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DESCRI PTI OW&/F&,BIQ RECTI ONAL AUDI O DECODI NG 5 Techni cal Fi el PCTNEs98/03888 1 | ON
relates to nultidirectional audio decoding. Mre particularly, the 10
invention relates to a conputer-software-inpl enented acoustic-crossfeed
cancel I er using very | ow processing resources of a personal conmputer for
use in a nultidirectional audio decodiggs@RIPrIgNentati on system 15
Backgr ound Art I\/UI ti channel audi o for personal conputer-based multinedia

vi deo ganes, I nter erred to as

S "mul tionmedi a aud| o' ) has eneﬂ@m@%gl‘*@ﬁ)ﬁww Dol by Surround
and Yol by Digital nultichannel sound 20 -+ encodi ng and decoding = -
systens. Dol by Surround, based on the use of a 4:2:4 anplitude-phase
matrix, has heretofore become well kndlechaical FigJdt em f or encodi ng four

audi o channels (left, right, center and surround) on two channel audio
nmedi a (cassettes and conpact discs) radi o transniSS|ons and the audi o

portions of vid ' m ec&flﬁ 'S ) Mo® Sattedudary i e
25 : br oadc ?l%ﬁand lcll(g Ing t ere rom Do bg Surrog,nd (an

Dol b§ - Surr ounﬂ;vaxtimtmwes m\&nmlp\mrfdoﬁymramp]emenedmummmcdlﬁ “Smg ,
enhance channel ieparatlon 1S vmde*# used .in ho t heat.re s al audio
typical l'y reqYﬁ'rV P&"?Fr‘ﬁf‘&ﬁ?FP“E’PS 2 Bersm}(fgwa fQr pigrip amy ﬁff@&q??“ au
!oudspeakers s)),gt@mt.he pi cture display and one-surround
I'oudspeaker, o t e au I ence) and preferably four |oudspeakers (two 30
surround Ioudspeakers i nstead of .one, |ocated at each side of the s .
audi ence). ldeally, even a fifth.loudspeaker is used, to provide a "hard"
center channel reproduction. Dol by Di_gi tal enploys the Dol by AC 3 digital
audlg codi ng technology in which 5.1 audio channels (left, center, right,

| eft~surround, right surround and a |imted-bandw dth Subwoof er channel)
are encoded on a bit-rate reduced dat aBeckgeeund Ao by Digital, a 35

newer t echnol ogy, Sur ound alre wi.del o)
~theatre systens Mt“{]m'%a"ﬁho&/ B‘éé’ﬁ g@ﬂ%@&ﬂmggéf%ﬁseg %m??@%dgpﬁg %ﬁn ?s
~dirgital vi deOR@)ME TokYid:t 2881 dhid9he like (often referred to as "multimedia audio") has emerged
as a new application for the Dolby Surround and Dolby Digital mulnchannel sound

20. - encoding and decoding systems :
| Dolby Surround, based on the use of a 4: 2:4 amphtude—phase matrix, has heretofore '.
become well known as a system for encoding four audio channels (left, right, center and -
surround) on two channel audio media (cassettes and compact discs), radio transmissions
and the audio portions of video recordmgs (video tapes and laser discs), and television
25 * broadeasts, and for decoding therefrom. Dolby Surround (and Dolby Surround Pro
- Logic, which empleys.a_n acﬁiie surround decoder to enhance channel separation) is
widely used in home ﬂxeafre ' systems, tYpicaliy requiring a minimum of three
loudspeakers (left and right loudspeakers positioned adjacent to the picture display and
_ . one surround loudspeaker, behmd the audlence) and preferably four loudspeakers (two
30 R surround loudspeakers instead o_f one, located at each side of the audience). Ideally,
| even a fifth loudspeaker is used, to provide a "hard" center channel reproduction.

- Dolby Digital employs the Dolby AC-3 digital audio coding technology in which 5. 1
audio.-channels (left, center, right, left surround, right surround and a limited-bandwidth
subwoofer channel) are encoded on a bit-rate reduced data stream. D_olby Digital, a- |

35 " newer technology than Dolby Su_rround, is already widely used in home theatre sySterhs :



definition television (HDTV) in the United States. In a home theatre
envi r onnent W@f% Digital requires a m-nimumof four |oudspeakers because
it renders t 6% und . channel s i nst ead of one? In the pe_r_soﬁ‘éT’Uc?W??er :

"mul tinmedia® environnent, typically only Vi | oudspeakers are enpl oyed,

left and right eakers | ocated, adj acent to,qr near, the .conputer. itor.

(and, opti ona|an§'3|aa beem faovearas mﬁiaeﬂwna@mfaéd ?%@weélglﬁo‘emd}scs@%‘ﬁ%ﬂgngﬁlgh
the floor - i 16 0r rﬁﬁtﬁ A A thet f e ISholBthetdte elVifdhment,
pr esent ed ove;ab._ ne"ﬁe‘?tﬁ%%??&p I ght sigg%lﬁeirj{git%lg%hvg%ﬁ %?llg?%rreans, s.ter“é%nt-’
mat er i al geneDdlby Digital vequires anhinimumgffotrioudspeakers betause itadnders tive surround

speakers thensel ves and the space between them This effect results from
t he crossfeed CSW!@%H@%@@?P&% gnal from each speaker to the far ear of a

i stegier positi OﬂﬁﬁieWﬁa%n@ht&hﬁmma%mmﬁgﬁgﬁggwaﬁs@dw

and arbitrary source position-rendering are aspects como

process. To r ape emphoyelplefiyand right speakers lndatd radjacentab armear tengomparter monitor

-

environment, cerfain prior art arrangenents_enplo | ti.pl e | oudspeaker
rivers i t hi {an oRGRE 7 ROE; WHGATIBRY 06 TEmQishE losatede Sucttat,oh M HPGH =

| oudspeaker s. ;546 pfefint QTR th SFRUEF s 1Enaisd. 1 When YHbéeid ol D lett and

i ncorporated by reference in its entirety. er prior dart arrangenents

have proposed right speakers§ via conventionajemeans s stereonmaterizll geperally produces sonic images

acoustic-crossfeed cancell gtion to render the perception that the surrouypd
sou nfjd i nf or mathAre @%ﬂ?a to thspeakars, &C“ISS{]Y% S%éﬁ@rsw%rhﬁtwm thedhi ﬁ'éxs#?epb
the .side of a divitsS6h _ SQQEF ' JoI s ker

enpl oyed. See,rk#‘g% exanﬂg?g:?o pu iog\ﬁﬁebdgg}l\rég{)glghggg%@ﬁ%cﬁpgi [ ca’tils(gﬁe @6?603{7%1
191 A2 and pulisteneepositioredrinafront ef thagolnpoterimonitdd® AcHodicicancallationrandiarbitrary
t he acoustic-crossfeed. canceller is er’ieré |y attributed to B.S. Atal and
Manfred Schr oGBTCCAROSEON %ﬁésﬁ,"é’ﬁ%? G RES GOTURON PRCEcanpl e, U. S.

Pat ent 3; 236, 949?&8&&6@@6&;@“@@%@@&@@%@ ihef QIEHREr édVitdntnent, certdin
entirety). As originally described by Schroeder and Atal, the acoustic

crost eed ef f quiorasranangementyamploy multiple totdspeakemdriverp within atsingle enclosure in -

cencel |1 on el K & 15e SRR pEBRC o ARC SO BRRHIEL 8. ppent

appropri at e sig)55a,149,0whichds Bedely Mdorporaedtty Rfere@aindits ertitdtys0 on. The
present invention is directed to-an acoustic crossfeed canceller which my

-be inpl enent ed @$hergprier grt| ywnsewerts hayg propowdcthe use of paundoimage: prasassing

par L1 Ul ar 1y Il o iU lhe S 0 on W H AP B p el BETRSSAbER

system such as

PCT/ 26598/ 0388 %ound information is coming from virtual loudspeaker locations behind ot to the side of

a listener when only two forward-located loudspeakers are employed. See, for example,

published European Patent A‘pplicatioh EP 0 637 191 A2 and published International’

Application WO 96/96515. ~ The origin of the acoustic-crossfeed canceller is

| ' generally attributed to B.S. Atal and Manfred Schrde_der of Bell Telephone Laboratories

25 (see, for example, U.S. Patent 3,236,949, which is hereby incorporated by reference in
' its entirety). As originally déScrib_ed by Schroeder and Atal, the acoustic cros.sfeed'
effect can be mitigated by introduc_ing an appropriate cancellation signal from the

opposite speaker. Since the cancellation signal jtself will crossfeed acoustically, it too -

30 on. . _ _ _
The present invention is directed to an acoustic crossfeed canceller which may be

implemented using very low processing resources of a pérsonal computer particularly for

use in a multidirectional audio decoding and presentation system such as a computer
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must be canceled by an appropriate signal from the or_igina]ly-e‘mitﬁng‘ speaker, and 5o~



-3- multinedia systemhaving only two mai n |- oudspeakers. Disclosure of - :
I nvention 'W@Sﬁﬂl nce with the present invention, an acoustw %gﬁgd

cancel ler is provided, 5 .. intended fog inplenentation in software,
such that when run in real time on a personal conputer, the canceller has

very | ow m ps & Hﬁ'ir} gék%g of avai |l abl e CPU '
cycl es. Thus, or ex?rl%méﬂ Eﬂng g'r?n?cou dJ"{g I ncl uded with video ganes,
CD ROMs, Internet audi-o and the |ike, rendering surround. soufid images

out si de the space- between left and rjig nul ti medi a | oudspeakers
when the audio from 10 such %Gé’ % uced In an ideal

reproduction sys iﬁq;ﬁe I s B8k sFeed EEJK? |
associ at ed sourcgﬁg%croec [ o?ﬁﬂhﬁg” I SE g%%ér?ﬁgﬁgﬁ}%ogercel ve h%gle >cihgnnei S’
repr dluced frdmended forriambeméntation\inssofwaee, ciuck ¢hat oviten tun inrrealt tirnelon a personal

reproduction systens, the M source channels are reproduced by N )
presentati on c‘%’&?ﬁmfstbﬁ ﬁfpbﬁ‘km IOWammWHgmman uses aas‘ﬂﬂgl pn of

th t t gfﬁﬁ'r{
Vn\i)re Irlegfgﬁers g‘gﬁ stat nargﬂ{l's ener. v’l ne%‘g 'S g‘%‘{lﬁg’%ﬁl@é.“{dﬁ%% Q{deo
e?ch ]ea{ ?Q] il'hegamas; R@Ms dmerimyaii)dioan?/l Itlﬁlﬂ&d raﬁienwgf [serrohnd sdijnl?[mcm%s outside
N[ err er re is an M x or t ter networ i.C
' processe__s_ or n’&%ﬁ’%"ﬁé’e JP@%"&H&W{@@"{‘? '!‘H’gl i?é‘ ‘Wéﬁ"hﬂ‘?&lﬁé“gm%"m
(i.e10 I'i near, h@&n‘c@é’?sr e@fgdug&ppl ng) and [R] is an N x P-port filter

networ k R whi c pr.ocesses maps the N presentation channels to P
| i stening positi ébman(iédai;mepmdlmnmn system; ifw soures recoeding hag M 2hannels, &ch having

The filter network R ere resented by a rQomnafri f fil -

osponses. of  (HHASIGHOR SpRIEs GRECRR, e Lener Showld REFCRITE dhes M cpRgals reproduced
functions or S %}Eﬁé’c cAER B t ],gg.ﬁ{ . '
“function from eal(léh&‘gﬁ‘r t e ﬁ’gp?\gseﬁl{ at 1 on&gﬂ%ngglpzﬁdgg%gﬁgd#ﬁﬁ 3 s 'the M
i st eni ng posi sourceschahnelsaregyeprodited Y Nepresentatibn chameiscor lbuldup'eakms,,wehd:hvmg

C y include.the effects of |oudspeaker res pnse qgevi atlo
) roon?%coustlcsapﬁ%ﬁl%g’li‘é?% tBG?E‘gH{) s‘ﬂgﬁ"dd & e‘fﬁ@gg??ime_
PCT/ US98/ 0388 2istérers @ath stationary listener having a listening posmon Pat wch ear). The overall
o system may be expressed as:

