MJL 1 ' CHANNEL AUDI O CODI NG Technical Field 5The invention relates
generally to audio signal processing. The invention is particularly useful
inlowhbitrate and very low bit-ate audi o siwi al processing. Mre
particularly, aspects of the invention relate to an encodi ng nmethod. _ and
to a decoding nethod for audio sigials in which a plurality of audio
channels is represented by a conposite nonophonic ("nono") audi o channel
and auxiliary (sidechain") 10 informatdon. Alternatively, the plurality of
audi o channels is represented by a plurality of audio channels and
sidechthn information. The invention is defined by the appended cl ai ns.
Background Art 151 n the AGandrgdansudipiencodiing and decodi ng system
channel s may be selectively conmbined or "coupled" at high frequencies
when the system beconmes starved for bits. Details of the ACG-3 systemare
wel | known in the art - see, for exammie F#BESC Standard A52/A: Digital
Audi o Conpression_Standard, (AC 3),. Revi,sion A Advance Tel evi si on
Syst ens @%Tntteerh“?ﬁenﬂ%m e%%@%ﬁ%%&&%%%%%@%m e on the 20
World Wde V@tataihtdem i&ﬂl&%’&n&i@d@ﬁgk&tmud@ shihitiprocessing. Makbie frequency
above whi ch the 3 s f conblne channe %%%% %} %%r fened to as
the "coupl i nf™ GOVEPhE Fﬁ%ﬁﬁ?ﬁ %@' % Bupl ed
channel s arenemab%nﬁdmsmmﬂsmxﬂﬁdﬂ@MwQQGMDm¢OOanS$meqnﬂamﬂéﬁa The encoder
generates ' cou inate 16 rs) for each
subband abové® fﬁg %b %FW°(P“m%d5%§§g%%ﬁggﬁﬁﬁﬁﬁ ﬁ ?g&ghé coupling.
coor di nat é8 infetinet@heAltchnetivedy, ite mifralith of aodib gianadls s Zpesaraypy of each coupl ed
channel subbangid,8r bR LRALGUn@LialdE GAEESROND Hlmlh BaRfnldhyt he
conposite channe om1t e coupling frequency, channels are “encoded
di scretely. Thepphdgecigobarity of a coupled channel's subband may be
reversed before the channel is conbined with one or nore ot her coupled
channel s in order to reduce out-of-phase S|gnal conmponent cancel | ati on.
The conposite channel along with si BAYRE BHF or mat i on t hat |ncludes on a

per - subband basi s, fhgcaQs ﬁml&aeaﬁﬁm&e&oaﬂ&isweﬂme% ghannel '
phase is inverted, are_sent to the decoder . %{actlce the cou Ilng

frequenci es éﬁ%@@?@ﬁmﬁﬁwéBHﬁEW@F%Fﬁ@ﬁ%%ﬁPﬁﬁhf? f q?ﬁ?@@?§m§V§F@ﬁlhave
ranged from ahout Dé@lﬁﬂﬂ&etma@%m&@&IlﬁﬁoWn&c Fatwvatfs Rapfis . 962;

?e?gfegﬁé tﬁ§7%%W%%hpﬁ %Bﬁgﬁﬂggfﬁﬁggﬁgﬁl %%WQEC|g%§8L§%5QIn%ilthat
channel and aelsvitioreSyyreay Cahaarhalinsugn?0bt. mat maAmcmndmels aﬂdﬂﬂﬁennyhet her ef rom
of an appr.ox i t.h _r;g; A hannel s. Rel evant prior
art methodd are dVng%pkﬁ‘ ' ”@éor & 090208 Al that describes
encodi ng of N input audio channels to a nonophonic audi o signal and a set
of spati al paraneﬁ? r - easure of
simlarity of wave %% EﬁghpQR?Pﬁﬁﬁgﬁiﬁﬁi% %ﬁ%ﬁﬁ&hﬁ%gﬁg y'|ﬁterchannel
| evel diff er esftesd &g the "ewiplieg’ @WV&W%@@PWWH@RCW%M@ ence and

I nter channel %@dﬂﬁ@@ﬁﬁ@a "&Jagm{maq;aﬁ &tgcﬁﬁﬂd OrSleid@d: olidradler i ved from
the N input au o) channel§ sunm n Taﬁgut audi o channels after a
phase cor mect%ﬂiﬁoﬁo‘é@@%@déﬁ\%@‘mﬁ%ﬂr ﬁ‘t’té‘fsbff"?é" R PUOPIERbEeieOBNEE. The

cor r espondi Ngrglesqdh 8en FRLAQITEH ShbRgeGorliRatkdthGcAOGH R b BYRIRRs] zes

replica of the N i'nput audi o channels fromthe nonophonic audio signal and
the spatial parameters. Disclosure of the Invention Aspects of the
present invention may be viewed as inprovenents upon the "coupling”

techni ques of the AC-3 encodi ng and decodi ng system and al so upon ot her
techniques in which nultiple channels of audio are conbined either to a
nonophoni gyconposite signal or to multiple channels of audio along wth
related auxiliary information and fromwhich multiple channels of audio
are reconstructed. Aspects of the present invention also may be viewed as
i nprovenent s upon techni ques for downm xing nmultiple audio channels to a
nonophoni ¢ audi o signal or to multiple :



-2a- audi o channels and for decorrelating multiple audi o channels derived
froma nonophoni ¢ audi o channel or frommultiple audi o channels. I n
accordance with an aspect of the present invention, there is provided a
met hod for decodi ng M encoded audi o channel s representing N audio
channel s, where Nis two or nore, and a set of one or nore spatial

paraneters, the nethod conpri.ging: . a) recejving sai audi o
channel EneéchPfgﬁ‘?thOE Mr%é?lf%ﬁgﬁﬂea P gi,he 85’19633‘?1}%%&%%%%&9% si gnal s
from saj.g,MaRcased] Hrannheoouphing Bbiudagthanthlvars egdialed discebialy debk i nto a
plurality of frequency bands, wherein each band conprises one or nore

spect r aphase pplanientfs camptbdohayed s sutiand meyrhsirevarssahedere dg ghaandignal from

the N audi.o sjgnals and t spati al, para i or nore,
at | easfoni')tﬂ’ée‘fo‘%ﬂb%e&’r Woﬁﬁfgﬁ ‘ilpé%g‘ih%&}% %@%@5%@%@% Eigeri ved froma
vei ght egy iR @nkbQhitidh. Blhe tRASIsitk VRardkl Songwithefieokied irduthioahiznnel s,

said set of spatial paraneters includes a first paraneter |§d| ct?altl ve of

t he anoinetudes, care parcobbaidlasts, iepeapling cogrdingfes gnd whsthes thi §nal and

t i ncl.udes .deri vi I i : i t
east oRtEe perapEarstR eIt e e ehol ATRRSLE B
| east opgeonhERiAteBhodingatd of he 3603 Fttendast raned dnowabe@itd0&dlbgnal in at
| east one channel of said nultichannel output signal % reafngloéﬁf i&one or
ones of alsal A5BREE BIS. paranied.5va J0Mnh e 98 b s (2ot paPP oty A6 02 138

tly i it ' ' : : : f th

Pﬁ\r/en%/i %ﬁ‘%ﬁ%@%ﬁ@?ﬁ%@e?ﬁ“%n"f"h:{b?’t”:"%%sufggtﬁ‘f‘lgf’ alé(lljlgicg codi ngos% gchni gue _
(where Ed\ﬁiﬂéﬁtetcha]ﬂw aiEauxdliagustisilechdin irdbmatinn aud the rebovddly sipatfrah ofiudi o

codi ng techni que (where "M, is the nynber of encoded audi o channels and
"N' is mwmmloaﬂo&@dmalanumlﬁaﬁ%lﬁs) that inprove on channel

coupling, byppy Q,\{‘h{jéﬂg&a?lith%&ho fronliHEocy t(W'gfejO?h?@ﬁ)E;

conpensat i on, decort on mechani sims, and si gnal - dependent vari abl e

ti me- copgtihnt descAbpeetodifig ot ppes andiol chaantisdan amaynaplemibeudiopl oyed in
N: x: N and I VI-x:N spatial_ audio codi techni ques wherein."x" may be 1 or
gr eat er sigpaland wpetiof spRdplprgamsters é’&‘ir]gﬁhin&? Br ITCRIFSEaef Fréqagw

TSP (SOGRAT PSSR Kl Sk Bl @l miekslae! phase
level difference and a selected one of interchannel time difference and interchannel
phase difference. The monophonic audio signal is derived from the N input audio
channels by summing the N input audio channels after a phase correction in

accordance with interchannel time difference. The corresponding decoding method
disclosed in this document synthesizes replica of the N input audio channels from

the monophonic audio signal and the spatial parameters.

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

multiple audio channels to a monophonic audio signal or to multiple



- 3 - dinensionality of the reproduced signal by restoring the phase
angl es and degrees of decorrelation in the decoder. Aspects of the

i nventi on when enbodied in practical enbodinments should allow for

conti nuous rather than on-demand channel coupling and | ower coupling
frequencies than, for exanple in the AC-3 system thereby reducing the
requi red data rate Description of the EXamﬁngs FIG 1 is an

i deal i zed m,sho ng t ct| ns or devices of an
N 1 encocﬁ“a‘@ fﬁ@%@ﬁ@%@ a@ @ el% QB RHGIDRIG on.
FIG 2 isy, ?:Bchﬁﬁ@i'drﬁ%gnﬁh %e&ﬂd"f‘&&l?dﬁhél@o"“ ng the pr| nci pal functions or

devi ces ol eco arr.a ects.of the present
fvention. | indectglct SR ke BE B en bR R R g R o

or gani zath&Rodfor Bedslid M @%b@ﬂﬁh@ﬂ%ﬁel@ réptedehiigaN)autiiceshagndy, axi s and

bl ocks and a frane along a (horizontal) tinme axis. The figure is not to
scal e. FIvdergNjig twgox mera, apd p setgfl oge gy Boreismrfishparmeterande matkad onal bl ock
di agram 13 i’ &%ng encodi ng steps or devices perform ng functions of an
encodi ng arrangénent enbodyi ng aspects of the present invention. FIG 5 is
in the nature ag)f re@eilriprsaitl M @wodeat dudinchahtiels indsd sdalodepatidl agr am show ng
decodi ng steps or devices performng functions of a decodi ng arrangenent
enbodyi ng asp@ef&G§ St he present invention. 20FIG 6 is an idealized bl ock

di agr am show aé}?mggN%u&aél 1{ ﬁbfn%lﬁi W entWHaCBamMls, Itekdisbad: X encodi ng

arrangenent e aspects“of the present Invention. IG 7 is an
i deal i zed bl ock mdagslg]mmdmdﬁg mtmelndmaﬂlql plAfrequemagt bands, varereleeaches of an
X: M decodi ng arrﬁﬂgenent enbod aﬁs of the present invention. FIG
8 is an idealize F@Eﬁ”ﬁ?%@?% %ﬁr FRMPIMCRS; functions or devices
of 25 a first .l é&l@fh%hg‘é%ﬁlﬂ%ﬁﬁgpghﬁﬁ AP RORNRON @M@ﬁ@mﬁﬁpems of
the present invention. I's an idealized block di agram show ng
the princi pal fuﬁ@ﬁp@n@pmﬁnaévﬁces of a second alternative x: M decoding

ar r angenent eandX ng aspects of the present invention. - 4 -

M is two or more,

at Ieast one of said N audio signals 1s a correlated signal derived from a
weighted combination of at least two of said M encoded audio channels,
said sct of spatial parameters includes a first parameter indicative of the
amount of an uncorrelated signal to mix with a correlated signal and

step ¢) includes deriving at least one uncorrelated signal from said at least
one correlated signal, and controlling the proportion of said at least one
correlated signal to said at least one uncorrelated signal in at least one
channel of said multichannel output signal in response to one or ones of
said spatial parameters, wherein said controlling is at least partly in

accordance with said first parameter.

Aspects of the invention may be employed in an N:1 :N spatial audio coding
technique (where "N" is the number of audio channels) or an M: 1 :N spatial audio
coding technique (where "M" is the number of encoded audio channels and "N" is the
number of decoded audio chamnels) that improve on channel coupling, by providing,



perforns as a basic encoder enbodying aspects of the invention. O her
functional or structural arrangenents that practice aspects of the
invention may be enployed, including alternative and/ or equival ent ,
functional or structural arrangenents described below. Two or nore audio
i nput channels are applied to thé"encoder. Although, in 5 principle,
aspects of the invention may be practiced by analog, digital or hybrid

anal og/ di gi t al di nents, | es di.scl.osed herein are digital
embod: merfHonE e ingh s PRSP AHG™ BEOFFAEOWErIPEE RAf rmmy have

been deriygd. éeﬁgeﬂaeﬁﬂ%h%e A OhsBhBNAkRets Ihﬁe %’eﬁ@%t ﬁ@éﬂﬁbﬁ%a oBe encoded as
| i near pul’se-code nodul ation (PCM signals. Each |inear audlo i nput
channel iesipboyed esNadN byd M N ispatiabadio dodmg téchmqars M@r@e\m"c@yﬁﬁ\ll atg both an
i n- phase and adrature such as a 512-poin ndowed forward

di screte W%@g% 88%%%@%#‘5%%W@5§%Wﬁm€mﬁ% tg Fouri er

Transf or %&&dé‘;;}acessBE}%djhbdntg%laﬁﬁem%uarﬁa phR B! RRhinfxig afdt | me-domain to
frequency-domai n transform 1 shows a first PCM channel input
(channel ithptovingshs spefthlt 0 a fllterbank 15 function or device, "Filterbank"
2, and a second PCM channel input (channel "n") applied, respectively, to
anot her” filterbank function or device, "Filterbank" 4. There nay be "n"

i nput channels, where "n" is a whole positive integer equal to two or
nore. Thus, there also are "n" Filterbanks, each receiving a unique one of
the "n" input channels. For sinplicity in presentation, FIG 1 shows only
two i nput channels, "1" and "n". 20Wen a Filterbank is inplemented by an
FFT, input tinme-domain signals are segnented into consecutive bl ocks and
are usually processed in overlapping blocks. The FFT' s discrete frequency
outputs (transformcoefficients) are referred to as bins, each having a
conplex value with real and inmaginary parts correspondi ng, respectively,
to in- phase and quadrature conponents. Contiguous transform bins may be
grouped into 25 subbands approximating critical bandw dths of the human
ear, and nost sidechain information produced by the encoder, as will be
descri bed, may be cal culated and transmtted on a per-subband basis in
order to minirni 7e processing resources and to reduce the bitrate.
Mul ti pl e successive tine-domain blocks may be grouped into franes, with

i ndi vi dual bl ock val ues averaged or otherw se conbi ned or accunul at ed
across each 30 franme, to mnimze the sidechain data rate. In exanples
descri bed herein, each filterbank is inplenmented by an RFT, conti guous
transform bins are grouped into subbands, bl ocks are grouped into frames
and sidechain data is sent on a once per-frame basis. - 5 -
Alternatively, sidechain data nay be sent on a nore than once per frane
basis (e.g., once per block). See, for exanple, FIG 3 and its
description, hereinafter. As is well known, there is a tradeoff between

t he frequency at which sidechain information is sent and the required
bitrate. 5A suitable practical inplenentation of aspects of the present

i nvention may



enploy fixed length franes of about 32 mlliseconds when a 48 kHz sanpling
rate is enployed, each frame having six blocks at intervals of about 5.3
mlliseconds each (enploying, for exanple, blocks having a duration of
about 10.6 mlliseconds with a 50% overl ap). However, neither such tim ngs
nor the enploynent of fixed |ength frames nor 10 their division into a

fi xed nunber of blocks is critical to gracticing aspects of the invention
provi ded that information described hérein as being sent on a per-frane
basi s i s gafa8isidialibPSHht FRRRED Yighildy Rkotihg theahiscdlhglds dnldsiegrmegsf Franes
may be of arbitrary size"and their size may vary dynamically. Variable

bl ock | edgeueclation indhedesodere Aspects pf thednygtion Khen smbedicddn pfastieal 1t i s

wi th that understandi hat r rence d d ' ) R . and
bl ocks. emboaiiciny HiasREhlas?bor oFpARElS fuhd R G-UERE enct ok AR

si gnal ( sjow&@cobipBng RERRALTES tHIB for Xamipletih ERan0S! systet) dhdrehy mddcid); #er et e

| ow-frequency channels, are encoded, as for exanple by a perceptual coder,
as descr rgspirefdpiawatei t i s convenient to enploy the sanme franme and bl ock
configuration as enployed in pesce . Moreover, if the 20
coder enpl oys variabl e bl ock 1;)%%6{2’ g’fzyfigpﬁé?'ﬂ?‘ﬁere is, fromtime to
time, a sw tclFlggl iy andediet bivek dizrghhowirghé fnéncipdl tfunaiond obdedesiafabl e
if one or nore of the sidechain information descr.i bed, herein i s updated

s

when suchl &b Eeeadingfrrangenes _:OdVﬁlg(ﬂsB@‘ftsP%&ﬁipFﬁsﬁ‘i‘%V?q‘i’é’ni ncrease in data

over head upongihe, undahligeobictk ShbPERIEEiRH AR ORE oPAEHEGRAICE Of
he ‘Updat e

such a switch, "the frequency reso Ion o si dechain 25
- i nf orgrat aqeN desodisg areshpes@dnt embodyingdsPects of thewsesant iaventiuine of a sinplified

concept ual organintion of bins apd subhands along a (vertical.) frequency
axi s and bl ockdGahshays e Wﬂ%?&fﬂ?ﬁeﬁ ?’igﬁé‘zﬁ'ﬁ”s‘? 2bins are

- divided | ' i ?tn?ea ﬁ?g&ta]
frequenc%ﬁgggﬁgggﬁg‘\l/égﬁ%)e& v?gﬁggglgﬁg&%leqdéé?%mo%% gr?l hedhﬁu er)of bi ns
per 30 stibfeaixés. i The faseismdtio saaby. easi ng frequency. Returning to
FIG 1, a freguency-doyain versian .qf. each of .t.he .n tioe-domain i nput
channel's, pro L@eﬁlwtﬂﬁw@&aﬁ aéwgﬁ dlove &B%b{q%}eﬂéﬁﬁa%‘ﬁwm

(Fil rbgggéﬁf il stepLor devibel PhorftiAg Pfiofd 6F AUHEBink A8ah t
("do]\t'/\%erri xed" gteg a ﬂzg%sﬁog-n(}ég&f%?m&ﬁ%") corrpo(s)i te audio s?gnal E%genan
addi ti veembodying agpettsrufitheopresmt diventien.” Addi tive Conbiner" 6. The

d i Xi b plied to th [ .b i dt f the i t 5
S o0t b3S BB oAl b SRR Bl o2
glr\cl)ggsscgrﬁaby% gg‘r)rgedl%%%l?&cﬂ b| e ‘gt m c%%e toaﬁéﬁgggg%%ci es. I%\ﬂtggch ‘
cases, taabodyvingetectswf theepresany syedktiati.scret el y bel ow t he coupling

f . Thj t i rab i f. ' ti.f

ot Hh | wsue, FIG ¢ Ha R BIoFk Sete sore b s o B toP e ar BV ePatini ng.
transf or 't"i‘f.xjc codthPatdddelfet eRBafing kpesty BOaRARedeht B eriRHON| ¥

proportional to frequency) tend to have a small nunber of transform bins
at | ow frequelitGebis(amridediizad hlock diagram shéwing desprincipal duertivay opdedresadt | y
coded with few.or fewer bjts, than is r e nd.a downm xed nono
audi o si %‘h%ﬁ\ﬂe?‘#‘%g ﬂ@%‘l‘?ﬁﬁ?ﬂ{ ﬂzflsl&? . %W.ea%\%g ue;ﬂg?str‘?gt%&eﬁ%hsi tion
frequency as kW @ h iléRized BRRK Fagrah @Rowiyg the piéivdpal tiifctionk b dbwbestdfe
frequency band of the audio ‘ ) . )

25  a first alternative x:M decoding arrangement embodying aspects of the present invention.

FIG. 9 is an idealized block diagram showing the principal functions or devices of
a second alternative x:M decoding arrangement embodying aspects of the present
invenﬁon. | | | _
" Best Mode for Carrying Out the Invention
30 ' Basic N:1 Encoder
Referting to FIG. 1, an N:1 encoder fimction or device embodying aspects of the

present invention is shown. The figure is an example of a function or structure that



15 signal s applied to the encoder, nmay be acceptable for sone
applications, particularly those in which a very low bitrate is inportant.
O her frequencies nay provi de a useful balance between bit savings and

| i stener acceptance. The choice of a particular coupling frequency is not
critical to the invention. The coupling frequency may be variable and, if
variable, it may depend, for exanple, _directly or indirectly on input
signal characteristics. 20Before downm xing, it is an aspect of the
present pevenisiasr basicienpsdarenibodyingaspesisof thmiayentiong | @ther fugatienal or

U onal  comBRE e B s R Bl RS b SRl dhaiing "o
| mpr oved, mRgiveARB/RE leé Vel ABlctioddNof stiRYurBearafGefBhts dbasibey beleat r ol | abl y

shifting over time thé "absolute angle" of sonme or all of the transform
bi ns i n ones ®wotonen®s aphiznimpirs: s arg appiied to g enepdem Althoyglf18r m bi ns

representi.ng ;audi o .abpye .a coupling fre ; Sy I ni .a frequency
band “of ?m%?lgﬁpeﬁi??%’@%g?ﬂﬁgﬁlq&?&’e r‘g“ﬁ#?@% 38%/@#’ %1&%1&?%1 g%{gcessary, in
every chanie/digital epkIRIiRBRLsCHRMiRbs disclessd derin @cidbfitd embodinentsal Thubut t he
ref erence channel. The "absolute angle of a bin my b%@t aken as fhe angle

of the nthgriinuigiguals daayoe Hmg semplss thal ey davebeesrdesiyes Qed

transform bi,n fproduced by a fi ?Qfa ' 15k 1 t he
absol ut es%?'i%?' e@wo&B Tg?%lp?/% Iﬁ%}c%%%f'g e %%%@%é%&n gér}ﬂ%t%dg rotation

f unct i ongigkialsl eMichdineaRPCM eudiodhyeit charRel ia peocéssgt &yt filtabarksfesctidreorout put
of - 7 - Filterbank 2 prior to.its gpplication to thg downm x Ssu tion
pr ovi0de aderjcedauing hoth an srphase and R A PP A‘ﬁ‘éﬁ 35 8. %P%g‘ Wl

out put of Fi |t er bank 4 or | kB ERRA b9 alifae; Blglich TmsfRmbI ner
6. It wifqnﬁ%\]g‘%%pregf)a g%ﬁ'%#gél%g%ﬁr sorj@ si gnal ?gonditions, no angl e

r ot at i on(HEAY). bEher fHlesbarddmbg beaopsidéred td tera timerdofmmimicbirenuoney-demeinme 5
period (the tine period of a franme, in exanples described herein). Bel ow
t he gouplral#P™* equency, the channel information may be encoded discretely

(not shown i Npfed G anlils ol frsPPURE LidnBel iffuti(BRRAYETeYApiIRAYH S MiRANAR! S° phase
angle alignnents wth respect to eac ther may be "acconplished by
shi fs8 ngfuinborpdrateicef “Bilteryank? anarddos sectidPCM chabbeliopiy(chdmoeliadht i ve of

it bsol ut.e.ph ] le, i h bl ock t.h hout . 10, band
of *i it or PGNP RSREITHD arclhst it Fpclioh PR etk bo At et Shase
si gnal Cl%r‘ﬂpriﬁéﬂt t%ﬁaﬂﬂclst e bR ﬁ%l@ﬁééiﬁ@&fh&gbﬁ?%uamwﬂﬁoﬂﬁ&ieb I®ms,

particularly i e resulting nono conposite sign is |listened to_in
i sol at i othereHisosare f'n” Filtedemilisadsich recsivimgi nyiqudengef the “pT input changelss For

ueh. ae FEEBSIRTERtReE Ige! Bl ePu R e AR A e Govnm x
proggss and 1 gﬁtﬂi@hﬁgg@g%iﬁxﬁh&%&%ﬁ%FFP,%%p@MxﬁE'-@oM&i@ﬁﬂ@ﬂ@' si gnal s

reconstituted err.” Techni ques for determ ning such angle
shifts adegméaisd hith ednireutive biikh andaknsuplkyprocessadde ovierleppingiblocksy Udhecy

snoot hi ng_and. t he nner in which the si l ocessi ng ,responds 1o the
presenc ’S%Sﬁ%&?@}ﬁ;@%%&f?&?ﬁﬂﬁ%%%{?ﬁ%wr f@'@gﬁg af)g’rnfbffaﬁ%d on a
per-bin%@ﬂ ' . inhdBSHARP pdtt doPREpSHIInd, 265pEE Ry, to in-
out - of - phas c%dr;;ncﬁelpfgtﬂl@%n 0 rﬁlgaggllg{gte bi ng, as de%cri%ged urt‘ﬁ}g %léll oW.
Al so as giasesidqadianmtehempeicnty, Gontpgposianstaimbins may hegraabedinte

f or med - subband _hasi in,the decoder) t : t.hat th
Eer 3y | GRbbHS SBOx DS 4 4o baRAI LR AL R SRR HotRER g1 e of
the COMMA}&%@@?Q@?&}% thE BB b AHrIPBANR6 b thad et bt @NRldy Zer

. function o 0 Analyzer")
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 rate. In examples described herein, each filterbank
is implemented by an FFT, contiguous transform bins are grouped into subbands, blocks

are grouped into frames and sidechain data is sent on a once per-frame basis.



