1 MATRIX DECODER Cross-Reference to Related Applications This application claims the benefit
of priority of United States Provisional Application No. 61/010,896, filed January 11, 2008, hereby
incorporated by reference. Field of the Invention The invention relates to audio signal processing.
More particularly, the invention relates AT RINI®@DiIREBcoder or decoding function or to a
computer program stored on a computer-readable medium executing the decoding function. Although
the decoder or decoding function is particularly useful for playback from a portable player using a
headphone or loudspeaker virt§dWserRe/Riglfi% H’e@ﬁf&%ﬁﬂ@éﬁfffﬂﬁsfunction according to aspects of
the present invenkign dppiektionteddensudie useseBuofmaiyrifthe |bvettioStates| Parosialasice with an
aspect of I inventi ! ' i v E%SESF ignal pair Lt, Rt,
in which é%ﬁll%é% ?@gabﬁgg %%gﬁ’l%fgg%a%fr%%@gf%}n%gg@qge%%%g the reégrgcﬁﬁ'ced direction of
decoded signals, comprises panning Lt &4 6 d¥6RI88sociated with front directions in response
to a measure ofThe sivenabh relacRivheid giestbptbannmeAdore of tivelditferbacetlwetween Lt and
Rt, and papni i ' directi ' re of the
e of LT e o g the.
stereo sigiat faTRRYtEHEERIERI SHAMNE FRSCHBRG T preetitefugHaTs by BrHERdRs dffefhce signal of
Lt and Risidealsiisedlingtzaid Jiffetentel sigaelib i@ hiastgeain faston podablenphiper saidsealed
d'ffefencglséa[grfggéﬁ)% bohubpnd Bsinalado P agaliel bandBhaianaieaushihaihe relative

amplitud arities of the modified Lt and Rt pair detennine the reproduced direction of decoded
signals. asPRESUTTHE BressT RY R RetdirBEES oo disthuced signals may shift signals panned to
outputs associated with rear directionsvigriiying iieanstdrtitorshift the direction of reproduced signals

shifts signals papn %&é%{gﬁ&%%ﬁtﬁsﬁg)ﬁ%@ Bt Lt dineGHOOS MAY:S @H&éﬁ%ﬁiﬁ‘ﬁé&oﬁ&({% the

_rear-center direction. shifting away from the rear-center direction may be in the direction in which

such sigriarhes e TRl e e SeRA SHEnab PR LA Stiftthy My Bromd sassiriee Asudindrsigifals at
directionspislerasinglyhavpaits f&@t&ﬂnﬁ&&h&@@ﬁ@d@i@éoﬂmﬁon ofldelityingd kﬂgagﬂ,l%bm_;sm%the .
direction BLIRRIPAGRE RONARMIAY Ale0 Rl iencl RABAE I CHIRUB ARSAGAIARANIR ot
directions, Suck shi Ing of signals panned to outputs associated with front directions may shift least
signals atiReWarRf 2 aBAEY AFB&ISHHRT BARH ST A ST difetdivaifshtreadd S%nals at
directionsificpaasinglyawdyriranvtinsufsonsoeated dintkation direciihes degegmodshiftingsasrether to the
front or to i1g r%@&@?l@%ﬁ%?\%%%%é@&%%&%ﬂ% diterencR REMRRRJLANY Rl &y, hhe degree of

shifting may c_%ange on _ I Rt are panned to qutputs associated with rear directions.
According s Yinenthe sipreer Herabnse dé it irin S fntan LA Sl Be gy arig A receiving a
stereo siqr@@bmagr.d_ﬁiﬂérénwhi@mmeﬂmmﬂemguﬂsamqaﬁmgsiémﬁifﬁptaﬂﬁe%gpﬁlhg pamadetelinine
the reproduced.direction %ﬂﬁ%ﬂ%ﬂéaﬂﬂ A% m&@&{%&%ﬁgﬁgﬁ% shitting hierdiectignef Quiputs

associate%a\l/ﬁt ront and rear directions to the left or right, the direction of outputs assoc%%ed with rear

directionsPbeiMgesipdifiee & greh it SEHS SRR AP RG PSLEbYE SPEUtBHES 284oR0ABH Rt H6nt
directionsmodigiel 1 the sRifthag helidesciadibying thedsdereni signiad qpaiddd siRhhly.forming a difference
signal of Lt and R} si , i j gnal ' g ing the scaled
difference signall:&%c? %%?@%%ﬁ %%é?gn%g?tgﬁg%%ﬁ% %%%%B%?ggd% |%§gana§|£%}§§h t al%%he relative
ampIitude@&ﬁ‘%ﬂp@d?ﬁf@%tﬁf%%ﬂ%i@”dﬂiltrﬁ% f5EA et RHETRE FdpfBduREdCait&idiof decoded
signals.  dirderardifgdpradustdesigapiectidfiheiprabe phimedntionugpmethod datadodifyingaa stereo
sional paigiL R RSIOre 16 Sianalknalk P aiGaafie iy ARy diR MBI CRfiadeh a6 d method, the

relative amplitudes and polari pair determining the reproduced direction of decoded signals
comprisedhh&eTsiRBtER SERSHRD SRMAPHAT the REBSHGR g TifrEnte i 6 et signals,
scaling thengifiereace sigorl byiaibiasrgayn factpessind suduming ¢hdscalied diffetenbeesigmal to both Lt
and Rt signal d if} 1 ignals such that the relative amplitudes and polarities of
the modif%é1 rl%%ﬁ%‘%%%ﬁr@ e%eﬁ?ngilﬁ%e%%g}gé%géﬁgﬁ direction of decoded signals. According to
another aspect ¥l fyiagdrt #deftioh SHBrE s Brecigadclr el sra s se IR ol receiving a
stereo siggighgiRirpahitid ilowhichuts eihedithedrelaiy éream plitedeésmand potaritiedinbtie paindetermine the
reproduced dieckon.gliecoder Agnais FORBrin RANAINGH AN R0, quipHe aRociated with front
directions’in responseto a measure of the sum of Lt and Rt being greater than a measure of the
difference between Lt and Rt, and panning Lt and Rt to outputs associated with rear directions in
response to a measure of the sum of Lt and Rt being less than a measure of



2a the difference between Lt and Rt, and modifying Lt and Rt to shift the direction of reproduced
signals, wherein said modifying includes shifting the direction of outputs associated with front and rear

directions to the left or right, the direction of outputs associated with rear directions being shifted to a
greater dEEHESE tHasrHoB dRe i oTHBIRE 131 8% SUERIESEI VAN TRSTRASR Ot ongndlh efeitragdieanshifting

includes mpgifyingithasiereonsigral falcbiciRuxdebming the difference signal of Lt and Rt signals,
scaling said difference signal by a bias gain factor, and summing said scaled difference signal to both

Lt and Rt signals it pledeombaftieg. L vhsd I 8idha S aitchritatthse taramy drafinisdesrand polarities

of the mogjfied. |t &AL RaiLdeteuRins the seprgduced direction of decoded signals. Brief Description
of the Drawings FIG. 1 is a schematic functional block diz-{té%ram showing an example of how Lt and

Rt signals may bE'paleHE: off steidhag ® aorbanes ey difedtidn s decareiaaeacith 89pBEss of the
present inehtiaRd witk 1S discasgRematic functional block diagram showing an example of the
details of the "Front-Back Steering Determination” of FIG. 1.~ FIG. 3 is a schematic functional block
diagram showindg 8¢#PEER SR molrthaangeracngy Hecnibental invsstoriafcaivitidepBHSISS the

present inyeptan %@B&PQ@&@&%@Q%PQQ}%@%QP/QQP%% By, in Bl cA BacRnespidaldiagram i

useful in understanding an effect of modifying the Lt and Rt signals in accordance with aspects of the

present irfeptitides ang)olaridies sehdhsaRaifufeisantIbIbek WrigRseS TR anc daepiedof how the
LR bias coptraksignal@bk |Grbmay beseived arGiof isroaghamalic dunaliopal blagk diagram

showing the overall arrangement of the arrangements of FIGS. 1, 2, 3, and 5. Description of the

Invention BB RERSERIS ARG stherrhisghix He Brrstiapramigus asssied e pmasdnesioantion treats

the Li 10apshREsigaaIs.2pnie:ite i&@%?wmls hSIarRREIANE! RAARhIPaRRE A6 SfanAls to the
front (left, L and right. R) or to the back (left surround, Ls, and right surround, Rs). Li and Rt are

panned tSEERHONS-a¥dsEae thevithifidRg dnelbdsn I TeEpeh deetotarRte s griRelsu dILi and R
being gregighihan aimgesiahihedifferance hetwaentiand i direndh Bt aepanngdigoutputs
associated with rear directions in

gain factor, and summing the scaled difference signal to both Lf and Rt signals to produce

modified Lf and Rf signals such that the relative amplitudes and polarities of the modified

Lt and Rt pair determine the reproduced direction of decoded signals.