M= [C]= N=[R]=P,
20 | . | :
where [C]isan'M x N port filter network C which processes or maps the M source
channels to. the N presentaﬁbn- channels (i.e., linmi', time-invariant mapping) and [R] is’
an N x P port filter network R which processes or maps the N présentation channels to
| P listening posmons (also linear, time-invariant mappmg)
25 The filter network R may be represented by a room matrix R of ﬁlter responses or
o -transfer functions (in pracu_ce, head related transfer functions or HRTFs), .determined
by measuring or estimating the tfanSfer function from each of the N presentation
channels to each of the P listening positions, forﬁiing an N x P matrix of transfer
| functlons each of which may mclude the effects of loudspeaker response deviations, ~
30 ~ room acousucs delays echoes, possxble head shadow, etc.:



where the matrix elements r[err] ... r[err] are individual filter responses
representi ng, t{y{a transfer function fromeach presentation channel to _each .
listening p Q134102 If the matrix el'ement's_%[err] S r[err]_%ﬁ"@uﬁsé’a ncy-
domai n transfer functions expressed, for eXanple, as 10 - fast '
fourier transforms (FFTs), standard matri x operations (addition, _

mul tiplication, etc.) mdy be acconplished with the matrix. In accordance
with the present inventi [oTy, }lgemr. gom matrix may be sinplified by ignoring
all but the tinme delay and lfrequenc‘fy dependent attenuation in the direct -
acoustic path between edchyprgsentgtilon channel and each listening position
and by smoot hi ng tRhe_attienuation response throughout at |east a 15
substanti al porti oft Of tlh_e"au'di'(r sound spectrum intended to be reproduced
by sgid presentation channel g, The fijl ter network C constitutes an acoustic
crossfeed cancel l er. and may bé repfesénted by a cancellation matrix C of
filter responses or ‘trarsfer functiofs: [err] 25 - where the matrix

el ements c[err]l ... clerr re jndividual filter, responses. |f the rix
ol eront s of or et thecyrafei eBiments v ey o s VIOUAL R FESPRRER MERIGSENENE the
expressed, f Ofragef@ih&tiorfroliakh Pfédédﬁ&oﬁ &ipRAdIab EacH Eﬁ&ﬁh; Paﬁaad.a HO Rt iX
operations (addition, nmultiplication, etc.) may be acconpfished wth the

mat ri x. Becauelementsmgst.orgare frequdncy dooain: tramsfert functionshexpressed, gfongxample, as
diregtions, the acousiic-. 30 - .crossfeed canceller. has .ahilit
to WPeate phaffebiugE Gristorne (FRT standstdShRE berapgs adiiuh ntiidton, &)
di rections ‘M pagtfeeicchhplisheAURRR WRE Blatdk PR dcbSrdanceMyith thd! phéeht ifvRAtiORYthee
- differently located than the M sources with respect to thé |istening _

. positions P. roonwan@sximapobe simplified by ignoring all but the time delay and frequency

T S0 S LR 50 At el ot
o1 gl Ut coor s IRRSIZRS pOSLAN ind by Stidoltif e i iereapaus (hoBgRbut f deast
thelP I st eni supstantink portionaef the awdip rsound ISpectanerintendedutaerhe. feprosiuchd by said.
oo 1Y ™ blsethtchchannels. ¢
L The filter network C constitutes an acoustic crossfeed canceller and may be
represented by a cancellation matrix C of filter responses or transfer functions:
| o n |
20 - _ - | cu €12 -oe Cia ]
| | caca . on |
] Ct Gz ees cm] R
_ L -4 _

25 | where thé matrix elements cn Cuq are individual filter respohses. If the matrix
elements cy; ... ¢, are frequency domain transfer functions expressed, for examplé, as |
fast fourier transforms (FFTs), standard matrix operations (addition, multiplication, etc.) -
may be accoinplished with the matrix. - | L

Because it restores the M source channels to their original directions, the acoustic-

30 . crossfeed canceller has the Iabil'i\ly to create phantom or virtual images — sounds
apparently _come..from directions M rather than loudspeaker N positions, which N
positions may be differently located'_'than the M sources with respect to the listening -
positions P. ' | _



Thus, the, matrix C, may be determ ned by establishing the.roommtrix R and
taking its Gyedsfe Because the roommatrix Ris sinplified, poraRegtssasnce
w th the present 1 nvention, the resulting caceller matrix Cwll also be
sinmplified, resulting in sinpler 15 o software realizations of the -
audi o crosstal k- o aRhldd'eroRGEUP binciletfinbHof R theHahRBOf' MpatiaPirivefer filter
processi ng resource requirements en run on a personal conputer. If the

el enents of thia Rsomid repraduetion systemcto dancel a listenig ceomisnacausties and substitute

i nverse may be cal cylated jn qgrder t.o derive th ancel l.ation- mat ki x C.

or nore sof t wainstead e acqustics H?JJ’Q\P%W ‘SEQﬁdH‘g:rg% ‘Qaéf&ke J(’:‘c "&%{}}%ﬁﬁmﬁ.
may then be defy G HONS 2 gedtedaldton matrix C. In the
resulting M xéw‘g%?%{ ﬁg%&%gﬂ t‘&?ts;?ﬁtqu | s,.’}jdépendi ng on the o
real igation, either (1) the linear .conbination of separately-filtered '
versions of the Minputs, (2) the linear h%ﬂ@ ggtion of separately-filtered -
versions of the Minputs and separately-fM%téred feedback signals fromthe

N out puts,.or (3) separately- filtered feedback signals fromthe N dutputs
added to the Minputs. 25 o One way of realizing the network is

to transform t wherel eisehé idenfityt matrixgtori x C to time donmin representations,
fromwhich FIRfilter realizations are readily obtained, as is welLl known.

- Although an IR filter realization is preferred in order to mnimze '
procggsing resources, obtaining an IR fildterghroman FIRfilter is not a

sinp process. Thus, instead of transformng the matrix C elepents to the

tine domain, it is preferred 30° - - to leave themin the fredquency . '

*donmain fromwhich their filter ai i tude .an h .tesponses are_.readi . .
obtained. In tur r{[,'h"é'tﬂ’ﬁlf%am?‘ﬁs@%ﬁ?@?ﬁ?gﬁ%%}"éﬁFGW .‘?ﬁgf‘gg?rf#g%hng -

" their filter. cgekfjLcien | FdoRd nhddiix T 9€ Siniplifidd P V\Boordice Dgith €ad predeht

. whi ch i npl emn?ggéu&e&%és?;ré%aé’%% ﬁdége and phase re_sggn_sesc;orAl .tﬁough §ugh
1R or Fl R/ Il Rinventih,aR¢ 4&ufting canceller matrix C will also be simplified, resulting in simpler

- PCT/ US98/ 03882 -6- filters may .be derjved trial..and error.t ' Y|
practPce, a bef? W“P@%\W;‘E‘? R f’@%@ﬁuﬂ?ﬁ?"?’ﬁ J e 3@&%%%@&

one of the mnﬁﬁ:@i‘:ﬁi‘z’é ﬁ%-ﬁ%@ésémg'xa&dnﬁée fdduirefreARSWIkh RANGH A Persdhi0diiputer.

I'S

the room matrix not® a square matri X, the canceller inverse matrix Cis -
a-d " pselfdhe elements ofthe Rowatrixarei frequien¢y-demaindpansfas fupgtionse 1thanyerse

h | N ' h | S .05 i i
D08 rons.For At i & piler df det e B Copollanh FAARNCE; (n'hy Moy Shithte
- pseudo i nver se rgilizhtle M N iportAdiceerosstaikanedlingndtwoarksanaly thenibeaderived from the

sol utions. For the overconStrained case (i.e.,. Pis greater N), the pseydq
cancellation matrix C. In the resulting M x N port network,’ each output N 1s,

depending on the realization, -either (1) the linear combination of separately-filtered

~versions of the M inputs, (2) the _'linear_ combination of se_parately—ﬁlt_ered'versions of the

M-inpﬁts and separately-filtered feedback signals from the N outputs, or (3) sépar_ately- '

" filtered feedback signals from the N outputs added to the M inputs.

25 .~ One way of realizing the nétwork is to transform the elements of the matrix C to
time domain representzitions, from which FIR filter realizations are readily obtained, as

is well known. Although an IIR filter realization is prefefred' in order to minimize

processing resources, obtaining an IIR filter from an FIR filter is not a simple process.
- Thus, instead of transforming the maﬁ_ix C elements to the time domajn,. itis prefen'éﬁ_"-

| 30 . to leave them in the fréquenqy domain from which their filter ampli_tude and phase
| responses are readily obtained. In turn, simple IIR or FIR/IR filter realizations,

- including then- filter coefﬁcxents, requiring' low processing power, may be realized which

" implement the desired éi;;plitude and phase responses. Although such IIR or FIR/TIR



i nverse nininizes the RVB energy of the input(s) needed to achi eve exact:
sol ution. 1Quq As wi Il be understood fromthe above e'

> R 2 L . : e ?&@&&E ’

t he panC|pIé%9%?lf%e present invention aregapplicable generar 0 31"
arbitrary nunbers of source channels, |oudspeakers and |istening positions.

‘However, for g L Ci bV, L .arrad ' s. desckib -r.el ate |
to the speci flﬂéggéa@@ Ib% (WE}?%}]B{'E% eangreéﬁ)?ag&nﬁ%épg’aﬁgg%&( %ﬂ?zegég%nﬁar%ﬁe
typi cal conputsgéh IIR/driFIRATR fief 18 & eMploy onb of SRk Sffihe-Ell digitildfilter-design
symetrically spaced in 15 front of the listener, as on either side
of a nul ti nedicamputeppregramsni t or or TV set), two source channels (such as,

but not limted. e suryoyndg . iaht surround . i st.eni

positions (a |i s#(e)tﬂglméﬁ]e@#gﬂx g@ﬁ?ﬁlﬁ%%’&g %nc%gs&% r@% Is¢iq§ 2
trangfer room"gedudo mdrik Snverse™but 1§86 ithe aptinileay o map IMrsofrdecchianiiels onfe N
is represented by the 2 x 2 matrix that is_the in)i:/etsebof the R matrix such
that the | eft PEefgntation ghansels fop presentation ay P listeper pesitians. Jrorthgundersonstrained

e poroei ved G BT RY, e BRRdopiid Gl RME REPENAEA Bl
- P). Signals apgliidesired sol§isily. aRoPfiRUserdonSttAfied ddse §.2NCRli$ fFeatdd ),k pséifdo

| oudspeakers adjacent to a conputer nonitor result in the perception that
the sound i's dwverseyminimizesshe RMS energliof dhejinput(s) needed to achieve exach selutinmn

- wher@ t he speakey -3 o] - kor ddireection cu re | ost Al .
oD coemert o oARPAE BE YRSty g B oo cAihiof Bk Rhcipies of Mk bien

- be. Thus, by dimenyiongre fiplicable génegilly whabitaly hihbérg®f seurcd ichaifiielsy 1duispdkers
" l'oudspeakers and sunm ng that 1 nformation with spatialized surround )

i nfor mati on (Ang listeging pasitions fHeweMer ofor sinplicitye thepreforeed embediments described
canceller), o : : . 30 . | 0, &: .
computer toni giow Mlue RBRREGAAE Sase Ml which there ArP R RAUGIALRER syt as i opicl
.'surround souncofripatet Snultimediacaringbinenty shie§jeakerk harrowvdys and s%'mnﬁnﬁéaﬂ)lgv spaced in
~dirtected to a nethod of deriving a cancellatiqn nmatrix C of dinmension Mx N
in v ch each fomtohthedistenes, as| agithes sidg of a multmedia/compyger monitor or TV set), two

- "PCT/ US98/ 038821 - k : | '
Fepresenting Sau (RS (ioa 4 Bk ol GRS B JEARRIOAR ail Bl and o,
audi o sour ce distening positions{(alistener s @arsh) sacic et N =s Mire P d+ 2 c Thas, thecachustic
audi o presentation channel s, each, havi ng, aﬂ@otﬁi tion relative t%t.he source
directions, s(HAISiRZPOM matriy R i3 2 K4 wakix 3nd the egncefier's respgnses C, is represented

‘combi nat i on. ofpysRRBr2H Ghatrik ith4tGs b MPERE OF thePR rhitfix b Bttt the {ef sdub&e LhRREY

conbi nati on
: 20

-

L is perceived only at the left ear (one of the two listener positions P) while the right
~ source channel R is perceived only at the right ear (the other of the two listener positions
" B). o o o
. Signals applied via such an acoustic crosstalk canceller to a pa1r of loudspeakers
_ 'adjacent to a computer monitor result in the perception that the sound is coming frdm
25 . the sides of the listener rather than where the speakers are located — forward direction
cues are lost and the sound seems to come from the side 'only,' where the surround
speakers should be. Thus, by applying :left and right channel information directly to the
loudspeakers and summing that info_i'mation with spatialized surround information @.e., |
surround information processed by the crosstalk canceller), only two loudspeakers, - |
30 located adjacent tothe computer monitor, are required to render the perception of left,
 right and surround sound fields. - S o
In one of its aspects, the present’ invention is directed to a mf;thdd of deriving a
- cancellation matrix C of diménsion M x N in which -éch of the matrix elements is a



of éepar ately-fil tered --ver'si'ons' of the M i'nptjt S i-an,d separatel y-fi I.t ered

f eedback sj omthe N outputs, or (3) -separately-filtepggrisegedrask
signal s frﬁ%@lﬁ out puts added to the Mgnputs. The nethod conpriﬁses
establishing a roomnmatrix R of dinmension N x P in which each of the matrix
el ements is : foird RaRd Efpel | S&né M. x NGt latidid
representi ngﬂgﬁn&ﬁgﬁﬁg port nggr\/\glg@ %’r_[héa%gﬁ]ﬂg%r%{rresgn?%ta?on ’éhanrm;fel.a -
positions t ocresstalkicancelling metworknfor mipping Mtdudid seupee mhannkismeacht-havisg an -
functions represent the tine delay_and,k a snoot hed versi.on of the frequenc
dependent at 3aEaked GRUERCOHEB08; ﬁ%@f a%ﬁl%ﬁ%%‘&ﬂﬁ%ﬂf'e%h l&ﬁ’(é“g)f‘ Ig’é}et{?"y
present at ! OnpARNE] RO ShbidcB FirdcofieC luch P ‘eal | SutphtoNE RN Biindt Bl HRY Bineddnd
setting the crosstal kK-cancel'ling mat’rix Cequal to e 15 ~ . T inverse
of §he room emhbinatih off bepasatelytfilested versions affthe M ifipus,u@) the Hpearrodmbrination

attenuation nmay be, for: exanple, a snoothed average of . sgid gcougti at
attenuati on ©heraratelyctiltared vezsions of the M Anpuls apd Paéﬁtebﬁ‘git?@gafgﬁ‘ﬁﬁcgégﬂﬁﬂ
spectrum i nt ) - %:a&?l’ _anr fﬂrfgmkf ' o‘:ﬂﬁﬂ : Ly r
of its as_pec?ég{eﬁ'ﬁeﬁpﬁ@gﬁ%gg@ Aretted to an Eig%ﬂygort ;‘Hﬁ;éloo@%tggt@% k-
20 centrRl M inguBet T tefhod ovaprisegedthslisting & coom enattiark ef dimensidn N
‘havi ng an assqci ated source direction, to- N a%‘?@pre entation anngl s