25 associated with it for generating the sidechain information for that
channel and for controlling the anount or degree of angle rotation applied
to the channel before it is applied to the downm x summati on 6. The
Filterbank out puts of channels 1 and n are . applied to Audio Analyzer 12 -
and to Audi o Analyzer 14, respectively. Audio Analyzer 12 generates the

si dechain information for channel 1 ang the anount of phase angle 30
rotation for channel 1. Audio Anal yzer 14 generates the sidechain

i nf or mat Atterhtivelghddevbhindagithay be sent@md mofe thagbreerpet faimerbakiae.ghaneel n.

It will be _understoad that._ such references, herein.to "angle" refer to
phase anBF@Iock). ee, for exampind 16} d@af 4F dercrintphalicrerplics: Adds welliemamey

enerat e - i ' : ' : i tude
donl ¢ Fameis iR RRRL RS redngl B A Shai TRl 1€ ort an P

Decor r el equived bidatee Fact or (" Decorrelation SF'), a Transient Flag, and
optiqnally, an latgrpol ation El ag. .Such. si dechain information nmay be

cﬁar cter%/zedAa%nq“@ﬁg’ﬁc&Pald%Pg% %Qn'oﬁ%?(g%?ﬁ}ﬁpwﬁgﬂ%ﬁ“ﬁpnﬁﬁ%erties of
the changehy 3 WnghiDHLGES bY St 3@%@@@%&@-@@%@@@%%5 be 10

rel evant t pati al "processing, such as transients. In ea ase, the
- si dechai emplofed, wath frame ppling six Wockssit intlesvalaiflabowt 5 2 rgisecdnds egdie

s Ubbands TR RS or FRAmRLP P Tad MRy Bt EoonClo Saplipedlils kibh F6ne
exanpl eso\ifapy, | HeWeRS] ithePSudhRBRinEH BoPHe ChipBieRn® bf Axdd RAkhIWhGhorN 2

related coder. Further details of the various spatial paraneters are set
f or I8 beheindivisien inigladixed nnotber pHblotks is grifiasl o practieing laspasts ofithe t he encoder

may be t.aken. as th | arity-reverse | e t.rol Paraneter that. f.orns
oot ot ¥R ek Bah b oS b HRidin FERGAS sonl A B Fer-Homle aipif
that chapfsho 8y fré@ient]§ dhi hodhevirf 10 nfillieyds. Pramed|rh®f Hobf abitary 5By
require an Audi o Anal yzer that generates. onl é Anpl i tude Scal e Fact or

si dechaiandithgipsigamayvary dynasniggy. nCetéahie plpck iengths anayi-bergmployerdies igdhe e
Factor Acs system cited above. It is with that understanding that reference is made hereinto

15  “frames” and “blocks.”
 In practice, if the composite mono or multichanne! signal(s), or the composite

mono or multichannel signal(s) and discrete low-frequency channels, are encoded, as for
example by a perceptual coder, as described below, it is convenient fo employ the same *
frame and block configuration as employed in the perceptnal coder. Moreover, if the

20  coder employs variable block lengths such that there is, from time to time, a switching
from one block length to another, it would be desirable if one or more of the sidechain
information as describéd herein is updated When such- a block switch occurs. In order to
minimize the increase in data overhead upon the updating of sidechain information upon

| the occurrence of such a switch, the frequency resolution of the updade sidechain

25  information may be reduced. '

FIG. 3 shows an example of a simplified conceptual organizéﬁon 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 each channel’s respeétive Filterbank (Filterbanks 2 and 4



20 if that scale factor can be deduced wth sufficient accuracy by a
decoder fromthe Anplitude Scale Factors of the other, non-reference,
channels. It is possible to deduce in the decoder the approxi mate val ue of
the reference channel's Anplitude Scal e Factor if the energy normalization
~in the encoder. assures that the scale factors across channels within any
subband substantially sum square to 1, gas described bel ow. The deduced 25
approxi mat e reference channel Anplitude Scal e Factor val ue may have errors
as a r esin thisafxatnple) aed saiviruad tpgeihar §doguaritad?Hiviagnomiphaniel (‘oede™)scal e
factors resulting .in. i e shif.t.s in the reproduced .nmul.ti.-channel. .audio.
However , Sqmpostte G HEgar By &% BHIiFs BN LERHORAF PYEe sAMATN B B
acceptabfe than using the bits to send the reference channel's Anplitude
Scal e Factor. Nevertheless, in sonme cases it may be desirable to enploy an
30 audi 0 anal Veedowmnixinemeaypbeapplied totthe aetire finauengy handwidéh ofihelieput |
Ampli_tude Scal e .Fact oy, si.dechabi. inforpation. .- - . £l G ..1.shows in
Do aaal® b opinails Rty vl Biedlel B isciis Aevs p 8y RRIEEM 11 e
domai n i fplpenty ifdAGAH 4l AR Y fie dowrinkiRing PEIURSE mayl BéconidRute smfibleat used
by the Audio Anal yzer to detect a transient over-a tine period (the period

of a bl aoiddd toflpwifiequencies dnsuelpases, the shanpngls maydesppyeysddisaetghrhslowe a

transient i ndi.cator o J.esd 0ONe- bt - ELansi ok ol ks se to a
1 ansi ortpo Rl Rwbf il gy Redltb oA e bR BAERRATDC o8
of FI G uhbi aiidsté) s tedinmidiyw ieqtersoiubbands coltrubicd Gyencypiodg transforrh binshi ch
case the Audi o Anal yzer need not receive a tjne-dgnain i51 he nono

t..
conpBsi tistoogriticel-b e shbandsd sige gerghly RroppTionalde Msauensy gqllj’ld pRavefannel s
|1 . fﬁEE & . .
gggngm' ts@ﬁ%@%%k%ﬁ%@?g%%%ﬁsm t‘tg%gesgo a gg%%eg?%%‘pglreg%ée}g% rm%levi ce

(' Decodeniy be Siredilyrdoded withs tthe of tewerdsdts thandimssyuired tnsendra divaragedand
transm ssion, the various audio, signals and various si decgai n inf Of mat i on

may be raPRG Pidi signal veitipeidreain RN A CRYPENG P STSERRTEPEH I F0r ¢ he
st or age,, tor %5&}&”1660%&,%% SHADSFhS nefg%%e%qi@- The

mono conposit € audi o’y be applied to a data-rate ng encodi ng
pr otess signatheapiptied &bthe eadodes, mipbe exapible, fonsques aepicatiinsepartidaariythase a

ercept yal _encoder ,ang_an entro oder (.e.q.,. arithneti,c or f.man

Podor S 18 oriath HEGyien bitda N pnieint - Dl fealntic ey pratifs oL buiige,
h .90 _ - L ccin ] ) b “th
ransm 34 ﬁsggpgg%hgﬂgﬁ%ﬁdggﬂg%é@m chﬁcéaf%gaﬂﬁm&bmﬂ]ga ove e

nono conposi echain infornmation may be derived from
mul ti-pl drégneady is hanheritical tonhy ifventiend The cowpling ficiesncy moasebavarsablaamd, if

et T e L T

st og@d, 11 angsie{Gtlwimiging! #%s %Qsﬁ&%?ﬁe@&t%&ﬁ%f@ﬁﬁpﬁ@@%' s or may
be conbi ned or processed i'n sone manner other than as described herein.

Such di shamtels’ phasetdngledlizanmeatsvindavis haghmthe, imaydeaite vedvee dppiancellativna dat a

reduci ng .encogdi.n rocess. or device such as, for exanple, a per,ceptual

encoder %gP“%‘l‘_’ 'ﬂlagég’(g@%lt‘i?ﬁpoé‘ﬁ%@d@i‘e"atﬁa “EW”@%PF%W%BH%@ to prhwd 0,

WPOSi tﬁngwi)ganfdm éohﬁ,o éEﬁa‘i‘%@l. Mithis W&@@n@a BRYoAtrbiIdbEy SBRkALd tO
te a o)

an integr per cept encodi ng or pérceptual and entropy €ncodi ng-
pr ocess ower iiae e ‘absolute angh qfapmecylalirofestramsform hid inrores 9éthieai

informatjon s carried in,t encoder hitstreamis not .critical,.to the
i nveht | Ghanmeis. fgie#@aglez Arobihedemaiom BipS RIS P RE fggiopbove a cotipling
frequency, thus defining a frequency band of interest, may be controllably shifted over

time, as necessary, in every chanmel 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.
Coﬁtrollable shifting of the absolute angles of bins in a channel is performed by an angle
rotation fiunction or device (“Rotate Angle”). Rotaie Angle 8 processes the output of



30 carried in such as way that the bitstreara is conpatible with | egacy
decoders (Le., the bitstreamis backwards-conpatible). Many suitable
techni ques for doing so are known. For exanple, many encoders generate a
bi t stream havi ng unused or null bits that are - 10 - ignored by the
decoder. An exanple of such an arrangenent is set forth in United States
Patent 6,807,528 Bl of Truman et al, eptitled "Adding Data to a Conpressed
Data Frame," Cctober 19, 2004. Such bits may be replaced with the

si dechai Filtedbhok Xgsrio o itd/bppleatiex antht dowsmich summhtions prdwidediby Additiverat i on
may be steganographjcally encoded in the encoder..s bitstream, .
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( Dedodareripddfisdimye Repiod Pt fup et Blet SERTORA DERED, IS ERGHnbling.

figure iﬁ?@eﬁgé WPLEmAE iBfdriasbh ARy Yk ehbsdidtdiiceett Rahon@bhAAFIGS 1B basi ¢
decoder enbodying aspects of the invention., O her functional or structural

arrangement s Inhaingiplectn iowroegeant in e chinnels) phage asglealignments wtly jrspect

i ncluding alternative and/or.. Lval.ent funetio t

arr angeﬁgﬁ‘f‘@l _ ol Og SEeBplisned by Hify ?%Sggééeerd}%é’ﬁlg{%%‘%fo eﬁiﬁrr%o
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conplOsi thequanéobamidpfintesastl Abheonghdhisisubstaatiallyiavpists caneedation ob@Hf i pl exed,
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o der | VBRSBTS Reali pr PR Matinaf B Spa B Bl acrliafly B,
audi o chagghs nRPBRP¥ipRitd HEndlespaaidd\e iviehtioh. Thes,atididesitibiswoadmplayp! i ed
~to the Encoder of FIG" 1, subject to bitrate-reducing_techni qgues _of_ the

present thepentiplerofieast aeatmeat'dryi shifting theaabgolute anglest bing jp g« OREY

choose not tqg recover all:of th S fRRhd St oo to use
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to ke qpRSmARRPhEA gt B6ILEPRE ot nimiiciendeyignatsircbomstititbdby tepdevodér. a
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August  Sespt@dsto MieGrésentdbs fadsiamnal Application PCT/ U503/ 24570, filed
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a couplin equency, as nmentioned above. Many suitable active matrix
decader soienviet thdonelih Andichénalyier 14 gehardien the fidechaindnformatiomian x
decoders _known as_ "Pro Logig" and "Praq. Laqgic [|1", degcoder " Pr. ac" is
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Application S.N. 09/532,711 of Fosgate, entitled "Method for Deriving at
Least Three Audio Signals from Two I nput Audio Signals,” filed March 22,
2000 and published as WO 01/ 41504 on June 7, 2001, and in pending U.S.

Pat ent Application S.N 10/362,786 of Fosgate et al, entitled "Method for
Apparatus for Audio Matrix Decoding," filed February 25, 2003 and




10 channel s derived fromit are simlar to those of the channels at the

i nput of the encoder Alternatively, under certain signal conditions when
"random zed" angle variations are inposed, as next described, a
control |l abl e anbunt of "random zed" anplitude variations may al so be

i nposed on the anplitude of a recovered channel in order to inprove its
decorrelation with respect to other angs of the recovered channels. 15The
Rot at e Angl es apply phase rotations so that, under certain signa
conditions, tTe siddchhiminfopinatien &I@bdscmclf@ﬂ@meé@wa@mdmm fared from
the nono conposite signal are simlar to those of the channels at the

i nput ofcaeihehanpel ypay m erably, under certain signal conditions, a
control | abl e anouqﬁlégn qugkmeﬂgh@hggésgﬁ)ons is also |nposed on
the angle of a recover annel 1n order to inprove its decorrelation
with respect to ZOunAmgb(hmemlemmhﬂx;ecovered channel s.- As

di scussed further | ow, ."ra | i e -vari ati ons may

i ncl #de not only ﬁgé %Fﬂi#hé§i¥é%Fda§g?ﬁﬁ%%ﬁ?&%M?at|ons but al so
determ ni stically- ,@Hq@agq&matlons that have the effect of reducing
cross-correl ation betmeen channels. This is discussed further belowin the
~Comments to Step EQ@DQMhEMﬁhﬁﬁpdﬂﬁﬁﬂHQEptuaIIy the Adjust Anplitude and

- Rotate A t | h | | et DFT
coef f Fc.s@%iegldp T R e e S o il
The Adl gﬂi ; i cieAas shanpRldidilive BesigRN chahiedstals thaasdy by t he

recovere aln Anplitude Scal e Factor for the particul ar_channel or,
' n 106 celswanbto mhgopasmﬁ@@ astizansients. &a eavhrcase; Hin qlﬂ@hweée%meaon

- sidechain | i tud Fact or r

Arpl 1 1 LBPAEAP & RSt STvaga (BeP b e ey B S P G e R StaBh Pl B
Scal e Faghmich Aply fbealpﬁﬂ%ndmmefmﬁmpm@mﬁbe atdld drRepat mmeyas - 13
- to enhance decorrel ation of the recovered channe t he, Adj ust Anplitude

may al sdn the examplesidesatitipd helawmdainps e Wﬁ% aégé’k@“’lf%’@t%ﬁfﬂé?eérret er

derived fro h sidec ag},

parti cul8feA8F .e.&iﬂxﬁ‘ tﬁtgey@&%?fe 3‘33153% E%al A gﬁ’?@:‘ln? VEI Fmélgt he
par Cumran&mﬁﬁraqiaméﬂmlﬁﬁﬁehﬁ Mbsdérena;e@eﬂakmrmepomw-mcmt rol | ed
at least by the recovered sidechain Angle Control Paraneter (in which

case, tm%@m@lﬁmm@h@m@@ﬂ@ifﬂmﬁ daghpigdpfermaliony undo the angl e

rotation pro t lse r]@.?{ﬂe

decorrel atio %fe ngf%gi?ﬁ%&e %& thapcﬁa ?I%pr%‘%&%qéﬂ%aa% g be

cont r ol Iaqfitye¥r &, Rradanvel %&ﬁmueaﬁwmo Banlypetikat géﬁemtesdnlybmmhnie
recovered Si dechain 10 Decorrel ation Scale Factor for a Bﬂq&%écagﬁgr channel

and t he SeeleSaeior sidgehaie frfprmationn df Mot presssarp o fere ap Al AT . The

i SE e R bty GRUREF it skt BOARAR by Rt BNV T e

recover adnbRa&s S%@Fwﬂrﬁﬁ&heoﬁ%ﬁmﬁ-ré&reﬂcb,&haﬂmm dlt qumisibtaetorcbdmaane d
the decoder the approximate value of the reference channel’s Amplitude Scale Factor if

the energy normalization in the encoder assures that the scale factors across channels
within any éubband substantially sum square to 1, as described below. The deduced

25  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 shifis in
the reproduced multi-channel andio. 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.



Transient Flag for the channel by a controllable decorrelator function or
device 15 ("Controll able Decorrelator"). Referring to the exanpl e of
FIG 2, the recovered nono conposite audio is applied to a first channel
audi o recovery path 22, which derives the channel 1 audio, and to a second
channel audio recovery path 24, which derives the channel n audio. Audio
path 22 includes an Adjust Anmplitude 26, _a Rotate Angle 28, and, if a PCM
output is 20 desired, an inverse filterbank function or device ("Inverse
Filterbank') BUG. Sihovsinl /dashedllite gadptichdl inpotl tocech andiddhalgter Artph tHeude 32,
a Rotate_Angle 34, and, if a PCMoutput s desired, _an, inverse filterbank

f unct i onPEM HEgidomain jppk s thepugio Rip thge i (g pubmarbepsedly 1,
only two I f AU o b ey d ' {1a-bei ng
oo st oy PR ARaBi A 1 bt Stefiflycf b tdhe foriBl & Mgl 8 a pldeicHE 19

si dechai framnfiorthatxanpibodeddibed hesin) ahd tingdneratha randiert indieator (gd.,Uenaan
Ampl it ude, Scal e Factor,. an Angl e Control Parangter, Decor.re] atj on Scal e
rot o Bt FrBnGenfTaghiip Toanate B ot AR S deSrig belogtn

stated apguSe t68 8 1. Uha HRGIER 26y Rl defR e in Ihd RS fenE 8088Hn, inl NE
Amplitude Scal e Factor is applied to Adjust Amplitude 26. 1f" the optional

| nt er pol whicheasd theg Alie dplalyzetincedmobpiceye al tiche-domeimcppd0 i nt er pol at or or

i nt er pol at or nction ("Interpgolator” 7 be .enpl oyed.in der to

i nterpol ate t eﬂ?&Pé’O%tPﬁﬁﬁt%?‘?‘g‘éF%@@i% 18 _55':%9“{%r.%ﬂ,iwacr oss the
bins in gaghes (ANt ChashFI@RRHH the re?&%gcé aiha hidlberktdrBY, thRsmitRid, or

exanple, a linear interpolation of - t bi n”angl es bet ween t he
centdy s. stofed and kransrhiiteddo aTeeodingpweeds dridevisa<Iicoder).ePrlinstdrgio fieag

sel ects ether. or not interpol ation across frequen i.S | oyed, as is
Pl a1 neBORET ATHOPDLSH G oF HEER A3 CeBHP SR B s N B e AT DR AEIONS Fact or
are appl §i@&hkia idfdeRHOR MR NEmERHRxEE hid Pick3d irlth dhe BERRESSRdreBmBandon zed
Angl e Control Paranmeter in 5 response thereto. The state of the one-bit

Tr ansi ensuitgblgdosiblestarage wansrhissige orsiorags|aad Msgesissipn madienioz axpdia gihe

decorrel ation, as.is explaimned f her, be Co | Rar.anmeter,
S oh ronClimBSite itk BE dobitd A5t teal Fs CRESaE RIS or BRLART | ©
t he 15t espRhatfeF ¢ 16/ Bp&r¥iiualandoddl or Ronpatipted cAbEH e ahd Bk Etrogiar anet er
are summed together by an_additive conbi ner or conbi ni nglfunctlon 40 in

order t ocodenieigicarithmeiic onfidfman epdsr) (susmetimpesaeterssd do as pBlosgpssd cader) vel v,

Scal o Fabios/S Pk ol ahtion ol P b RRATh: (s A AR R B e
Fact or, lhﬂn@dﬂhéﬁdsﬂ@ ab@iocueideehtdd ddahRantdmngiesh Magbe deahéd RbmRadlapRi er .
The Anplitude Scal e Factor may be summed together with such a Random zed

Anpl i t udepgehpendinenlyiongudin fgguencies abevmbratain Brqeeni(hiengPHAECt i on (not
1% 90" Hequbind}) IR it cBleOtle Wk FeiRlibbelS i bodpBng ity 1R a8 | t U0

the multiple input channels may be stored, transmitted or stored and transmitted as

e~

discrete channels or may be combined or processed in some manner other than as
" described herein. 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
25  perceptnal encoder and an entropy encoder. The mono composite audio and the discrete
multichannel audio may all be applied fo an iﬁtegratéd 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 cntlcal 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 bitstream having unused or null bits that are



Simlarly, recovered sidechain information for the second channel, channel
n, may al so include an Anplitude Scal e Factor, an Angle Control Paraneter,
a Decorrelation Scale Factor, a Transient Flag, and, optionally, an

I nterpol ate Fl ag, as descri bed above in connection with the description of
a basic encoder. The Anplitude Scale Factor is 20 applied to Adjust
Anmplitude 32. A frequency interpalj@-or or interpolator function

("Interpolator”) 33 may be enployed in order to i_nte;fpol ate the Angle
Cont r ol igpetegrbttbe degodes At exagupde of suchean greangemanins setforth eUstted Stags t he

one- bi ty] i el.egt tRarn. ar i pt erpol aty -acr oss
frequen%@%tg%%ﬁg o{;#ﬁgn% !g'nagi %‘r‘i‘t%& ‘g‘gd‘é‘%d) %%Oo% @8&&??88%& g%{é] e Factor
are apphiag, tOctab&ory, 004 Bilch HReerdy bd Apbiced ithhbt sidesteiirgsmaatidn.

Random zed_ Angl e Control Paraneter in response thereto. As with channel 1;

the st abBother exeenie s thakthy sidgehain infprmgiopanay be stsgaographigallngneedsddn npdes

f i -el at L5 exphaj " Th
Angl o CanFpaeBEPeEs Ak Al e BB ac Dl R BraRt bV bR SrdBhel, Tare
sumed ttegetital schyratly Ao the baclowaids-eempatible bithiranny Aunethridquedthai n or der

to provide,a control signal for Rotate Angle 34. 30 Alternatively, as
descr i T Brdransmissionas staacs R ek mipraaton alengwith amaofsigee
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encoder or to use only the monophonic composite signal. Alternatively, channels in
addition to the ones applied to 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 Intemational 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
SN. 10/522,515, filed January 27, 2005.



20 representing a random zed phase angle to a paraneter representing the
basi ¢ phase angle), and if al so enployed, the ratio of random zed
anplitude shift versus basic anplitude shift (rather than adding a scale
factor representing a random zed anplitude to a scale factor representing
the basic anplitude) (i.e., a variable crossfacle in each case). If a
reference channel is enployed, as di stlssed above in connection with the
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to aspects of the invention, certain angle-adjusting techniques may be
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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):




30 domain and nultiply by the frequency domain version of the audio to be
processed (the audio need not be w ndowed). Table 1 Angl e-Adjusting
Decorrel ati on Techniques - 17 - Technique 1 Techni que 2 Techni que 3
Conpl ex inpul sive signals (transients) Type of Signal (typical exanple)
Spectrally static source Conplex continuous signals Effect on
Decorrel ati on conponents Decorrel ates-1pw frequency and steady-state

ST anal e ok s 551 D00 s 0T Ass: 5B 58PS S Ao LEIP S8R R, 198 LS At o
and WO 02/19768. |
"_Refer'ﬁng' again to. FIG. 2, the received mono composite audio channel is applied
to a plurality of signal paths from which a respective one of each of the reﬁovered
5  multiple audio channels is derived. Each channel-deriving path includes, in either order,
an amplitude adjusting function or device (“Adjust Amplitnde™) and an angle rotation
function or device (“Rota’fé Angle”).
The Adjust Amplitndes appiy gains or losses to the mono composite signal so that,
under certain signal conditions, the relative output magnitudes (or energies) of the output
- 10 channels derived from it are similar to those of the channels at the input of the encoder.
Altemativeiy; under certain signal conditions when “randomized” angle variations are
imposed, as next described, a controllable amount of “randomized™ amplitude variations
may also be imposed on the amplitnde of a recovered chamnel in order to improve its
decorrelation with respect to other ones of the recovered channels.

