said at least one uncorrelated signal by applying a
plurality of artificial reverberation filters to said at least one correlated
signal. 30 4. The method of claim 3 wherein each of said plurality of
artificial reverberation filters has a unique filter characteristic. -60- 5. The
method of claim | wherein said controlling in step c) includes deriving a
separate proportion of said at least one correlated signal to said at least
one uncorrelated signal for each of said plurality of frequency bands, at
least partly in accordance with said first parameter. 5 6. The method of
claim 1 wherein said N audio signals are derived from said M encoded
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audio channels by a process that includes dematrixing said M encoded
audio channels. 7. The method of claim 6 wherein the dematrixing
operates at least partly in response to 10 one or ones of said spatial
parameters. 8. The method of any of claims 1 - 7 further comprising
shifting the magnitudes of spectral comppnents in at least one of said N
audio signals in response to one or ones of said spatial parameters. 15 9.
The method of any of claims 1 - 8 wherein said multichannel output signal
is in the time domain. 10. The method of any of claims 1 - 8 wherein said
multichannel output signal is in the Zoq}@cﬁ‘ﬂ%ncy domain. 11. The method
of any of claims | - 10 wherein N is 3 or more. 12. An apparatus

campiisistieddans-astipiad tacaty auleasihetithestens:af anynaneahithes,
25 meglhodﬁ.of claims 1-11. :
where N 1s two or more, anid a set of one or more spatial parameters, the method

comprising:

a) receiving said M encoded audio channels and said set of spatial parameters,

b) deriving N audio signals from said M encoded channels, wherein each audio
signal is divided into a plurality of frequency bands, wherein each band
comptises one or more spectral components, and

) generating a multichannel output signal from the N audio signals and the spatial
parameters,

characterized in that

M is two or more,

at least one of said N audio signals is a correlated signal comprised of a weighted

combination of at least two of said M encoded audio channels,

said set of spatial parameters includes a first parameier indicative of the amount of

an uncorrelated signal to mix with a correlated signal and

step ¢) mcludes 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 multichanne!
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.

!\J

The method of claim 1 wherein step ¢) includes deriving said at least one uncorrelated

signal by applying an artificial reverberation filter to said at least one correlated signal.

3. The method of claim 1 wherein step ¢) inciudes deriving said at least one uncorrelated

signal by applying a plurality of artificial reverberation filters to said at least one

correlated signal.

4. The method of claim 3 wherein each of said phurality of ariificial reverberation filters

has a unique filter characteristic.
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10.

11.

12,

- 60 -

The method of claim 1 wherein said controlling in step ¢) includes deriving a separate
proportion of said at least one correlated signal to said at ieast one uncorrelated signal

for each of said plurality of frequency bands. at least partly in accordance with said first

parameter.

The method of claim 1 wherein said N audio signais are derived from said M encoded

aundio channels by a process that includes dematrixing said M encoded audio channels.

The method of claim 6 wherein the dematrixing operates at least partly in response to

one or ones of said spatial parameters.

The method of any of claims 1 — 7 further comprising shifting the magnitudes of

spectral components in at least one of said N audio signals in response to one or ones of

said spatial parameters,

The method of any of claims 1 — 8 wherein said multichannel output signal is in the

fime domain.

The method of any of claims 1 — 8 wherein said multichannel output signal is in the

frequency domain.
The method of any of claims 1 — 10 wherein N is 3 or more,

An apparatus comprising means adapted to carry out each of the steps of any one of the

methods of clatms 1 - 11,