According to a further aspect of the present invention, a method for modifying a

stereo signal pair Lf, Rt before the signal pair is decoded by an audio matrix decoder or

decoding method, the relative amplitades and polarities of the pair determining the

reproduced direction of decoded signals comprises modifying the stereo signal pair Lz, Rf

by forming a difference signal of Lt and R signals, scaling the difference signal by a bias

gain factor, and summing the scaled difference signal to both Lt and R¢ signals to produce

modified L7 and Rt signals such that the relative amplitudes and polaritieé of the modified

Lt and Rt pair determine the reproduced direction of decoded signals.

According to another aspect of the present invention, there is provided an audio

matrix decoding method receiving a stereo signal pair Lt,Rt, in which method the relative

amplitudes and polarities of the pair determine the reproduced direction of decoded

signals, comprising panning Lf and R¢ to outputs associated with front directions in

response to a measure of the sum of Lt and Rt being greater than a measure of the

difference between L7 and Rt, and panning Lt and Rt to outputs associated with rear

directions in response to a measure of the sum of Lz and Rt being less than a measure of



15response to a measure of the sum of Lt and Rt being less than a measure of the difference between
Li and Rt. The Front-Back panning may be achiev;ead, for example, as shown in FIG. 1. In this block
-diagram, the panF and panB signals are slow-changing gain signals (not full bandwidth audio signals)
that may teryifderencenptevbatweaemd 821 aftherpahifyirandpant Bigralhtpehateltegsthen{they are

20complementar 2 othern) 1o effegt a s th ¢r tween the L and R.front signals and
tne Ls it e S R e N A B B Rt via o
multiplier sasasidtiglievifanttion @dngdo divedtositiputhdal efinultipdier chenditislienfinfetiopus The Rt
input signgl i ied.to the R. via.a multiplier or multiplier . 25 function.6 and to. the Rs output
via a mult%ﬁi?%qlg én?ﬁ%%é%%u%%%ﬁgés ‘l?ﬁ%l gﬁ%@eg%hég t%%errnﬁi:%ﬁee:l[sﬁ nanﬁ]cf are %;Oélnt(??)lled by the
pant,’ gairiputal athecidbd ofigladhoof thisentudtiplierseteandadlasbitonmgrolidddey thedifyiBegtia signal.

The Lt an i ignals are als lied to.a.circuit or function ("Front-Back Steering, .
Determingjgt‘l%éf')';L‘E?L%&?[%gt55 g?;ri’e{gtg}é %1%%?5% l@]élrdl g %g%nlgés%)é%%?s?@;téﬂg%{? ﬁ%%nlé}r(sdr?f a gsél'fieering
30Deternvitisncerai girdWii mbiRIGgain factSulojatstontimeg smidothiled, hiffetesceilbandatobgtivhen the
"Front-Ba [ ination” 10.det t-of- audig but.no in-phase audio in the Lt and
Rt ot e e e G RS L L ESE Al
panning, erdspedgititestiod thanmoREsdplt sighalé paly tettrairs ahd Rypradusduhiccditpuetthannels
(hard reaﬁﬁs[éggg@gi) 'iggewise, when there is in-phase audio but no out-of-phase audio present in the
input signal for a sufficient period of time, the "Front-Back Steering Determination” 10 sets panB=0.0
and panF=1.0, thereby steering th&tieAbdsRuirput eighalBeniyrgsthe front output channels, L and R
(hard 5front steeging). :. T in:RIG, nerat A an instantane basjs, the
difference betw?i?%hie lrsngg%?tﬂ%{e%?%ﬁﬁgﬁs%%i gr%cigl%%%?e%%%g%%gﬁr%gud%%gen%fs' Ot‘% a%sél Rl (a
rapidly-vaayhgisagrefsrmasvin gimnbdtr ptsitidely A tnoghtiveldirgadoosipacesritanith witmall
thresholda@ég&@&(}qﬁeggéﬁtqﬁg%[ggﬁshed by adder or adding function 10 12 that receives Lt and Rt
to produce Lt + Rt at Its output, adder or adding function 14 that subtracts Rt from Lt to produce Lt - Rt
at its output, scaldts @riscatithghatictions tid anel d Wiagwealshtheisgaplitrdes bf of theRictils Lt - Rt to
produce "Erantand | gigIS%%%I%]?G%B%O%UO@W%%!3 =Lt - Rt 2(2) 15which signals F and B
have their absolute values taken, shown at absolute value

FIG. 3 is a schematic functional block diagram showing an example how L¢ and

Rt may be modified in accordance with aspects of the present invention,



devices or functions 20 and 22, and an adder or adding function 24 that subtracts the absolute value of
B from the absolute value of F and adds a small value epsilon. Elements 12, 14, 16, 18, 20, 22 and 24
may be congidenegmodactively as a "Difference of Measures of Sum and Riffareneebsdenice or function
element 25 as 20shown in the overall arrangeme#t of FIG. 6. The polarity of the result | FI -IBI + a

is determined by a¢foetegtRolaci: ABYIER L LRGHAN RRIFNRIAIYE, IS ARGWEEJS one value, for

example minus 1, if positive, another value, such as zero. Clearly, values other than minus 1 and zero
may be empf8§éd: Feault 15 B ndavs ded waveoiharsRiting Bveen two 25levels, minus 1 and

0, in this example. fdow:pass filtesarflerino.uncion - owspass BlisLL CERE) 28 is applied,

resulting in a more slowly varying waveform FB that may have any value in the range between or
including theRaldedias ¢raral 8 ssaIsE degantin &iteé proportion of time that the square wave

spends at each of g lgvels RFgsPansaiAreRLAHAG-SANalSGSpgathed waveform produced by

LPF 28 30tends to remain near one or the other of the extremes. In effect, LPF 28 delivers a
short-term adEPAGETSTIE hpHELASRMSE MRS eohstahebf-example, in the range of 5 WO
2009/089209PCT/US2009/030204 g, Qdyuygggggg%ﬁjthough a 40 millisecond time constant has
been found to be suitable, the value is not critical. LPF 28 may be implemented as a single-pole filter.
Still referring to the example of FIG. 2, Havitigéétettiingd the intermediate control signal FE, two

complementary panping.0&fficients.pank And paNBJnay thet mbe apiainedip any of a number of

ways by a "Determine Panning Functions™ device or function 30. In principle, any of various
commo{ﬁy-ué%@-l@@%ﬁéé HcaoKRSuRIEY B @Wéﬂ&?é{l,@ﬁ@ﬁﬂégﬁﬁﬁméﬁﬁ%ﬁm%g, Hanning, Hamming
and sine fUnﬁ&&oﬂﬁ‘éﬁ'El%,'hb&@ﬂﬂ{f?@é%?@otm%ﬁ&ﬁ aatuahiarmylas ywilk yary,depending on the output

values chosen for Detect Polarity 26. 10If constant power panning is desired, the following formulae
may be emplyed BEnt aciARIRD Ui BIFBis it dosl(firzerpns mEyypeYse fo a

measure of the sum of L and Rr being greater than a measure of the difference
between Lf and R, L{ and Rt are panned to outpuls associated with rear directions in

15 response to a measure of the sum of Lz and R7 being less than a measure of the
difference between Lz and Re. The Front-Back panning may be achieved, for
example, as shown in FIG. 1. In this block diagram, the ponF and pan® signals are
slow-changing gain signals (not full bandwidth audio signals) that may vary, for
example, between § to 1. The panF and panP signals operate together (they are

20 complementary to each other) to effect a smeoth ¢rossfade between the L and R front
signals and the Ls and Rs back signals.