: C
each having & B whicheach) ofithg anatex elements iscd cyrdomain transfer fupction, the
“outjgut N is epther i - «C ' | OfarS : -y d -
verlg i ons of ?#g%\/lg %%%fteéé,h%(l g)é}f%l;)ﬁlp 611.? %%%anffﬁﬁﬁ%@égggpﬁ aé\tﬂ ‘édli{/‘ﬁ channel
filtered ver positienoto tHhdisténingopositioms; whereinathel frefjuérioyrdoindin cdnsfic fungtions
fromthe N 25 outputs, qQr (3) separately-filtered feedhack signals
From the N ofRSERest tduhe Belay Had o DU versian of B paIcRey SRRaRPTs RO
s produced Bionp ik Asouafic SR Bt ohof QTbBBihdor kifthnél fBRitng o Baoh P
I n which each of the nmatriXx ements 1s.a frequency- domain transfer . _
function, theneaf siid liStening positicnsandssettiugxth® cposstalkeancelling froatrie( paval tfgth’e

P G3aoncy. doleseser the Toom FRtThC Ror T Bpaed vepmert ot of Nwciefie) Apeyient,q

a snoot hed V%ft?dd%ﬁoﬂfm Be,f fo?]ﬁl%tﬁxﬁglé, denRioiRd avekd ai P AccuisAO path stten@stion

acoustic path from each one o > presentation channel positions to each
one of the | itenosghowy asdeast izosubstagtiali portign tafethe randics sowsid spestrumointended; to e

to produce a cro Séeﬁl k- cancel | ia%% 'm%tri C of dinension Mx N in which each
WD 98/ 42162 reproduced Dy the presentation channels. = | "~ PCT/ US98/ 03882

-8 of the MatriXaf)tRaFdTifs dspects, the HiRAGYN BidiPécted foriskex N por taudio, crosstalk-
matrix C representing the MX N port audi o crosstal k-cancel [ing network,
an®0 npl enmentcangelling: netwerk for mapping M audio source channels, each having an associated
' ' source difection, to N audio preéentaﬁon.Channels, each havirig a position relative to the -
source directions, such that each output N is either (1) the linear combination of -
separately-filtered versions of the M inputs, (2) the tinear combination of separately-
| filtered versions of the M inputs and separately-filtered feedback signals from the N
25 outputs, or (3) separately-ﬁlteiéd feedback 'signals from the N outputs added to the M
inputs. The cross-talk cancelling network is produced by.the steps of establishing a

room matrix R of dimension N x P in which each of the matrix elements is a frequency—l

domain transfer function, the matrix R representing an N x P port network for mapping -

_ N presentation channel positions to P listening positions, wherein the frequency-domain ~

30 ~ transfer functions represent the time delay and a smoothed version of the frequency

| dependent- attenuation along a direct acoustic patﬁ from each one of_' the presentation
channel positions to each o_né of thehstemng positions’, -derivihg the inverse of the room

matrix R to produce a crosstalk-cancelling matrix C of dimension M x N in which each



version of the frequency ‘dependent attenuation by'one or nore si npl e

digital fil equiring | ow processing power. The digital filters
.preferably é’?éﬁﬁﬁr‘ ‘g#e IR type or 5 = Il RFFIR type and W@P@?’%ﬁ@

are first-order filters. The snoothed ver si'%n of the frequency dependent

attenuation f.or. exa a snoot hed- aver of sajd acoustic path
att enuati on tf#lg‘&m e};gnqn@ggﬁgqgm %%ﬁ%ﬁn%’% %&ﬂfﬁg"ﬁf&m
spectrum int eméep: ggbgo& aﬁg@gl ta?aﬁaseaﬁ i ﬁé@)&'ﬁthﬂi‘lﬁﬁﬁmﬁhﬁ% tﬂ@%n{domd

del ay may be rea ring ou_ ACcordin
a further aspwetsionfof the frequeacy depensient attenuatien by oneNop arare asindple digital

crosstal k- cancel Li,ng. networ k ,may i ncl yude an I I tud res :

conpr essor coRpIHIER b° |W%%W&He¥ﬁ e&@ﬁﬂp Qﬁﬁﬁfﬁ?hgpe or

~-netwgrk’ s i npYIGFTR rtg%ef §3feferily! 'ﬁﬁ&@StT}é ifloSEd. RksibRI uf the
network's outputs, t boosters e CEHEI ncI u ng a scaler %or scaling t

boost bet vveenfmqumcyl dependent raﬂenuatma mhp benpfor example, a smoaﬂmdmmaynoﬁmid

tt ted | I h d th t L
pre er o onbBHRHER PAL SRRTRROR SONBPRL AU ARk &ombHen bR perdh O g Auflp sound

compressor | ”%&tmhhﬁxt&ﬂ%ﬂ 't§ Be Q%prr(ta}?nzcrerae nﬁ;(i)‘édsl’eﬁtaﬁgﬂhﬁﬁﬂso-”ﬁéhh’ib dd1ag ity

constituting a limter.. In the ment, the conpressaor further
i ncl udes a debayealneéé)qmdtgxtaﬂmng]buffurk s outputs and vvherel n the control
for .the conpr essor l&ink ahead.in order .t

al I I

t he *Conpr essor’ ETc2 fINRther 23RS Pﬁdﬁem&iﬂ“ é‘ﬂ‘f"@ﬁﬂét lhg rg ‘gi
anplitude |l ev sﬁg&séﬁ n t

- Alternativel y;ei‘ot e fi xeﬁhﬂgﬁ Itu eh{ag g?tdgnglgl gfrﬁgea@r? varslagb eel ?n%?fe’[sﬁoée
| evel boost er wmpnangrﬁxpdeamphﬂxdpehddnattmanoa&umraash i afs theVhetwork’s inputss tanidk
processor ‘i s noi. at_lLow s vels, as b ensi ve,
processor is & S% li&&enf gé]a@ﬁé‘%% eadtof h’fh’?%g' gﬁf)r%ih‘%’lg‘hﬁwﬂf@ ﬁcp
word | engths, xﬁdlmﬁg wumf&emﬂgnme%sa%m&taqsvaf whithdrdstoreél the inpit
anpl i tude | evel attenuators and variable anplitude | evel boosters operate

onl W3at i d t ettenyiation agd cancattenuated evel abich gvoids dlipping in thegertput signali skn a

[ ot her " as BesFirkd PR Fohor o N TEERIEIE chlandd b i BibtisRe

is a2 x 2 30input, the copfpréssehaarnk irffinitercapipregionVratio) thepelyosomtituting i EmsiteiV
to two audio shesent ation channels N applied tg a palr, of transducers

havi ng positi dmdhe prefesred eﬂ@oﬂmn& ﬂwsdtqmrgssm fmlaerauqlpée%alﬂ% imeatheri the
‘the |
he |15t oner. BeNbdts dfobl ShE QORI L8R B oif GrbdrSb R b0l HEbA 1 Bt

WO @Y 42162  syllabically control the compressor’s gain. The fixed amplitude leﬁl?'ﬁttbiﬁ%él@%ﬂz
' - variable amplitude level boosters may have frequency-independent characteristics.

- Alternatively, the fixed amplitude level attenuators and variable amplitude level boosters
have frequency dependent characteristics. When the crosstalk processor is noisy at low
_ mgnal levels as it may be when an mg;;psnswe processor is employed, such as DSP
25 | . chips supporting only 16-bit word lengths the frequency dependent characteristics of -
~ - said fixed amphtude level attenuators and vanable amplitude level boosters operate only
at mid to low frequencies, thus keeping the loss in signal-to-noise ratio low and limiting
the loss to frequencies where it is less maudlble
In another aspect of the invention, the audio crossta]k—cancellmg network is a 2 X 2 |
30 | port network for mappmg two ‘audio source channels M to two audio presentation a
channels N apphed toa pair of transducers havmg posmons relative to the directions of
the audio source channels M, the__hstener having two hstemng positions P, the listener’s
le_ft ear and the listener’s right ear, relative to the transducers, the network further



-9- gonprising (1)'two si gnal comnbiners, a fi rst si gnal ‘conbi ner and a _
second si gngly Lner, each signal conbiner having at |east .ié‘ﬁu'bib?dék and
an out put,, V\heérsglgﬁgz(a). one of the N inputs.g.s coupled to an input of t%e
first signal conbiner and another of the Ninputs is coupled to an input of

the second si . i (Bnbags 0 e taPbdSni Ssi ,
coupled to t h%?@lﬂwg‘]ahe% s(?tm“m gnsa’l Bc%%ﬁis#g?l gﬁhnbéx}]egtﬁg%};%ﬂg signal _
~out pult sf i sdgmul?itﬁdetlr;]mmleifgm combinér lrdv];izw Sbbbaf(t'MQi;@htsOclnndmneutpub,nghﬂz?n (o
si gnal feedback paths, a first signal fee ath apd a, second signa :
feedback pat Honecfdhe Noinputsdx counled to-an WB“@E‘?‘%&E?@I‘E&?T ﬁ?mb’f‘\eéﬂﬁ& Apgther of the

. dependent ch isSt] hof g a%Eo ] | | NADE. _

out put , Mergﬁﬁiﬁ{’% l?-tﬁke’ﬁ?lﬁ%l% agﬁﬁ .teéfﬁl?s ' srlﬁg%llgrﬁfée/de aglg %‘gt i.zgﬁclj((’)fiﬂle N
coup§ ed to t heutputs isicowsled teethiei output uf ghe firstcsigiah eombiner ahé anather of tlie outputs

first signal feedback path is coupled to, the other, input t'he .secopd

~ signal cgnbi n'ér":O“P%’ @E@ei‘?ﬂﬁﬂﬂt of mmﬂs?ﬁﬁaﬂ% g’é'éb&é Maﬁﬁ“@spﬂb&k
coupled to t v Shaq ' -
second si gnal eééb%%&%’é{lM%éﬁ&?%?‘ﬁ@%‘ﬁﬁ@ﬁ%ﬁ@’%@q | rfsact:lwﬁh .
signal conbi nigaving a)time alelay’ and érefjaendly adependenb chimasteristic,nand) eachy feedback path
representing the 15 | additional time for sou t r.opagat ong .

t he acoustic W#ﬁ%ﬂ%’éﬁn@a{lﬂ&ﬂ%’&uw&% %“PP%?’S’%@&J@&E?&%&%Pa&rEm
t heqar ansduce ' i r og’ggﬁg i B0 thé$its '
aco&étic pat h \ﬁ%%ﬁﬁéﬁ@ﬁ@fﬁtﬁ%ﬁﬂ%&éﬂﬁn t he Ws%ng?ggé gﬁ?"m ostte'g? rlatlo
“the same tranfegddivaek, patinis ¢owipledatolthedtheh inplue of] trcdecord signdiacombiher; (betheyinput

AT IR AL -CHIRTRUE VT T THE RIS SR
[arLheot. {1 omhidhl saCRE @ HEyalfENABK PR it BRATGONE Bl of the

bet ween the sane tr ear cloOsest to the sane
transducer, afirkt(sihnal bembingnalc) eashbofhthefeedhagk pathk dasllactithe slgtaysreprssanting the

coupli ngs therehetween havin olarity charagteristics ch that. sianal s

oy odSsoad by adiaew ate iRl ® Ebmea A0S RF tohtic s Befred it gleand
coupl ed to t hgheOjifiefertsN et ﬂ?&lc&hﬁ'o%ﬁthe' nTnsducéreﬁﬂﬁ%éﬁé@t £ GRS kinte BB Bind to
The two presentation channels nay be applied to a pair of transducers,

_arranged genepeipagateraléngthe adoustinipath. betwesnathei saimey transguiceragngl ther listener’s ear .

haract er st | Soy Banf cape, ERatcer Anf () LRt s, KoabhOLHERS ey P Helibcy

- charact eri sti gepedemithiRittepiRtié repréRRitiEthedifférndd iR the Atteduatién in theaboustitipath
FIRIIR filter.” The attenuation’in thegaacoust'i c path 30 bet ween a -

tra@@ducer anbetween|a dransduces andr thiep listener’s feap farthest  frams thec dransducer and the

determ ned by_taking. the differ het head el atedytial
response f.rom® %ﬁﬁgkﬂ@gﬁc&%@cﬁ:ﬁgﬁ?ﬁnﬁ@g%ﬁgg?ﬁ @grc% hesttﬁg}%%ﬁﬁie% closest
transducer ang tthe shmedirimddatay dnda(d)f te sigsad ocombihére/nsighal dediback rpatiss) Uamel -
to the listener's ear closest to the other transducer and snoot hi I‘(l)%
' - 'couplings therebetween having polarity characteristics such that signals processed by a
‘feedback path are subtractively combined with signals coupled to the other input of the
25 respective signal combiner. The two presentation channels may be applied to a pair of

-transducers, arranged generally in front of and at substantially right-and-left symmetrical

positions with respect to a listener. The frequency dependent characteristic may be
realized as a first-order low-pass shéli'ing characteristic, which may be implemented by
‘an TIR filter or a combination FIR/IR filter. - The attenuation in the acoustic path -
30  between a transducer and the listener’s ear f_arthést from the transducer is dete_:rmined by
~ taking the difference between the head related transfer respon'sé from a transducer and
the listener’s ear farthest from the ﬁanéducef'and the head related transfer response from-

the other transducer to the listener’s ear closest to the other transducer and smoothing -
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-10- the difference. Various aspects of the invention may be _u: : o
independent‘fv?%{"zw_ﬁ conbi nation with each _%her. 5 y p%%fl)%& '
Brief Description of Drawings Figure 1 is-a functional block diagramof: a
si npl e fo,ur-p&\rﬁ;fr gustic crosstalk canceller. Figure 2 shows plots-of the
anpl i.tude of IHEHETi ¢ response characteristics versus frequency: :
response A is.t hgarilius Bp&icss @k thwintion iy b litedsiadepentiertiycor imscombinatidnowith 0
sources-at 15 degrees and response B is a.snoothed version of response A
Figure 3 is aedahathétonal bl ock diagramof a sinple, first order filter
usable in the sinple acoustic crosstalk canceller of Figure 1 to realize a
snoot hed version of the difference of left and right ear inpulse responses.