15 The Rotate Angles apply phase rotations so that, under certain signal conditions,
the relative ﬁhase angles of the output channels derived from the mono composite signal -
are similar to those of the channels at the input of the encoder. Preferably, under certain ’
signal conditions, a controllable amount of “randomized” angle variations is also imposed
on the angle of a recovered channel in order to improve its decorrelation with respect to

20  other ones of the recovered channels.
| As discnssed forther below, “randomized” angle amplitude variations may include
not only psendo-random and truly random variations, but also deterministically-generated
variations that have the effect of reducing cross-correlation between channels. This is
discussed further below in the Comments to Step 505 of FIG. 5A. '

25 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 controlled at least by the
recovered sidechain Ainplitude Scale Factor for the particular channel or, in the case of

30  the reference channel, either from the recovered sidechain Amplitude Scale Factor for the
reference channel or from an Amplitade Scale Factor deduced from the recovered
sidechain Amplitude Scale Factors of the other, non-reference, channels. Alternatively,



- ~channel Controlled by or Scal ed by Basi

I mpul si ve high frequency signal conponents Effect of transient present in

frame Operates with shortened tine constant Does not operate Operates Wat

is done Slowy shifts (frane-by-frane) bin angle in a channel Adds to the

angl e of Technique 1 a tine- invariant random zed angle on a bin-by-bin

basis in a channel Adds to the angle of Technique 1 a rapidly-changing

(bl ock by bl ock) random zed angl e on a@ubband- bysubband basis in a
‘phase angle is controlled by

‘Angl e Corth bfhanCa acRicPitiofBIUNE rRbvéed dRMneR e aliestiAmSRRNS thaf lafBHe! Y DY
Decorrel ation SF; same scaling across subband, scaling updated every frame

Amount - ofconbplirshyze B andrghized dnapliindeiSeale Fadtet TapameieDdadraddtam o SF;  sane
T R T e R L A
bins in eatbhain Transient Flag for the particular channel. :

5 The Rotate Angle for each channel may be controlled at least by the recovered
sidechain Angle Control Parameter (in which case, the Rotate Angle in the decoder may
substantially undo the angle rotation provided by the Rotate Angle in the encoder). To
enhance decorrelation of ;:he recovered channels, a Rotate Angle may also be controlled
by a Randomized Angle Control Parameter derived from the recovered sidechain

10  Decorrelation Scale Factor for a particular channel and the recovered sidechain Transient
Flag for the particular channel. The Randomized Angle Control Parameter for a channel,
and, if employed, the Randomized Amplitude Scale Factor for a channel, may be derived
from the recovered Decorreiation Scale Factor for the channel and the recovered
Transient Flag fﬁr the channel by a conirollable decorrelator function or device

15 (“Controllable Decorrelator™). '

Referring to the example of FIG. 2, the recovered mono composite audio is
applied to a first channel andio recovery path 22, which derives the channel 1 audio, and
1o a second channel andio recovery path 24, which derives the channel n andio. Audio
path 22 includes an Adjust Amplitude 26, a Rotate Angle 28, and, if a PCM output ig

20  desired, an inverse filterbank function or device (“Inverse Filterbank™) 30. Similarly,
audio path 24 includes an Adjust Amplitude 32, a Rotate Angle 34, and, if a PCM output
is desired, an inverse filterbank function or device (“Inverse Filterbank™) 36. As with the
case of FIG. 1, only two channels are shown for simplicity in presentation, it being |

‘understood that there may be more than two channels.

25 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 stated 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 is employed, an optional frequency

30 interpolator or interpolator fimction (“Interpolator™) 27 may be employed in order to
interpolate the Angle Conirol Parameter across frequency (e.g., across the bins in each

subband of a channel). Such interpolation may be, for example, a linear interpolation of



subband) Bin (different random zed shift value applied to each bin) Subb
and (sane random 7ed shift value applied to all bins in each subband;

di fferent random zed shift value applied to each subband in channel) Tine
Resol ution Franme (shift val ues updated every frame) , Random zed shift

val ues remain the sane and do not change Bl ock (random zed shift val ues
updat ed every bl ock) For signah; that are substantially static
spectrally, such as, for exanple, a pitch pipe note, a first technique
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10  control signal for Rotate Angle 28. Alternatively, the Controllable Decorrelator 38 may
also generate a Randomized Amplitude Scale Factor in response to the Transient Flag and
Decorrelation Scale Factor, in addition to generating a Randomized Angle Control
Parainetef. The Amplitude Scale Fact(;r may be summed together with such a
Randonﬁzed Amplitude Scale Factor by an additive combiner or combining function (ﬁot
15  shown) in order to provide the control signal for the Adjust Amplitude 26,
Similarly, recovered sidechain information for the second channel, channel n, may
also include an Amplitude Scale Factor, an Angle Control Parameter, a Decorrelation
Scale Factor, a Transient Flag, and, optionally, an Interpolate Flag, as described ébove in
connection with the description of a basic encoder. The Amplitude Scale Factor is
20 alip]ied to Adjust Amplitade 32. A frequency interpolator or interpolator function
(“Interpolator™) 33 may be employed in order to interpolate the Angle Control Parameter
across frequency. As with channel 1, the state of the one-bit Interpolation Flag selects
whether or not interpolation across frequency is employed. The Transient Flag and
Decorrelation Scale Factor are applied to a Controllable Decorrelator 42, that generates a -
25 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 Conirol Parameter and the
Randdmjzed Angle Contro! Parameter are summed together by an additive combiner or
combining function 44 in order to providé a control signal for Rotate Angle 34.
30  Alternatively, as described above in cormection with channel 1, the Controllable

Decorrelator 42 may also generate a Randomized Amplitude Scale Factor in résponse to

the Transient Flag and Decorrelation Scale Factor, in addition to generating a



sufficiently to decorrel ate high frequency signals. The second and third
techni ques 10 ("Techni que 2" and "Technique 3", respectively) add a
control |l abl e anobunt of random zed angle variations to the angle determ ned
by Technique 1 under certain signal conditions, thereby causing a
control |l abl e anobunt of random zed envel ope vari ations, which enhances
decorrel ati on. Random zed changes in phase angle are a desirable way to

cause random zed 15 changes in the envel opes of signal s. A_particular
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- channel may include only the Amplitude Scale Factor (or, alternatively, if the sidechain
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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

30 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



20 However, Technique 1, by itself is unsuitable for a transient signal
such as appl ause. For such signal conditions, the reproduced channels may
exhi bit an annoyi ng unstable conb-filter effect. In the case of appl ause,
essentially no decorrelation is provided by adjusting only the relative
anplitude of recovered channel s because all channels tend to have the sane
anplitude over the period of a frane._gbhTechnique 2 operates when a
transient is not present. Technirque 2 adds to the angle shift of Techni que
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fr egyenCfrontar convolution ar¢ somewhat reduced by complementary angle shifting in an

encoder and decoder. In addition, the effects of circular convolution may be tolerated in
low cost implen:‘lentationsk of aspects of the present invention, particularly those in which
the downmixing to mono or multiple channels occurs only in part of the audio frequency
band, such as, for example above 1500 Hz (in which case the audible effects of circular

25 convdlution 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 fo use zero padding is to transform the proposed frequency domain
variation (representing angle rétations and amplitude scaling) to the time domain, window
it (with an arbitrary window), pad it with zeros, then transform back to the frequency

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
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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

similar (subject to frequency and tithe granularity and to quantization) to the original

angle of the channel relative to the other channels at the input of the encoder. Phase angle

differences are useful, particularly, for providing decorrelation of low-frequency signal



Si dechain Information Value Range Represents (is "a nmeasure of')

Quanti zation Levels Primary Purpose Subband Angl e Control Paraneter

Snmoot hed | ime average in each subb and of 6 bit (64 |evels) Provides basic
angle rotation for 0 3+27r

-18 -
components below about 1500 Hz where the ear follows individual cycles of the andio
signal. Preferably, Technique 1 operates under all signal conditions to provide a basic
angle shift. . |
For high-frequency signal components above abont 1500 Hz, the ear does not

5 foﬂoﬁf individual cycles of sound but instead responds to waveform envelopes (on a
critical band basis). Hence, above about 1500 Iz decorrelation is better provided by
differences in signal eilvelopes rather than phase angle differences. Applying phase angle
shifts only in accordance with Téchﬂique 1 does not alter the e_nvelépes of signals |
sufficiently to decorrelate high ﬁ‘eqﬁency signals. The second and third techniques

10  (*Technique 2” and “Techmque 37, respectively) add a controllable amount of
randomized angle variations to the angle determined by Technique 1 under certain 31gna1
conditions, thereby causing a controllable amount of randomized envelope variations,
which enhances decorrelation. _

Randm:_niied changes in phase angle are a desirable way to cause randomiied

15  changes in the envelopes of signals. A particular énvelope results from the interaction of
a particular combination of amplitudes and phases of spectral components within a
subband. Although changing {he 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 bécauée the human ear is sensitive to variations in

20  specfral 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 componenis no longer line up the same way, so the reinforcements and
subtractions that define the envelope occur at different times, thereby changing the
envelope. Although the human ear has some envelope sensitivity, the ear is relatively

25 phasg deaf, so the overall sound quality remains substantially similar. Nevertheless, for

 some signal conditions, some randomization of the amplitudes of speciral components

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

30 Preferably, a controllable amount or degree of Technique 2 or Teclmique 3
operates a]on}; w1th 'fechf:rique 1 under ‘certain signal conditions. The Transient Flag
selects Technique 2 (no transient present in the frame or block, depending on whether the
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in

-19 -
Transient Flag is sent at the frame or block rate) or Technique 3 (transient present in the
frame or blo ck) Thus, there are multiple modes of operation, depending on whether or
" not a transient is present. Alternatively, in addition, under certain signal conditions, a
controllable amount or degree of amplitude randomization also aperates along with the
5 ami:limde scaling that seeks to restore the original channel amplitude.

Technique 2 is suitable for complex continuous signals that are rich in harmonics,
such as massed orchestral violins. Technique 3 is suitable for complex impulsive or
transient signals, such as applause, castanets, etc. (Technique 2 time smears claps in
applause, making it unsuitable for such signals). As explainéd further below, in order to

10  minimize audible artifacts, Technique 2 and Technique 3 have different time and
frequency resolutions for applying randomized angle variations — Technique 2 is
selected when a transient is not present, whereas Technique 3 is selected when a transient
is present. |

Technique 1 slowly shifts (frame by frame) the bin angle in a channel. The

15 amount or degree of this basic shift is controlled by the Angle Control Parameter (uo shift -
if the parameter is zero). As explained further below, cither the same or an interpolated
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 fransient signal such as applause. For
such signal conditions, the reproduced channels may exhibit an annoying unstable comb-
filter effect. In the case of applaose, essentially no decorrelation is provided by adjusting
only the relative amplitude of recovered channels because all channels tend to have the
same amplitode over the period of a frame. |

25 Technique 2 operates when a transient is not present. Technique 2 adds to the
angle shifi 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 orr 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 transient
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reference channel each bin in channel Subbang Deco?rgl gt:(r;nsggg?ngg];t gr
0 31 The Subband Decorrel ation Scale Factor is high only if both the
Spectral - Steadi ness Factor and the Interchannel Angle Consistency Factor
are l.ow, Spectral- steadiness of signal characteristics over tine in a
subband of a channel (the Spectral - StZedi ness 'Factor) and t he consi stency

in the sane subband of a channel of bin a spect to

gg ;1 ; Ie: ltoggrtcflmﬁglgm?rwhﬁﬁs aftercfaferagiio a8 h‘alf?rfé%ls‘%‘h@‘e Ipﬁ?t ‘fﬁﬁ%ﬁ‘e%& 1
magked%cy e };ra%mgx'ltg (I‘ge al?l}{)'ﬁlllt%l‘ degree of additional shift provided by
Technique 2 is scaled directly by the Decorrelation Scale Factor (there is no additional
shift if the scale factor is zero). Ideally, the amount of randomized phase angle added to

5 the base angle shift (of Technique 1) according to Technique 2 is controlled by the
Decorrelation Scale Factor in a manner that minimizes andible gignal warbling artifacts.
Such minimization of signal warbling a'rtifacts resuits from the manner in which the
Decorrelation Scale Factor is derived and the application of appropriate time smoothing,
as described below. Alihough a different additional randomized angle shift value is
10 applied to each bin and that shift value does not change, the same scaling is applied

across a subband and the scaling is updated every frame.

Technique 3 operates in the presence of a transient in the frame or block
depending on the rate at which the Transient Flag is sent. It shifts all the bins in each
subband in a channel from block to block with a unique randomized angle value, common

15  to all bins in the subband, causing not only the envelopes, but also the amplitudes and
phases, of the signals in a channel to change with respect to other channels from block to
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 aﬁglc randomizing, from very fine (all bins different ina channel) in
Technique 2 to coarse (all bins within a subband the same, but each subband different) in
Technique 3 is particularly vseful in minimizing “pre-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 a listener, phase differences:

25  may cause amphmde changes (comb-filter effects) that may be andible and objectionable,
and these are broken up by Technique 3. The impulsive charactexistics of the signal
minimize block-rate artifacts that might otherwise occur. Thus, Techmque 3 adds to the
phase shift of Technique 1 a rapidly changing (block—by-block) randomized angle shift
.on a subband-by-subband basis in a channel. The amount or degree of additional shifi 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 npdated every frame.



Scal es random 7ed angle shifts added to basic angle rotation, and, if

enpl oyed, al so scal es randorni 7ed Anplitude Scal e Factor added to basic
Amplitude Scal e Factor, and, optionally, scales degree of reverberation
Subband Anplitude Scal e Factor Oth 31 (whole integer) O is highest
~anplitude 31 is |owest anplitude Energy or anplitude in subband of a
channel with respect to energy or anpl&iude for sanme subb and across al
channels 5 bit (32 |evels) C?anularity $ 1.5 dB, so the range is 31*1.5 =

1 P AU BRIttt 8 s 1
techmques this is a matter of semnantics and they may also ge characterized as two
techniques: (1)a combination of Technique 1 and a variable degree of Technique 2,
- which may be zero,. and (2) a combination of Technique 1 and a variable degree
5  Technique 3, which may be zero. For convenience in presentation, the techniques are
treated as being three techniques. | \
Aspects of the multiple mode decorrelation techniques and modifications of them
may be employed m providing decorrelation of audio signals derived, as by upmixing,
from one or more audio channels even when such audio channels are not derived from an
10  encoder according to aspects of the present invention. Such arrangements, when applied |
to 2 mono audio channel, ‘are sometimes refexred to as “pseudo—stereo” devices and
functions. Any suitable device or function (an “upmixer”) may be employed to derive
multiple signals from a mono audio channel or from muliiple audio channels. Once such
multlple audio channels are derived by an upmixer, one or more of them may be
15  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 channe] to which the decorrelation techniques are applied may be swiiched
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. 7 '
' Sidechain Information
As mentioned above, the sidechain information may include: an Amplitude Scale
Factor, an Angle Control Parameter, a Decorrelation Scale Factor, a Transjent Flag, and,,
25  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>+2xn | Smoothed time | 6 bit (64 levels) | Provides
Controf average in each basic angle
Parameter subband of rotation for




Represents (is "a neasure of') Quantization Levels Primary Purpose
Transient Flag 1, O Presence of a 1 bit (2 levels) Determ nes

(True/ Fal se) transient in the which
-22-
Sidechain Represents Quantization Primary
Information Value Range | (is “a measure Levels Purpose
Of,) .
difference each bin in
beiween angle of channel
each bin in
subband for a
channel and that
of the
corresponding bin
in subband of a
reference channel
Subband 0 -=>1 Spectral- 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 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 channel of bin basic
angles with Anoplitnde
respect to Scale Factor,
corresponding and,
bins of a optionally,
reference channel scales degree
(the Interchannel of
Angle reverberation
Consistency
Factor)
Subband 0to 31 (whole | Energyor 5 bit (32 levels) | Scales
Amplitnde integer) amplitude in Granularity is amplitude of
Scale Factor 0 is highest subband of a 1.5 dB, so the binsin a
' amplitude channel] with range is 31%1.5 = | subband in a
31 is lowest respect to energy | 46.5 dB plus channel
amplitnde or amplitude for | final value = off.
same subband
across all
channels
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random red angle shifts, or
enpl oyed Interpolation 1,0 A spectral
Flag (True/ Fal se) near a subband

in the

techni que for

arbitrary) block adding
both angle shifts and anplitude shifts, is
peak 1 bit (2 levels) Determ nes
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Sidechain ' 7 Represents Quantization Primary
| Information Value Range (is “a measure Levels Purpose
: ' of”)
Transient Flag | 1,0 | 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
amplitnde
shifis, is
, | employed
Intespolation 1,0 A spectral peak 1 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 across
progression frequency

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
5  (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
i‘esolutions, ranges and levels may é.mployed in practicing aspects of the invéntion; For
- 10 exariple, the Transient Flag and/or the Interpolation Flag, if employed, may be updated
once per block with only a minimal increase in sidechain data overhead. In the casé of
the Transient Flag, doing so has the advantage that the switching 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 a 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



If the basic (polarity is boundary or angle arbitrary) phase angles
within a channel have a |inear progression rotation is interpolated
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channel applies to a single subband (except for the Transient Flag and the
I nterpol ati on Fl ag, each of which apply to all subbands in a channel) and
may be updated once per frame. Althoughgthe tinme resolution 5 (once per
-frame), frequency resol ution (subband), val ue ranges and quantization
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I n addi ti'on, as nentioned above, sidechain_information may be updated upon
the occueneaderales applissGorndewnize phse angleishifety e geroded BlODOGPIPOHE not ed

that Techni U, frerfIGRd hiFH ARRABA b36%) 1T BrnERRbfisk is RS ALb&ERy B send
sidechain information having bili or block granularity even though thé decorrelation
10 techniques employ such granularity. The decoder may employ, for example, one or more
lookup tables of randomized bin phase angles. The obtaining of time and/or frequency
resolutions for decorrelation greater than the sidechain information rates is among the
aspects of the present invention. Thus, decorrelation by way of randomized phases is
performed either with a fine frequency resolution (bin-by-bin) that does not change with
15 tiﬁ:le CI‘échnique 2), or with a coarse frequency resolution (band-by-band) ((or a fine
frequency resolution (bin-by-bin) when frequency interpolation is employed, as described
further below)) and a fine time resolution (block rate) (Technique 3).
It will also be appreciated that as increasing degrees of randomized phase shifis
are added to the phase angle of a recovered channel, the absolute phase angle of the
20  recovered channel differs more and more from the original absoluie phase angle of that
channel. An aspect of the present invention is the appreciation that the resulting absolute
phase angle of the recovered channel need not match that of the original channel when
signal conditions are such that the randomized phase shifts are added in accordance with
aspects of the present invention. For example, in extreme cases when the Decorrelation
25 Scale f‘actor cavses tlie Ii;ghest degree of randomized phase shifl, the phase shift caused
by Technique 2 or Technique 3 overwhelms the basic phase shift caused 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 canses the addition of some degree of randomized phase shifis.
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 Amplitnde Scale Factor Parameter derived from the recovered sidechain
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present ifineettandhe fikoe ratearpiey thebleckimtenSwchesspplammnishizabianb delettat i on 25

Scal Fact t he hi t d f dom hift,.th
Scal o Foclal causEs, Lhe N ool e copa Ao e AR ST b e
phase shig affé'déﬁ@% ?g tﬂ?&%??%d%ucﬁ'ﬁ&?&ﬁ&?ﬂnﬁﬁﬁmﬁbﬁ '.issthlﬁﬁ s@f td@ckoncern in

that a raritiom ze se s t I's audibly the same as the different random
phases i rCdntellableddevatremiar(as 38, H2tof§iIGe2).i Ekent upaen theceneiplofiniToansBod| e

Fact t hat ‘th ddj tj f d f i zed .ph hifts.
50° a30 e Al R4S shaws, the hankolade DREFRGE STt S SR Gy ea 1 |
addi ti on Te%hﬁgﬁ?g?péﬁg%&gg%?ﬂ&m&ﬁ&r’ﬁ%ﬂ% SBh&letddfien Aiishtfon ARl tde may

al so be contr ndom zed Anplitude Scal e Factor Paraneter
derived fstubstatia imprvemesidintemdpatabrasohutioR & possible without increasing the

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

=D

‘each input channel prior to their downmixing, whereas, detection in the decoder is done
25  after downmixing).
As au 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 resoluﬁonlfor 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



Decorrel ati on Scale Factor for a particular channel and the recovered
sidechain Transient Flag for the particular channel. Such random zed
anplitude shifts may operate in two nodes in a manner anal ogous to the
application of random zed phase shifts. For exanple, in the absence of a
transient, a random zed anplitude shift that does not change with tine 5
may be added on a bin-by-bin basis (different frombin to bin), and, in
the presence of a transient (in the frame or block), a random zed
anpl i t udg $Qﬁ€ftoﬂsﬂé‘éve@ hanges Die fildidekiin ifbooiiosasiebe sint ferasgh from -

o1 D bi nesibhead sk el bIaskt TR Hne DS ks AR veles e
amount or dggge% %%%E%‘%M&‘P%%gca R jchiBIB o Binblifudarad adgledandatic be

control 1708Y correlation Factor, it is believed that a
par t i cul @i saatt &rafuls fiom talpuevistssbllodc.cHuis ceshlis in warplaw defe raisifer sigifan t he

correspondi ng random zed phase ift result.in r.o : ~f{-aCt Or
val ué i reigralesuelasypiteh 2ing pgﬁee%hgg Pilqra@i’%‘*‘.ml&ﬁ%ﬁ‘ h%%%%ﬁé@ﬁf %g?fg"ge‘{ggm i es
to a frams, [t Wi, lsoMpirGhch feup bafise differéitad valaksens

Techni qu‘é v, or?itchn’l%ﬁ?gﬁgy ‘ge enhanced by providing a:15 suppl enental
transi endxbateahey bé sent fisstodeing dor ¢xamplel 8ibitsohpn diffegntial YRGS

resolution finer than'the frane rate ef. : () Glorst- '
suppl enediantized o, reﬁwmageeéé? TR Y de esc% E%éetn%é(%@?gsnﬁlg o?ra§trgnsi ent
in the ng%g Rl HitG PRAB RS abs M P RBtdr of ausli Purtlioy natuctiacmiay dd objaindddydecoder
and such I i

etection information is then sent. to each ntr abl
Decdir el amitting #s: stdchain glatafoca refpremps ghy Wﬁé@ggg% gdoéo%t%g%g{ ent

20 Flag for its channel, the Co . CAL T Sideches from

Techni qu“éha?nf’]é)’?% Wﬁ%a@vﬁp%@%%#gﬁ%g?’mﬁﬁgé’gg%ﬁq s | og:cal transi ent

detectio Rlﬂeﬂﬁli@ﬁg P adtiisn, deffereheilantinglaciospfroywemay mayrbetcsmloyes by

resolution 1's possible w thout increasing.the sidechain bitrate, albeit

with decsaﬂkgjfmamle,éifﬁﬁlmmW‘@%%‘%ﬂi@?‘%@@@&% transients in each

i nput channel V@l{i or t hei.r. dowam xi.ng. a5 v- el Esdst st rhéret he decoder
e el g rorR AR 1B on U IRAEE Dy

is done 25 af t'Et® anaternti\_/&htng’ﬂsoigqin si dechai n
i nf ofzat j ajt i A Fe- kAl ke iRerpahitssidahdaciahicn atnof ockA i rape.
updgltSreTg ev@ry ngock,_ at least for highly 'c}gﬁ%m-c Si E%MAS pEnGiened
above, upitear mferpbletian averitane mRYy b oY m?ﬂné’fg ﬂ“ﬁE% every

bl ock results.in only Aes Icl ieR&;ease in sidechain data overhead. In
order t oAHLELFIUELRY> 3 dRelof case in tenmporal resolution for other

si dechai n i nf @H@%mmeﬂlﬁm&tmhﬁfaﬁﬁdmldfyhd preseshgivegtiothempiogechai n dat a
rate, a block-floating-point differentjal codi ng)ﬁg%‘rsﬁauggerrent be used.