Referring to FIG. 1, the Lz mput signal 1s applied to the L output via a
multiplier or multiphier function 2 and to the Ls output via a multipier or multiptier
function 4. The R¢ imput signal is applied to the R output via a multipiier or multiplier

25 function 6 and to the Rs output via a multiplier or multiplier function 8. The gain of
each of the multipliers 2 and 6 are controlled by the pan# gain signal; the pain of sach
of the multipliers 4 and 8 are controlled by the ponB gain signal. The L# and Rt input
signals are also applied to a circuit or function (“Front-Back Steering Determination™)
10 that generates the panl and panB signals. Details of the Front-Back Steering

30 Determination are shown in FIG. 2.

Subject to time smoothing, as described belew, when the “Front-Back Stecring

Determination” 10 detects out-of-phase audio but no in-phase audio in the Lt and Ry

directing, panning, or “steering” the / and Rf input signals only io the Ls and Rs



Alternatively, if constant sound pressure is deemed preferable, or at least 15acceptable, the following
formulae 'nay be employed: panF = 1+FB(5) panB = -FE(6) Although equations 3 and 4 above provide
constant power (the sum of the  squares of the panF and panE coefficients is one), constant power
can be 20approximated by employing the following formulae: panF =1 - FB2(7) panB = 1 -(FBI- U2(8)
The values efieachdicfpgnE dndnpanBan tharestesriple.of BquvatanshémtichiBdamlighasywitdese between 0
and 1 and aye comple tary to.each other, each tracin ath 250f a parabola.. The result is two
coefficientsa%?tc%on?%ﬁ"%lfgél}]a sé/va\i/lllt%}‘? rrlasgg tﬁgt\;ﬁ\}geuﬁpbl%zf’ﬁ%g ET% §se slccfbeélr HA %f;tﬁ)rr%%iimately to I.
IfpaliF weretberf$istenBygrSaterisaptamparntiGnin ldnyepithessiioy erseteaf-formbasshwhich is the
result, for example, when Lt and Rt are equal with the same polarity, so that the input to the LPF 28 is
O over a Ionsg???rﬁlé,gttrgg %é%%‘ﬁ%\lﬁ utd'" e%sr a{g’dtt font ?pgr%‘—p}i gmé %ﬁﬁ%@}‘%ﬁﬁpzﬁ ‘%)vere
consisténtlyfsmalerthan. panB, which is the result, for example, when Li and Rt are equal but out of
phase, so that the ipput to the LH?.w e -1 over a long.time, the panning would steer hard back
(panF=D anclpanBlE}i)ff.aS%llt%é? ﬁhé?éﬁa?sﬂfé&%ﬁ?%%ﬁ%tg?nﬁug é%né?&ﬁ%% %Sba#?r%é?fgﬁageto remain
either hard fretvwamhaedbacktiufibust theaswhRhdré pdiffediic olithutsipW Gignals Lf and Rf (a
2009/08920r9P }'/%82019949&3\%%%9& 65%%?01%6‘&?0(’}*\'“%1&“9”11 déilrl%crtlion§i{r%}r spanse toa?egn?asure of the
sum of Li and™R Belﬁlaqgr%ater 4R & meastre of the differénce betwee afd RI*aRd Lt and Rt are
panned to owijutssasdbdiateichndith( epail dije clignssincespphgedda mdasuradfitaciswnoal LIT and Rt
tieing lie(f S tﬁ%ﬁh%mg&?%gftfggg gtlfgoe S?Q SCB%'[}N e ?alfli‘fasnodutl?J%t,\/ zy cri]e%'nor? adding function 14

that subtracts Rt from Lt to produce Lt - Rt at its output, scalers or scaling functions 16

and 18 that scale the amplitudes of Lt + Rt and Lt - Rt to produce “Front” and “Back”

signals F and B,
Fe Li+ Rt (1)
2
B Lz—Rt’
2 @

15 which signals F and B have their absolute values taken, shown at absolute value
devices or functions 20 and 22, and an adder or adding function 24 that subtracts the
absolute value of B from the absolute value of F and adds a small value epsilon.
Elements 12, 14, 16, 18, 20, 22 and 24 may be considered collectively as a
“Difference of Measures of Sum and Difference” device or function element 25 as

20 shown in the overall arrangement of FIG. 6.

The polaﬁty of the result | F [ - [ B I + ¢ is determined by a “Detect Polarity”
device or function 26. If negative, the answer is one value, for example minus 1, if
positive, another value, such as zero. Clearly, values other than minus 1 and zero
may be employed. The result is a two-valued waveform alternating between two

25  levels, minus 1 and O, in this example. A low-pass filter or filtering function (“Low-
pass Filter”) (“LPF") 28 is applied, resulting in a more slowly varying waveform FB
that may have any value in the range between or including the values of the two
levels, depending on the proportion of time that the square wave spends at each of the
levels. In response to real audio signals, the smoothed waveform produced by LPF 28

30  tends to remain near one or the other of the extremes. In effect, LPF 28 delivers a

short-term average of its input, having a time constant, for example, in the range of 5



5 measure of the sum of Lc and Rt is the same as a measure of the difference between Li and Rt. Li
and Rl may be panned to outputs associated with front directions, although this is not critical. FIG.

2 provides snexampeef generating suitable punk-- and panB control sigaaisidadifieations of FIG. 2,
for example as suggested above, may be employed. 10Alternatively, other arrangements that provide

smooth panningosigalsdn.ieSPORSSI%: MEATMIES AL . SUmand difierengrqf bE and Re may be

¢
employed. Left-Right panning Ideally, lepanning is as follows: When Le, Re is panned to the front (L,
R), use less foftailntityatecking gands APPiednaheninpirmdstphaicdedetheladdicr because the Lt, Re

signa likely containg sompieiedd o€ Risjans! eRmeonents glteaduamixedntasn,stereo pair in a manner
Ciu

that is likely to provide a good left-right soundfield when reproduced, in Ing a phantom center
image. 20WH&RH0 sigliS Ay sents) shetkur RAusnRe)k Heirntarine’whichuohantieb¢t s or Rs) has the

greater amplifuds,. At madifsihekh Rt slanak so.habiear sianals,are hified to the side in

which such signals have the largest amplitude. As explained further below, in an implementation of the
invention, suehidkiftig tndy maissHmearan wifess, 2Buselyadeboordie, wietnk g1aRt is panned to the