Fi guge 4A is a functional block ch,ggpgg ok O Draiiggse’ red environnment in
whi ch 15 ' t he audi o crosstal -carfggl | ation network of ‘the present

i nventi on can beFigure dyisch famational Wleck sdisgramnof aosimple feurkpart ageusticserositall
an alternati _vggi)r ferred environ- nment in which the audio T
crosst al k- can #%-on network of the present invention can be enpl oyed

~with respect notppile kibwiiloR W theapialic §f SRPdcduRil respdife CRarablerisfids versaist
- and right signals.” 20 . Figure 5 is a functional block diagram
‘showi ng t he pfrefeencyd essponsiendris thé differencerpf defb and Yight ear dmpulse | respapses for

Fi 1 and 3 f in the envi ts of Fj Y B Fi 6is
 P0CTT onal  BPERS 8 ot ArEme AinLroabotaa g 54 rapotid Feisiopct fshalse i © S
“out put conpr 'esSOFifhdeBtiEra fohctidral biockAlisgrahPof a sinYfleOfifst kaer filter usable in. the

PCT/ US98/ 03882 -1 Best Mbdes for Carrying Qut the | nvention As ment ie%n d
above, the reg§impledcoustisorrosstalk cancelles oft Figurea hde| realizeca snothesd version ﬁsf-

Teasuring the HELeRk dfieh IR o8l uhfisC RRSHAL 1 Process (each speaker to
-Figure 4A is a functional block diagram showing a preferred env_ironment'in_,whi’ch
15 the audio crosstalk-cancellation network of the present invention 'caxi_-_be employed. - _

' Figure 4B is a functional block diagram sﬁowing an alternative prefér‘red environ-
ment in Which the audio crosstalk-cancellation network of the present invention can be
employed with respect hot oﬁly to surround channel signals but aléo to the main left and
right signals. ' | o s . | _

20 Figure S is a functional block diigram' showing the preferred embodiment of the
simple 2 x 2 port canceller of Figixres 1 and 3 for use in the environments of Figure 4A
or 4B. | L | | . .
'Figure 6 is a functional block diagram _shb_wihg a realization of the downmixer _a_nd |
| output compressor/ﬁnﬁter of Figure 4A or 4B. ' |

- PCT/ US98/ 03882 -



and cal cukating an i-nverse response by inverting the matrix of its system
functions. @RS®9Pa2162 -or nore software realizations of therb‘?)’(ﬁbﬁﬁsss
respense may then be derived, 'as explained ghove. However, because 0 %le
si npl e nature of the: crosstal k process in'the 2 x 2 case (2 speakers, 2

ears), it is possible to arrlygtmoﬁpyofwmgwmehﬂog more intuitive
fashion. The primary difference between a given acoustic signal reaching

t he near . ear andAshmeritidpned above, mmuxsed;;reaponsemfhn agoushecameﬂeacanbecd:laﬂated

the far ear si naI I s, del a and atten atjve he
near-ear arri val® ﬁd VCJC%’QH%P k‘@ W&Pe?"hw)’
subtracting frﬁi&‘&l&lﬁ&%‘ﬁ sefb %Gélﬁh ilké‘inhﬁﬁ&fi@se vt fitiitions. One
attenuated. An acoustic crosstal ance | er en%l oys the bas%c concept of

activ® noi se cammete suftvmerwlmuonslwthemersea’bsponsagmy therobe dériveds fas explained
| oudspeaker he e ri ear. I-s .cancel |l ed out h I '
a phage |nvert°3’6w %@V‘H’@F’a'ge&“seéﬁﬂ??m 2 & qepspialkprogess gﬁggi@%e
dependent | y-fi ﬁfeﬁﬁhﬁ’ gl ;

Vi. Ee ver say Eaéczh phase- |nve?tigésé| gha E@walé'% I n tPt&J?l#egie iéégﬁcgﬁsleﬁg?‘ffﬁi'e fffitive

. same nmanner (aiaslnenst f.or several iterations). Figure 1 is a functlonal
bl ock di agram sh t he sic elements of a si cancel |l e

D o e ooty chafea e » Ean pee senal e iag s el Srqnd e
speakgrs for waggle sig ﬁﬂafééhmgttﬂe RS EACEs thet ﬂlé fa'it&'i‘eﬁi?%ﬁ i e E‘ﬂlliieéttenuated |

angl es (a delay of about 6 les at a 44.1 kHz sa Ing raté). Each o
‘the filters 16sl@hdy11$latwesnonﬁnleynear-ﬁateqnmby Gndm'pnom@rﬁta aanaehugtmgmlftheneﬁ)re

PR i i 5 i A e,
In a cross channeln fesid 48sdtaAR @Qﬁ%ﬂe@éﬁﬁlﬁgfﬁﬁ%%ﬁ% ef aétﬁleﬁ'lﬂi’éer &ﬁ&&fﬁuﬁh |

the respective sumer), to generate a ca ler of previ ous canceller
signal; as exp-l-ai ﬂedlemossatallﬂ'klgsal from theeleft londspeaken hearst incthe right ead is canceltled

cancetler tore zed I tal o) |p||cat|on aﬁ
pai r?%f 6- samp? bﬁ%@r? r:mgq@aﬁ”&%gg—?eﬂm amgﬁl\{dﬁ- gdlmgh ncy— -
the N.outputs dﬁpehﬂ@xd%ﬂté‘ﬂe@%ﬁoﬂﬂf\ﬂi&iﬁniﬁ Sgiid) o BRRAMRERANNeBSENd vice-versa. ‘Bach
filtered feedback signals fromthe N outputs added to the Minputs. _
However, the sphase-dnveaied signel mugtsin tuasbe cansellediin thesemgguanner (ideast for seyeral
that the atte%ﬁgﬁl ntroduced in the far ~acoustic path is frequency
dependent 'S wWe known that the frequency characteristic of such

acoustic paths miigive 1ldsia/fthctivnaltbioK di&ram SHOWSIY 421 6asic elements of a simple

PCT/ 5)&98/ 03882 -12-
canceller. Each delay 12 and 14 is typxcally about 140 psec (microseconds) for speakers

forwardly located with respect to a listener at +/-15 degree angles (a delay of about 6. |
saniples at a 44.1 kHz sampling rate). Each of the filters 16 and 18 is simply a
frequency independent attenuatmn factor, X, typlca.lly about 0.9. The input of each
. crossfeed leg 20 and 22 is taken from the output of an additive summer (24 and 26,
25 . | respectively) in a cross channel negatxve feedback arrangement (each leg is subtracted
at the respecﬁi(e summer), to generate a canceller of each previous canceller signal, as -
‘explained above. This is a very. simple acoustic crosstalk canceller to realize digitally:
two summations, two multiplic’:atioris, and a pair of 6-sample ring buffers for' the delays.
_ - Thus, in this rmhzanon the N outputs of the M x N port network are the separately"
30 filtered feedback signals from the N outputs added to the M inputs.
| However, the simple canceller just described fails to account for the fact that the
attenuation mtroduced in the far acousuc path is frequency dependent. Itis well known

that the frequency charactenstlc of such acoustic paths may be derived by measunng



bi naural inpul se responses using a hunan head or a dumy head, usually
measured in an anechoi ¢ environnent. Publi'shed data: 4.ef | ecting such
measurenent ¥Q 88416k y avail abl e. For exanple, usabl é%bi naur aPCT/HE/E882

' responses i nclude those taken with a Kemar #2and dummy head in an anechoic
environment by the MT Media Lab, and 5 publi shed on their -

| nt er net mrlmml&mmu@sammtmadm@dmmgm ,utsually measurgd in

Sourcos ot 15 B aPRURE, vitciie. . EBsel i GReddR iR PEARREREHs B widey

response corr e@ﬁﬂﬂﬁl&ﬂ@&%ﬁﬁ%%ﬁbletbuﬂmmmpﬂwm&@ﬁs@ fncRideNR6ses keh With a

is shown in Figure 2 as response A, a rather conplex characteristic which

woul d requi r e Reman brand| dummy thead rin ani anechejg enygonment by the Nﬂ@mmma»@b, and

2, i 15 or dor + SAOLHRY oo, CIaRREh Vol WARE WS, S URRe SO BRRY ul, 4 st

m ni M zi ng COoNRikiRofth® FOHEN triMfétnisCéiSthe 1410 2hd) eighbé&drfiipulse rb&ﬁbnﬁé@ﬁﬁrsburces
invention is the inplementation of the snoothed response by a first- order

filter secti ordt kyfdegreesare subtragied to arrivecaia differensial, ngy sesponseeprrspending

oci P e S bbb P, i S HEEHRR by i il BV HHYE 23 roponse

response is a Aaqiihescompler GhaRkteristic AR WoaldoRtird b trRulupblefiltérveligition!
at |east a substanti al portion of the audi o sound spectrumintended to be

reprBuced by saiQnepaspedridhe presentaintention mrtgrsn@Oﬂbaapqwose mxea&mponse Ain

response with renP e _ o
are so many. so eésr%f e{’fd%f stgr'f M ﬁh%l r}gg‘lﬂge fﬂtetl)" etﬁg%ggké‘rﬂgﬁﬁ%?g

sane di stance donepitéd predestor rRBuicks! engriothernagsbct Sofeie -Tm‘éﬁéﬁt rinverititn, is the
_abnorrral wi dt h, head etc. Ln practice, the response of a first_order filter

“‘appr oxi mat es t ¥RP: lementation af the @W@%f@l’ml t*3/)’ érﬁ'ﬁb#@b fﬂﬁatse@tm, rvehighy wihgn
' tal k '
crosst ok Cancebigi sy B 5 0V o Sy TSP RIBFSE o

FIRISRfilt erpmfndﬁmurdemﬁblél sbathingols, forcdxanipld, responste Ban Figure 2. The desired

(frequency-i ndependent) attenuating filters 16 and 18 of Figure 1 (i.
repl ace the atTEPRMEISR Mb%@vq@m of,the aqoustic Brtaearttermaqoer throughout af 1dast a

FunctTonall,  AESSRBINAAE U oo kL ST eI P bl 1 i

del-ay 32 out pupresentzi:mnl a:hadnels. éI‘rymgamhppnmhmate(mé Iespadse With i oxeepreaiseness
.36, having sever an out recelv s the out

of scal er 30" aHtil ok Miela el becasn. thesg. S8, F. RIS DT « dbisDaIed
whi choi s al so fadihgc el(kéi's %oﬁﬁﬁr%’ﬁsﬁﬁe@ﬁoﬁﬁhﬁ%raﬂfemsi&e?ﬁ"Heﬁd 14 ﬁ&lﬁynﬁﬁetho
anot her input of su . For +1-15 degree speakers and a sa rate
(fsanpling) eqesdd aboomallwmz heatle etd.| t br pragicej aherma)onsq ofha aIQrElOlt ifdier

shown are ff0 z;pproxxmates the ideal characteristic closely enough so that the resulting crosstalk’

canceller is effective for most hsteners

A smoothed response, such as response B of Flgure 2, may- be reahzed by employmg

25 ~ the FIR/IIR filter of Figure 3 in place of each of the wideband (frequency-independent) |

- attenuating filters 16 and 18 of Figure 1 (i.e., replace the attenuation constant K with -

a first order filter). Functionally, as shown in the filter realization of Figure 3, the filter

ixiput is applie'd to a first scaler (ff0) 30 and to a first del_ay 32. The delay 32 output is
applied to a second scaler (ff1) 34. An additive summer 36, having several inputs and

30 - an 'output,' receives the ootp_uts of “scaler 30 and ISca_ler_34. The summer 36 output
pro'vides' the filter output which is also fed back via a second delay 38 and a third scaler

* (fb1) 39 to another input of summer 36. For +/-15 degree speakers-and a samphng rate
(fsampling) equal to 44.1 kHz, the_'filter. coefficients for the realization shown are ff0 = |