For exanptoeessimgnatepsaridewices this raplemsPbibg LespesHvg pleps av - in

roups of. si.x er rame, T Ul a8 b K Aedch bigtegent for
Sac Osgbga%%PEﬁjé’rﬁ?lﬂ%{??‘Fﬁ%s?tHﬁ%‘{L Bpe ?‘E%itlﬁbed’% e Sabeguent bi ocks,
23”'92“%%’@{(&%%?‘?@“(1(; z;nd atggl e utd t eaIfhH:iﬂ:\(/mlme)lr;;.‘!tS val ues_fir gtllilg
pr evi ousthid ardex of the belpwdigtedstens, § W@%W :ffogarﬂazﬁ.éaqplgpleg{ L 1[sglk%l%'al S,

ch as a pitc i note. FEor r e Ly Ea&drRin fleof
i 1 er ongen apuinflig Gk palfed R RS, Guine MGk Suoudt Mheakitin fand

di f f er enEE ut Ss precision. So, for each group

of five gid iRt cifibiibios. ®or exmoplentuitithrdadodeannpitor sivare mstructiasy
exanpl e, Its, then differential values are quanti zed t‘% for_ex | e

2- bi 25 acsequanyes iy be anpliygd se that CedliB aIIERES é@@@%&?‘s -%"gé%P%r_ thai n
data rats by oboul ya ctor ol Lup  EULOREERIYRLG0R IR pcREramal ned by

b
10 om ttipﬂif for erence channel (Since it can be
derived oMyl FuRlidgs, HEFIRsDevices havisg Asstionsddvianctional injertdatingships
exanple, arithnetic coding. Alternatively or in addition, differenti al
codi ng aasdszribeébeminafterray be enpl oyed by sending, for exanple,
di fferences in subb and angle or arrpIEinEM;lﬁg

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 channet (in the manner of the example of FIG. 1, described



Whet her sidechain information is sent on a franme-by-franme basis or nore 15

frequently, it may be useful to interpolate sidechain val ues across the

bl ocks in a frame. Linear interpolation over tinme may be enployed in the

manner of the linear interpolation across frequency, as described bel ow

One suitable inplenentation of aspects of the present invention enploys

processi ng steps or devices that inplggﬁpt the respective processing steps

~ and are 20 functionally related as next’ set forth. Al though the encoding

© and dec Ogﬂ,&%%,%}?cpﬁmhﬁﬁ& 8HaRe ey RRGHarBRr 6BihE iegsmPlatof I Ge o dRsdritied

software 1 nstruction sequences operating in the order of the below |isted

steps, i belwiv).| Bydoingker, sidodunin irdermudgionvaaydn seat fixst 1 2 decodas allewingdle pe

uant 1 dsdpSTee toringnui ity SR o R Pl SRR dRBl S "
conput er ;50h LWBFatidds IStefd 60 c2boERg PRIRES “Bmpding staslomeayibe deschibed ser t ai n
sequences of .steps are carried out in fpar allel. Al teénatl t he

i ) V.e]!tly,.
descri befblkwep Vitayespecti tersneoring eps sefarenreis madede Flidr 4.ovhirh do s cr i bed

functions, the. vari -devi ce Vi NGy +f 4 ' I 4
interrel H?‘FE?rf?ﬁi %@rﬁﬁ%‘g?ﬁ @gﬁﬁ%t}ogglnlﬁlwé%&? £ Enégg}%r?géqgg{lehgig’n@%er or
encodi Nggf HCdicOMngRikpS Tt G chanidl ABRpS 420 kch4DI aysfdy o sibbbihe nlipler i ves
sidechain i nformatron and downm xes the frame's _audi o channels to single

nonophonikanels il asetimpbingd implovide® COHBORRHTRERO S1ET FrEm G 1,
described - 27 - QVe).. Or Lt i | Rdclioh Rt HE eXmARer of
the exa %Wtoﬁr&%%g,m‘%)lgg%ﬁh%%nﬁg%g%)c‘.ﬁb%yyg%}g}”ﬁg%go, siodechai ne _

i nf ofgrat hppigrey be sent first to a decoder, allow ng the decoder to begin
decodi ng i medi ately upon receipt of the nono or multiple channel audio

i nformation. StapylefDefacteREBBIeRE process ("encoding steps") may be

descri bed as 5. C]‘%F%Olg]%v%ﬂfsxgnttHe{ﬁ&e@gthéﬁﬁ%&ﬂggﬁoﬁ r,auaﬁ)f,gfaﬁﬁg}g i's made

to FIG 4, whit € nature of t and functional

bl ock di agr am,, J@raathiBrems#hoFiaf Tee if astmuisnids poctenign stg block of a drame
channel . Steps 420 and 421 apply to all of the multiple channels that are
conmbi nedfardhpelowingdle a conposite nmono signal output or are matrixed

PR, Lo PR SRS, = Sene e Dl ot o
The Transient Flag forms a portion of the sidechain information and is also used
in Step 411, as described below. Transient resolution finer than block rate in the decoder
may improve decoder performance. Although, as discussed above, 2 block-rate rather
than a frame-rate Transient Flag may form a portion of the sidechain information with a
20  modest increase in bitrate, a sinﬁlar 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 fhe manner similar to that employed in an AC-3 encoder
for controlling the decision of when to switch between long and short length audio
blocks, but vﬁth a higher sensitivity and with the Transient Flag True for any frame in
which the Transient Flag for a block is True (an AC-3 encoder detects transientsona
block basis). In particular, see Section 8.2.2 of the above-cited A/52A 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



a. Performtransient detection of the PCMvalues in an input audio
channel. b. Set a one-bit Transient Flag True if a transient is present in
any block of a frame for the channel. 15Comments regarding Step 401:

The Transient Flag forns a portion of the sidechain information and is

al so used in Step 411, as described below. Transient resolution finer than
block rate in the decoder may inprege decoder perfornmance. Although, as

di scussed above, a block-rate rather . than a franme-rate Transi ent Flag

may f or elawps coiretiedfo indieats ithins thedliow pass Gilteris a easoatledbiquaddingsti &t Hncr ease
in bitrate..a simlar,resylt,. albeit.wt reased spat. al curacy, may
be acco%ﬁ%ﬁé’?ﬂjﬁ %%U{D“Pﬁc?%’é’%ﬁau@ﬁgeg%g%ﬁgpﬁ%?%getc Oﬂﬁ'zﬁgf’v@%ti ng the
occur r epgRe@fin fHeaRsli@ M /52 uacmﬁ@ntm@h&(gmeﬁlﬂoecﬁﬁm,ad se'h@i‘fi@it}/ esbtdrbft he
decoder. There is one transient f ag%ger channel per tranme, which,

because0i2thas eerefqund to bea sinbld yaduelsrapracticabombedimany obgspestesithe al |
subbands_wi thin that channel. The transient 25 detection may be perforned
in the RERRZYIYPHEOL, +o ¢ hat enpl oyed in an AC-3 encoder for controlling

the deci si on AQfernifiQBLyt #sifitiial andleh WRA LA RethBiile YoQiibel @NTULS gt 0 bl ocks,
but with a higher sensitivity and with the_ Transi ent Flg%True for any

frame i H3AMi4ZR mayebereraployedhilhe|' Ay pasentgleptrier aspectsraiéhq AR 2Aci@ugibdder
detects tran%igept%gon a %I a{gk. basis). In particular, see Section 8.2.2 of
the abol8aFHEF IR IS FAED tﬁ{l The 30 sensitivity of the transient

det ecti on deagmhhbber Alferiot,teimsBn@ RayiByddetidiamaeseshenyy dctdhingathcr
sensitivity factor F to an equation set forth therein. Section 8.2.2 of

t he Alsthandetetine dpmaidsed beGomarnyto wap0Shdn dagi sase, ViepydOd aasobe added

(Sectio ! henr - .= j -2 0 kpdicate that
t he | ow&g)litges%} a%}d@ea}t%ﬁjgﬁgé’%% & (laoﬁ'eﬁiuéua?rﬁgiﬂs %c}t &cﬁ%@ﬁ%&ﬁ%chf}?q F‘ﬁ%ﬁ r at her
than "form | St@s«m WhgdeowddEsDET.A/ 52A docunent; Section 8.2.2 was
correct in the earlier A/52 docunent). Although it is not critical, a

sensitivity Mutply oyerlepping,bleckei P iHac sguplgs By 8 Gimeawmdovandeopyery
. O ' : o
B for naithe BT SOIBRR AeRRGHE i a T MERHABIMBET

Pat ent 5, 394Séep40R L onsetrGhapha Vilhes tél MagnitudietandeSnglebes aspects of the
Al 52A docunent transient detg&or, in greater detail. anot her

al ter nat i ve, COP¥STEeAAIERIRENCIHEOTHRIRSOPBYCY FansHEm biB Yol &3 *ddaen rat her

than in 1] I : t EPm .-t hat case, Step
401 may %@gﬁdﬁgﬁ%ﬁ%%ﬁ&gﬁ?‘gﬁﬁgﬁ e s%%rgdea I oye%ﬁ?#a%lhlghf requency
domai n” as deschMapeitubereguast epot4@2+ B ndow and DFT.

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® + b7

Step 404. Caiculate Subband Energy.

a. Calculate the subband energy per block by adding bin energy values within
each subband (a summation 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).

¢. 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:



Mul tiply overlapping bl ocks of PCMtine sanples by a tinme w ndow and
convert themto conplex frequency values via a DFT as inplenented by an
FFT. Step 403. Convert Conplex Val ues to Magnitude and Angl e. Convert
each frequency-domain conplex transformbin value (a -7b) to a magnitude
and angl e representati on using standard conpl ex mani pul ati ons: a.

Magni tude = square root (a2 + b2)_dg9_Angle = arctan (b / a) Comments
regardi ng Step 403: Sonme of the follow ng Steps use or nmay use, as an
al t er nat i ve, Tmieesnepething tofjprevidé mterefemamadoatbingtin lews drequensy sitbbeds swyar ed

Le., = b2)..,S 404.. | I . Sub d.E .
Cat cul abg oretel Bl Si0srie Sl 35T aing Bstg i RO STe TS Rt ¢ i
each sUBH@NMAritR (SHATBE LQFURGPPS éﬁ@gf@@ﬁcmy-demeasmgﬁnfé@muﬁﬁ%ﬁbhﬁméubband

energy per franme by averagi ng of accunulating the energy in all the bl ocks
in a fravestfequevey agibagd caewupassingiaod abeyobs coupling frequency(whete thie

i f f the . d j | t 1000 Hz Ly 1
subband PPARBATOEY b Sen e seh dndrorehBrdin foL sy BRI SRS ¢ hat
oper at efe@im@bhoSHipadTHet hahexwubdhid, buf Baudibly arishchlieiey hliidiboupl i ng
frequency. Comrents re%ar ding Step 404c: - 29 Time snoothing to

provi destitablertime eons the lyveshirequeney mﬁubbéﬂ&wélméhw;bb%d ffeful . In

ubband BEE RS bbb L Gulls AP b Dok e SOTEOTHINNEHER 2 ng
time srrﬁﬁteﬁmﬂglet PesprédBelypdestadiieime Reyotindang contarngsthtaighand above

t he coupling trequency (where the snoothing may have a_ significant effect)

up t hr osiftband pnegepassing abewcl00UBRs whare the WRletonstaat mpyrbe ab@BtAI ng ef f ect
i s nmeasyrahl ut_ i naudi;pl e, al though nearly audible. A suitable tine

constanﬁuﬁgfzgqlﬁg’ foolj\/\fire%%lg'equency range subband (where the subband is a
si ngl e bi n i Alisstphantist-afder efmbobibeals shiratds Jtheetobet may bea tapgagef 50 to

100 mlliseconds, for exanple. Progressively-decreasing tinme snmoothing may
cont i nugmoetherhalhys adasigblsdinge eanstmpiiatshegteas Be ettaps 9od Agcayfinein he tine

const an 0 1] I, . a
first- olr;e o8 rr(g% _rhgiiérlatig’%dﬁ4%@%@{%@0%%?%?%%@5% @[%!\}%R g’?g%e snoot her
t hat hasndloy avd-slabesmootheaadistadd AL, Bitonts Sriklol 119 antitdcdR, Bidhidetbay ti ne

in response to a transient (such a two-stage snpother may be a digital
equi val BRE ﬂietswdsﬁéat%gmmngt@%@@%ﬁ% age ofEAuEREYIng mepatleht s

3,846,7 ?P‘g 4 _ r t %P.[m%i-n rn%rqj t st ant
may be %%X e lea%%%ﬁﬁgt%%ﬂ*sgg%é&%ﬁg@{agﬁglyhg%ha SO egva igdepgﬁF%ﬂ?esponse

to tranSicprtl8. Al ternatively, such snoothing may be applied in Step 412.
Step 405. Calcul a m Qf Bin j tudes.
P Stgp 4}13 églcu?ate éuml\ﬁa}glg{n lkjfidagnitudes.

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 405a across the blocks in a frame (an
averaging / accumulation across time). These sums are used to calculate an Interchannel
Angle Consistency Factor in Step 410 below.

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

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

Step 406. Calculate Relative Interchanne] Bin Phase Angle.



a. Calculate the sum per block of the bin magnitudes (Step 403) of each
subband (a sunmmati on across frequency). b. Calculate the sum per
frame of the bin nmagnitudes of each subband by avengi ng or accunul ati ng
t he magni tudes of Step 405a across the blocks in a frame (an averaging /
accurnul ation across tinme). These suns are used to cal cul ate an
I nt erchannel Angl e Consistency Factor _in Step 410 bel ow. c. If the
coupling frequency of the encoder is'BéFOW/about 1000 Hz, apply the subb
and frame- avﬁﬁaﬁ&g%{i AR AR5k MRS IO YaBSrAR it i reABPbloek t hat
operates on all su bané@ el ow that frequency and -above the c;;pllng

2

f r equendy.subtractingdrome tiesbineggledififgerstSpthe oggesperding bimangls of tpderanery st ep
404 t that in th f S 405 the.ti ot hi

1t or nachanch BTG he ks o ophedpay. iith oy 288 wduiitelBY,

- Rel ati vl GbGHRGRA] idRhRe RRIRIARI S radims B9 adding or subitdctink@runtil the

rel ative I nterchannel phase angl e of "each transform bin of each bl ock by
subt factresulf i§ mothin the dosiredaragie obfn Bt&p 403 the corresponding bin angl e of

other -angl o SHp 05 CafmasipR Rt shbbala PEALadie, TIE TOU G 5 1
radi ans by aqgyr '&chpéhagﬂ%]%éﬂﬁﬁlhtﬂ Paffe-wiit iinplifide-wetgtted ieerigd intanchanael

desired range of-it t E. Step 407. Cal cul ate Interchannel Subband Phase
Angl e. phase anglerfor gedh suhhamdas follawéul ate a frane-rate anplitude- wei ght ed

aver age i nterchannel se angl - . .
a. For each bi n?.rigogﬁg@}rﬁ cgns%rgﬁtp%%(m@%fﬂ%g@ﬂ%&%%ﬁ%m %Wgt%%& ep 403
10apg t he rel.af inreidtive intdadhashel bimplphassplastiSiepdDoSt ep 406.

b. Add the constructed conpl ex nunbers of St gg 407a across aS% ) and (a

summati on acr osk- Addtheenasiructed corgplarBRmbeE g ) 73ae9sy, fanpl e,
|1 ana tne. ophmtR el RBaRDE, 15l ue of 2312, “their complex sumis
3 +3. o A@@ﬁﬁﬁ@lﬂ@gﬁﬁdﬁh@ﬂtﬁi 40TH eF qrexaploc if acmbbirekhasuwodinsand f or

cecuml at 1 on ofe 8 hisrigs & complex value gt 1731 SR UERIBTAYiG OF% RGUBAF. of 1 he
enc?rger S bq)gﬁj\g ghou ,é%geg{%%%letgg%xﬁ,t} 320subband frame-averaged or

f rane- accunul ¢o snoot her
¢. Average or accumulate the per block complex number sum for each

subband of Step 407b across the blocks of each frame (an averaging or
_accumulation across time). _
d; If ;che cc;uph:ng frequency'of the encoder is below about 1000 Hz, apply the
20 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
25 as part of Steps 407e or 410. ﬁ 7
- e. Compute the magnitude of the complex result of Step 4074 as per Step 403.
Comment yegarding Step 407e: This magnitude is used in Step 410a below.
In the simple example given in Step 407b, the magnitude of 3 + j3 is square_root
(9 +9)=4.24,
30 f. Compute the angle of the complex result as per Step 403.
Comments regarding Step 407f: In the simple example given in Step 407D,
the angle of 3 + j3 is arctan (3/3) =45 degrees = m/4 radians. This subband angle



that operates on all subbands bel ow that frequency and above the coupling
frequency. Comrents regarding Step 407d: See comments regardi ng Step
404c except that in the case of Step 407d, the time snoothi ng may
alternatively be perforned 25as part of Steps 407e or 410. e. Conpute
the magni tude of the conplex result of Step 407d as per Step 403. Conment
regardi ng Step 407e: This magnitude i_glgsed in Step 410a below. In the
sinpl e exanpl e given in Step 407b, thé magnitude of 3 + j3 is _square root
(9 +9) = 4..2ig,si[gﬁgltd‘ Al Qirhdemaogioe (st Stdpet18papd eventiasd (e Senstr) st ep
403. Commrents regarding Step 407f: |n th% Si. be. eﬁ(:?o@:tl ong,i yen in Step
407b, the angbgenéra® thi SublandrAngie Cogiroh Patamelel fIERAIN WIGEANPR (S ns  Thi s
subband angle - '3]51 - is signal -dependently tinme-snoothed (see Step *413)
and quantizediE\S §feé‘ﬁ""4l4) to generate the Subb and Angl e Control

Par anmet er  si R i tiaBpeatrallSsadissFadbow. St ep 408. Calcul ate
Bi n Spectral ?%tgggg?'nessa%gﬁ

S Factor_For each bin, calculate a Bj
Spoceral - St erpimasis bigcslonlsion B pRAgbSGrOpes §agon Bl P Fpihabf 0 to 1 as
Let x"" = bin magnitude of present block calculated in Step 403. b. Let
y,, = cdpHewpondi ng bin magni tude of previous bl ock. c. If x", >

éynﬁ:a mt rC1e 2 B: nt Dyd na;tn et »ﬁlq&l_ﬁihuﬂ%ﬁaap fef preséf ulocgpglﬁulia_te@pmms.t hen Bin
Spectral - gP elad |u ngsb.aEé:g’LO;c(?fr@pogcﬁnlg bi]:ty ﬁlgg_niél’dé of {)I.'G%POU% ‘Hock.
¢. If Xg > Yo then Bin Dynaxnic Amplitude Factor = (Ym/ Xa)
10 d. Else if Y > %, then Bin Dynamic Amplitude Factor = K/ Veo) >
e. Blse if Ym = Xm, then Bin Spectral-Steadiness Factor = 1.
Comment regarding Step 408: ' :
‘“Spectral steadiness” is a measure of the extent to which speciral components
(e.g., spectral coefficients or bin values) change over time. A Bin Spectral-Steadiness
15  TFactor of 1 indicates no change over a given time period. | -
Spectral Steadiness may also be taken as an indicator of whether a transient 1s
present. A transient may cause a sudden rise and fall in spectral (big) amplitude over a
time period of one or more blocks, depending on its position with regard to blocks and
their boundaries. Consequently, a change in the Bin Spectral-Steadiness Factor froma
20  high value to 2 low value over a small mumber 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, ot an alternative to employing the Bin
Spectral-Steadiness factor, is to observe the phase angles of bins within the block (for
example, at the phase angle output of Step 403). Because a transient is Iikely to pccupy 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 unifqrm delay in
phase from bin to bin in the block — namely, a substantially linear ramp of phase angles as
a function of frequency. Yet a further confirmation or alternative is to observe the bin
amplitudes over a small nurnber of blocks (for example_, at the magnitade 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 ceﬁpling frequency of the encoder is below about 1000 Hz, Step 408 may look at



Comment regarding Step 408: "Spectral steadiness"” is a neasure of the
extent to which spectral conponents (e.g., spectral coefficients or
bi n val ues) change over time. A Bin Spectral-Steadi ness 15 Factor of 1

i ndi cates no change over a given tine period. Spectral Steadi ness
may al so be taken as an indicator of whether a transient is present. A
transi ent may cause a sudden rise and %gll I n spectral (bin) anplitude-
over a time period of one or nore bl 6% depending on its position with
regard tg,Rieekarandntdiive BRMRe aTticafmben 08 esnseaitive blecks haoakéminidie Bi n
spectral - St eadi ness Factor froma 20 high value to_a .l ow val ue over a
smal | nmmbﬂdereﬁomemﬂnﬁwmcf suadrihaidhenrmber aradually ingreasga aptesence of a
transi ent e bl ock or .bl ock Vi o

confir rm?ﬂ’l?)ar‘r‘d eqiuﬁlécyp‘iagg‘aéﬂ%cée%f’ < II% aﬁnﬁg‘l nt, &ﬁﬁgdr]lﬂ%h%g?tﬁgf c%/bré&?%i

enpl oyi fghrk RrSitan IPEGIdcH], ﬂﬁt@%&hﬂ@&ﬁa &Me:m, asuesttdascam,rmay bhe phase
‘angl es of bins wthin the block (for exa ?gltggsa @I e out put of
St ep540@ef6@§@éwéeﬁmﬂ?%ﬁﬁéﬂséh4trP@GP¢R@D’ﬁ° ¥ fif@rn Tt enpor al
pOSItIO Eugé %H ck and have the dom nant energy in the block, the
exi stence andposition of a transient may be indicated by a subst anti al | y
uni f or m del a\As mﬁﬁﬂﬁseltérnemdpbm ¢nerdiesmanbe heedihsicid of hinmeigpitudes.

bstantially | f I f upct f Yet
2" Tur Cher -coma YetadhhecaaUpre 90 e eBoLRkin Voo bolior g ibbes
over a %%qugnarre{m‘ggd% g‘tﬁttﬁé%mﬁéﬁg]%]fowﬁgsttaﬁ4@mgm tude out put of

Step Ing directly for a sudden rise and fall of
speq;OraI | ev@&tep 409. ConmutethbamiaSWctﬁtl@eﬂlia essdiack@wk at t hree

- consecutive blocks instead o ne,hl o f .t o lin e cy,.of the
encoder is bé—FQSW ﬁé&aﬂﬁ)’é’#{;ﬁb g i’@ksrf‘ﬁ@%%ﬁa ‘F g%“fi Ot;tg{b yW]an
three cg Vthmtéfﬁa 1 a@&ﬁ@@&fﬁémsﬁe@fmv@dm@@kmmm@ml nto

consi derati o var equency such that "the nunber gradually increases
as t he subtmadacfosetheddogksiandeamieayiolews:. |f the B| n Spectral - St eadi ness

Factor is obtained fro e b ctron f.at I ent,
as j ust descrd BWCQWEB{QIP@?"&%&& Cﬁ’é‘f 0{{%‘ ?é’bg %aﬁlgmtg%g?a oMY only
be nur’rjp(ﬁ;r { hRIhackS. f §tar4g:_b,et ecting transients. As a further

alter native, n energi €s may be used instead of bin na nltudes As
yet a furt heb, Shmhnprodmtsﬂtbpeaﬂﬁs ubhgndetapingymatipn asiasa ireguencyy.on”

detecting tech ue as describ I.n E¥"i[‘ p 409.
10St ep 4009. 13-5 gaawmﬂ%iﬁ% ‘I‘f\i{[f"éaautI ﬁ@&%’%ﬁm&%dc %gg&'%te a
frame-rat erYhBABMH IRBEIMAla1Sh 8@k @RE). Factor on a scale of 0 to 1 by
form ng an anpli tude-wei ghted average of the Bin Spectral - St eadi ness

Factor wi thi 'ﬂ :thb cauiiingnelueneoeiihe preadenisibelawabout A QA Hasannly
h | cul ate,t he prod t
Facffi?? N TR TENT Wittt MR B S e

operates on all subbands below that frequency and above the coupling frequency.
Comments regarding Step 409d: See comments regarding Step 404¢ except that

"_:

in the case of Step 409d, there is no suitable subséquent step in which the time
smoothing may alternatively be performed.
25 e. Divide the results of Step 409¢ or Step 409d as appropriate, by the sum of the

bin magnitndes (Step 403) within the subband.

Comment regarding Step 409¢: The multiplication by the magnitude in Step
4092 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

30 amplitude weighted, may cause the output or Step 409 to be conirolled by very small

amplitudes, which is undesirable.

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



b. Sumthe products within each subband (a summati on across frequency).

c. Average or accunulate the summation of Step 409b in all the blocks in a
frame (an avenging / accunul ati on across tine). d. If the
coupling frequency of the encoder is bel ow about 1000 Hz, apply the
20subband frame-averaged or frane-accunul ated summation to a tinme snoot her
that operates on all subbands bel ow that frequency and above the coupling
frequency. Comments regardi ng Step 409d: See comments regardi ng Step
404c extepangdi@omi {0.3.hE} walde. 1¢f THs epaydgodhnethlygneltiplyingthe mauh%ly@, subsequent
step in ich t ti noot hi ng, may alternatively be perfornmed. 25e.