front (L, R). ve o SMORPIODIBID. T mAT A AebQS(R IS A Ao wpri well fo the case

where input signals are panned to the rear-center position. This Is particularly a problem when
playback employas arhesupichs Urasai dronidontspeakecwiingalizée oitpireanasenter position, for
example, is epgaded, with Ltand, 3Q Re out-of-phase with each other. Hence, when the Lt, Rl signals
are panned to Ls, Rs, rear-center signals appear in the Ls, Rs signals out-of-phase. A rear phantom
image i$thot formedf GRS RUS PUEBE phitseedighalslowingfoaspletmthie present invention is to shift
Ls, Rs sigha C;;@_Jeft or right, thereby avoiding the rear-center phantom position that causes
difficulty in imaging.
panf = sin (W21 + FB); (3}
panf = cos (w/2%(1 + FBY) {(4)
Alternatively, if constant sound pressure is deemed preferable, or at least
15 acceptable, the following formulac may be employed:
panF = 1+FB %)
panb = -IB {6)
Although equations 3 and 4 above provide constant power (the sum of the
squares of the panF and panB coefficients is one), constant power can be
20 approximated by employing the following formulae:
panF =1 - FB? {7}
panB=1-(FB+1) (8)
The values of each of panF and panB in the ex.alﬁple of equations 7 and 8 can lie
anywhere between 0 and 1 and are complementary to each other, each racing the path
25 ofaparabola. The resultis two cosfficients or control signals with ranges between 0
and [, whose squares add approximately to 1,
If panF were consistently greater say than panB in any of the above sets of
formulae, which is the result, for example, when Lz and Rt are equal with the same
polarity, so that the input to the LPF 28 is 0 ¢ver a long time, the panning would steer
30 hard front (panf=1 and panB=0). If panF were cousistently smaller than panB, which
18 the result, for example, when Lt and Rt are equal but out of phase, so that the input
to the LPF would be -1 over a long time, the panning would steer hard back (panF=0
and panB=1), On real signals,as with the mtermediate signal FB, panning tends to

remain either hard front or hard back. Thus, Lt and Rt are panned to outputs



WO 2009/089209PCT/US2009/030204 7 This may be achieved by performing a "shift" operation on
the Lt, Rt signals, as shown in FIG. 3 and as described below. The greatest shift may be applied to

rear-center gignalsagddess shift for positions progressively away from regg-ganigiokhg:lgast shift (or
no shift) may be applied to front-center signals with a progressively increasing shift for positions away

from front cepters i pngraiards.shifing should alter hs feat-aentar ine mosk and fhe front-center the
least. By avoiding or minimizing shift at theé front-center position under all’condi |on%, image location
shifts of voices{tidlng); wiighartthestifiyeatethefiontcantdt, ane avwitBtherpmimithized. In principle, a
shifing devige or fynalion:in. e mAnNat.af e pxample of FIG, 3.maxbe J0gmpjoved so as to modiy
the Li, Rt input to any two input matrix decoder or decoding Unction in which the decoder or decoding
function operatiot beispdusehto thecaslativelandplitudestahepolartiég:ofWhand Rt. One suitable
"shift" operation is.shewn_in FIG. 3 inyvhich an Li-Rt difference signal is generated, Then, a weighted
amount%?‘ th}geafﬁgrgﬁ\gg %iignnoa |§anmd?>lge¥ ; ggcﬁ?r?%?ﬁt%%%iﬂ% lftoaﬁhh(f %ﬂr}?%mproeg%gg?t%km.ed and Rtbiosm.
The control impLR (L/RanBidshanby takedin avalaesbiscdrva) depelidingonadvetier the "shift" is
intended to stﬂift-t,he _rer%ic annels to the left cr the right. LR _bias may be determined, for example, as

shown in the é)siéanglé of FIG. 5. Alpha may have a value, for example, in the range of 0.05t0 0.7. A

value of 0.1 has begf fépnd iEprovideplsefidoesulty, 20Referiigto theldetails of FIG. 3, Rt is

subtracted from Li i -?d er o @? gdevice 32 to obtain Li-Rt which is then scaled by Li? _bias in
a multiplier o%%%’i%ﬁig%qﬁ%%soén .'?hfg%gaael ?/%Sr%?gﬁeg?'ﬁ%?ﬁv i I{ﬁéhr?es%?rﬁge with each of Lt and
Rt in respectiviéendtierly ortlad dirng demetio fisi36oanid 88otohabtaimd stdiadaid RtitilteConsider several

examples of l%_%ﬁ%g@ﬁg@sg&t@eagg#ggh%@%gmn §Tg$:€m§n%% as follows. For example, when

LR_Bias = 0. dicating that t etot gets: = Lt +10.1x (Lt -=1.1xLt-0.1xRt
= Rt + [0.1x (Li -Rt)] =0.9xRt+0.1xLi(9) Le/t-Bphtinuirigewith this example (LR_Bias = +0.1), consider

'[Gh;sgazﬁ gvﬁ;a;g thek%%jtd @ﬁjﬂ&%{tﬁ'}%@ ;?ﬁ?ﬁ%&??d of a center-panned signal: Lt = Rt = C. In this

When L7, Rf 1s panned to the front (L, R}, usc less left-right

15 steering than is applied when Lz, Rz is panned to the rear, because the
Lt, Ri signal likely contains complete L, C, R signal components
already mixed into a stereo pair in a manner that is likely to provide a
good left-right soundfield when reproduced, including a phantom
center image.

20 When Lz, Rt is panned to the back (Ls, Rs), determine which
channel (Ls or Rs) has the greater amplitude, and then modify the Lt,
Rt signals so that rear signals arc shifted to the side in which such
signals have the largest amplitude. As explained further below, in an
implementation of the invention, such shifting may alse have an effect,

25 albeit a lesser one, when Lz, Rz is panned to the front (L, R).

A common problem in many matrix decoders is the inability to work well for
the case where mput gignals are panned to the rear-center position. This is
particularly a problem when playback employs a headphone virtualizer or a
loudspealer virtnalizer. The rear-center position, for example, is encoded with L7 and

30 Rt out-of-phase with each other. Hence, when the Li, Rt signals are panned to Ls, Rs,
rear-center signals appear in the Ls, Ry signals out-ol-phase. A rear phantom image is
not formed well by such out-of-phase signals.

An aspect of the present invention 1s to shift Ls, Rs signals to the lefi or right,

thereby avoiding the rear-center phantom posttion that causes difficulty in imaging.



WO 2009/089209PCTMS2009/030204 8 Li = Ri = C Ltm,"ce = Li +[0.1x (Li - RI)] -1.1x Li -0.1x Rt
=1.1xC-0.1xC = C Rtbirr, = Rl +[0.1 x (Li Rt)] =0.9 x Ri + 0.1 x Li 0.9 xC +0.1"1 =C (10) In this case,

the Ltbmsegyanddtigasdd signals are the same as Li, Rt. In other words, e psshiflaigsst does not
modify the Lt, Rt signals when the input contains pnly front- 5center panned audio. In contrast,

nsider the r t i o} I anned signal, 5: Li - 5,
RS s, It e oy R A B T R 1 o (9

=1.2x8 Rtbﬁhﬁﬂiﬂrpﬁlfp[bagg@(a@mesquqd below. The grgaieqt thfr may he apD lied to rear-

center signals and less shift for positions progressively away from rear center. The
least shift (or no shift) may be applied to front-center signals with a progressively

5 increasing shift for positions away from front-center. In other words shifting should

alter the rear-center the most and the front-center the least. By avoiding or

minimizing shift at the front-center position under all conditions, image location shifts
of voices (dialog), which are usually at the front-center, are avoided or minimized. In
principle, a shifting device or function in the manner of the example of FIG. 3 may be

10 employed so as to modify the Ls, Rz input to any two input matrix decoder or
decoding Tunction in which the decoder or decoding fimction operation responds to
the relative amplitudes and polaritics of Lt and Ry,

One suitable “shift” operation is shown in FIG. 3 in which an L#-Rt difference
signal is generated. Then, a weighted amount of this difference signel is mixed back

15 into both Lf and Rt o produce Lipiges and Riyases. The control input (LR_Bias) may
take on a value of +a or -a, depending on whether the “shift” is intended to shift the
rear channels to the left or the right. LR bias may be determined, for example, as
shown in the example of FIG. 5. Alpha may have a value, for example, in the range
of 0.05 to 0.2. A value of 0.1 has been found to provide useful resuls.

20 Referring 1o the details of FIG. 3, Rt is subtracted from Lz in an adder or
adding device 32 to obtain [r-Rr which is then scaled by LR _bias in 2 muitipiier or
multiplying function 34. The scaled version of Li-R¢ is then summed with each of Lt
and Rt in respective adders or adding functions 36 and 3§ to obtain Ligases and Ripigeg.

Consider several examples of the operation of the shifting arrangement of FIG.