" transducers s

VO 98/ 42162 o _ S ' . PCT/ US98/ 03882
-13- -0.46 ~ 0.2596, and fbl = 0.7702. Delays 32 and Wﬁ/

i nmpl. enent egﬁgy&;r“l}lr% buffers. The choices ofj}4f0, ff1, fbl, and t e98ﬁ}§8 2er '
-of sanmples in the two ring buffer delays depend on the sanpling frequency

and speaker SRgGeHg; £ff e 0 SYEC G Iyl 2] Déilgs IEhAY 38imay B implementdd b
t he range of Fféggbg, ggr pr'acti’(%%?ffbsf)g-gEeman[y?egfsand 5 2y sgrrpl inng Y
rates (about Gingobffers. fThe chbicesof fi); ffhcfblt cand thedmimberpfi sapplesiin theldto) ring

I n accordance Wit h another aspect of the present invention, the fjlter. .-
real i zation Ofb“fé?ﬁd%% ﬂ?&gcﬂ’\‘ é\@r%ﬂ’d’ sé&a&ﬁ%’ _ 3cDg- hYhe, npmbey of
order IR or Fshﬁ? | : $1;ﬁﬁqﬂ ' 2 %ge%ge

forward with mu .?&p:ﬁéftﬂtfe‘]&d;éyssx\%ml “be re%%%?ﬁ@ggrﬁ?éﬁﬁo | e?%?ﬁ ;a)ﬁlde
iterdtions of samplingarates (oot 6 samples fored-| 1Sdegréhispeakers Bid fsampling = 44.1 kHz).
I npl ement ati on iifb rocessor .intensive. On e other, hand an, I |.R or FIR.IIR

real i zati on inhe Witheanather; aspect th & PLesgnt invention, fhe filter realization of

sinmplicity andpl Que g&géé@ i i 'b?d’éri R o FINPIR Klter.
Figure 3 cons_ﬁlhifhget‘)@émg&hy ri °Fﬁ%§qi‘rm'€e§i‘.'@§‘r“gﬁd°§ﬁg a;gégl ormllglsgiportion r. _
(scal'i ng the iIfifmplemenfel @singchndfIR fiiterg féed forward withnmultiple deldysiwould beyregaired
the input, scaling it by ffl and, applyinhg it. to the, sunmer 34 pnsti tutes
an FIR filter lﬁnﬂ%f"’hé_of H‘Gﬁc%“ﬁ@??pilﬁéb@gél%fyhﬁgrmge&&rﬁ%ﬁ' ,ca%q?@mgqg '#‘fca‘b?‘
fb Ljgand appl h‘ﬁﬂe | ts r@éé?{&"r' sv& Ol 4 S K ok (FER/TIR R€alizatior
- .freqluo:ncy dep>ein -er#t‘énc%tgbrnalgﬁ)erl S |3o§glg%cp{aﬁkgl§|@%dﬁﬁ%#| s often “zation
referred to adnherently proddeshmblitipiegdeibyps withemicht greaterVsimplicity andilower progtssor
processi ng appar at 35 20 - “outputs are for application to a pair of
d&é‘&? &t ~about [err] 15 degrees, the |ow pass shelving

characteristic haneiifet Fedlizit @6WhaR FRIr8B cBhstilieyh hgHAA FIR/ARilfer SeaRed

~inflection point at about 4370 kHz. \Wen. the audi o signal processing .
appar at us out plorwandrgorfion (salihg thwt input by I 30 applying itatesa seomer Sdeansdelaying
abou 20 degrges, the l.ow.pass.she] vi characteristic,has a.firs ' '

Tt Bt on poi HIE 1ty E'i06% rpand apriying 1P LS e Surhéra "f"ﬁ‘ﬁaﬁl%'t"t’i-%h%iﬁ%’t?
at about 4150 jeidzshe FRRILAAEPbIN (dRlafingSthBVutghiit] Sdaink it By 761 @n@apptyidg ki the

suitable for corrpatei bility wth ((r)t hglr gZ_tihgi tgfd audi ogsoﬁ)_r’ces andp§lé'“33gr-ovi de

sufficient frespmmen34eaopstitutes faorIRifidters i del ity reproduction. O her
sanpling. rates > ysed (suc S, but .not limtec Hz

- 22.05 kHz, and T?ﬁﬁ%uewe#%@m? F“?‘é&%“%&“ 3%%*%38’%%@?‘?* é’?’%“g ferred to

realized by a {9 htigw-jdds RhelvinheidtadteristicdUrwhen ithe whdiohsigha procedsirigoapparatus

handl ed by choice of sign of the ff0O and ff1l terns, the subtractlgn-(m nﬁ)
si gnd0on the seuthuls are foranplisgtiqurioga pairof tansdyaepy spaced it ahowldd 1_ dﬁg&esﬁ: ¢

st gns. low-pass shelving characteristic has a first inflection point at about 2000 Hz and a

second inflection poinf at about 4370 kHz. When the audio signal processing apparatus‘-'
outputs are for application to a pair of transducers __sphc_ed at about + 20 degrees, the
"low-pass shelving characteristic has a first ihﬂet:tion ‘point at about 1600 Hz and a
25 © second inflection point at about 4150 kHz. | | .
| The sampling rate is not critical. A rate of 44.1 kHz is suitable for compatibility
with other digital audio sources and to provide sufﬁci'eht frequency response for high
' fidelity reproduction. Other sampling rates may be used (such és, but not limited to 48 -
kHz, 32 kHi, 22.05 kHz, and 11 kHz). When the filters 16 and 18 of Figure 1 are ™
30  realized by a filter such as shown in Figure 3 in which the inversion is handled by
' choice of sigri of the ffO and ffl teIli_lS, the subtraction (minus) signs on the summers 24
and 26 (Figure 1) are replaced .w_ith addition .(plﬁs) signs. ' o | '
Figure 4A is a functional block diagram 'showin'g a 'p’reférred environment in which



Figure 4Ais a functional bl ock di-agram showi ng a preferred environment in
“whi ch WO 98/ 42162 _ .

PCT/ US98/ 03¥§»98/42162 { e audi o crosstal k-cangel | ation net vior k RETPHB/33%2: ont
i nvention can be ‘enpl oyed.. Five digital aud ‘g i nput signals, left, center,

8! b ot B8 Al b 4Bt 31 e Ao et SHBLLS R Five
respectively, cﬁﬁtﬂﬂﬁ&i‘&riﬁg ut el n&niér' 1 HERE 1€ 1é@s61¥o€r€d é&i ﬁgﬁt difroudds Buch as

having 5 ass response (- | ocki ng filters
may not be nedem sany Dottep Sutonnd o&C—ﬁhderdgnélotsﬂhomé aﬂ'ee’dcmged he'ﬁlye inputs are

ave {1 e del PBUGL RERERTY o RRERTALIE bliskirg i 302, ) 46 A B, bhdiHhving
cross§ al k- can%ehi t ﬁgﬁé PEB Qrzb '(DG bld&ir% filtbds R@ rm,ttbdmmgaay |

in the network 5 0, 52 and 54 are onm tted unl ess network 56

- includes an 1(tlependmg ondlq:mgnalldmmm:lmgsthem) Optional dlelays 585 $2and 54 jrethedeft, - -

et mer k. 5 ar Sni and rignd fovn BRee AV Grve drias o Bestrad ot g HIGE AL, %y,
i nputs to net vgrike 8 &a&eﬂahshh@&drﬁ%e'omxﬁaﬂypﬂﬁ% WAl BE b mﬁeaeﬁy%rtﬁéi

enbodi nent of the cas i | at1 on network for use”in this environnent
described i n owtwexkt 56 randi dtlayméO;elSﬂomd‘réﬁtareforﬂit@drUﬂ&S netwﬂnrﬁ&mchms an

and tput co r/linmter 58.receives the del ayed | fe r_an
ri ghfdlm gnal s%sq"%e Wéﬁgréﬁmétﬁrr |‘§ 2YR8:( 85 I8 ofR b‘?‘ﬁﬂ"‘g (ti" this
signals, |eft e?ﬁﬁoﬁin@ﬂtt thé E{i&iu@ioethﬁ%néeﬁﬁﬁ&ﬂ HEwWRR S8YarkWhe Qéfﬁﬁh&@ﬁnd and nght
mul timedia | oudspeakers rther details of the downm xer and out put

conpr essor/ | i urzeund dnputs (idgsoetab die inputolormatvotknSGvarehngti lipited t being surround

exceeds an 20 moust R Riferpe Bipaiiien . udidpdafading nblork ‘46 oy TR s
contains five éﬁvﬁ%ﬁﬂkﬂ‘t fs descrivaa dncstindcidiwite kite @fifodimentufrigere Szhmnmixbr

s desirable to preserve the discreteness of the channels in the twy

speak®r pr eserangtquputicompresseslimiter 9 S@ﬂeb’leé therglayeddefty center and right-signalymad

The Pioure. an e rételsel SESRAF SeRi o SRRAGH L G ul\Sel ek AR Hphi R o
may al so be apeprothiction thie twet eomputen pml&)nediﬁhdaoddspéakarsd r Fottherf details of the

channel s are ded 't o the cancel |l ati on-.net roces ed | eft, and r
sur round chanrfg?@mﬁx%'ﬁ%?‘it?ﬁﬂ‘ipmmo’gg %Ngé E?ﬁi’é 6.

| “(if used, not O] onm?g furltlidfe &f 'bﬁbmﬁsshf&%tﬁ?elﬁaﬁ H1g?ﬂﬂoﬁ?pﬂh§1gﬁblt&8eéds an

wi t hout any ad processing.
o200 amphtude of 1.

A decoded AC-3 dxgxtal bltstwam contains five dlscrete full bandw1dth channels and .
a subwoofer channel. It is desuable to preserve the discreteness of the channels in the’
two spmker presenmuon to th¢ extent possxble _Thus, only the Left and Right Surround
_ _ ' channels are processed by a cancellation network (nevertheless, in the Figure 4B
25 - alternative, described below, the center ‘channel may also be apphed to the network
| inputs). The left and right front channels are added to the cancellation-network-
processed left and nght surround channels, respectively. The center- channel and
subwoofer channel (if used, not shown) are mixed in-phase into the Left and nght
outputs without any additional processmg - )
30 The arrangement of Figure 4A may also be employed when there are four input B
signals (left, center and’ right cham_lels,__ a single surround. channel and no separate
. subwoofer channel) such as is provided bj__a_. Dolby Surround or Dolby: Surround Pro -
Logic decoder. In that case, the single sﬁrfdﬁnd channcl should be decorrelated into two



30 - -*  The arrangenent of Figure 4A may al so be enpl oyed when there
are-four inNA%4246%| s (1 eft, center:and right channels, a si RGTAS8¥PI8ZUNd.
channel and no .separate subwoofer channel’) dch as is provi ded by a Dol by
Surround or Dol by Surround Pro Logic decoder. In that case, the single

surround chanrRseudorsigrepphenig sigaalse whichare ip sumgpplied tathgdnputs ¢f the canceller. A

Co the | npat o Sbfe g dfod SORARERN oiay “HONGE O ily B ohirilh Tuaf Bt he
used enpl oyi nesign e oubof phi@ with lthé beter OMafy Pe@ido-stered iconbersivasechmitjiest fre

ot her. Many pseudo-stereo conversion- techniques are know in the art.
The -ar r angenerknoy inrtheatt 4A may ‘al so be. enpl oyed: when there are only two -

i gnats can be. oribe; bl B¢ HiBlre 08 Sup o "6C SR RHER ikt B Uity owo
signal s by abost_éxegphdﬁié lingi gipRas. 1N that sty steR¥sPhoRicSpRude-saroesd Sighalsicai be
signal may be used by deriving a pair of pseudo-stereophonic signals to

provi de the | eSreated &y delgying eaghof the-twossergephopiaipputisignals by @bout 30 milliserends.

to create a pagql...Qf..PS - round gi | s.. ELaur S kil onal .
‘alternatives ?%mfl%élyg r%‘%g‘g%ﬁﬁél"o'ﬁg‘&@ﬂﬁga‘ﬂﬁ!‘t Eﬁg#i @ﬁfg 34%?&%9%%8 an‘lnhm of
right front chpseodd-stefecphohidaigmdlsstoipgbiidy tiylefrdrd Bghtdnpity ard by delayirg éath of
bl ock 49. Al though anti phase mxing to. w den the apparent stereo "stage,"
i's alQel |- knothem: Ocoraats Acpaiy PfP%F“gﬂ'Sﬁgﬁéﬁq signalshe present i nvention to

real i ze such ni xigag. hysd. iy | ' L on | an -
t hat the crosst alﬁég%érﬁgf}ﬂaers ardg ltlroéla- I Z€ :‘iét%"gg %}gﬁeﬁﬂ%@g{%ﬁt %ﬂﬁggﬁAﬁﬂrﬁéuﬁ
~.cancel | ation a4, e:retleftragdy-igmﬁroge_cmaéltsiawmmaaﬁgm)pﬁy@aﬂialfahﬁ%mmixingin
process). Thus, the antiphase m xing cal cul ation realization of block 49 -

constitutes an®lopkrdOM Althoygly antiphaseomixing 9 sdden the apparenksierso, "$tage, h inaiwell- -

Mand N = 2 an i 0 _C ' el | ati.an: networ | B (39

Figure 1/Fi gurgn nat%ﬂgie- gh%ﬁg%ﬁs%%la.ﬁgeﬁﬁlﬁbégé:g%gg%gcausém?% by a
desi 18d posi t i matrbhealgelation 3 thghdandel mennertthat thp @coss@lioaricbiter Birealined (ak gbted
sources Mwith respect to typi.cal corrpu{’,er nmoni tor | aker spacings is

muich closer t h3PVin@FOYStS capesllafion gnd rax

operati ons arepgy er : | ECHHeE _
operatt one a1 epRkARYSrThlE Yl b Sl Bloak i35 elatoR A it a0 st

t her opt , e center. channe
cancel | ed i n oantghertM xiiNnpert netwoltke r@isesented by a omaknix &Y, inwhidhoM anekNI +<2 andthe -

havi ng the centeyr, signal, heard .twi ce by each, ear -_once, from pear .speaker
. and again fr or’r?‘f‘{i? K 'Eﬁi!‘e‘?‘.“c?@f‘ﬂﬁ Pettv.‘ﬁ’é% e?’gﬂ%’_'?"i"ﬁﬂfglggéep};(y éﬁ‘@'eg may b emllﬁo_yed.