Di vi de tH %Cé@&rﬁén&%%ﬁ% lﬁélélésg]cﬁ;s éla@pdﬁb@a’?fugs()f?ppropri ate, by the sum
of the bin Magpimeesrcoat@ihg 3y 400E:RwBp Uhor mubbaideful in assiAR Mat " €gar di ng
Step 409e: The nultiplication by the magnitude in Step 409a and the

di vi si odishannsbokneisotesalircinpayihband Speatml-Stcegmasdmcr ¥ zere. anpl i t ude

wei ghting. The out of Step 408 1,801 N p@]dent of absol ute anplitude
and, if not %gm?ﬁ’{%d‘g% %éﬁpsﬁg§ a@%s ‘the output or Step 409 to be
control |l ed byThepyaloTStdps A0Blahll Y0e & to\idastireispectiad sisadindise— changgah e t he
result to obtain the Subband Spectral - Steadi ness_Factor. by mapping -33 -

t he rangectalampnsgion aver figieip aspbbaryd of aglipnpel. Aamatiyel Aspegss oY #y t he
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an "event decision" sensing such™as described in I'nternational Publication

Nunber wdic@2] ggiicgdombf (guiblisid MG tApplicatione W 02095 Y92rédyl . Becendpigoiped t o

measur e, spectral steadi.ness instead.of. the,approachdust described in
Connect 1o frvRostet Sninatan, HySiiuide! pErSRBhRRS it Hosficifigreath

10/ 478, bigSure Edib@8tciauE MBANalRd (RSt maghinfleiid: esla Shiak 8Sondl@dd onal
application of the published PCT Application WD 02/097792 Al . Accor di ng to

t hese i excorpior dhed thegppgrititdes aEcorrgsponding binsdisdBr intaeasasetiys bleckrare
coefficj i C | d I gni t ude
o ser PRl BASHRL . R @Cihel ol Bt WY subBlicd WL FRp s

corr e)s p@t&:ﬁéd{% tﬁrﬂf@old, thedgaycli oumdaseis vbmsiderdd tmdieSan&nEh'd € 'teg?évreatlb@ﬂldéi)g nor 11 ng
si gns), e differences, between hins are s , anpd, if the sum exceeds a
t hr eshoftdfermafigely; @@@gmvﬁuﬁ%ge@rﬂp%ﬁoéﬂ@@% alig b&&anﬁlgﬁ?csi@igé&&
boundar y; ?\L‘ﬁh ] i f’uﬂﬁ y al so
be COHS?(}] er%g%i&%aﬂlmg%d W %{%clg%ggtg@b%%ume c%%%&%@i%ﬁ%%&wﬁgﬁ%%@rhe
anount of norlfakpertst ofdhe mequioraed event-sensing dpphsaiens sradmploged toanegsorat ed
event - sensj applications are enpl gyed ta neasuye spectral steadiness,
nor nal | FRETON PG (OPRARERG A B ey RN RG RS PGB PErlagni t ude

( changega iRt inRHh O volRI At 32 M&Rurell iMRiriRlikARh i9Bmitkdpm t t ed)
preferably are considered on a subband basis Instead of perform nhg Step

408 as pmtirdaly etk edvudsred e a gakldnd) bagist Instcad o petfornsipe Stared0&asgni t ude

bet ween. gorresponding,bi.ng 4+48 each.sub d e uned 1n_aceor dance
ot TinGRaEERBANG PR difrfRel P YRERA IS pNTIR folr o BE T A R

r epr es eitdatly sihRand eddyele aimmpe ¢t idorddnae g@thfm@teablhiﬁggoi Ridimiiatids. be
scaled so that the result is a spectral steadi ness factor having a range

from 0 e cacheltepse s rensessating thedlegraecf spetrah changsdrome blogkteblocka
change 191]:13/ Be 9BuLd SR B ebiflt is a spectral steadiness factor having a range from 0 to 1,

wherein a value of 1 indicates the highest steadiness, a change of () dB from block to

block for a given bin. A value of 0, indicating the lowest steadiness, may be assigned to

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



bl ock for a given bin. A value of 0, indicating the | owest steadiness, may
be assigned to deci bel changes equal to or greater than a suitable anount,
such as 12 dB, -34 - for exanple. These results, a Bin
Spectral - St eadi ness Factor, may be used by Step 409 in the sanme manner
that Step 409 uses the results of Step 408 as descri bed above. Wen Step
409 receives a Bin Spectral - SteadLnpgss Factor obtai ned by enpl oying the

just-described alternative event decision sensing technique, the Subband
Spect r aforStenpicn dbescAasultsy a Bin SpegirakGtcadingsal antorhmay hedisad badidptfidant or  of

a transi,ent. For ex i {, the.ran of.val yes odyced. b 409 is O
fo 1o 2 esanel Beh R SEePcHiostsae Hederas gt Sl B HRebetnote, kR

Spect r akplaRdtRens SR Pecksl-KesdBdss Fuatbol Sbtainibd by afpidyahg tegigl e, 0. 1,

i ndi cati ng substantial spectral unsteadi ness. [t" wll "be

appr eci desstbedalicroaiveRiveniSissisiondensing athnigs. thadubhandrpgoddteadigsep 408

d by the | -d ib t ti t t 408 . i nh t. id
S var? abpdot i SiehaDg ey s q bt B pbpu@aith SPa AR% GRS Pl SOFIRL P OV O
rel ati veanghanggited produeddskSiep 400956 1o O ir@ika@int shayibe dvRYidBRdYsBEUl toO
suppl ement” such i nherency by specifi cal Ir%p%c_m di ngﬁa shift in the

t hr eshopegsent whesdbe Subhand SpsetralkSiepdiacss i esmalbyialperush ps far frame or a

| ar ge transient, ;anD snmal l.e i ent . | oud transient com ng

atop m 8}-{&{181%? @v& I"é‘sg?tmagp%)lfbe?&%rtg{aﬂﬁ %&{%@m%%ggmg:?sat he latter exanple, an

event det ect oft wilbe iapprietialddihatdhe Bid gp@nehShdipcaFamrevaiiced bylStaE | oud

transient (e. a drumhit) may nmeke it desirable to shift the threshold
¢

so t hat A6k by thedniimderribedlEaitive 1o Stap 498 saehavkerently provides ol | vel y,

a rando trl f j in U S

Pat ent %&%@1%@&%@?%%@ eoﬂm;étﬁeﬁ%%l%g%%?&s pec hﬁglc-ﬁél%%gmdéggﬂg\%r tinme
Step 4lblockabptibraille, it ki ishasensl to AngplemEansich ilreancast gecifically For each
subband havi.ng npre than one bin, cal cul %te af channel

\ ane-rate Inter
Angl e CBv¥iding A shiling dhethreshioldim rggponse 1o, OIGXWJBL% Hﬁéﬁﬁﬁ&@n@%@ % the

I f : [ Th
Cosul 01 RAE R ARERAAIAR Mol IR BhLAE CEORRERSRh YR o110 1o
1. bmidabdowateclapplansecn e chacothe ldtet exarmple han ewembdetecbr walues

across the subband contributing to the t uantities in the aboye.step
(i n ot haptigly igsntit ack ¢lop Re an Gkt bR Iichgantient Ff’egs%ﬁlﬂ%mt). mpy IRk Y | ess

t han 2, i rdn?ﬁ : 411 and 413.
c. Let gkgﬂ%@cﬁghﬁaﬁ%ﬁ@tg?%iﬁﬁgl nh}té% t?ﬁ;)g?&?s rg‘%ﬁ%’he result of
t he Step 410bAltermatitely, a randomhlessmadtriz endytte angsoydd (06r <Sheyplel 3 dedopibet] vi di ng
by (1 r). e result_h a. maxi value of. 1. Limt ;the mni pumvalue to
0" a5 netBdd PR ARG L4 WGEREIG raa 26 SPIHEL PGSR SN e

Consi stency '&egb%?@di&lﬂe 1@%&5%&1@1@3@@%@&9@%&.5 phase angl es

are within a su d over a frame period. all bi'n 1 nterchannel angles
of the subbanboraraeh sitbasd mayingmeore thar atednnaialcalig @ rameshtetlstesshamaadt or i s

1.0; whefeas, . if .the intercha | angles are randomy scattered, the val ue

approach‘éggl%e?%mlﬁ‘ﬁ%c}éﬁ%‘ﬁgﬁasgﬂg‘?‘@S'Consi stency Factor indicates if there

i's a phantom i BRg§vide the magnitude of the complex sum of Step 407e by the sum of the
magnitudes of Step 405. The resuliing "raw" Angle Consistency Factor is a

number in the range of 0 to 1.

b. Calculate a correction factor: let n = the number of values across the
subband contributing to the two quantities in the above step (in other words, "n"
is the number of bins in the subband). If n is less than 2, let the Angle
Consistency Factor be 1 and go to Steps 411 and 413.

c¢. Letr=Expected Random Variation = 1 /n. Subtract r from the result of
the Step 410b.



bet ween the channels. If the consistency is low, then it is desirable to
decorrelate the 10 channels. A high value indicates a fused i nage. |mge
fusion is independent of other signal characteristics. It will be
noted that the Subband Angl e Consistency Factor, although an angle
paranmeter, is determned indirectly fromtwo magnitudes. If the

i nterchannel angles are all the sane, agding the conpl ex val ues and then
taki ng the magni tude yields the sane 1¥7esult as taking all the

magni tudes and agqidigs,i9eio 30 HESBHALOEBY divitide by {1 L BE Trhesanagnel
angl es are scattered, addi-ng the conplex val ues gsuch as addi ng vectors
havi ng di f f er aekimnglvalje ofds dlitrdt {he mahirheasalugde iaaneeasarel | ati on, so the
magni tude of the sumis |ess &Faqmﬁﬁe sum of ‘'t he magni tudes, and the
quotient is | EQWMANES resarging i S a sinple exanpl e of a subband havi ng
two bi ns: 20SHpefisndchAheld Codierk)TPh Slealind of bW Gfinifirdhd Aterkibhmand ( 6+

] 8). (Sane angl e each caSe: angle = arctan (|n§géreal), so anglel = arctan

(4] 35 anghsaaghglas a:eawiﬂgara Sguﬁ‘bﬁ)d avea adrame period) 1 allbigiinigrehengal englosrliies, f
ey ; ) OV o
The. magribkdabemia s megriorcpapiol AUt CohBRtnd bkt 4 1 3, wRered 8 2T 0

15. The m%%ﬂef‘dﬁanﬁ]a gh&ll% 8fOhRddalyldatteréd Th6 04lSt BRoaheé Babore 1/n

‘normal i zation, would also be 1 after_nornalization) (Normalized
consi st ency =Thé Subigang)Angl¢ Congispcy-Facioyindicpie Hahere it #BhalVAMBEHSs has a

di ff t l e, h h . : . | i18), which
has. ¢ he RetiEh s RatRae. Trohe SpBREGRY €%, i ERTRAHIVR Yfonfardne), W ©
gaggbtzud&a%eﬁg Wakigh ARk ihSidatts 4 Blsed DB, Insuge fiigortisdhdepehddns obofBbr / 15 =

30 consi stency (before normalization). To nornalize, subtract 1l/n =
1/ 2, andsighalictarabterigtics. 1/ n) (nornmal i zed consistency = (0.66 - 0.5) / (1 -

det br i ni ng. wteERTp o Gt tESUBBURLADYR CRRKRRAF Fhlr SOGRIR BUR | 7
use i S Neframbiet,is bteriHind@ inditdctig!fom tves hmigritedes Mifithe interchdrmybahgldsare -

exanpl e,” one could calculate _a standard deviation of angles uging standard
f or mul aeell the same, addies thercompleualpagng thep k) em@‘%&@%%ﬁ%ﬁg to

15  result as taking all the magnitudes and adding them, so the quotient is 1. If the
interchannel angles are scattered, adding the complex values (such as ad_ding vectors
having different angles) results in at least partial cancellation, so the magnitude of the
sum is less than the sum of thé magnitudes, and the quotient is less than 1.

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

20 - ~ Suppose that the two complex bin values are (3 +j4) and (6 + j8). (Same angle
each case: angle = arctan (imag/real), so anglel = arctan (4/3) and angle2 = arctan 8/6)=
afctan (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 + j4)+magnitude 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).

1f one of the above bins has a different angle, say that the second one has complex
value (6 —j 8), which has the same magnitude, 10. The complex sum is now (9 - j4),
which has magnitude of square_root (81 +16) =9.85, so the quotient is 9.85/15 = 0.66 =

30 cdnsis_tency (before normalization). To normalize, subtract 1/n = 1/2, and divide by (1-
1/1) (normalized consistency = (0.66 - 0.5) / (1 - 0.5)=0.32.)



5 mnimze the effect of small signals on the cal cul ated consi stency
value. In addition, an alternative derivation of the Subband Angl e

Consi stency Factor may use energy (the squares of the magnitudes) instead
of magnitude. This may be acconplished by squari-ng the magnitude from Step
403 before it is applied to Steps 405-and 407. 10Step 411. Derive Subband
Decorrel ation Scale Factor. Derive a fygne- rate Decorrel ation Scal e Factor
for each subband as follows x = frame-rate

Spectral - St eadﬂfhéﬁgh ﬁ&@b@?ﬁd&“@é‘ﬁ)t@b@ﬂw for dE*@Fm}m&g 3 H‘Pﬂéamddilglﬁngl e
Co t of T
R AT T - T

and 1. Cﬁi‘ﬁ@’@ﬁfeﬁlpl@%r Tof gxavhyslp, diklcould calouiata'hetaﬁddrbaladmﬁeﬁ@fwgleém@ﬁg Scal e
Factor is a function of the spectral-steadiness of_ signal characteristics

over ti netap @1%%mdn@nma@h&ﬁﬁéwr@bhﬁéogﬁB’@W&M@%‘a@lﬂéﬁ%%ctor) and

t he nsl st.e haﬁ]?ll ngles with
resp?gt ."6“12%%%??%%(%‘3&% T s of & re g@g%@g&%ﬁﬁ Xb‘}ﬁmm?t he | nt er channel
Angl e Consi st Br&iditiag o alterndtiee Setbdion oDbe Gubbaid AnglSCangisfoacy Pactbs hi gh

only if both the Spectral-Steadi ness Facgt.or dfthe | nt erchannel Angle
Consi st eWay uEseessy dhesquayps okdhe1mapn) %ﬂaf‘é) eof A5 188Y b% Scal e

Factor ¢ = %%e f o SANEHE

decoder. Q%%{élggﬁeh?ﬁasgﬁex gifgtmﬁbec. ra mﬁggéﬁgﬁfﬁglﬁ}@p ti Si"g?ré‘ %r ably

shoul d nmid 404. decorrel ated by altering their envel opes, regardl ess of what

S ppeni ng |n channel s, .as it y resu I n audi ble artifacts,

namgl_ vvaverl%l’ QVHF’BV?Q bé?‘“@ﬁ{ﬁcg’i"ﬁﬁ& n I&J‘Iaﬁ Derive Subband -

Anpl i tude Scaph r ﬁ{f%aﬁfﬁm waf Step 404
f‘%ﬁ‘gﬁlﬁ a%eﬁ%gg%%ﬁ Htglaal@fr[lgcﬁ)f ﬁnr cﬁ)%ne

—and fromthe su gy values o [s (as may
be obtained by a.bttep=fancespoSpicgl-Soadiness Factor of Step 4091,

b.Lety= ﬁ-an;e-rate Angle Consistency Factor of Step 410e.
c. Then the frame-rate Subband Decorrelation Scale Factor = (1 —x) * (1 ~y),

15 a number between O and 1.
Comments regarding Step 411:
~ The Subband Decorrelation Scale Factor is a function of the spectral-steadiness of
signal characteristics over time in a subband of a chaannel (the Spectral-Steadiness Factor)
and the coﬁsistency in the same subband of a channel of bin angles with respect to
20  corresponding bins of a reference channel (the Interchannel Angle Consistency Factor).
| The Subband Decorrelation Scale Factor is high only if both the Spectral-Steadiness
Factor and the 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 altering theﬂ‘ envelopes, regardless of
what is happening in other channels, as it may result in audible artifacts, namely wavering
or warbling of the signé.l, |
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

7 follows:;



404 or an equivalent thereof), derive frane-rate Subband Anplitude Scal e
Factors as follows: - 37 - a. For each subband, sumthe energy val ues per
frame across all input channels. b. Divide each subband energy val ue
per frame, (from Step 404) by the sum of the energy val ues across all
“input channels (from Step 412a) to create values in the range of 0 to 1.
5c. Convert each ratio to dB, in the rgnge of-co to O. d. Divide by
the scale factor granularity, which may be set_at 1.5 dR,. for ,exanpl e,
change sign t @, Firekch subband myatheaergivalies perfyamg %crﬁssr‘?aéiﬂ%trﬁw whi ch

may be, for exanple, 31 (j,e.,5-bit preclsi @st
i n%/eger to crb@%ﬁw@&&h@@%@%ﬁ@%?g@%gﬁ%g E@%y? ?])g t%%ﬁ%% e
Subband Anpénlf%ﬁg,qng%&g ?]zl;ﬁ‘)sg gﬂtiﬂiﬁg chidtheR! (Broik0S e A1/2n) dol castepeltesdn thetrange

sidechain in I f the coupling frequency of the encoder
I s bel ow abgfftol000 Hz, apply the subband frane-averaged or

frame-accunul at ed nmagni fudes, tg,a il thergthat operates on all
subbahds bel OWQ%Y@?QEE%%%V%JD%%\%%@% C(ﬁ;{l%| ing frequency. Comments
regarding Step Aiags byff: KANEObS shegarit, whicitepy ot abk&afst, ferrrempiei n
the case of Step 412;  there is _no suitahle subseguent, st i | t he

ti me snochdgegigmty yidld emoatisgaiiye E@“%@WBP%‘?’“H%%@?‘}P%W igh I@f %é’zﬁrz: :

Al t hough the granul apit resol utj ' daBtiiARELAD chéacihgiquantizedi cat ed
here hav&*¥8 ﬁoﬁﬁdg”b)byﬁfgmﬁ‘soél# U%é%%ﬂ?g not crlgtical and ot her val ues

MY DY OViyfifie? hBGARRIAAE HHctRAthE Fate shistend drhplithde SerleFasgrsuad a8l i t ude

instead of energy to generate the Subband Anplitude Scale Factors. |f
usi ngy amebirteyeé as pareofvhelsidechaindBRPOaIYY (anpl i tude ratio), else if using

energy, one conyerts to. dB vi =J.0* (ENE LMW Mdu®) 000 phnidlei t ude
ratio = squar & ff(f%‘f C?‘@E’&g%eq}%l%g?ﬁﬂ% tep 413. Signal - Dependently Tinme
Snoot h | niareRaRRel-avrkans asaccumulated magnitudes to a time smoother that
operates on all subbands below that frequency and above the coupling frequency.
Comments regarding Step 412e: Sec comments regarding step 404c except that

15 i the case of Step 412e, there is no suitable subsequent step in which the time smoothing

may alternatively be performed.
Comments for Step 412: .
Althongh the granularity (resoiﬁtion) and quantization precision indicated here
have been found to be useful, they are not critical and other values may provide
20 acceptable resulis.
Alternatively, one may use amplitude instead of energy to generate the Subband
Amplitude Scale Faciors. Ifusing amplitude, one would use dB=20*log(amplitude ratio),

else if using energy, one converts {0 dB via dB=10*log(energy ratio), where amplitude

ratio = square root (energy ratio).

25 Step 413. Signal-Dependently Time Smooth Interchannel Subband Phase
Angles. , |
Apply signal-dependent temporal smoothing to subband frame-rate interchannel
angles derived in Step 407£: - ‘ _
a. Let v = Subband Spectral-Steadiness Factor of Step 409d.
30 b. Let w = corresponding Angle Consistency Factor of Step 410e.

c. Let x = (1 —v) * w. Thisis a value between 0 and 1, which is high if the
 Spectral-Steadiness Factor is jow and the Angle Consistency Factor is high.



Angl es. Apply signal -dependent tenporal snmoothing to subb and franme-rate
I nterchannel angles derived in Step 407f: a. Let v = Subband
Spectral - St eadi ness Factor of Step 409d. 30b. Let w = correspondi ng Angl e

Consi stency Factor of Step 410e. c. Let x = (1 - v) *w Thisis a
val ue between 0 and 1, which is high if the Spectral-Steadiness Factor is
| ow and the Angl e Consistency Factor .isg.high. - 38 - d. Let y =1- t vy

is high if Spectral-Steadi ness. Factor is_high and Angle Consistency Factor
is |ow e. LétLety=YexR yiswighdl SpqeirakSigadinessf'adpr isfhek pda\relie” = 0. 1.

z is also in the ran of 0to 1, but skewed toward 1, corresponding to a
slow tine con ?Wnc%eﬁacﬁﬁfwtlﬁg‘ﬂ ansi ent Flag (Step 401) for the channel

is set, set z =0y giCHEKEBPRRGREp i®a sodskilt, whickemephetetl. kis tlseipthesence
of a transient. g Conmpute lint, a maximum gllqwable value of; lint =1
- (0.1 * w). mhgso &t;ghémslmw@mﬁafdimﬁ&ﬁgﬂﬂal paslohime ®©nstadt i s high

to 1.0 if the A nsi.st ' ecg;yﬁ,g,gg- Lyt z by limas
neceésary: i f (;%ﬁ?cﬁﬁanflﬁ%&]%“ﬁ%fhepfogﬁﬂi)ot thles%ggg%%dméngle of Step
4071 using t hgyahsiing iZa RBCkide cunstinign draypesoeck ofal wansidintangl e mai nt ai ned
for each subb and. If A = angle of Step 4071 ang Ifét_: #@w;\% sg%{o% hed
angl e val ue as @ Compuislim; smexispaaialloyahle SAz; ltme k- vy _ t he
runni ng snoot hed I then; - T *nZiath 156 Mdale The val ue
~of RSAis sub@@éﬁﬁ%‘%g{%ﬁ%éﬁgﬁ \@éﬁ%%ggﬁagtg?lg%@p{:ooléggﬁhﬁg the fol | owi ng
bllock. New RSBohsistéAls Fcfhirad ose@dndent |y ti me- snoot hed angl e out put of

Step 413. Comments regarding Step 413; V%%%éra_rjf.i ent is detected, the
subbénd angl e updbimitzibydinenseessaysiféet 2% .

i. Smooth the subband angle of Step 407f using the value of z and a running

smoothed value of angle maintained for each subband. If A = angle of Step 407f
and RSA = running smoothed angle value as of the previous block, and NewRSA
is the new value of the running smoothed angle, then: NewRSA = RSA*z+A*
15 (1 -2). The value of RSA is subsequently set equal to NewRSA before
 processing the following block. New RSA is the signal-dependently time-
smoothed angle output of Step 413.
Comments regarding Step 413:
When a transient is detected, the subband angle update time constant is setto 0,
20 allowing a rapid subband angle change. This is desirable because it allows the normal
angle updafe mechanism to use a range of relatively slow time constants, minimizing
image -wandéfiﬁ-g during Static or quasi-static signals, yet fast-changing signals are treated
with fast time constants.
Although other smoothing techniques and parameters may be usable, a first-order
25  smoother implementing Step 413 has been found to be suitable. If implemented as a first-
order smoother / lowpass filter, thé variable “z” corresponds to the feed-forward
coefficient (sometimes denoted “ff0”), while “(1-z)” corresponds to the feedback
coeﬁiciénf (sometimes denoted “fb17).
Step 414, Quantize Smoothed Interchannel Subband Phase Angles.
30 ' Quantize the time-smoothed subband interchannel angles derived in Step 413ito

obtain the Subband Angie Control Parameter:
a. If the value is less than 0, add 2=, so that all angle values to be quantized are



20 allowi ng a rapid subband angl e change. This is desirable because it

all ows the normal angl e update nechanismto use a range of relatively slow
time constants, mnimzing i mage wandering during katic or quasi-static
signals, yet fast-changing signals are treated with fast tinme constants.

Al t hough ot her snoot hing techni ques and paraneters nmay be usable, a
first-order 25 snoother inplenenting S% &P 413 has been found to be
suitable. If inplemented as a first-order snoother / | owpass filter, the
variable "z" g@ﬂkg@@yukbjﬁ the feed-forward coefficient (sonmetines
denoted "ff0"), while "(1-z)" corresponds to t he feedback coeff|C|ent

(someti mes denotble'VﬂelbY the agglegrapularitn(Essrivtion) Syisk may hav

i"n‘gFZ‘QddEr“?32&51?%3%%pgﬁ%@%ﬂoﬁﬁb?ﬁ%ﬁﬁﬁ“ﬂi"%‘%ﬁ%ﬂﬁé’ﬁé‘?ﬁ%ﬁ%ﬂ%ﬁ“ﬁ%ﬁﬁﬁl er

a. |If the val geit gudn€iggidgan 0, add 27r, so that all angle values to be
quantized are - 39 - in the range 0 to 2a. ~b. Divide by the angle
grandl arity (Q%%‘Pﬁﬂsd‘ﬁﬁr%g@ﬁe ‘be 27t /64 radians, and round to an

integer. The r?'mant %&%ﬁ@ﬁ%d%ﬁﬂ%—ﬂ@é&hvﬁﬂéﬁ S8y baylobi t

guanti zati on. s regarding Step e quan¥| zed value is
treated goamizedic apdedsity enamit ﬁgﬁnon—ﬂ@gaﬂaﬂe Qad;ng/mﬁwnahmlﬁtaddéﬂuﬁbsfangl eis

ki ng. t fen Oy the tnes o Gen baaa R Lelsiy e Ry e ltiany amd' 12"
(resol ut%wrt%%%fa%fg %gaﬁg degh f o Rt Thie (wmmbﬂhmgewa&m

I nt eger cou ne 10 w l e table Iookup) can
be aigc onwithshaxphytabledbikup)oantieacoomplised by sq;ahag bM @mgmn o the angle act or,
converting a non- ne ative integer to_.a n ative fl:oaty oi.nt angl e
(agai . BARRIENG (6105 Gom St (T Efeive BOEeD s WRsoRsy 5 ARt DOt r ange |

for furt&?% %ﬁé@é&%&g ta%”ﬁfbr%ﬁéﬁit%ﬁib@fbn@imélﬂ@d%%@%&e%ﬂf&f&@ﬁrm'

Par anet er be useful, such guant ization is not critical
and ot hessequsitiiouphtsudnguardizapenof the Slvbbmﬁo@pﬁ abpairelRagameter has been found

to be useful, such a quantization is not critical and other quantizations may provide
15  acceptable results.