25 3as follows.

For example, when LR Bias = +(.| (indicating that the shifl should be 1o the

lefl}, one gets:
Lt =L [0 (Lt = RY]
=1LIxLi-0.1x Rt
Rt o= RE+10.1x (Lt = RE)}

=0.9%xRr+0.1x Lt (9)
Continuing with this example (LR_Bias = +(1.1), consider the case whers the
30 Li Rrinput signal is composed of a center-panned signal: L = Rt = C. In this case,

one has:



= 0.9x Re + 0.1x Li =0.9x(-3)+0.1xS = -0.8 x (11) 10In this ease, the Ltbiasad and Rtbi",,,, signals are
modified by the shift circuit or process, such that /Aar& has been boosted in amplitude, and Rtsed has
been reducexhinsasniglitugle. Note that, if LRBias were set 10 -0.1 instead @{5@:dzdbguaupnlitude shifts
would be reversed, with Rtbiased being boosted # level while Libiaser, is reduced. Ideally, the shifting
circuit or process operates s@ that,the surround channels 15are shifted to the left or right, and the front
channels are similarly shifted but to a lesser degree. An example of shifting to the left is shown in FIG.
4 in which the solid line ci Effeﬂfr(?p{r’ega’n%{ﬁrﬁ 39( encoding circle, in which traditional L (left), C
(center), R (right), Ls (left surroahd),/3<8urrdiand or rear surround), and Rs (right surround) channel
positions are shown. This circle-has gnity;jradius, reflecting the fact that each 20channel has unity
power. The dashed line circle shows the effect on the unit circle of WO
2009/089209PCT/US2009/030204 9 the shift operation. The shift away from the unit circle indicates
that the power of some si§aal.dir8ctidhi:hés BéBn boosted or attenuated. In particular, note that the
rear-center position S is shifted-liyuthe, grgatest amount with progressively less shilling for directions
farther and farther away from S:ve(igrl po 8qift'ng occurring at the front- 5center position C. An
example of a way to determine a suitablé LR bias signal is shown in FIG. 5. The LB bias signal is
based principally on LR, a short-ferm-averaged amplitude difference between the Lthi.,, and Rtbinsed
signals, In other words, L@g}s an estimate of LW's& versusLB Bias is calculated in "Determine Shifting"
device or 10function 40 in response to whether each of LR, FR (FIG. 2) is less than or greater than a
threshold, a8l HT&850keé toiad RE Sucheabaacuibtisnray b& exprebgarbidspiogramming

pseudocodesh;fi circuit does not modify the 7.4, At signals when the input contains only front-
5 center panned audio.
In contrast, consider the case where the Ly, Rt input signal is composed of a
rear-center panned signal, S: L = §, Rt =-S. In this case, one gets:
Li=§ Rt =-S5

Lty = LU [0 10 (L1 = RIV
=1.1xLi-0.x Rt
=EIx§ -0 (-5}
=12x8

Rty 0 = REF[0 (Lt - REY)
=0.9%Rr +0.1x Lt
=0.9%(=8)+0.1x§
=—0.8x5

(1)

10 Inthis case, the Ligyey and Riype signals are modified by the shift circuit or process,
such that Ly hias been boosted in amplitude, and Riji... has been reduced in
amplitude. Note that, if LR_Bias were set to -0.1 instead of +0.1, the amplitude shifts
would be reversed, with Rty being boosted in level while Ly is reduced.

Ideally, the shifting circuit or process operates so that the surround channels

15 are shifted to the left or right, and the front chanmels are similarly shifted but o a
lesser degree. An example of shifting to the left is shown in FIG. 4 in which the solid
line circle represents a matrix encoding circle, in which traditional L (left), C (center),

R (right}, Ls {left surround), S (surround or rear surround), and Rs (right susround)

channel positions are skown. This circle has wnity radius, reflecting the fact that each

20 channel has unily power. The dashed line circle shows the effect on the unit cirele of



If ( zero crossing (Lt-Rt) && (P11< 0.1) 15if (LR<-0.1) Bias =0.1; if (LR>0.1) Bias = 0.1; 20
Alternatively, 113 and LR may be multiplied and the bias deteimmed by whether the result is greater

than a thresheoldedsugr@alculation may be expressed in programming pseuaiocesRsalidizero
crossing (Li-Rt) && if (LR*F.13<-0.01) Bias =-+ 04, If ( zero_crossing (Lt-R0O && if (LR*FB>0.01)

308ias = -0.1a. AR DiAs sional mavheAserined AR s, K mepsure the relative
amplitude of the Lib,","d and B/ biased signals. Intermediate signal, ER, an estimate of WO
2009/089209PETS2 009036104 ron ibialsy watsusartb ki paaishortteeiaaleraged amplitude
difference beyeenhedionsed antRrngsesksloanals, mavke Asferminedasioliows:

for directions farther and farther away from S with no shifting occurring at the front-

3 center position C.
An example of a way to determine a suitable LR _bias signal is shown in FIG.

5. The LR bias signal 1s based principally on LR, a shori-term-averaged amplitude

difference between the Liygwey and Rigi.. signals, In other words, LR is an estimate of

Ltpisea versus Rigigeeq. LR Bias 1s calculated in “Determine Shifting” device or

10 function 40 in response to whether each of LR, #B (FIG, 2} is less than or greater
than a threshold, and in response to Lt - Re. Such a caleulation may be expressed in

programming pse'udocnde:

If ( zero crossing (Lt-Rt) &&

(FB<01}){
15 if (LR<-0.1} {
Bige = 0.1;
/
if (LR>0.1) |
Bias = 0.1,
20 }

/
Alternatively, B and LR may be multiplied and the bias determined by

whether the result is greater than a threshold. Such calculation may be expressed in
programming pseudocode:
25 If { zero crossing (Lt-Rt) &&
I (LR*FE<0.01) {
Biags =+ (1.4,
If { zero_crossing (Li-Rt) &&
LR*FB>0.01)
30 | Bias =-0.1;

}

The LR bias signal may be determined as follows. First measure the relative

amplitude of the Liyiuges and Rijiueq signals. Intermediate signal, LR, an estimate of



avg (ILI bk,"1-1Rt "rap LR = avg (LI bi"™1-FIRt",,,""e) (12) S5Note that a small positive offset, a
(epsilon), is added to the denominator of the fraction in equation 7, to ensure that no error occurs
when Li anavigtzanedzotbezero. In order to estimate LR, one notes that the gorresiosale kLR should
result in ErrorLR being equal to zero: Error = avgfl1,11™ ni 1c J) LR x lavg( ,froviRtbiosals = 0 10(13)
One way to greate the shert-term, smenthed yalue ol R dstRdastemant anglegiement the
instantaneous value of the amplitude difference between the Ltinosed and Rtinosed signals (by a small
increment, séeth/ds-21990% based e dethenvedies dfliBFor/sn, as follows: LR +(ErrorLR 0) LR- -1 0114
(Errora <0) (14) In this way, the n t?val I€ }\pjf LFT (referred to as LR in the equation above), ove
towards the correct valuejip.a i Qﬁ&‘tﬁindﬁ' il 71} he short-term smoothing or averaging (reflected in
equations 1.5 and L6 as 20"a\%ggiiiﬁb@er/ésmt;@fdih@)smoothing that results from the incremental steps
that attempt

(12}

5  Note that a small positive offset, & (epsilon), 1s added to the denominator of the
fraction m equation 7, to ensure that no error occurs when Lf and Rt are both zero. In
order to estimate LR, one notes that the correct value of LR should result in Error g

being egual to zero:

- LR Lty

’

- ]R 2‘:‘J.l(.'s il

gl — NN 1 Qe
£ Olp = avg{lleju.\‘ﬂd t 8)" =0

hfru'rri
i0 (13
Une way to create the short-ferm smoothed value of LR s to increment or
decrement the instantaneous value of the amplitude difference between the Ly, and
Risinges signals (by 2 small increment, such as 2'%), based on the value of Error.s, 83

iollows:

TR {LR +z {Error, 20)

1424

15 LR ——= (Error, <0

(14}
In this way, the next value of LR (referred to as LR " in the cquation above),
will move towards the correct value in a stair step mannet.
The short-term smoothing or averaging (reflected in equations 1.5 and 1.6 as
20 “avg”}is a result of the smoothing that results from the incremental steps that attempt
to reduce the LR error. The smoothing may have a #ime constant between about 5 and
100 milliseconds. Values of 20 and 40 milliseconds have been found to be useful. In
the implementation described, LR can take on values from -1 (indicating a hard left
pan) to +1 (indicating a hard right pan). LR may have an initial valuc of zero, thus
25 requiring 1024 increments for if 1o reach +1 or-1. Obviously, 2048 increments are
reguired for LR to go from hard laft to hard right.
1f implemented in 2 digital system, the mcrements and decrements may be
done at the audio bit rate {48 kHz, for example, when increments of 2" are
employed). In principle, the present invention may be implemented whelly or partly

30 1in the analog domain.



to reduce the LR error. The smoothing may have a time constant between about 5 and 100
milliseconds. Values of 20 and 40 milliseconds have been found to be useful. In the implementation
described, LR can take on values from -1 (indicating a hard left pan) to +1 (indicating a hard right pan).
LR may have an initial value of zero, thus 25requiring 1024 increments for it to reach +1 or -1.
Obviously, 2048 in&dhrenga@mnr&qﬁliédstoﬁtb&@tpagd ﬂ@memaidelaibiﬂdbammwﬁuues takimplemented in
a digital systelm the incr menaj decremﬁntz&r)rﬁayg he udlo rate.(48 kHz, for

Oa

example, When mcrements ot 2.1 rec{ésrr%loyne n prlnC|p t e pregeﬂlf PR ﬁﬁlé’)? be

implementednduidibytior qjﬂrﬂyta@muhefé[ﬂam glaimbérabditute vﬁeée?tmaagakétﬁrﬁlﬁvﬁué.thl"ed and
Rib/used haé/e gwelraa S 1es ueséﬁlken SQ e?to(%lbs T_ a%ugletdewgggl {) nctlons 42 and 44.
An adder or &dding Tunction tt?lemb S8 VRS SPLE S AHY the"Eb&5HUte value Rtbiosed
to the sﬁnallmbaeee[awmsanq)hptﬂlegahememﬂtmnuﬂ;&rpﬂeceoﬁzmpﬂwlhetrdﬁDﬁleﬁﬂétaethat also
Sreceives a one Sﬁ%oa%meu?%/v g ver? E[é of L gtéc\eamee rc_)ducta 0 Iégd nd g%% gg% of the

absolute vallieé of Ltbeased. t ifﬁl’ue |ased an B‘§ﬁ°bh. 6 function 50
subtracts theradoisihigtvative SIRibbnsed ﬁﬁmﬁbﬂx&bmluteeﬁitgeﬁﬂ:@hi&hedﬂ%@&rmﬁgﬁal (equation

8) is then ohbtained from the outpyt.of a der ra d|n nct 52 The error gl | is applied to
signurn0 de%%é‘“?ﬂr ;ﬁ%%ﬁgﬁrﬁggﬁ% (?L%lprl%f’uc %?eafﬁ%ufg }hgter %3§ L2%if the input is less
than zero, amttithif thecinpufls Zéwocfaithaughl smpplﬁ&R) m‘mlememﬁanomemmuebmsmmnon are

SO, RS TR AR T s e e egiorars Lo
multiplier orthruitipiyirsgzéom Ctidmbghasoch & S3tPrumetbwvitit dierand-sarnplé:tleiayeda/ersion of LR
(provided b%‘l%%?%g(fvsig &l signum () may be +1 for an input that is greater than or equal to

zero, and -1 for negative input). The signum device or function 54 output is

multiplied by the 2% scaling factor in multiplier or multiplying function 56 and

15 summed with the one-sample-delayed version of LR (provided by delay device or
function 60) in adder or adding function 58. Elements 42, 44, 46, 48, 50, 52, 54, 56,
58 and 60 may be considered collectively as a “Determine Short-Term Averaged
Difference” device or function element 61 as shown in the overall arrangement of
FIG. 6.

20 Once the value of LR has been determined, the LR_Bias signal value is
updated in Determine Shifting 40 according to the pseudocode shown first above and
the following logical rules: |

1. LR_Bias will always be equal to +a or -o, where o is in the range
of, for example, 0.05 t0 0.2. In practice, a value of 0.1 has been found to

25 provide useful results.

2. The LR_Bias signal only flips between its two allowable values
when there is a zero-crossing in the Lf-R¢ signal. This minimizes the
possibility that a change in LR Bias will result in an audible click in the
output.

30 3. When the LR signal indicates that Lfy,.q is greater in amplitude than
Ripissed (When LR>0), and when the FB signal indicates that the Lz, Rt signals
should be panned towards the back by more than an appropriate threshold (for
example, when FB<-0.1), then set LR Bias to +0.1 (when there is a zero-

crossing in the Lz-Rt difference signal). In other words, the value of LR_Bias



function 60) in adder or adding function 58. Elements 42, 44, 46, 48, 50, 52, 54, 56, 58 and 60 may be
considered collectively as a "Determine Short-Term Averaged Difference" device or function element
61 as showwgnzthe/@werall arrangement of FIG. 6. 200nce the value of LR¢Esd2eemsetermined, the
LR_Bias signal value is updated in Determine SHifting 40 according to the pseudocode shown first

above and the follqyinguegisahiyi@sinen itk LRz Bidswilkalwaxa Reewdak i9 #R.er -a, where a is in the
range of, for example, 0.05 to 0.2. In practice, a value of 0.1 has been found to 25provide useful

results. 2. The PR BRssER)hal iRy Hipicoetrieainsithd Sivwamevaited when there is a

zero-crossing in the 4iRt signadeTHSMInMIZes the RossiRiibkthata.chaRgg:ifdR Bias will result in
an audible click in the output. 303. When the LR signal indicates that Ltbiased is greater in amplitude

than &biased (when LR>%) 58 finehsise Fediigaalitdicatesstissiiananmitegg i3 should be panned

towards the back by, more, han am pRRIQMHAIR e ShRIdior exampls, WhensfBsi0.1), then set
LR_Bias to +0.1 (when there is a zero-crossing in the Lt-Rt difference signal). In other words, the value

of LR_Bias WO 26b3/d52p0me rersbobopesopomas ieandedal! thamsehen the Li, RI signals

are panned to the hack Pﬂamrﬁstﬂéﬁh@n@&m%l@b@tﬁ?%ﬁﬂﬁiﬁ?@?z@tﬁﬂMﬁéﬁ%%@xfekﬁaﬁiaS remains
effective whether or not the Lt, Rt signals are panned to thé back or panned to the front. 4. When the

LR signal indicateStHafiRipBedy/hs Gréatbrisiranpsiide IHsisLiBiasaei vk Pi<C), and when the

FB signal indicates,thal.thg i Risignsle shawidiReRannad lqwardsithefaek by,more than a threshold
(for example, when F11<411 as mentioned above), then set LRfiias to -0,1 (when there is a

zero-créfsing in th& Rilis didrBReB Sghismatrhdynightierisnbiich asresctbdnaidied is not critical. One
possibility is that wheRd A pothing (leave Lkbias unchanged) or, alternatively, act as when
LR>0 as described just above in paragraph 3. Note that the LR Bias signal_ is determined from the

amplitudes of the anfFRBidhe LigAMsSa TEAHIRBISIA ARG &4 By Ao 4B Bias

and Ripiases signals, and the Liyy.s and Ripes signal are modified by the LR Bios
signal, thus forming a feedback loop in the overall algorithm, This is a positive

15 feedback toop that makes the overall behavior bi-stable in nature. As a result, the
arrangement exhibits hysteresis. For example, when LR Bias = +0.1, this causes the
shifting circuit to exaggerate the L. signal, boosting it proportionally in
comparison to the ng.m;{ signal which will, in turn, increase the LR signal {pushing 1t
upwards 1n a positive direction). As a resuli, a much larger R signal (relative to Lt) 15

20 required to flip LR Bigs back to -0.1. Such hysteresis ensures that the system is less
likely to exhibit rapid flipping back and forth in the LR _Bias signal, which might
otherwise be undesirable by causing audible artifacts such as image shifting.