Di

- 20 In this case, because the desired position change is slight (i.e., the spacing of the left and
'  right sources M with respect to _typi_Ca_l computér monitor loudspeaker spéé’ixig;é*is much
closer than when the sources M are surround sources), the matrix'operatidns are simpler,

than for the surround crosstalk canéeller, requiring fewer processor Yesources.
As another option, the center channel méy be cﬁncelled in order to minimize the
25 ~ coloration that results from having the center signal heard twice by each ear— once
.from near speaker and again from far speaker. Rather than .reqixi'ﬁng a @mm |
canceller realization, the center channel acoustic crossfeed signals can be cancelled by
applying them to the surround channel crosstalk—cancellatioﬁ network. Thus, the center
channel signal is mixed into the left surround and right surround inputs to the crosstalk-.
30 'cancéllation network 56 via additive summers 51 and 53, "re_specti_vely. _
| Figure 5 is a functi_'onél block dia_gi'am showing the preferred enibddiment of the
simple 2 x 2 port canceller of Flgures 1 and 3 for use in the g:nvi,l_'onmerii of Figure 4.

Elements common to Figure 1 retain the same reference numerals. Figure 5 differsfrom

oudspe -
LSTHY SOWREC RASIOBLIE. arerASDRE (G, e same



cancel l er realization, the center channel acoustic crossfeed signals can be -
cancelled b a&{%lnél ng themto the surround channel crosst al k- cancelp}lngq?l on
“networ k. ThW® Zcenter channel signal 516:;)1 xed into the | &K

and right surround i nputs to the crosstalk 0 cancel l ation netvvork-

56 dd d.5 | 5
o ek o s i R Bt BmeRRateE e oiass SRSt B Sid Sipig Rlen
cancel | er of Figyigall qmecénée%r W fok e%hﬁﬁae@rgreaér a1, But s lkely

El ements caonmon to - F gure 1 retal e sarne reference nunerals. Figure
differs from to dv\So @8mi@ kSlbw frequencles (below about 200 Hz) under certain sign condmons
PCT/ US98/ 03882 - 16- ure jJrent in that l.ude a
conpr essor t o SHERh WheR edﬂpﬁbﬂméh S TIRY QCHHT & q\"‘@railﬁ Ilﬂa@

geneiat e numhgnfy & 6f¥ Sipul BE tighall gﬁﬁéd 't&bb ﬁbﬁtstﬁe%t%?gﬁhsmt&ch%er)

frequencues (be er certain signal conditions even
the input si gilnput high paﬁs filterceahnidt be (sedi to elimyinate the pmbhm-m\mgglkw d‘nequencxes

applied-5 onl one in qQr signal ql bot h
out of phase REFaNsE S tf“r@v)‘" W%ﬂﬁ?’g %ﬁ%@z‘ ‘gtt“é bl‘@s@a“
el i minate- the gy L:?Q‘e?ﬁ:‘ﬁ*t déstu HES1 €S &d&ﬁcaﬁes Sm%cbfdah&s Switth andmer

effective, cause phase ances ich -reduce the canceller's

ef f ect i veness aspsit iofitthe thveation | aolost-pmcessirigupowemcrasstalk dancsdleniis providechwhich
aspe (btj of the, |‘§ ntion, a | ow processin Tjlgower .CI O stalk canceller is

or ovilied whi cARGIRAES a COmpressoE i compresspi pISG eAuiring oW ProsesStg PoweL o

fequi 111G | oW pr 9ARAShE GRabns WeCerEE diflohtd Bbapeint oAk, dht eump%ss&

fixed-point processor, the conpressor functions rOV|d|n? fixed

attenuati on atfundtions bpq;m\adilhgadixcd httemiation apthe ¢ cancellds semp@t@sld aqxariahle
~canceller's o he a nt of the,fixed a

assure that t ”’é’g&ﬁtp n@#"?& Sc%%‘&r I j‘e &8@?"&18??@?(?53% a.it% f’ SS‘K{}CIE& to

si gnal condi t izgdiire tRat the output of Bl canedIRE Aoes fot\éiRBed 10 GNRr ang contitions

only one input, the cancel

er causes a 20 dB boost i'n that si t he
fixeld att enuat(fqrrexampm 1ﬂvz;nen 7 nignaldis iapplied tocudy oneinput| they c@t&eﬁerew&ea 2v¢QdB

' poi g1+ oo BB i B a2 DB e Vel OB C 1 b
i nput of the Wédﬂsdsl@{'él \ﬂﬁ@iﬁt&ﬁ)res?ﬁe input attemﬂﬁdm aed an attendiateddével which avoids

controlled compressor nust act instantaneously, thereby produci ng audible
artifacts. In gwpmgtlerthgpuwt gigpddi ment, . descri bed bel ow, ‘an out put -

cont rol |l ed conpr e |

cont oL e SO 558 ApRISREE P WA Bon N (BUSpA'St ecpbichaf] becdll,

i nf i20te corrproa-aimﬁry rafitougput bmtvd‘lledh:ompressor must act instantaneously, thereby producing
- audible artifacts. In an alternative embodlment described below, an output controlled

compressor avoids the produchon of such audible artifacts. The compressor may be’
E realized with a finite compre__,ssion,x_'eitio, or, with an infinite cor_npre'ssion ratio, in which

case it isa limiter. | : o |
25 The arrangement of ﬁxed attenuatlon prior to the canceller followed by vanable
h | restoration constitutes an aspect of the present invention. Although variable gain at the
input of the canceller would assure against clipping at the canceller s output, sensing for
control of the variable gain would necessarily be located at the output of the canceller.

However, such a conﬁguration is not feasible because by the time clipping is sensed at
30 - the output it is too late to reduce the input gain, particularly in view of the delay in the
canceller Inst&d the present invention places both the sensing and variable gain at the

'output of the canceller in combination with fixed attenuation before the canceller s mput :

As described further below, delays i in the canceller’s output sxgnal paths allow a "look-



case.-it is alimter. 25 - The arrangenent of fixed attenuation
prior to thwoommasdzl er followed by variable restoration constpépivgss/ @882
aspect of the present invention. Al though v#f4 able gain-at the input of the -
cancel l er woul d assure against clipping at the cancell.er's output, sensing

for control ofahédd® soathatothe Seming) D sylihbitalio coatrbl theRniprékbed gain.t he out put
~of the canceller_ However, such a configuratjon is not feasible because by

the time clippi njor Mreamddapuis applied to a crosstalk eanegller, as in ghe deft half offigure 5

e, e ARSI g bk R b R AR ey
the out put  of theDAGH (dipitdl tolanaloREdn{érters)orperhaps podér ahiplifiesd o NolRpedlers),

t he cancel ler's i nput described further bel ow, delays in the
cancdl | er' s oiYapes withgirequepei. h@rw Wayto, preveslksuch wsrigdsis te precede the canceller

conpr essor- s &%, tPrereBibtay' Bink 4 rptactsd SRR R B ok BGEF e GRBEDI ectbaf
in the left haevel @b- 4 fignotion Df fidyRediyoDHRhES iat Feql é!tﬂﬁ/'f)ﬁlé sySiet SWoulldt dVefload

the canceller or_in subsequent circuitry (either the DACs

(di git al -t o- akafiBdpelow japutfullyscale, wm&pﬂu@)m efrpattenuation af frequency f. This
| oud k h
overload 15 1 SiApRaEsTRREL iy Fheta, o etstrt RaC Vi 1Ge Sbalc 1 &V la 48 focur.

whi clig nore- or | el af prabtionad redlizafibn Rftthe Q‘ﬁﬂfoﬁﬁﬁé’nt'cﬁ‘\/ﬂgu?é 52 ih Wkich Ofle Qrosstalk
frequency. Hence if ‘at frequency f the system would overl oad . X, dB bel ow

i nput " f ui | - sc#macellge iy Fun odBexpensize Croedssing rrdwareafsuch ag dinedypaint PSPschips

Cver Fond”can’ aBERufg iy 1055 kR 1AM o e, Hhdd kol 5 Gl BBostrave

enbodi ment of fféquency dependentithatactehigtics stfehttnitkthe anemiakion and Hosst Operate only at
i nexpensi ve processj ng _hardware (such as fixed' EHI nt DSP chi ps supporting

only 16-bit wdnid 10ckeyt freguenis Hbelow amczogtﬂen {§XGADIR)el tha kegping Ersolpsy in
h ) . _
navas | quenciAEREIGH rbAoRP R AP uRUEN BT hBLIBRLRS s Inttaible.

exanpl'e), thus kiephegedlization of Figuité 5, the compresaﬁlﬁxhcum1 By providing @wfixsd
limting the l'oss to freq,uenmes re it is Iess i naudi blugf I'n_the
1

‘realization ofPTRFTRIASISAL Hh RGN eﬁtemamtpwn eqyengies Sufiicigntly 19 avgid any
preenphasi s alcliphihg! fiPitle: caBlifel, ahd 'y 'dwngg{s%’geenp 1B, WIRLR THdjustdnty

avoid any clipprhg in e cancel l'er, a varl 1§ at its
~out put, whi ch restpxes tthdlow freqoencies. tTiee Vmable éqmq:hasless scilml betweeﬂnladevel whlch

d | | | t.
| tﬁzrﬂﬂ:’;ﬁi "o R ERBBR TSI G oK Bireipresy 3% an piosmuati e G RS duboine

in the output signal. Because of the use of preemphasis and variable deemphasis, the

effect on signal-to-noise ratio is-4naudible even if the crosstalk processor is noisy at low- |
“signal levels (as it may be when an'inexpensive processor is employed, such as DSP
“chips supportmg only 16-bit word lengths).

25 ‘While one could restore the overall frequency response and sxgnal level by

introducing after the canceller the ex_a_ct complementary deemphasis, for example, a
boost of 20 dB at DC falling on a shelf to 6.7 dB at pi12', this would of course have no
effect on overload within the canceller itself, but might lead to overload downstream. .
One preferred approach to fprote,ct' a_gainé_t such 'oveﬂoad, shbwn in the Figure 5-
30 realization, models the. restored response (offset downwards in level to avoid overload)
in the two crosstalk cancéller outputs, measwses the greater of the modelled outputs,
estimates whether it indicates that one or other or both of the ‘main outputs would

“overload, and if clipping is predlcted apphes gain reduction 1mmed1ately prior to the



~in the output signal. Because of the use of preenphasi s and varlable
deenphasi's, the effect on signal-to-noise ratio is naudible even | f %Qﬁ

crosstal k p“@ﬂ@@ébﬁ is noisy at low signal Jgevels (as it nay BfeE

I nexpensi ve processor is enpl oyed, such as™®SP chi ps supportlng only 16-bit -

wor d | engt hs). - Wi le one.c d restorg, t.he ov fr ency _
response and §P§ﬁhhas}3ev'§hlsl§9ﬂﬁtﬁ"}tﬁ%@luw ‘H gqmpqegso F—ﬁrbg}glaﬁb’ ﬁg‘lf

conpl enent aryggﬁgéﬂpﬁféz&n{ ﬁra.leﬁ‘&iﬁgh& s;3t 08 %%Qﬁo%(el&l&?i mofédcééd‘ﬁﬂpm

shelf to 6.7 |s WO U ’course have no ef t on overl oad
within the car(cxekdm othies ddiredittitesholght irtespettive of tiser frequbndynmntemaafrthecnmal
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scal er cal cul \A a out puts of the canceller
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.20 and between +6.7 dB and -13.3 dB at /2, depending on the scaler. Filters 68 and 70
' are also Jow-pass shelving filters, being, however, fixed and having a response of -13.3

dB at #/2 and 0 dB at DC. The scaler calculation first operates on blocks of samples

- (8-sample blocks in the pracucal embodlment) to calculate the mammum absolute value |

in the respective blocks of samples .in the left and right canceller outputs (that is, the |
25 ~ block with the largest maximum value of the filter 68 and 70 outputs is selected and the
' maximum value in that block determines the scaler value). A scale factor is then
calculated which sets the level of filters 64 and 66 so that the output does not exceed -
1.0. The scale factors are interpolat'ed between the current and previous block so that
_ ' the compressor acts syllabically. and does not generate undesirable artlfacts o
30 If the fixed-point processor on which the crosstalk canceller is runmng has enough
bits (say, 20 bits) so as not to add audible: noxse at low s1gna1 levels, a wideband
 (frequency-independent) compress:on scheme may be employed instead of a frequency
dependent one. In that case, the inputs may each be subject to a wideband (frequency- '
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concern, while filters and 66 woul d 1 ose their frequency
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t he ape of the applied deenphasis rather than to cause an overal| gain
shif One’ Wafrqqyep%s@wgrﬁomponents in the presence of dominant low frequency s1gnals Itis -

noted that one control signal, indicating, for example, by how much the output wouild

_ be overloaded unless something is done, provides no information as to where in the

spectrum the overload-causing signal or sigﬁals lie. Nevertheless, for dominant high