Step 415. Quantize Subband Decorrelation Scale Factors.

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

20 Comments 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 prbvide acceptable results.

Step 416. Dequantize Subband Angle Control Parameters. ,

25 Dequaﬁﬁze thé Subband Angle Control Parameters (see Step 414}, to use prior to
downmixing. . ' '

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 Dequantized Subband Angle Contrel

Parameters Across Blocks.

In preparation for downmixing, distribute the once-per-frame dequantized



Step 415. Quantize Subband Decorrel ati on Scale Factors. Quantize the
Subband Decorrel ati on Scal e Factors produced by Step 411 to, for exanple,
8 levels (3 bits) by nultiplying by 7.49 and rounding to the nearest

i nteger. These quantized values are part of the sidechain information.
20Comments regarding Step 415: Al t hough such quanti zation of the
Subband Decorrel ation Scal e Factors hag_-been found to be useful,

guanti zati on using the exanple values is not critical and other S

quant i z &ubbens Aaglesianhioli Baratetass ebltep 4 b atrpss tirse tytha séhbapdgefeachidodubband

Angl e C%‘!r} I {th [eters. 25Dequanti ze the Subband Angl e Contr ol
Par anet e gm?see €p 414), to use prior to downm xi ng. Comrent regarding

Step 416: Comuldaer&far tegdd7val ues in the encoder hel ps naintain
synchrony between the encoder and the decoder,. 30Step 417. Distribute

Frame- Rat e DddGaATCRENeYAinamaY A gtseened ke eamh hoagkindhefiamac Adsmativebis. | n
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subbandblarks s fratmieo d inear ttenpolatien bvarthne Saybe etopicygd inlihegnétinepofithe: The

same {1 e w3l e, Iy be assigned Lo eagh lock in the fram.
Step 418. Imterpolate block Subband Angle Control Parameters to Bins
Distribute the block Subband Angle Control Parameters of Step 417 for each
10  channel across frequency to bins, preferably using linear intérpolatian as described below.
Comment regarding Step 418: '
If linear interpolation across ﬁ'equency is employed, Step 418 minimizes phase
* angle changes from bin to bin across a subband boundary, thereby mlmmmng aliasing
‘artifacts. Such linear interpolation may be enabled, for example, as described below
15  following the description of Step 422. Subband angles are calculated independently of
one another, each representing an average across a subband. Thus, there may be a large
change from one subband to the next. Ifthe net angle value for a subband is applied to all
bins in the subband (a “rectangular” subband distribution), the entire phase change from
one subband to a neighboring subband occurs between two bins. If there is a strong
20 signal component there, there may be severe, possibly audible, aliasing. Linear
interpolation, between the centers of each subband, for example, spreads the phasé angle
change over all the bins in the subband, minimizing the change between any pair of bins,
so that, for example, the angle at the low end of a subband mates with the angle at the
high end of the subband below it, while maintaining the overall average the same as the
25  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
30 intczpolation, assume that the first bin (one subband) is shifted by an angle of 20 degrees,
the next thres bins (another subband) ate 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,



5 it may be useful to interpolate the Subband Angle Control Paraneter

val ues across the blocks in a franme. Linear interpolation over tine nay be
enpl oyed in the manner of the linear interpolation across frequency, as
descri bed below. Step 418. Interpol ate bl ock Subband Angle Control
Paranmeters to Bins Distribute the bl ock Subband Angl e Control Paraneters
of Step 417 for each 10 channel acrossyfrequency to bins, preferably using
| i near interpolation as described bel ow. Coment regarding Step 418:

| f | i neaheterit @i6palegideanamiasshdnpediiemdyn # 0 wmdl oysh linSirdptefid@atiomitid zes
phase angl e changes frombin to hi Cross, a s and bqund , .thereby

m ni mi zi%ﬁtlﬁpis gﬂﬁ@‘“&?&b? %@ggleg?@ﬁ q%wsaﬁhwﬁ?%&saar? g‘ﬁ%ﬁaw@@ﬂ@rﬁé}m ed,
for exa L id0lek QM BELY BSoue €3 C83. Ao -Of 422.
Subbandr@ﬁ%?%géggé%gélagﬁﬁé%%ﬁ}ﬂgégén 1éﬁﬁtﬁlﬁy 0)1[( one a’nojt’ﬁgp’, me'ggﬁﬁ% :
r epr esentegngsaifhaveeagesubband sngle shifbizile safeubit thhmasirmeay betabisar ge n
change from one uo%aﬁn? ho the next. If the net angle value for a subband
is ag_pl i‘%‘_@ng%lsé U %_? ®#Hesubband (a "rectangul ar” subband _

di stri buti on) gpfidiRl§NEldnEeLA3IEpIHNAN S8 §1BPANANE sEbHABANE do@néctiddi wifbor i ng
subband occurs” between two bins. If there is a strong 20 signal conponent
t here, tthisrandméleristeps dveribed poeii, isigh asiBicp # &/ may ialseibadreatadria arsimilar

i nterpol.ation,.. be en j.he centers of,.each sub nd. . for exanp] e pr eads
he phadbieMICHINGE BOBFYG 1 eeny aeerin o i bt R B ne
change heine@hagitil Gaiitui®f ididiplitude fioddbne fubbargda il gext! he angl e at the

| ow end of a subband mates with the angle at the high end of the subband

bel &% i t, whi$tepHdPniAgiply RhashAngledRetafion fe BiyEranséorga Yalues fop Clmmngl.y en
cal cul ated supbgnd.angl e, |n.other [ ngul ar subband
di stribution ,pﬁﬁghgﬁc%a&lghearo%u&ng%&aéﬁﬁﬁlbu i o%h%nggle%éf@?%%zoi dal | y shaped.
For exanpl e, suppps&ex +BaiaddiefdraiiHin eocuitdsledinBiepntg.has one bin and a
subb and angl e of 20 degrees, the next subband has three bins and a
subband angl e ob- ket tiegkiees, and the third subband has five bins and a

subband angl e of d oW DD I |.af i Iat the
first bin (one §U§g%%§%%§%§ﬁﬁ%%c 3e§§mg%gglﬁiel&%fré§38§ggrégésé?&tvhllgénext
three bins (agplderzsubdghd)j sii éy)shifted by an angle of 40 degrees and the
next five bins (a further subband arS shifted by an angle of 100 degrees.
In that exanpl ed Multiply the:binavajue @ 6H) 88Gr ee maxi num change, frombin 4 to
bin 5. Wth |kne i.nter 0N, shhe first bin still is shifted by an
angl e of 20 dtg%e&tg#% %ié%&%ﬂ&l%s are shifted by about 30, 40, and 50
degrees; and Tﬁ@ﬁi@ébnélbvaa@éﬁlé%;ﬂiﬁiﬁhhéé@dd@y'sﬂ:b@mierﬁﬂoftﬂ@angl@ﬂmiﬂéﬂ, and
133 degrees. The average subband angle shift is the sanme, but the maxi num
bi n- t o- ram the$uhhsad Angledoateel Rasametelagr ees. Optional Iy, changes
in l'i tude r ] SR ' i i her

ot efl deser i DoSRErAr AR heS & gBREinch BeleRDRERL ERBak dr bbbl BRRE 5)
i nt er polptidr Y& dbaatiting ($lep@le) havetsevayl abvantagesn € Dethepmininaize cammellitinaus e
there tends to be nore natural conti nui'g in a aEitude_from orie subb and
to the rdthe channels that are summed to a mono coniposiie mgnp or matrixed o multiple

il
ot

channels, (2) they minimize reliance on energy normalization (Step 421), and (3) they
precompensate the decoder inverse phase angle rotation, thereby reducing aliasing.

25 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 comﬁlex number of magnitunde 1, angle A is equal to cos(A)+j sin(A). This

30 latter gquantity 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.



10Step 419. Apply Phase Angle Rotation to Bin Transform Val ues for
Channel . Apply phase angle rotation to each bin transform val ue as

fol |l ows: a. Let x =bin angle for this bin as calculated in
Step 418. b. Let y = -x; c. Conpute z, a unity-magnitude
conpl ex phase rotation scale factor with 15angle y, z = cos (y) +j sin
(y). ' d. Multiply the bis2zvalue (a + jb) by z. Coments
regarding Step 419: ~~  The phase angle rotatign applied in the encoder
i s the i nver Sehe@haserrhifhisgizculps, feyaiing fHFHQRE G@ﬁ‘ﬁﬁ%ﬂl &ﬁ@mﬂe@ﬂ algrve).

Par amet : | , F&E& 3 | B, encoder
or encodi ng@%fé(%%?gﬂ%@x%@?ﬁgy?&% m if?%% St e%mi]g&(s)g S-Eggl\r?gsl’ ?en\:l/ééspglg&e : '
advant agpsrioskpediiabyompatienizior cemaelcbativons cafiplek eigoblafnehsistahstchar e

med tQ a nono co ite signal or ixed t [ tipl hannel s, (2
ey i RR) SETRE IR PUTEE SR UGG R AT Pt P Ly Sasd F RSt ¢ hoy
prece W%ﬂﬁbﬁhﬁeéglﬁsgggggﬁé shifibts BELRHASH AOM Grouli Bbhutideagy reduci ng

al i asing. 25T Frection.factors can be applied in the encoder by

subt r acempioyed oh teifrbnsiend Fispeay berengieed susuthak foresamphs vdwgltes of each
transform bin val ye.in that subband. This is equivalent to, nmultiplyin
each co%@@nﬁ}\éﬁ‘g\}‘gfw& E&Bff‘oﬁ?g‘?"ggl%ﬁ%’zfﬁ It %’eﬁh‘g‘}ﬁ %ﬂgf%%‘i@ang an
‘angl e egyalhiiel By RRARE s¥Be PhaddtRrRbAGEREOF EthldsoBrd A Rindodipled that a

conpl ex nunmber of magnitude I, angle Ais equal to cos(A+ sin(A). This
30 | atterluguantity is cal cul ated once for each subband of each channel,

wi-th A = -phase rection for this subband, then nultiplied by each bin
con{)q ex si gn%&%ﬁ?%l i ze the phase shifted bin value. - 42 -

The phase shigfdwringix &b frfoub & add@piiht cbSesponding cotplex GRAVRIMIIN ackes
ment i oned above). Wile circular_convolution may be benign for sone
cont i nuchannslsgn atasiuce ¢ momp comnesite skannplordospark famuliade shawels Wor certain

conti nugus .conpl-ex si gnal C & pi el [ bl urring of
Co R AT ST S g LS PSP L
described below. -
15 Comments regarding Step 420:

In the encoder, once the transfori bins of all the channels have been phase
shifted, the channels are summed, bin-by-bin, to create the mono composite audio signal.
Alternatively, the channels may be applied to a passive or active matrix that provides
either a simple summation to one channel, as in the N:1 encoding of FIG. 1, or to multiple

20  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 cach bin of the mono composite channel to have substantiélly
the same energy as the sum of the contributing energies, as follows: | |

25 a. Let x = the sum across channels of bin energies (i.e., the squares of the bin

magnitudes computed in Siep 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). Ifx=0then y is 0 and z is setto

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

than 100 (implying strong cancellation from downmixing), add an arbitrary value,



5 subbands. Consequently, a suitable technique to avoid circular
convolution may be enployed or the Transient Flag may be enpl oyed such
that, for exanple, when the Transient Flag is True, the angle calculation
results may be overridden, and all subbands in a channel may use the sane
phase correction factor such as zero or a random zed val ue. 10Step 420.
Downmi x. Downm x to nono by addi ng tQQSQorresponding conpl ex transform

bi ns across channels to produce a nono conposite channel or downnix to

mul tipl e chamgebfmniel Mot Fisghig fobe(x) ipthe reAland ahayi hat of iR | N the
manner of the exanple of Eqﬁé‘ 6, ggﬁgescribed belgﬁ?ﬁﬁgkbnn?nts regar di ng
Step 420: | n comwostiebiewhigned! asperetthaticiduge piavgh & bepormaliged skl s have
been phase SQ£ﬁ3$%1;ﬁQe channel s are sumed, bin-by-bin, to create the
nono conposi te au ) é%gnal. Alternatively, the channels nay be applied to
a passive or actiMeltily tiecdriidéx moayicdppositdtievalae by apl € summation to one
channel, as in the N:1 encoding of FIG 1, or to nultiple 20 channels. The
mat r? x coef f iqramerisxagap@ings;iep 8¢1iconpl ex (real and i maginary). Step 421

Nor mal i ze. -2V Qj %ﬁg 1at Faﬁ]l : E@Pﬂ ver .- hasi s
of i n-phase sfllx1 gt:;h r?ggg ,lﬁﬁgregrrea | ggﬁgiéa%sgﬁé e ggﬁlg%c_iﬁétgfsn 0 Ot?lhegwormn
conposi ued dbavingd, even thewptiandd shaind bbk kyblahé phaseoragiopywahis hitgcsusen of t he
contributing energies, as foll ows: 25{;1i ) % = 't he sum across, channel s of

Let
bi n enePBf eEmoreaudiblgspecia cogpepentswi CEL trche angllededrring the o
403). ' = i i Y C L
) o1 neale dofilmiix oSl koo HELHERARRBAr Nep4 RS is JREIRERORATPOS! H €

channel as per --- scale
f actr sulshgudrsheoibhn @biybasid. fInthis@asd) ardifferest hasnilcter fa isdatet biidGa .

the encoder may be used if it is detected that the sum energy of such bins is much less

than the energy sum of the individual channel bins at that frequency. It is generally not
necessary fo apply such an isolated correction factor to the decoder, inasmuch as iso_lated
bins usually have little effect on overall image quality. A similar normalization may be
15  applied if multiple channels rather than a mono channel are employed.
Step 422. Assemble and Pack into Bitstream(s).
The Amp}itudé Scale Factors, Angle Control Parameters, Decorrelation Scale
Factors, and Transient Flags side channel information for each channel, along with the
common mono composite audio or the matrixed multiple channels are multiplexed as may
20  be desired and packed info 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 mulﬁple channel andio may be applied to a
data-rate reducing encoding process or device such as, for example, a perceptual encoder
25  orto aperceptual encoder and an entropy ceder (e.g., arithmetic or Huffman coder) '
(sometimes referred to as a “lossless” coder) prior to packing. Also, as mentioned above,
the mono composite audio (or the multiple channel audio) and related sidechain
information may be derived from multiple input chanrels only for audio frequencies
above a certain frequency (a “coupling” frequency). In that case, the audio frequencies
30 below the coupling frequency in each of the multiple input channels may be stored,
transmitied or stored and transmitted as discrete channels or may be combined or

processed in some manner other than as described herein. Discrete or otherwise-



- 43 - for exanple, 0.01 * square root (x) to the real and inmaginary parts

of the nono conposite bin, which will assure that it is |arge enough to be
normal i zed by the followi ng step. e. Miultiply the conplex nono conposite
bin value by z. 5Coments regarding Step 421: Al though it is

generally desirable to use the sane phase factors for both encodi ng and
decodi ng, even the optinmal choice of-44subband phase correction val ue may
cause one or nore audible sBectraI componeats withi.n the subband to be

cancel | sqmbinedishamneds may slsa bagnplied 1@ 2l educing enoodie IRaceRQE 8CURE £ 1 i ng of

step 419 i,s fQr I hA - | In this
case, aSH?q‘ ?‘%?%ne?{a‘giﬁ%éggflgzgé%?ﬁ#%?@%}g% laﬁe&%{)ﬁi’dﬁoﬁﬂfbﬁg ag%?gg Br’ may be
used if ehtodes Tkt awhedoipatite dvdics(onleneniyiplothannd huichand themlisdnetbess t han
the energy sum of the indjyidual channel bins at that frequency. |Jt.is
gener al myulfighanpel andiomay F%¥SBB? ddgap lgﬁgqageglpgfc@ahggﬂcggp%@ﬁ PF%%?P{WI to the
_decogerm??%%%?%n'gigé&g§&@mw%byckh@/.e little effect on overall

i mage qua normal i zation may be 15 applied if mltiple
channel s r at lyptidrsd interpalntion Fam@otshewaripFd(ed) Step 422. Assenble and

Pack into Bitst . Th i tud . Cont r ol
Par ametor's, | BRCBRER B Goaparengb dnresitiast Ricle S SloPige B e "1 10
i nf or MG, BBLII0k n@i8 CdnE BEPRSheteR BRPLYLALbIéd A tEOFRRIACN (SN 418)R@didrén audi o

or the matrixed Trultiple channels are nulti E)l exed as_nmy, 20 be desired and

packed ilmtDeader (e bblomdt MThgwptional gFtign HagsidacspiagerametshEdy ssi on

or orage and tr.ansm sSion l.um o N ' 422:
Thelthon G CoRPBER {a SRS BrerpREn T {151 Bt e oeg HhBReRsTal P 028
dat a- r abg chaflinGi Mg sannado The RiapERER Flagauiree Giedln the Ercodere Notplleat a
perceptual encoder 25 or to a perceptual encoder and an entropy. coder

(e.qg., becaubertheiEncoderfhas pecess toodnis 3t the bindeveleld magnuse didipreny mferolatiofiss| ess”

coder) prjor,to Ki -S0. i ' DQnfRLR s itee
audi o (%ﬂ%@%‘?@ﬁ@@%ﬁ@ﬁ%ﬁmﬁﬁwo{E)Etﬂgér)lg rgpg%\égles(lﬁd}grgggl n I nfornation
may be dricthdidiemusl tiple input channels only for audio frequencies
above a certain frequency (a_ "coupling" frequency). at_casg, the

audl®d frequeﬂ&bé@ﬁg_f)s%‘bliﬁﬁmomi%’cﬁ‘fmsﬁ PERCY e qcﬂcli%é’% &P M i i pl e
I nput ¢ annﬁjhg%ﬁ%égg ‘ lgr&gferhg@r%ggh%% Q% Shékisek A0Gukr ansnmitted as

di scr et 8° &R be co rocessed I n sone nanner ot-her
than as descri bed dwaidftion. 1. B & sli@ige isolatal specinhleak is-ldehted siaripeacthechannel s

I b liedt dat duci di i
Ty also be %glemlia?y of t%voasub%al?dsrﬂelatuﬁ:alvg gsu‘t?srt]gn%ia.‘llg %Ji%rrglft %fl&snse%‘rota%%\ﬁla%gle
assignmenis. ‘
20 : Reason: without interpolation, a Jarge 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
25 subband to subband to satisfy this condition may be adjusted empirically.
Condition 2. If, depending on the presence of a transient, either the
interchannel phase angles (no transient) or the absolute phase angles within a
channel (transient), comprise a good fit to a linear progression.
Reason: Using interpolation to reconstruct the data tends to provide a
30 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



such as, for exanple, a perceptual encoder or a perceptual encoder and an
entropy encoder. The nono conposite audio (or the nultiple channel audi o)
and the discrete nmultichannel audio nay all be applied to an integrated
per ceptual encodi ng or perceptual 5, and entropy encodi ng process or
device prior to packing. Optional Interpolation Flag (Not shown in FIG 4)
I nterpolation across frequency of the_ pasic phase angle shifts provided by
t he Subband Angl e Control Paraneters nmay be enabled in the Encoder (Step

- 418) and/ or i o thednegmiaier SicBiddf. T8 degret twyhicliitiee dapd prowales kped folat i on

Fl ag sidechain raneter..oay 10 be. enp] oyed.for.engbling interpolation in
t he Decoder. ﬁt?s%éa“? %@%@%FQ?PS%%&%MH‘%@M ing flag sinilar to
the I nter pol apies GhdigohR ¥ulfadiBBsk ddlerhlifeFRane téﬁlgglh% g)e%;éq'i}ﬁ&ﬁcause the

Encoder has access to data at the bin level, 7 er ent

i nt er pol itérpolation aerest fiequentye The exdgencand thtitwotoardpivng jues mehtordanan d

Angl Cogt r%l Ra%(grreﬁﬁos in the sidechain information. 15The use of such

i nt erpol &% ASFEHRP eI 0%Suency in the Encoder or the Decoder nmay be

enabl ed | f, for exaphliftionsl WiPltral, kORIGDIbANI BB MR ERAN bl RDR Y © T ue:
Condition 1. If a strong, isolated spectral peak is |located at or near the
boundary of t bernsianbeiiso subbendsdbat beupsubstantially différent phasntrotptiersanglet at i on
angl e assignnents. 20Reason: without interpolation, a |arge phase change
at the bounda?‘“&?1 ftroduce a warble in the isolated spectral conponent.
By using interpol afdrqmehﬁe@eraﬁaﬂﬂdg%%mawﬂ@mcsmsmegmaﬁlgﬂﬁﬁ@ess the

bin values within the band, the ambunt of change at the subb an
boud@ari es i sCoriteldatamatersdohiplitief Stop 434 end fir epabdig of Stapgtl8, withingemess t o

a boundary a difference | ha ation.from 25subba subband to
satisfy thi sng%cr%lief’?%%o‘#gk}é %ﬁ%?@s(’%ﬂree P?aélé?flmy%e use&g‘tﬁ%%?ﬁ“i“?% .1t
dependi ng on #daRicA BRI EEmGLbbarddriassbmpt, either the interchannel phase
angles (no transient) or the absol ute phase angles within a channel

(transient), conprfosdoth hedaternolation Hag ancbfr i @dthinthe HrsadantheUsi ng

interpolatio L eco .d o provide a ., 30bhetter, fit to
t he original n’ﬁé@%&%’t‘# ﬁggté&’@%&%%g}%ﬁ&?ﬁtnTalgﬁlg'édreSﬁP%P%giq%iﬂ ed not
be ggenstant aigslasd prhks dtlsabb@iddBRadar®’l Y Wi thin each subb and, since angle
data will still be conveyed to the_decoder on a subband basis; and that

forms the input -Casditiond. Ihdependings hearessiespfa1gusivnic cifleqyitee to which
the data pr 0%@&@@&%& hehe1 LS HahSib) bP R 258016 PhIL ATBYes Hifidn BE

determi ned enpiric ,
- channel (transient), comprise a good fit to a linear progression.:

~ ifthe Transient Flag is not true (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 (transient), us the channel’s absolute phase
angles from Step 403.
Decoding _
25 The steps of a decoding process (“decodiﬁg 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 vnderstood 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



O her conditions, such as those determ ned enpirically, may benefit from

I nterpol ati on across frequency. The existence of the two conditions just
mentioned may 5 be determ ned as foll ows: Condition 1. If a strong,

i sol ated spectral peak is |ocated at or near the boundary of two subbands
t hat have substantially different phase rotation angle assignnments: for
the Interpolation Flag to be used by-#e Decoder, the Subband Angle 10
Control Paranmeters (Qutput of Step 414) cgfor enaﬁ% ng of Step 418

wi t hin tcﬁ@pea@t&aé&mph%e Sealp Factors, dmgle 4q é’w‘:ﬁ& copglation Seale pe used

to deter aﬁ“ﬂ for
bot h theﬂxFﬂa é%%%f[%ﬁ%%%{@ﬁ@aﬁg %4%%%3%% ng w t In th ﬁ]é% e%nFI
magni t udy. Tablpldokups Hiagbe 4031 totdwodmﬂ:tem;)ﬁﬁde Sa@cha@stAngbyCdmm}lsed to

find 15i sol at ed ks at su undari es. Condition 2. If,
dependi AGrasRt ?’h%‘g(gﬁé‘%"é??i"é‘ %b“ipetd?a&i%%t?‘ent either the interchainel phase
angl gs (no t r@diahfent }eg‘ﬁfdﬁt}‘st@PSGiu%% d%ﬁma%w@ﬁf defdibibebhefadl 38| _
(transient), conprise-a good fit to a |Inear progressi on. i f

the Tr ammphrﬁedﬁlmgldeshmdata rfmdhe meferange shanmel may e inelade tieAngle Control

I nterch nnel rom r the fit to a linear
progres 21?%0%3@. ‘G cglﬁg;sac 0I5, aﬂ&%%?ém‘?’?%ﬁsi ent Flag is true
(transi ent) Stép 502 U, 1B DRESH Mo o\ dfifosié Pr dFultichah Rt udid 3

Decodi ng 25The steps of a decodi ng process ("decodi ng steps”) my be
descri b&igmad. f ol | ows. Wth respect to decoding steps, reference is made to

FIG.:5, which,isjin ature of a bl’ldf owchar t fun nal bl ock
di ayf am For tﬂ‘g} F‘E:HIVO T RE PP @% REPEEYS ?fdpﬁggf egf"é‘ﬁghal n

i nf or makigam ﬁmaﬁs;mosprb%em ebefiBRhts foi ed@ﬁmﬁsfdﬂﬂammdnidﬁ@t si dechai n
i nformation conponents nust be obtained for each channel unless the
channel C@@P@@%ﬂﬂ@ﬂ@ﬂ@ﬁ@d@ﬁ@ﬂéﬂ for such conponents, as expl ai ned

el sewhere. 3&0 501 Un code Sidechain Information. Unpack and
decode (i ncl ‘Wé‘eﬁ ?f as necessary, the sidechain data - 46
- Step 501 and Step 502 may be considered to be part of a single unpacking and

15  decoding step. Step 502 may include a passive or active matrix.
Step 503. Distribute Angle Parameter Values Across Blocks.
Block Subband Angle Contfol Parameter values are derived from the dequantized
frame Subband Angle Control Parameter values.
Comment te'garding Step 503: ‘ :
20 . Step 503 may be implemezt_lted 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.
25  Comiient 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 Acr_bss Frequency.
Optionally, derive bin angies from the block subband angles of decoder Step 503
30 by linear interpolation across frequency as described above in connection with encoder
Step 418. Linear interpolation in Step 505 may be enabled when the Interpolation Flag is
used and is frue.



conponents (Anplitude Scale Factors, Angle Control Paraneters,

Decorrel ation Scale Factors, and Transient Flag) for each franme of each
channel (one channel shown in FIG 5). Table | ookups nmay be used to decode
the Anplitude Scal e Factors, Angle Control Paraneter, and Decorrel ation
Scal e Factors. 5Comment regarding Step 501: As expl ained above, if a
reference channel is enployed, the sidechain data for the reference
channel may not include the Angle Control Paraneters, Deconrel ation Scale

Factors, and Stegnsltendd&ERagdostizgel Bide AnghaOkfsetr(d eClaigaie 3)bno Conposite or
Mul ti channel Audio Signa Unpack.,and decode, as necessary,. ihe nono
conposite or ﬁﬁcp ﬂﬁg/’ﬁhél?p&ﬂ%qg? an%scgtf?%cﬂgﬂjé‘?’ iwi]r?n&ge E?%%HQIWT.

coef fi Ci fiicardsQrirAaieht, idns fHRHbIN Subbhnd AAZRTRALEPPRAS et pRIvidad 153; sizgnnel
audi o signal. Comment ‘regarding Step 502: Step 501 and Step 502
may be cbbfsivddelemay bavebesaxlineatly inteipnlyted agrsa dkiqwrgcsby Stép s edi ng st ep.
St ep 502 L ngl ude, a.passi we C ctive matli X.. St ep,.b03...0Distribute

Angl € PaF¥ \EvAL c“?cé"Leéﬁ’é'ﬁh%é porrﬁahon %&@Eﬂ?ﬁ&ﬂmﬁp@ %ﬁnt r ol
Par amet ejndats SePlofthe ii¥ §ekphr om t he dequanti zed frame Subbartd Angle
Control Paraneter values. Comment regarding St eRE;&TSOB: 20St ep 503 may be

i mpl enent ed by di- ety sidedigSwitbend Beeorpelatipmeicale Kaglate to every bl ock in the
frane. Step 504.. Diskhi byte Subband Decorrel ation Scal e, Facior Across
Bl ocks. Bl ock SIbEEh Secontiieabon et it ePer m el uiLagEhe 8! Tom
t he dequant i zegbe bf 0@ 1, BiltkRoRedRGREd 0, 1Ble@ing StsoRaLd kv édibEs. |
25Com nent regardi ng Step 504; Step 504 may be inpl enent ed by

di sthli but i ng Tendowized vadafien palessdhe PaporeclatipnsraloFastasorliveds bigh. frame. Step
505. Linearly InfgLpolate, AGHORS nﬁhﬁ%?&é(en +1.0 and 1.0, chosen separaiely for
each subband of each block.
d. Then, the value added to the block Subband Angle Control Parameter to add
a randomized angle offset value- according to Technique 3isx * pi * z.