Image shifting is also minimized by allowing LR _bias 1o change only when
the pan is to the rear. Image shifis are more noticeable when at the tront. Also,

25 retaming the same shift when panning from rear to front and from front to rear avoids
image shifts when such pans cccur. However, changes in LR _bigs typically will
occur when a change in audio content occurs. Thus, a shift in image location 18 ofien
required at such a change and 1s destrable.

It will be noted that both the front-back panning and left-right panning enploy

30 time constants, Although snggested values for such time constants has been given, it
will be understood that smoeothing values are to a degree a matter of the designer’s
taste and may be chosen by trial and error. In addition, desirable smoothing values

may vary depending on the audio content.



signal, thus forming a feedback loop in the overall algorithm. This is a positive 15feedback loop that
makes the overall behavior bi-stable in nature. As a result, the arrangement exhibits hysteresis. For
example, wiverztifigas2e9+0.1, this causes the shifting circuit to exaggeratecthedalkresceeignal,
boosting it proportionally in comparison to the Rt8,,,, signal which will, in turn, increase the LR signal

(pushing it upwardsl 8 fesitive SHecionviig htasulie avehdargsr Ry sighalk(fglative to Lt) is
20required to flip LR_Bias back to -0.1. Such hysteresis ensures that the system is less likely to exhibit
rapid flippind%é’l@ﬁrand forth in the LB _Bias signal, which might otherwise be undesirable by causing
audible artifacts such as image shifting. 7 lag8.abifting is also minimized by allowing L,R_bias to
change only when the pan is to the rear. Image shifts are more noticeable when at the front. Also,
25retaining the samelSHEt FEH SR Mn B FEHe PSR B RERUSFHIE BTSRRI PE4F avoids image shifts

when such papspeaHEHOWENETL FRARERS H hRrubias trpicalbenilh@se wher a change in audio
content occurs. Thus, a shift in image location is often required at such a change and is desirable. It

will be noted THABBtAHR TepntsHER BRI, A sarialesis Rlosknpidg e mbIS)SBIEE constants,
Although suggestedvalsies def:sich time constants has been given, it will be understood that
smoothing values are to a degree a matter of the designer's taste and may be chosen by trial and
error. In addition, dESiFARESHBRYNH BoERIESsH B oERydR Berdiy R thedaliaiebntent. WO

2009/089203PG T/ LS20AY03A2M% 1dic anflG: 6:5hQWE theimannarein which the,apove-described
FIGS. 1. 2, 3 and 5 fit together. Implementation Although in principle the invention may be practiced

either in the HREISEIrSHar BhvAlBruirk b AbARTER el boIiPpiielEal embodiments of
the inventionsaidie: sianmsAfRrianRresenigsby, samplesinblocksof fatarndprecessing is done in
the digital domain, o _ ) ) )
used with programs written in accordance with the teachings hereim, or it may be
more convenient to construct more specialized apparatus (e.g., integrated circuits) to
perform the required method steps. Thus, the invention may be implemented in one
15 ormore computer programs executing on one or more programmable computer
systems each comprising at least one processor, at least one data sterage system
{including volatile and non-volatile memory and/or storage elements), at least one
input device or port, and at least one output device or port. Program code is applied
to input data to perform the fimctions described herein and generate output
206 information. The cutput information is applied to one or more cutput devices, in
known fashion.
Each such program may be implemented in any desired computer language
(inctudmg machine, assembly, or high level procedural, logical, or object oriented

programming languages) to commumnicate with a computer system. In any case, the

]
R4

language may be a compiled or interpreted language.

Fach such computer program is preferably stored on or downloaded to a
storage media or device (e.g., solid state memory or media, or magnetic or optical
media) readable by a general or special purpose programmable computer, for
configuring and eperating the computer when the storage media or device is read by
30 the computer system to perform the procedures described herein, The tnventive
~ system may also be considered te be implemented as a computer-readable storage

medium, configured with a computer program, where the storage medium so
configured causes & computer system to operate in a specific and predefined manner

to perform the fonctions deseribed herein.



The invention may be implemented in hardware or software, or a combination of both (e.g.,
programmable logic arrays). Unless otherwise specified, algorithms and 10processes included as part
of the inventieneseazetanherently related to any particular computer or otperagparatason particular,
various general-purpose machines may be used With programs written in accordance with the
teachings hese{in QoA DETRKE ARMEIVRINIR CORMHELIRLE SRecialized apparatus (6.0, -
integrated circuits) to perform the required method steps. Thus, the invention may be implemented in
one 15 or moreiBaHHMEprogiamsesdeating onydrenedmuieoptdgratmnibhe homputer systems each
comprising %ﬂﬁﬁ%ﬁ&’%@%ﬁ%ﬁ%ﬂ&!ﬁ%&@&%ﬂﬁé@sé J%@%E‘X&%%%gk%lé@%ﬁ{ma“le and non-yolatlle
memory and/or storage elements), at least one input device or port, and at least one output device or
port. Prograrfiddeeciscappliednisinpod datcto peptoformtbifunctidns disserilbed: Hetein and generate
output 9Qinfqrmatien. The output information is applied to one or more output devices, in known
fashion. Each such program may be implemented in any desired computer language (including
machine, assembly, or high level procedural, logical, or object oriented programming languages) to
communicate with a computer system. In any case, the 95language may be a compiled or interpreted
language. Each such computer program is preferably stored on or downloaded to a storage media
or device (e.g.; solid state memory or media, or magnetic or optical media) readable by a general or
special purpose programmable computer, for configuring and operating the computer when the
storage media or device is read by 30the computer system to perform the procedures described
herein. The inventive system may also be considered to be implemented as a computer-readable
storage medium, configured with a computer prograna, where the storage medium so configured
causes a computer system to operate in a specific and predefined manner to perform the functions
described herein: WO 2009/089209PCT/US2009/030204 14 A number of embodiments of the
invention have been described. INbvertheless, it will be understood that various modifications may be
made without departing from the spirit and scope of the invention. For example, some of the steps
described herein may be order independent, and thus can be performed in an order different from that
5described. 15 CLAIMS



1. An audio matrix decoding method receiving a stereo signal pair Ls, Rt, in which method the relative
amplitudes and polarities of the pair determine the reproduced direction of decoded signals,
comprising  panning Lt and Rt to outputs associateq%{vith front directions in response to a measure
of the sum of Lt and Rt being greater than a measure 0f the difference between Lt and Rr, and
panning Li and Rs to outputs associated with regy gdjfections in response to a measure of the sum of Lt
and RI being less than a measure of the difference between Li and Rt, and  modifying the stereo
signal pair Lt and Et to shift the direction of reproduced signals by forming a difference signal of Lt and
Rs signals. scaling said difference signal by a bias gain factor, and summing said scaled difference
signal to both Ls and Er signals to produce modified Li and It signals such that the relative amplitudes
and polarities of the modified Li and Rt pair determine the reproduced direction of decoded signals.
2. A method according to claim | wherein modifying It and It to shift the direction of reproduced signals
shifts signals pannelt t6-BARHIRIEES SRRGRIFCTT HiretiiBge sereo sigreneihbH &6ebrding to claim 2
wherein modifytid thethddRhéoshiftr¢hengliadtio ardipejprotucedivi garldcshifinsitaals panned to outputs
associated W@pr@ﬂc@ﬁ%ﬁ@ﬁ@énsgfﬁ%@dé@g?g?z@&@érﬁ%(@ﬁéom the rear-center direction. 4. A