' "fre'quencies_ (for the sake of example, near pi/2, a highly improbable condition) a gain
25 ~ reduction of more than a eertziin amount, say 6.7 dB, is never required (i.e., the removal |
of the 6.7 dB boost of the quiescent de-emphasis, giving therefore unity gain). For
dominant low frequencies, a reduct:_ioh of as much as a certain amount, say 20 dB, (again
to unity gain at low frequencies), but at those moments there would be no need to reduce

the gain at high frequencies by any amount nearly as much as 20 dB. -

30 ‘Other forms of deemphasis shape adaptation are possible. The benefits of -such
adaptation are analogous to the benefit offered by bandsplitting in audio signal
© . compressors, namely a reduction in eross-rﬁodulatio_n of signals in one part of the .
spectrum by signals on other parts. | o '
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boost of the quiescent de.enphasis, giving therefore unity gain). For o
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PCT/ US98/ 0388 Xigrials, asrinFifuret 6)cthe pelelavel isvidkelyrtalickéase, gininghrse toptheveagdifor
sinmulate the effect of variabl.e.de-enphasis by naking bl ocks 68/ 70 :
variabl e, al s@® PYPRLLAMRISSSOUMIET. . 5o essor /1 i it er beconmes an out put

control l.ed conpr gasdtink ithiticdettiOSEFigar! 6,0he Shysiita{left Sceantedl right, ABR 'sairound dnd
the main signals after delays 74/ 76. The fact that such fast output_control

caust® 5 rightt surpaundhtardi the oputpats  ofs blocks 3G 0¥ edheprd Jedathe Figare 4A
outputs of filters,.68/.70 are no eard. The.r i DY)
control si gnaler?etqul?’ﬁ%t &rg ﬁg?mﬁﬁ‘feg& @ﬁgouggwgog&é(s gr?)o%dé{dp éé/qgltg%?gggeh‘ﬁg
64/ 66. Fi gur e émbddimehtyCDEIRPSBOPED,CE4, BEgHE BB We \WptignA. I'Ehe usebf delags wduvdd
downm xer and output conpressor/limter 58. It should be noted that h‘f )
.out put conpr estllow [forithe: smpothing of samplgsnthay nyegede wlippingc Ry 58 Sﬁﬂé&l@iﬁé‘ ation,
limting in adgi.fj €nbimti OMi i Wt Tg= j f
Gk bRobaC T el Rkt %0 of sheSoBniker Bk EBbredl
20 sor/limiter 58 sums the left, center and left surround inputs to produce the Left Out
output and it sums the right, center and right surround inputs to produce the Right Out_
output. The amplitude level of the Left Out and Right Out output signals are varied in’
accordance with a scaler coefficient generated by a scaler calculation function 92. The
‘ inputs to the scaler calculation funétion_ are the left and right outputs of a control path
25 (modelling) downmixer 94. |

The control path downmixer provides the same downmixing function as the signal

downmixer, mixing the 5.1 (only 5 shown) inputs to 2 outputs. However, the control
path downmixer includes attenuation to assure no signal clipping under any input signal
_ cohdiﬁons.. The exact amount of attenuation is not critical. If Left Out = Left + Left
30 Surround (from the crosStaIkécanceller) + .707 Center + .707 Subwoofer, the maximum
output could be 3.414 (same for Right Out), so attenuation of at least the inverse of
3.414 is adequate. Since the compre'ssor/limitei' only works at high signal levels and the

_controller is not in-the signal path, high signal-to-noise ratio is not required, so



"signals, as in Figure 6, the peak level is likely to increase, giving rise
to the needwiggsi@ne20ut put conpressor/linmter. Referring to' thecriesesdsssol
Figure. 6, the inputs (eft, .center, 'right, I2f+ surround and 15

right ‘surround) are the outputs of blocks 50, 52, 54, and 56 in the Figure
4A enbodi ment aftehiuativhb974'6k § WLld bd dRqBateP Wrice@ownntikédtoleft brid Right>thel sBaler -
the Figure 4B enbodi nent).  Del ays 80, ‘82, 84, 86 and 88 are optional. The
use of del ays calsulation lusesithedargen of $hapbeftiand Rightinpptscto genaratg Acsscalge coefficient

ot TR om0 1810 Mo e SR L S ity BRGSO
l'ef t.,; center andysabhldbe indefstbod it implémentasbicss étheér vat{ationy ind® widdificatiofls bf -

sums the right, center and right surround inputs to produce the Right Qut
out pdt . The arthe invention andsits wdriousaspests widlibe apparentgnthasetskilledinithe agnand that
are varied in _acecordance w a al er coeff...ci ent generafed..b .S er
celculat ron 1 e asrogs s ek Refisdrey Hipsf RBoche EodipRfs Heicribet, Ju 3f Heikore
the left and rdofifeimplatedtd 8ovak by RO Pieseht iRMértioaany and all mod@iations) Fhriations, or
downm xer 94. The control path”downm xer provideS the sane downm Xing_
function as t lequivialpnts thabfathivithin theitruenspirihand; scopef] the basigowderlyinguprinaiples .
out puts. ‘Howevgr, the contraol .path downm xer includes attenuation to assure:

" no signal_clidﬁﬁwﬁwgﬁﬂg' ﬁthE Ut*'signal conditions. The exact anobunt of
‘attenuation is not critical. If Left Qut = Left + Left 30 Sur r ound
(fromthe crosstal k-canceller) + .707 Center + .707 Subwoofer, the maxinum
output could be 3.414 (sane for Right CQut), so attenuation of at |east the
inverse of 3.414 is adequate. Since the conpressor/limter only works at
hi gh signal levels and the controller is . not in the signal path, high
signal-to-noise ratio is not required, so . WD 98/42162 = . o '
PCT/ US98/ 03882 -21- attenuation by 4 or 5 would be adequate. Once downmi xed -
to Left and Right, the scaler calculation uses the |arger of the Left qnd
Right inputs to generate a scaler coefficient of 1.0 or less to limt the
gain uniformy in the signal path downnmxer 90. It should be understood --
that inplenentation of other variations and nodifications of the invention’
and its various aspects will be apparent to those skilled in the art, and
that the invention is not limted by these specific enbodi nents descri bed.
It is therefore contenplated to cover by the present invention-any and all
nodi fi cations, variations, or equivalents that fall within the true spirit
and scope of the basic underlying principles : -




di scl osed and cl ai rred herer n. V\D 98/ 42162

PCT/ US98/ 03882 -22- CLAIMS 1. A nethod of deriving a cancel | ation matrix C
of di mensi JMOBA2XG2i n whi ch each of the mat i x elements is a PCT/US98/03882
frequency-domain transfer function, the mat4ax C representl ng 5 an

M x N port au celling network go_r mappi ng M audi o source
channel s, eac lmﬂmnﬂmmgmr ated sour ction, to N audio
present ation channelts, *eaéh havr ng - a position relative to the source .
directions, such that each output N is either the |linear conbination of
separatel y-filtef.ed method of defitingaccahtsliation mattik € of dierensionMixWtin ovhicl each

separately-filtered versions of the M inputs an arate fil red -
f eedback si gn@f thempatrix elementsasarfrqqnenqsr-dﬂmaau@ngfer ad’% &I"f TEprEENting

ot a3 st ng. B MBS Al bl Sadling 'raﬂvé%efd’%ﬁf“@ég% feRbamls,
el enents is aehdhe taviAg Yandas¥béintet soasdecdiréation itorN dudio msenmuatrmnnde,nmhg
an N x P port netvvork for mapping N presentatjon ch nneI E@SI'[IO

listening poshayipg® position relative tothe sources@irestions e dia PHtPut feéther the
functions rep %Sihflﬁs dontbifedtion
dependent attﬁﬁ#&%@ﬁ?ﬁ%%sﬂ C rg)g?ﬁh\éfro agérleglﬂe of sald
prtefent at lh0n Qﬂﬁ%ﬂpﬁhtet lklapﬁltérelolrwrsimseabmt eManpitssmddetaﬁatebﬁﬁltgrends?dhaohsstgmlsd'
setting e crosstal k-cancelling matrix equa t he, i ver _
matri& R 2. AqmtkeN a%@usdpﬁgsep&atqlkfl#ﬁ@dvﬁeﬁ“ac}% 'ﬁ‘ﬁéﬁ QP@R@? Bﬂ&@
. the frequency on i s .a snoot hed average of said acoust.ic
pat h attenuat @E‘%eﬁfjﬁ@hﬁa%&ﬂ@#‘gast a substantial portion of the audio
- sound spectrum |estﬂm§hnhgta) rbanrmptnxdnceﬂdhgmmttdhbxe%entwhmbrcachalfn@bsmamx
‘An M x N port ud|o crosstal k-cancel I'i n¢ work 0 Malﬁ.dlo SRY (i,e
channel s, eacrﬁ3 GTEAtH %t%"eﬂg T‘ﬁlﬂl?(‘f' E‘e ?thﬁ r%gpli\lrg?ﬁﬁ‘ ng an N X
presentation tions,
G octi ons. sPR Rabri T8 alpHier S, freBaidanCt rrrrrrr@rsﬁg;reg%%grgzm o,
sepatst el y filwieareid said sfreqrmnoj-doinmmvmmfet sfum(tm)\stnprdsenteﬂte sime delay and a
conbi nation of separately-filtered versjions,of the ts
"separatel y-fi IW%"@&B&&@ 'jé? JFFQPE““WréﬁPF{“PF@t Iﬂttﬁﬁﬂaﬁ’ﬂf‘sﬁg‘?ﬁ (‘%ut acoustic path
separatel y-filggh fae&ebaf a'giaeé ntationOBhanfiel PoftiémUics eaél ofle (of i€ lidtening
n

I nputs, the cross-tal k cancel et wor k produced by the steps
positions, and

setting the crosstalk-cancellmg matrix C equal to the inverse of the room matnx R.

2. A method according to cleim 1 wherein said smoothed version_ of the frequency
" dependent attenuation is a smoothed average of said acoustic path attenuation throughout
- at least a substantial portion of the audio sound spectrum mtended to be reproduced by

sa1d presentation channels.

3. An M x N port audm crosstalk-cancellmg network for mapping M audlo source
channels, each having an assocmted source direction, to N audio presentation channels,
each having a position relative to the source dlrecttons, such that each output N is either

. - (D) the linear combination of separately-ﬁltered versions of the M 1nputs, (2) the finear '

| 5 B ‘combination of separately-ﬁltered versions of the M inputs and separately-filtered

feedback signals from the N outputs or (3) separately—ﬁltered feedback signals from the E

- N outputs added to the M mputs the cross-talk cancelhng network produced by the steps
of -



of . IO 98/ 42162 : o

PCT/ US98/ 03&%29 abl | I x R of dinmension N X

each of the natrl x 10 “‘“H“mlﬂﬂmyﬁ“‘s a g_equency -domai.n t?ans?g‘md?’%gz
function, the matrix R represent| ng an N x port network for mapping N
presentation cha t |
frequency- domai ng%]nsg'?@r Ef@ﬁa} }"g‘ﬁf %S’?esengm&ge%t# %&d%y %‘gl §? ‘ﬁ%é%“e’é

versi ph of . t heelémenty &6 fredpriycdothain ttamsfer tfundtion| GRgmatik Refdprésenting an Mat b
from each one of said resent ation_channel positions to each one of said

li stening 15 port netw for snapping: N presentatien jchernel positions do (B distering pesitions.

Phe ot el el EAC eyl shniter, WREGGls"Feptbsbnl i e TGy abes

representing Smobthéd(v&smfdif ﬁé@r@u&ﬁ@ﬁ dépindemodttentiaticioalon W difect 2dtdustit path
i npl ementing the snoot hed version of the. frequency dependent attenuation by

one or. nore sifipmeeaghgprejof fspid; presentation channel wsitions da wachy qnewef said: ligtening .
netwo accordéé; gclalms wherein said digital filters are of the IIR
type |1 R FI ﬂ@p’ 5. A network- according to claim3 wherein said sinple

~digital filters Fefiving’ the 1Ver @ off thetr86fm mitrix’ ROt &eaé?@r‘éfsﬂalk&ah@elﬁhglﬂﬁtﬁx _
wherei n said S|rrple digital filters are first-order filters, 7. A network

according to cEofndimenpiondVinx Miin véudbearduof/thesmmmlmtsr weaqﬁz;equgmy-dommn

i benvat on. 1 rodRtHrapbdel GCRARACE RERSRRR LT R RS MA E%at*alks%eﬁaﬂmg

spect rum i nt enskteoilg) dd reproduced by said presentati on channel s.
network ‘according to claim4 wherein said snoothed version of the frequency

depend@nt at t enudmplsmensing thersmoetbed aeesieryel dre fequeney: dauqndentpmuamn by one
attenuation t I the audi o sound
spect rumint eW@SP@%,ﬁ 9&?‘35 %@db‘gr eg(gér’?’lhg on c’hannel s.
o
4. A network accordmg to cla1m 3 wherem said d1g1ta1 ﬁlters are: of the IIR type or
IIR/FIRtype | '

/

5. A netyyork according to claim 3 wherein said simple digital filters are first-order

6. A network according. to clalm 4 wherein said simple digital filters are first-order -
filters. - | | | -

T A network according to clmm 3 wherein said smoothed version of the frequency
dependent attenuation is a smoothed average of said acoustic path attenuation throughout
at least a substantial portion of the audio sound spectrum intended to be reproduced by
said presentation channels. |

8. A network according to .cla_im'4' wherein said smoothed version of the frequency -

- dependent attenuation isa smoothed ‘average of said acoustic path attenuation throughout -