15 Comments regarding Step 506:

As will be appreciated by those of ordinary skill in the art, “randomized” angles
(or “randomized amplitudes if amplitudes are also scaled) for scaling by the Decorrelation
Scale Factor may include not only pseudo-random and truly random variations, but also ;
deterministically-generated variations that, when applied to phase angles or to phase

20  angles and to amplitudes, have the effect of reducing cross-correlation between channels.
Such “randomized” vériations may be obtained in many ways. For example, a pseudo-
random number generator with various seed values may be employed. Altematively,
truly random numbers may be generated using a hardware random number generator.
Inasmuch as a randomized angle resolution of only about 1 degree may be sufficient,

25  tables of randomized numbers having two or three decimal places (e.g. 0.84 or 0.844)
maj} be employed. Prefefably, the randomized values (between —1.0 and +1.0 with
reference to Step 505¢, above) are uniformly distributed statistically acrdss each channel.

Although the non-linear indirect scaling of Step 506 has been found to be useful,
it is not critical and other suitable scalings may be employed — in particular other values

30 forthe exponent may be émployed to obtain similar results.

When the Subband Decorrelation Scale Factor value is 1, a full range of random
angles from -z to + x are added (in which case the block Subband Angle Control



Optionally, derive bin angles fromthe bl ock subband angl es of decoder
Step 503 30 by linear interpolation across frequency as descri bed above in
connection with encoder Step 418. Linear interpolation in Step 505 nay be
enabl ed when the Interpolation Flag is used and is true. - 47 - Step 506.
Add Random zed Phase Angle O fset (Technique 3). In accordance with
Techni que 3, described above, when thgeTransient Flag indicates a
transient, add to the bl ock Subband Angl e Control Paraneter provided by

St ep 50FParmhétehvategs pratheceddgrSiép Sk yenderat melavtm)l Asflestubbaaduency by
Step 50 a 5 randon zed offset, val ue scal.ed by the Decorrel ation Scal e

Factor dPeferetatpn {peioE velna dpagises oveart 260, the TrRfopKzed agslggifset also
8. Lot MeorelbRdw s LA e Ghiut BF (B 53R loward the Subballd Adfie 2 =

3f 1P where exp I1s a constant™ for éexanp v al so be 1n range
of 0 t o QontoliPaskeierdahesaraiubed bebtepd0Bng a bias toward | ow | evel s of

igns o BB B iR Ao e LA BT S el iAot elfion

separ at gh Yodofdan@d SHiLSTEARTRRe Bfto BRCAo Q6K applied to a Rannt)88krd he val ue added
to the bl ock Subband Angl e Control Paraneter to add a random zed angle

of f set dawumiziagoingsa wayéopioveabapcanseliationgh the decodes.Clirmasnelse begar di ng
Step 506; . As W || appyreci at e t hgse af, ordinary skill in the

art, "rgﬁ%ﬂgirﬁla%g‘ér'%mgtgﬁ%?%é’ﬂﬂ’b Qgéﬁgﬁ?ﬁ?gﬁ@gél?c? “-anmpl i t udes are al so
~scaled) for sug 500 AvdFmddededd Bhadd Angio@iict (Rehaiquepy. | ncl ude not only

pseudo-random and truly random vari ations, but al so

det &9 i ni st i é&pespréanee witheBoohaiqua i desstibed: abovghwhenihp Transiont Flagadoes ang| es
or top S apl i ' f f .reducing
Cross- ckc}?t?% %? ?e?r?%‘%?eﬁge“ﬁr %%g?ijﬁlagw‘gglz %@éﬁ%%@fﬁ%ﬁégﬁ%t{@ns may be
obt ai ne@atametas jh te providekByBlep,503 (BEPUBIS-opemis@ilywhEittheJBRRii@itor with
val ues may be enployed, Alternatively, truly random nunbers.

vari ous_seed S ‘
‘may be Eiﬁw@@%s adsangiont) shifitantsandonys ﬁﬁﬁ%éﬁalv@éﬁé%%ém Deramielationas a

r andoni Qb1 . ' .be sufficient, 25

t abl es § ?gﬁ%gﬁ@lgg nu%@&@f{%@%é%&%&%ﬂfﬁ%&@%m Al places (e.g. 0.84
or 05 844) may be Letyl-ohleck Skvtehd Drbbyrclatibe ScaledFacozed val ues (between -1.0
and +1.0 with reference tq Step 505; above) are uniforply distribhuted
statistically A& L 2o qu@ﬁaum er getweegl +1.8 and—1.8, chogen separately for

each bin of each frame.
c. Then, the value added to the block bin Angle Conirol Parameter to add a
randomized angle offset value acmrdiné to Technique 3isx *pi ¥ y.
20 " 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
25  bin of each channel preferably does not change with time. The randomized angle values
of all the bins 111 a subband are scaled by the same Subband Decorrelation Scale Factor
value, which is updated at the frame rate. | Thus, Wheﬁ the Subband Decorrelation Scale
Factor value is 1, a full range of random angles from -z to + = are added (in which case
block subband angle values derived from the dequantized frame subband angle values are
30  rendered irrelevant). As the Subband Decorrelation Scale Factor value diminishes toward
'zéro, the randomized angle offset also diminishes toward zero. Unlike Step 504, the
scaling in this Step 507 may be a direct fimetion of the Subband Decorrelation Scale



Al t hough the non-linear indirect scaling of Step 506 has been found to be
useful, it is not critical and other suitable scalings may be enpl oyed -

in particular other values 30 for the exponent nay be enpl oyed to obtain

simlar results. When t he Subband Decorrel ati on Scal e Factor val ue

is 1, a full range of randomangles from-7c to + it are added (in which

case the bl ock Subband Angle Control - 48 - Paraneter val ues produced by
Step 50 are rendered irrel evant). As “?flé Subband Decorrel ation Scal e

Factor valdg ‘Qﬁgf 3y %ﬁmhgtgga duBind DdcBiFeln ARG SEHIZ BAL gznﬂﬂﬁ'e gfd.set also

1
decreases toward zero, C Ing the output of Step 506 to nove toward the
Subband popbréodiy redhicdlavarnetandom ahgle vapatoehiye@ by Step 503. 51f desired,

th d i bed | | dd | ed’,r apdoni ffset i
hecor dance. wi T SeelzE el B1alA LEiangieg B i Pip T B b ASsle Rithel bef or e
downmi xi ‘ﬁ%ﬂ%ﬁ?ﬁ?w TRYDEERE MO da BT a6 R S/luledd iiitddbicRPefBEAEE |t MRy

al so be _ for inproving the synchronicity of the encoder and
decoder .thSpesserse vf aAttdndRemiddng fordhainzrae this glep iskiprad, (oTasstichfrepsen) . 101 n
accordance w th.Techni que 2, described above, when the Transient Flag does:
not i ndiREERYESEA a%Rsi ent, for each bin, add to all the bl ock Subband Angl e

Control Par angligfiged thenbbdérRicitribiel dB6vdiathles adPs3 séRidandRhizepermées only
when the Transient Flag indicates a transient) a different random zed

of f set \inlaogeprdange adthbedhméqupekiortheingle grfi opplied ajereslownmiginge A)dipgstay be

~direct as set forth hereipn.in.this ) ek = d
Bocorr oriey Biprepd fithsiheahioR it MeueBddP) it miahisd 6 bonchictl R apHRBAET
+1. Qoandhe dyfhroahRSaiT the pacclleehyd dedbd@ach bin of each frane. - C.
Then, the val ue added to the bl.ock bin Angle Control Paraneter to add a

randoni zed arfjer588.f Nermalize Amplityde Seale Factarsnni que 3 is x * pi * vy

20Comment s regar di.n : fl Eg,%[]p_' p.505
regar di ng thMﬁ%@@ﬂgﬁgﬁgﬂ%F&@?%ﬁ? ouéﬁlssgeﬂi(agi’# ct sg(;: |e§%)eléf St ep
507 has been d¢ninnt Pedrar-diseStep, 508t i s not critical and other suitable
scal ings may be enpl oyed. To niq 1 ze tenporal discontipuit t.he uni que

random zed arfgilféxﬁlaplﬁelfftﬁ’lo “é‘ﬁ%‘FP !Q Vg dearantized seaieianions o F;é)f‘g?ez%?f does not
chaae iy ) LRI 156 s e lesicl o bbb g, subbere
updat ed sghark et of d[092r-al ©01 Hields twhenluesioé . BTBIeMal @By orrel ation Scal e
(i whi ch casHenFhbBeaEhSHRbacale BroeL A (Befftin ¢ he dequanti zed
frame subban %ﬁf&!ﬂﬁy,v\e@ﬁmeaﬁﬁnsient Flag indicates no transient, apply a slight

additional boost to Subband Scaie Factor levels, dependent on Subband Decorrelation

20  Scale Factor levels: multiply each normalized Subband Amplitude Scale Factor bya
small factor (e.g., 1 + 0.2 * Subband Decorrelation Scale Factor). When the Transient
Flag is True, skip this step.
Comment regarding Step 509:

This step may be useful because the decoder decorrelation Step 507 may result in
25  slightly reduced levels in the final inverse filterbank procesé. '
Step 510. Distribute Subband Amplitude Values Across Bins.
Step 510 may be implemented by distributing the same subband amplitude scale
factor value to every bin in the subband. '
Step‘ 510a. Add Randomized Amplitude Offset (Optional)
30 Optionally, apply a randomized variation to the normalized Subband Amplitude
Scale Factor dependent on Subband Decorrelation Scale Factor levels and the Transient

Flag. Inthe absence of a transient, add a Randomized Amplitude Scale Factor that does



30 rendered irrelevant). As the Subband Decorrel ation Scal e Factor val ue
di m ni shes toward zero, the random zed angle offset al so di m nishes toward
zero. Unlike Step 504, the scaling in this Step 507 may be a direct

function of the Subband Decorrelation Scale - 49 - Factor val ue. For
exanpl e, a Subband Decorrel ation Scal e Factor value of 0.5 proportionally
reduces every random angl e variation .byy.0.5. The scal ed random zed

angl e value may then be added to the bin angle from decoder Step 506. The
Decor r el Batichbenssceitie tikwpomos bindtybinibasig (didfeeant faeebipde bin.cand, inlthet he

presence | ent, Fl for t ang, | D, 1.S;.Ski d,..to avoid
transi enk I%‘Ibern g‘?\ gf%e f’li'tf(ﬁﬂ:&‘g frame Orlﬁ?cﬁis’aae@i q’%%%ﬁ%f]ﬁ%e%e%@%@:ée gg@&‘ Fagks
above nefapdhangadth abkerbythlsc e (AEtkraltifeeh blodk acblotERmMathhddl fFgghni que
2 to the angle shift applied before downm xi ng. Doi ng so may inprove alias
cancel | afbbind g Sllhbaruie@lwm.eﬂh@ﬂﬁwﬂdqwmﬁesvb sk iditfegenttfonm pehbanditng 10 ,
the sync | &1 I decoder. Step 508. Normalize '
Anpl |§t u@%@%ﬁgﬁégﬁe&ﬁlgygn r%g’?inzlgﬂs nﬁv lde Scal e Factors across channel s

so that they Gommsaitaegaiding St pt regarding Step 508: For
exanple, if two channel s have dequantized scale factors of-3.0 dB (= 2 *
15 granul ar i t4dtyugh the degree torghivh randopuized gmplitudeehilisprgadded way beo2 .

o7z (Bl HEDRBE S I Yoty 0% vgcyalthudd SR BN RS )
Opt i onalvajue shbeld cahse [Bssamplntle Fhifghandic catresponding randdindsdd, plaspshifia sl i ght”
addié{)i onal boo%gg%Subband Scal e Factor, | evel s endent on Subband:

d
DecdPr elrspitEg pameseal e fackosvalug in pider F%‘Spi@%q%ﬁﬁ@ﬂfﬁm-z ed Subband

Anpl i tude Scajig, Efgt a small factor (e.g., 1+ 0.2 * Subband
Decorrel ation @:a?e g?gt%%?). When the Transient Flag is True, skip this

step. Comment r egar. #ongachttep ob6&ch output channel, chhitaics & epmpley ubmixiseflel!
because the decoder correlati St ep 507 result in slightly
reduced | evel %c(i?‘?ﬁ?ﬁ’i’gg? mﬁfqadfwgﬁe@dﬁp ﬁeBrSr?gﬂ d thefun augle O%gemder

Step 507: (amplitude * (cos (angle) + j sin (angle)).

15 b. For each output channel, multiply the complex bin value and the
complex upmix scale factor to produce the upmixed compléx output bin value of
each bin of the channel. |
Step 512. Perform Inverse DFT (Optional).

Optionally, perform an inverse DFT transform on the bins of each output channel

20 . to yield multichanne] 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 reconstruct the final
continuous time output PCM audio signal,
Comments regarding Step 512: |
25 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 éhannel below that frequency, it may be
desirable to convert the DET coefficients derived by the decoder upmixing Steps 511a
and 511b to MDCT coefficients, so that they can be combined with the lower frequency
30 discrete MDCT coefficients ;md requantized in order to provide, for example, a bitstream
compatible with an encoding system that has a large mumber of installed users, such as a

standard AC-3 SP/DIF bitstream for application to an external device where an inverse



Step 510. Distribute Subband Anplitude Val ues Across Bins. Step 510
may be i1 nplenented by distributing the sanme subband anplitude scale factor
value to every bin in the subb and. Step 510a. Add Random zed Anplitude

O fset (Optional) 300ptionally, apply a random zed variation to the

normal i zed Subband Anplitude Scal e Factor dependent on Subband

Decorrel ati on Scal e Factor |levels and<the Transient Flag. In the absence
of a transient, add a Random zed Anplitude Scale Factor that does - 50 -
not chang@sfidnhniy BEp@fbrell Aoiyvaise DFdStrans(atinfthey enipplica 1o Bhés fah&1 N) ,
and, in the presence of a transient (in the frame or block), add a

Randoni 2atpubgbannelide peradelEXEPYPIShat changes on a bl ock- by- bl ock basi's

(different fromblock to b.&‘e%%)z g?qf'g’% gﬁg&mﬁybband to subband (the
ana; di

sane shift for all bins ina su erent from subband to 5

subband). Step 510a is not PEHoSemsitividy Factrd ykled Corment regar di ng St ep |
510a; Although the degree to V\/niﬁ random zed anplitude shifts are added
may de controlled by the Decofrefaligfe @Upactor, it is believed that a

particul ar seglg. r ﬁ{kﬂﬁggpb_ I | ). ' t he
- correspondi ng rar%%@%n&fzeéig peggne shift %ﬁ%ﬁﬁ?@ﬁ%@%&rﬁy?ﬁgﬁé&%&h&%a e
~factor veditckto shoat Wagthtaodimidodksaa dinptovequre-efimgiesforarer. High-pdsk filipnsdx.

a. For each bin _of .each output nne] , construct a conpl ex upm x scal e
Factor FEGTAMSIOR U RIS SRt CaLi SouH S BE R He oBb PR PIGEE HE1S decoder
Step 50, é{{%'tﬁe%%t.’su&ﬂiécl&wkﬁﬁmﬁbdﬂ&g&%ﬁgﬁﬁ&m@ﬁﬁ%ﬁ%w out put

channel , Itiply the conplex bin value an
10 detected in the second half of an audio block in a channel that channel switches to a short

block. A channel that is block-switched uses the D45 exponent sirategy [i.e., the data has
a coarser frequency resolution in order to reduce the data overhead resulting from the
increase in temporal resolution]. __ |
- The transient detector is used to determine when to switch from a long transform
15  block (length 512), to the short block (length 256). It operates on 512 samples for every
audio block. This is done in two passes, with each pass processing 256 samples. Transient
detection 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 outpuis a flag bikswn] for each full-
20  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 direct form II IIR filter with a cutoff of 8 kiz.
2) Block Segmentation: The block of 256 high-pass filtered samples are
25 segmented into a hierarchical tree of levels in which level 1 represents the 256
length 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
30 are found as follows: - ' |
P{i][k] = max(x(n))
forn=(512 x (k-1) / 2%), (512 x (k-1)/2) + 1, .. (512 x k/27)) - 1



conpl ex upm x scale factor to produce the upnai xed conpl ex output bin

val ue of each bin of the channel. Step 512. Perform | nverse DFT
(Optional). Optionally, performan inverse DFT transformon the bins of
each out put channel 20 to yield nultichannel output PCM values. As is well
known, in connection with such an inverse DF1l' transformation, the

i ndi vi dual bl ocks of tinme sanpl es aresm ndowed, and adj acent bl ocks are
over | apped and added together in order to reconstruct the final continuous
time output PCIVI authdKsilgral Uddinents regarding Step.512: 25A decoder

according to the present invention nmay,not i RCM.out puts. In the
case where the decodgﬁerﬁrB@és%?g%méggl&hggsgieg’%g&/@sﬂ% gi ven coupling
frequency, and discrete MXT, 80pfihehRphehiad SeRPRtmber €ach channel bel ow
that frequency, it may be desSirtable to convert the DFT coefficients
derived by the decoder upkixthageghhapsumbiawihid 18dh t o MDCT coeffici ents,
so that they can be conbined with the | ower frequency 30 discrete MDCT
coefficients and requamgte et P[j1[on,dee., ke0)dk dufinka, toberih fehe RsHi t St ream
conpatible with an encodi ng systemthat has a Iar(gg nunber of installed

users, such as a §tSmemcn lace3osertiee calcplatedagmmediatelysior dathesyrment an

Chver se DET ¢ ans e ey iR ERA s prb bR 6, PR B GRPC  F
provi de PCM out putige. Section 8.2.2 of theA/52A Docunent Wth Sensitivity
Factor "F' Added 58.2.2. Transient detection Trancients are detected

inthe full- bandMHm%Mﬂ@@W°$rH&ﬁ$W%&e&fdbe ﬂﬁ@ﬁhﬂd&oﬂﬂa{%ﬂf to short
lengt h audi Oglgéc%hassete?fﬂlgpé ﬁ‘é@%&hﬁ&?&ﬂ@%ﬁ  ABRGGent ISR RRRSs Pbﬁé er ed
versi ons of e signal's are exam ned For an 1 ncrease in enérgy fromone

sub- bl ock t i besmpamiy the @vedall peak valuSenflof descuarent Bloakriowethilehcedi f f er ent
tinme scales. If _a transient is 10 detected in the_secaond half_of _an audio

block in a cHaesheld’s HAIEHS belew Wi theashaldthene longblodyisEprceda The sHende t hat
i's bl ock-swi pehed; #S8s. ' Fm% a
coar ser frequenc?/lreso %{i;ﬁg@ﬁ?gﬁor er 1o é%%@gx?lhg gc’trghgl%{gr%ﬁ%%l
resul ting frpeaktlbeels afadjaent segniantpor edch dewsd bfithedidrarchival treea hthe peak
: det%ctor is used to determne when to switch frlomla | ong tra %form

1 evel exce efined

ratio of any two adjacent segments on a particular a pre-
threshold for that level, then a flag is set to indicate the presence of a transient in

the carrent 256—Iéngth block. The ratios are compared as follows:
| . mag(P[FIK]) x Tf]> (F * mag(Pfli(k-1)])) [Note the “F” sensitivity

factor]
20  where: T[j1is the pre-defined threshold for level j, defined as:
| T[1]=.1
T[2] = .075
T[3]=.05

If this inequality is true for any two segment peaks on any level,
25 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
30  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



15 block (length 512), to the short block (length 256). It operates on 512
- sanples for every audio block. This is done in tw passes, wth each pass
processi ng 256 sanpl es. Transient detection is broken down into four

steps: 1) high-pass filtering, 2) segnentation of the block into

subnul tiples, 3) peak anplitude detection wthin each sub-block segment,
and 4) threshold conpard son. The transi ent detector
outputs a flag bl ksvv[n] for each fuIF 0 bandwi dt h-channel, whi ch when
set to " ongiut tRaneRI(@SoHE chﬁxﬁﬁﬁ)@ﬁﬂiﬁ‘m&]ﬁdr@ﬂFi@rﬁﬁ]leanbPe&%ﬁﬁﬂéﬁi hal f of
the 512 | ength input block for the corresponding c annel 1)

Hi gh- pasBefausedt Mgy cormend @nheﬁiw fﬂm wanbsrofinmt ehamnels o is greater dsasiied

Seqnont ol Rbls et b BonVl Syffth frngPloafd fi . vap e setmten: oo

into a ht.;egigafr PQ@-@fnvbﬁMﬁieinld@s tioh. | evel 1 represents the 256
| engt h bl ock, _| evel IS two segnents of length 128, and level 3 is four

_ segmehts of &ﬁf&rﬁﬂsm the details of FIG. 6@%%@3@@@@@3%@%0@&@%@ t he

I t { h
h?;?gfchl ca{i T%olr[jacelgAn%kéeRg%aﬂslé gﬁlt{vg!s?%rgﬁﬁgﬂ g\gg{ﬁeﬁ%ar e gl%}{jl %ﬁ%o ﬁtfe(}l’ SE ©
PLjTLK] Guﬂﬁ%‘(mémé aﬁlﬂfedmo & dowhdix n{atrid feviceds ﬁm(stﬁah%’x“mhwﬂ:ﬁmZMam 3)

. (512 x k 1 21) - 52 - and k =1 1) where: x(n) = the
nt h sanppeﬁmmﬁéa%é P@ﬂémmse&fwf acﬁ@mzﬁnéhaté:r%@esrwthwaa gmpdal | evel

number k fiom fef ha.ﬂlflelb%rm Llnﬁ c%\ﬂﬁi&df i le | eorttgﬁflﬂtﬁlle eis '

1c=0) is de |ned to peak o segnent on l'eve
t r eelcal matrixt esbificomd miydiqmeqﬂrar@om;ﬂ)ex frealand nmmgmmw)a eOthEr)deﬁmramlde

P[3][4] in the p e tree is P[3]L0] . .in . the current_tree. 4) Threshold
Conpar i sBHct clipaBreice b ety ﬁé&ﬁ@ﬁé@%ﬂéﬁﬂ@rbw ghd they bear the same

reference mmerals.