[ in sl dioou

method according to claim 3 wherein signals panne utputs associated with rear directions are
shifted to away fronPHHEIRE: cCBALET @i ANCHER tRreriamertib irmiviertisne i Srypamseiave the largest

amplitude. m&sérdvethodacedtlingitaMiakn gafsiaimhd Whetein dhadegreeeEshifting is greatest
for signals at the rearscentey, position, the shifti rogressively decreasing for signals at directions
increasingly a%veg’yv/e%‘;'nt %ﬁé é&ﬁg;larggtepr?fé!}mo%rgfc |ocpn.ﬁt E% PR ASKOSHRS ‘é’é%l??& ndg]r W Bhe of claims
2-5 wherein mietiiphedo 2 measRetofshifsereadite stid Rubsmzr o ded sigratsralsdibhifts signals panned
to outputs assggiated-with-dtant ditegtionsc57. A method according to claim 6 wherein modifying Lt and
Rt to shift the direction of reproduced signals shifts signals panned to outputs associated with front

directions so as to STATEASELYHEER BHLCERTS it chibhthe dreghon pEFRSASHEEBrding to claim
7 wherein thesifegieesofcshifiigg iifieestfosi $Asighant theifrit-ceniae pagitofsrtesshifting

progressively {iggasine e sipralad! dieslionsineleasiogy anavlien us ftanteeniey drection.
9. A method according to a%gne of ¢laims 1-8 wherein the degree of shifting Is 4868 on a measure
of the differenfesHRRlE@PT medifipd Lr a8 A Rgmisductriithg telaing emalspdtaimng 1-9 wherein

the degree of stiiftirigs cifainges difiydwiendlitrant RiareiparnedivaupuBragsaciated with rear
directions. d%%d@h@f%?ﬁgio matrix decoding method receiving a stereo signal pair Lt, in which

method the relative amplitudes and polarities of the pair determine the reproduced direction of
decoded signals, a method comprising shifting the direction of outputs associated with front and

rear directions to thezlel atefight «tie-dirpaianeh ouipitsiassosiateg Yithdeandisgetipas being shifted

toa : . " . .
direction of reproduced signals shifts signals panned to outputs associated with rear

directions.

3. A method according to claim 2 wherein modifying Lt and Rt to shift the

direction of reproduced signals shifis signals panned to outputs associated with rear

directions so as to shift signals away from the rear-center direction.

4. A method according to claim 3 wherein signals panned to outputs
associated with rear directions are shified to away from the rear-center direstion in the

direction in which such signais have the largest amplitude.

5. A method according to claim 3 or claim 4 wherein the degree of shifting is
greatest for signals at the rear-center position, the shifting progressively decreasing
for signals at directions increasingly away from the rear-center direction.



25 greater degree than the direction of outputs associated with front directions, wherein said shifting
includes modifying the stereo signal pair Lt, Rt by foilrging a difference signal of Lt and Rt signals,
scaling said difference signal by a bias gain factor, and summing said scaled difference signal to both
Lt and Rt signals to produce modified Li and Rt signals such that the relative amplitudes and polarities

of the modified Lt 3@‘ammra@g@@m§%tmr@ﬁ@q}@mgggm&[ﬁmgi%g@ %7 polarities

of the pair determining the reproduced direction of decoded signals, comprising modifying the stereo
signal pair LECRIS herirgannfaremedisrgmises oA RISR#BIS BRENFY 'S adtPMference signal by a
bias gain facies, dr@SWnmingsaie&saaled difference signal to both Lt and Rt signals to produce
modified Lt and Rt signals such that the relative amplitudes and polarities of the modified Lt and Rt
pair determine the reproduced direction of decoded signals. 13. An audio matrix decoding method

receiving a stereo signakpaitddaReilwhichHmethaddaemielative ammliiadesAndepalarities of the

pair determine the reproduced direction of decoded signals, comprising panning Lt and Rt to outputs

associated WItFPFH eifseiRAresd sieptnga s sismaaairoet OUNH O LPRIFR ifiggreater than a
measure of thgediffarencashstmernehitand Re Anc BRMAIBEHrAEEILQ outputs associated with rear
directions in 15response to a measure of the sum of Lt and Rt being less than a measure of the
difference between Lt and Rt, and modifying Lt and Rt to shift the direction of reproduced signals,

wherein said modifying, inGldas.sbilingthecdirection efny iRy isaasosialadwiths front and rear

directions to the left or right, the direction of outputs associated with rear directions 20 being shifted to
a greatt? degEEtha iR aieeIF GrsiiipttdhasEHERERT MR HERD AR EisHE (Dhealsald shifting

includes modifidnghing i signal Bairddh iRé By feissing-agifgrsnce signal of Lt and Rt signals,
scaling said difference signal by a bias gain factor, and summing said scaled difference signal to both

Lt and Rt signals to produce modified Lt and Rt signals such that the relative amplitudes and polarities

250f the modified Ly and Fipairdeteaming the sy educes direction.efdecoredsignalsting

is based on a measure of the difference between Lt and Rt.

15
10. A method according to any one of ¢laims 1-9 wherein the degree of
shifting changes only when Lt and R/ are panned to outputs associated with rear
directions.
20 11. In an audio matrix decoding method receiving a stereo signal pair Lt, R,

in which method the relative amplitudes and polarities of the pair determine the
reproduced direction of decoded signals, a method comprising
shifting the direction of outputs associated with front and rear directions to the
left or right, the direction of outputs associated with rear directions being shifted to a
25  greater degree than the direction of outputs associated with front directions, wherein
said shifting includes modifying the stereo signal pair L, Rt by forming a difference
signal of Lt and Rt signals, scaling said difference signal by a bias gain factor, and
summing said scaled difference signal to both Lf and R¢ signals to produce modified
Lt and Rt signals such that the relative amplitudes and polarities of the modified Lt

30  and Rt pair determine the reproduced direction of decoded signals.

12. A method for modifying a stereo signal pair Lt, Rt before the signal pair is

decoded by an andio matrix decoder or decoding method, the relative amplitudes and



14. Apparatus adapted to perfoini the methods of any one of claims 1 through 13. 3015. A computer
program, stored on a computer-readable medium for1<:]ausing a computer to perform the methods of
any one of claims 1 through 13.
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polarities of the pair determining the reproduced direction of decoded signals,
comprising

modifying the stereo signal pair L1, Rt by forming a difference signal of Lt and
Rt signals, scaling said difference signal by a bias gain factor, and summing said
scaled difference signal to both Lz and Rf signals to produce modified Lt and Rt
signals such that the relative amplitudes and polarities of the modified Lt and R¢ pair

determine the reproduced direction of decoded signals.

13. An audio matrix decoding method receiving a stereo signal pair Lt, Rt, in
which method the relative amplitudes and polarities of the pair determine the
reproduced direction of decoded signals, comprising

panning Lt and Rf to outputs associated with front directions in response to a
measure of the sum of Lz and Rf being greater than a measure of the difference
between Lt and R¢, and panning Lt and Rt to outputs associated with rear directions in
response to a measure of the sum of Lt and Rr being less than a measure of the
difference between Lf and Rt, and

modifying Lt and Rt to shift the direction of reproduced signals, wherein said
modifying includes shifting the direction of outputs associated with front and rear
directions to the left or right, the direction of outputs associated with rear directions
being shifted to a greater degree than the direction of outputs associated with front
directions, wherein said shifting includes modifying the stereo signal pair Lt, Rt by
forming a difference signal of Lt and Rr signals, scaling said difference signal by a
bias gain factor, and summing said scaled difference signal to both Lt and R signals
to produce modified Lt and Ri signals such that the relative amplitudes and polarities
of the modified Lt and Rf pair determine the reproduced direction of decoded signals.

- 14. Apparatus adapted to perform the methods of any one of claims 1 through
13.

15. A computer program, stored on a computer-readable medium for causing

a computer to perform the methods of any one of claims 1 through 13.