' at least a substantial portion of the audlo sound spectrum intended to be reproduced by
said presentanon channels. ' '
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-24- 9. A network accor di ng to claim5 V\/nereln sai d sm)othed versi o g_j t he
frequency VEQE¥AEA? attenuation is a sm)ot gd "average of saill %5%&8 pat h
attenuation throughout at |east a substanti&T portion of the audi o sound

spectrumi.ntended to be reproduced by sal d pr.e tati on channe -
network accor di iy Adetverkiacgo gﬂﬂﬁﬂ}@ﬁ‘%ﬁﬂ%&?&ht’tgﬁ‘éum_

del ay -by a di gi 1.0 gﬁp% ]
conprising i nﬁ#‘;@ﬁé ta”: %B%?{a S&&odh%W& I gl taﬁkﬁrﬁmgﬁ#@aﬁbﬁ ﬁ%ﬁtﬁft
net wor k “accor g laﬂsttaosubstﬁntiﬁl ?oi‘tib“ 6fthe @udior sonnd gpectnine mmmdodgostm mtptodmed by
delay by a digital ri ng buf 13. A network accordi.ng-to claim3 further -
conpri sing ansaiépresenigdon: sor 'sai d conpressor conprising fixed
anplitude | evel attenuators in each of the network's inputs, and variable
anplltude'level boosters in each of the network's outputs, the boosters
each incl uding al(ﬁcﬂhe!wdrﬁhcaﬁathCMmSKfonbérdompmmg1mﬂ1emexitmgtsmd11mede1ay
restores the input attenuation and an attenuated |evel which avoids
clipping in t b agligitaliring Bpffer. 14, A network according to claim4 further
conprising an anplitude conpressor, sai d conpressor conprising fixed
arrplltude level attenuators in each of the network's inputs, and variable
anpl i tude | evel pQoAnetworkacsrdinges claim 4rfﬁttherrdompmntgamlﬂ¢meﬂtmgtsanislnmedelay
each |nclud|ng a scaler for scallng t he boost between a | evel which
restores the Pifpdigialidngbuffern and an attenuated | evel which avoids
~clipping in the output signal. 15. A network according to cl ai m 5 further

2

conprising an anplitude conpressor, sai d conpr essor conpri sing WO
98/ 42162 . 12. Anetwork accordmgtoclmms further comprising implerRéting3ak] e delay -
-25- fixed anplitude-| eve ttenuators.in each of the network's inputs, and .

vari abl e anpl i Fodigitehzng Belih ers in each of the network's out puts, the
boosters each including a scaler for: scaling the boost. between a- IeveI
which restores the input attenuation and an attenuated |evel which avéi ds
~cli pp| ng i'n the 81t puhetsiogiatcording to claim 3 further comprising an amplitude compressor,

- said compressor comprising
fixed amplitude level attenuators in_each of the network’s inputs, and
variable amplitude level boosters in each of the network’s outputs, the boosters each
including a scaler for. scaling the boost between a level which restores the .input
attenuation and an attenuated level which avoids clipping in the output signal.

14. A network according to claim 4 further comprising an amplitudo compressor, |
said compressor comprising | o
| fixed amplitude level attenuators in each of the network’s inputs, and
- variable amplitude level boosters in each of the network’s outputs, the boosters each
“including a scaler for scaling the boost between a level which restores the input |
attenuation and an attenuated .'levol which avoids clipping in the output signa. |

15. A network according to clalm 5 further comprising an amphtude compressor,

* c L M s *

sa1d COmMPpressor comprising



16. A networ k- accordi clainms 13, 14 or .15 :wherein control
. for the compoesazis2i smﬂﬁm;‘m!ﬁwﬂe conpressor input. 17 pcr/osssmossz .
according to any one s 14 or 1B5wherein said conpressor has an -
infinite conpression ratio, whereby the conpressor constitutes a l[imter.
18. A network afixed dimplitide leveliattedatoniid cachvof drsmetwbrk’s imputs,aidides a -
delay in each of the network's outputs:and wherein the control faqr the

conpr essor | ook ¥arakle amplitudedevel bgosters|in saetued ie agtworkis quiputsotherhogsisys each

Povei ati enuaPbiBink A°GHEF GF Jolifs T bR BENRES £ 36 WAGH RUbL 466 wpue
dependent chajtnutidroindsn aéhuatddrieveloviichaesids clippihg is isd outhdt vigaslei n the

frequency dependent characteris- tics of said fixed anplitude |evel _
attenuators and vari-abl e anplitude |evel boosters operate only at md to

| ow frequenci es.qg21 carding .t .ai a1l &ej %' ' )
‘anplitude |evel lgf t%r@ﬁ%&%@%@i%@eﬁpﬁﬁaﬁ’ ?‘é\\?ﬂgﬁsﬁg@%t-ar%ﬂ{%&\{/g&me -
frequency- i-ndemmprdssor is bbtaimel €rdrf ithe Gompressoh ifipitwor k according to any one.

of claims 3, 4, 5, 7 or 13 wherein said audi o crosstal k-cancel | i ng network
‘is.a 2 x 2 port network for mapping two- audi o source channels Mto two

audi 0 present atiqgn aonljed.’ . Bad ral i na _
positions. rel at il\?g ‘%g%gkwé@g(%éﬂ%?g?ﬁgagﬁﬁcﬁ g’égl??gﬂﬁ%%%e S k}?}ﬂgﬁgsor '
l'i stener havikes dn infinite coinpessiontratio"Fhereby thetemplessorconstitussed limitensf t ear

and the listener"s right ear, relative to the transducers, wherein the
- network further conprises two signal conbiners, a.first signal conbiner and

/A

bed

2 second si anall @O Aghere Gl RAAHE 458 dIRPoP kR Thotuls bRy

~and an out put, erein o .
PCT/ US98/ 0388&achnaf thé netwatk™ outputs and swiwepein|thel contralrfor nipeitompressordlobks ahead
signal conbiner and 10 " .. .., another of said Ninputs is coupled to

an i nput of sHi erdgehailabicgly copplihgcOmPIEEOLHEAWF said N outputs is
coupled to the output of said first signal conbiner and another of said -
outputs is coupled to the output of said second signal conbiner, and 15 -
two signal feedbfckAmetwerk aecdrding tosslaginnl 6 vhentbmsdid fixed amplitwdesevel rattesuajons|

f eedback path ach .f eedbac ath_ having a tine del and frequenc :
dependent ¢ ha?%‘g ¢ F@Pﬁﬁhﬂqﬁﬁg Ropsiersiavg f"&&!‘ﬂ‘%a%ﬁ@g% cﬁ‘ﬁ%ﬁfﬂ’éﬁﬁf' an
output, wherein - T . : L :
20. A network accordihg to claim 19 'wh.erein' the frequency dependent characteris- -
tics of said fixed amplitude level attenuators and variable amplitude level boosters

operate only at mid to low frequencies.

21. A network according to cl_a'im' 16 wherein said fixed amplitude level attenuators

and variable amplitude level bqostefs have frequency—indépendent characteristics.

22. A network'according_ to any one of claims 3,4,5,70r13 wherein said audio
 crosstalk-cancelling network is a 2 X 2 port ne_tWork for mapping twb audio source
channels M to two audio presentation channels N applied to a pair of transducers having
| poéitions relative to the dire;itio‘n's of the _audio source channels M, the listener having" -
5  two listening positions P, the listener’s l_eft ear and the 1istenér’s_ right ear, 'relative to the
transducers, wherein the network further comprises o ' ' 7
two signal combiners, a ﬁist signal coﬁlb'iner and a second Signal combiner, eac_:h

* signal combiner having at least two inputs and an output, wherein = -



the input of said first_sj k path is coupled to the output of.
said first P&gﬁ%gonﬂmmm‘““mgﬂput of said first signal feedback
path is _(':ou%' _ R . " wtlo the otheg i nput of said s@(gﬁ%sggﬂoml :
conbi ner, the input of said second signal f&&dback path is coupled to the

t put of id. ond_si R i _ ) t put _of. sai cond Si I
feedback pah i o coupPtiol g RETpufich cBplf 18 a8 dashl of Seict st sl Bopiipioand
- each @ said feedbaglstherbPSaila§ ifputd [EEciPledio’ BPIMPHEHK saild) sédpmdaishal E@ﬁﬁiner,

time 25 . for sound t'o propagate along the acoustic pat
between a transducéidand the |istener's ear farthest from said transducer -

bet veon (he. sane. 1 anQ8eEAA Y obiuty jsCHoBRER o 18 oulgng of & 51 efal biner
transducer, and ea%d?iqo’iﬁérdof @ﬁrﬂ uts 3 GoupRA & iﬂé%ﬂ?&?%ﬂ%&h@é@éﬁd signal

- characteristic 30 . representing the differénce in the
“attenuation in the combingr] anpat h bet ween a transducer and the-listener's

ear fgrthest fromsaid . tragsducer and the ajtenuation in,the agoustt th .
botvebh the samabte Setel feafback pathact firk Maral bt rofh,anit i Socnd ignal fosback
transducer, a héh k@R | i S | £e @% ggé,ﬁ an QM L i

t her ebet ween r?gvﬂﬁi’%&% kpﬁ&polvgg%mgﬁgrag%?%ri tlggd C é!tl-that Sl gng"’szﬁﬂs
processed by ®ath&edbadk path having asiibput-andi ancoutputomiliersinl wi t h si gnal's -

led to the othe t of . th e si nbi ner,  23. A net
ccording to cl ai m 22 PRl o i g BEEA EG0RHE BR R EPLP R0 R vt

pai r of transducer Hirsgipad SOrbilRR And the/ outPuf 60k Bfst ApRaPlecabRK SN iPbdupled
right-and-left symetrical positions with respect to a listener. -27-
24. THE network of telthe athes inpué of isaid tseeondr signad combinependent charact eri stic

he | ow pacs. shel vi ng M PRI RId b sbnal fnBebl BB i o BehupirGa

characteristic. 26.seddifl Sighaodombihercardi the26u fesaid sbconkdi $ighal eblffack path is
| ow- pass shel ving characteristic is i nPI enent ed ra an IR or a comnbination
FIR'IIR filter. 27.covpledrethmetheninpyt af said firsirsignal sombinerow- pass shel vi ng-

characteristic has a f]hSled i i ut 2000 d_a.second :
~inflection point at a%)%‘téfﬂ.%%f %ﬁ@ﬁ’gttﬁg a§tn§§8§¥ WWBE@% ﬁ%?%éona? tine .
appar2§ us out puts doe sbod appropagite alodg tike ACOukti® path’ Bét/@det & fransducer and the

listener’s ear farthest from said transducer with respect to the time for sound fo

. propagate along the acoustic path between the same transducer and the listener’s
ear closest to said same transducer, and S :
each of said feedback paths has a frequenéy dependent characte_n'isﬁc'
- 30 ~ representing the difference in the attenuation in the acoustic path between a°
o  transducer and the listener’s ear farthest from said transducet_énd the attenuation
in the acoustic path between the same transducer and the listener’s ear closest to -
| said same transducer, and o o ' | |
| said signal combiners, signal .feedback paths, and couj:lings therebetween having - |
35 - polarity characteristics such that signals processed. by a feedback path are 'Subtracﬁvely
combined with signals coupled to the other input of the respective signal combiner.
-23. A network according to claim 22 wherein said preseniation channels are applied
to apair of transducers, arranged generally in front of and at Substantiaily right-and-left-
* symmetrical positions with respect to a listener. ' |



spaced at' about 15 degrees. 28. The network of claim 25 wherein the:
~ | ow pass sh&iwsM@giéehar acteristic has a first inflection poi ntpetusdsnsss21600
Hz and a second inflection point at about 43%0 kHz when the network's .
outputs are for application to a pair of transducers spaced at about 20 °

- degrees. 29. The2helheapparhtus!oficiaidi23vadessin the freqieney depemdent dhdrheteristic is a -
acoustic path bet wee tra sducer and the listener's ear farthest fromthe
transducer i slo¥Pas q\?&!" Wﬁ‘% he difference between the head rel ated
t ransfer response froma transducer and the listener's ear farthest from
the transducer and the head rel ated transfer response fromthe other

transducer to tH2S.l The apparatas ofi¢laim mmrerdimﬂidlewpmshélmgaﬂmmﬁd is a first-

snoot hi ng t he fference.
g orcker low-pass shelving characteristic. =

26. .The apparams of c1a1m 25 wherem the ﬁrst-order low-pass shelvmg charactens-
| tic is 1mplemented by an IR or a combination FIR/IIR ﬁlter

27. The apparatus of claim 25._wherein the- low-pass shelving characteristic has a

first inflection point at about 2000"Hz and a second inflection point at about 4370 kHz o

when the audio signal processing apparatus outputs are for apphcatlon to a pair of -

transducers ‘spaced at about 15 degrees |

28, 'The apparatus of claim 25 wherein the low-pass shelving characteristic has a -
 first inflection point at about 1600 Hz and a second inflection point at about 4150 KHz
when the audio signal processing apparatus outputs are for application to a pair of

transducers spaced at about 20 degrees. | |

29. The apﬁaratus of claim 23 wherein the attenuation in the aeeustic-path between
a transducer and the listener’s ear farthest from the transducer is determined by taking
the difference between the head reiated tra_nSfer respense from a transducer and the.-
listener’s ear farthest from the transducer and the head related transfer response from
" the other transducer to the listener’s ear'close'st to the other transducer and smoething_
~ the difference. o | |
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