Downmix Matrix 6° may provide a hybrid ﬁ‘equency—dependent function such that
it provides, for example, ms.p channels in a frequency range f1 to 2 and mp g channels
15  ina frequency range {2 to f3. For example, below a coupling frequency of, for example,
1000 Hz the Downmix Matrix 6” may provide two channels and above the coupling '
frequency the Downmix Matrix 6’ may provide one channel. By employing two channels
below the coupling frequency, better spatial fidelity may be obtained, especially if the
two channels represent horizontal directions (to match the horizontality of the human
20  ears).
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
Downmix Matrix 6’. In eome cases, adceptable results may be obtained when only the
25  amplitude seale 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 multiple channels generated by the Downmix Matrix
6" need not be fewer than the number of input channels n. When the purpose of an
30  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 preduced by downmix matrix 6’ will be fewer than the

number of input chancels n. However, the arrangement of FIG. 6 may also be used as an



10checks to see if there is significant signal level in the current bl ock.
This is done by conparing the overall peak value P[1][1] of the current
block to a "silence threshold". If Pop] is belowthis threshold then a

| ong block is forced. The silence threshold value is 100/32768. The next
stage of the conparator checks the relative peak | evels of adjacent
segnents on each level of the hierarchycal tree. If the peak 15rati o of
any two adjacent segnments on a particular |evel exceeds a pre-defined

t hr eshoFdpmixer.? waztthamase,,thommﬂydvefapa@ca@nﬁénW%lt?hitﬁ%wl@a & of fpagelsdBnce of a

transient jn e current .256-1.epgi h bl ati ared as

fol | ows PO ““JF%Y gfeju]jr)f)mE%“]”F8>ls(%ow%n%g%gﬁyﬁa%fkﬁ?ﬁt%h te the "F"
sensitivity frpaeh@&k ad Quheibed inl¢dnnettionivich fifecexdmblen of FIGE € Baind 6fmay | evel

j, defined as: T[1] = .1 T[2] = .075 T[3] .= .05 If this ineguality is true
for any aismn@@éﬁri[b?{l qy@al@aiﬁﬁca@@r qré‘?‘éqé,ﬂ& eninprderin de 4 t:hﬁdi cat ed
for the first.half of : : LU ough
t hi sg pr 6‘8@3@%’&“ 81;1%9 %%B}%Sg&%]rﬁe%%gno &gﬁg?gﬁdga :Bﬁ S}? egg%ggﬁg%ﬁgq of

t he 512 ph@ygs Suiiablitestitsd Ckhe resffisaddicign determination cotbbeetsddd inprovethesent

i nvention are not limted to N.1 _encoding as descrihed.in 3Q _connection
Wit h FI @arametops by cguneyins, ?6@%@&@%‘%@?%%%0%@8 Bi ‘Em e to

the transfop i | N4 i WYL peteranal for CRarnpRYsn SRAFBRICE) t O
any nun@%%‘%@gﬁs‘eﬁ%q{m% put c ar?ﬁge(lxgﬂ(?%& ut put 6hz§1'nn_el_‘{é;n[)é iIil’l t he manner of
FIG 6 (iefoge theMeit bhchdhdgin orBadansieiniae ferdelayominnsmiting & block afaudie

nunber of input channels n i s greater than the nunber of output channels
m 1fe mmw@%ﬁsaﬁa@ﬁéﬂ%ﬂ& B will be referred. to as

“downrbdng” fQf 50 BIEEhich tReaRbIR @ incRBeS B sWhdedodet dialcdgding| s of
FIG 6, instead o umm ng the outputs of Rotate Angle

function could also be employed advantageously when spatial parameters are not stored

or sent only for certain blocks. If unsuitable decoding would result from not sending -
spatial-parameter sidechain information, such sidechain information would be sent for the

15  particular block. In this case, the decoder may be a modiﬁcétion of the decoder or
decoding function of FIGS. 2, 5 or 6 in that the decoder would have both the ability to
recover spatial-parameter sidechain information for frequencies above the coupling
frequency from the incoming bitstream but also to generate simulated spatial-parameter
sidechain information from the stereo information below the coupling frequency.

20 " In a simplified alternative to such local-decoder-incorporating encoder examples,
rather than having a local decoder or decoder function, 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
frequenocy range), and, if not, it would send or store spatial-parameter sidechain

25  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,

30  wherein an upmix matrix finction or device (“Upmix Matrix) 20 receives the 1 to m
channels generated by the arrangement of FIG. 6. The Upmix Matrix 20 may be a
passive matrix. It may be, but need not be, the conjugate transposition (i.e., the



8 and Rotate Angle 10 in the Additive Conbiner 6 as in the arrangenent of
FIG 1, those outputs may be applied to a dovhm x matri x device or
function 6' ("Dovvmmix Matrix"). Downm x Matrix 6' may be a passive or
active matri x that provides either a sinple summation to one channel, as
in the N:1 encoding of FIG 1, or to nultiple channels. The 10 matrix -
coefficients may be real or conplex (réaF and inmagi nary). Qher devices

and functions in FIG 6 may be .t he t he @arra nt and

t hey bearcopipéemenbeohth ﬁﬂ aqs §¥Elea‘l§1d 6 %’iwntl\/ég %gy

provi de agq?gg mef,]{ xﬂ%e&&%%xfw%dbm@uﬁﬁdr assweﬁeﬁmﬂes for
i fl\g anne

exanpl e, frequency range if to 12 and nf 243 channel s
15 in a fdoﬁﬂwmmoslmﬂmgeaﬁam@mhmx%memm@m@@m elpyedadp % equency

f, f 1000 Hz the Doyv ’ |
and aﬁévééﬁn@imwﬁwtagfmé R S i ot iy POV MIs £ BARTE S
chan ngl @ﬁmhepfénae%ttmgg PRVMGLE Negtie W ThHesideohyth inforhatiausacle ajpdicder

spati al el 1Ty may tained, especially if the two channels resent
hori zont ais showe it FERT {dt as mamtmhhe Atﬂmst émivémdee oerte Aﬁelew#e(ﬁpfze@i}p

Al t hough FIG .6 s the enera n tlonfor
~each cha%W%?ofﬁmf’ viccﬁr ﬁlate ?U? be poss&‘bqvgfn?%tﬁg’mt
certain Ocﬁ)%ﬁ ARnEEARCHBNLS sildvisHhﬁﬂlﬁ;Eérﬁ:ratmﬂeﬂd mp&ndshmly torthe chramnls| s
provi ded t he out put of the Downm x Matrix 6, In sone c g‘iicept abl e

results r@ph@btoabt Altnmdh“ﬂafn&‘@m gt qlhefﬂz%m&?ﬁham igfrmahgn may @taBPh ®echai n
oot e pebe Rt 5 froiit ats bpefalith. B GRGSBRor oll o YA GHR! Bnpliude,

regarl I SCUSSse é| OwW I n connect on Wi

descri pt iffsieAndtd, G3d Ifterpbl@befdctids ¢ridevicammby ba enhithhio Ve Iﬂ&mdﬂul t I pl e
channel s generated by the Downnix Matrix 6' eed not ge fe han t he

nunmber ofemamplﬂof&ﬁéinﬁen@ ﬁsombﬁﬁi@a%?%?é’ s in

‘FIG 6 ist ducethennber f it is
i kel y t HERPIHE YREREIGR™ U det g, s&pr Splilo é& BRARA BN inToRiRiGn | ¢ |

fewer thap; Fmg\@gﬁfsof I nput channels n. However t he arrangenent of
FIG 6 may a

be used as. an - 54 - "upm x In t th%re may
be agpl i cati onWhim UpmiigMatgies %}ﬁﬁérac%‘fe%ﬁﬁlﬁn e’éﬁﬁg? AL "Bownmi x

Matri x 6' nore.t ha fEers as

descri beo"W ﬁ%é% ?glﬂy#qw%ﬁ%‘g&exanp: es.I Fﬂﬁggh&lﬁ% 5@%%0' 6 may al so

' pcl Ede t &ifRbllerftdBod @G PéteRieT THGDria? imtbisadhtest fefers to the fact tot derdecodetanayr ni ne
[ t

derive some measure of control information from its mput audio signal (i.e., the active
matrix responds to spatial information encoded in the channels applied to it) and a further
90  measure of control information from spatial-parameter sideehain information, Other
elements of FIG. 7 are as in the érrangmneﬁt of FIG. 2 and bear the same reference
numerals.
Suitable active matrix decoders for use in a hybrid matrix decoder may mclude
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 IT”
~ decoders (“Pro Logic” is a trademark of Dolby Laboratories Licensing Corporation).
Alternative Decorrelation
FIGS. 8 and 9 show variations on the generalized Decoder of FIG. 7. In
particular, both the arrangement of FIG. 8 and the arrangement of FIG. 9 show
30  alternatives to the decorrelation technique of FIGS. 2 and 7. InFIG. 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,



5 audio informati on and the sidechain information, when decoded by such a
decoder, would provide suitable results. The results of such a

determ nation could be used to inprove the paraneters by enploying, for
exanpl e, a recursive process. In a block encodi ng and decodi ng system
recursion cal cul ations could be perforned, for exanple, on every bl ock
before the next block ends in ordé&6-to mnimze the delay in transmtting
a block of audio 10 |nfo natlon and. i ts_associ ate 9§$pa Lal parameters.

An ar r anffEReSHYC deCaRmsater Vicgs é'969%¢1a@é% andonagd difer or
decodi ngaEHRGE; B! %&1@} 8¢ @g%]&w&s@x&fbe%ﬁvagé ﬁﬂé&gﬂgm%& $0 e

paraneters are not ore or certain unsui t abl e
decodi ngchumntlIn bathithe Fiarf ant FKérithmggsmantisadacha)f &wd})enorlslaltus 46,48,

i nf t] h dech f t ld b f t 5.
bar 1 ool 30550 B uinle e o it aputs aty BTy Sore it of 1 he
decoder ﬂ:%{yaﬁ@@éﬁc!ﬁ%tﬁéin%é E‘bc@freﬁh@Scﬂe@a@ﬁmﬁl etlﬁéﬂ td Etﬁm‘iﬁ%ﬁ'er woul d

have both the ability to recover spatial - paranmefer sidechain i nf or mati on
for fr eq@r@ﬁmlgﬂl@mt)@f tsh@el@tﬁsﬂﬁo ungorreleiod sgogl rrovided eeachebaringly bi t st ream

but al so ne ted s ain.infermation
£t om t neObRaPER TR 503 RRb kB S ETHRIRL B AR (Rt PR

si npl i fipdcatdigonas is@gl&@ﬂbﬁo@ﬁﬂbotﬁﬂ%ﬂﬂ 8 EFIO0 QMaﬂﬁxﬁélﬁ@@@éh
exanpl es, rather than having a | ocal decoder qr decoder_ function, the

encoder Petarelaipippy be poskracderibie renerkerator hayang itgewa uigpediltghal ' cont ent
bel ow t | e,
®sum of TPREHEE dn W BRRNARE LERABPH D tihH s SlRIsYy i) ana, ©

a sum of € energy I n trequency ange), and,

i f not, decomelatich sakdacor Ghmplaenanped, fal examptmrby eonisdleg thaidegi2b t¢ whizhmat i on
rat her t not _doi n so I f the energy were. above the threshold. endi ng
on the etﬂ%g)@ftwae %feh ut fogRs &ipgH aﬂlﬁ?ﬂérc joB &f &Fﬁ?%@“@@%lﬂi and

frequen Y% [ g
1 eauen oY ARLSAHISS bt SRIRH S Bhig: @B B cRFRIED
ar r angepitingr abdnefer @ c@mbimatiuwnithi caclrbBePor @ﬁhm/rﬁe:hmedelalrypel Evierbenaom. | X
functio r eV|ce pm X _Matr i 20r celvesthe t.o. m chan nes
gener at SEGIEHEPSY BB ATG e lHkbo V8 R e KNS R g
passi Veﬁﬁ@éﬂi "Tolbﬂemlﬁwéve?ﬁﬁgtzﬁmbm RISehr6Qt Ya@ Ber. tL(%'a%DB@' t ion
(Le., - 55 - conplenent) of the Downmi x Matrix 6' of th . 6
arr angeﬁfmnsactpqm@n igelo), Ath® pp. 209-214,1961 and "Natural Sounding Ariificial
Reverberation” by MLR. Schroeder, Journal A.E.S., July 1962, vol. 10, no. 2, pp. 219-223.

When the Decorrelators 46 and 48 operate in the time domain, as in the FIG. 8

arrangement, a single (Z.e., wideband) Decorrelation Scale Factor is required. This may
be obtained by any of several ways. For example, only a single Decorrelation Scale
Factor may be generated in the encoder of FIG. 1 or FIG. 7. Alternatively, if the encoder
of FIG. 1 or FIG. 7 generates Decorrelation Scale Factors on a subband basis, the
Subband Decorrelation Scale Factors may be amplitude or power summed in the encoder
of FIG. 1 or FIG. 7 or in the decoder of I'IG. 8.

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. 9
may optionally receive the Transient Flag. In the ttme-domain Decorrelators of FIG. 8, the

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



Upm x Matrix 20 may be an active matrix- a variable matrix or a passive
matrix in conbination with a variable matrix. If an active matrix decoder
is enployed, inits relaxed or quiescent state it may be the conpl ex
conjugate of the Downm x Matrix or it 5 may be independent of the DownrniXx
Matri x. The sidechain information may be applied as shown in FIG 7 so as
to control the Adjust Anplitude, Rpyate Angle, and (optional) Interpolator
functions or devices In that case, the Upmix Matrix, if an active matrix,

oper at eDecamelgindeniiexgmple, theDecaresdsion May ApeRivasiaohader-8B®sonds only to
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i nformation nay be appli t1v riX to assls S
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Angl e, and | nterpo] ator. [ i ces y he omtted. The Decoder
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syat em TP LR A LORGRES titihsrdbg Pl of & SPfR oA b0 der oy
derive sRIBpIERASHES Hortq8 kA milikesHR) inefeabd RMnRuddiRYhe Suahd 18l gnal
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channel syi@BRkh&fal Qctlire@nd a further 20 measure of control information
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as in the ardabgérbatlGs8 md? arranggnisats: an serpalator 28 (3 eerarotiadiby Hies .

Sui tabl e_act i mat rix decoders.for use.in a hybrid matrix.decoder nmay
el uge optiondl Gt el 759 R Sde Alerb it Lator B el A R SE Bisanc
I ncor porgaisifl dMR St8fcCABRRES &3)1iRalHaMMe as fdRkcr@aoRe. matri x decoders
known as "Pro Logic" and "Pro Logic H' decoders ("Pro Logic" is a

trademar k of /Bongytiangd @bavemhsn twoes mirs gh@melsorasdnd im) additiandprsidechain
Decorrel.ati s FIGS. 8 d 9 show variations,on the generalized
Decoder pRRion. it maf bt TRy RLbBH SR lnh WirRERES 00 |
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Alternatively, only the amplitude scale factor, the Decorrelation Scale Factor, and,
optionally, the Transient Flag may be sent. In that case, any of the FIG. 7, 8 or 9
arrangements may be employed (omitting the Rotate Angle 28 and 34 in each of them).

As another 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 (omiﬁing the Decorrelator 38 and 42 of FIG. 7 and 46,48, 50, 52 of FIGS. 8
and 9).

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

channels are shown.

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

variations, or



respective decorrelator functions or devices ("Decorrelators”) 50 and 52
are in the frequency donmain, each preceding the respective |Inverse
Filterbank 30 and 36 in their channel. In both the FIG 8 and FIG 9
arrangenents, each of the Decorrelators (46,48, 50, 52) has a unique
characteristic so that their outputs are nmutually decorrelated with
respect to each other. The Decortgfati on Scal e Factor may be used to
control, for exanple, the ratio of_ correlated to uncorrel atal signa
provide&qpﬁakﬁ@ﬁg%ﬁﬂ%ﬁ@ﬁﬁl@ﬁﬁ?@ﬁ%ﬂﬁ%ﬁEﬁmmy skamént Fl ag nay al so be used
to shift the node of operation of the Decorrelator, as is explained bel ow.
In both the FIG 8 and FIG 9 arrangenents, each Decorrelator may be a
Schroeder-type reverberator having its own unique filter characteristic,
in which the anobunt or degree of reverberation is controlled by the
decorrel ation scale factor (inplenented, for exanple, by controlling the
degree to which the Decorrelator output fornms a part of a linear

conbi nati on of the Decorrelator input and output). Alternatively, other
control |l abl e decorrel ation techni ques nay be enpl oyed either alone or in
conbi nation with each other or with a Schroeder-type reverberator.
Schroeder-type reverberators are well known and may trace their origin to
two journal papers: "'Colorless' Artificial Reverberation" by MR
Schroeder and B.F. Logan, |RE Transactions on Audio, vol. AU-9, pp.

209- 214,1961 and 'Natural Sounding Artificial Reverberation" by MR
Schroeder, Journal A E. S., July 1962, vol. 10, no. 2, pp. 219-223.

When the Decorrelators 46 and 48 operate in the tine domain, as in the
FIG 8 arrangenent, a single (Le., w deband) Decorrelation Scale Factor is
required. This may be obtai ned by any of several ways. For exanple, only a
single Decorrel ation Scale Factor nmay be generated in the encoder of FIG
1 or FIG 7. Alternatively, if the encoder of FIG 1 or FIG 7 generates
Decorrel ati on Scal e Factors on a subband basis, the Subband Decorrel ation
Scal e Factors may be anplitude or power sunmed in the encoder of FIG 1 or
FIG 7 or in the decoder of FIG 8. When the Decorrelators 50 and 52
operate in the frequency donain, as in the FIG 9 arrangenent, they may
receive a decorrelation scale factor for each subband or groups of
subbands and, concomtantly, provide a comrensurate degree of

decorrel ation for such subbands or groups of subbands. The

Decon-el ators 46 and 48 of FIG 8 and the Decorrelators 50 and 52 of FIG
9 may optionally receive the Transient Flag. In the tine-domain

Decorrel ators of FIG 8, the Transient Flag nmay be enployed to shift the
node of operation of the respective - 57 - Deconelator. For exanple, the
Decorrel ator nay operate as a Schroeder-type reverberator in the absence
of the transient flag but upon its receipt and for a short subsequent tine
period, say 1 to 10 mlliseconds, operate as a fixed delay. Each channel
may have a predeterm ned fixed delay or the delay nmay be varied in
response to a plurality of transients within a short tine period. In the
frequency-domain Decorrelators of FIG 9, the transient flag may al so be

enpl oyed to shill the node of operation of the respective Decon-el ator.
However, in this case, the receipt of a transient flag may, for exanple,
trigger a short (several mlliseconds) increase in anplitude in the
channel in which the flag occurred. In both the FIG 8 and 9

arrangenments, an Interpolator 27(33), controlled by the optional Transient
Fl ag, may provide interpolation across frequency of the phase angl es

out put of Rotate Angle 28 (33) in a nmanner as described above. As
nmenti oned above, when two or nore channels are sent in addition to
sidechain information, it may be acceptable to reduce the nunber of

si dechain paraneters. For exanple, it may be acceptable to send only the
Anplitude Scal e Factor, in which case the decorrelation and angl e devi ces
or functions in the decoder may be omitted (in that case, FIGS. 7, 8 and 9
reduce to the sane arrangenent). Alternatively, only the anplitude
scale factor, the Decorrelation Scal e Factor, and, optionally, the
Transient Flag may be sent. In that case, any of the FIG 7, 8 or 9
arrangenments may be enployed (omtting the Rotate Angle 28 and 34 in each
of them. As another alternative, only the anplitude scale factor and
the angle control paranmeter may be sent. In that case, any of the FIG 7,
8 or 9 arrangenents may be enployed (onmitting the Decorrelator 38 and 42
of FIG 7 and 46,48, 50, 52 of FIGS. 8 and 9). As in FIGS. 1 and 2,
the arrangements of FIGS. 6-9 are intended to show any nunber of input and



- 58 - equivalents that fall within the scope of the appended clains. 59
Clains 1. A nethod for decodi ng M encoded audi o channel s representing N
audi o channels, where Nis two or norg, and a set of one or nore spati al
paraneters, the nethod conprising: a) receiving said Mencoded audi o
channel s and said set of spatial paraneters, b) deriving N audio signals
fromsaid Mencoded channels, wheregqyjgach audio signal is divided into a
plurality of frequency bands, wherein each band conprises one or nore
spect r all. ¢ometndrbsdecaditg M egarled atdinghannsld reprsheming N autip ohansielgnal from

the N audi o signals and the ati al paraneter wher eb is .t or nore,
at | east OW¥T® léé‘fv‘éiof\m&{?d?%ig?f&r? °8 Pgmé’r%ﬁi}aﬁg]ipé’faéﬂ&#gtyﬁfm&% ved from a

wei ght ed coplAgLi on of at |east two of said Mencoded audi o channel s,
'said set of spatial parameters includes a first paranmeter indicative of
t he anpunt of) ancaiviogssiéMerebdsil gndip channelsandiseid st eloprbilavemadsignal and

t i ncl ydes deriyvi t | t |.at ' f id at
east bne coPt aicatas X rilaPlenafiarin HF o PRRUET BB R AL P RES ]

| east one Co”ebli'%aﬁfi Flighfintd @ pReditly af fieg@siy barlsywherciredagh 8andsi gnal in at
| east one channel of said multichannel output signal in response to one or

ones of said spanipaiscecNTENEe SPeoiiRbe®PROISHEISgaont rol 1ing is at | east -

partly in accordance with,sai i . g;qgl‘.s ggf claiml
wherei n st epcc)geflﬁrc?”ﬁ%l %nuété%a%%éﬁ@af %%%%r?f?@g%%e%ﬁg&gﬁl orr re}lﬁat ed signal by

appl ying an ar tgphfiglipatanieter beration filter to said at |east one
correlated signal. 3. The nethod of claim1 wherein step c) includes
derivi ng sai wharehyeast one uncorrel ated signal by applying a plurality of
artificial r ?%R’@({@Itﬂl(?% filters to said at | east one correl ated signal.
4. The method of claim3 wherein each of said plurality of artificial
rever ber at i ont feakiteme of kaid Naawdio sigeal is 2 enraited sighadrdesvédirom a weighted

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

said set of spatial parameters includes a first parameter indicative of the amount
of an uncorrelated signal to mix with a correlated signal and

step ¢) includes deriving at least one uncorrelated signal from said at least one
correlated signal, and conirolling the proportion of said at least one correlated
signal to said at least one uncorrelated signal in at least one channel of said
multichannel output signal in response to one or ones of said spatial parameters,

wherein said controlling is at least partly in accordance with said first parameter.

2. The method of claim 1 wherein step c) 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 c) includes 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 plurality of artificial reverberation filters

has a unique filter characteristic.



- 60 - 5. The nethod of claim1 wherein said controlling in step c)

i ncludes deriving a separate proportion of said at | east one correl ated
signal to said at | east one uncorrelated signal for each of said plurality
of frequency bands, at least partly igyaccordance with said first
paranmeter. 5 6. The met hod of claim1 wherein said N audio signals are
derived fromsaid M encoded audi o channels by a process that includes
dematri xi ng said M encoded audi o channel s. 7. The nethod of claim®6
wher ei n 5t hEhaimathbd ioﬁtlaign b pereatin saidicohealiing pastep v) includes@oivirer 4 @pificne or

f d spatial . ters. 8. t hod f claimg 1 - 7
Curthor o oMBPSPR Tl A IR b Somelyit Seadkoondap et e SepARER sEnih  aq
| east one gt e%‘dis&id?lhﬂhﬁtysdfg’f@héndyrbah% RPRE& ﬁaﬂlﬂﬂ%c@érd%%ﬁf sapfifkt

spatial paraneters. 15 9. "The net hdd of "any of clains -8 wherein said
mul ti channedrameeiephut signal is in the tinme donain. 10. The net hod of
any of clains 1 - 8 wherein said nultichannel output signal is in the
20f requency donmain. 11. The nmethod of any of clains 1-10 wherein Nis 3

or mores6, The mdtBod ANclaippPa faiersin QAT nsdif GighBa A REIBY gemt RIERT dnto@t each

of the steps of any one of the 25nmethods of clainms 1 -
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 components 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
20 frequency domain.

11. The method of any of claims 1 — 10 wherein N is 3 or more.

12. An apparatus comprising means adapted to carry out each of the steps of any one of the
25 methods of claims 1 —11.



